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Welcome Message from  
General Chairs 

 
 
 

On behalf of the Organizing Committee of this International Conference on Advanced 
Computer Science and Information Systems 2010 (ICACSIS 2010), we would like to extend 
our warm welcome to all of the participants and speakers, and in particular, we would like to 
express our sincere gratitude to our invited speakers. 
 
This international conference is organized by the Faculty of Computer Science, Universitas 
Indonesia, and is intended to be the first step towards an Asian-European conference on 
Computer Science and Information Systems. We believe that this international conference 
will give opportunities for sharing and exchanging original research ideas and opinions, 
gaining inspiration for future research, and broadening knowledge about various fields in 
advanced computer science and information systems, amongst members of Indonesian 
research communities, together with researchers from Japan, South Korea, Taiwan, Austria, 
Phillipines, Singapore, Malaysia, and other countries.  
 
This conference focuses on the development of computer science and information systems. 
Along with 16 invited talks, the proceedings of this conference contains 76 papers which 
have been selected from a total of 90 papers from ten different countries. These selected 
papers will be presented during the conference. 
 
We also want to express our sincere appreciation to the members of the Program Commitee 
for their careful review of the submitted papers, as well as the Organizing Commitee for the 
time and energy they have devoted to editing the proceedings and arranging the logistics of 
holding this conference. We would also like to give appreciation to the authors who have 
submitted their excellent works to this conference. Last but not least, we would like to extend 
our gratitude to the Ministry of Education of the Republic of Indonesia, the Rector of 
Universitas Indonesia, and the Dean of the Faculty of Computer Science for their continued 
support towards the the ICACSIS 2010 conference. 
 
Please enjoy Bali as you enjoy this conference. 
 
 
Sincerely, 
 
 
 

                                                                                      
 
      
      Mirna Adriani                                                                          R. Yugo K. Isal 
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Welcome Message from  
the Dean of Faculty of Computer Science, Universitas 

Indonesia 
 
 
 

On behalf of all the academic staff and students of the Faculty of Computer 
Science, Universitas Indonesia, I would like to extend our warmest welcome 
to all the participants to the Aston Kuta Hotel & Spa on the occasion of the 
International Conference on Advanced Computer Science and Information 
Systems (ICACSIS) 2010. 
 
I believe that ICASIS 2010 will play an important role in encouraging 

activities in research, development, and applications of computer science and information 
technology in Indonesia, and give an excellent opportunity to forge collaborations between 
universities, research institutions, and companies for the development of computer science & 
information technology both within the country and with international partners. 
 
The broad scope of this event, which includes both theoretical aspects of computer science 
and practical, applied experience of developing information systems, provides a unique 
meeting ground for researchers spanning the whole spectrum of our discipline. I hope that 
over the next three days, some fruitful collaborations can be established. 
 
I would like to express my sincere gratitude to the distinguished invited speakers for their 
presence and contributions to the conference. I also thank all the program committee 
members for their efforts in ensuring a rigorous review process to select high quality papers. 
 
Finally, I sincerely hope that all the participants will benefit from the technical contents of 
this conference, and wish you a very successful conference and an enjoyable stay in Bali, 
Indonesia. 
 
 
Sincerely, 
Professor  Dr. T. Basaruddin 
Dean of the Faculty of Computer Science 
Universitas Indonesia 
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Opening Remarks by the Rector of Universitas Indonesia  
at ICACSIS 2010  

 
Bali 20-23 November 2010 

 

 
On behalf of Universitas Indonesia, I would like to welcome everyone here 
today to the start of the International Conference on Advanced Computer 
Science and Information Systems 2010 (ICACSIS 2010), which is organized 
by the Faculty of Computer Science. A particularly warm welcome to all of 
our participants from other institutions, and especially to those who have 
come from abroad. Welcome also to Mr. Mohammad Nuh, Indonesia’s 

Minister of Education, who has kindly been willing to act as our honorary chair. Thank you 
for your support for this conference and thank you for taking time to be with us today. 

Computer Science has come a long way from its beginnings as a scientific discipline, laid at 
least partially on the work of Kurt Gödel with his incompleteness theorem (1931), and that of 
Alan Turing and Alonzo Church, known for the Church-Turing thesis, also in the 30s. The 
idea that anything can be calculated on a mechanical computing device is certainly optimistic. 
It is also unfortunately true that doing this kind of work is stressful and not necessarily good 
for one’s health. As we know, Turing committed suicide in 1954 and there are plenty of 
websites where computer scientists or perhaps students of computer science grumble about 
the down-side of working in the field of ICT. We hope sincerely that you will not suffer this 
fate.  

A lot is expected of computer scientists. Society expects that you can solve all kinds of 
problems. People think what you do is easy. You just stick an ‘e’ on the front of the word and 
‘presto’ – like magic – the problem is solved. So we have e-learning, and e-government and 
so on. But of course, neither learning nor government will ever be perfect, or easy. . . at least 
for humans. You, of course, will know just how difficult it can be to get machines to do 
things that are easy for humans. This is the whole area of endowing machines with 
‘intelligence’, so you have intelligent devices and intelligent home environments, both topics 
dealt with in this conference. But making machines ‘intelligent’ is not easy. 

Take automated phone systems. I think most of us have had the experience of dealing with 
these. You phone a large company for assistance, but you end up trapped in the customer-
service line. You find yourself spending a good deal of time responding to a voice which asks 
you to choose 1 for this and 2 for that and so on. After several minutes, you may get to speak 
to someone, or you may get cut off. The record time being shifted around is for a call to 
United Airlines where it took over sixteen minutes to go from the beginning of the call to 
getting to speak to a human. You can find websites that give suggestions to people on how to 
get around such terrible systems. This is where we see intelligent humans adapting to 
intelligence-poor machines.  

Computers are machines that perform processes. You have program code and current activity. 
They are likely working on data or information of some kind, also reduced into a symbolic or 
binary form. The data or substance that they work on can originate as words and texts, as 
language, or it can be visual, like faces or finger prints. All of this is reduced to binary form 
and processed as patterns. The point I am making here is that you have process and substance. 
The processes you use and the way you treat the substance rely heavily on mathematics, and 
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on algorithms. This works very well for such things as physics, or other aspects of our natural 
world, but it becomes more tricky when you are working with the world of human life. It is 
not so easy to write an algorithm that will predict how the stock market will go, or what the 
meaning of a paragraph of text is. This is because it is much harder to reduce all of this to 
neat mathematical formulae.  

The computers have an advantage, of course, in that they can multi-thread. They can perform 
lots and lots of processes at once. But, if the algorithm doesn’t quite capture or predict the 
way humans do things, then you end up with software that is a bit less than ‘intelligent’. How 
can you get around this? I know Newton worked in isolation. His mathematics and his 
science were so great that they were not matched for two centuries. But I am not sure that it is 
the best approach for computer scientists, at least when they are modelling human 
intelligence. I think that we should not forget that many of our first scientists were polymaths. 
They were voraciously interested in everything. They would study optics, and astronomy and 
mechanics and architecture. I think that this kind of approach is very useful. Computer 
scientists are already doing it.  

When the computer process is an approximation of human behaviour or when the patterning 
in the information you are processing is a human artefact, it makes sense to draw on the 
insights of the people who best understand this content or these human behaviours. So, my 
advice is, work with those from other disciplines. Team up with medical researchers, with 
neuroscientists, with psychologists, with architects, with engineers, with economists, with 
biologists, with linguists, with sociologists and librarians and artists. Try to open up and teach 
them what you do, and learn from and respect what they do. For most of these other 
disciplines, the lines of code you create might just as well be the impenetrable writings of a 
dead language on a clay tablet. Computer geeks have a lot of jargon. You may know the 
meaning of ‘404’ (four oh four). For the non-computer people here, it means someone who's 
clueless. It comes from the World Wide Web error message "404 Not Found", meaning that 
the requested document could not be located. We hope that you will be generous in the way 
to communicate about your field to outsiders and non-specialists. All of this will help you to 
gain prestige as an important academic field. 

The wide range of themes in the conference reflect this wide array of areas, many at the 
cutting edge of research thrusts today. We have, for example, computer applications in visual 
systems, such as facial and gesture recognition, image processing and biometrics. We have 
papers on neural networks and fuzzy logic; on industrial applications and robotic systems; on 
intelligent devices and intelligent home environments. There are also a set of papers related 
to the processing of information, such as information and content-based retrieval, expert and 
knowledge-based systems, and self-organization and cybernetics for informatics. There are 
also papers that relate to applications such as fault monitoring, surveillance, surgery, 
bioinformatics and distance learning. 

The Faculty of Computer Science at UI is proof of our university’s involvement in state-of-
the-art aspects of ICT. Our approach can be described as ‘holistic’ in that we are concerned 
with purely theoretical and scientific aspects of our subject while at the same time working 
on areas of great practical applicability. We also try to work with partners from different 
faculties and industry to ensure that what we do is of the highest quality and can be of use in 
society. I believe that the current crop of papers reflect this. 

UI sees itself as having a clear mission to be in the vanguard of the scientific community 
serving this nation. As part of this, we put a lot into our research, and our drive to be a world 
class research university. To this end, we are constantly increasing international academic 
exchange, whether of ideas, research, lecturers or students. Conferences such as this one, are 
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an excellent opportunity to share and be inspired by new ideas and to have them critiqued. I 
would hope that you will also not be too timid to explore the unexplored, to think in 
completely new ways. It doesn’t matter if not all of your ideas work. What matters is that we 
truly extend ourselves intellectually, scientifically and practically. You can’t do this just by 
reading textbooks. You have to be part of a community of researchers and scientists. Today, 
of course, this community is more than ever an international one. The only boundaries we 
face today are those we build in our own minds. UI carries the flag for our country but we are 
proud to fly it among the flags flown by those from many other countries. Science grows by 
hard work, by cooperation, by careful attention to detail, by meticulous logic, by the 
following of rules, by the flash of inspiration, by the elegance of simplicity. We are very 
happy to see our scientists work with those from abroad in their attempts to create ‘useful 
code’. I would also hope that during the cooperation, you take time to build friendships, to 
build trust, and to build happiness. I hope that you will also work across disciplines, teaming 
up with those from other subjects.  

The aims of this conference, then, are admirable. There is sharing of the latest findings, and 
the chance to pick up on some great new ideas. Some of these may capture your imagination 
and push you in new directions. Some may add to what you already know. I also hope that 
you continue to see yourselves as people who can help society, and work towards making the 
world a better place in all ways. 

So, all that remains is for me to say congratulations to the tireless and highly professional 
organizers of this conference, and good luck to all of the presenters and participants. I am 
sure that you are in for an extremely rewarding few days. I wish all of you success both 
individually and as a community of scientists and scholars.  

 
 
Rector of Universitas Indonesia 
Prof. Dr. der. soz. Gumilar Rusliwa Somantri 
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Abstract—This paper introduces input devices 

with a tactile display that generates tactile 

feedback for multi-modal user interface. The 

control system to generate tactile feedback imitates 

the biological nervous system that has multiple 

feedback loops for quick and flexible reaction 

against sensory inputs. The  control  system, 

inspired by the biological system, has double  

feedback  loops, one for the local feedback 

performed within the  input device for  quick and 

fixed reaction and the other for the  global 

feedback  performed through the communication 

with an external computer for slow and flexible 

reaction. The conflicting demands of quickness 

and flexibility can be satisfied by combining these 

two feedback loops. The control system is applied 

to the multimodal user interface that uses tactile 

information in addition to the auditory 

information to assist visually handicapped people 

to operate a web browser and other GUI-based 

systems. 

I. INTRODUCTION 

ecently, multi-modal user interface that uses  

tactile information in addition to visual and 

auditory information is  getting popular[1][11]. Use of 

tactile information is effective to  reduce the load of 

eyes  as  the visual attention required for various tasks 

are reduced by using the tactile information as the 

guide of operations. However, it is often noted that the 

actuators to generate tactile information have delays in 

their response  and the delay makes the use of tactile 

information difficult[12].  

The delay in the response is mainly caused by the 

intrinsic nature of non-real-time operating systems 

such as Windows or UNIX. These operation systems 

execute a number of programs simultaneously and  the  

delays occur  as  these programs  are switched to share 

common computing resources. Embedded systems can 

be used to compensate the delay caused by the non- 

 

 

real-time operating systems.  For example, the tactile 

information is generated by a motor in a peripheral 

device and given as a stimulus pattern to a finger.  If 

the peripheral device does not have an embedded 

system and its motor is directly controlled by the 

external main computer, the delay occurs whenever its 

control program is switched off due to the resource 

sharing.  However,  if the  control  program is executed  

by  the embedded system  implemented in the 

peripheral device, and the processer of the embedded 

system devotes all  its  resources  to the program, the 

delay due to  the sharing never occurs. 

Although the tactile feedback is quickly generated 

without the delay with the use of the embedded 

system, there arises another problem. The stand-alone 

embedded system operates independently of the 

information that the main computer has. This means 

that the operation of the embedded system cannot  

be synchronized  with that of  the main computer  and  

cannot adapt  itself  to  the  global information  such as  

the main computer  receives via internet.  So there are 

two conflicting demands: for the quick reaction, the 

tactile feedback should be generated within the local 

embedded system that is independent of the main 

computer but, at the same time, it needs information 

from the main computer to generate tactile feedback 

flexibly adapting to the global context that the main 

computer has. 

The compromise between these conflicting 

demands is found in the limits in the delay of the non-

real-time system and the speed of human action. For 

example, if the delay is limited within 100 

milliseconds (referred as the blank period in the 

following discussion), an emulator to predict the 

events that occur within the blank period can be 

implemented in the embedded system and make up for 

the necessary information during the blank period. The 

tactile feedback is generated without delay by using 

the predicted information.  The prediction is possible 
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as the human action and perception is slow and 

continuous [5].  

The process of compromising the two demands 

using the double control loop works as follows. The 

embedded system performs the prediction using the 

information periodically sent from the main computer 

via the global loop and, generates the tactile feedback 

promptly using the prediction results and the sensory 

inputs sent via the local loop. And it can be flexible at  

the same time as  the information  periodically  sent 

from the main computer via the global loop can be 

used to generate the haptic feedback in accordance 

with the global context.  

After introducing the detail of the circuit board 

with the double control loop, the latter half of this 

paper introduces its applications to various input 

devices including a haptic mouse that assists the 

visually handicapped people for internet operation.  

The circuit board is developed for the quick and 

flexible tactile feedback using the double control loop.  

It is intended to be used for a pointing device and GUI 

(Graphical User Interface) which provide quick and 

flexible tactile feedback to guide cursor operation.  We 

call this GUI with tactile feedback as HGUI (Haptic 

and Graphical User Interface). Prompt generation of 

tactile feedback to meet with quick cursor operation 

and flexibility to adapt to changing internet contents 

are indispensable for the internet browser.  

Some prototypes of the input devices with tactile 

feedback have been developed and one of  them that is 

the most  simple was found to be suitable for the 

internet browser. The form of tactile feedback suitable 

for the internet browser is shown and the effectiveness 

of the tactile feedback for the browser operation is 

evaluated. The prototype uses a rotating wheel to 

generate haptic feedback. The tactile sense for this 

kind of stimuli is investigated in [3]. A mouse with 

motor-driven wheel was developed in [9] and two other 

different types of haptic mouse were developed in [10]. 

However, no details are shown about the way of motor 

control for these mousses. Their motors are expected 

to be controlled directly by a personal computer as 

these papers have their focus on the way of using force 

feedback rather than the way of generating force 

feedback. 

II. DOUBLE CONTROL LOOP 

Fig. 1 illustrates the biological control scheme of 

the human nervous system that has multiple control 

loops and, for comparison, the control scheme of the 

system using the double control loop for Global 

Feedback and Local Feedback. The quick and flexible 

human reaction against sensory inputs is realized by 

the multiple feedbacks. Our control system is inspired 

by the biological system and uses the double control  

loop for quick and flexible control. The double control 

loop is implemented in the circuit board shown in 

Figure 2.  

Flexibility of the circuit board is realized by the 

global loop that changes the function and the 

parameters of the embedded system periodically to 

reflect the change of the internet contents displayed on 

the monitor screen of the personal computer. To ensure 

prompt tactile feedback for the quick movement of 

mouse cursor, the cursor position on the monitor and 

positions of objects around the cursor position are 

periodically sent to the embedded system. As there is a 

delay in this periodical transmission, the prediction 

program in the embedded system predicts the cursor 

position during the interval of the periodic 

transmission.  

 

 
 

 
 

This prediction of the cursor position is quick as it 

is executed by the local loop and tactile feedback is 

generated promptly. On the other hand, if the motors 

are controlled directly using the program implemented 

in the personal computer, quick response is not 

ensured as Windows or UNIX is not real time [4].    In 

case of such an application as the internet browser, the 

way of controlling the motor to generate haptic 

feedback must change depending on the internet 
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contents displayed on the PC screen that exists in the 

personal computer’s side. So some information on the 

contents must be sent from the personal computer to 

the embedded system that exists on the side of the 

peripheral device. The embedded system must be 

flexible so that it can change its functions and 

parameters depending on the information of the 

contents. In order to transmit the information, the 

identification of the function and parameters are 

periodically sent from the personal computers using 

the global feedback loop.  

The details of the double control loop system are 

illustrated in Fig. 3. In Fig.3, Renaissance H8S 

processor receives the information on the movement of 

mouse from Position Sensor, the amount of rotation 

from Rotary Encoders and the status of Tact Switches 

every 1 millisecond. The pulse signals to drive Servo 

Motors and Vibrators are generated by H8S which 

specifies the signal values every 1 millisecond. So the 

delay of response in Local Loop is less than 2 msec. 

Information on the internet contents is sent from the 

personal computer to H8S every 100 msec. The 

algorithm to predict events that might occur during the 

100 milliseconds interval is introduced later.  

Fig.4 and 5 show the formats of the data transmitted 

via Global Control Loop. The data sent from the 

circuit board to the personal computer follow the 

format of the standard mouse and the data sent from 

the personal computer to the circuit board contain the 

mouse cursor position on the PC’s monitor screen, the 

function IDs and function parameters that are used in 

the prediction algorithm to make up for the delay and 

the blank period caused by the low communication 

rate of 100 milliseconds cycle. 

 

As shown in Fig.5, for each of three actuators, one 

byte is used to specify the function to be used and 18 

bytes are used to specify the parameters for the 

function. The cursor position (X, Y) on the screen of 

the personal computer is also sent to the circuit board. 

The firmware of the circuit board has a number of 

functions to control actuators. The function ID 

specifies one from them.  

The cursor position (X, Y) is sent every 100msec. 

However, in order to generate the tactile feedback 

promptly, the prediction algorithm in the firmware, 

predicts the position every 1 millisecond using the sent 

(X, Y) as the initial position and updating it using the 

mouse movement information detected by the optical 

position sensor and the scale conversion parameter to 

convert it to the amount of the cursor movement on the 

PC screen.  

III. MOTOR CONTROL FUNCTION FOR HGUI  

Figure 6 and 7 show a prototype of a haptic mouse 

that uses one channel of servo motor to rotate a wheel 

to give a tactile feedback to a finger contacting the 
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wheel. This prototype of the haptic mouse has a wheel 

rotated by a servo motor on its side panel. The finger 

contacting it can feel the rotation of the wheel. The 

rotation angle is controlled continuously by the motor 

control functions. A number of motor control 

functions are implemented in the firmware of the 

circuit board and one of them whose ID is specified via 

Global Loop is chosen and used for the motor control.  

  Four examples of the motor control functions are 

illustrated in Fig.7, 8, 9 and 10. The wheel on the side 

panel of the mouse is rotated by a servo motor that is 

controlled by the motor control function and gives 

tactile feedback to the finger contacting the wheel.  

The wheel’s rotation angle is defined for each cursor 

position on the PC screen and indicated by an arrow 

on each position as in Fig.7. This distribution of 

arrows on the screen is called Field of Wheel 

Rotation. With the field of wheel rotation of Fig.7, 

users can tactually perceive the dotted line in Fig.7 and 

move the cursor along the line without visual 

information. The motor control function here is 

designed for the steering task used in [4] and [6].  

Fig.8 shows the field of wheel rotation that is used 

to inform tactually the entrance of the mouse cursor 

into the square region. As the wheel rotates abruptly 

when the cursor enters the region, users can know the 

event of its entrance tactually. Fig.9 shows the field of 

wheel rotation that is used to inform tactually the 

approach of the mouse cursor to the square region. As 

the wheel rotates continuously when the cursor 

approaches the region, users can tactually know how  

close it approaches. 
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 Fig.10 shows the field of wheel rotation that is 

used to inform tactually the distance between the 

mouse cursor and the reference point on the screen.  

As the wheel rotates and increases its rotation angle in 

proportion to the distance between the cursor position 

and the reference point, users can know the distance 

tactually. 

 

 

IV. EFFECTIVENESS OF TACTILE FEEDBACK 

The accuracy of the distance perception is evaluated 

for the tactile feedback generated by the method 

described in Fig.10. The subjects are requested to 

move the mouse cursor to the reference point using 

only tactile sense without vision. The initial position 

of the cursor is randomly set to be 300 pixels away 

from the reference point. The averaged operation time 

and the amount of errors of the task are shown in 

Fig.11 and Fig.12. The operation time is averaged over 

every trial regardless of its success or failure. The task 

is judged to be success if the residual distance from 

the reference point is shorter than 50 pixels. From 

these evaluation results, the tactile feedback generated 

by one channel motor is considered to be a guide for 

visually handicapped people to operate the internet 

browser. 

 

 
 

 

V.  INTERNET BROWSER FOR THE VISUALLY 

HANDICAPPED 

Fig.13 shows the prototype of the internet browser  

operated by the haptic mouse with the wheel to give 

tactile feedback for visually handicapped people. 
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Although there exist commercialized browsers for 

visually handicapped people, they are just using a 

screen reader to give audio information and have not 

been using tactile information. The combinational 

use of audio and tactile information is under reach 

and pin displays controlled by PC have been used in 

[7] and [8]. 

 

 
 

 

 Fig.13 shows the operation of the internet 

browser and how tactile feedback guides the operation 

of visually handicapped people. As the major purpose 

of the internet for visually handicapped people is 

information retrieval, the dialogue window of the 

browser has a text box for a query to be searched. The 

user inputs the term to be searched in the dialogue 

using a keyboard and presses the return key at first. 

Then the browser returns the list of search results as 

shown in Fig.13. The search results have been read by 

the audio-based browser for visually handicapped 

people. However, the audio information is one 

dimensional and sequential so it cannot directly deal 

with the two dimensional internet contents that are 

designed to be displayed on the two dimensional 

screen. The two dimensional information is rearranged 

to the one dimensional information for the screen 

reader to read, however, as it is sequential, it takes 

time to reach the target information after reading all 

the information on the path. On the other hand, the 

tactile information can represent two dimensional 

information and is perceived instantly just by touch.  

In Fig.13, one of the searched terms in the list is 

highlighted and its position becomes the reference 

point. The user can move the highlighted term by using 

arrow keys. The user can move the mouse cursor by 

using the haptic mouse understanding its position 

relative to the reference point by the rotating angle of 

the wheel. The texts around the cursor are read out by 

the screen reader when the right mouse button is 

clicked. Information related to the searched term 

(keyword) tends to exist near the reference point. So 

the user can efficiently read the related information 

while tactually understanding its distance from the 

highlighted term.  

   Fig.14 shows another haptic mouse that uses the 

combination of a large wheel and two small wheels to 

represent the two dimensional information. The large 

wheel rotates and two small wheels move and stimulate 

the skin of thumb. For example, the rotation angle of 

the main wheel represents the cursor movement along 

the y axis and the movement of the small wheels 

represents the cursor movement along the x axis. 

 

 

VI. CONCLUSION 

The biologically inspired control system with quick 

and flexible tactile feedback have been developed and 

effectively used to generate tactile feedback and guide 

visually handicapped people to operate the internet 

browser. 
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Abstract— Learning contents sharing among 

distributed e-Learning systems is an important 

issue in order to reduce the burden for building 

well-designed contents and to realize universal 

educational environment among educational 

institutes such as universities. As a lecturer, 

regular updates of contents for on-going course are 

really important because contents should be 

reflects the learners’ attributes as well as the 

correction and addition of contents. Although this 

kind of dynamics of contents is required for actual 

situation, differential updates of contents provided 

on distributed e-Learning systems are not simple 

tasks. This paper introduces the dynamic 

synchronization between distributed e-Learning 

systems connected over band limited network. As 

the implementation platform, Moodle is chosen 

because it is an open source software as well as it is 

very popular over the world. In this paper, the 

implementation as well as background are 

explained and some experimental results for 

synchronization are shown. 

I. INTRODUCTION 

N order to reduce the burden of building and 

managing learning contents, a sharing of contents is 

important issue. One of the typical solutions is dump-

copy-upload, that is whole contents are dumped, 

copied, then uploaded to other e-Learning system via 

standard or original data format. This solution can be 

used only if the contents are already fixed. However, 

lecturers who utilize contents for their courses always 

wish to update the contents according to the demand 

or acquisition level of students as well as correction of 

errata. In order to meet this demand, the dynamic 

synchronization method between distributed e-

Learning systems is required. This paper describes the 

a method to dynamically synchronize learning contents 

among distributed Moodle [1] systems, and shows 

with some experimental results using band limited 

internet connection as well as network utilizing 

experimental satellite, WINDS [2]. 

II. BACKGROUND OF E-LEARNING ENVIRONMENT 

It is not necessary to say that the e-Learning takes 

very important role on various educational sectors 

over the world and the importance increases year by 

year.  

From the pedagogical point of view, the 

Instructional Design (ID) [3] [4] provides various 

models to design e-Learning course and its contents. 

ADDIE model [5] [6], which stands for Analysis, 

Design, Development, Implementation and Evaluation, 

is one of the most popular one. In Analysis phase, the 

objective and expected conditions such as learners’ 

acquisition level, a way of deliver, duration and so on 

are made clear. In design phase, learning objectives, 

assessments, content, selection of media are made in 

concrete form, then they are written on e-Learning 

system. After the implementation phase as actual 

course, revisions are made based on the results 

provided by the evaluation phase. 

 

 
Figure 1. A model of Instructional Design; ADDIE model 

 

An example of university wide e-Learning usage 

referring ID is seen at Kumamoto University. It started 

to deliver the compulsory courses on ICT literacy for 

all fresh students of all Faculties, i.e. Faculties of 

Letter, Law, Education, Science, Pharmacy, Medicine 

and Engineering, since 2003 using e-Learning system 
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(WebCT). This lecture delivers as the blended 

learning style, face-to-face lecture using full contents 

accompany with quizzes and assignments for each day 

of class. Based on the analysis of the objectives for 

this course, quizzes and assignments are prepared as 

well as learning contents for every class. Each student 

is requested to follow a procedure for every week as 

shown in Fig.2. At first a student takes a lecture in 

face-to-face style, then she/he needs to try a quiz 

corresponding to the delivered lecture. Score of 

quizzes for her/his answers is immediately return to 

the student and she/he is able to retry until she/he 

satisfies. 

 

 
Figure 2. Lecture with online quiz session for a week used for ICT 

literacy course in blended learning style 

 

Figure 3 shows two example results of quiz session 

for all registered students. Upper and lower rows 

correspond to two different lecture days and left most 

figures are numbers of trials; it varies 1 to 15 for upper 

case and 1 to 25 for low case. And right hand side of 

four figures represent accumulated scores distribution 

for 1
st
, 2

nd
 and 5

th
 trials as well as the last one right 

before a next week’s class. As shown in this figure, 

almost all students marked 80 or higher points for both 

classes and it shows an effectiveness of the well 

designed course. While running this course over 6 

years, all lecturers have experiences many important 

tips to design, run and maintain the courses; necessity 

of dynamic updating of contents while the courses are 

running. 

Although there are various arguments on ADDIE 

model itself [7] and many variation from it, it provides 

a basic concept to design and implement a course on 

an e-Learning system. One of major argument on the 

ADDIE model is the requirement of a priori 

comprehensive understanding for a course in order to 

make complete analysis. However, it is not easy and it 

not effective for actual situations as mentioned in the 

previous paragraph. In an actual situation, the burden 

of contents building and maintenance is very large 

even the outcomes of lecture are very large.  

 

 
Figure 3. Two examples of quiz sessions for ICT literacy courses of 

which ca 1800 were registered. 

 

Although there are various arguments on ADDIE 

model itself [7] and many variation from it, it provides 

a basic concept to design and implement a course on 

an e-Learning system. One of major argument on the 

ADDIE model is the requirement of a priori 

comprehensive understanding for a course in order to 

make complete analysis. However, it is not easy and it 

not effective for actual situations as mentioned in the 

previous paragraph. In an actual situation, the burden 

of contents building and maintenance is very large 

even the outcomes of lecture are very large.  

Based on above mentioned experiences on e-

Learning implementation and concerning of various 

network environment, this research was motivated. 

III. SYSTEM IMPLEMENTATION 

In order to share the learning contents between 

many institutes, a technically simplest solution is to 

use a single learning management system (LMS) as a 

server of e-Learning system for supporting classes 

delivered by different schools or institutes if 

sufficiently wide bandwidth can be assumed. If 

distributed courses are linked together, all of contents 

can update immediately so that dynamic 

synchronization of contents can be made without 

effort. However, a single LMS configuration has 

several issues to be solved; 

� Protection of personal, especially learners’ 

information  

� Robustness against failure of global 

communication channel 

� Cost efficiency of network bandwidth (For 

example, major Indonesian national universities 

are connected by INHERENT network now, but 

some of connection is only 1Mbps or so.) 
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Figure 4. Concept of synchronization of distributed LMS. 

 

Figure 4 shows an image of distributed LMSs for 

dynamically synchronizing learning contents from a 

server LMS to a client LMS. Synchronization process 

can be run regularly, i.e., once a day during least busy 

duration of communication channel. Because of 

direction of synchronization is server to clients only, it 

is named as uni-directional synchronization. 

 

 
Figure 5. Courses allocation of server and client LMSs. 

 

When synchronize the specified courses, only 

related database contents, such as updated html, 

quizzes are checked while user specific data are 

omitted to avoid the sharing personal information 

between e-Learning systems. 

Figure 6 shows the basic procedure for 

synchronization, and it is expressed as following 5 

steps. 

STEP 1:] Specified database tables are compared 

between master data (Database M, in Fig.6) 

with copy of client’s data (Database sub1).  

[STEP 2:] SQL commands to update / remove /add 

record to make M and sub1 identical are 

directly generated.  

[STEP 3:] This SQL commands are copied from 

server LMS to the specified client LMS. 

[STEP 4:] Copied SQL commands are applied to 

client LMS’s Database S1. 

[STEP 5:] Based on the acknowledgement from client 

LMS, Database sub1 is updated. 

Against the failure of communication channel, 

handshaking protocol is utilized between server LMS 

and client ones even if SSH connection is utilized. 

 

 
Figure 6. Dynamic synchronization method among distributed 

LMSs by SQL operation. 

 

IV. EXPERIMENTAL IMPLEMENTATIONS 

A. Contents synchronization among distributed 

LMSs 

As an example of contents synchronization among 

LMSs, series of snapshots are reprented in Figures 7-

11. Figures 7 and 8 are the snapshots of Moodle’s 

“mathematics for elementary school” course before 

synchronization; There are many quiz sessions on 

“HICC Moodle” server LMS while client LMS has 

only entry as shown in Fig.8.  

After the synchronization of this course from the 

server LMS to the client LMS, all of quizzes are 

synchronized as shown in Fig. 9. 

The synchronization among Kumamoto University, 

Kumamoto, Japan and ITS, Surabaya, Indonesia, via 

internet is examined. Contents of “Basic of Electrical 

Power Engineering” built on an LMS at Kumamoto 

University as shown in Fig.10 are synchronized with 

an LMS at ITS over the internet and the resulting LMS 

contents are successfully synchronized as shown in 

Fig. 11. 
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Figure 7. Snapshot of “mathematics quiz course for elementary 

school” on server LMS. 

 

 
Figure 8. Snapshot of client LMS before synchronization. This 

client LMS has a course of “mathematics for elementary school” 

has only entry. 

 

 
Figure 9. Snapshot of client LMS on quiz session of “mathematics 

for elementary school” after synchronization with the server LMS. 

 

A. Experiments at Elementary Schools in 

Kumamoto Prefecture  

Using the contents “mathematics for elementary 

school,” the authors have conducted the feasibility 

studies at two elementary schools in Kumamoto 

prefecture; one in Hitoyoshi city, and the another is in 

Aso city. Network conditions for them are quite 

different; 100Mbps optical fiber connection to internet 

is provided at Hitoyoshi, but only 11Mbps  

 
Figure 10. Snapshot of “Basics of Electrical Power Engineering” in 

Bahasa Indonesia on a server LMS located in Kumamoto 

University. 

 

 
Figure 11. Snapshot of “Basics of Electrical Power Engineering” on 

a client LMS located in ITS, Surabaya, Indonesia. 

 

wireless for internet for Aso. In both elementary 

school, one 45 minute face-to-face style class is used 

for introducing the usage of quiz session on LMS, then 

e-Learning system is open for pupils for more than 2 

months. In Hitoyoshi’s case, the face-to-face style 

class was delivered before summer vacation thus e-

Learning system was open for pupils during vacation. 

Pupils have logged on the system and uses it as a kind 

of “game” to have a fun to mark the scores. According 

to the results of questionnaires taken for pupils, most 

of them were enjoyed indeed. Also results of pupils 

performances show the significant improvement for 

some pupils on mathematics topics trained by this 

course. 

B. Synchronization between Kumamoto University 

and ITS over internet 

Table 1 shows an averaged through put between 

Kumamoto University and ITS, Surabaya during 

November 24th and 27th, 2009 every 3 hours over 24 

hours. This table shows that the best synchronization 

timing of the day would be 6:00 JST-9:00 JST, that is 

4:00 WIB-7:00 WIB. It can be interpreted that the 

constrain of the throughput mainly comes from one in 

Indonesia, i.e. ITS’s internet connection. For the 
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contents synchronization, it is recommended to choose 

the least busy duration of day because the ratio of best 

and worst bandwidth is more than 2.5 time. 

 
TABEL 1 AVERAGED THOUGH-PUT BETWEEN KUMAMOTO 

UNIVERSITY AND ITS OVER INTERNET DURING NOV. 24-27, 2009 

Time  Though Put(kbps) 

Kumamoto 

 (JST) 

Surabaya 

 (WIB) 

0:00 22:00 368.0 

3:00  1:00 365.6 

6:00 4:00 480.8 

9:00 7:00 482.4 

12:00 10:00 306.4 

15:00 13:00 144.0 

18:00 16:00 377.6 

21:00 19:00 340.8 

 

C. Synchronization between Kumamoto University 

and ITS over WINDS satellite connection 

The “SAKIGAKE” high speed internet satellite, 

called as WINDS, provides 622Mbps as full band 

connection, and the theoretical maximum bandwidth 

between Indonesia and Japan is 51Mbps. With 

research groups of ITB and ITS, the authors had tried 

to made an experimental connection between 

Kumamoto University and ITS using the connection as 

shown in Fig.12. 

 

 
Figure 12. Block Diagram of Experimental connection between 

Kumamoto University and ITS over WINDS network 

 

Connection between Kumamoto University and ITS 

was established over many sub-networks; from 

Kumamoto University to National Institute of 

Informatics (NII) via SINET (Academic network in 

Japan), and NICT to National Institute of Information 

and Communications Technology at Koganei via 

JGN2plus (Advance Testbed Network for R&D), then 

connected to WINDS satellite. The WINDS’s 

transponder provides connection to the ground station 

at ITB, then authors planned to connect to the gateway 

of INHERENT network to reach to ITS. When the 

experimental connection were made on March, 2010, 

the authors were not able to connect to ITS from ITB 

so the experiments were made between Kumamoto 

University and ITB. Around 35Mbps though put as the 

actual connection was obtained. And the 

synchronization was successfully made using this 

bandwidth, almost 1000 time faster than the 

connection provided by internet. 

V. CONCLUSIONS 

The dynamic synchronization method of 

contents between distributed LMSs is 

discussed. This method was evaluated by the 

several experimental connections between 

distributed LMSs to realize a distributed e-

Learning environment. The results of several 

experiments show the possibility to support the 

feasibility of the proposed synchronization method 

among distributed e-Learning systems. 
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Abstract— In various social situations they 

employ surveillance systems to detect or estimate 

specific behavioral, physical, physiological and 

psychological conditions and/or intension of 

addressed persons through video images. It is hard 

to perform such functions automatically by 

intelligent machine without human observers in 

conventional real systems. This paper proposes 

possibilities of soft computing approaches to 

understand human vague conditions from human 

motions appeared in everyday life, and shows 

effectiveness of the proposed approaches through 

subject experimental analysis. 

I. INTRODUCTION 

n several social and industrial situations they 

employ human and/or machine observers to detect 

or estimate specific behavioral, physical, physiological 

and psychological conditions and/or intension of 

addressed persons in conventional real systems even 

through surveillance cameras. More practically several 

cases are shown below. 

Security systems introduce human or machine 

surveillance systems for protecting or finding crimes, 

e.g. robbery , threat, theft, shoplifting, etc., accidents 

resulting injury or death, e.g. accidents in traffic and 

machine handling, fall in living or working 

environment etc., suffering from disaster, e.g., fire, gas 

leak , earthquake, flood, tsunami, landslide, eruption, 

etc. 

Service systems introduce human or machine 

surveillance systems for enhancing human or 

organizational behavior performance, efficiency and 

comfortableness in the home, workshop, office, 

factory, street, urban or resort area, etc. 

What kinds of human motions are observed and used 

for detecting various human conditions and intentions? 

1)  For distinguishing between binary motion 

conditions or among multiple ones 

1-a) Basic motion mode detection: raise hand, wave 
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Kamitomioka-machi, Nagaoka, 940-2188 JAPAN 

. 

hand, put, take, push, pull, shake hand, bow, pick/ 

grasp/ hold, see/ glance/ look/ watch/ gaze/ stare, floor 

sitting/ seat sitting/ squatting/ standing, run/ walk / 

stop, look ahead/ look around/ look back, etc. 

 Ex. Detecting passengers’ behavior for confirming 

effect of digital signage 

1-b) Motion modality detection:  slow/ quick, gentle/ 

vigorous, little/ large, slight/ moderate/ exaggerated, 

etc. 

 Ex. Detecting player’s delicate motion difference 

for assessing their skill level in sports, dances, every 

day manners, etc. 

 1-c) Normal or abnormal motion detection: Finding 

persons suffering from accidents or disasters; finding 

persons taking actions for intentional crimes; 

surveillance camera detecting criminal act for 

social/private security, etc. 

 Ex. Detecting specified shoplifting motions in a 

bookstore: glance around, squat, by an intelligent 

surveillance camera system, e.g. “Saburo-kun.”[1]  

2) For understanding meaning or implication 

embedded in human motions  

In nonverbal human communication studies Ray L. 

Birdwhistell [2] leads from cultural aspects, and Paul 

Ekman et.al.[3] lead from psychological aspects of 

facial expression. 

Practically meaning and implication embedded in 

motion is addressed to:  

2-a) Personal attributes: gender, age, physical 

feature, type of disability, etc. 

2-b) Physical, physiological or psychological 

conditions: physical / mental loads, fatigue, sleepiness, 

arousal, attention, presence of mind, etc. 

    2-c) Emotional conditions: amusement, anger, 

contempt, contentment, disgust, embarrassment, 

excitement, fear, guilt, pride in achievement, relief, 

sadness/distress, satisfaction, sensory pleasure, and 

shame. 

2-d) Intension: person’s specific consciousness, 

attitudes, willingness and desire implied or expressed 

by focal motion. 

Focusing on machine surveillance systems current 

technology seems to be difficult to realize human 

motion understanding based on video images in the 

Soft Computing Approach to Human Motion 

Understanding for Everyday Life Support 

Kazuo NAKAMURA  

Management & Information Systems Science  

Nagaoka University of Technology  

Email: nakamura@kjs.nagaokaut.ac.jp  
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levels such as 1-b) and 2-a) through 2-d) because the 

body motion data is hard to be precisely captured by the 

mechanical systems and the difference of motion 

features are slight and not salient among the states to be 

distinguished. The author and his laboratory have 

addressed themselves to soft computing approaches for 

overcoming such difficulties in human motion 

understanding by machine observation systems. 

This paper proposes a conceptual framework of 

computational procedure employing soft computing 

approaches to give some helpful information to the 

users of the designated machine surveillance systems, 

and shows effectiveness of some specific candidates in 

soft computing approaches. 

II.  COMPUTATIONAL FRAMEWORK FOR HUMAN 

MOTION UNDERSTANDING 

Fig.1 shows a conceptual framework for human 

motion understanding. In this framework three stages 

for information sub-processing are set by capturing 

human cognitive processes intermediating qualitative 

words in both direction, i.e., (i) motion understanding 

process and (ii) modal motion generation process.  

Suppose an aged woman entering an ATM corner in 

a bank to transfer large amount of money to a specific 

account by an urgent order of a swindler through 

sudden telephone. If an inspector could perceive her 

motion consists of prompt manipulation with frequent 

missing operations to recognize her impatient attitude 

without calmness. Then the inspector, one of the banks 

staffs, might slowly approach to her and invite her into 

another room with polite and mild motion and tender 

facial expression for making her notice about risk of 

crime by a swindler. 

Supposing the inspector is replaced by an artificial 

agent, e.g. a humanoid, our approach for realizing 

human friendly intelligent interfaces takes the artificial 

way to interpret the human mimetic cognitive process 

mentioned above using words for describing motion 

category and modality, and attitude, intention and 

emotional conditions.  

This paper focuses on an approach only to human 

motion understanding process by computational 

information processing using intermediate words. The 

procedure consists of three stages; (1) feature 

extraction from sequential pattern data of physical 

body motions, (2) motion mode recognition with 

respect to basic and modal phases, and (3) semantic 

understanding of behavior, attitude, intension or 

emotion classes.  

For describing mathematically such conceptual 

mechanisms several notations are introduced as the 

variables and the functions for the inputs /outputs and 

the relationships at the three cognitive stages. 

Referring to Fig.1 the embedded variables and 

functions are explained below.   g : a basic motion mode category 

m : a motion modality category 

h :  an objective behavior category 

n : a physical conditional or an emotional condition 

category 

s : a motion sample 

t : time 

U(t;s) : a vector as a collection of 2D or 3D 

coordinates of body parts, i.e., a posture pattern in 

the video image or the real space, of a motion 

sample s at time t.  X(t;s) : a motion feature vector expressed in the 

reduced space to capture physical features of a 

motion pattern of a sample s at time t. 

 �(g,m;s): degree to which a set of sequential motion 

patterns of a motion sample s corresponds to a 

basic motion mode g and a motion modality m.    �(h,n;s):  degree to which a set of sequential motion 

patterns of a motion sample s corresponds to an 

objective behavior h and a physical or emotional 

condition n. 

Then the feature perception P stands for a mapping 

from {U(t;s)} to {X(t;s)}, the motion mode recognition 

Fig 1.  Conceptual framework to realize (i) motion understanding process and (ii) modal motion generation 

process in human machine interaction via body motion and a proposal embedding specific 

soft-computing methods. 
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R stands for a mapping from {X(t;s)) to{ �(g,m;s)}, and 

the semantic understanding C stands for a mapping 

from {�(g,m;s)} to {�(h,n;s)}. 

For these three respective stages, more specifically, 

“Eigen-Space Methods (ESM)”, “Hidden Markov 

Models (HMM)” or “Support Vector Methods”, and 

“Choquet Integral Agent Networks (CHIAN)” are 

respectively employed in the author’s research group.  

III. PRELIMINARY STUDY 

A.  Posture and psychological state 

In the preliminary studies human motion data were 

obtained by using a motion capture system (MCS : 

VICON) in an experimental space. The data are 

precisely provided as a set of time sequential 3D 

coordinate data  for a collection of markers which are 

physically attached at specific  subject’s body parts.  

[ Mental fatigue and posture change] (Masujima[4]) 

To confirm possibility of posture understanding for 

detecting mental fatigue a subject experiment was 

preliminarily conducted. A subject engaged in data 

processing task using a computer as a mental work load. 

During the experimental interval two types of  subject 

inspections were conducted in every 90 minutes from 

9:00 in the morning to 21:00 at night inserting rest 

pause in two times.  i.e., from 12:00 to 13:00 and from 

17:30 to 19:00. One of them is a Uchida-Kraepelin test 

(UKT), i.e. a repetitive mental calculation task, which 

consists of successive simple addition of paired single 

numbers during 10 minutes and its performance is 

criticized by a total number of the responded problems 

and a rate of correct answers. Another inspection is a 

critical flicker fusion frequency (CFF) test measuring a 

perceived critical number of fusion frequency when 

watching blinking right source for mental fatigue 

evaluation. During the experimental interval the 

postures of a sitting subject were observed and their 

quantitative data were obtained by MCS in every thirty 

minutes.   

Fig. 2 shows the changing processes on UKT, CFF 

and a head angle on a vertical plane including forward 

direction along the experimental time interval. This 

shows the possibility of detection of mental fatigue 

level in long term workload situations through posture 

change observation.  

B.  Basic information processing for extraction of 

physical motion features 

[Parametric eigen-space methods] (Kamada[5])  

Eigen-space method (ESM)[6] is a methodology to 

extract dominant latent components from the given 

variety of multi-dimensional data using principal 

component analysis. It derives a set of essential lower 

dimensional axes which reduce the large amount of 

multi-dimensional information for the given data 

collection, and the given multi-dimensional data are 

assigned to the corresponding points in the essential 

lower dimensional space. 

Given a set of time sequential 3D coordinate data 

obtained by MCS for postures appeared in a specific 

motion, it generates a trajectory of a moving point in 

the reduced “physical motion feature space” with the 

time parameter following to parametric eigen-space 

method. 

For example Fig.3 shows derivation of the trajectory 

of time series of physical motion feature vectors in the 

reduced eigen-space of three dimensions for the 

collection of 3D coordinate data of markers attached at 

the 21 body parts using MCS when a subject played a 

motion of a basic motion mode “bow” with a motion 

modality “spirited / spiritless.”  

In formal expressions   X(t;s) = P(U(t;s))                (1) 

where P is restricted within linear transforms. In this 

illustrated analysis a motion capture data vector U(t;s) 

of 63 dimensions was reduced to a physical motion 

feature vector X(t;s) of 7 dimensions, and attained 

accumulated contribution rate 99%. 

C. Soft computing approach to discrimination 

among vague conditional categories in words 

1) HMM for discriminating motion mode 

This stage focuses on the process discriminating the 

obtained trajectories of physical motion feature vectors 

in the reduced eigen-space into motion mode categories 

expressed by words. In this study “a motion mode 

category” may include both “a basic motion mode 

category g” and “a motion modality category m.” 
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Fig.2 Transitional changes on UKT, CFF and head 

angle in posture under mental fatigue situations 
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HMM (Hidden Markov Model)[7] is especially 

known as a representative pattern recognition method 

for time series data practically applied in, say, voice 

recognition. In principle the method first constitutes a 

mechanism by learning to derive   the trained output as 

serial symbols corresponding to a focused 

discriminating category, where it has a probabilistic 

finite latent states transition mechanism and a 

probabilistic generating mechanism of a symbol output 

for an assigned state at each step. 

More specifically for corresponding a set of obtained 

time series data on positions of the markers attached at 

various body parts by MCS into a complex linguistic 

expression combining categories on basic motion 

modes and motion modalities on gesture, “HMM for 

each basic motion mode” and “HMM for each motion 

modality” are respectively constructed by learning 

using the given training data (Tsuchida[8]). 

  To attain the HMM construction procedure based on 

trajectories of physical motion feature vectors in the 

eigen-space, a trajectory is transformed to a serial 

symbols by “gridironed eigen-space” which is a 

collection of blocks in a hyper-space as shown in Fig.4.  According to the several trials of motion mode 

discrimination using the proposed methods combining 

ESM and HMM the discrimination accuracy among 

basic motion mode categories is more than 90% in case 

of the checking motion and the training motion are 

obtained from a same subject, and more than70% in 

case of the checking and the training ones are different. 

However the discrimination among the motion 

modality categories, i.e., {big, small, fast, slow, 

vigorous, gentle} with waving hand, is moderately 

accurate in case of the checking motion and the training 

motion are obtained from a same subject, and is 

inaccurate unsatisfactorily in case of the checking and 

the training ones are different. It is learned that the 

discrimination between the motions feature trajectories 

which are similar in a line shape but different with 

respect to a time increment parameter, i.e., the cases 

corresponding to motion modality categories “slow” 

and “fast” is unsatisfactory. 

In formal expressions   �(g,m;s) = R({X(t;s): t∊T}) ；g∊G；m∊M       (2) 

where R represents derivation process for 

symbolization of X(t;s) and a matching degree between 

serial symbols and the motion categories g∊G；m∊M. 

Motion data （using MCS） 
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2) CHIAN for estimating emotional states based 

on gesture 

This research activity proposes an approach to 

human motion understanding by computational 

information fusion using intermediate words 

(Iwasaki[9]). The procedure consists of three stages, 

i.e., (1) feature extraction from sequential pattern data 

of physical body motions, (2) motion modality 

recognition with respect to basic and modal phases, and 

(3) semantic understanding of behavior, intention or 

emotion classes. For these three respective stages, 

"Eigen-Space Methods (ESM)", "Hidden Markov 

Models (HMM)", and "Choquet Integral Agent 

Networks (CHIAN)" were employed. 

   CHIAN(Nakamura[10]) is an information fusion 

mechanism, where each agent has a function 

integrating multiple inputs into a single output using 

Choquet integral with fuzzy measures assigned to the 

subsets of input channels and the network structure of 

the agents is employed for realizing complex 

information fusion. Note that Choquet integral is a 

flexible computing mechanism realizable of arithmetic 

aggregation and logical aggregation of multiple inputs. 

Fig.5 shows an illustrated hierarchical structure as a 

CHIAN. 

   In the present study motion mode categories are 

assigned to input channels, and the matching degree of 

a given motion sample with the motion mode 

categories (g, m) are set as the input values. Then the 

information fusion mechanism CHIAN may be 

constructed to obtain the matching degrees with an 

objective behavior h and a physical conditional or an 

emotional state n at the output layer. Thus, the high 

matching degree to linguistic categories 

“rapid”,“running-in” and “active”, “breathing” are 

given as the inputs of the CHIAN, then the output 

channels on an intention category “to contact 

promptly” and an emotion category “pleasure” have to 

derive high matching degree. 

To construct such mechanisms the identification 

methods using backward propagation like algorithms 

by leaning were proposed [11]. In formal expressions   ν(h,n;s) = C({µ(g,m;s): g∊G；m∊M })             (3) 

where C represent derivation process for semantic 

understanding, i.e., understanding behavior, intension 

and physical conditions, emotional conditions, from a 

collective information on matching degrees with 

several motion modes categories, i.e., {µ(g,m;s): g∊G

；m∊M }, by CHIAN.  

  More specifically Fig.6 shows the schematic 

diagram of an agent in CHIAN. The j-th agent of k-th 

layer gets the normalized quantitative or qualitative 

inputs among system input data {ui} from the real 

world if k=1 or among the outputs of the agents {x
k-1

j} 

as the multiple inputs {f(s)}. And they are integrated by 

Choquet integral mechanism which results in 

normalized output value x
k
i as the meaningful factor. 

The mathematical expression is as follows. 

   Let S={s1, s2,…, sm} be a collection of input channels 

for an agent, φ  be the empty set and let a set function 

w: 2
S
 →  [0,1] be a fuzzy measure satisfying the 

properties;  

(i)  boundedness： w(φ )=0, w(S)=1, 

(ii) monotonicity： SBA ⊆⊆  ⇒  )()( BwAw ≤

. 

Then, setting the real valued function f : S→[0,∞] as an 

integrated function, i.e. multiple input values, the 

obtained result x by Choquet integral with respect to 

fuzzy measure w is defined by;  

∫== dwsfcwfCx )()(),(  

  ∑ =
−−= m

r r
Awrpfrpf

1
)

)(
())]1(())(([(   (4-a) 

  ∑ = +
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r
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1
)]

)1(
()

)(
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where p(r) be a permutation of elements of S so that 

f(p(0))=0, 0≦f(p(1))≦f(p(2))≦…≦f(p(m))≦1, A(r) = 

{p(r), p(r+1),…, p(m) }, A(m+1)=φ. 

   As known well Choquet integral has the specific 

properties as a quite flexible aggregation. That is, it 

includes Lebesgue integral which corresponds 

traditional weighted sum in the case of finite input sets, 

and simultaneously includes logical aggregation of 

fuzzy features in terms of multiple qualitative items. 

Based on the subject experiments for expressing 

their emotion by human gesture in everyday life, a 

computational information fusion mechanism was 

constructed, and the effectiveness of the proposed 

computation procedure for understanding emotion 

emerged from gesture was investigated.  

Experiment-1: Video recording and motion 

capturing of a subject’s play to “wave hand” with 

several fundamental modalities. 

 Based on the motion capturing data obtained by 
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Fig.5  A hierarchical CHIAN structure with three input 

channels, three layers, i.e., input, hidden and output 

layers,  and three agents for second and third layer. 
Fig.6 Schematic diagram of an agent in CHIAN 
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Experiment-1 trajectories of motion feature vectors for 

several motion modalities in the eigen-space were 

derived for the basic motion mode “wave hand” by 

parametric ESM using the training data as shown in 

Fig.7. Then six kinds of HMM corresponding to the six 

motion modality categories, i.e., {big, small, fast, slow, 

vigorous, gentle} were constructed based on the 

derived trajectories in the eigen-space. 

Then a CHIAN structure for mapping from a 

collection of matching degree with motion modality 

categories in each phases of semantic space into 

emerged emotion categories was identified by learning 

using another Experiment-2. Thus, given a time series 

of 3D coordinates obtained by a motion capturing 

system for a certain motion sample, the constructed 

computational mechanism can derive the 

corresponding emotion categories emerged by a human 

mimetic cognitive process, i.e., Kansei information 

processing. 

Based on the checking data discrimination by the 

proposed computational information fusion 

mechanism was examined. The results of the 

recognition rates are shown in Table 1. It shows the 

results on recognition rates in terms of the emerged 

emotion classes. The result showed a recognition rate 

of 53.3% in average among three emotion categories. 

Thus the possibility of the information fusion 

mechanism which understands emotion emerged from 

human gesture still remained.  

 

Table 1  Recognition rates in terms of the emerged 

emotion classes 

Emotion 

No. of 
checking 

data 

No. of  
correct 

recognition 
Recognition 

rate 

pleasure 17 9 52.9% 

anger 22 10 45.5% 

sadness 21 13 61.9% 

total 60 32 53.3% 

IV. CATEGORIZATION OF AFFECTIVE MOTIONS BASED 

ON POSTURES IN VIDEO IMAGE UNDERSTANDING 

   In the preceding section the studies on human motion 

understanding are developed based on the sequential 

data of human motions obtained by MCS. For practical 

applications of human motion understanding, however, 

the use of MCS is restrictive, and the video images of 

human motion are effectively available in public spaces 

and/or daily life situations. 

In recent years we can often have an opportunity to 

watch an electronic billboard advertisement along with 

the popularization of Digital Signage. As a result 

watching Digital Signage they show several motion 

reactions. However it is difficult that their affective 

conditions can be estimated from the motion reactions. 

This section introduces an approach to 

categorization of human motion modality from the 

motion video images (Harada [12]).  

Activity of daily life derives motion changes of 

varied sizes. A small motion change can show different 

motion modalities. But it is difficult that small motions 

can be understood in motion understanding based on 

human video images processing.  

Therefore, this study aims at categorization of 

various motion modalities based on small motion 

differences from their video images. This study 

adopted Eigen-space Methods (ESM)  at  the stage of 

motion feature perception and Support Vector 

Machines (SVM) [13] at the stage of motion mode 

recognition for categorization of motion modalities. 

Through some experiments video images for gait and 

jumping actions were recorded by a digital camcorder. 

A. Outline of the proposed method 

For a specific basic motion, if they have different 

motions, the postures also show differences. Thus 

differences of motion modalities are construed 

differences of a collection of postures appeared in the 

time series. Then motion features are extracted and the 

postures are mapped as a collection of points in 

eigen-space by ESM.  

To categorize motions based on mapped point 

distributions in eigen-space, they are discriminated by 

a function derived from SVM. 

Motion categorization yields high discrimination 

efficiency when a motion has evident differences in the 

feature space. This study tries to propose two methods 

for improving performance of motion discrimination. 

First method yields higher discrimination efficiency by 

using an effective combination of partial feature 

dimensions of the eigen-space. Second method yields 

higher discrimination efficiency when a set of 

subspaces as the clusters of posture collections which 

can effectively discriminate among categories is found 

in eigen-space. 

   The sequential steps of the proposed data processing 

of motion modality understanding from the obtained 

video images are described below. Note that the present 

study is addressed to discrimination procedures 

between two kinds of motion modalities. 
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Fig.7  Trajectories of physical motion feature vectors 
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Step 1: The human imagery is segmented from 

background as a moving object with noise reduction, 

and is normalized for adjusting its size and position in a 

image processing frame. 

Step 2: The human imagery for the focused motion is 

mapped into the eigen-space. An each image, i.e. a 

posture at each instant, corresponds to a point in the 

multi-dimensional eigen-space, then a set of distributed 

points is assigned for a motion as a pattern. 

Step 3: A set of feature dimensions of eigen-space is 

extracted such that it attains most effective for motion 

modality discrimination. More specifically a certain 

combination of M feature dimensions is set, then SVM 

is applied to discriminate between the focused two 

motion modalities. The obtained result is evaluated by 

the discrimination efficiency. To get the most effective 

combinations of M* feature dimensions, by which the 

discrimination efficiency attains the highest value, the 

above procedure is repetitively examined by varying 

the combination and M in an appropriate range. Note 

that the extracted set of M* feature dimensions does not 

coincide with the set of superior principal M* feature 

dimensions in general. 

Step 4: In the partial space of the eigen-space with 

extracted effective M* feature dimensions a collection 

of proper subspaces are extracted so that the points 

appeared in a subspace are to be assigned to the 

postures belonging to an identical motion modality. 

Then all of the points appeared in the extracted proper 

subspaces are employed for SVM processing. In other 

words the points excluded from the extracted proper 

subspaces are not employed for the discrimination 

process by SVM. More specifically; 

  (i) The mapped points are partitioned into N clusters  

by Ward’s method of hierarchical cluster analysis. 

  (ii) A certain cluster n is focused. The cluster is 

classified into two kinds of subspaces, say subspace 

class P and subspace class C.  

Subspace class P: Collection of subspaces, called 

“proper subspaces” in the sequel, each of which 

includes the mapped positions assigned only one of 

motion modalities. 

Subspace class C: Collection of subspaces, called 

“confused subspaces”, each of which includes the 

mapped positions consists of both types of motion 

modalities. 

(iii) A collection of sequential postures newly given 

for a human motion derives a set of points mapped into  

eigen-space for discriminating between focused motion 

modalities. In the partial eigen-space consisting with 

the effective combination of M* dimensions, if the 

mapped point is included in a subspace of class P, the 

point is left. If the point is included in a subspace of 

class C, the point is deleted. 

Step5: The motion modality of the given human 

motion is discriminated by SVM based on the residual 

mapped points on a peculiar space. The discrimination 

efficiency between modalities A and B is evaluated by: 

 

[Level of discrimination efficiency]   

= (1/2){(correct discrimination rate for modality A) 

+(correct discrimination rate for modality B)}   (5) 

B. Experimental analysis 

For verifying effectiveness of the proposed method 

an experimental analysis was examined in case of 

walking motion with the three kinds of modalities: 

“slow”, “normal” and “quick”.  

1) Video images of experimental gait 

The images of two types were employed for the 

discrimination processing (Fig.8).  

(a) The video images of five subjects provided by 

CASIA gait database[13]. 

(b) Video images of five subjects recorded through 

gait experiment at Nagaoka University of Technology 

by a camcorder.  

2)  Results analyzed by the method using effective 

partial feature dimensions and proper subspaces in 

the eigen-space 

In Fig. 9 the two sets of the basic feature points 

which correspond to the postures appearing in gaits of 

two kind motion modalities, "slow" and "normal", are 

shown in the first and second feature dimensions of the 

eigen-space. As seen in the figure, it is difficult to be 

discriminated between the two kind motion modalities. 

Thus, in the superior partial dimensions, both sets of 

points are only allocated along to similar trajectories 

which represent basic cyclic gestures carrying alternate 

foot steps and arm swings in opposite phases between 

right and left. 

   Then for improving performance of motion modality 

(a) Image by CASIA         (b) Image obtained by  

gait database                         an experiment at NUT 

Fig. 8  Gait images of two types 
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Fig.9  The mapped points for the gait postures of 

modalities  “slow” and “normal” in the 1st and 

2nd dimensions of the partial eigen-space.  
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discrimination, the first proposed method was applied. 

More specifically an effective combination of partial 

feature dimensions of the eigen-space was found, then 

the discrimination between paired motion modalities, 

“slow”, “normal” and “quick” was examined by SVM. 

In Fig. 10 the two sets of the mapped points which 

correspond to the postures in gaits of modalities "slow" 

and "normal" are shown in the fifth and seventh feature 

dimensions of the eigen-space. As seen in the figure, it 

seems possible to be discriminated between the two 

kind motion modalities. 

Fig. 11 shows an example of the motion modality 

discrimination result in five dimensional eigen-space 

consisting of the effective combination of partial 

feature dimensions. The level of discrimination 

efficiency was given by equation (4). It suggests the 

level rises more than it is derived in the superior five 

feature dimensions of the partial eigen-space.  

Fig. 12 shows an example of the motion modality 

discrimination result by introducing proper subspaces 

in the effective five dimensional eigen-space. It 

suggests the level takes the highest value among 

various number of clusters than it is derived in the 

superior five feature dimensions of the partial 

eigen-space.  

In the present study extraction of an effective 

combination of partial feature dimensions and a class 

of proper subspaces in the eigen-space is examined by 

a round-robin approach. More efficient extraction 

methods are left for the further research. 

V. CONCLUSIONS 

A conceptual framework of computational process 

employing soft computing approaches is proposed to 

estimate and understand human physical, physiological 

and psychological conditions from his/her motions in 

everyday life. The key of soft computing is possibility 

approaching to human conditions via qualitative words 

which afford vagueness of concepts and flexibility of 

information processing procedure. The present paper 

only shows some trials of the proposed conceptual 

methods for flexibly understanding vague human 

conditions from motions.  
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Abstract— Molecular dynamic simulation is one 
field of science that uses computer as a resource 
for computational methods to calculate the 
number of forces acting within a molecular system 
and analyzing its movement. This simulation is 
useful for the discovery of drug compounds from 
an illness. This study uses Gromacs as molecular 
dynamics application which is  running on cluster 
computing environment. A significant speed up is 
obtained during the experiments.  

I. INTRODUCTION 
 Current hardware technology experienced rapid 
growth followed by the increasing need for 
applications that uses resources from the CPU. As we 
know, the entire job from a machine is governed by a 
peripheral computer named processor. Processor will 
become the center of the workload on a computer, 
with the increasing needs of various applications, and 
the needs of better processor, we can level-up the 
processor performance by increasing the frequency 
and number of its core, so that the work performed by 
one processor can be divided into multiple processors. 
Increasing the  frequency and speed of a processor 
can produce a more rapid completion of the work, but 
a fairly high frequency electrical energy is required, 
and the resulting heat energy will be increased [15]. 
 In order to improve performance of the processor, 
we do not have to increase the speed of the processor, 
the alternative way is using cluster computer. The 
cluster computing uses resources that involves a lot of 
computer that functions as processors that are 
connected in a network. 

Processing jobs in parallel computing can be done 
to help and  solve the problem of computer simulation 
in which the molecules and atoms interact in a 
specific time through a physical approach and point 
of view of particle movement.  Simulation is done 
for research such as  on proteins, and bimolecular. 
One application that can be used to perform 

molecular dynamics simulations are Gromacs, an 
application developed by the Department of 
Chemistry University of Groningen (Netherlands) in 
the 1990s. This software was developed by using 
ANSI C programming language and is open source 
under GPL (GNU General Public License) [23]. 

 
.  
 

II. MOLECULAR DYNAMICS 
Molecular dynamics method was first performed 

by Alder and Wainwright in 1950 to study the 
interaction of hard spheres [1], the field of molecular 
dynamics simulations began developing in 1964, 
when Rahman was first simulated using a fluid 
anbrgon [26] , and in 1974 Rahman and Stillinger 
performed molecular dynamics simulations which is 
the first time in realistic systems [19]. Subsequently 
in 1977 simulations of protein was first performed by 
McCammon using pancratic protein trypsin inhibitors 
[17]. Right now, molecular dynamics simulations is 
used to study the solvation of proteins, the interaction 
of DNA-protein complexes and lipid systems, and 
study the ligand binding and folding of proteins. 

Molecular dynamics simulations using computer 
assistance is expected to help the researcher to be able 
to understand the molecular structure and its 
microscopic properties, the ultimate goal in 
conducting molecular dynamics simulations is to 
produce a trajectory of molecules in a finite time 
period, where each the molecules in these simulations 
have positional parameters and momentum. 

Molecular dynamics simulations can also be used 
to assist drug discovery. Such that the computers 
offer a method of in-silico as a complement to the 
method in-vitro and in-vivo that are commonly used 
in the process of drug discovery. Terminology in-
silico, analog with in-vitro and in-vivo, refers to the 
use of computer in drug discovery studies [24]. 

Nowadays, computer can help researcher in drug 
discovery problem. In this case the computer helps to 
simulate the protein activity in many conditions such 
as pressure, temperature, and movement. According 
to that researcher can take the simulation data to 
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simulate it in laboratory. 
Based on the illustration above, it can be 

summarized that there are two complementary 
methods in the use of computers as a tool for drug 
discovery, namely: on the basis of a compound 
known to bind to the target or so-called ligand (ligand 
based drug design, ligand-based drug design 
(LBDD)) and based on the structure of either the 
target enzyme or receptor that is responsible for the 
toxicity and activity of a compound in the body 
(based drug design target structure, structure-based 
drug design (SBDD)). 

Utilizing information from the target structure and 
physicochemical properties of ligand can be screened 
for interaction test compounds of known active 
(ligand) on the prediction of protein active site. Based 
on information obtained,  new compounds are 
designed which are expected to more potential  than 
existing compounds. It is also used to study ligand 
interactions with protein targets. 

A. Statistical Mechanics 
Statistical mechanics is a branch of physical 

science which studies macroscopic systems using 
molecular standpoint. The purpose of statistical 
mechanics is to study and predict the macroscopic 
phenomenon of properties of molecules, which exist 
within the system. A system can be a collection of 
several molecules that dissolve from portein-DNA 
complex. In order to be able to link between the 
macroscopic system and  a microscopic system, a 
molecular dynamics simulation is carried out. 
Molecular dynamics simulation means to obtain 
information on the microscopic level, including 
atomic positions and the speed of the moving atom, 
and in order to be able to change information in the 
microscopic to the macroscopic information that can 
be studied, such as pressure, energy, and heat 
capacity. Statistical mechanics is an application of 
probability theory to study the reaction 
thermodynamics of a system. 

In molecular dynamics simulations, we can study 
the macroscopic properties of a system by using 
microscopic simulation, such as calculating the 
energy change in a drug, or checking the energy in a 
system. The relationship between microscopic 
simulation and macroscopic properties is made by 
using statistical mechanics in which there are 
equations relating to the property macroscopic using 
the distribution and movement of atoms and 
molecules in an N-body system. Means of molecular 
dynamics simulations solve the equation of particle 
movement and evaluate mathematical formulas. With 
molecular dynamics simulations, we can study the 
properties of thermodynamics and the relationship 
between time and kinetic energy in a system. 

Thermodynamic state of a system described in the 
parameters of temperature (T), pressure (P), and the 

number of particles (N).  
 

 
Figure 1. Macroscopic and Microscopic Tests [20] 

B. Classic Mechanics 
 Simulation of the dynamics of molecular based on 
the second law of Newton, or can be referred to as 
Newton's equation of motion, namely F = m x a, 
where F is force, m (mass), a (acceleration) . In the 
style of molecular dynamics simulation approach, 
under study is owned by the atomic force in a system. 
We can determine the acceleration of each atom 
contained within a system [10]. The merging of these 
forces can produce equations describing the trajectory 
position, velocity, and acceleration of particles within 
a certain time. When the position and velocity of each 
atom is known, the conditions of a system can be 
known. Computational molecular dynamics 
simulations takes a long time, but with the 
development of an increasingly computer processor, 
simulations can be done within a matter of nano-
scale. 

C. Gromacs 
 Gromacs (Groningen Machine for Chemical 
Simulation) is a molecular dynamics simulation 
package whose development was pioneered by the 
University of Groningen The Netherlands. At this 
time, Gromacs was also developed by other 
institutions like the University of Uppsala, University 
of Stockholm, and the Max Planck Institute for 
Polymer Research. Gromacs is an open-source 
application licensed under GPL (General Public 
License). In Gromacs Application Molecular 
Dynamics is a way to assess the movement of a 
molecular system according to the laws of physics 
with a variety of methodological approaches 
numerically. In general, Gromacs will simulate a 
movement of Newton's equation to a system 
containing hundreds to millions of molecules [24]. 
 At first, Gromacs was made to process biochemical 
molecules such as proteins, fats, and nucleic acids 
which have a complex interaction and bonding. The 
use of the Gromacs molecular dynamics simulation is 
fairly easy, topology and parameter files written in a 
clear text format. In Gromacs there is an application 
that does consistency checking so that if there is 
something. All programs use a simple interface with 
command line options for file input and output. Help 
for using Gromacs can be obtained with help file, or 
use a complete manual and is available free in 
electronic format or pdf. 
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 Users can compress files that are used and 
Gromacs will automatically read it through gzip. In 
addition, Gromacs trajectory can store data with a 
lossy compression, so the capacity of the resulting 
trajectory data becomes much smaller. Accuracy can 
be selected by the user. File Input and trajectories do 
not depend on the hardware and can be read by any 
version of Gromacs. There will be no problem even if 
made with a different floating point precision. During 
the process,  Gromacs simulation will provide a 
progress status and the date and time of the 
computing process to be completed 

D. Parallelization 
 Gromacs program is a program designed for use in 
serial and also in parallel, the use of applications in a 
way parallel aims to reduce the time simulation 
program. Gromacs has parallelization algorithm 
called domain decomposition. Domain decomposition 
algorithm useful to solve the problem boundary value 
problem by dividing the problem into the boundary 
value problems of the smaller [23]. In Gromacs 
application, domain decomposition algorithms divide 
the simulation work to each processor for the 
processor to run their respective duties. Each 
processor will combine the equation of motion of 
particles that is simulated. 
 During the simulation, the processor will 
communicate with one another in order to balance the 
workload that are owned by their respective 
processor. Imbalance occurs on the processor 
workload can be caused by the different distribution 
of particles between the processors with each other 
and different distribution of particle interactions. 
Gromacs uses dynamic load balancing algorithm in 
which the volume of each domain decompostion can 
be adjusted independently. Mdrun script on Gromacs 
will automatically perform dynamic load balancing 
algorithm at the time of the instability of the energy 
calculation by 5% or more. Load imbalance will be 
recorded via the log output will be generated by the 
program Gromacs. 

III. METHODS 

Several steps that are conducted in this research:  

A. Install and set configuration (pharmacy cluster) 
 Perform installation and  operating system in the 
pharmacy   cluster in department of Pharmacy, 
followed by installation of NFS, MPI, and Gromacs. 

B. Conduct Consultations  
 Conduct Consultations with UI pharmacy faculty 
and students on  how preparation for production 
simulation that uses Gromacs application. 

C. Obtain Data Samples 
 Obtain samples from the UI pharmacy students 
study-test. 

D. Perform simulations (Hastinapura Cluster and 
Pharmacy cluster) 

 Prepare the preparation materials for simulation in 
Hastinapura and Pharmacy Cluster using a single 
processor, two processors, three processors, four 
processors, and the five processors in the span of 
200ps, 400ps, 600ps, 800ps, and 1000ps alternately. 
  Executing preparation materials that had been 
prepared earlier using a single processor, two 
processors, three processors, four processors, and the 
five processors in the span of 200ps, 400ps, 600ps, 
800ps, and 1000ps. 

IV. HARDWARE PREPARATION 

A. Hastinapura Specifications 
 Hastinapura Cluster is part of the cluster which is 
owned by the Universitas Indonesia. It  can be used to 
perform a variety of both serial and parallel 
computing. Hastinapura Cluster has sixteen machines 
that act as worker nodes. Each machine uses a dual 
core processor. Thus the a total of logical processors 
are thirty-two. Hardware specifications that are 
owned by the Hastinapura cluster are as follows [13]: 
 
Head node (1 Unit / 2 Logical Processor): 

• Sun Fire X2100 
• AMD Opteron 2.2GHz (Dual Core) 
• 2 GB RAM 
• Debian GNU / Linux 3.1 "Sarge" 

Worker nodes (16 Unit/32Logical processor): 
• Sun Fire X2100 
• AMD Opteron 2.2GHz (Dual Core) 
• 1 GB RAM 
• Debian GNU / Linux 3.1 "Sarge" 

Storage nodes (2 Units / 4 Logical Processor): 
• Dual Intel Xeon 2.8GHz (HT) 
• 2 GB RAM 
• Debian GNU / Linux 4.0-testing "Etch" 
• 3x320 GB Hard Drive 

  
The Network topology of the cluster can be seen in 
Figure 2. 
 

 
Figure 2.  Hastinapura Network Topology 

 

ICACSIS 2010 ISSN: 2086-1796

27



 
 

 

B. Pharmacy Cluster Specifications 
 Hardware specifications that are owned by the 
pharmacy cluster are six computers with the 
following specifications, 

• Worker Node (6 Unit/24 Logical Processor) 
• QuadQore Intel processor (2.66 GHz) 
• RAM: 4 GB 
• Hard Disk Drive: Western Digital 320 GB 
• Graphic Card: NVIDIA GeForce 8800 
• Ethernet Speed: 1Gb / s 

 These computers are connected using a Local Area 
Network with a simple topology as in Figure 3. 
 

Figure 3. Pharmacy Cluster Network Topology 

C. Data Preparation 
 The data which is simulated in this reasearch is the 
data of Indonesian plant called curcumin. Curcumin 
name is adapted from the plant Curcuma Longa 
called, the golden color that is used for treatment, for 
food preservation, and as dye in textile industry.  
 Since the year 1900 (BC), curcumin is known to 
have a lot of functionality in the areas of health. 
Several studies have shown that curcumin can act as a 
remedy for several diseases, among others, 
pancratritis, arthritis, inflammatory bowel disease 
(IBD), colitis, gastrititis, allergy, fever, scleroderma, 
psoriasis, multiple sclerosis, cardiovascular, and 
Alzheimer's [21]. 
 The compound curcumin are compounds that have 
the function to perform the detoxification process and 
anticancer compounds and inhibitors of inflammatory 
processes. Curcumin is reported to have inhibitors of 
glutathione stransferase (GST) [5]. Therefore, it 
should be an examination of the quantitative 
relationship between the microscopic properties 
(molecular structure) and macroscopic properties / 
empirical (biological activity) of a molecule with 
molecular dynamics simulation approach.  
 The curcumin compound will be simulated using 
the program Gromacs version 4.0.5 for curcumin 
derivative compounds as inhibitors of GST and are 
useful to formulate strategies and design new 
derivatives of compounds of new curcumin analogues 
as inhibitors of the inflammatory process. 

V.  PERFORMANCE ANALYSIS 

A. Simulation Steps 
 Here are the steps to perform molecular dynamics 
simulations using Gromacs [23], preparation of 
simulation is quite difficult, because we need 
different kinds of information about the molecules 
that we will simulate. In this research, preparation of 
molecular dynamics simulations created by students 
of the Department of Pharmacy and Science, 
University of Indonesia, following a brief description 
of preparation stages of the simulation using 
Gromacs. 
 

 
Figure 4. Simulation Steps Using Gromacs Application 

B. Simulation Using Hastinapura Hastinapura 
Cluster 

 The Tests on the Hastinapura cluster environment  
is done by registering through the job scheduler job 
list, so the job is already listed in. The job scheduler 
will set the processor that will be used to perform 
simulations. At the time of the simulation run, the job 
scheduler will invoke the MPI (Message Passing 
Interface) [12].  
 The simlation tests in the Hastinapura cluster  is 
done gradually, starting from the time range of 200ps, 
400ps, 600ps, 800ps, and 1000ps using a single 
processor, two processors, three processors, four 
processors and five processors. Before performing the 
simulation on Hastinapura Cluster production, first 
we prepare a file that will be simulated preparation, 
file preparation is simulated in the same cluster with 
file preparation Hastinapura simulated in the 
Pharmacy   Cluster environment. 

In Figure 5. we can see some of the phenomena 
that occur in Hastinapura Cluster, one of the 
phenomena that occur are more and more processors 
are used to simulate, the faster the time used to 
complete the simulation process. For example for a 
process simulation that runs with 200ps time range, if 
the simulation using a single processor, it can be 
completed within twenty-four hours. 

Another case when we use five processors to 
complete the simulation of  200ps, we can complete 
the simulation within approximately six times faster, 
which is five hours. Another phenomenon that 
happens is the longer time span configuration 
(1000ps) simulation will run longer. It can be seen in 
the simulation with 200ps time range which uses 
three processors simulation takes as much as thirteen 
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hours a day. Speed-up of the Hastinapura Cluster can 
be seen in Table 10. 
 
Table 1. Simulation Result Using Hastinapura Cluster 

No Time 
Step 

Amount of Prosessor 

1 2 3 4 5 

1 200ps 1d:00h:28
m:16s 

12h:29
m:01s 

9h:37
m:00s 

 5h:33
m:27s 

2 400ps 2d:02h:15
m:59s 

1d:00h:
35m:07s 

19h:1
2m:38
s 

 12h:0
0m:06
s 

3 600ps 3d:05h:36
m:52s 

1d:11h:
52m:40s 

1d:05
h:24m
:26s 

 19h:5
9m:36
s 

4 800ps 4d:10h:05
m:20s 

2d:01h:
39m:51s 

1d13h
04:45
s 

 1d:01
h:01m
:45s 

5 1000ps 5d:13h:37
m:29s 

2d12h:0
4m:00s 
 

1d19h
39:35
s 

 1d:05
h:28m
:02s 

 

 
Figure 5. Hastinapura Cluster Performance (s) 

  
Table 2. Hastinapura Cluster Speed Up  

No Time 
Step 

Amount of Processor 

2 3 4 5 

1 200ps 1.96 2.54 - 4.40 

2 400ps 2.04 2.62 - 4.19 

3 600ps 2.16 2.64 - 3.88 

4 800ps 2.14 2.86 - 4.24 

5 1000ps 2.22 3.06 - 4.53 

 
Figure 6.  describes the speed-up time obtained by 

each addition of the processor. In Figure 6, it has  
shown that the addition of the number of processors 
as resources in molecular dynamics simulations, will 
accelerate the simulation process. In this study the 
authors have problems in doing simulations for four 
processors on the  Hastinapura cluster. Simulations 
using a four processor still can not be done because 
there are multiple nodes in Hastinapura is having 
problems on the configuration. Molecular dynamics 
simulations using Pharmacy Cluster   generate 
trajectory file (. Trr), for 200ps, 400ps, 600ps, 800 ps, 
and 1000ps. time range. 

 

 
Figure 6. Hastinapura Cluster Speed Up (Graph) 

 

C. Simulation Using Pharmacy Cluster 
 The tests on the Pharmacy Cluster using the same 
preparation file with the same file preparation was 
tested in the Hastinapura Cluster. The difference is in 
terms of writing a command to perform the 
simulation, the command is done by writing a 
program called MPI (Message Passing Interface ). 
 The tests that is conducted in the Pharmacy Cluster 
tested by using remote access using SSH (Secure 
Shell) which is a network protocol that allows 
exchange of data over computer networks, the cluster 
of pharmacy   research is accessed using SSH from a 
computer network lab, University Indonesia  Faculty 
of Computer Science using the port 8080, trials in the 
Pharmacy   Cluster computing environment can only 
be done in JUITA (University of Indonesia Integrated 
Network),  
 
Table 3. Simulation Results Using Pharmacy   Cluster 

No Time 
Step 

Waktu Eksekusi Berdasarkan Prosessor 

1 2 3 4 5 

1 200ps 

13h:3
7m:38

s 

7h:2
3m:4
7s 

5h:3
2m:3
4s 

4h:2
6m:2
0s 

3h:3
8m:4
8s 

2 400ps 

1d:03
h10m:
06s 

14h:
44m:
02s 

11h:
01m:
38s 

8h:4
1m:1
5s 

7h:1
6m:4
2s 

3 600ps 

1d:16
h:22m
:34s 

22h:
04m:
25s 

16h:
40m:
14s 

13h:
17m:
38s 

10h:
55m:
54s 

4 800ps 

2d:06
h:52m
:48s 

1d:0
3h:0
2m:4
6s 

22h:
11m:
54s 

17h:
46m:
35s 

14h:
35m:
29s 

5 
1000p

s 

2d:21
h:22m
:57 

1d:1
3h:0
0m:2
5s 

1d:0
3h:4
1m:4
9s 

22h:
06m:
03s 

18h:
09m:
47s 
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Figure 7. Pharmacy   Cluster Performance (s) 

 
 In Figure 7 is the result when the simulation is 
performed in the pharmacy   cluster. Phenomena 
which we can see in the above chart is the more and 
more processors are used to simulate the data the 
faster the time used to complete the simulation 
process, for example, simulation process that runs 
with 200ps time range using a single processor, it can 
be solved within thirteen hours. Another case when 
we use five processors to complete the simulation of 
200ps, we can complete the simulation within 
approximately four times faster that is for three hours. 
The speed up  summary of the pharmacy cluster can 
be seen in Table 4. 
 

Table 4. Pharmacy   Cluster Speed Up 

No Time 
Step 

Amount of  Processor 

2  3  4  5  

1 200ps 1.85 2.64 3.07 3.74 

2 400ps 1.84 2.46 3.13 3.73 

3 600ps 1.83 2.42 3.04 3.69 

4 800ps 2.03 2.47 3.09 3.76 

5 1000ps 1.87 2.51 3.14 3.82 

 

 
Figure 8. Pharmacy   Speed Up (Graph) 

 
 Figure 8. describes the acceleration time obtained 
by each additional processor, for example, for the 
simulation with 200ps time range using a two 
processor simulation can run 1.8 times faster than 
with one processor. Using three times of the processor 
produces 2.6 times faster, the use of four processors 

for the simulation to generate time 3:07 times faster, 
and simulations using five processors produce 3.7 
times faster. 

VI. CONCLUSION 
 After performing molecular dynamics simulations 
using a variety of environments both Hastinapura 
cluster environment and pharmacy cluster, the authors 
conclude that the addition of processor resources to  
do molecular dynamics simulation is going to 
decrease the simulation time. 
 Cluster computing environment on the UI 
Department of Pharmacy and Science has a 
specification that is high enough and the performance 
given by the Pharmacy   Cluster computing 
environment is quite fast and there is efficiency in 
terms of energy consumption. In this case the source 
of electrical power necessary to use a computer is 
quite efficient compared with the Hastinapura Cluster, 
pharmacy   cluster has 6 CPU with 24 cores (6 CPUs 
x 4 Core), while Hastinapura Cluster is required to 
have  12 to have 24 cores (12 CPU x 2 Cores) logical 
processor so that the pharmacy   cluster computing 
environment can save more power when it is being 
used. 
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Abstract—IT-based scientific research requires 

high computational resources. The limitaton on 
funding and infrastructure led the high 

performance computing era from supercomputer 

to cluster and grid computing technology. Parallel 

application running well on cluster computer as 

well as supercomputer, one of the type is 

embarassingly parallel application. Many scientist 

loves EP because it doesn’t need any sophisticated 

technique but gives amazing performance. This 

paper show the result of the bionformatics 

research that used embarassingly parallel 

application which gives linier speed up and 

efficiency. 

I. INTRODUCTION 

HE  great invention on information and technology 

has changed the research paradigm on many field. 

The researchers used virtual experiment on IT to get 

more accurate result and to reduce the cost of 

experiment. However, many problems comes when 

many scientist try to use the computer modeling to 

build virtual laboratory. Sophisticated of mathematics 

model, limitation of funding and research 

infrastructure, and the most annoying problem is 

limitation of computational resources to get the 

information result as soon as posible. 
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A. Need of High Performance Computing 

Science and engineering problems need many 

computational resources to get the relevant 

information on research. For example the polluted 

concentration substance which modeled with the 

Differential Ordinarry Equation System 

 
𝜕𝑐𝑠
𝜕𝑡

=  − 
𝜕𝑢𝑐𝑠
𝜕𝑥

+  
𝜕𝑣𝑐𝑠
𝜕𝑦

+ 
𝜕𝑤𝑐𝑠
𝜕𝑧

 + 
𝜕(𝐾𝑥𝜕𝑐𝑠 𝜕𝑥 )

𝜕𝑥

+ 
𝜕(𝐾𝑦𝜕𝑐𝑠 𝜕𝑦 )

𝜕𝑦
+ 

𝜕(𝐾𝑧𝜕𝑐𝑠 𝜕𝑧 )

𝜕𝑧
+ 𝐸𝑠 𝜃, 𝑡 −   𝑘1𝑠 + 𝑘2𝑠 𝑐𝑠 𝜃, 𝑡 
+ 𝑅𝑠(𝑐1 ,… . . , 𝑐𝑞 ) 

 
Eq 1. Differential Ordinarry Equation System that modeled polluted 

concentration substance [1]. 

 
where s = 1, ....., q; cs(θ,t) is concentration of  

pollutant s at the space θ; then u(θ,t), v(θ,t), and x(θ,t) 

is the wind velocity along the x, y, and z axis; Es(θ,t) 

states the emission on  space point θ and time t for 

pollutant s; k1s and k2s are coefficient of deposition dry 

and wet; K(θ,t) states difusion coefficient along three 

coordinate axis; and Rs states the chemical reaction 

related to component s [1,2]. 

This mathematics model has been researched by 

Denmark Pollution Laboratory using q = 29. If axis 

grid used is x = 32, y = 32, and z = 9,  it results 

267,264 equations that have to be solved in each 

integration step along time scale to know the variation 

each month to get actual information of pollution. 

This sophisticated equation can only be solved by 

computers that have very large computational 

resources [1]. 

B. Cost and Infrastructure Limitation 

High computational resource that can solve the 

sophisticated problems like the differential ordiner 

equations above can only be received by 

supercomputer infrastructure (ex: Cray X-MP, CDC, 

Illiac-IV) some decades ago. Limitation of integrated 

circuit (IC) and processor development; and growing 
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research on networks and protocols has been 

stimulating the new technology of high performance 

computer. The new one is cluster and grid computing 

technology [3]. 

Actually, the concepts aren‟t literally new. When IT 

researcher try to develop high performance computer 

in the first place, they already thought the possibility 

of cluster and grid based computer but at that time the 

protocols and networks security isn‟t advance as now 
on. So they began their research on supercomputer 

technology that specifically building special computer 

with special compilers that able to run parallel 

application to solve any problems that need high 

performance coputational roseources [4]. 

The development cost actually got significant 

aspect on developing those technologies. 

Supercomputer infrastructures are quite expensive to 

build but cluster and grid technology isn‟t that high in 

comparison. Building cluster and grid computers 

relatively cheap. It has motivated many researchers 

not only in the third world country but also in the 

whole world trying to implement cluster and grid 

computer to help their scientific computation as part 

of their research activity. 

C. Paper Structure 

In this paper we will discuss the performance on 

embarrassingly parallel application as one of the 

parallelization method that run on cluster computer 

infrastructure called „hastinapura‟ in Universitas 

Indonesia. The paper will describe the introduction as 

well as the background behind research in the section 

1. Section 2 will describe the hardware and software 

architecture of our cluster „hastinapura‟. The overview 

of parallel computation will be described in the 

section 3 as well as the term embarrassingly parallel 

application. Section 4 will show the result of 

bioinformatics case that embarrassingly parallel on 

cluster „hastinapura‟. The last section is discussing 

conclusion of our works and many future 

opportunities to do research on this field.  

II. HASTINAPURA CLUSTER COMPUTER 

ARCHITECTURE 

A. Hardware Infrastructure 

Hastinapura cluster consist of one head node, one 

grid portal node, one storage node and 16 worker 

nodes [5]. Head node is the main key of the cluster 

technology. All of the cluster management is done by 

middleware that put on this server. The head node 
specifications are listed below, 

 
Table 1. Head node machine spesification 

Head Node Machine Spesification 

Machine Type Sun Fire X2100 

Processor AMD Opteron 2.2 GHz 

Memory 2 GB 

Operating System GNU/Linux Debian 3.1 

 

Grid portal node on hastinapura cluster used for 

communication between hastinapura cluster that 

located on Universitas Indonesia and the other cluster 

on another universities. This network will established 

the RI-Grid Infrastructure that backed up by 

INHERENT, the network facilities provided by 

ministry of education for Indonesian higher education 

institution. Somehow, this infrastructure still haven‟t 

achieved yet this year. The grid portal node 
spesification are listed below 
 

Table 2. Grid portal node machine spesification 

Grid Portal Node Machine Spesification 

Machine Type Sun Fire X2100 

Processor AMD Opteron 2.2 GHz 

Memory 2 GB 

Operating System GNU/Linux Debian 3.1 

 
Hastinapura has 16 worker nodes that provide 

computational resource for the users. With dual core 

processors, hastinapura equal to the single system that 

have 32 processors. The worker nodes spesification 

are listed below 

 
Table 3. Worker nodes machine spesification 

Grid Portal Node Machine Spesification 

Machine Type Sun Fire X2100 

Processor AMD Opteron 2.2 GHz 

Memory 1 GB 

Operating System GNU/Linux Debian 3.1 

 

The last machine that also held an important role in 

the system is storage node. The storage node 

spesification are listed below 
 

Table 4. Worker nodes machine spesification 

Storage Node Machine Spesification 

Machine Type Intel PC 

Processor Dual Intel Xeon 2.8 GHz (HT) 

Memory 2 GB 

Hard Disk 3 x 320 GB 

Operating System GNU/Linux Debian 4.2 

 

B. Software Infrastructure 

Hastinapura cluster uses Globus Toolkit as 

middleware that handle all the software management 

above the machine. Globus Toolkit can manage 

different cluster with different machine to one grid 

system. Above Globus Toolkit, hastinapura uses Sun 

Grid Engine as a job submission and cluster resources 

management. MPICH is provided in hastinapura to 
support the MPI-based parallel application that run on 

the cluster [5]. 

Many applications has been deployed on 

hastinapura cluster to support research activities in 

Universitas Indonesia. Some of the applications are 

mpiBlast, sequence allignment in bioinformatics that 

based on MPI; GROMACS, molecular dynamic 

simulation software; and MPI-POV-Ray, optical 

modelling for object-ray interaction [6]. 
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III. EMBARASSINGLY PARALLEL PARADIGM 

There are many paradigms to do parallel 

programming. One of the most favourite paradigm 

based on its easyness and less sophisticated control is 

message passing paradigm. Message passing requires 

the programmer to handle parallel aspect of the codes 

when doing the programming. 

The message passing paradigm generally divided 

into three kind of programs [7]. First, embarassingly 

parallel paradigm. It has virtually no communication 

required; easily load balanced; and it has perfect 
speedup. Second, regular and synchronous. It easily 

statically load balanced; expect good speedup for non-

local comunication; and expect reasonable speedupfor 

non-local communication. Third, irregular and/or 

asynchronous. It is difficult to load balance; 

communication overhead usually high; and usually 

can‟t be done efficiently using data parallel 

programming. 

A. EP Problems 

Embarassingly parallel problems has unique criteria 

that can easily being distinguishad. Many real world 

problem can be define into EP problems. Here are the 

EP problems criteria [7] 

1. Each element of an array can be processed 

independently of the others. 

2. No communication required, except to combine 

the final result. 
3. Static load balancing is usually trivial – can use 

any kind of distribution since communication is 

not  a factor. 

4. Dynamic load balancing can be done using a task 

form approach. 

5. Expect perfect speedup. 

 

Here are some illustration on how the very simple 

EP problems modelled. 

 
Fig 2. Disconnected computational graph [8]. 

 

More advanced EP problems based on master-slave 

concept of job tasking. 

 
Fig 3. EP problems with dynamic process creation and the master-

slave approach [8]. 

B. EP Performance Measurement 

Performance measurement on EP application is 

quite simple since no communication overhead 

involved. The formula for measuring the speedup is 

 

𝑠𝑝𝑒𝑒𝑑𝑢𝑝 =  
𝑡𝑖𝑚𝑒 𝑜𝑛 1 𝑝𝑟𝑜𝑐𝑒𝑠𝑠𝑜𝑟

𝑡𝑖𝑚𝑒 𝑜𝑛 𝑁 𝑝𝑟𝑜𝑐𝑒𝑠𝑠𝑜𝑟𝑠
 

 

and the formula for measuring the efficiency of the EP 

application is 

𝑒𝑓𝑓𝑖𝑐𝑖𝑒𝑛𝑐𝑦 =
𝑠𝑝𝑒𝑒𝑑𝑢𝑝

𝑁
 

 

To measure the EP application doesn‟t need the 

function that calculate some overhead involved in the 

process such as used in Amdahl‟s Law [9]. 

C. EP Cases 

There are many sample cases that already defined. 

Here are some sample on EP cases [8] 

1. Geometrical Transformations of Images. 

2. Mandelbrot set. 

3. Dynamic Task Assignment Work Pool/Processor 

Farms. 

4. Monte Carlo Methods. 

5. Random Number Generation. 

 

and many cases on bioinformatics that just easily 

perform as submitting many jobs with different 

parameter and different data type. In this paper we 

will use one of the bioinformatics case for showing 

the EP. The problems is molecular docking and virtual 

screening. 

IV. BIOINFORMATICS CASE 

A. Molecular Docking and Virtual Screening 

Molecular docking is a computational procedure 

that attempts to predict noncovalent binding of 

macromolecules. The goal is to predict the bound 

conformations and the binding affinity [10]. The 

prediction process is based on information that 

embedded inside the chemical bond of substance. 

One of the method to calculate energy that related 

to binding affinity aspect is AMBER (Assisted Model 

Building with Energy Refinement) force fields 

 

𝑉 𝑟𝑁 =   
1

2
𝑘𝑏 (𝑙 − 𝑙0)2

𝑏𝑜𝑛𝑑𝑠
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1

2
𝑘𝑎(𝜃 − 𝜃0)2

𝑎𝑛𝑔𝑙𝑒𝑠
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1

2
𝑉𝑛 [1 + 𝑐𝑜𝑠(𝜂𝜔 − 𝛾)]
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Eq 2. AMBER force fields formula 
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where Σbonds states the distance aspect that 

represented by l and l0; Σangles states the angles 

aspect between chemical bond represented by θ and 

θ0; Σtorsions states the active torsion aspect; and Σij 

shows the non-covalent chemical bond in the 

substance [11]. 

Virtual Screening is molecular docking process that 

involved large database of chemical compound. We 

can say that virtual screening is a lot of molecular 

docking process to get the best molecule to become 

drug candidate. It‟s important to say that this 

simulation is not the only one method to get the drug 

candidates, practical laboratory experiment is the one 
to do that. This virtual experiment used to process 

large number of substance to produce small number of 

best drug candidates which cannot be done manually 

due large number of data. The key to parallelization 

process in molecular docking lies on this aspect, „big 

number of molecular docking jobs‟. 

B. Autodock Vina 1.1 

Autodock Vina is molecular docking software that 

developed by The Scripps Research Institute, non-

profit biomedical research from San Diego, California, 

USA. Autodock Vina is the next generation of 

molecular docking engine after The Scripps Research 

Institute released Autodock in the first place. 

Autodock Vina gives transparent user point of view 

in using molecular docking parameters. User doesn‟t 

have to do many script programming for adjusting the 

parameters, Autodock Vina has provided simple 
library that users can only put the desired parameter 

on docking process. 

The Scripps Research Institute claimed that 

Autodock Vina has better performance than 

Autodock. This claim proved by their experimental 

performance that published together with the 

Autodock Vina software news and update in the 

journal of computational chemistry [10]. 

The most important from Autodock Vina is the 

application can run on multicore machine. Autodock 

Vina has implemented hyper threading concept that 

run perfectly on a machine that has more than one 

processor. But the hard point in this paper is not the 

capability of Autodock Vina running on multicore 

machine; we will discuss the input problem of virtual 

screening in Autodock Vina that has very likely type 

with EP problems. 

C. Experimental Result 

Here we will show the result of virtual screening 

experiment that uses Autodock Vina on hastinapura. 

The ligand database uses in this experiment was taken 

from ZINC (ZINC Is Not Commercial) Database in 

the mol2 format and the receptor was taken from PDB 

(Protein Data Bank) Database in the pdb format. We 

process both the input to the pdbqt format and begin 

the virtual screening process after setting some 

parameters on both ligands and receptor. 

We do the experiment on two different system to 

get comparison how is the performance. First, we 

experiment on sequential paradigm by running it 

locally on PC desktop with the specification as listed 

below 

 
Table 5. PC desktop machine spesification 

PC desktop Machine Spesification 

Machine Type Intel PC 

Processor Pentium IV, 2.00 GHz 

Memory 1 GB 

Hard Disk 80 GB 

Operating System GNU/Linux Ubuntu 8.0 

 

Second, we run the parallel experiment in the 

hastinapura cluster using qsub job submission script 

that used in Sun Grid Engine. The cluster machine 

specification is discussed in the section before. 

We use different numbers of data in these two 

different machines to get the information about 

speedup and efficiency. The experimental show the 

result as follows 

 
Table 6. Experimental result 

Data Execution Time (minutes) 

Serial Parallel 

1000 2277.42 77.43 

2000 4629.72 159.5 

3000 8117.6 292.27 

4000 12370.5 406.8 

5000 15294.2 509.8 

 

 
 

Fig 4. Experimental result (general) 

 

From the table and diagram above we can see that 

running time is accelerated 29.16 times. We also can 

conclude that speed up on this experiment is 29.16 

times because serial experiment is done on machine 

with one cpu. 

Beside the running time and speed up, the 

efficiency can be calculated from information we got. 

Efficiency of the experiment is 91%, almost linier. We 

just can see it clearly from two diagrams below about 

the linierity of the experiment. These three diagrams 

and one table show clearly that performance of 

embarassingly parallel application is generally linier 

and give good result on speed up and efficiency. 

2277,42
4629,72

8117,6

12370,5
15294,2

77,43 159,5 292,27 406,8 509,8

1000 2000 3000 4000 5000
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Fig 5. Experimental result (parallel) 

 

 
 

Fig 6. Experimental result (serial) 

 

Fig 5., and fig 6. Show the linierity of virtual 

screening experiment that run on the hastinapura 

cluster computer.  

V. CONCLUSION AND FUTURE WORKS 

A. Conclusion 

Scientific research with the spesific problems that 

can be divide into many jobs which does not have 

high dependencies in each proces can be define into 

embarassingly parallel problems. EP problems runs 

well on cluster computer environment that can be 

build as the substitution of supercomputer 

infrasturcture. EP has became favorite between 

researchers that need large computational resources. 

EP gives very nice result on cluster computer 

environment. It show good speed up and efficiency 

regarding general performance of application. 

B. Future Works 

The open research problem on this area is 

concerned on the hardware of cluster infrastructure. 
Simple explanation on EP is the application 

submitting many jobs concurently, but actually the job 

submission engine and the machine itself exploited 

too much on running this application. So, it will 

become big problem if there is some interruption on 

job submission or the machine itself. The new 

software and hardware configuration for cluster 

computer environment should be designed well to 

handle that problems.  
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Abstract—We demonstrate a performance study on wavelet-
based OFDM, particularly using DWT and WPT-OFDM as
substitutions for Fourier- based OFDM with the focus on impulse
noise effects. We begin by constructing the models of the inverse
and forward transforms. We explain in detail each model and
study the BER performance in two scenarios when varying the
Poisson recurrence parameter a from small to large. The wavelet-
based OFDM (DWT-OFDM and WPT-OFDM) is assumed to have
orthonormal bases and perfect reconstruction properties. Results
show that a large value of a limits the impact of impulsive noise
on the system. We also found that the WPT-OFDM platform is
superior in BER to others.

-Keywords: Impulse noise, Discrete Wavelet Transform,
Wavelet Packet Transform, Fourier-based OFDM, wavelet-
based OFDM.

I. INTRODUCTION

Orthogonal Frequency Division Multiplexing (OFDM) is
a promising multicarrier wireless system for transmission
of high-rate data stream with power efficiency and fading
immunity. Conventional OFDM systems use IFFT and FFT
algorithms at the transmitter and receiver respectively to
multiplex the signals and transmit them simultaneously over
a number of subcarriers. The system employs guard intervals
or cyclic prefixes (CP) so that the delay spread of the channel
becomes longer than the channel impulse response to min-
imize inter-symbol interference (ISI). However, the CP has
the disadvantage of reducing the spectral containment of the
channels.

Alternative methods are to use wavelet transforms replacing
IFFT and FFT [1], [2], [5], [6], [7]. By using these transforms,
the spectral containment of the channels is better since they
are not using CP [1], [2], [5], [6]. They can be considered as
Discrete Wavelet Transform OFDM (DWT-OFDM) or Wavelet
Packet Transform OFDM (WPT-OFDM). Both transforms
employ Low Pass Filter (LPF) and High Pass Filter(HPF)
operating as Quadrature Mirror Filters satisfying perfect re-
construction and orthonormal bases properties. The transforms
use filter coefficients as approximate and detail in LPF and
HPF respectively. The approximated coefficients is sometimes
referred to as scaling coefficients, whereas, the detailed is
referred to wavelet coefficients [3]. Sometimes these two filters
can be called subband coding since the signals are divided into
sub-signals of low and high frequencies respectively.

The purpose of this paper is to view the effects of impulse
noise on the wavelet-based OFDM particularly using DWT
and WPT-OFDM as substitutions for Fourier-based OFDM. A
recent work has focussed on the effect of impulse noise when
wavelet packet division multiplexing (WPDM) is used [8].
Some discussions are related to the performance comparison
between OFDM and Time Division multiplexing (TDM).
However, there is no indication of comparative study and
performance using DWT and WPT as alternative replacement
of FFT. Although the studies in [9] provides strong analysis of
impulsive noise and its effect on the performance of OFDM
system, the discussion is mainly for the application in the
power line communications (PLC). To the best of the Authors’
knowledge, there is no work showing the steps of how to
simulate flexible transformed models of DWT- and WPT-
OFDM as alternative replacements of FFT-OFDM under the
effect of impulse noise. This paper is divided into four main
sections: section II will briefly explain conventional FFT-
OFDM, section III will describe in detail the models for DWT-
OFDM and WPT-OFDM, section IV will provide the impulse
noise effects on the OFDM system, and section V will discuss
the bit error rate (BER) performance considering two different
scenarios of impulse noise effects.

II. FOURIER-BASED OFDM

A typical block diagram of an OFDM system is shown
in Fig. 1. The inverse and forward blocks can be FFT-
based, DWT-based or Wavelet Packet (WP)-based OFDM. The
system model for FFT-based OFDM will not be discussed
in detail as it is well known in the literature. Thus, we
merely present a brief description about it. The data dk first
being processed by a constellation mapping. M-ary QAM
modulator is used for this work to map the raw binary data
to appropriate QAM symbols. These symbols are then input
into the IFFT block. This involves taking N parallel streams of
QAM symbols (N being the number of sub-carriers used in the
transmission of the data) and performing an IFFT operation
on this parallel stream. The output in discrete time domain is
as follows:

Xk(n) =
1√
N

N−1∑
i=0

Xm(i) exp
(
j2π

n

N
i
)

(1)
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Fig. 1: A Typical model of an OFDM transceiver with inverse and
forward transforms that can be substituted as FFT-, DWT- or WPT-
OFDM.

where Xk(n)|0 ≤ n ≤ N − 1 is a sequence in the discrete-
time domain and Xm(i)|0 ≤ i ≤ N − 1 are complex numbers
in the discrete frequency domain. The cyclic prefix (CP) is
lastly added before transmission to minimize the inter-symbol
interference (ISI). At the receiver, the process is reversed to
obtain the decoded data. The CP is removed to obtain the data
in the discrete time domain and then processed to FFT for data
recovery. The output of the FFT in the frequency domain is
as follows:

Um(i) =
N−1∑
n=0

Uk(n) exp
(− j2π

n

N
i
)

(2)

III. WAVELET-BASED OFDM

As mentioned in the previous section, the inverse and
forward block transforms are flexible and can be substituted
with FFT-, DWT- or Wavelet Packet (WPT)-OFDM. We have
discussed briefly about FFT-OFDM. Thus, this section will
describe wavelet based OFDM and is divided into two parts:
description of the DWT-OFDM model as well as discussing
the WPT-OFDM model.

A. Discrete Wavelet Transform (DWT)

The model of DWT-OFDM transceiver is shown in Fig. 2.
In the top part, the transmitter first uses a digital modulator
(i.e., 16 − QAM ) which maps the serial bits into symbols
converting dk into Xm, within N parallel data stream Xm(i)

where Xm(i)|0 ≤ i ≤ N −1. The main task of the transmitter
is to perform the discrete wavelet modulation by constructing
orthonormal wavelets. Each Xmi is first converted to serial
representation having a vector XX which will next be trans-
posed into CA. This mean that CA not only its imaginary part
have inverting signs but also its form is changed to a parallel
matrix. Then, the signal is up-sampled and filtered by the LPF
coefficients or namely as approximated coefficients. Since our
aim is to have low frequency signals, the modulated signals
XX perform circular convolution with LPF filter whereas the
HPF filter also perform the convolution with zeroes padding
signals CD respectively. Note that the HPF filter contains
detailed coefficients or wavelet coefficients. Different wavelet

Fig. 2: An Inverse and Forward Discrete Wavelet Transform DWT-
OFDM model. The synthesis filters (transmitter part) are at the top
and the analysis filters (receiver part) are at the bottom.

families have different filter length and values of approximated
and detailed coefficients. Both of these filters have to satisfy
orthonormal bases in order to operate as wavelet transform.
This means that they must be orthogonal and normal to each
other. By assigning g as LPF filter coefficients and h as HPF
filter coefficients, the orthonormal bases can be satisfied via
four possible ways as follows [3]:

< g, g∗ >= 1 (3)

< h, h∗ >= 1 (4)

< g, h∗ >= 0 (5)

< h, g∗ >= 0 (6)

where (3) or (4) is related to the normal property and (5) or
(6) is for orthogonal property accordingly. Both filters are also
assumed to have perfect reconstruction property. This means
that the input and output of the two filters are expected to be
the same [3]. In the transmitter part, this signal is simulated
using MATLAB command [Xk] = idwt(CA, CD, wv) where
wv is the type of wavelet family. On the other hand, the
reverse process is simulated using [ca, cd] = dwt(Uk, wv) in
the receiver. The ca signal will be processed to the QAM
demodulator for data recovery. However, the cd signal is
discarded because it does not contain any useful information.

B. Wavelet Packet Transform (WPT)

A wavelet packet transform (WPT) model is illustrated
in Fig. 3. The wavelet packet forming block can be
simulated using the following MATLAB command T =
wptree(2, 3, xx, wv). The purpose for this command is to
create the wavelet packet tree T to be processed for the
reconstruction block of the WPT. The first parameter 2 is the
order number depending on the input vector signal xx. The
second parameter is the number of level which is depending
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Fig. 3: Inverse and Forward Wavelet Packet Transform WPT-OFDM
model.

Fig. 4: A Wavelet Packet tree corresponding to the ’T’ block.

on the size of xx and wv is the wavelet family. Furthering
process to this, the MATLAB code Xk = wprec(T, wv) is
invoked. The input signals of WPT block has to be a wavelet
packet tree, otherwise, the signal cannot be processed for trans-
mission. Fig. 4 shows the wavelet packet tree corresponding
to the ’T’ blocks in the WPT-OFDM transceiver in Fig. 3.
At each branch, the wavelet packet forms the wavelet basis
function which is split into scaling and wavelet coefficients
corresponding to the LPF and HPF coefficients respectively
[8]. This also means that they have orthonormal bases and
perfect reconstruction properties as discussed in the previous
section. Examples of the wavelet basis function at level 3 are
(3, 0), (3, 1), (3, 2), (3, 3), (3, 4), (3, 5), (3, 6), and (3, 7). Due
to this characteristic, the wavelet packets offer a more complex
and flexible operation. The number of nodes depending on
the number of levels. At the front end of the receiver, the
signals Uk is received by the system and processed by the WP
forming block. For this purpose, the same command as in the
transmitter is invoked. After the WP tree is formed, the WPT
reconstruction will output the wavelet basis functions at the
last terminals to be further process to the QAM demodulator
for the data recovery.

IV. IMPULSIVE NOISE EFFECT

Impulsive noise effect to the OFDM system has been
discussed in many literatures [8], [9], [10]. In this section,
we describe the general principles of the impulse noise when
it affects an OFDM system. We also mention the recurrence
parameter of Poisson distribution which will affect the sys-
tem performance. Assuming that the receiver having perfect
synchronization, rk as indicated in Fig. 1 is written as

rk = yk + gk k = 0, 1, 2, ...L− 1 (7)

where yk is the transmitted OFDM signal, gk is the noise
consisting of AWGN and impulsive noise, and is given by

gk = wk + ik (8)

where wk is the additive Gaussian process with mean zero and
variance σ2

w and ik can be expressed as

ik = βkzk (9)

In this case, βk is the Poisson process indicating the arrival of
impulsive noise and z(n) is the white Gaussian process with
mean 0 and variance σ2

z . It is generally assumed that σ2
z is

much larger than σ2
w. Note that the impulsive noise having

variance σ2
z amplitude occurs during the length of L samples.

The occurrence of the impulsive noise generally is the Poisson
distribution of a random variable X can be expressed as [9]

P (k) = P (X = k) = exp[−a(
ak

k!
)] k = 0, 1, 2, ..., L− 1

(10)
where a is the Poisson parameter which is the average value
of Poisson random variables.

V. EXPERIMENTAL RESULTS AND DISCUSSION

All of the transformed models in FFT-,DWT- and WPT-
OFDM systems used the parameters as shown in Table I. The
number of samples for the subcarriers N is 64, and the number
of samples for the symbols ns is 1000. Other variables are
listed according to their use as in Figs. 1, 2 and 3. The signal-
to-noise ratio (SNR) for all the simulations is determined as

SNR =
Px

Pn
=

Px

σ2
w + Pi

(11)

where Px is the mean power of the transmitted OFDM signal,
σ2

w is the mean power of the Gaussian noise and Pi is the
mean impulsive noise power. The ratio r between Pi and σ2

w

is defined as r = Pi/σ2
w. Since the impulsive noise follows

the Poisson distribution in timing, the equation (11) can be
rewritten as

SNR =
Px

Pn
=

Px

σ2
w + 1

aσ2
z

(12)

where a is the Poisson parameter as indicated in equation
(10) or it is the average value for Poisson random variables
occurring during L = N × ns length of samples. In our
simulation, we are interested to vary the values of a with the
value of r = 10. When a is small, the received OFDM signal
rk has many impulse noise samples as compared to when a
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Fig. 5: Sequence Samples of two OFDM symbols with impul-
sive noise effect, (a) a = 5 and (b) a = 50.

is large. Examples of typical samples of the received OFDM
signals having different a = 5 (small value) and a = 50 (large
value) are shown in Figs. 5a and 5b. We have divided this
section in two parts; scenario I: a = 5 and r = 10, and
scenario II: a = 50 and r = 10. Note that the value of r,
which is the ratio value of Pi over Pn, is not varied because
it will not take much effect of BER results even though the
three platforms are different. On the other hand, a will have
significant change of performance since it is related to the
exponential function as indicated in equation (10).

A. Results: Scenario I

Fig. 6 shows the results of Scenario I when a = 5 and
r = 10 for all platforms. This condition can be referred to as

TABLE I: Simulation variables and their matrix values.

FFT-OFDM DWT-OFDM WPT-OFDM
Variables Matrix Values Matrix Values Matrix Values

N 64 64 64
ns 1000 1000 1000
CP 8 0 0
wv - bior5.5 bior5.5

d (N × ns) 64× 1000 64× 1000 64× 1000
Xm(N × ns) 64× 1000 64× 1000 64× 1000

xx 1× 64000 1× 64000 1× 64000
Xk 64000× 1 128000× 1 64000× 1
Uk 64000× 1 128000× 1 64000× 1
uu 1× 64000 1× 64000 1× 64000

Um (N × ns) 64× 1000 64× 1000 64× 1000

d
′

(N × ns) 64× 1000 64× 1000 64× 1000
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Fig. 6: BER performance of Scenario 1 for all the three transforms
when a = 5 and r = 10.

a heavily disturbed since the system will have more frequent
impulse noise peaks as indicated in Fig. 5a. It is interesting
to see that WPT-OFDM signal shows minimal BER when
there is no impulse noise; also when the impulse noise is
present. At SNR of 20 dB, the BER of WPT-OFDM is about
0.07 as compared to 0.1 and 0.18 of DWT and FFT-OFDM
respectively when there is impulse noise (σ2

z >>> σ2
w). This

also means that WPT-OFDM produces about 3 and 11 less
errors in 100 of the OFDM received samples as compared to
DWT- and FFT-OFDM respectively. This is due to the fact that
the wavelet packet tree produces wavelet basis functions at the
terminal of level 3 having about the same basis functions at
the same terminal as in the transmitter satisfying the perfect
reconstruction and orthonormal bases properties. The DWT-
OFDM also satisfies those properties when it deals with the
LPF and HPF coefficients in the transmitter and receiver.
However, the WPT-OFDM has the characteristics of forming
the wavelet basis function which is the result of the spliting
process of scaling and wavelet coefficients corresponding to
the LPF and HPF coefficients as discussed in section III-B.
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Fig. 7: BER performance of Scenario 2 for all the three transforms
when a = 50 and r = 10.

B. Results: Scenario II

The results of Scenario II when a = 50 and r = 10 for all
platforms are shown in Fig. 7. In this scenario, the condition
of impulse noise effect is less impacted since the value of a
is large as illustrated in Fig. 5b. It is shown that WPT-OFDM
is superior to all as discussed in the previous section. To be
specific, the BER of WPT-OFDM is about 0.015 as compared
to 0.03 and 0.1 of DWT and FFT-OFDM respectively at SNR
of 20 dB in the presence of impulse noise. This also shows
that the WPT obtain about 15 and 85 less errors in 1000 of
the OFDM received samples as compared to DWT and FFT
platforms accordingly. Comparing the BER of Scenarios I and
II, we can point out that the performance for this section is
better since it obtained the result of 0.015 as compared to 0.07
in Scenario I within the same SNR value. This shows that our
results match with the values of a as discussed in section IV
because the effect of the impulsive noise is less when the value
of a is large.

VI. CONCLUSIONS

We presented a performance study on DWT-OFDM and
WPT-OFDM as substitutions for FFT-OFDM, with focus on
the effects of impulse noise. We discussed in details the MAT-
LAB commands regarding the DWT-OFDM and WPT-OFDM
platform models. Performance in terms of BER was also
obtained for all of these techniques while varying the Poisson
distribution parameters. Our results showed that impulse noise
has less impact on the system when its recurrence parameter
a is large. The BER performance of the WPT-OFDM system
is shown to be superior to others.
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Abstract—Data management is one of the most 
important aspects in a grid environment. Grid File 
System (GFS) allows data management in 
heterogeneous and distributed locations using a 
human readable resource namespaces. This 
research implements a GFS using GridFTP 
protocol to transfer data. Implemented GFS has 
three components: GFS console, GFS library and 
Resource Namespace Services (RNS). 

I. INTRODUCTION 
RID computing offers supercomputer-like 
computing capabilities that can be used to 

perform complex calculations including large-scale 
data processing. Common grid infrastructure consists 
of heterogeneous computing resources that distributed 
in a network. Applications in data-intensive fields 
such as bioinformatics, physics simulation and 
information retrieval also require access to large 
amount of data. Therefore, a data management system 
that is easy to use could be provided by a grid file 
system. 

An ideal Grid File System (GFS) could provide a 
standardized file system services in a network or 
several differentiated grid domain [1]. An ideal GFS 
could also offers good performance while handling 
grid security system independently. A GFS should be 
transparent, so users do not need to know the file 
location and all connection authentication since it has 
been handled automatically.  

The Global Grid Forum defines GFS as a human-
readable resource namespace for management of 
heterogeneous distributed data resources that can span 
across multiple administrative autonomous domains 
[…][1]. To develop an ideal GFS, we can use 
GridFTP as a basis for data transfer protocol. GridFTP 
was developed from the FTP protocol by GridFTP 
Working Group which coordinated by Global Grid 
Forum [2]. GridFTP developed as a standard for 
transferring files in a single network or between 
multiple domains of different grid. GridFTP also 
provides security feature which uses Grid Security 
Infrastructure (GSI) standard, third-party control for 
data transfer, and parallel transfer which suit its 
applications in grid environment. GridFTP is included 
in Globus Toolkit installation package, which is 

commonly used for building grid infrastructure, 
thereby  becoming a popular file transfer standard in a 
grid environment [3,4]. 

However, users who are using GridFTP protocol 
still need to actively manage data manually. Common 
data management operations such as read, write and 
copy still require quite a lot of parameters. Parallel 
data transfer and mirroring also needs to be done 
manually. Therefore, GFS is built to facilitate users 
and programmers to perform operation in a GridFTP-
based file system transparently easily. 

The main purpose of this paper is to develop a GFS 
using GridFTP as the file transfer protocol. The 
developed GFS consists of GFS console, GFS library 
and RNS services. GFS console is used as a user 
interface. GFS library used by programmers to 
perform file transfers using the available functions, 
while RNS is responsible for the GFS file metadata 
management. 

II.  RELATED WORK 
There are several grid file system that has been 

developed, such as GFARM  dan Expand[1]. 
Similar with GFS (that is developed in this paper), 

GFARM application consists of a library as the API 
interface and a metadata server which stores its 
directory structure, file information, and replication 
information in a PostgreSQL or OpenLDAP database. 
However, GFARM does not employ standard grid 
technology for performing file transfer. It uses its own 
daemon which handles every I/O and authentication in 
every node. 

Expand is a grid file system which already uses 
standard grid technology, which are GridFTP for file 
transfer and GFS-WG’s RNS standard for metadata 
management. Expand also implements parallel 
transfer and striped data transfer to improve 
performance. 

The GFS which is developed in this paper is 
different from GFARM and Expand. The GFS 
implements data replication with a metadata server. 
Unlike GFARM, GFS application runs in client 
computer only when used. GFS also do not implement 
striped data transfer used in Expand. Therefore, its 
design is lighter and simpler.  
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GFS is designed to replace NFS with single data 
server in a grid environment, which has several 
disadvantages: 
1) NFS do not have security services. This makes it 
insecure for communication across different 
administration domain. 
2) Poor data availability rate. If data server is 
inactive, the data is not accessible. The whole 
infrastructure needs to be rebooted. 

III. SYSTEM DESIGN 

A. Grid File System 
A Grid File System (GFS) supports standard file 

system operations such as writing, deletion, and data 
modification. The differences with a traditional file 
system lies on the nature of distributed storage of a 
grid environment. A GFS is transparent to the user, so 
users do not know where their data is stored and what 
protocol is used [1]. 

Global Grid Forum establishes Grid File System 
Working Group (GFS-WG) to define architectural 
standards and requirements of a Grid File System, 
which consists of Resource Namespace Services 
(RNS) and Architecture of Grid File System Services 
[5]. The standard classifies resources of Grid File 
System as context (information), content (data), and 
commodity (producers and consumers) [6]. 

GFS-WG defines Grid File System (GFS) as a 
software system that provides a federated logical 
resource namespace of heterogeneous distributed 
infrastructure comprising of data and digital 
representations of shared resources amongst the 
autonomous participants in a grid infrastructure [7]. 
This federated logical resource namespace consists of 
human-readable persistent identifiers to represent 
logical organization of data, storage, services and 
other digital entities shared in a grid [5]. This logical 
organization is hierarchical and similar to those 
contained in a traditional file system, where data is 
stored recursively as file and directory. All resources 
in the GFS are represented by metadata in the 
namespace. 

B. Resource Namespace Services 
Resource Namespace Services address the needs of 

access to resources within a distributed network or 
grid by way of a universal name that ultimately 
resolves  to a meaningful address, with a particular 
emphasis on hierarchically managed names that may 
be used in human interface applications [8].  

RNS standards and specifications are issued by 
GFS-WG in 2006 after three years of development. 
The specifications are using web services, which used 
XML, WSDL, and SOAP standard for communication 
[8].  

RNS provides a namespace service that can be 
employed to perform metadata management in a Grid 
File System. A string which is used as user-readable 

name in RNS referred to as namespace entry or 
metadata. These metadata are referencing a resource 
in the grid environment. 

C. GridFTP 
GFS was developed using GridFTP as the data 

transmission protocol. This protocol provides secure 
and high performance data transfer [1]. GridFTP is 
widely used by grid applications, particularly through 
the implementation provided by Globus Toolkit [9]. In 
addition to implementing the GridFTP protocol, 
globus-url-copy also supports many data 
transfer protocols such as FTP, HTTP, and HTTPS 
[10] 

Features of GridFTP protocol extends the standard 
FTP protocol and includes the following features [1]: 
1) Grid Security Infrastructure (GSI) support. 
2) Third-party control and data transfer. 
3) Parallel data transfer using multiple TCP streams. 
4) Striped data transfer using multiple servers. 
5) Partial file transfer and support for reliable and 

restartable data transfer. 
To ensure security, GridFTP implements security 

standards called the Grid Security Infrastructure 
(GSI). GSI service covers [10]: 
1) Single sign-on for using grid services through 

user certificates. 
2) Resource authentication through host certificates. 
3) Data encryption. 
4) Authorization. 

GSI implements public key cryptography (also 
known as asymmetric cryptography) as the basis for 
its security functions. GSI certificates are encoded in 
the X.509 certificate format, a standard data format for 
certificates established by the Internet Engineering 
Task Force (IETF). This certificate can be shared with 
other public keys based software, including web 
browsers from Microsoft and Netscape [11]. This 
certificate is used in data transfer with encrypted 
protocols (GSIFTP and HTTPS). 

IV. SYSTEM ARCHITECTURE 

A. System Design 
GFS generally divided into two environments: 

client environment and server  environment. Client 
environment is the environment inside the user's 
computer containing a software package to access the 
GFS. The software package consists of GFS console, 
GFS library, RNS library and GridFTP library. The 
server environment is a set of GFS machines that 
consists of multiple file servers, CA Proxy Server and 
RNS Metadata Database Server. GFS architecture is 
illustrated in Fig. 1. 

In the client environment, users can access GFS 
through the GFS console interface. Commands 
executed in GFS console will call functions in GFS 
library. GFS library requires GridFTP to access file 
server in GFS. GFS library also requires RNS library 
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for metadata management that uses RNS Metadata 
Database Server. 

 

Fig 1. GFS System Architecture 

In the server environment, the interaction between 
client and file storage servers is done through 
GridFTP library. A GridFTP server must designated 
as a CA proxy server in order to provide a Certificate 
Authority (CA) to the other GridFTP servers. Before 
they can interact with each other, each GridFTP 
servers involved must login to the CA proxy server. A 
RNS Metadata Database Server also needs to be 
prepared for storing metadata and GFS logical 
addresses.  

B. Software Design 
Software architecture for GFS is illustrated in Fig. 

2.  

 
Fig 2. Software architecture for GFS 

Levels in GFS software architecture illustrated in 
Fig. 2 describes a level of dependence for the 
underneath level. To access the GFS, User 
Application must access the GFS Library in second 
level. GFS Library accesses Metadata Database via 
RNS Library. Meanwhile, to connect to the GridFTP 
Services, GFS Library must use GridFTP Library. The 
entire application and libraries were developed in C 
programming language. 

V. METADATA MANAGEMENT 
Metadata is a naming system, which maps data 

organization in the GFS using RNS. RNS uses two-
level mapping of logical and physical location, where 
the logical location in GFS will designate a certain 

physical location in grid environment. 
There are two types of metadata: 
a) Directory: directory metadata is virtual because 

they do not have any other corresponding 
representation outside of the namespace. The function 
of the virtual directory is to facilitate hierarchy and 
simplify data management. A directory can be stored 
in another directory, and can contain a directory or file 
in it recursively to form a hierarchy. 

b) File: file metadata in GFS points to an address of 
a physical location where the file are physically stored 
in the GFS servers.  

Fig. 3 illustrates the hierarchy of RNS metadata in 
GFS that has three servers and uses two servers as 
mirroring parameter. Note the relationship between 
the logical location in the RNS namespace and 
physical address on the GFS file server. Each file 
metadata should be able to obtain the relevant file in 
the server. 

 

 
Fig. 3. Logical and physical address illustration  

A. File Distribution 
GFS distributes the files to the servers listed in the 

RNS database. Each server allocates disk capacity to 
store GFS files. Used capacity for each server is 
recorded in the database.  

Before the GFS library write files to each server 
using GridFTP, RNS determines which server will be 
used and what filename to be written to the server. 
RNS will also sort server list by the largest free space, 
check to see whether the server is connected to the 
grid, and then choose the number of servers in 
accordance with the desired number of mirror server. 
This selection is based on whichever server comes 
first to respond to RNS, under the assumption that the 
server provides better network performance and data 
transfer speed. User can configure the number of 
mirror servers through the configuration. 

After obtaining destination server, RNS will create 
a new physical filename that corresponds with the 
logical location and filename within the RNS 
namespace. For example, if the address of the file in 
RNS namespace is /dir1/dir2/file.txt, then the 
physical filename in GFS servers is 
dir1_dir2_file.txt. The file is located in 
directory /gfs of the servers, so the full physical 
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location address in each server is 
hostname.domain/gfs/dir1_dir2_file.txt. 

If the filename already exists on the destination 
server, we added the suffix of a number 1, so that the 
filename changed into dir1_dir2_file.txt1 and 
so on. 

B. Security 
GridFTP uses Grid Security Infrastructure which 

provided by Globus Toolkit to ensure secure 
(authenticated and confidential) communications 
between grid elements. GSI could also handle single 
sign-on for all resources in the grid, including 
credential delegation for operations that involve 
multiple resources [12]. Thus data transfer security in 
GFS is guaranteed. 

Permission of a file in GFS can be shown by 
running ls –l command in GFS console, which 
illustrated in Fig. 4. Similar with the UNIX-based file 
systems, permissions are classified into three 
categories, which are read, write, and execute. 
Permission rights for the owner of the file and other 
user is also different.  
 

 
 

 
The username used derived from the UNIX 

username that runs the GFS. By default, the owner of 
a file is the user who saves the file to the GFS. The 
same applies to the directory. RNS has not provided a 
way to change ownership of the file yet, but RNS 
already provides a feature to change the access mode 
(chmod). Users can also log on as a superuser to 
acquire access rights to all files and directories. 

C. Locking 
Locking implementation in RNS is achieved by 

giving a flag on the file or directory metadata that 
indicates the item is being accessed. Since each 
process has its own process ID, then the only process 
that can access the file in question is the one that 
locked the file in the first place. The locking technique 
used is two-phase locking. There are two types of 
locking: 

1) Exclusive lock: An item is not accessible at all by 
other processes.  

2) Shared lock: Other processes can perform shared 
lock on this item. However, exclusive lock is not 
allowed.  

In other words, a file that is being modified cannot 
be read, and a file that is being read cannot be 
modified. With locking, every process in GFS is 
expected to run in isolation from one another.  

VI. FILE TRANSFER PROCESS 

A. Send File 
In general, there are three stages in the transfer 

process of the GFS; open, transfer, and close file. The 
three phase of the scheme is illustrated in Fig. 5. For 
the record, this action implements rollback when 
process fails. 

In Fig. 5, processes are grouped into three stages: 
1) Open GFS & local file: GFS console application 

runs gfs_open_file function to write (w) on GFS 
library. Then GFS console application opens local-to-
read (r) file using fopen C library. Meanwhile, 
gfs_open_file runs Lock Metadata and Get File 
Location in RNS. In Get File Location, physical 
locations of file automatically generated by RNS 
library and entered into GFS_file data structures. 

2) Read local & write GFS file: This process is 
carried out when the open stage is successful (local 
and GFS file is not NULL). The process of sending a 
local file to the GFS is done by reading the local file 
into the buffer (read_local_files) use fread C library 
and write to the GFS (gfs_write_file). This process is 
iterated until the local file has reach its end of file 
(eof). For each iteration, threads are made in the 
number of mirrors for data transfer from buffer to the 
physical location. This action is done in parallel and 
will be completed successfully if all the threads are 
finished. To transfer data from the buffer, GridFTP 
library is used to open a connection based on the 
offset using globus_ftp_client_partial_put 
function, while 
globus_ftp_client_register_write function is 
used to write data to the buffer. 

3) Close GFS & local file: GFS console application 
calls gfs_close_file in GFS library to run Save File 
Metadata and Unlock Metadata in RNS. Afterwards, 
GFS library closes the file on the local machines using 
fclose from C library.  
 

 
 

drwxr-x 

‘f‘ :  normal file 
‘d’ : directory 

owner 

other 

Fig. 4. Examples of permissions in the GFS 
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Fig. 5. File sending process to GFS 

 
Fig. 6. Retrieving file from GFS 

 
B. Get File 

File retrieval process from GFS to the client 
computer is illustrated in Fig. 6. 

Similar with the file sending process (put), retrieval 
process (get) is grouped in three stages. However, 
there are some differences in these three processes: 

1) Open GFS & local file: GFS console application 
runs gfs_open_file function from GFS library to read 
(r). Then GFS console application opens a local file 
for writing (w) using fopen C library. The differences 
in gfs_open_file between get and put lies in the Lock 
Metadata and Get File Location process. Get 
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implements shared locking so that other processes can 
both read the same data but not write. RNS library 
will return physical locations information where file 
copies are located and select the best (active server 
with fastest response) among them. The physical 
locations will still be returned by RNS although the 
numbers are less than the mirror configuration (there 
are servers that are inactive). Thus, GFS is still 
reliable although there are servers that are inactive. 

2) Read GFS & write local files: First, GFS will 
copy data from the GFS file to buffer (gfs_write_file), 
and then write it to local file using fwrite C library. 
This process is iterated until the GFS file reach end of 
file (eof). For each iteration, data transfer to the buffer 
performed from the best physical file location. To 
insert data to the buffer, globus_ftp_client_partial_get 
function from GridFTP library is used to to open a 
connection based on file offset and 
globus_ftp_client_register_read function is used to fill 
data into the buffer 

3) Close GFS & local file: Get process doesn’t 
perform Save Metadata because this process doesn’t 
change metadata. 
Both put and get processes are designed to rollback 
the metadata when the process fails. Therefore, the 
process is success when all subprocesses are 
successful. Thus, the integrity of files is intact. 

VII. EXPERIMENT RESULT 

A. Rancangan Eksperimen 
GFS infrastructure that is used for the experiment is 

ilustrated in Fig. 7.  

 
Fig. 7. Grid infrastructure configuration for the experiment 

Tests performed on GFS infrastructure that is built 
with four computers. Three computers act as GFS file 
servers, where one of them acts as both proxy CA 
RNS server and database server metadata. One 
computer left is used as a client. All four computers 
are connected via a switch that is used exclusively by 
this grid network. It is done to eliminate the influence 
of data traffic activity in the network. 

The specification of the GFS server is shown in 
Table 1. 

Table 1. Specification of the computers in GFS grid 
experiment 

 File Server 1 File Server 2 
Function GFS Server 1 

 
GFS Server 2,  
CA proxy Server, 
RNS Database 
Server 

Operating 
System 

Debian 5.0.3 Debian 5.0.3 

GridFTP 
Version 

4.2.1 4.2.1 

Processor Intel Pentium 4 2.8 
GHz 

Intel Pentium 4 
2.0 GHz 

RAM 512 MB 512 MB 
Harddisk 
Capacity 

80 GB 80 GB 

Capacity 
allocated for 
GFS 

5 GB 5 GB 

 File Server 3 Client 
Function GFS Server 3 Klien  
Operating 
System 

Debian 5.0.3 Debian 5.0.3 

GridFTP 
Version 

4.2.1 4.2.1 

Processor Intel Pentium 4 2.8 
GHZ 

Intel Pentium 4 
2.0 GHZ 

RAM 512 MB 512 MB 
Harddisk 
Capacity 

80 GB 40 GB 

Capacity 
allocated for 
GFS 

5 GB - 

 
Performance testing is performed in configuration 

of mirrors = 3. Put performance benchmark is based 
on the number of active servers and the size of buffer 
size used. Meanwhile, Get function is performed with 
configuration of mirrors = 3 and buffer = 5 MB. Get 
performance is measured based on the number of 
active servers. 

Performance measurement in this trial is obtained 
from the length of the put / get operation in seconds. 
The value is obtained from the calculation of the 
number of operating clock on processors divided by 
the number of clocks per second. The less time it takes 
to execute, the better the performance is.  

B. Experiment result and analysis 
Performance test results for the put function is 

illustrated in Fig. 8. 
Performance test result of put function explains two 

things: 
1) The bigger the buffer is used, the higher the 

performance. This could occur because of reduced 
number of loops that are used to fill the buffer and 
sends it to GFS. The number of loops is based on the 
division of file size with the buffer size to send data to 
the file. When the buffer is bigger, then less loop is 
needed. Thus, the time required for file delivery is 
also less. However, the difference in execution time 
decreases with increase in the size of the buffer. In 
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ABSTRACT— We present in this paper an 
algorithm allowing an efficient computation of a 
DBM over-approximation of the state space of pre-
emptive systems modelled by using Time Petri Nets 
with inhibitor arcs. For this effect, each class of 
this graph is expressed as a pair (M, DD), where M 
is a marking and D is the system of DBM 
inequalities. In [2] we have defined an algorithm to 
compute the system D straightforwardly in its 
normal form, without requiring computing the 
intermediary polyhedron. We explore for this 
abstraction a suitable equivalence relation that 
contracts yet more the graphs. Experimental 
results comparing our algorithm with other 
approaches are reported. 

KEYWORDS— Difference Bound Matrix, State class graph, pre-
emptive systems, Inhibitors arcs, Time Petri Nets. 

I. INTRODUCTION 
owdays, the correctness proofs of real-time pre-
emptive systems are demanding much theory 
regarding their increasing complexity. The 

execution of such systems admits that a task may be 
stopped for a while and later resumed at the same 
point. This notion of suspension requires to extend the 
semantics of traditional timed models with the concept 
of stopwatch [4] [5] [7] [8]. The verification of 
qualitative and quantitative properties of such system 
on its formal description involves the investigation of 
a part of or the whole set of its reachable states that 
determine its state space. As the state space is 
generally infinite due to dense time semantics, we 
need therefore to compute finite abstractions of it that 
preserve properties of interest. In these abstractions, 
states are grouped together, in order to obtain a finite 
number of these groups. The states pertaining to each 
group can be described by a system of linear 
inequalities, noted D, whose set of solutions 
determines the state space of the group. Hence, if the 
model does not use stopwatches, then D is of a 
particular form, called DBM (Difference Bound 
Matrix) [6]. On the other hand, the system D takes a 
general polyhedral form whose canonical form is 
given as a conjunction of two subsystems 
D= D D̂∧  where D is a DBM system and D̂  is a 

polyhedral system that cannot be encoded with DBMs. 
The major shortcoming of manipulating polyhedra is 
the performance loss in terms of computation speed 
and memory usage. Indeed, the complexity of solving 
a general polyhedral system is exponential in the 
worst case, while it is polynomial for a DBM system.  
In order to speed up the state space computation, an 
idea is to leave out the subsystem D̂  when it appears, 
thus over approximating the space of D to the DBM 
containing it. The obvious consequence of over 
approximation is that we add states in the class that 
are not reachable indeed. For this effect, many 
algorithms have been proposed to compute the tightest 
DBM over approximation [1] [5] [8]. For instance, in 
[1] the authors have proposed an efficient algorithm 
that reduces sensibly the computation effort of a class 
by avoiding the manipulation of the intermediary 
polyhedron. Moreover, they showed in another work 
[2] that by relaxing a bit in the precision of the 
constraints of the system D they achieve to compute 
smaller graphs with lesser expenses. We consider in 
this paper pre-emptive systems modelled using ITPN 
(Time Petri Nets with inhibitor arcs) [8]. This model 
extends TPN to inhibitor arcs to control the activation 
and the suspension of stopwatches. In order to 
improve yet more the algorithm defined in [2] we 
introduce in this paper a new equivalence relation to 
contract the graph that we prove to be a bisimulation 
to the equality. This abstraction preserves all the firing 
sequences of the model and stands to be more 
appropriate to model checking the linear properties of 
the system. 

The remainder of this paper is organized as follows: 
In section 2 we present formally the ITPN model. In 
section.3 we introduce our approach. In section 4 we 
discuss some experimental results that compare the 
performances of our algorithm with those of other 
approaches. 

II. TIME PETRI NET WITH INHIBITOR ARCS 
Definition .1 An ITPN is given by the tuple 

(P,T,B,F,M⁰, I, IH) where: P and T are respectively 
two nonempty sets of places and transitions; B is the 
backward function: B:P×T→ ={0,1,2,..}; F is the 

forward function F:P×T→  ; M⁰ is the initial marking 

N
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mapping M⁰:P→  ; I is the delay mapping I:T→
⁺× ⁺∪{∞}, where ⁺ is set of non negative rational. 

We write I(t)=[tmin(t),tmax(t)] such that 0≤tmin(t)≤
tmax(t) ; IH:P×T→   is the inhibitor arc function; 
there is an inhibitor arc connecting the place p to the 
transition t, if IH(p,t)≠0. 

 

Time Petri nets with inhibitor arcs [8] extends time 
Petri nets [7] to inhibitor arcs. For instance, let us 
consider the ITPN model shown in Fig.1. Therein, an 
inhibitor arc is the arc ended by a circle that connects, 
for instance, the place p₂ to the transition t₄. Initially, 
the place p₂ and p₃ are marked; hence t₄ and t₅ are 
inhibited while t₃ is activated. However, the firing of 
the transition t₃ will consume the token in the place p₂ 
and thus removes the inhibition of the transitions t₄ 
and t₅.  

 

Let RT:=(P,T,B,F,M⁰,I,IH) be an ITPN.  
 

 - We call a marking the mapping, noted M, which 
associates with each place a number of tokens: M:P→

. 
 - A transition t is said to be enabled for the 

marking M, if p∈P,B(p,t)≤M(p). We denote by Te(M) 
the set of transitions enabled for M. 

 - A transition t is said to be inhibited for a marking 
M, if it is enabled and if there exists an inhibitor arc 
connected to t, such that the marking satisfies its 
valuation (t ∈ Te(M)) ∧ p ∈ P,0<IH(p,t) ≤ M(p). We 
denote by Ti(M) the set of transitions that are inhibited 
for the marking M. 

 - A transition t is said to be activated for a marking 
M, if it is enabled and not inhibited, (t∈Te(M))∧  
(t Ti(M)); we denote by Ta(M) the set of transitions 
that are activated for the marking M. 

 - Let M be a marking ; two transitions ti and tj 
enabled for M are said to be conflicting for M, if p∈P 
B(p,ti)+B(p,tj)>M(p).We denote by Conf(M) the 
relation built on Te(M)² such that (t₁,t₂)∈Conf(M), iff 
t₁ and t₂ are in conflict for M. 

 

F t us c ider again the ITPN of Fig.1. 
Its i  is eq to  

or instance, le ons
nitial marking ual 

M⁰:{p₁,p₂,p₃} → 1;{p₄} → 0; the sets of enabled, 
inhibited, and activated transitions for M⁰ are 
respectively Te(M⁰)={t₁,t2,t3,t₄,t₅}, Ti(M⁰)={t₄,t₅} and 
Ta(M⁰)={t₁,t2,t₃}. 

We define the semantics of an ITPN as follows: 
 

Definition.2 The semantics of an ITPN is defined as 
a LTS (labelled transition system), ST=(Γ,e⁰,→), such 
that:  

• Γ is the set of accessible states: Each state, 
noted e, pertaining to Γ is a pair (M, V) where M is a 
marking and V is a valuation function that associates 
with each enabled transition t of Te(M) a time interval 
that gives the range of relative times within which t 
can be fired. Formally we have:  

t ∈Te(M (t),y(t)]  ),  V(t):=[x

•  e⁰=(M⁰,V⁰) is the initial state, such that: t∈
Te(M⁰),  V⁰(t):=I(t) [tmin(t),tmax(t)].  :=

• →∈Γ× (T× ⁺)×Γ  is a relation between states, 

such that ((M,V),(tf, tf),(M↑,V↑))∈→, iff:   

     (tf∈Ta(M))∧ x(tf }≤ tf  ≤MINt∈Ta(M)  y(t).  
 

 an
 

∈P, M↑(p):=M(p)-B(p,tf)+F(p,tf) .  

d we have:  

p

t∈T ↑)  e(M

   if t New(M↑):  
 

   [x↑(t), y↑(t)]:=[MAX(0, x(t)-tf),  y(t)-tf]   t ∈Ta(M) 

   [x↑  y↑(t)]:=[x(t),  y(t)]  t∈Ti(M) (t),

   if t  New(M↑)   
 

 [x↑(t), y↑(t)]:=I(t)=[tmin(t), tmax(t)]  
 

 - where New(M↑ ) denotes the set of transitions 

newly enabled for the marking M↑.  

These transitions are those enabled for M↑ and not 

for M, or those enabled for M ↑  and M but are 
conflicting with tf  for the marking M.  Otherwise, an 
enabled transition which does not belong to New(M↑) 
is said to be persistent. 

    

 
Fig. 1  An ITPN Model. 

 

If t is an enabled transition for a state e, we note t 
the clock associated with t that takes its values in ⁺. t 
measures the residual time of the transition t relatively 
to the instant when the state e is reached. The time 
progresses only for activated transitions, whereas it is 
suspended for inhibited transitions. Therefore, a 
transition tf can be fired at relative time tf from an 
accessible state e, if tf is activated for the marking M, 
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and if the time can progress within the firing interval 
of tf without overtaking those of other activated 
transitions. 

III. ITPN STATE SPACE CONSTRUCTION   
For a TPN, the state class graph method [3] allows 

to compute a graph that preserves chiefly the linear 
properties of the model. Likewise, this construction 
can be applied to an ITPN. This consists in regrouping 
in a same class all the states accessible after firing the 
same sequence of transitions; all the states of a same 
class have the same marking M. Hence, a class is 
defined by the pair (M,D) where M is the common 
marking and D is a set of inequalities encoding the 
firing space of the class. More formally, a class is 
defined as follows [4]: 

 

Definition.3 Let ST=(Γ,e⁰,→) be the LTS associated 
with an ITPN. A class of states of an ITPN, denoted by 
E, is the set of all the states pertaining to Γ that are 
accessible after firing the same untimed sequence S= 
(tf¹,..,tfⁿ) from the initial state e⁰. A class E is defined 
by (M, D), where M is the marking accessible after 
firing S, and D is the firing space encoded as a set of 
inequalities. For Te(M)={t₁,..,ts}, we have :  D= D̂ ∧ 
D  

 
D:= 
     
   

 with (tj,ti)∈Te(M)²  d ∪{∞}, d•i∈ ⁺∪{∞}, di•∈ ⁺  ij∈

D̂ :=∧ ..p  (α1k k=1 t₁+..+  αsk ts ≤ dk )    
 

 with dk∈ ∪{∞}, (α1k,..,αsk)∈ s  and Z denotes the set of relative 
integers.  k, (i,j),(αik,αjk)  {(0,0),(1,-1)} 

     
In case of a TPN, the system D is reduced to D. The 

inequalities of the latter are of a particular form, called 
DBM [6]. This form makes it possible to apply an 
efficient algorithm to compute the class. However, for 
a ITPN the set of valuations pertaining to a given class 
cannot be encoded anymore with DBMs. Actually, 
inequalities of general form are needed to encode the 
firing space of a class. The manipulation of these 
constraints, given by the subsystem D̂  induces a 
higher complexity that can be exponential in the worst 
case. To tackle this issue, DBM over approximation 
technique has been proposed as an alternative solution 
to analyse pre-emptive systems [5] [8]. This approach 
consists in cutting off the inequalities of the subsystem 
D̂  when they appears in D; it thereby keeps only 
those of the subsystem D to represent an over 
approximation of the space of D. This solution makes 
it possible to build a less richer graph, noted GR, than 
the exact one, noted GR, but nevertheless with lesser 
expenses in terms of computation time and memory 
usage. In the sequel, we encode the system D as a 

square matrix where each line and corresponding 
column, are indexed by an element of Te(M)∪{ •}. We 
ha   ve:

ti,tj ∈ Te(M)² ∧ (ti ≠ tj), D[•,ti]:=d•i;  
D[ti,•]:=-di• ;  D[ti,tj]:=dij ;  D[ti,ti]:=0; D [•,•]:=0. 

 

In other respects, it has been shown in [2] that by 
relaxing a little bit in the precision of the DBM 
approximation we achieve to reduce yet more the 
computation effort of the graph while compacting its 
size. Formally, this construction is defined, as fo : llows

Definition.4 The contracted approximated graph of 
an ITPN, denoted by GRC, is the tuple (CEC,Ec⁰, ), 
such that : 

- C  th t pproximated classes accessible in 
GRC

E is e se  of a
;  

- Ec⁰=(M⁰, Dc⁰)∈CEC is the initial class such that 
Dc    D⁰ = ⁰; 

-  is a transition relation between approximated 
classes defined on CEC×T×CEC, such that 
 ((M, Dc),tf ,(M↑,Dc↑))∈ , iff : 

 

1. 

e(M)∪{•}, β[x]=MINt∈Ta(M) {D

(tf∈Ta(M)) ∧ (β[tf] ≥0) such that:  

x∈T c[x,t]}. 

2. p∈P, M↑(p):=M(p)-B(p,tf)+F(p,tf).  
3. The coefficients of the DBM inequalities of the system 

Dc ↑  are computed from those of Dc by applying the 
following algorithm:  

 

t∈Te(M↑) Dc↑[t,t]:=0;      Dc↑[•,•]:=0; 
If t is persistent  
 

  If t∈Ti(M)    Dc↑ [t, •]:= Dc[t, •]; 

                     D   c↑ [•,t]:= Dc [ •,t]  

  If t  Ti(M)     Dc↑[•,t]:=Dc[tf,t] ;   Dc↑ [t,•]:=β[t].  
 

If t is newly enabled.  
  

 Dc↑ [•,t  D]:=tmax(t) ; c↑ [t
 

 (t ( ↑))²∧(t₁≠t₂)  

,•]:=-tmin(t).  

₁,t₂)∈ Te(M
     If t₁ or  newly enabled.      t₂ are
       Dc↑ [t₁,t ]:₂ = Dc↑ [•,t₂]+ Dc↑ [t₁,•].  
 

     I ₂ are pers    f t₁ and t istent. 

  If (t ,t (M))² or (t Ti(M))²  
 

₁ ₂) (Ti ₁,t₂)∈(

   Dc ₂ :=MIN(D↑ [t₁,t ] c[t₁,t₂],  Dc↑ [•,t₂]+ Dc↑ [t₁,•]).  
 

  If  (t ,t (M))²∧(t₁∈Ti(M))∨(t₂∈Ti(M))  ₁ ₂) (Ti

    Dc↑ [t₁,t₂]:= Dc↑ [ ₂]+ D•,t c↑ [t₁ •]. 

raph 

,
 

The g GRC is computed gradually by 
enumerating all the classes accessible from the initial 
class Ec⁰. To put an end to the enumeration process, 
the algorithm is provided with class equivalence 

∧i≠j   (tj - ti ≤ dij ) 

≤ ≤(d d )
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conditions. These are based on the equality of 
markings and systems. We show in the sequel how the 
construction of the approximated graph GRC, as 
defined in Definition.4, can be improved still more by 
reducing as well as its size as the effort of its 
computation. This is achieved by exploring a less 
stronger equivalence conditions than the equality. This 
contraction exploits the following concepts: 

1. In the construction defined in Definition 4, we 
notice that the friability of a transition is checked by 
comparing the coefficients β[t’] which are computed 
exclusively from Dc[t,t’]. Besides, the elements 
Dc[•,t] as well as Dc[t,•] when t’ is activated, are not 
required in the computation of the accessible system 
Dc↑. Therefore, when performing the equivalence test, 
we can avoid to compare the elements Dc [•,t] and Dc 
[t,•] when t is activated. 

2. The second level of the contraction allows 
regrouping classes, as equivalent, when the 
comparison between some firing distances is useless. 
In order to discuss this idea, we need befor o 
introduce the following notation: 

e t

• A transition ti is said to be inhibiting tj, if p∈
P, 0<IH(p,ti) ≤ B(p,tj). This means that if the 
transition tj is enabled for a given marking, then tj 
cannot be activated for this marking. We denote 
hereafter by Inhib the relation defined on T², such 

that (ti,tj)∈Inhib, if tj is inhibiting ti. Note that the 
relation Inhib is not reflexive, however if (ti,tj) and 
(tj,ti) ∈ Inhib, then this means that ti and tj are 
inhibited when they are enabled together.  
So, if we consider two transitions that cannot be 

activated in the same time (namely, t’ is inhibiting t), 
then it appears that the constraints of the transition t 
have no impact on the firing of t’, and conversely, in 
the graph GRC. Therefore, the distances Dc[t’,t] and 
Dc[t,t’] are useless since they are not required to 
decide the firing of the transitions t’ and t since t and 
t’ cannot be activated together. Moreover, we do not 
need even, to compute these distances and to compare 
them when running the equivalence test. 

 

3. The third level of the contraction deals with 
conflicting transitions. Before discussing it, we need 
before to introduce the following notations:   

• We denote by AT the set of transitions of T 
that are not connected to any inhibitor arc: t∈AT, if 

p∈P,IH(p,t)≠0.  
• Two transitions ti and tj are said to be twin, if 

p∈P,  IH(p,ti)=IH(p,tj). This means that if both 
transitions are enabled for a given marking, then 
both are either inhibited or activated for this marking. 
We denote hereafter by Twin the relation defined on 

T², such that (ti,tj)∈Twin, if ti and tj are twin. Note 

that AT² Twin and we have if (ti,tj)∈Twin, then (tj,ti)

∈Twin. 
The idea is to leave out the comparison of the firing 

distance between two conflicting transitions t and t’ 
when its value is positive. More concretely, if two 
transitions cannot be inhibited, then if Dc [t,t’]≥0, then 
the transition t’ has no impact on the firing of t as long 
as both remain persistent. However if t is fired, then t’ 
will be disabled afterwards since both transitions are 
conflicting for the same markings. Therefore, there is 
no need even to re-compute the value of positive 
distances since the latter preserve their status as long 
as the conflicting transitions are not disabled in the 
run. However, when dealing with inhibited conflicting 
transitions, this property stands consistent only when 
the transitions are twin.  

To make clearer these concepts, let us consider the 
ITPN of Fig.1. We have Inhib={(t₄,t₃),(t₅,t₃)}; hence 
the application of the last properties makes that the 
distances Dc[t₄,t₃], Dc[t₃,t₄], Dc [t₃,t₅]  and Dc[t₅,t₃] 
should be left out during the computation of a class as 
well as when performing the equivalence test. 
Furthermore, we have AT={t₁,t₂,t₃,t₆} and Twin=AT²∪
{(t ₅),(t ₄ . However, ng ements of Twin, 
on an ns  
₄,t ₅,t )} amo  el
ly tr sitio
t₁ and t₂, on a hand, and t₄ and t₅, on the other hand, 

are in conflict for the initial marking. Therefore, since 
the distances Dc⁰[t₁,t₂], Dc⁰[t₂,t₁], Dc⁰[t₄,t₅] and 
Dc⁰[t₅,t₄] are positive, we do not need to re compute 
their value as long as the related transitions remain 
persistent. Furthermore, as the firing of t₁ (resp, t₄), 
disables t₂ (resp, t₅), and conversely, these distances 
stand to be useless for the equivalence test. 

 
The exact construction GR [4], the tightest DBM 

over approximation GR [1] and the abstraction GRC 
produce all the same graph shown in Fig.2.a. However, 
the application of the last properties makes it possible 
to contract further the graph GRC, as depicted in 
Fig.2.b. Although it is smaller, we notice that the 
obtained graph is bisimilar to the former, as it allows 
gathering classes that derive the same firing sequences. 
For instance, firing t₁ (resp, t₂), in GRC from the 
initial class Ec⁰ leads to the class. 

Remark The class Eci corresponds to the node 
numbered (i) in the graph. 
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Fig.2. The exact Graph and its DBM approximations. 

 
Ec¹ (resp, Ec⁶). These classes are not equal, but 

they are bisimilar indeed. In actual fact, the distances 
Dc[•,t₃], Dc[t₄,t₃] and Dc[t₅,t₃] which impede the 
equality to hold, are useless since t₃ is inhibiting t₄ 
and t₅. Furthermore, the classes Ec² and Ec⁸ are 
equivalent since the coefficient Dc[t₄,•] can be left out. 
Finally, the classes Ec¹⁰ and Ec⁹ are gathered since the 
positive distances Dc[t₁,t₂] can be ignored; t₁ and t₂ 
are two twin conflicting transitions. Hence we obtain a 
much compact graph of 8 nodes and 16 edges, 
whereas the other constructions produce a graph of 11 
classes and 22 edges. More formally, we introduce 
this contraction as an equivalence relation, defined as 
given next: 

 
 

Definition.5 Let  be a relation over state classes 
of the graph GRC, defined by: ((M,Dc), (M’,Dc’))∈  
if:  

(i) M=M’  
 

(ii)  t∈Ti(M)   
        Dc[•,t]=Dc’[•,t],  Dc[t,•]= Dc ‘[t,•]  
 

(iii)  (t,t’)∈Twin∩Conf(M)   

 sg(D
 
 
(iv) (t,t’)∈Te(M)²-(Twi Conf(M))  n∩
      such that (t’, t),(t,t’)  Inhib,  

c [t,t’])= sg(Dc’[t,t’])  
Dc [t,t’]= Dc’[t,t’]                   If sg(Dc [t,t’])=<₀

        Dc [t,t’]= Dc‘[t,t’].   
 

where sg(v) is a function which gives the sign of the value 
v, sg: ∪{∞}→{≥₀,<₀} such that ≥₀ (resp, <₀), denotes 
"positive or null" (resp, strictly negative).  

 

In concrete terms, two classes (M, Dc) and (M’, Dc’) 
are in the relation , if: (i) they enjoy the same 
marking; (ii) the maximum and minimum residual 
time of any inhibited transition is identical in both 
classes; (iii) for any pair of conflicting twin enabled 
transitions, the firing distance involving both 
transitions in both classes holds the same sign, and 
this distance must be equal in both classes only when 
it is negative; (iv) For all other pairs of enabled 
transitions that are not in the relation Inhib, the firing 
distance involving both transitions must be equal. Let 
us prove now that the relation  is a bisimulation over 
the classes of the graph GRC. 

Theorem.1 The relation  is a bisimulation over 
the graph GRC

 

. 
 

By avoiding, on a hand, to compute some distances 
when working out each accessible class, and on the 
other hand, to compare them during the equivalence 
test, we succeed to reduce the computation effort of 
the approximated graph GRC. This construction 
achieves, in general, to reduce sensibly the size of the 
graphs, but however while loosing a bit of precision in 
the approximation.    The last abstraction over the 
classes of the graph GRC is the quotient graph of GRC 
w.r.t the relation . It preserves both markings and 
firing sequences while it is, in general, smaller. The 
GRC may be more appropriate than GR to check over 
linear properties of the model, especially when the 
number of additional sequences that have been added 
due to constraint relaxation stands of limited number. 
However, when the GRC provides a too coarse 
approximation, it may yield a larger graph than GR; 
the additional sequences are too numerous to be 
wrapped by the contraction. In actual fact, the 
abstraction GRC is more convenient to be built when 
the number of inhibiting and conflicting transitions is 
important in the net, otherwise the construction of GR 
should be considered. 

The tests have been performed on a Pentium V with 
a processor speed of 2,7 GHZ and 1,9 GB of memory 
capacity. They have been carried out while using 
different tools: TINA tool [10], ROMEO tool [9] and 
our tool named ITPNT. Their performances are 
assessed while considering three parameters, the 
number of classes, the number of edges, and finally in 
terms of computation times. It is noteworthy that 
ROMEO does not bring out some parameters; we 
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denote that by the notation NA (Not Available). 
Through these tests, we intend to advocate the benefits 
of using the GRC construction when dealing with 
conflicting and inhibiting transitions. For this effect, 
we have considered the ITPN given in Fig.3 while 
varying the intervals of transitions t₆,t₇ and t₈; the 
results of these experiments are reported in Tab.1. All 
the experiments show that the graph computation 
times are in favour of our algorithm. The construction 
of GRC achieves to reduce significantly the size of the 
graphs as well as their computation effort. 

IV. EXPERIMENTAL RESULTS 

 
Fig. 3 ITPN used in the experimentations. 

TABLE I 
RESULTS OF EXPERIMENTS 

 

V. CONCLUSIONS 
We have proposed in this paper an efficient 

algorithm to contract the DBM over-approximation of 
the state class graph of preemptive systems. For this 
effect, we have shown in [2] that by relaxing a little 
bit in the precision of the DBM approximation, we can 
achieve to compute graphs that can be more 
appropriate, in certain cases, to model-checking the 
linear properties of the model. We have discussed in 
this paper how this construction can be improved yet 
more by leaving out all the distances that are useless 
for the class computation process. Hence, we have put 
forward an equivalence relation that reduces sensibly 
the size of the graphs as well as the effort of their 
computation. Experimental results have been reported 
to advocate the benefits of this approach.  
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Abstract—We have developed a new method to detect
plagiarism among a set of highly similar programs. We
start by tokenizing each source code, align these tokens,
and compute the statistical significance of the reported
alignment. We propose a new scoring matrix that differ-
entiates between conservative substitution of tokens to
non conservative ones and introduces random shufflings
of source codes to construct a statistical framework
to interpret the result of source codes alignment. The
result of our experiments shows that our algorithm is
appropriate for detecting trivial to non trivial plagiarism
techniques in source codes that are roughly equal in
size. The assessment of our random shuffling processes
shows a limited applicability but sheds light for future
improvements.

I. INTRODUCTION

Detecting plagiarism is a well-established
problem in the field of computer science.
Although numerous approaches have been proposed
[3][5][11][2][1][4][6][8][7][9] to solve it, only a few
addressed the issue of detecting plagiarism within
a set of similar source codes. Furthermore, most of
the previous approaches overlooked the necessity to
provide a statistical analysis of how significant is their
calculated similarity (i.e. are the two source codes
similar due to plagiarism or by chance). In this study,
we focus in developing an algorithm to address these
issues.

An algorithm to detect similarity in a set of already
similar source codes is an important issue for many
educational institutions. In teaching programming
courses, students are asked to solve a specific problem.
Thus, all of the submitted programs already have
an inherent similarity: they are written to solve the
same problem. Therefore, there is a need to develop
an algorithm to detect plagiarism within a set of of
already similar source codes and assess the statistical
significance of the calculated similarity.

II. PROPOSED APPROACH

Previous approaches in detecting code similarity can
be divided into two main flavors:

1) token-based approach, detecting similarity by
token to token comparison between the two
source codes.

†These authors contributed equally to this work

2) structure-based approach, detecting similarity
by aligning partial or complete syntax tree struc-
tures of the two source codes.

For detecting similarity in a set of already similar
source codes, structure-based approach may not be
appropriate; a set of source codes that implement
merge sort will likely give similar syntax tree
structures. Hence, two programs that are developed
independently can be detected to be very similar.
Our proposed approach is based on the work of
Ji et.al. [5], that borrows the concept of pairwise
alignment from the computational biology field to
detect program similarity. Unfortunately, this existing
approach focuses on finding alignment locally (i.e.
finds only similar contiguous regions between two
programs) instead of globally (i.e. trying to align the
program from the start to the end). The latter approach
is appropriate in detecting similarities in programs
that are roughly equal in size and is sensitive detecting
dissimilarities among highly similar set of programs.
The first contribution of our proposed research is
applying the concept of global pairwise alignment
of two source codes. The last two contributions that
our research will contribute are the development of
a weighted scoring matrix to score an alignment (of
source codes) and statistical framework to determine
how significant the calculated similarity of two source
codes is.

Our method starts by tokenizing each source
code into a string of tokens (Figure 1, box 1). These
strings of tokens are grouped by methods in which
they originated from. These methods are rearranged
such that two methods that have similar return values,
parameters, and size are placed in the same order in
their respective documents. In other words, if method
a from document x is similar to method b from
document y, then they should be placed as the ith

method in their respective documents. The value of
i does not matter as long as it is consistent between
the two documents (i.e., a and b). This rearrangement
gives way to unique methods of both documents to
be placed at the end of the document. The placing
is important as we gives less weight to mismatches
that occurs at the end of the document. The next step
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Fig. 1. The outline of our proposed approach to detect similarity between two source codes

is to align a string of tokens (from one source code)
with another string of tokens (from another source
code) by allowing gaps to occur in the beginning,
middle, or last positions (Figure 1, box 2). The output
is an alignment score; that is the sum of how many
positions are either matched, mismatched, or skipped.
Each match, mismatch, and gap is scored differently
according to the developed scoring matrix (Figure 1,
box a). Using only the raw alignment score, we cannot
determine if the two source codes are similar due to
plagiarism or by chance. Therefore, it is important to
assess if an observed alignment score is statistically
significant or not (Figure 1, box 3). To perform such
statistical test, we will develop a distribution model
that is calculated from many alignment scores of
unrelated source codes of the same length (Figure 1,
box b). The original alignment score of the two source
codes are compared to the distribution model. If the
alignment score is located in the extreme positions of
the distribution, it is likely that the similarity between
the two source codes is due to plagiarism rather than
by random chance. Further explanation of each step
is provided below:

A. Tokenizing each source code into a string of tokens

In this step, we parse the source codes and replace
appropriate language-dependent keywords into a spe-
cific tokens. It is done to avoid misalignment due to
differences in variable names, function names, etc.
Any spaces and comments are also discarded.

B. Pairwise alignment of two strings of tokens

Each string of tokens (from one source code) is
aligned with another string of tokens by using the
Needleman-Wunsch algorithm [10], that is based on
dynamic programming. Each alignment will receive
a score that is the sum of how many matches,
mismatches, and gaps in each position. Typically, a
match has a positive weight; whereas a mismatch or
a gap have negative weights.

In programming, there are many keywords that
are similar in functions (i.e, repetition can be
done using a for loop, do-while loop, while
loop, etc). Therefore, a mismatch between these
similar keywords should be weighted positively. For

example, a mismatch between a for loop with a
while loop should be weighted positively than
a mismatch between a for loop with a variable
declaration. For further reference, we will denote
various substitution between similar keywords as
conservative substitutions. The full description of our
substitution matrix is available is described in Table
II-B

Let n to be the number of keywords defined for
a certain programming language. Then, our scoring
matrix S will be of size n × n, in which each element
Sij is the score of aligning tokeni with tokenj .

C. Statistical significance of an alignment score

Given an alignment score, we would like to know
how likely the observed score can occur by chance. To
test the significance of a similarity score, we follows
the following procedure:

1) Compute an alignment score between two source
codes of size, approximately, n tokens.

2) Generate a distribution model from pairwise
alignments of many unrelated source codes of
size n. The unrelated source codes can be
generated through random shuffling of one of
the source code. The shuffled source codes are
then aligned to produce another alignment score.
More alignment scores can be produced by re-
peated shuffling. We characterized our shuffling
process with two parameters: the number of
new documents created by the random shuffling
process (Sn) and the degree of shufflings (Sd)
used in percentage. The latter parameter signifies
how many lines of codes being shuffled in a
document. For example, if the source code has
100 statements, an Sd of 20% means that we
pick and switch two random statements in the
source code twenty times.

3) From the generated distribution model, we can
calculate the sample µ and σ. If x is our original
alignment score, then a z-score can be obtained
as follows:

z =
x− µ
σ

(1)
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TABLE I
ALIGNMENT SCORE WHEN SIMILAR TOKENS ARE ALIGNED

token groups alignment score per match
(do-)(while loop with for loop 0.8
if statement with switch statement 0.8
int, short, and byte 0.8
float and double 0.8

The calculated z-score should reflect how signif-
icant the observed alignment score is. The more
significant it is, the more likely the two source
codes are similar due to plagiarism

III. EXPERIMENTAL SETUP

In evaluating the performance of our proposed al-
gorithm, we tested it on a set of artificial data. The
artificial data is originated from a set of unique source
codes. We duplicated each source code by commit-
ting common plagiarism techniques. We added trivial
plagiarism alterations (e.g.,producing exact duplicates,
changing variable names, etc) to non-trivial ones.
We purposely created artificial data to delineate the
types of common plagiarisms that can be detected or
not detected by our algorithm. Types of plagiarism
techniques committed to produce our set of artificial
data are listed below:

1) changing class names
2) adding dummy classes
3) changing the order of the classes
4) changing the order of methods in a class
5) adding dummy methods
6) changing names of methods
7) breaking up a method into two methods
8) changing variable names
9) adding dummy variables

10) changing the order of how the variables are used
or declared

11) adding bogus lines that have no meaning (e.g.
duplicating previous assignments)

We produced t31 pairs of source codes by committing
one to multiple alterations listed above. Among the 31
pairs, six pairs are unique and the rest are plagiarized
pairs.

A. Validation

The validation of our proposed algorithm is carried
out by creating a receiver operating characteristic
(ROC) curve that plots the true positive rate against
the false positive rate. In a set of similar source codes
with known true labels (plagiarized work or not), the
performance of our proposed algorithm is measured
by by counting how many label is correctly predicted.
A prediction is counted as a true positive if both
predicted and true labels agree that the source code is
a plagiarized work. Similarly, if both labels agree that
the work is an individual work, then the prediction is
counted as a true negative. In the case of a mismatch

Fig. 2. ROC curve depicting the performance of our proposed
algorithm on artificial data

between the true label and the predicted label, the
outcome can be either a false positive (if the true label
is an individual work) or a false negative (if the true
label of the source code is a plagiarized work). The
above information can be summarized in the Table II.
Note that in this report, we have not yet incorporated
the z-values in determining our prediction label,
which will be included in subsequent reports of our
research. Instead, we opted to use the alignment score
to determine the threshold for labeling our results. We
define the true positive rate (TPR) and false positive
rate (FPR) as:

TPR =
TP

TP + FN
,FPR =

FP

FP + TN
(2)

A single measure for the quality of an ROC curve is
the area under the curve (AUC) which runs from 0.5
for random predictions to 1 for perfect ones.

To assess the usefullness of our random shufflings
method, we plot the z-score trend of applying a
particular Sn and Sd. The random shuffling would
be useful if the resulting z-scores are near zero for
non-plagiarized pairs and are extremes (i.e. far from
zero) for plagiarized pairs.

IV. RESULTS AND DISCUSSIONS

AUC value indicates most of the artificial data
are correctly classified
We applied our proposed algorithm on the 31 source
code pairs, which consist of 25 plagiarized pairs and
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TABLE II
DETERMINING THE LABEL OF EACH PREDICTION

condition predicted label true label outcome
z-score > z-score cutoff or alignment score > aligment-score cutoff plagiarized plagiarized true positive
z-score > z-score cutoff or alignment score > aligment-score cutoff plagiarized individual false positive
z-score < z-score cutoff or alignment score < aligment-score cutoff individual plagiarized false negative
z-score < z-score cutoff or alignment score < aligment-score cutoff individual individual true negative

6 unique ones, and carried out the validation process.
We constructed the ROC curve depicted in in Figure
2. Based on this ROC curve, we picked the alignment
threshold to be 0.57955 which corresponds to 33%
false positive rate. The motivation to pick such point
is the graph reached a plateau-like region after this
particular point, where increasing the false positive
rate does not add noticeable increase in the true
positive rate. The AUC of our ROC curve, which is
nearly one, suggests that our algorithm are able to
identify plagiarized works in the set of our artificial
data.

Our results show the method’s robustness
against common plagiarism techniques
Our results shows despite various alteration done
to a source file, we are still able to achieve a high
alignment score. We can conclude that our proposed
algorithm is robust in detecting the following
alterations:

1) changing variable names
//original source code
private JLabel header;
header = new JLabel(...);

//altered source code
private JLabel kepala;
kepala = new JLabel(...);

2) changing method names
//original source code
boolean intVal2(String n)

{...}
if(v.intVal2(id)) {...}

//altered source code
boolean integerValKedua(String n)

{...}
if(v.integerValueKedua(id)) {...}

3) changing the order of methods in a classes
//original source code
String x(){//implementation}
int y(){//implementation}
void z(String n){//implementation}

//altered source code
String x(){//implementation}
void z(String n){//implementation}
int y(){//implementation}

4) changing name of the classes

//original source code
public class Buah{

Buah(String id, ...) {
}
}

//altered source code
public class BuahBuahan{

BuahBuahan(String id, ...) {
}
}

5) changing the order of the classes
//original source code
public class A {...}
public class B {...}
public class C {...}

//altered source code
public class B {...}
public class C {...}
public class A {...}

Based on our chosen alignment score threshold, we
incorrectly classified two pairs. Both pairs received
alignment scores below or exactly at the chosen
threshold (0.570418 and 0.579550). Further scrutiny
on these pairs, we found that both pairs are twice as
the length of their original source codes. For each
class in the original document, we created a bogus
class and added it to the plagiarized document. Thus,
it explains the difference in length. Our method
are able to align half of the document, which is
the expected behavior of our algorithm. When the
length of the programs to be compared vary greatly,
the performance of our algorithm is reduced. This
suggests that our algorithm is especially appropriate
in detecting plagiarism among source codes that are
roughly the same in size.

Random shuffling of source codes produces
no distinctive pattern of z-scores
Unfortunately, we observed that there is no distinctive
pattern resulted from carrying out the random
shufflings. Figure 3 consists of nine figures that each
delineate the z-score trend for using a particular
number of shufflings (Sn) and degree of shufflings
(Sd). Although all non-plagiarized pairs hover around
the point where the z-score is 0, other plagiarized
pairs are also likely to have similar z-score. It is worth
noting that all pairs that exhibit extreme z-scores
belong to the plagiarized pairs.
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Fig. 3. Each figure shows the z-score trend for a particular number of shufflings (Sn) and degree of shufflings (Sd) used. The source
code pairs are arranged from having the smallest alignment score (left) to having the largest alignment score (right). Red points denote
pairs that are uniques; whereas green points denote plagiarized pairs.

We also try to assess if the degree of shufflings
applied to a source code influences the outcome.
A subtle trend is observed when using the degree
of shufflings of 70%; it induces the occurrence of
extreme z-scores. This claim is inconclusive as we
did not quantify the effect of degree of shufflings
used due to the limited number of observed pairs
–calculating the variance of the z-scores may not
hold any significant meaning–. We postulate that the
limited usefullness of random shufflings is due to
the fact that random shufflings are likely to produce
programs that are not compilable. Thus, it may never
produce a similar program. Computer programs have
certain grammars and structures; following these will
create an error-free and meaningful program. Using

an intelligent random shufflings, which produces
programs that contains error-free statements and still
solves the same problem, may increase the usefullness
of random shufflings.

V. CONCLUSIONS

In this research, we have proposed a novel way to
enhance existing algorithms in detecting plagiarism
among similar source codes. There are three main
contributions of this research: applying global pairwise
alignment in detecting plagiarism among a set of
similar source codes, developing a new substitution
matrix to score a source code alignment and providing
statistical framework to test how significant a reported
similarity score is. The first two contributions seem to
give promising results; whereas our last contribution
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shows limited usefullness.

Futhermore, we plan to test our approach using
real data that were collected from past years’
programming assignments from students at our
university and compare our performance to previous
methods. This set of data contains plagiarized works
as well as non-plagiarized works. This would give
a true indication of the usability of our method
in real datasets. Being able to detect plagiarized
programs is a worthwhile effort as it is usefull to
many educational institutions in checking plagiarism
among assignments submitted by students.
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Abstract—This paper presents the architecture 
of the MFIBVP real-time adder/subtractor which 
is ideal to be used in real-time system application. 
The MFIBVP technique is a combination of the MSB–
First computation, the Interval-Bounded Arithmetic 
and the Variable-Precision computation techniques. 
The MFIBVP computation guarantees the 
computation carried out will produce high 
accuracy from the early computation time, self 
error estimation and time-optimal computation. 
This paper shows the performance of the MFIBVP 
real-time adder unit that can gives accuracy of it’s 
intermediate-result more than 99% since the 
second phase of its process. 

Keyword : Real-Time System, Interval-Bounded 
Arithmetic, MSB-First, Variable-Precision, adder 

I. INTRODUCTION 
eal time system is a system built to support the 
success of the processes that is time-bounded, 
according to it’s definition: 

 
“A Real-time System is one whose logical 

correctness is based on both the correctness of the 
outputs and their timeliness”[1]. 

Based on this definition, the main characteristics of 
real-time system are: 
• System have to produce a computation result 

correctly (logical/functional correctness), and 
• System have to produce a computation result 

before exceed the deadline (timing correctness). 
From the point of view of the real-time 

computation in the hardware level, most present-day 
strategies are focused on increasing hardware 
computational performance by using parallelism, 
segmentation or multiprocessing design techniques in 
order to decrease the average response delay. 

These strategies are not always the most suitable 
ones for solving certain problems and they give rise to 
a multitude of questions: in the demand for 
requirements of reduced size applications, is the 
incorporation of multiprocessor architectures 
embedded in the system acceptable? For minimum 
timing constraint applications, can a logically correct 
decision be made only on an imprecise numeric 
result? Does adaptation to changes in environmental 

requirements require the system architecture to be 
redesigned? The investigation described in this paper 
considers these questions in the current 
implementations of calculation techniques and 
proposes a real-time architecture for arithmetic 
calculations that adapts the processing delay to the 
required time of the task. 

 
 

II. BASIC THEORY OF MFIBVP 
A. MSB-First 
Conventionally, computation process is carried out 

by a computer from the least significant bit first 
(LSB-First) just like we calculate, thus this technique 
gives slow numeric accuracy escalation throughout 
the process. 

Nielsen and Kornerup[2] conducted research on 
MSB-First digit serial arithmetic and our previous 
research on MSB-First arithmetic architecture[3-7] 
shows the potential advantage of this technique over 
conventional ones. Those previous researches also 
shows the need of the intermediate-result: a 
successive product of ongoing arithmetic process 
execution that can be accessed by other computation 
tasks or elements during process time. Fig.1 below 
shows difference between the calculation concept of 
the LSB-First (conventional) vs. the MSB-First 
computation. 

 

 
Figure 1 The calculation concept of LSB-First vs 

MSB-First 

By starting the process of addition from number 
(can be bit or digit) with the highest value first will 
provide result with high accuracy since the beginning 
of the process. We can predict how the two technique 
(LSB-First and MSB-First) performance in gaining 
numeric value in arithmetic operation as depicted in 
Fig. 2. To maximized the advantage of the MSB-First 
computation, the incomplete result (we call it the 
intermediate-result) should be able to be accessed 
during the computation time.  

R
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The delay adjustment ability and the variable quality 
of the result of each function depends on the 
possibility of partially executing its implementation. 
In general, each operator has a part that must be 
executed obligatorily and another that can be partially 
calculated [11], [12]. The execution control of this 
optional part will allow us to adjust the function 
performance according to the application 
requirements ( accuracy needed or time available). In 
this aspect, the implemented partial execution must 

provide capabilities for successive refinement of the 
solution and thus, support real-time requirements. 
Response delay is related to the number of calculated 
stages or iterations of the operations. Normally, a 
shorter process time results in less accuracy in the 
results. If the computation accuracy is met or the time 
left for computation is up, the execution can be stop 
and intermediate-result can be accessed by other 
process. This is the basic concept of variable 
precision computation covered in this paper, as shown 
by Fig.4.  

Figure 2 The performance of LSB-First and MSB-
First computation 

B. Interval Arithmetic 
If we look again to Fig.2, both LSB-First and 

MSB-First techniques can not tell us its computation 
accuracy before tf. We can add the ability to predict 
where the final computation value lies by using the 
same idea of the interval arithmetic methodology 
introduced by Moore and Yang[8], Moore[9], and 
Boche [10]. The interval arithmetic produces two 
values for each arithmetic operations. The two values 
correspond to the lower and upper endpoints (bounds) 
of an interval, such that the true result is guaranteed to 
lie on this interval. The width of the interval, i.e., the 
distance between the two endpoints, indicates the 
accuracy of the result. Interval arithmetic was 
originally proposed as a tool for bounding rounding-
off errors in numerical computation [9]. It is also used 
to determine the effects of approximation errors and 
errors that occur due to non exact inputs. Interval 
arithmetic is especially useful for scientific 
computations, in which data is uncertain or can take a 
range of values. 

We can produce lower and upper bound for LSB-
First and MSB-First by adopting several algorithms, 
one of the simplest thing to compute the upper bound 
is by subtracting the maximum value of the arithmetic 
operation with the lower bound (computed by the 
original algorithm) in parallel. In this way during 
computation time, there will be two intermediate-
results which denote the lower and upper bound of the 
true value. Fig.3 depict the basic idea of  the interval 
bounded concept. 

C. Variable Precision 

 

 

Figure 3 The concept of interval-bounded in 
calculating the accuracy of the intermediate-result 

before the final answer is produced 

 
 

Figure 4 The Variable-Precision concept in the 
MFIBVP technique 

III. THE  MFIBVP REAL-TIME ADDER/SUBTRACTOR 
ARCHITECTURE  

Similar with [13], the proposed addition method is 
based on the carry-select adder scheme and is made 
up of the following steps: 
1. Fragmentation of operands into k-size blocks: It is 

immediate from the original operands. For 
operands with numbers of n bits (with n > k ), we 
can divide the number into n/k blocks of k bits. 

2. Addition of the corresponding pairs of blocks. The 
partial additions are obtained directly from a 
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compound k-adder grid. This block contains a 
few k-adder operators that add the parts of the 
operands in parallel. Considering the reduced size 
of k, it is feasible to fit multiple k-adder operators 
into the grid block. The carry process is 
performed directly by obtaining the sum and its 
successor from the k-operator. An array of look-
up tables is used in this paper as the k-adder 
operators. 

3. Ordered concatenation of the partial additions 
taking the carry logics into account: The selection 
of each block is a function of the carry bit of the 
preceding block, selected according to the 
algorithm carry-select adder. For example, Fig. 8 
shows the operation scheme for operands 
fragmented into four parts. The resulting 
formation by means of successive selections of 
the partial sums can be observed. 

 

 
Figure 5 The basic concept of successive 
refinement of intermediate result of the MFIBVP 
addition. 

The block diagram of the MFIBVP adder shown by 
Fig 5 can be converted into a subtractor with the same 
features by employing XORs with two fan-in in each 
bit of the second operand (assuming the first operand 
acts as the subtrahend). The first XORs input pins are 
connected to the second operand’s bits and the others 
to the c0. If the value of c0=0 it will act as an adder, 
otherwise it will act as a subtractor, since the value of 
the second operand will be converted to its 2’s 
complement. Fig.6 shows the position of XORs in the 
adder’s first step of its block diagram. 

 

 
Figure 6 Additional XORs on the second operand 

will change the MFIBVP adder to a subtractor 

IV. THE MFIBVP ADDER ALGORITHM 
Fig.7 describes how the architecture of the 

MFIBVP adder real-time arithmetic unit in the form 
of flow charts. 

 
Figure 7 The MFIBVP adder algorithm 

V. TESTING AND ANALYSIS 
The tests presented in this paper are conducted to 

reveal: 
• Comparison of calculations accuracy and time 

required in each phase between the MFIBVP adder 
and the commonly used adder architecture.  

• The accuracy of calculations and time required by 
the MFIBVP adder in each phase. 
The accuracy of intermediate-result is calculated 

using Eq.1 below 
 

A(t )ars = 1 −
E (t )ars

Dmax

⎛
⎝⎜

⎞
⎠⎟

× 100%
    (1)

  (IV.1) 

where : 
 
• A(t)ars is the accuracy of the calculations produced 

by arithmetic unit with ars architecture. 
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• E(t)ars is error or the difference between the upper 
bound and bound value. 

• Dmax is the largest calculated value that may be 
produced from arithmetic operations of two 
operand with n  bit wide. 
As performance comparison of the MFIBVP real-

time adder, the performance of two commonly used 
adder architecture designs, the Carry Propagate Adder 
and the Carry Lookahead Adder will also be 
presented. Fig. 8 below presents the performance 
comparison of these adders’ architecture.  

 

Figure 8 Performance comparison between the 
MFIBVP real-time adder vs Carry Look-ahead Adder 

and Carry Propagate Adder on 50 pairs of random 
numbers (64-bit,k=4) 

 
Fig. 8 shows MFIBVP technique gives results 

between with very high accuracy at the time of 
calculation, while the CLA technique can not provide 
results before the execution is completed in 52Δt.cmos, 
which the CLA time complexity O(n) is 
1+4log4(n). CPA technique gives accurate numerical 
calculation at 693Δt.cmos , CPA time complexity O(n) 
is 11(n-1).  

Table 1 below shows the performance of the 
MFIBVP real-time adder/subtractor in time needed 
and accuracy produced by it’s intermediate-result in 
every addition/subtraction phases. 

Table 1. Time and Accuracy of the MFIBVP real-time 
adder/subtractor’s intermediate result, 

(n = 64 bits and k = 4) 

Phase 

Exec.time 
unit 

Ct.add/sub.MFIBV

P 
(Δt.cmos) 

Worst error 
E(t)comp.add/sub.MFIBVP 

 (%) 

Accuracy 
A(t)add/sub.MFIBVP 

 (%) 

1 36 6.666666667 93.33333333 
2 38 0.416666667 99.58333333 
3 40 0.026041667 99.97395833 
4 42 0.000101725 99.99989828 
5 44 6.35783E-06 99.99999364 
6 46 3.97364E-07 99.9999996 
7 48 2.48353E-08 99.99999998 
8 50 1.5522E-09 ≈100 
9 52 9.70128E-11 ≈100 

10 54 6.0633E-12 ≈100 
11 56 3.78956E-13 ≈100 
12 58 2.36844E-14 ≈100 
13 60 1.47994E-15 ≈100 
14 62 9.21572E-17 ≈100 
15 64 5.42101E-18 ≈100 
16 66 0 100 

 
From Table 1, it can be seen that since 2nd phase or 

38Δt.cmos propagation time, the MFIBVP real-time 
adder/subtractor has produced an error calculation 
less than 1%. This deterministic execution time and 
accuracy certainty provided by the MFIBVP real-time 
adder/subtractor can improve the performance of the 
Real-Time System due to the ability to make trade-off 
between the accuracy needed and time available that 
can be integrated into arithmetic instruction. 

By using transistor propagation time, this 
architecture can be implemented on any 
microelectronic technology that eventually determine 
the actual processor clock. 

VI. APPLICATION EXAMPLE 
The development of a real-time arithmetic 

processor has interesting applications in which the 
adjustment and determination of the features play a 
crucial role in the correct computational resolution. 
This section describes a simple example that 
illustrates the specific application of the proposed 
arithmetic unit, the same case as application example 
presented in [13]. The application consists in 
controlling the position of object B whose objective is 
to closely pursue object A. The pursuing object B will 
have to constantly correct its trajectory in order to 
adapt to the changes of detected direction in the 
followed object A. The movement management of B 
only considers the aspects of tracking A. In this 
example, other more distant obstacles or factors are 
not considered. The determination of the movement is 
based on the value of the direction tangents of the 
moving object A with regard to the reference system 
axes of B. Fig. 9 shows the conceptual idea of the 
application example. 

 

Figure 9 Application example: Object B tries to 
pursue Object A, if B calculates  the position of A too 

precise then B will not have enough time to travel 
according to it’s calculation and A has already move 

to new position. 
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Object A will travel and make correction of its 
course based on the conventional arithmetic 32-bit 
computation, and B will try to catch A based on 
MFIBVP real-time arithmetic technique to compute 
the angle between B and A in 2D space: 

arctan B A
BA

B A

X X
Y Y

β
⎛ ⎞−

= ⎜ ⎟−⎝ ⎠
      (2) 

 
Evidently, it is a basic approach; we have 

simplified the number of variables in order to offer a 
clear use of the prototype. Fig. 10 shows the 
simplified algorithm in this application to measure the 
accuracy of MFIBVP real-time arithmetic 
computation. By changing the computation 
granularity p, we can compare the cycles needed by 
the object B to catch the object A. 

The accuracy of computation in the object B based 
on the processed operand’s width p: 

 

A( p) =
cycle( p)∑
cycle(32)∑

× 100%           (3) 

 
Fig. 11 shows that starts from the computation with 

20 bit of its operand’s width (out of 32) with 
MFIBVP real-time arithmetic the total cycles needed 
by object B to catch the object A is just the same with 
computation with greater precision. 

VII. CONCLUSION AND FUTURE WORKS 
By the performances measurement we can 

conclude that the MFIBVP real-time adder/subtractor 
gives better computation performance than 
conventional adder/subtractor architecture by it’s 
ability to: 
1. produce intermediate-result during execution time, 
2. give certainty in computation accuracy even before 

the process finish time by providing two 
intermediate-results which act as the lower and 
upper bound of the real and complete computation 
result. 

3. gain high computation accuracy from the early time 
of the execution process. 
 

This research is a part of greater research that tries 
to develop new paradigm in numeric calculation that 
incorporates time or accuracy as a parameter of 
calculation. By this paradigm, real-time computation 
will be easier to manage both automatically on-the-fly 
by new scheduling system in the operating system’s 
level, or manually by a programmer in the software 
design phase. 

 
Figure 10 Simplified algorithm of the object 

tracking application, the cycle needed by object B to 
catch object A reflects the accuracy of B’s MFIBVP 

real-time arithmetic unit. 

 

 
Figure 11 MFIBVP real-time arithmetic 

performance in the pursuing object application. 
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Other arithmetic units and logic units with the 
MFIVBP technique should be designed in order to 
develop new real-time processor as well as new 
programming language, compiler and real-time 
operating systems. 
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 Abstract - One of the main concerns in VANETs 
is to avoid degradation of communication channels 
in high load network traffic. Many studies 
[1,10,11,12]  suggests congestion control approaches 
is one of the solution to control the load and 
congestion on the wireless channel in VANETs. The 
main objective of congestion control is to prevent 
sustained overloads of network nodes and links. 
However, most of congestion controls are not really 
applicable to event-driven safety messages in 
VANETs. The event-driven safety applications in 
VANETs require real-time communication with high 
reliability and must be delivered before certain time 
deadline. Although certain congestion controls have 
been investigated, there is still a lack of 
understanding on the concepts congestion for event-
driven safety messages in VANETs. This research 
paper is to propose a new congestion control 
framework for uni-priority of event-driven safety 
message in VANETs. In this context, we explore and 
design a new congestion control framework to 
ensure reliability and event-driven safety messages 
will be delivered on time in VANETs 
communications. 
 
 Index Terms - VANETs; IEEE 802.11p; 
CSMA/CA; Congestion Control; Safety Messages. 
 

I. INTRODUCTION 

 Vehicular Ad Hoc Networks (VANETs) is 
composed of vehicles equipped with advanced wireless 
communication devices. The VANETs tends to operate 
without any infra structure or legacy client and server 
communication. Each vehicle equipped with VANETs 
device will be a node in the ad-hoc network and can 
receive and relay others messages through the wireless 
network. This type of networks can provide wide 
variety of services such as intelligent transportation 
system (ITS). The applications of VANETs are 
categorized into two (2) groups as comfort and safety 
applications [5,6]. The comfort application is expected 

to improve the passenger’s comfort and optimize traffic 
efficiency, whereas the safety application improves 
driving safety. Basically, we can divide safety 
applications in two (2) types as periodic (beacon) and 
event-driven safety messages.   
 The periodic safety message exchange is preventive 
in nature, and its objective is to avoid the occurrence of 
dangerous situations. The periodic safety message may 
contain information regarding the position, direction, 
and speed of vehicles. The event-driven safety message 
may be generated as a result of a dangerous situation or 
when an abnormal condition is detected such as road 
accident [5,6]. The event-driven safety messages 
disseminated within a certain area with high priority. 
The event-driven safety messages usually have strong 
reliability and need to be delivered to each neighbour 
with almost no delays. Both of these safety messages 
will send through one single channel kwon as Control 
Channel (CCH). The Federal Communications 
Commissions (FCC) has allocated the frequency 
spectrum between 5.580 and 5.925 GHz for Dedicated 
Short Range Communication (DSRC) in VANETs. The 
DSRC spectrum is divided into seven (7) 10MHz 
channels range from 3 to 27 Mbps. The central channel 
(channel 178) is the control channel (CCH)[12], which 
is restricted to safety communications only, as shown in 
Fig. 

In dense load network environment, a large number 
of vehicles send beacons at a high frequency or event-
driven messages are broadcast multiple times, the 
communication channel will easily get congested. This 
situation will decrease a throughput while delay is 
increasing significantly.  

 

 
Fig.1. The channels for IEEE 802.11p 
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VANETs based on the Carrier Sense Multiple Access 

with Collision Avoidance (CSMA/CA) scheme [3,6,9]. 
Because of the shared wireless medium, blindly 
broadcasting the packet may lead to frequent contention 
and collisions in transmission among neighboring 
nodes. Moreover, a node can experience very long 
channel access delays due to the risk of the channel 
being busy during its listening period messages [2]. 
This will affect the reliability and performance of safety 
applications in VANETs.  This paper aims to develop a 
new scalable congestion control framework to prevent 
delay and provide reliability for event-driven safety 
messages. This paper only focuses on uni-priority of 
event-driven safety messages. The uni-priority 
congestion is caused by the traffic of the same priority, 
typically the warning messages of safety applications 
from different transmitters. 

II. PROBLEM STATEMENTS 

 The IEEE 802.11p/WAVE (Wireless Access 
Vehicular Environment) has been proposed as standard 
use for VANETs. The function of WAVE is to provide 
safety messages are carried over a dedicated control 
channel (CCH), while non-safety messages can be 
delivered over one of a set of available service channels 
(SCHs) [3]. The IEEE 802.11p physical layer is based 
on OFDM (Orthogonal Frequency-Division 
Multiplexing) which provides for multi channel access 
scheme. These channels access provide for multi 
channel operation to deliver various safety messages 
and non-safety messages to vehicles on the roadway. 
The IEEE 802.11p MAC layer has the same core 
mechanism of the Enhanced Distributed Channel 
Access (EDCA) specified in 802.11e, which is based on 
the CSMA/CA scheme [3]. In CSMA/CA, as soon as a 
node receives a packet that is to be sent, it checks to be 
sure the channel is clear (no other node is transmitting 
at the time). If the channel is clear, then the packet is 
sent. If the channel is busy, the node must defer its 
access and during high utilization periods this could 
lead to unbounded delays [2]. 
 However, owing to the nature of contention based 
channel access scheme, the IEEE 802.11p system 
suffers from Quality of Service (QoS) degradation for 
applications caused by the channel congestion in high 
traffic environment [9].  In dense network, vehicles are 
supposed to issue periodic safety messages periodically 
to announce other vehicles about their situations (e.g. 
speed, positioning and direction) and the CCH channel 
will easily get congested.  It is very important to keep 
the CCH channel free from congestion in order to 
ensure timely and reliable delivery of critical event-
driven safety messages. In order to avoid delay and low 
throughput of event-driven safety messages because of 

contention communication channels, a reliable and 
efficient a congestion control approach is needed.  

III. RELATED WORKS 

 Some of researchers challenge on develop 
congestion control approaches in VANETs are 
introduced in [1,10,11,12]. In vehicular network 
environment, the main challenge of the communication 
which will lead to the frequent end-to-end transmission 
delay and reliability issue of safety messages [12].  

 In research paper [1], they developed a congestion 
control approach based on the concept of dynamic 
priorities-based scheduling. They evaluate dynamic 
priority factor based on: Node Speed Consideration, 
Message Utility Consideration and Message Validity 
Consideration. In a similar study [10], Wischhof and 
Rohling proposed congestion control approach and 
packet forwarding in VANETs. They applied control 
algorithm uses an application-specific utility function 
and encodes the quantitative utility information in each 
transmitted data packet. 
  On other hand, the congestion control approach for 
event-driven safety messages was developed in [11]. 
This congestion control approach evaluated the 
performance of the Safety Electronic Brake Light with 
Forwarding (EEBL-F). However this research fails to 
notice important issues which are uni-priority and 
reliability. The uni-priority congestion is caused by the 
traffic of the same priority, typically the warning 
messages of safety applications from different 
transmitters. 

While, Zhang et. al (2006) proposed a concepts and 
framework for congestion control for safety messages in 
VANETs [12].  To deal with congestion in data 
networks three (3) steps are taken in sequence: 

i. Monitor networks and detect congestion. 
ii. Pass congestion information to protocol 

instances 
iii. Adjust system operation to cope with 

congestion. 
They also believed it is necessary that each node 

takes both the following two (2) approaches in a 
distributed way reactive approach and proactive 
approach. The reactive approach is reducing network 
load in response to locally obtained feedback from the 
network. While the proactive approach is to reduce 
network load irrespective of the network load in order 
to prevent congestion from happening in the first place. 
In VANETs environment, they define three (3) 
parameters need to be considering for the network 
performance: 

i. Dissemination area 
ii. Latency 
iii. Reliability 
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IV. FRAMEWORK OF CONGESTION CONTROL 

 We develop a new congestion control framework to 
drawback delay and reliability issues in disseminating 
event-driven safety messages. This congestion control 
framework can be divided into three (3) main parts:  
 
A.  Congestion Detection and Congestion Control.  
  The purpose of the congestion detection is to 
monitor network communication channels and detect 
congestions. Two (2) kinds of congestion detection 
methods in our congestion control approach are event-
driven detection and measurement-based detection. The 
event-driven detection method monitors the safety 
messages and decides to start the congestion control 
whenever a high priority safety message is detected. 
The algorithm for event-driven detection taken from 
[11] and can be expressed with pseudo code as: 
 
 /* Congestion Control with Queue freezing */  

If ((A safety message is locally generated) or 
(A safety message is received from another station)) {  
     Freeze all MAC queues except for the safety 
queue;} 
 
  While the measurement-based congestion detection 
will monitor CCH channel communication based on 
packets channel queues. The CCH channel is 
congestion if the number of messages in the queue 
exceeds a defined threshold. Nodes can have up to eight 
(8) queues of which each represents a different Access 
Category (AC), which is often also referred to as Traffic 
Category (TC) [13]. 
 
We will develop scalable congestion control if CCH 
channel was congested.  This algorithm will be 
expressed with pseudo code below: 
 
/* Congestion Control with Scalable Congestion */ 
if (Packet Queue > Threshold ) and (Safety messages 
detected){ 
 Freeze all MAC queues except for the safety queues 
based on EDF scheduling 
  } 
Else { 
 if (Packet Queue > Threshold ) { 
  Reserve CCH channel for event-driven safety 
messages 
  } 
 
 Else { 
  if (Packet Queue < Threshold) and (Safety 
message detected){ 
   All MAC queues access channel based on 
EDF scheduling 

 } 
 } 
 } 
 
B.  Scheduling Algorithm.  
  Our congestion approach focused on uni-priority 
packets of event-driven safety messages. This research 
will apply priority-based Earliest Deadline First (EDF) 
scheduling algorithms to schedule uni-priority of event-
driven safety messages. In VANETs, each packet has an 
assigned priority and deadline (maximum latency). The 
scheduler simply transmits packets in the order of 
increasing remaining deadlines and priority-based EDF 
scheduling algorithms serve the packets according to 
their priorities and deadline. The priority-based EDF is 
a dynamic scheduling algorithm used in real-time 
application systems.  The proposed priority-based EDF 
scheduling algorithm is defined in Equation (1) and (2) 
are: 
 
Packet Queue (Pq)=Priority (P) + Deadline (D)           
(1)  
 
Deadline (D) = Packet Arrival (Pt) + Max Latency (Mx)    
(2) 
 
where Pq is a packet queued to serve. 
 
 We use simple example to illustrate the scheduling 
process of uni-priority of event-driven safety messages. 
The node has three (3) of event-driven safety messages 
with high priority message need to be transmit e.g. lane 
change warning, forward collision and pre-crash 
sensing. Each safety message has own maximum 
latency as shown in table 1 below. The three (3) of 
event-driven safety messages arrival at different time. 
The lane change warning arrived at time 1, forward 
collision arrived at time 2 and pre-crash sensing arrived 
at time 3. Based on EDF scheduling algorithm defined 
in Equation (1) and (2), the packets queue is C A B 
(where the lower packet queue is a high priority to 
transmit). 
 

Table 1: Example of EDF Scheduling Process 
Packet Application Max 

Latency 
Formula 

A Lane Change 
Warning 

100 msec Pq = 4 + ( 1+100) 
= 105 

B Forward Collision 100 msec Pq = 4 + (2+100) 
= 106 

C Pre-Crash 
Sensing 

20 msec Pq = 4 + ( 3+20) 
= 27 
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C.   Smart Rebroadcasting Scheme 
  One of the main performance goals of 
disseminating event-driven safety messages is to 
broadcast with high reliability. In VANETs, the 
implementation of broadcast of event-driven safety 
messages at the link layer uses unreliable transmissions 
(i.e., lack of positive ACKs). The function of smart 
rebroadcasting scheme is to be 100% sure that every 
node has received a safety messages. In this research, 
we aim to provide reliable broadcast event-driven safety 
messages that ensure the high of packet reception ratio 
(PRR) and also will performs low over head by means 
of reducing rebroadcast redundancy in a high-density 
network environment.  
  The smart rebroadcasting scheme consists of two 
(2) types of broadcast phases: fast-forward-
dissemination (FFD) and makeup-for-reliability (MFR). 
Basically, the FDD phase uses relatively uses the 
adjacent nodes and long hop to advance the event-
driven safety messages the end of interested region (IR) 
for fast propagation. We consider the adjacent node 
must have high priority to receive safety messages 
compare to other nodes.  Our smart rebroadcasting 
scheme divides the IR into several one-hop zones. We 
use additional make-up transmissions in MFR phases to 
ensure the PRR of the network. There is only two (2) 
FFD phases, which start from the source to the adjacent 
node and start from the source to reaches the end of IR.  
There are multiple MFR phases, which are independent 
from each other: each MFR phase is triggered right after 
the event-driven safety messages traverses another hop 
in FFD, and terminates by itself. Multiple MFR phases 
run in parallel, as long as the relay nodes don’t interfere 
with each other. 

 In our congestion control framework, we aim to 
provide a reliable disseminating event-driven safety 
messages with redundant relay nodes.  Our congestion 
control framework will give high priority on the first 
hop and low priority on others hop.   

V. CONCLUSION 

 The In this research paper, we explore related 
concepts and proposed a new framework of congestion 
control for disseminating event-driven safety messages 
in VANETs. In dense network environment CCH 
communication channel easily congested by periodic 
updates from beacon safety messages. The congestion 
control approach one of the best solutions to solve 
congested in wireless communication channels. Our 
congestion control will scan the messages queues and 
monitor channel communications based on defined 
threshold 

We proposed to use priority-based EDF scheduling 
algorithm to schedule packets with have same high 
priority to access wireless communication channel.. To 

provide reliability performance for event-driven safety 
messages, we suggest applying redundant network 
layer.  The congestion control supposes to be reducing 
the channel load in order to meet the QoS requirements 
of the wireless network performance.  

In future research, we plan to test and evaluate 
performance of our framework congestion control using 
network simulator e.g. NS-2. 
. 
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Abstract - In addition to quantitative data base 
management are very complex, there are three 
important aspects that need to be resolved through 
this research related to the problems of 
presentation of temporal information in academic 
levels of primary and secondary education in the 
city of Bekasi, First unavailability of useful system 
to manage the condition and potential of 
educational information that complete, valid and 
updated. Both lack a system that is useful as a 
method to help simplify the decision making 
process. The three as yet there are useful as a 
presenter system that integrates the temporal 
information and spatial (distribution of school 
objects in each area). Therefore, the approach of 
fuzzy systems implemented in computer-based 
system is expected to be able to help resolve and 
overcome these problems in a different way but 
easy to understand. The results showed that the 
model system developed using fuzzy approach is 
able to analyze and present information on the 
actual profile of education in the city of Bekasi. 
The prototype system developed to make it easier 
to perform manipulation of data and information 
search, backed by a fuzzy database and spatial 
information, the system developed can be used as a 
tool to simplify decision-making process based on 
fuzzy data using fuzzy system on the spatial 
database engine based programming languages 
Delphi, through this system facilitated so that 
policy makers can easily define, modify, and add 
rules as a form of recommendations that must be 
done within the framework of planning and 
development of management education in the form 
of temporal information and spatial (location map 
each school). Through this system, the information 
will always be changing (updated) automatically 
every specified period of years in accordance with 
data entry, the circumstances of each school. 

 
I. INTRODUCTION 

According Bekasi city education office, in 
addition to the need for quantitative data base 
management systems are very complex, there are 
three important aspects that need to be resolved and a 
solution found associated with the presentation of 
information on educational issues in Bekasi. These 
three aspects are the lack of a useful system as a 

condition of information management and educational 
potential of a complete, valid and updated. There are 
currently no effective method in helping to simplify 
the decision making process. Lack of systems that can 
serve as well as integrate the temporal and spatial 
information. Even according to the planning of Bekasi 
city education office, the information presented so far 
still limited in the form of tabulation, the files that 
review report only the each region rather than each 
school district. Processing of data used is still limited 
to the use of application programs spreed-sheet. It is 
considered difficult to obtain information quickly, 
complete with updated data.  

On the basis of comprehensive information 
contained in the profile of education as a result of 
analysis and assessment method that is implemented 
through a dynamic and cutting-edge system is 
expected to help identify and formulate problems and 
distribution of educational expansion, improved 
quality, relevance, and efficiency and effectiveness of 
education management. The results of this analysis 
and assessment of course, can be used as insert 
material which is reliable for the preparation of a 
realistic development planning education by 
considering various possible contributing factors and 
obstacles that is local or global. 

Therefore, this study was developed with the aim 
to: 
1) develop a model of a digital mapping system using 

fuzzy systems approach in analyzing and 
presenting actual information about the 
distribution of educational institutions in the City 
of Bekasi 

2) build a prototype system that easy to perform data 
entry and manipulation and search of information, 
supported by the base attribute and spatial data in 
the form of digital mapping information 

3)  to help simplify the decision making process 
based on fuzzy data from a number of quantitative 
data base using fuzzy system 

4) facilitate the decision-makers through a system 
that is able to determine, modify, and add rules as 
a form of decision that must be carried out in 
accordance with the provisions, situations, and 
conditions of when and how the model or policy 
decisions must be made 

5) an inventory and documenting data and 
information on the distribution of school 
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conditions so as to support the establishment of 
strategic decision making 

6)  perform the data preparation of temporal and 
spatial documented in an accessible form of 
presentation. 

II. BASIC THEORY 

A. Spatial Temporal Data 

According Soesianto (2007), information 
technology deals with data, information, and 
knowledge. Data recorded in the media (memory) 
your computer. The data can be recorded on computer 
media have been far more than can be written by 
humans in a sheet of paper. So the database 
technology and its management can not be separated 
from information technology, then the data that has 
been recorded in a computer can be processed into 
information. Computer-based information technology 
can be explained in the following figure. 

Danoedoro (1996), argued that the map is a 
teaching aid for an idea. The idea was to form a high 
or low level of mapping image of a region 
(topography), the distribution of population, road 
network and other things related to the position in 
space. Maps can be interpreted as a description of 
spatial data are represented in the form of points, lines 
and polygons are used to define the location or place 
that refers to the coordinate system and are usually 
presented in two or three dimensions. Through the 
map, will easily find out what data is associated with 
spatial or legend that serves as a link between spatial 
data and non-spatial data.  

According to Sellis (1999) and Aniati Pure 
(2003), spatial data/graphic is the data that represents 
the phenomenon of the earth's surface that has a 
reference (coordinate). Spatial data have two 
important parts that make different from other data, 
namely the location and attribute information. 
 

B. Fuzzy System  

Its part of the boolean logic is used to handle the 
concept of degrees of truth is the truth value between 
true and false. This theory was introduced by Lotfi 
Zadeh of Berkeley in the 1960s, as a model 
uncertainty. Membership function not only gives a 
value of 1 or 0, but values that are at a certain interval, 
the interval [0,1]. (Bezdek, B & C. James, 1993) 
explains that the value given by the membership 
function is called degree of membership. If u declare a 
universal group and A fuzzy clusters in the u, then A 
is an ordered pair of clusters: 

A = {(u, µA (u))│u є U}        (2.1) 
 

with µA is the membership function which gives the 
value of the degree of fuzzy membership of u to A, 
namely:     

µA : U →[0, 1]   (2.2) 

1)  Fuzzy Set Theory  

Fuzzy sets are based on the idea of extending the 
reach of the characteristic function such that these 
functions would include real numbers on the interval 
[0,1]. Membership value indicates that an item in the 
universe talks not only be at 0 or 1 but also the value 
that lies between them. Fuzzy sets have two attributes, 
namely linguistic and numerical. 

Linguistics shows the naming of a group that 
represents a certain state or condition using natural 
language, such as: Young - Old. While the numerical 
attribute indicates the size of a variable in the form of 
value (number), such as: 40, 25, 50, and so forth. 
 

2) Fuzzy Membership Functions 

Fuzzy membership function is a curve that shows 
the mapping of points of data input into the value of 
the degree of membership which has the interval 
between zero to one. Fuzzy membership provides a 
measure of opinion or decision. An usual way used to 
obtain the value of membership is through approaches 
such functions will be explained below below. 

a) Triangular Membership Function 

This function is characterized by three parameters 
a, b and c which determines the coordinates of x from 
three angles, namely: (2.3) 
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Fig. 1. Membership Function Graph Triangles (Bezdek, B & C. 

James, 1993) 
 

b) Line Up Membership Function (LU) 

Membership functions are formed in the formula: 
(2.4) 
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Fig. 2. Line Up Membership Function Graph (Bezdek, B & C. 
James, 1993) 

 
c) Line Down Membership Function (LD) 

Membership functions are formed in the formula: 
(2.5) 
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Fig. 3. Line Down Membership Function Graph (Bezdek, B & C. 

James, 1993) 
 

3) Fuzzy If – Then Rules 

Monotonically reasoning method is used as the 
basis for the technique of fuzzy implications. The 
general form of rules used in the functioning of the 
implications are: 

If x is A Then y is B    (2.6) 

X and y are scalar, and A and B is a fuzzy set. If the 
proposition that follows is called the antesenden, 
while the propositions that follow Then called the 
consequent. In general, fuzzy linguistic model may 
involve simple or complex structure as a basis for 
fuzzy rule If - Then. In this study, will be selected 
using Mamdani type FRBS with the consideration that 
this type has the interpretation that high in its use 
(Rasmani, 2004). FRBS Mamdani type has a structure 
as follows:   
 

If X is A1and … and Xnis An Then Y1is B1and … 
Ymis Bm      (2.7) 
 

C. Fuzzy Database (Mamdani  Model) 

The database is a collection of interrelated data 
and organized to meet the needs and structure of an 
organization and can be used by more than one person 
and for more than one application. In fact, sometimes 
require information from the data that is ambiguous, 
to meet this requirement may be obtained through the 
use of fuzzy database model. According to Haj (2003) 
one of the fuzzy database model is a model that can 
be used Tahani. This model uses standard relations 
and fuzzy set theory to obtain information on his 
query with fuzzy emphasis on some fields in the 
tables. 

III. RESEARCH METHODOLOGY 

A. Approach and System Development 

1) Needs  Analysis and Selection Method  

At this stage determined the user, the user needs, 
and process the desired users in accessing and 
manipulating information effectively and efficiently 
associated with the distribution of educational 
institutions in the City of Bekasi. 

2) Acquisition and Knowledge Representation  

Acquisition of knowledge is a process of 
gathering information from expert sources with the 
aim of expanding it to represent knowledge in a 
structure that helps coding knowledge into the 
program. 
Target Systems Development: 

1)  support the acquisition of information, including 
the identity and condition of schools that easily 
traced and displayed quickly and 

2) presents the visual information that combines 
maps and other information that is more attractive 
and easier to interpret 

3) design a system that is easily understood by users 
and facilitate the decision-makers in the insert, 
adjust or determine the types of decisions in 
accordance with the conditions and situation of 
each school. 
 
B. Stages of Implementation FRBS 

FRBS stages in processing the data distribution 
information education profiles are described in figure 
4-6. 

IV. RESULTS AND DISCUSSION 

A. Defining Fuzzy Rules To test the system 

Rules in question is a rule commonly used as a 
basis for decision-making process or policy in order to 
make the planning and development of education in 
Bekasi. This rule refers to the existence of the facts 
about the condition of the schools at this time or 
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within a certain period (annual / per academic year). 
The rules can be developed based on fuzzy variables, 
adjusted for the level or category of elementary 
school, junior, and senior high school. This rule is 
differentiated on the basis of reviews the school, 
district or subdistrict, as given in the example through 
the following explanation. 
 
Rule 1: 
IF APK and APM together with Height 
= Height and Number of Schools = A 
little THEN Optimize the 
implementation of open school or 
pursue system package 
Rule 2: 
IF APK and APM = Height = Height and 
Number of Poor Students = Slightly 
THEN multiply the allocation of 
scholarships 
Rule 3: 
IF Number of Classes = Lots and 
Number of Groups Studying = Slightly 
THEN Optimize capacity admission 
Rule 4: 
IF NEM = Average Height and Number 
of Graduates = Lots and Repeaters = 
Slight and Number of Teachers 
Eligible = Many 
THEN Category excellent schools 
Rule 5: 
IF NEM = Average Height and Number 
of Graduates = Lots and Repeaters = 
Slight and Number of Teachers 
Eligible = Many 
THEN Category excellent schools 

 
Fig. 4. Stages of Implementation FRBS 

 

 

Fig. 5. Stages of Conversion Value Crisp to Fuzzy 

 
 

 
Fig. 6. Stages of Conversion of Geographic Coordinates to Pixel 

Coordinate 
 

 
All rules (rule pairs) can be determined and set by 
policy makers through a system developed in this 
study in accordance with the conditions and situation 
of fuzzy variables which are owned by their 
respective schools. The number of rules can be 
infinite in accordance with the decisions to be 
determined. 

B. Results-Based System Tests FRBS 

To find out how the educational profile 
information that are temporal and spatial databases is 
presented based on the structure of education in 
Bekasi, then needed a system that can process the 
data. The system was developed designed in 
accordance with the characteristics of data to be 
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processed sebagaiamana explained through the 
following display example picture.  

1) Fuzzy Form Menu 

This menu serves to make the process any 
variables that fuzzed. 

 

 
Fig. 7. Menu & Information Process Fuzzy Database 

While the menu FRbS process is a facility 
provided by the system to decision-makers to adjust 
the model recommendations that must be followed if 
each school in accordance with the data conditions 
and potentials. If the information is not filtered or 
incompatible with the model rules set, then there will 
be no form of any recommendations that must be 
followed up by the school concerned. 

2) Menu of  School Location Map and Link of 
Fuzzy 

Through this menu, presented information on the 
number of schools in accordance with the status and 
the respective category. There are facilities to learn 
more every school by school by clicking the object in 
question, so that the display information owned by the 
school. 

 
Fig. 8. Process FRbS 

 
Fig. 9. Distribution Information School Map and Links in Spatial 

Object Map in Fuzzy Models  

 

V. CONCLUSION 

A. Conclusion 

The final conclusion of research are: 
1)  Model of a digital mapping system that was 

developed using fuzzy systems approach to 
analyzing and presenting information on the actual 
profile of education in Bekasi city 

2)  System developed to make it easier to perform 
manipulation of data and information search, 
backed by a fuzzy database and spatial information 
(distribution in their respective school districts) 

3)  Developed a model system can be used as a tool 
to simplify decision-making process based on 
fuzzy data using fuzzy system 

4)  Through the system, facilitated so that policy 
makers can easily define, modify, and add rules as 
a form of recommendations that must be done 
within the framework of planning and 
development of education management 

5)  Temporal information and spatial profile of 
education provided through these systems will 
always be changing (updated) automatically every 
specified period of years in accordance with data 
entry, the circumstances of each school. 

B. Suggestions 

In order to meet the needs analysis and a more in-
depth functionality, the system: 
1)  Needs to be integrated with program-based 

applications such as MapInfo Geographic 
Information System 

2) Need to be developed to be able to accept input 
data in a different database file formats 
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3) Need to be developed in order to facilitate users 
in making changes in the use of types of 
membership functions and the number of 
variables and the number of fuzzy set adjusted for 
variables that will be analyzed 
 

 
Fig. 9. Distribution Information School Map and Links in Spatial 

Object Map in Fuzzy Models 
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Abstract—The digital image authenticity 
becomes important problem in digital image 

forensics. This paper proposes a passive method to 

detect the copy-move forgery for duplicated region. 

In our implementation, the input image is 

transformed with wavelet to reduce dimension 

representation. Next, we extract the image feature 

using numerical computation with Singular Value 

Decomposition (SVD). The nearest neighbor of 

SVD feature will be a block matching query 

because the copied regions have similar 

characteristic features. Based on experiment 

results, this method is robust and had great 

sensitivity to detect tampered image with different 

duplicated region which was undergone several 
image processing, such as scale, rotation, Gaussian 

blur, and other geometry changes. 

I. INTRODUCTION 

OWADAYS, digital images is an important part 

in human life. The high software technology in 

digital image processing can facilitate image 

manipulation, even by nonprofessional users. 
Authentication becomes important and serious 

problem in various fields, especially for digital image 

that used as reference in the newspaper, evidentiary 

conclusions in academic paper, judicial decision, and 

business reports.  

Generally, digital image manipulation is an 

image processing operation to conceal the evidence. 

The common image forgery operation is copy move 

with duplicated region forgery, where the image 

region is copied and pasted to cover or to add an 

object in the same image.  

Verification method of the digital image 

authenticity is divided into active and passive 

approaches. The active approaches [1-2] have 

dependence with digital signature and watermarks 

which was inserted in digital images. However, this 

approach can reduce the image quality and limited 
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facilities only in the high digital equipment. Whereas, 

the passive approaches [3-9] are a new research fields. 

Passive approaches are more practical and efficient 

than the active approaches. Because this approaches 

don’t require any additional specific information to 

determine whether the image is original or not. 

Many authors proposed some schemes to detect 

duplicated region forgery. Fridich et al. described 

DCT coefficients analysis and fuzzy method to detect 
duplicated regions [3]. However, it has high 

computational complexity. Popescu proposed the 

authenticity detection with Color Filter Array (CFA) 

on digital camera [4]. In [5] Popescu uses Principal 

Component Analysis (PCA) to obtained image feature 

block in the duplicated region identification process, 

but the robustness level of this method needs to be 

improved. Luo et al. described a method that robust 

and efficient to detect duplicate region [6-7]. Myna [8] 

uses wavelet and log-polar mapping to detect fake 

images. Another method in [9] Guohuo Li proposes 

the detection process with singular values. These 

methods have great performance in robustness and use 

special features to match duplicated region. However, 

these techniques have limitation for copy region 

undergoes geometric changes. 

In this paper, we proposed forgery detection in 
duplicated region using the features of Singular Value 

Decomposition (SVD) and Domain Wavelet 

Transformation (DWT). The initial process, DWT 

used to reduce image dimension, then calculate SVD 

for all blocks of wavelet image. Singular values of all 

image blocks are sorted lexicographically. The 

experiment shows that this method can locate the 

duplicated regions accurately to image attacks, such as 

scale, rotation, reflection, translational and Gaussian 

blurring. 

II. THE DETECTION METHOD OF DUPLICATED 

REGION 

We proposed duplicated region detection that 

robust to geometry attack, like scale, rotation, 

reflection, translation and Gaussian blur. The copied 

region was attacked with geometric image 

manipulation before pasted to image. The detection 

methods consist of three main steps: (1) Singular 

Value Decomposition (SVD) to obtain image feature 

Detection of Duplicated Region Forgery in Digital 

Image Using Singular Value Decomposition 
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extraction, (2) Domain Wavelet Transformation 

(DWT) to reduce image dimension, and (3) block 

similarity matching process.   

A. Singular Value Decomposition (SVD) 

Singular value decomposition has great 

stability level and robustness according to the matrix 

perturbation analysis. At the same time, it is invariant 

to translational, rotation, scaling, shift, and reflection 

image. Due to its eminent characteristics invariant to 
algebra and geometry changes, so if the image is 

disturbed, this value will not changes significantly 

[10]. SVD is used for feature extraction of image 

blocks, reduce the dimension of feature space, and 

increase the resistance noise.  

Singular value refers to the distance between a 

matrix and the set of matrices. This value used to 

represents the transformation of a vector space into 

another vector space. The definition of singular value 

can be expressed in matrix form as seen below. 

An image matrix A, with SVD is expressed in 

the form 

  (1) 

Suppose  is  matrix then obtained  

orthogonal matrices,  orthogonal matrices, and 

 matrix. Column  called right singular vector of 

, with . Column  called left singular 

vector of , with . Column  is 

diagonal square matrix that contained singular values 

of  with  is the rank of . It can be defined as 
follows: 
 

 

 

               (2) 

Diagonal positive elements in  is called 

singular value of  that arranged in descending order.  

          (3) 

           (4) 

B. Discrete Wavelet Transform (DWT) 

DWT is a multilevel decomposition technique 

that transformed the image from its spatial domain to 

the frequency domain. This technique can be useful in 

some application, such as data compression, image 

feature detection, and removing noise image.  
Each DWT level decomposes image into four 

sub-bands. The sub-band is obtained from separate 

application of low pass filter L and high pass filter H. 

Wavelet decomposition divides image into 

approximation in low resolution (LL), horizontal 

detail components (HL), vertical detail components 

(LH), and diagonal detail components (HH) [11].  

 

These parts can be combined to reconstruct the 

original image. Figure 1 shows the theory of wavelet 

decomposition.  
The other method like Low Pass Filtering 

(LPF) with sub-sampling could be applied in this 

scheme. A low pass filters has a cut-off frequency of 

one half  the frequency of original image. The low 

pass and band limits of the filter are determined by the 

sign and magnitude of the individual weights. In the 

LPF will always be some “leakage” in the filter above 

its cut-off and some unwanted attenuation below its 

cut-off. Both of these phenomenon cause unwanted 

errors and lost information significantly in digital 

image filter. The better a low pass filter in its cut-off 

slope, the more costly it is in terms of performance 

[12]. Because of this, the DWT utilization is more 

effective than LPF. 

The application of DWT that square image size 

 pixel at  level will reduced to      

at  level. The input image in this method is 

decomposed by DWT to obtain wavelet coefficients 

that associated with spatial frequency sub-band   

image , at resolution level  and orientation 

.  

The  sub-band corresponds to the coarse 

level coefficients or the approximation image. The  
image is used for futher decomposition level. Then, 

we applied the sliding window operation in . 

Because of the  sub-band have a lot of image 
energy. Figure 2 shows the original image and DWT 

decomposition at one level and two levels.  

Sliding window operation is comparing each 

block with other overlapping blocks in the image. But 

such comparison will take considerable time for 

computation and also become more complex along 

with the image size increases or the block size 

decreases. For example, an input image in the size of 

, it will take  steps which considered 

as computationally expensive. But with DWT up to 2 

levels, the input image size will reduced to . 
With DWT method we can reduce the input image 

dimension at each decomposition level that can speed 

up the sliding window operation.  

Image

LL 1 HL 1

LH 1 HH 1

HL 1

LH 1 HH 1

LL2 HL 2

HH2LH 2

 

Fig 1. DWT decomposition theory 

 

 
(a) Original image   (b) Decomposition       (c) Decomposition 

at level 1                      at level 2 

Fig 2.Original image and DWT image [13] 
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C. Block similarity matching 

A duplicated region consists of neighboring 

duplicated blocks. If we find two similar blocks based 

on a distance measure in the Euclidean and if their 

neighbor are also similar, there is a high probability 

that they are duplicated. To improve efficiency in 

finding nearest neighbor blocks then some hierarchical 

structure has proposed, such as lexicographic order, k-

d tree order, etc. The lexicographic order will sort data 

like dictionary order, so the identical blocks are 

contiguous in the sorted list. Detection process is start 

with sorting rows of vector  into  matrix in 
lexicographic order, so pairs of duplicated region are 

located sequentially [9]. While U and V matrices will 

follow the sequencing index of .  
If the image have similar region, then vector S 

will be located in adjacent rows in the matrix . The 
similarity between vectors is measured using 

Euclidean distances. When pairs of nearest neighbor 

row in matrix  obtained, then compute the 

Euclidean distances  for similarity feature of 

vector  and . Let  denote the  row of sorted 

matrix  and  denote the block’s image 

coordinates that corresponds to .  

Set a certain threshold value, if  is 

fulfilled then process continues with Euclidean 

distance of second nearest neighbor pairs in   and 

 matrices. Duplicated region will be obtained when 

 or   is fulfilled.  

III. IMAGE FORGERY DETECTION SCHEME 

The initial phase of this scheme is to divide the 

LL sub-band image into blocks. These blocks will be 

shifted one pixel either sideward or downward, to 

compare each blocks feature. Flowchart of image 

forgery detection scheme is shown in Figure 3. Details 

of duplicated region detection scheme to identify the 

image forgery describes as follows:  

1) Input image  is a color image. 

2) Separate each color channel R, G and B. Then, 

process performed on 3 separate images ,  

and . 

3) Wavelet decomposition at 1 and 2 level for ,  

and  images. The DWT process using Haar 

Wavelet in the each channel images will produced 

image  with size , where LL is 

approximation coefficient and j is DWT level.  

4) Divide the image  into overlapped small 

blocks. Determine the block window size is , 

sliding the window to entire image with one pixel 

shift from top left until bottom right. Block size 

 is assumed to be smaller than the duplicated 

region size. The number of blocks for image size 

 is  blocks.  

5) SVD is applied in each block using (1) to obtain 

results  that will stored in 3 different 

matrices. Results (2) left singular vector in matrix 

U, singular value in matrix S, and right singular 

vector value in matrix V.   

6) Furthermore, all singular value feature in matrix S 

are sorted lexicographically and store in matrix  

with initial index value in number of row 

. Index value indicates 

row position and block coordinates  in matrix 

S. The new representation of each block is inserted 

into a matrix S, where the rows of the matrix 

corresponded to the blocks and columns of the 

features. 

7) Change the row order of matrix U and V based on 

the sequence index of matrix , then saved in  

and .   

8) Calculate , where  and  is nearest 

neighbor rows in matrix  on i and j index.   

Red
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Fig. 3.  Flowchart of image forgery detection scheme 
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9) Determine threshold value . If , 

then it’s need further verification by calculating 

 from  rows, as follows: 

 = ;  = .  

If  then go to step 10, if 

not fulfilled then go to step 11.  

10) Calculate  on matrix  that has been 

sorted according to matrix  index. When 

condition  is fulfilled, the input 

image has a duplicated region forgery, continue 

to step 12. 

11) Calculate  on matrix  that has been 

sorted according to index matrix . If condition 

 is fulfilled, the input image is 

duplicated region, continue to step 12. 

12) Matching block that fulfilled the condition will 

be marked with same color in ,  and  

image as a suspected duplicated region.  

13) Performed the inverse DWT at 1 and 2 levels 

from suspected duplicated region.   

14) Detection region of forgery image from each 

channel R, G, and B will be combined to get the 

detection result image with marked of duplicated 

region as a evidence of forgery image. 

IV. EXPERIMENTAL ANALYSIS AND DISCUSSION 

The proposed method has been implemented in 

MATLAB
®

 version 7.8.0.347 (R2009a). The 

experimental environment is personal computer with 2 

GHz processor and 1 GB memory. Testing performed 

in various images with different duplicated region size 

and post image processing. Experiment images are 

downloaded from Image Manipulation Dataset, 

University of Enlargen-Germany web pages in the 

Internet [13-14].  
Input image in this experiment are color 

images in *.tif format that converted to grayscale or 

processed in RGB color channel separately. The 

detection result from three channels is combined again 

into one image. Image size used in this testing is 

 with block window size is . The 

average running time is about 11 to 15 seconds for one 
channel image.  

DWT is applied to reduce image dimension so 

can speed up the detection time. But the higher DWT 

level will make more false matching, because image 

resolution become smaller and block window could 

not capture the image feature. Experiments with the 

smaller block size will obtained the better duplicate 

region detection. However, the larger block size will 

increase false matches region.  

Table 1, shows the matching ratio and 

experiment time to detect duplicated regions. This 

scheme managed to locate the duplicate region 

position accurately. The matching ratio is a sum the 

number of correct match in each channel R, G, and B, 

then divided with the number of total match block 

window in duplicated region [15]. The optimal values 

matching ratio is the scaling at 1.1, the rotating at 90 

and 270 degrees, and the Gaussian blur for all radius. 

Based on this experiment, the threshold value 

ranged from 0.1 to 0.0001. When threshold values 

close to 0.1, the false matching was improved 

dramatically. Experiment results show that higher 

threshold value will bring more false matching, but 

lower threshold value will miss some correct 

matching. The accurate image forgery detection with 

threshold value ranged from 0.003 to 0.008.  

The experiment evaluation of robustness and 

sensitivity is designed with different rotation angle, 

scaling, translational, reflection, and blur. As shown in 
Fig 4, the original image, Fig. 5(a) and 5(b) the 

forgery image and detection result of duplicated 

region. In Fig 5(c) and 5(d) the multiple duplicated 

region and the detection image for translational, 

reflection, rotation of 90
0
 and 180

0
. For rotation 

experiments are done in 90, 180, and 270 degrees. 

This method is robust to different rotation with 

different size of copied region. As shown in Fig. 5(f) 

and 5(h) the region is copied, rotated by 90
0
 and 270

0
, 

and pasted to another region in the image. Our 

experiments, the scale factor range is from 0.9 to 1.4. 

Figure 5(j) and 5(l) shows the detection result for 

scaling 1.1 and 1.4. In Fig. 5(n) the duplicated region 

is Gaussian blur with radius 0.3 pixels, and Fig. 5(p) 

after the region is copied and pasted, then the entire 

image is Gaussian blur with radius 5 pixels. 

TABLE I 

MATCHING RATIO AND EXPERIMENT TIME 

 

No Experiment Ratio R G B 

1 Duplication 1 11.88 11.75 11.90 

2 Reflection 1 12.78 12.21 13.34 

3 Translational 0,17 12.75 13.49 13.96 

4 Rotation 90
0
 0,83 13.34 12.88 13.20 

5 Rotation 180
0
 0,17 13.99 12.73 12.97 

6 Rotation 270
0
 0,81 13.15 13.41 13.76 

7 Scaling 0.9 0,14 13.98 14.38 13.82 

8 Scaling 1.1 0,52 14.27 12.56 13.61 

9 Scaling 1.2 0,43 14.61 14.15 13.32 

10 Scaling 1.3 0,14 13.85 13.05 14.21 

11 Scaling 1.4 0,14 13.53 13.71 13.42 

12 Image Blur 1 1 11.89 11.70 11.93 

13 Image Blur 2 1 12.65 11.90 11.68 

14 Image Blur 3 1 12.12 11.67 11.56 

15 Image Blur 4 1 12.70 12.45 12.68 

16 Image Blur 5 1 11.69 11.55 11.71 

17 Region Blur 0.1 1 15.00 13.19 13.51 

18 Region Blur 0.2 1 13.55 13.54 13.22 

19 Region Blur 0.3 0,80 13.59 13.52 13.11 

 

 

 
Fig 4. Original image [13] 
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V. CONCLUSION 

The development of image forgery technology 

make digital image authenticity becomes more 

difficult. Digital image forensics is expected to 

produce high forensic technology equipment that 

associated with policies and laws for digital forgery.  

Duplicated region is common form of digital 
image forgery. We have proposed a passive approach 

for detecting copy-move forgery in duplicated region 

automatically and effectively using singular value 

decomposition (SVD). Singular values have great 

stability level and robustness. If the image is 

disturbed, this value will not changes significantly. 

Our schemes uses low-frequency sub-band in DWT to 

reduce image dimension and SVD to obtain image 

feature extraction. 

One important issue in the duplicated region 

detection method is the computational complexity and 

accuracy detection for block matching mechanism. 

Compared with previous algorithm to detecting image 

forgery, our algorithm has lower computational 

complexity and great robustness capabilities to detect 

image forgery with various types of post processing 

attack, such as reflection, translational, rotation, 
scaling and Gaussian blur. Our future work will 

processed another types of digital image forgery 

especially the image splicing detection using color 

filter array and singular value decomposition.  
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Abstract—MODIS data compression methods 
for near real-time operational service using 
combined spectral and spatial compression using 
interband prediction and wavelet transform and 
Discrete Cosine Transform (DCT) were analyzed. 
Three types of wavelet transforms are applied in 
the analysis: LS 9/7, CDF 9/7 and multiwavelet 
Daubechies 10 (Db10)+LS 9/7, respectively.  The 
experiment results of 2048×2048 MODIS data 
showed that the compression ratio is in inverse 
proportion to the PSNR, whereas the best level of 
decomposition for wavelet transformation is level 
5. Even the DCT method resulted in high PSNR, 
the quality of compression image is poor, which is 
indicated in low Symmetrical Co-Histogram 
(SCH) value. The best result was obtained by 
combined method (Db10+LS9/7) which resulted in 
high PSNR (> 50 dB), high compression ratio (up 
to 100), and SCH value of 0.99. 
 
Index Terms—image compression, Discrete Cosine 
Transform (DCT),  interband prediction, MODIS, 
wavelet transform. 

I. INTRODUCTION 
EMOTE sensing data compression is important to 
support real-time or near real-time operational 

services. Many compression algorithms have been 
proposed especially for remote sensing data as 
reported in [1]-[5]. One of new approach is 
combining spectral redundancy and spatial 
redundancy reduction, known as hybrid compression 
method, as proposed in [5]. Analysis of compression 
methods is important to find the best performance by 
comparing compression parameters of proposed 
method to existing methods. 

 
Manuscript received October 9, 2001. (Write the date on which 

you submitted your paper for review.) This work was supported by 
the Directorate General of Higher Education, Ministry of National 
Education under Grant 407AE/DRPM-UI/A/N1.4/2009. D. Sudiana 
and R.A. Widyaningrum are with the Optoelectronics and Remote 
Sensing (OPRES) Research Group, Department of Electrical 
Engineering, Universitas Indonesia, Kampus Baru UI, Depok 
16424, Indonesia. (phone: +62-21-7270078; fax: +62-21-7270078; 
e-mail: dodi@ ee.ui.ac.id).  

We apply Discrete Cosine Transform (DCT) and 
Discrete Wavelet Transform (DWT) using Lifting 
Scheme (LS) 9/7, CDF 9/7 as reported in [6], and 
propose combined wavelets Daubechies 10 (Db10) + 
LS 9/7. Nearest average linear interband prediction, a 
band prediction which based on average of both 
previous and next band images is applied. MODIS 
data sample was retrieved by cropping the original 
image into 2048×2048 size. Preprocessing using 
Gaussian lowpass filter is implemented to reduce 
noises. Analysis is performed by comparing proposed 
compression results to previous method. Parameters 
which are evaluated in the analysis are Peak Signal to 
Noise Ratio (PSNR), Compression Ratio (CR), 
Symmetrical Co-Histogram (SCH) and compression 
time. Based on [7], for hyperspectral remote sensing 
data, compression results with PSNR about 30-40 dB 
could be accepted as adequate for observation or 
object classification similar to original image. Based 
on this result, we set the threshold of best 
compression results with PSNR≥40 dB. 

II. COMPRESSION METHOD DEVELOPMENT 
We modified combined spectral and spatial 

compression method by applying Discrete Cosine 
Transform (DCT) and Discrete Wavelet Transform 
(DWT). In [6] combined spectral redundancy 
reduction using linear interband prediction and spatial 
reduction based on LS 9/7 & CDF 9/7 wavelet 
transform for image analysis and SPIHT image 
coding was proposed. Fig. 1 showed a block diagram 
of previous compression method. 

As shown in the Figure, the correlation coefficients 
depend on the similarity of reference band and 
predicted band. Skip band scheme is included in the 

R

MODIS 
Preprocessing

Original Data
nth Image Band

Select Ref. 
Image Band

Compute 
correlation 
coefficient 
(select skipped 
image band)

Calculate 
prediction coeff.

Reference 
Image Band

Wavelet Transform & 
Image Coding (SPIHT)

Image prediction from 
reconstructed reference 
image band 

Compressed Data
nth Image Band

Skip prediction

Skip prediction & coding

1st image band

Fig. 1. Block diagram of previous compression method [6] 
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prediction which applies when predicted image is not 
satisfactory (PSNR<40 dB). 
 In our method, DCT and Daubechies 10 (Db10) 
Wavelet Transform are used to reconstruct a 
temporary image. This image is then retransformed 
using LS 9/7 wavelet and coded using SPIHT coding 
scheme. Preprocessing step is performed using 11×11 
window size Gaussian lowpass filter to reduce noises. 
Compression steps are illustrated in the block diagram 
shown in Fig. 2 and described as follow: 

a. MODIS data preprocessing 
b. Calculate the interband correlation coefficients 
c. Interband prediction to the nearest average 

bands 
d. Spatial compression using DCT and DWT and 

derive their coefficients 
e. DWT coefficients are coded using SPIHT 

coding, while DCT coefficients are quatized 
scalarly to reduce bit numbers 

f. Decomposition or compressed image 
reconstruction 

g. Evaluate the PSNR, SCH, and other 
compression parameters. 

 

Fig. 2. Block diagram of proposed compression method 
 
Simulation was performed using PC with Intel(R) 
Xeon(R) CPU X3370 @3.00 GHz processor and 3.24 
GB memory size. Sample data is MODIS level 1, both 
bow-tie effects and geometric errors are corrected. 
Sample size is 2048×2048 pixels, quantized at 8 
bit/pixel, which is selected to approximate the original 
size (2805×4766). Fig. 3 showed the sample data 
which is used in the simulation. 
 

 
Fig. 3. MODIS sample data for simulation 

III. SIMULATION RESULTS 
To analyze the relation of each band in the data, 
interband correlation coefficients have to be 
calculated first. As shown in Fig. 4, each band has 
different correlation with other bands. While other 

bands are quite similar, band number 6, 13, and 21 
have spectral similarity of 0.065, 0.247, and 0.179, 
respectively.  
 

 
Fig. 4. Correlation coefficients for each MODIS band 

 
Visually, as shown in Fig. 5, the original imageries 
for these bands have large differences with the 
original sample data (Fig. 3). 
 

 
(a) 

 
(b) 

 
(c) 

Fig. 5. Original image of (a) band 6; (b) band 13, and (c) band 21 
 

The simulation result of nearest average linear 
interband prediction is indicated as PSNR as shown in 
Fig. 6.  
 

 
Fig. 6. PSNR of predicted image bands  
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The PSNR is inversedly proportion to the Mean 
Square Error (MSE) or the average square of original 
and compressed image difference. The higher PSNR 
indicates the better quality of compressed image that 
could be achieved. In this simulation, interband 
prediction yields average PSNR above 60 dB, except 
band 6 which has the smallest correlation coefficient 
comparing to other bands. 
 Fig. 7 showed the simulation results of 4 (four) 
compression methods which are applied using the 
same decomposition level of wavelet transform (level 
3) and how they correspond to the Compression Ratio 
(CR).  
 

 
Fig. 7. Comparison of PSNR and CR for all compression methods 

 
In Fig. 7, combined Daubechies 10 and LS 9/7 

gave the most stable and reliable PSNR, which is 
about 10 dB above the other methods (LS 9/7 and 
CDF 9/7). It is shown also that the DCT has the 
highest PSNR compared to the DWT methods. 
However, the visual observation of the results showed 
that DWT compression methods are still better than 
the DCT (will be discussed later). All methods have 
the same characteristics concerning the PSNR and CR 
parameters. Due to the fact that larger CR means that 
more coefficients are thrown away, than the PSNR is 
inversely proportional to CR whichever compression 
method is selected. 

Three wavelet transforms and Discrete Cosine 
Transform which are compared in the simulation will 
be analyzed further for each decomposition level. Fig. 
8 showed the PSNR and CR of each decomposition 
level for wavelet LS 9/7.  

 

 
Fig. 8. Comparison of PSNR and CR for Wavelet LS 9/7 

 

It could be seen that the higher level, the higher 
PSNR will be achieved. However, starting for level 3 
to 6, the increasing of PSNR is not so high. The same 
condition applies to CDF 9/7 and combined Db10 + 
LS 9/7 as shown in Fig. 9 and 10, respectively. 
 

 
Fig. 9. Comparison of PSNR and CR for Wavelet CDF 9/7 

 

 
Fig. 10. Comparison of PSNR and CR for Wavelet Db10 + LS 9/7 

 
 Based on [7], compression results with minimum 
PSNR about 30 dB could be accepted good quality. 
For LS 9/7 and CDF 9/7, 30 dB of PSNR could be 
achieved for CR up to 20. Therefore, compressed 
MODIS data using DWT could be processed in near 
real-time operational scheme, since 20 times of 
compression could reduce the original size 
significantly with minimum decomposition level  of 3. 
 Simulation results of DCT compression method 
generally showed the same results with DWT. As 
shown in Fig. 11, the PSNR tends to decrease as CR 
increases, but still has average value about 53 dB.  
 

 
Fig. 11. PSNR and CR for DCT compression method 
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 However, DCT has lower quality in term of 
brightness, since high frequency components in the 
compressed image are discarded. As an example, Fig. 
12 showed the original image and result of DCT 
compression with CR=30, respectively. 
 

 
(a) 

 
(b) 

Fig. 12. Example of (a) original image; (b) DCT compressed image 
 
 From the analysis for compression performance of 
all wavelet methods using different decomposition 
level, we found that the best results was achieved at 
level 5. As shown in Fig. 13, with stable PSNR above 
50 dB, combination of two wavelets (Db10 and LS 
9/7) resulted in better performance comparing to 
single wavelet methods.  
   

 
Fig. 13. Comparison of best PSNR of three wavelets 

 
 We compared the compression time and analyze 
the Symmetrical Co-Histogram (SCH) of Db10 + LS 
9/7 method and summarized it in Table I. As shown 
in the Table, for a certain CR, the decomposition level 
corresponds to the PSNR, compression time and 
SCH. 
 

TABLE I 
COMPRESSION PARAMETERS FOR EACH DECOMPOSITION LEVEL 

(WAVELET DB10 + LS 9/7) 
Decomp. 

Level CR PSNR Compr. 
Time (s) SCH 

1 100 28.1429        12.5012   0.60575 
2 100 31.1751        19.6650   0.60013 
3 100 39.1520        21.3062   0.84196 
4 100 47.9025        21.7350   0.98521 
5 100 52.9270        24.7012   0.99942 
6 100 53.5124        25.1917   0.99999 

 
In general, each incremental step level needs 

additional compression time up to 7 seconds for 
compression ratio of 100, whereas the PSNR 
increases from 0.6 to 5 dB, except from level 2 to 3 

and 3 to 4 (about 8 dB). The SCH which describes the 
relationship between the original and compressed 
image tends to increase proportionally to 
decomposition level. The best quality of compressed 
image could be achieved using minimum 
decomposition level of 3. Table II showed the average 
PSNR, compression time and SCH of all methods 
applied in the MODIS compression for all 
decomposition levels and CR=100. As shown in the 
Table, combined Db10+LS 9/7 has a better 
performance comparing to others and lowest SCH for 
DCT explains why the quality of compressed image is 
not satisfactory as shown in Fig. 12 (b), even it has 
the best PSNR and fastest compression time. These 
results support the needs for near real time MODIS 
operational service. 
 

TABLE II 
OVERALL COMPRESSION PARAMETERS 

Compression 
Method CR Ave. 

PSNR 
Ave. Compr. 

Time (s) 
Ave. 
SCH 

LS 9/7 100  20.3503    21.7165  0.7938 
CDF 9/7 100  20.3736    21.7440  0.7962 
Db10+LS 9/7 100  42.1353    20.8501  0.8387 
DCT 100  52.3343      9.3408  0.6693 

IV. CONCLUSION 
MODIS data compression using spectral and spatial 
data reduction has been proposed. Spectral 
redundancy could be reduced using nearest average 
linear interband prediction, whereas spatial 
compression applies wavelet transformation (LS 9/7, 
CDF 9/7, Db10 + LS 9/7) and DCT. Ideal 
decomposition level for wavelet compression could 
be selected between 3 to 6, whereas the best result is 
achieved at level 5. Among all methods, Db10+LS 
9/7 resulted in the best performance with PSNR>50 
dB, compression time 25 seconds and SCH 0.9999 for 
CR=100 and decomposition level 5 or 6.  
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Abstract — Collected spatio-temporal data has 
greatly challenged the ability to digest the data 
and to gain useful patterns. Two crucial challenges 
in extracting pattern of the spatio-temporal 
database is the exploration of efficient methods 
due to the large amount of the spatio-temporal 
database that has high dimensional data, and how 
to develop mechanisms to test and validate spatio-
temporal clustering results. This paper presents 
clustering of spatio-temporal database using 
genetic algorithm, called GAST. It is chosen due to 
its simplicity of the technique and capability to 
handle high dimensional data. The approach is 
validated experimentally using two real spatio-
temporal dataset, Crime and Traffic Accident 
databases. Besides that, we utilize two validity 
measurements, Dunn’s and silhouette index; in 
order to assess the clustering result. Experimental 
results on such databases demonstrated that 
GAST produces reasonable clusters and has 
outperformed K-Means. 

I. INTRODUCTION 
spatio–temporal data refers to data which is 
stored as temporal slices of the spatial dataset 
[1]. The availability of huge amount of spatio-

temporal data that has been collected over the years 
has greatly challenged the ability to digest the data 
and to gain useful knowledge that would otherwise 
lost. Knowledge extracted from spatio-temporal data 
will help us to discover the real underlying 
distribution rules [2] and have better prediction of 
spatial processes or events. 

Clustering is powerful exploratory technique for 
extracting knowledge of spatio-temporal data. It is the 
process of grouping unlabelled large spatio-temporal 
datasets according to their similarity. Thus, clustering 
provides an alternative solution to extract patterns. 

However, spatio-temporal database has large size 
and high dimensional data, because it contains large 
amount of information, and temporal information 
could further increase the database size. So, two 
crucial challenges [3] in spatio-temporal clustering 

are, first selection of efficient methods due to the 
large amount of spatio-temporal data which is high-
dimensional data; and second development of 
mechanisms to test and validate spatio-temporal 
clustering results. 

 
 

Several clustering techniques have been 
introduced and applied to the spatio-temporal data, 
such as K-means [4], [5] and [6], hierarchical 
clustering [7], DBSCAN-based methods [1], Support 
Vector Machine-based approach (SVM) [8] and 
nearest neighbor-based approach [3], [9] and [10]. K-
means technique is the most popular and a simple 
solution for clustering of spatio-temporal data, but it 
has a problem on determining the proper number of 
clusters and initial cluster centers. 

Motivated by natural evolution, evolutionary 
approaches make use of evolutionary operators and a 
population of solution to obtain the globally optimal 
solution. Some of these approaches include the 
genetic algorithm [11], simulated annealing [12], 
particle swarm optimization [13], ant colony 
optimization [14], and evolutionary algorithms [15]. 
They rely on an intelligent search of a large but finite 
solution space using statistical methods. The 
algorithms do not require taking cost function 
derivatives and can thus deal with discrete variables 
and noncontiguous cost functions. They represent 
processes in nature that are remarkably successful at 
optimizing natural phenomena. All of the 
evolutionary algorithms, genetic algorithms (GAs) is 
most commonly used to clustering including [16] 
because of its simplicity. 

In this paper, genetic algorithm based clustering 
for spatio-temporal database, GAST is proposed. The 
method is evaluated with the successful extraction of 
reasonable cluster from two spatio-temporal 
databases; Crime and Fatal crash databases. The 
Crime database contains spatio-temporal data that 
indicates crime incidents in Pittsburg in 1990-2001. 
The Fatal crash database stores accident events that 
occurred in USA during 1994-2008. Furthermore, two 
validation techniques, silhouette and Dunn’s index are 
used to validate the clustering results. 

A
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II. SPATIO-TEMPORAL DATASET 
In this study, two real aggregated spatio-temporal 

dataset are utilized for evaluating the cluster 
algorithm. They are crime property dataset and fatal 
crash dataset. 

A. Crime Dataset 
One of the dataset used for evaluating the 

algorithms is crime data occurred in 42 beats of 
Pittsburgh during 12 years and were assembled for a 
project related to the development of statistical tool, 
CrimeStat III [17]. It represents real data collection 
for 24 types of crime recorded in Pittsburgh.  

This study focuses on crime that related to property 
type, such as burglary, larceny, motor vehicle theft, 
and robbery. Thus, the referrers are space (be discrete 
by means of division of the territory of the Pittsburgh 
into beats) and time (be discrete by division into 
month). The attributes are total number of burglaries, 
larcenies, motor vehicle thefts, and robberies, defined 
for each beat by means of aggregation of individual 
instances. The attribute values correspond to the 
monthly time intervals are also defined by 
aggregation over the intervals. The structure of the 
dataset is illustrated by example given in Table I. 

B. Fatal Crash Dataset 
Another data used in this paper is fatal crash 

database, which is downloaded from The Fatality 
Analysis Reporting System (FARS) [18]. It contains 
data of vehicle crashes in the United States occurred 
on a public roadway and involved fatality in January 
1994 to December 2008.  

The attributes are total number of fatal crashes, the 
number of vehicle crashes, and the number of persons 
in fatal crashes. Table II illustrates the structure of 
this dataset. 

III. METHODOLOGY 
The objective of clustering spatio-temporal data is 

to obtain nature spatio-temporal clusters hidden in the 
data. Clustering as unsupervised process has no prior 
knowledge about number of clusters and the 
characteristic of each cluster.  

Various researches have been introduced clustering 
technique gains the condition. Genetic algorithms 
(GA) have been proved to obtain cluster, such as in 
[16], [19], and [20]. Most of them utilize the GA to 
help the K-means algorithm in order to produce 
optimal initial cluster centers which is generally 
chosen randomly. Figure 1 present the GA clustering 
on spatio-temporal data. 

 

A. Genetic Algorithm based Clustering  
Genetic algorithms are search algorithms based on 

genetic mechanisms and natural selection. GA 
algorithm starts with a collection of chromosome that 
represents solution of a problem. The chromosomes 

are developed in accordance with the evolution rule 
with aim to produce a better chromosome. If ‘good’ 
chromosomes are produced then the ‘good’ solution 
are expected can found.  

 
TABLE I.  

EXAMPLE OF THE CRIME PROPERTY DATA. 

Month 
Year 

Number of Burglary Number of Larceny 
Beat 
11 

Beat 
12 

… Beat 
42 

Beat 
11 

Beat 
12 

… Beat 
42 

Jan-90 78 2 … 9 128 2 … 13 
Feb-90 65 6 … 6 94 7 … 6 

. . . … . . . … . 

. . . … . . . … . 

. . . … . . . … . 
Des-01 76 8 … 20 121 10 … 25 

 
TABLE II.  

EXAMPLE OF THE FATAL CRASH DATA. 
Month 
Year 

Number of Fatal Crashes Number of Vehicles 
Alabama … Wyoming Alabama … Wyoming 

Jan-94 78 … 9 128 … 13 
Feb-94 65 … 6 94 … 6 

. . . . . . . 

. . . . . . . 

. . . . . . . 
Des-08 76 … 20 121 … 25 

GA algorithm starts from encoding the variable 
solution into a chromosome. Then, a number of 
chromosomes are generated to create a population. 
The best chromosome is determined from the level of 
endurance of his life, called fitness function. To 
obtain the ‘best’ chromosome, populations are 
updated using the concept of natural updates 
generation. The update generation process begins 
with selecting the chromosomes based on its fitness 
value. The selected chromosomes subsequently 
conducted crossover to produce new chromosomes, 
called offspring. The offspring chromosome will 
mutate with a probability level, called a probability 
mutation. Process of selection, crossover and 
mutation continues until no changes to members of 
the population or stopping criteria are met.  

1) Initialization and Chromosome Encoding: The 
capability of GA has been used for the purpose of 
appropriately determining a fixed number K of cluster 
centers in spatio-temporal data. The task of the GA is 
to search for the appropriate cluster centers z1, z2, …, 
zK such that the total of distance between each data 
within its cluster and its cluster centers is minimized. 
Thus, the solution variables are sequence of cluster 
centre, z1, z2, …, zK.  

String representation is used to encode the 
chromosome. Each string is a sequence of real 
numbers representing the K cluster centers. For an N-
dimensional space, the length of a chromosome is 
N*K words, where the first N positions represent the 
N dimensions of the first cluster centre, the next N 
positions represent those of the second cluster centre, 
and so on. 

2) Population Initialization: The K cluster centers 
encoded in each chromosome is initialized to K 
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randomly chosen points from the dataset. This process 
is repeated for each of the P chromosomes in the 
population, where P is the number of chromosomes in 
a population, called population size. 

3) Fitness Evaluation: Cluster centers are taken 
from the data itself, by creating look-up table that 
stores the distance of each object. Therefore, the 
distance between objects is evaluated only once rather 
than each time during evolution process. 

The fitness function fc is defined as 

 ∑ ∑
= ∈

−=
K

i Cx
ij

ij

zxfc
1

           (1) 

Hence the minimization of the fitness function, 
mi

 Selection: Roulette wheel selection is 
ch

 recombination 
op

ach offspring with its probability 
m

t 
pr

le, arithmetic mutation as in [21] is 
ut

n(fc), leads to the objective function of the genetic 
algorithm, Fb. 

4) Chromose
osen in this work. It selects chromosomes from the 

mating pool directly by the survival of the fittest 
concepts of natural genetic systems.  

5) Crossover: Crossover is a
erator that produces two children from two given 

parents. This operator helps in exploring the search 
space faster. There are a variety of crossover 
operators; however, single point crossover with a 
fixed value of crossover probability, Pc, is popular 
because of its simplicity. Hence, single point 
crossover does in order to obtain offspring from the 
selected parents.  

6) Mutation: E
utation is mutated using binary mutation schema. 
Mutation is performed in order to preven
emature convergence. Mutation is unary operator 

which takes a offspring chromosome as an input and 
returns the chromosome with changes at different 
randomly selected position. A probability of mutation, 
Pm used to select a position of gen in the 
chromosome.  

In this artic
ilized due to the real number encoding. The selected 

gene is changed by  
( )v +± v∗εδ                                (2) 

where v is the selected gen, [ ]1∈ ,0δ and 10 << ε .      
his pa e process

of

ented at each generation by 
pr

valuation 
ate the clustering result, 

sin

identifies 
cl

   
7) Termination Criteria: In t per th es 
 fitness evaluation, selection, crossover, and 

mutation are executed until converge or the iteration 
is more than maximum iteration. The best string seen 
up to the last generation provides the solution to the 
clustering problem.  

Elitism is implem
eserving the best string seen up to that generation in 

a location outside the population. Thus on 
termination, this location contains the centers of the 
final clusters. 

B. Cluster E
It is important to evalu
ce different algorithm or input parameters reveal 

different clustering structures. However, there are 
three types of validation index, but measurement 
validity of clustering result in relative criteria is better 
since they are data dependent and it is advisable not to 
depend on a single technique for validating the 
clustering result but to synthesis the results of several 
indices [22]. With respect to such suggestion, in this 
study use Dunn index and Silhouette index.  

1) Dunn index (Du) [23]: this index 
usters that are compact and well separated. Dunn 

index of cluster with number of clusters (nc), Dunc, is 
defined by 

( )
⎪⎭

⎪
⎬
⎫

⎪⎩

⎪
⎨
⎧

⎟
⎟
⎠

⎞
⎜
⎜
⎝

⎛
=

=
+== )(max

,
minmin

,...,1
,...,1,...,1

knck

ji

ncijncinc cdm
ccd

Du        (3)  

Where d(c ,c ) is the dissimilarity function between 

taset contains compact and 
w

ex is one of the 
in

i j
two clusters ci and cj, and dm(ck) is the diameter of 
cluster k, which may be considered as a measure of 
dispersion of the clusters. 

It is clear that if the da
ell-separated clusters, the distance between the 

clusters is expected to be large and the diameter of the 
clusters is expected to be small. Thus, nc that 
maximizes Dunc is recommended or present of 
compact and well-separated clusters. 

2) Silhouette Index (sl) [24]: this ind
ternal criteria measurement in clustering validity 

approach. It combines both cohesion and separation 
terms. The silhouette coefficient of the ith object, sli, is 
defined as  

),max( ii

ii
i ba

absl −
=                          (4)  

Where a  is average distance of the ith object to all 
ot

h is a 
ne

IV. EXPERIMENTAL RESULT 
public real 

sp

oduced cluster structure is evaluated 

i
her objects in its cluster, and bi is the minimum of 

average distance of ith object to all other objects in 
other clusters that do not contain ith object.         

The value of sli is in the interval [-1, 1], whic
gative value is undesirable [25]. We can compute 

the average sl of a cluster by simply taking the 
average of sl of objects belonging to the cluster. An 
overall measure of goodness of a clustering can be 
obtained by computing the average sl of all objects. 
[26] use the average sl of all objects to estimate the 
number of clusters in the data sets by using the 
partition with two or more clusters that yields the 
largest average silhouette width. An average sl greater 
than 0.5 indicates a reasonable partition of the data 
and exhibit cluster structure. Thus, the clustering with 
sl more than 0.5 indicate optimal cluster. 

GAST is applied in clustering two 
atio-temporal dataset, the crime property and fatal 

crash dataset. It requires five parameters, number of 
clusters nc, maximum iteration maxiter, population 
size np, probability of crossover Pc and probability of 
mutation Pm.  

Next, the pr
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 summarize the quality and 
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 TABLE III.  
OPTIMAL RESULT OF DIF ERING ALGORITHMS ON 

Algorithm F Du  

ng two validation techniques: silhouette coefficient 
[25] and Dunn index [23]. The cluster structure that 
have silhouette coefficient value more than 0.5 [26] 
and larger Dunn index, indicates the optimal cluster 
structure. Clusters that are included in the optimal 
cluster structure present the “nature” of cluster. 

GAST is implemented with the parameters we
 follows: Pc is set at 0.9 and the probability 

mutation Pm is set at 0.01. Whereas np is taken to be 
20 for Crime dataset and 30 for Fatal crash dataset.  

For K-means algorithm we have fixed a maximum
 100 iterations in case it does not terminate 

normally. However, it was observed that in all the 
experiments the K-means algorithm terminated much 
before 100 iterations. 

Table III and IV
ficiency of solutions obtained for clustering of 

crime property dataset when k is set at 2 and 3 
respectively. While clustering results on fatal crash 
dataset when k is set at 2 and 3 is given in Table V 
and VI respectively. For each test, the best objective 
value, average silhouette index and best Dunn index 
found in 100 distinct runs are stored.  

Both algorithms produced the rea
ith average sl more than 0.5. However, the 

clustering results obtained from both dataset indicate 
that the proposed algorithm, GAST finds the global 
optimum with smaller objective value Fb and larger 
Dunn index Du in comparison with k-means 
algorithms. This indicates that the genetic algorithm 
based clustering, GAST is a powerful technique for 
clustering large amount spatio-temporal data. 

 

FERENT CLUST
CRIME DATASET WHEN K = 2. 
b sl 

GAST 1.54 x 10  128 1 6 0.7 0.168
K-means 3.36 x 106 0.7128 0.1681 

 
TABLE IV.  

OPTIMAL RESULT OF DIF ERING ALGORITHMS ON 

Algorithm F Du  

FERENT CLUST
CRIME DATASET WHEN K = 3. 
b sl 

GAST 1.09 x 10 922  6 0.6 0.232
K-means 3.47 x 106 0.5606 0.149 

TABLE V. O ULT O ENT CLUSTERING 

Algor

PTIMAL RES F DIFFER
ALGORITHMS ON FATAL CRASH DATASET WHEN K = 2. 

ithm Fb Sl Du  
GAST 1.83 x 10  52 8 0.8 0.0789 
K-means 2.40 x 109 0.852 0.0789 

 
TABLE VI. OPTIMAL RESULT OF DIFFERENT CLUSTERING 

Algor
ALGORITHMS ON FATAL CRASH DATASET WHEN K = 3. 

ithm Fb  Sl Du  
GAST 8.58 x 10  227 7 0.8 0.1015 
K-means 9.12 x 109 0.7928 0.0725 

 

V. CONCLUSION 
Clustering of spatio temporal database has great

challenges in various field applications for pat

extractio ucture of spatio-
tem
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n. Due to the size and str
poral database, genetic algorithm based clustering 

of spatio-temporal dataset, GAST are proposed. It is 
found that, the proposed algorithms achieve compact 
and well separated clusters and reasonable clusters 
with average silhouette index more than 0.5. 
Compared to K-means, GAST algorithms provide 
better index validation values with smaller objective 
value.  

It is important to look at more than one aspect of 
cluster quality as fitness function. Optimize different 
objectives explicitly in one clustering algorithm by 
using multiple objective criterion functions. Besides 
that, the major problem with GA is that they are 
sensitive to the selection of various parameters, such 
as the population size, crossover and mutation 
probabilities.  
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Abstract—This paper describes a series of 
experiments that apply four image feature 
extraction methods to identify the artist of 
Indonesian paintings, particularly the distinctive 
style belonging to the well-known Affandi. The 
four feature extraction methods, i.e. Gabor 
wavelets, number of edges, edge size histograms 
(ESH), and color histograms, are used in two 
experimental setups: the first is to distinguish 
paintings by Affandi from paintings by other 
Indonesian artists, and the second is to distinguish 
paintings by Affandi from those by Vincent van 
Gogh, whose use of the impasto style is reminiscent 
of Affandi. Our dataset contains 25 paintings by 
Affandi, 30 paintings by Van Gogh, and 30 
paintings by other Indonesian artists. The ESH 
method yields the best result, achieving accuracies 
of 83.08% and 55.81% respectively for the two 
aforementioned setups. 

I. INTRODUCTION 
HE issue of painting classification has recently 
received significant interest from the fields of art 

history and image processing [2]. Classification tasks 
include identifying the painter, style, and also era of a 
given painting. The objective of such digital painting 
identification research is to overcome the difficulties 
encountered in manual recognition such as cost, time, 
and subjectivity [1], and to emulate expert-centered 
recognition that requires particular knowledge such as 
the common characteristics of a painter’s brushstroke 
style. 

In this paper we experiment with painter 
identification, i.e. determining the painter who created 
a given painting. This task is useful for determining 
the authenticity of a painting. To achieve this, four 
image feature extraction methods are used. The use of 
the first method, the Gabor wavelet method, was 
proposed by Johnson et al. [2] in their research to 
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detect and analyze the impasto (thick brushstokes) to 
distinguish authentic Van Gogh paintings from 
paintings by others – albeit in a similar style. In [2], 
the impasto of a painting was detected by analyzing 
the texture feature using the Gabor wavelet method 
and identifying the energy scales over the digitized 
paintings. Upon observing that most paintings by 
Affandi also exhibit impasto, we decided to apply the 
same Gabor wavelet method as one of our feature 
extraction methods. We also carried out an experiment 
that compared paintings by Affandi and by Van Gogh 
to measure the similarity  between the two artists with 
respect to their brushstrokes. 

The second and third methods, i.e. number of edges 
and edge size histograms (ESH), was proposed and 
implemented in [4] to identify the styles of various 
traditional Chinese paintings (TCP), particularly to 
differentiate between the two main styles of TCP, i.e. 
Gongbi style and Xieyi style. Gongbi paintings have a 
complex depiction of objects whilst Xieyi paintings 
tend to have minimal yet expressive strokes. Figure 1 
shows an example. 

 

     
(a) (b) 

 
Fig. 1.  Example image of TCP: (a) Gongbi painting, and (b) Xieyi 
painting [4]. 

 
In [4], it is demonstrated that the number of edges 

analysis has less computational cost than ESH, but 
ESH is a robust feature extraction method that yields 
very good results. From this, we conclude that edge 
features are useful representations to classify paintings 
by considering the artist’s brushstrokes, thus we also 
employ this feature for our experiments. 

Finally, the use of the fourth method, i.e. color 
histogram analysis,  was proposed by Sergyan [3] to 
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categorize objects from four different classes of 
objects: landscapes, buildings, human faces, and 
indoor objects that have a homogenous background. 
This method was proposed because it is efficient and 
quite robust. Sergyan evaluated some statistical 
characteristics of the color histogram features such as 
mean, standard deviation, variance, skewness, energy, 
and entropy, and obtained 87% accuracy as a result. 
 The rest of this paper is organized as follows. In 
Section 2, we explain the datasets used in our 
experiments, the various feature extraction methods 
used, and also the experimental setup. The 
experimental results are reported and discussed in 
Section 3, and concluding remarks and suggestions for 
future work are presented in Section 4. 

II. EXPERIMENTAL SETUP 

A. Data and Similarity Measure 
We used 85 digitized paintings which consists of 25 

paintings by Affandi, 30 paintings by various other 
Indonesian artists, and 30 paintings by Van Gogh. 
Paintings by Van Gogh were used to see the 
performance of the proposed feature extraction 
methods in recognizing paintings with a similar style 
to Affandi. Examples of paintings in our dataset can 
be seen in Figure 2. 

 

     
(a) (b) 

 

 
(c) 

Fig. 2.  Sample images from each category: paintings by (a) 
Affandi, (b) Van Gogh, and (c) other Indonesian artists. Images (a) 
and (c) courtesy of Galeri Nasional Indonesia. 

 
We used a randomly selected 30% of the dataset for 

the training phase, and the remaining 70% for the 
testing phase. The classification for all methods is 
performed by comparing the Euclidean distance from 
one image feature vector to each estimator vector used 
in the experiment [1]. The estaimator vectors are 

computed from the training data. For example, if an 
image feature vector is closer to estimator vector A 
than to estimator vector B, then the image from which 
that feature vector was computed can be classified into 
the group represented by estimator vector A. The 
equation of Euclidean distance between two points 
A=(a1,a2,...,an) and B=(b1,b2,...,bn) in an n-
dimensional space is given in Eq. 1 as follows: 

, =   (1)

B. Gabor Wavelet Method 
The Gabor wavelet is used because it is invariant to 

any difference in scale and orientation, so the 
variation of data scales and orientation can still be 
recognized. The Gabor wavelet can be obtained by 
applying dilation and rotation to a mother wavelet 
ψ(x,y) (see Eq. 2) whilst other kinds of child wavelets 
are usually obtained through dilation and translation 
[6].  

,
1

2
exp

1
2

exp 2  (2) 

The Gabor wavelet is modulated by Gaussian 
function and has the convolution formula as given 
below in Eq. 3: 

, , ,  (3) 

The reason the Gabor wavelet is invariant to 
different scales and orientations is because it evaluates 
the energy and distribution of intensity level in an 
image in many scales and orientations through a filter 
bank. In this work, we setup a filter bank consisting of 
four scale variations and six orientation variations, 
thus our output feature vector has 48 elements for 
each vector. 

We applied this method for two different image 
types: raw images and binary images. Raw images are 
the full RGB bitmaps representing the scanned 
painting images as seen in Figure 2, whereas binary 
images were produced by applying Canny edge 
detection [7] to the raw images. In Section 4 we 
present the difference of the experimental results 
using these two kinds of data. 

During the training phase, 30% of the dataset from 
each given category was randomly selected and then 
processed using the Gabor filter. After being filtered, 
we calculated the mean of the output feature vector 
from this phase. Thus, at the end of the training phase, 
we have three feature vectors which each represent a 
category: Affandi, non-Affandi, and Van Gogh. These 
vectors are called estimator vectors [1]. As mentioned 
above, estimator vectors are used to determine which 
category a painting belongs to.  
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In [1], we implemented this method to distinguish 
between paintings of abstractionism and realism 
styles, where approximately over 50% of the testing 
data were classified into the right category. In [2], this 
method was successfully applied in recognizing Van 
Gogh’s paintings from those not by Van Gogh by 
detecting the impasto correctly although the given 
result was still imperfect. 

C. Number of Edge Analysis Method 
This method uses binary images as produced by 

Canny edge detection [7] as the input and outputs the 
number of edges which exist in a particular image. 
Canny edge detection was chosen because of its 
ability to calculate weak edges in an image [7], thus 
enabling precise calculation of the number of edges 
found within an image. 

The number of edges can be found by searching all 
the pixels in a given binary image which have value 1 
(on/white), and if such a pixel is found then trace the 
8-neighbours of it. If there exists one or more pixel 
which has value 1 in that 8-neighborhood, then add 
the pixel to the edge list, then update the center pixel 
to be the neighbour pixel which has value 1 [1]. 
Figure 3 below illustrates the process using previously 
calculated edges in a 3x3 image. 

 

 
 

Fig. 3. 3x3 images which have: (a) three edges, (b) one edge [1]. 
 
In [1], this method was shown to accurately 

categorize 66,23% paintings. However, Jiang et al. 
found this kind of feature insufficient to represent the 
characteristics of a given image, and proposed another 
method called ESH [4]. 

D. Edge Size Histogram (ESH) Method 
This method computes the number of edges found 

within an image that have a particular pixel size or 
length. The histogram output of this method has 11 
dimensions, from 1 to 11, where each dimension 
represents a “bucket” that collects edges that have the 
size/length of {[1,10], [11,20], …,[100,∞]}, thus each 
output feature vector of this method has 11 elements. 
There is no known definitive method for applying this 
dimensional chunking, however we can obtain a more 
representative ESH feature by increasing the number 

of ESH dimensions. An example of an ESH histogram 
is given in Fig. 4 below. 

 

   
(a) 
 

 
(b) 
 

Fig. 4.  (a) The painting “Ayam Petarung” by Affandi and (b) its 
ESH. Image (a) courtesy of Galeri Nasional Indonesia 

 
This method is quite robust and yields the best 

results in this work by giving 88.33% accuracy for the 
Affandi-non-Affandi classification and 88.89% 
accuracy for the Affandi-Van Gogh classification (see 
Section 3 for details). 

E. Color Histogram Analysis Method 
This method calculates various statistical features 

from a color histogram obtained from an image to 
yield a representative feature vector based on the 
characteristics of pixels in the image being analyzed 
[1]. The analysis involves five statistical features, 
namely mean, entropy, variance, skewness, and 
kurtosis [3]. 

Mean is a representation of image brightness. We 
can enhance an image brightness by increasing its 
mean. If an image has a high mean, it has a high 
brightness, and vice versa [1]. The formula of the 
mean is given in Eq. 4. 

  (4)

where L is a value from 0-255, fh is the value of the 
intensity level, and p(fh) is a probability obtained by 
dividing the number of pixels with intensity h by the 
overall number of pixels in the image [1]. 

Entropy is a representation of irregularity that 
occurs in the histogram curve of an image. If the pixel 
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intensity values of one image is distributed widely 
throughout intensity levels 0-255, this image will have 
a large entropy. A complex image will tend to have a 
histogram with higher entropy than a simple one [3]. 
The formula of entropy is given in Eq. 5 as follows: 

 (5)

Variance is a representation of the contrast level in 
an image. An image whose color histogram has a high 
variance value tends to exhibit high contrast, and vice 
versa [1]. The formula of variance is given in Eq. 6 as 
follows: 

  (6)

Skewness is a representation of the histogram curve 
skew of an image. There are two different types of 
skewness: skew-to-the-right and skew-to-the-left. A 
curve which can be categorized as a skew-to-the-right 
curve has a tail that spreads to the right and has 
positive skewness value, whereas a skew-to-the-left 
curve is the opposite. The formula of skewness is 
given in Eq. 7 as follows: 

 
1

 (7)

Kurtosis is a representation of the sharpness of an 
image. If the pixels in an image are distributed with a 
Gaussian distribution, then the histogram curve of that 
image will have a zero kurtosis. The more positive the 
kurtosis value, the more pointed the image’s 
histogram curve. The formula of kurtosis is given in 
Eq. 8 as follows: 

 
1

3 (8) 

In [3], the computation of these features was 
applied to the categorization of an image into four 
categories according to the object represented in that 
image: landscapes, buildings, human faces, and single 
objects. The statistical features from the color 
histogram were found to be quite representative, and 
was able to produce a result of 87% accuracy. 

F. Augmented Feature Vector 
In this work, we also experiment with what we refer 

to as augmented feature vectors, that are obtained 
concatenating two different feature vectors mentioned 
in subsections 2.B to 2.E. This approach was 

performed to obtain a better feature vector through 
various combinations of feature vector. After the 
vectors are concatenated, the similarity measure is 
calculated with the same procedure as explained in 
subsection 2A. 

III. EXPERIMENT RESULTS 
The various image feature extraction methods 

described in Sections 2.B to 2.F are applied to the 
datasets described in Section 2.A to measure their 
performance in terms of identification accuracy, i.e. 
the ratio of the number of correctly identified 
paintings to the number of all paintings in the dataset 
[1]. As mentioned previously, two separate 
experiments are carried out: the first setup is to 
classify images between paintings by Affandi and 
paintings by various other Indonesian artists, and the 
second setup is to classify images between paintings 
by Affandi and paintings by Vincent van Gogh. The 
results from the former are presented in Table 1, 
whereas the results from the latter are presented in 
Table 2. Augmented feature vectors are displayed with 
a ‘+’ operator in the method name, indicating the 
concatenation of two different feature extraction 
methods. 

From the tables below, we can see that in both 
experiments, the most effective method is ESH. The 
edge characteristics – as detected by Canny edge 
detection – is crucial in identifying painters. However, 
simply the number of edges is insufficient: the 
distribution of edge size/length is also very indicative. 
For instance, in many Affandi paintings, we can see 
that Affandi has a continuous brushstroke style, which 
means it has a binary image with many continuous 
edges with large pixel size/length, i.e. more than 100 
pixels. 

 
TABLE I 

CLASSIFICATION RESULTS: AFFANDI & OTHER INDONESIAN 
PAINTERS 

Method Correct Error Accuracy 

Gabor wavelet (binary images) 31 9 78.46%

Gabor wavelet (raw images) 25 15 63.46% 

Number of edges analysis 30 10 75% 

Color histogram analysis 27 13 56.33% 

ESH 33 7 83.08% 

Gabor (binary) + Number of 
edges 

30 10 75% 

Gabor (raw) + Number of 
edges 

30 10 75% 

Gabor (binary) + Color 
histogram  

31 9 78.46% 

Gabor (raw) + Color histogram 26 14 67.31% 
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Affandi shares such brushstroke characteristics with 
Van Gogh, hence the reduced accuracy of the second 
experiment. They are both artists of the expressionism 
school. In fact, both of them have also drawn similar 
artworks. A juxtaposition of their similar artworks can 
be seen in Figure 5. 

Because of this issue of similarity, the identification 
problem that lies between these two categories of 
paintings, i.e. those by Affandi and Van Gogh, 
becomes a difficult one. The best accuracy of 55.81%, 
which is achieved when using ESH, is only slightly 
above the baseline expected probability of 50% given 
such a binary classification task. Clearly this indicates 
scope for further work. 

Most paintings by Affandi have many curvy 
impasto while paintings by Van Gogh tend to have a 
short but continuous impasto. A close-up of this detail 
can be seen in Figure 6. This kind of characteristic 
should be able to be extracted well by using methods 
that involve edge detection, such as number of edges 
analysis and ESH. 

Furthermore, the concatenation of two different 
feature vectors can increase the recognition accuracy 
if one of the feature vectors already has a good 
recognition accuracy. However, if one of the feature 
vectors has a very low recognition accuracy, it is 
unlikely combination will bring much improvement. 

The second best method is the Gabor wavelet, 
because of its invariance with respect to orientation 
and scale. The number of edges analysis was not quite 
successful because it cannot represent the overall edge 
features in the images. Since the estimator vector is 
reduced to a single scalar value (the number of edges), 
too much information is lost. Finally, the color 
histogram analysis method is not quite successful 
according to our experimental results, and thus implies 

that the five statistical features of the color distribution 
of an image is not quite representative enough as a 
parameter for identification of the artist of a painting. 
One possible explanation for this is that a single 
painter, e.g. Affandi, may use a wider color pallette 
throughout his career, and thus the color distribution 
of the images of his paintings is not distinctive enough 

TABLE 2 
THE RESULT OF THE CLASSIFICATION BETWEEN AFFANDI AND 

VAN-GOGH 

Method Correct Error Accuracy 

Gabor wavelet (binary images) 13 27 33.59% 

Gabor wavelet (raw images) 21 19 51.27% 

Number of edges analysis 12 28 31.06% 

Color histogram analysis 13 27 31.57% 

ESH 22 18 55.81% 

Gabor (binary) + Number of 
edges 

13 27 31.57% 

Gabor (raw) + Number of 
edges 

19 21 47.98% 

Gabor (binary) + Color 
histogram  

12 28 31.06% 

Gabor (raw) + Color histogram 13 27 31.57% 

Number of edges + Color 
histogram 

19 21 47.98% 

 

(a) 
 

 

(b) 
 
Fig. 5.  Juxtaposition of similar paintings: (a) Pohon dan
Andong by Affandi (above) and Olive Trees by Van Gogh
(below), (b) Bunga Matahari by Affandi (above) and Four
Cut Sunflowers by Van Gogh (below). 
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to identify his work. On the other hand, the task in [3] 
of identifying, for example landscapes from buildings 
from human faces, is one that can reliably exploit 
color distributions, since human skin tones are very 
distinct. 

IV. CONCLUSION AND FUTURE WORKS 
This paper has presented four image feature 

extraction methods for identifying paintings by 
Affandi, other Indonesian painters, and Vincent van 
Gogh. These methods are Gabor wavelet, ESH, 
number of edges analysis, and color histogram 
analysis. The most effective method from those four 
methods is ESH, because it has the ability to 
differentiate long edges and short-yet-continuous 
edges. It has a recognition accuracy of  83.08% when 
classifying paintings by Affandi and various other 
Indonesian painters, and 55.81% when classifying 
paintings by Affandi and Van Gogh. The least 
successful feature extraction method applied in our 
experiments is color histogram analysis, indicating 
that color distribution of an image is not quite 
representative enough as a parameter for identification 
of the artist of a painting. As for future work, the low 
results when distinguishing between Affandi and Van 
Gogh (55.81%), two artists with similar expressionism 
styles, indicates that other fine-grained features should 
be explored. Overall, our future goal is to build a 
content based image retrieval system (CBIRS) that 
can identify not only Affandi paintings but also other 
paintings by various Indonesian painters like Raden 
Saleh, Basuki Abdullah, Popo Iskandar, etc. 
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Fig. 6.  The difference between the impasto in a painting by (a) 
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Abstract—This paper presents the evaluation of 
the previously proposed fitness function for old 
document image enhancement and restoration 
using genetic algorithms, i.e. the difference 
between original image’s and enhanced image’s 
number of edges containing only 1 pixel (ES). The 
evaluation is done using optical character 
recognition software regarding the image’s 
readability, before and after the enhancement 
applied. The correlation between the image’s 
readability and the fitness function is examined to 
see whether the fitness function can describe the 
goodness criteria of the image or not. Besides 
evaluating the previous fitness function, this paper 
also gives a comparison between several fitness 
functions to see which fitness function will give a 
better correlation to image’s readability. 
Experimental result proves the claim that the 
lower the ES value, the better the readability of the 
image. The experimental result also shows that 
background variance (BV) is likely to be the best 
fitness function as it gives the highest correlation.  

Keywords—optical character recognition; levenshtein 
edit distance; fitness function; typewritten old document 
image. 

I. INTRODUCTION 
Digitizing paper-based documents is considered to 

be very important in the field of digital preservation, 
especially in cultural heritage artifact preservation. 
There are huge amounts of old documents, which 
condition is already degraded throughout the time, 
whose information haven’t been identified. To 
preserve the information contained in it, an effort 
should be done while the physical document is still 
available, because as the condition get worse, the 
information it contains will also be harder to obtain. 
One way to preserve the information is to scan those 
documents and store the digital images. The problem is 
when the physical document is already in a bad 
condition, of course the scanned version of the 
document will also be in the same bad condition. 
Therefore, we need to clean the images from noises 
tampering them, or in other words to recover the 
images to its initial condition before being degraded, so 

that further process in extracting the information could 
be done. 

Before going further to information extraction and 
interpretation, a preprocessing is needed to clean the 
old document image, such as image enhancement and 
restoration. In our previous work [5], we’ve already 
tried to do preprocessing task for old document images 
by implementing genetic algorithms (GAs) for image 
enhancement and image restoration. The 
implementation is actually doing a process similar to 
contrast stretching. GAs as randomized searching 
algorithms [7] rely on fitness function as the selection 
function that decide whether a candidate solution is the 
optimal solution or not. In our previous work [5], we 
found that the best fitness function for old document 
image enhancement and restoration is the total number 
of edges containing only 1 pixel, and we want to 
minimize the difference between the original image 
and the GAs generated image. The GAs 
implementation will generate several enhanced and 
restored images. The problem is we used subjective 
evaluation to judge whether those images are well 
enhanced and restored or not. 

In this study, we try to use an objective 
measurement to evaluate the images generated by our 
GAs implementation. Here we employ the use of 
optical character recognition (OCR) software to “read” 
the text contained in those old documents. Another 
problem we face when working with OCR is that its 
recognition rate for handwriting images, especially the 
cursive handwriting, is rather low. Considering that 
problem, we limit the problem domain, from old 
document images with any kind of writing style to 
typewritten old document images. For every input 
image, we already have the corresponding reference 
text and this reference text will be the baseline for 
other OCR generated text. Besides validating our 
previous proposed fitness function, we also try to apply 
some objective measurements as fitness function, e.g. 
background and detail variance [2].  

This paper is organized as follows. Section 2 will 
give a brief description about our previous work in 
implementing GAs in image enhancement and 
restoration for old document image. Section 3 and 4 
will explain about measurements used in fitness 
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function and in evaluating the fitness functions used in 
this paper. The experimental result and its analysis will 
be discussed in section 5. This paper will be closed by 
concluding remarks and future works in section 6. 

II. GAS IMPLEMENTATION: IN A NUTSHELL 
The flow diagram of the GAs implementation used 

in [5] is shown in Fig. 1. Basically, this GAs 
implementation is doing a process similar to contrast 
stretching.  

The chromosome structure of this GAs 
implementation is the grayscale values of the image, 
sorted in ascending order. A gray level value will be 
recorded once, though it occurs several times in the 
image. The enhancement process happened in the 
crossover and mutation process of the GAs. By 
following some rules, the gray level values of the 
image are substituted by another value. 

 
 

III. MEASUREMENTS USED IN FITNESS FUNCTION 

A. Edges Score (ES) 
For each images, the original and enhanced one, we 

calculate the total number of edges containing only 1 

pixel, this is what we called as edge count (EC). See 
Fig. 2 for further explanation. 

 

1  0  0  0  1 

0  0  1  0  0 

1  0  1  1  1 

1  0  0  0  1 

1  1  1  1  1 

Fig. 2. A binary image with EC = 2. 

In Fig. 2, there is a binary image with 3 edges. 2 
edges of them contain a single pixel, while the other 1 
edge contains 12 pixels in it. Therefore, that binary 
image’s score is EC = 2. To compute ES, first we have 
to obtain the original image’s EC (ECo) and all its 
corresponding enhanced images’ EC (ECi). The 
formula for calculating ES is presented in Eq. (1). 

| – | 

i = 1,2,…,n 

START  (1) 

Calculate input image’s 
chromosome & length 

B. Background Variance (BV) & Detail Variance 
(DV) 

Generate initial 
population  Background Variance and Detail Variance are an 

objective criteria employed to evaluate images [2]. To 
obtain BV and DV values, at first the variance of gray 
level values in the neighboring pixel is calculated at 
each pixel. Next, define a threshold to classify pixels 
into background and foreground. Pixels with variance 
of gray level above the defined threshold are classified 
as foreground, and pixels with variance of gray level 
below threshold are classified as background. The 
average value of variance included in the foreground 
class is DV, and the average value of variance included 
in the background class is BV [1]. When the DV value 
of the enhanced image increases and the BV value has 
not changed compared to the original image, then an 
efficient contrast enhancement has been achieved [2]. 

Crossover & 
Mutation 

Calculate fitness 
value 

Remove individuals 
with too high/ low 

fitness value 

C. Mean Square Error Measurements 
Mean square error (MSE) is a way to measure the 

difference or error between an estimator and the true 
value being estimated. The MSE of an estimator  and 
the estimated value  is given as follows: 

 

(2) 

In this study, we want to measure the MSE of two 
kinds of feature vector. Instead of using those features’ 
raw score, we use the standard score, presented below: 

Roulette wheel 
selection 

Meet 
terminating 
criteria?

No 

Yes 

STOP 

Fig. 1. GAs implementation used in [5]. 
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(3) 

where and  is mean and standard deviation of 
the population. The two kinds of feature vector to be 
measured are: 

1) MSE A 

Feature vector of background variance and 
tail vde ariance. 

    
(4) 

where  and  are the standard score of 
the features of the original image, while  
and  are the standard score of the enhanced 
image’s feature. 

2) MSE B 

Feature vector which consists of ES, BV, 
nd DV. a

  

  

(5) 

where , , and  are the standard 
score of the features in the original image, 
while , , and  are the enhanced image 
features’ standard score. 

IV. MEASUREMENTS USED FOR FITNESS FUNCTION 
EVALUATION 

To evaluate whether the fitness functions proposed 
are efficiently describing the goodness in the obtained 
solutions or not, we use another objective 
measurement in regard to the image’s readability. 
Optical Character Recognition (OCR) software is 
employed to “read” the text from the images. After 
that, a process to measure similarity between reference 
and extracted text is conducted and correlation 
between the similarity score and fitness function is 
calculated. 

A. Optical Character Recognition (OCR) 
OCR software are used to translate scanned images 

into editable text, in other words OCR software 
extracts text from an image and represents the text in 
text representation, e.g. in ASCII code. Because our 
data for this experiment is typewritten images, the 
resulting OCR generated text gives high accuracy as 
long as the image is noiseless. 

B. Levenshtein Edit Distance (LED) 
Levenshtein Distance, also known as Edit Distance, 

is a dynamic programming algorithm which addresses 
the problem of sequence matching based on the notion 
of a primitive edit operation. By the term of “primitive 
edit operation”, we refer to the substitution of a symbol 

by another symbol, deletion, and insertion of a symbol 
[3]. With those primitive edit operations, for example 
we can transform a character D into a target character 
R with a single substitution operation. 

m

5

5

5

4

3

3

4

5

6

Fig. 3. An example of Levenshtein Distance calculation to 
transform "sithmngh" into "although" 

The Levenshtein Distance of two strings A and B is 
the minimum number of single character insertions, 
deletions, or substitutions required to transform A into 
B. If string A is of length , and string B is of length 

, then it requires a 1 1  matrix to 
compute the Levenshtein Distance. An example is 
shown in Fig. 3. In that example, we want to calculate 
the Levenshtein Distance to transform a string 
“sithmngh” into a target string “although”. The first 
character of both strings is different, so the 
Levenshtein Distance is 1. The second character for 
both strings is also different and it adds up the distance 
by 1, and the distance now is 2. The third and fourth 
characters of both strings are exactly the same so the 
distance is not changed. This procedure is continued 
until all characters from both strings are examined, and 
the result of overall Levenshtein distance between the 
two strings is 4, i.e. the minimal cost of edit operation 
to transform “sithmngh” into “although”. 

C. String Similarity 
In this study we need to measure similarity between 

extracted text from the image and its corresponding 
reference text. In order to do so, we use the formula 
from [4]: 

,
1

,1  (6) 

Where ,  is the minimum number of 
primitive edit operations required to transform one 
string to another, i.e. the Levenshtein Distance value 
between those two strings. The higher similarity score, 
the more readable the text in the image, thus we can 
conclude that an efficient image enhancement has been 
achieved. 
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Fig. 4. An example of input image (Source of image: 

http://www.harrison.lib.ms.us/) 

D. Statistical Correlation 
To evaluate the goodness of the 5 fitness functions 

mentioned before, the correlation between each of 
them and the similarity score is explored. Correlation 
coefficient is the index used to measure the 
relationship between the two parameters being 
examined. Pearson product-moment correlation 
coefficient or Pearson r shown in formula (7) is 
selected to do the job. We would first calculate the 
mean and the standard deviation of the population to 
get its standard scores. After obtaining the population’s 
standard score, the correlation coefficient, i.e. Pearson 
r, can be calculated.  Pearson r is the sum of the cross-
products of population standard scores divided by n – 1 
[6]. 

  ∑  (7) 

V. EXPERIMENTAL SETUP 
We have conducted an experiment to evaluate the 5 

fitness functions we proposed before. For this 
experiment, we already have a set of old document 
image and its corresponding reference text, see Fig. 4 
and Table I for example. Those images are then being 
inputted to: 

• OCR, to extract the original image 
text 

• GA implementation [5] to generate 
enhanced images of the input image. For each 
input image there will be 30 enhanced images 
generated. 

The enhanced images generated by GA are then 
being inputted to OCR, just like the original image, to 
extract its text. 

 

TABLE I. AN EXAMPLE OF REFERENCE AND EXTRACTED 
TEXT 

Reference Texta Extracted Texta

The Harrison County 
libraries did not fare so well. 
At Biloxi, lthough the main 
library was untouched, water 
had entered the Division 
Street Center Branch, soaking 
books on the lower shelves. 
Two staff mem-bers lost their 
homes. 

Items in the library and 
manuscript col-lection at 
Beauvoir, the Jefferson Davis 
Home at Mississippi City, 
were water soaked and 
covered with mud and slime. 

The new Gulfport-
Harrison County Li-brary on 
Highway 90 received the full 
im-pact of wind and water 
which created havoc on the 
lower floor and did extensive 
damage upstairs. Library 
furnishings and materials 

Mrs. Morgan is special 
projects consultant for the 
Mississippi Library 
Commission. 

ALA BULLETIN 

The H:u·r.i.¤:0n County 
lilirpxiees did rmt fare sn well. 
At Bilmci. sithmngh the rrisiri 
library wss unwuvhemi. ·wst.e1· 
had entered the Ilivisicli Strcct 
Clutter Branch, seeking hunks 
can the luwer shelves. Two staff 
mem-bers. lest their homes. 

Items in the library and 
_mm1us~::ript ml-lccticn at 
Hcs.uv¤ir, the Jefferson Davis 

Home al Mississippi City, 
were water sosiced sud covered 
with mud sud slime. 

The new Gu]fp01·t-iisrrisnn 
County Li-brary 011 Highway 90 
received the full im-punt nf wind 
and wster which crested hsvcc mi 
the luwer Hum: and did 
extensive damage upstairs. 
Librsqr furnishings snd materials 

Mw;. M'¤1·g·cm is siiecilil. 
projects consultant {sr Hm 
A·!i.a·s:issimii Library 
Commission. 

ALA `BULLEIIM 

 

After all those processes, now we have original 
images, enhanced images, and their corresponding 
extracted text. The next 2 steps to be done are as 
follows: 

1) Compare all those texts to the 
reference text to measure the similarity 
between them using Levenshtein Edit Distance 
(LED) algorithm. 

2) Compute the 5 types of score for 
each original images and enhanced images. 
Below are those type of scores: 

a) Edges score (ES), i.e. the difference 
of number of edges of length 1 between 
the original and enhanced image; 

b) Background variance (BV); 

c) Detail variance (DV); 

d) Mean square error of BV 
and DV scores (MSE A) 

e) Mean square error of ES, BV, and 
DV scores (MSE B) 

The purpose of this experiment is to compare those 
5 types of score or fitness function to the similarity 
score given by LED. The comparison we’ll be 
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measured using statistical correlation between those 
fitness functions and the similarity score. 

VI. EXPERIMENTAL RESULT 
We have conducted an experiment with 3 

typewritten old document images as input. At first we 
extract the text from them using OCR and compare the 
resulting text with the corresponding reference text. 
The similarity score is given in Table II. 

TABLE II. INPUT IMAGE SIMILARITY SCORE 

Image 
Name Similarity Score 

1.jpg 0.0940 

2.jpg 0.1656 

3.jpg 0.1556 

For each input images, 30 enhanced images will be 
created. So there will be 3x30 new images to be 
measured regarding to its similarity to the reference 
text. From graphics shown in Fig. 5, according to its 
increasing similarity score compared to the original 
image, we can conclude that efficient image 
enhancement has already been achieved for most of the 
images.  

 
(a) 

 
(b) 

 
(c) 

Fig. 5. Input image and its enhanced images similarity score 
comparison (a) 1.jpg (b) 2.jpg (c) 3.jpg 

After evaluating the enhanced image relative to its 
text similarity score, we want to see the correlation of 
edges score (ES), background variance (BV), detail 
variance (DV), mean square error of BV and DV 
(MSE A), mean square error of ES, BV, and DV (MSE 

B) features of the same images being examined in 
similarity measurement. Correlation coefficient for 
those fitness functions is shown in Table III, where 2 
fitness functions have negative correlation to similarity 
score, while the other 3 have positive correlation. By 
negative correlation, it means that when the first 
variable is increasing, the other one tends to decrease. 
So in this case, when the value of ES and BV are 
decreasing, the similarity score is likely to have 
increasing value. As for the other 3 fitness functions, 
when their value are high, the similarity score also 
tends to have higher value. The strongest relationship 
is achieved by BV, while the weakest one is DV. From 
comparing MSE A and MSE B, we can conclude that 
adding ES feature of an image into the feature vector 
might resulting in weakening the judgment of GAs as 
it makes a worse fitness function. 

TABLE III. CORRELATION COEFFICIENT FOR 5 FITNESS 
FUNCTIONS 

Variable I Variable II Pearson r 

Similarity 
Score 

ES -0.17117 

BV -0.47691 

DV 0.05771 

MSE A 0.38359 

MSE B 0.37647 

VII. CONCLUSIONS 
This paper shows an objective evaluation to a fitness 

function proposed in our previous work [5] using the 
readability measure from the images, before and after 
the enhancement method applied. Besides evaluating 
that fitness function, this paper also propose some 
other fitness function to be applied in the field of 
typewritten old document image enhancement and 
restoration. To measure which fitness function are the 
best one relative to image’s readability property, the 
correlation between each fitness function and the 
similarity score are measured. 

The experimental result justified the claim in our 
previous work [5] that the smaller ES value will likely 
give a better image in regards to its readability, since 
the correlation coefficient is negative. It is also found 
experimentally that BV measurement is likely to be the 
best fitness function since it gives the highest 
correlation coefficient compared to other 
measurements since by low BV we can conclude that 
there are fewer noises in the image. 

For further work, since we have found 
experimentally that BV is the best fitness function for 
typewritten old document, we would try to apply it for 
handwritten old document images, especially for 
cursive handwritings. We would also try to combine 
GAs with fuzzy method to improve the performance. 

0

0.5

Enhanced images Original image 1.jpg

0

0.5

Enhanced images Original image 2.jpg

0

0.5

Enhanced images Original image 3.jpg
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Abstract-Cervical cancer is a dangerous illness 
for women. Pap smear test is one method for early 

detection of cervical cancer. The recorded data 

from Pap smear test is a microscope-recorded 

image. A microscope-recorded image may contain 

Pap smear cells and non Pap smear cells. From the 

Pap smear image, the cells should be identified 

individually so that they can be recognized as 

normal or abnormal cells. This study uses and 

compares the performance of Hough Transform 

and Genetic Algorithms (GAs) for identifying the 

Pap smear cells in a Pap smear image. The cell 

identification is done by detecting each of nucleus 

areas, and the cell itself can be obtained by 

extending the square boundary image of the 

nucleus so that it covers the cytoplasm area and a 

little bit background area. The evaluation of the 

output images from Hough Transform and 
Genetic Algorithms is done by comparing them 

with the hypothetical images extracted visually. 

Four variation of GAs have been used in the 

experiment using different values arrangement on 

3 parameters, Pe, Pc and Pm. Hypothetical images 

are Pap smear images that has already been 

identified their cells’ positions visually. Precision 

and recall measures were used to show Pap smear 

cell detection success rate on each methods. 

Afterwards, they will be combined into F0.5 

measurement. F0.5 measurement are used because 

of the objective of the Pap smear cell detection is 

just to get some samples of single Pap smear cell. 

The experimental results show that the GAs has 

better performance compared to Hough 

Transform.  GAs gave the higher result on the 

F0.5 measurement using the parameters Pe = 5, Pc 
= 0.8 and Pm = 0.008. GAs method show better 

performance on detecting Pap smear cell than 

Hough Transform, especially on noisy input 

images. In this context, noisy image means an 

image contains non Pap smear cell with a similar 

characteristic as Pap smear cell. 

Keywords: Pap smear cell, circle object detection, 

Hough Transform, Genetic Algorithms (GAs) 
 

I. INTRODUCTION 

Object detection is an important issue in digital 
image processing that deals with the identification of 

an object of interest in a digital image.  Object 

detection is applied in many fields as well as in 
biomedical field. Cervical cancer is one of malignant 

cancer that attacks women, beside breast cancer. Pap 

smear test is one way to identify cervical cancer at an 

early stage so that it can still be cured. Pap smear 

term means some of cells sample is taken by 

Papanicolau method. Pap smear test evaluates cells 

taken from cervical and observe the abnormality of 

cells. Images from Pap smear test will be evaluated 

by pathologists and be classified into normal or 

abnormal cells. [1] 

One Pap smear test image may contain several 

kinds of cells. This problem can be solved using 

object detection. Automatic Pap smear cell detection 

can help pathologists to detect changes only on the 

Pap smear cell areas, otherwise it will be ignored. In 

remotely place that doesn’t have any pathologists, 

this process will help them to detect Pap Smear cell 
sample.  Either the sample image is sent to the centers 

that have pathologists to evaluate, or a diagnostic 

system is provided in the remotely places. Suspected 

cells are chosen to be evaluated because the cancer 

cells may exist in a location while other cells are 

healthy. The output from the Pap smear cell 

identification system is a set of single Pap smear cell 

images. These output images will be used for cells 

classification process to determine whether a cell is 

normal or abnormal. Several preliminary studies has 

been conducted in the Pap smear cell image 

classification using various classification models.  [1]  

The Hough Transform is chosen to be used based 

on a previous study that have used it to identify circle 

objects. [13] The GAs is chosen to be used because it 

has been used to identify blood cells which are 

similar to Pap smear cells. [5] 
 

The scope of this study includes: 

1. The Pap smear single cells identification from a 

Pap smear image; 

2. There are 8 Pap smear input images in the 

courtesy of Junita Indarti, Faculty of Medical, 

University of Indonesia. Each image will be 

firstly processed visually to provide hypothetical 

images for evaluating an identification process 

with the aid of computer; 

3. The object of interest is the nucleus of Pap smear 

cell that has round shape characteristic; 
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Algorithm 
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4. This study will use 2 methods: Hough Transform 

and Genetic Algorithm to identify the location of 

the object of interest; 

5. The performance evaluation is done by using 

precision and recall measures between the output 

image and the corresponding hypothetical image 

II. THEORY 

Pap smear cells are located in a woman's cervix. 

Pap smear cells are generally taken from several areas 

of the cervix. Figure 2.1 show several different cells 

based oh their location. Cells are called dysplastic 

cells if they changes genetically and could not split 

again as they should be. These cells are precancerous 

cells. Based on the types of how cells divided 

incorrectly, the diagnosis of cancer is divided into 
dysplasia and carcinoma in situ. Plasia means 

"growth" and dysplasia means "chaotic growth". 

Dysplastic cells are varied into mild dysplasia, 

moderate and severe dysplasia. The categorization is 

based on the possibility of these cells turn into 

dangerous cancer cells. A large number of mild 

dysplastic cells will disappear and not dangerous, but 

a small number of severe dysplastic cells are more 

likely turn into a dangerous cancer cells. Dysplastic 

squamous cells have larger and darker nucleus, tend 

to gather in one group. Severe dysplastic cell has a 

large nucleus with dark granules and changes to 

become having less and dark cytoplasm when 

compared to its nucleus. 

Carcinoma cell is the most dangerous cells which 

tend to becoming cancer. Carcinogenesis is a 

continuous process, ranging from normal epithelium 
cells and subsequently became dysplastic, evolved 

into carcinoma in situ and eventually become cancer. 

Cells need a long time to change from one stage to 

the next stage. It gives a great chance to make an 

early diagnosis of cervical cancer. [2] 

Classification of Pap smear cells is defined into 7 

categories with 2 general groups, normal and 

abnormal. Figure 2.2 shows the 7 categories of a 

single Pap smear cell image classification by [2]. 

 

 
Figure 2.1 The location of Columnar and Squamous cell [2] 

 

Hough transform is a method that could be used 
for recognizing circle-like objects. Hough transform 

used voting procedure and accumulators to obtain 

object of interest.  The input image of Hough 

Transform is an edge image. This study used circular-

based Hough transform (CHT) to detect nucleus 

object. The input parameters for CHT are minimum 

and maximum radius of nucleus object, threshold 

value which is defined as ¼ * perimeter of circle 

(median of radius range). Figure 2.3 displays an 

example of the CHT output image in identifying the 

locations of circle objects. 

 

 

Figure 2.2 Pap smear cell classification [2] 

 

              

Figure 2.3 CHT identifies circle objects (Jain and Murni, 
1990) 

 

Genetic algorithms (GAs) is an adaptive and 

robust method which similar to natural genetic 

mechanism. GAs applies some evolutionary process. 

Characteristic of GAs are random, unstructured and 

used optimization techniques. GAs will efficiently 

use historical information for new offspring with 

expected increase the performance. GAs is executed 

iteratively on a set of coded solutions, called 

population with 3 basic operations: 

selection/reproduction, crossover and mutation.  

Selection is done based on a roulette rule. 

 

 
Figure 2.4 Roulette rule [3] 

 

Precision and Recall measures have been used in 

this study to evaluate the accuracy of the nucleus 

identification. Precision is a measure of accuracy, 

while recall is a measure of completeness. In 

information retrieval domain, precision is defined as 
the number of relevant documents obtained divide by 

total documents obtained. Recall is defined as number 
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of relevant documents obtained divided by total of 

existing relevant documents (may not be successfully 

obtained). Precision and recall measures are 

computed after comparing hypothetical image with 

output image from each method. 

 

III. IMPLEMENTATION 

 

The procedure of identifying Pap smear cell 
nucleus consists of the following steps: 

1. Pre processing 

a. Crop image input; 

b. Convert to grayscale image; 

c. Apply median filter; 

d. Segment image using Fuzzy C-Means 

Clustering (FCM); 

e. Extract nucleus and cytoplasm object; 

f. Segment nucleus object and noisy reduction;  

g. Segment cytoplasm object and noisy 

reduction; 

h. Extract nucleus and cytoplasm features (max 

gray level value, min and max width, min 

and max radius). 

2. Processing 

a. Perform Hough transforms or Genetic 

algorithm. 
3. Post processing 

a. Reduce number of circles; 

b. Exclude wrong Pap smear nucleus object; 

c. Cut image to several single Pap smear cell 

sub-images. 

 

The input images are RGB Pap smear images 

with black bounded on the left and right side. Before 

using them for Hough Transform or Genetic 

Algorithm, we have to do several pre processing.  

The goal of the pre processing steps is to obtain clean 

images that can be used effectively in CHT and GAs, 

and provide features information of nucleus and 

cytoplasm. 

After having pre processing, images can be used 

as input to both CHT and GAs methods. The output 

of this process is circular marks on the Pap smear cell 
nucleus. CHT has parameters: range of the nucleus 

object radius and threshold (1/4 * perimeter of 

median radius circle). GAs used 3 parameters: Pe (5), 

Pc (0.8, 0.6), Pm (0.08, 0.008, 0.006). The stopping 

criteria of GAs method is composition pixel of 

nucleus object in image. Maximum iteration is 200. 

Initial population is built with random elements 

contains ½ * number of pixel nucleus object. Each 

element of the population is represented by 

chromosome. Chromosome is defined by 3 parts (x, 

y, r); (x,y) is the center of a circle and r is it's radius. 

Maximum value of x is number of pixels in the 

image's row, maximum value of y is number of pixels 

in the image's column, and maximum value of r is the 

maximum radius of nucleus object. x is encoded into 

9 bits, y is encoded into 10 bits and r is encoded into 

r_bit (r_bit is obtained from  preprocessing). The 

fitness function used in GAs is the number of nucleus 

object pixels in a 8x8 neighborhood window 

from each constructed circle. Neighborhood window 

is defined by information (x, y, r). The fitness value is 

assigned to 0 if the neighborhood window exceeds 

the border of image or the fitness value is larger 

than maximum number of nucleus object pixels or the 

fitness value is less than minimum nucleus object 

pixels. Selection method is using a roulette rule, 
encoding each element into binary string, one point 

crossover, mutation on random bit and add offspring 

with top score elements in previous population to 

build a new population. 

The post processing cleans up several wrong and 

duplicate circles detected by CHT and GAs. The first 

process of circle reduction is to clean up wrong 

nucleus detection. The process is performed by 

comparing median gray level value with max gray 

level value of detected nucleus object. The next 

process is to reduce duplicate circles that identify the 

same nucleus.  The process is done by deleting inner 

circles inside a big circle which detect the same 

nucleus.  The final process is to detect the right Pap 

smear cell by checking hierarchical gray level value 

from the centre of each circle. The correct Pap smear 

cell has a hierarchical gray level value from each 
centre. Finally, the image is cut into several Pap 

smear single cell sub-images. 
 

 

Figure 3.1 Pap smear image ca.bmp (576x720 pixel) 

  

 

Figure 3.2 Gray scale image of ca.bmp 
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Figure 3.3 Segmented nucleus object image of ca.bmp 

 

 

Figure 3.4 After post processing image of ca.bmp - CHT 

 

 

Figure 3.5 After post processing image of ca.bmp – GAs 

 

 

Figure 3.6 Output of single Pap smear cell 

 

IV. EXPERIMENTAL RESULT AND 

EVALUATION 

 

There are 8 RGB Pap smear cell input images 

have been used in experiment. Experiment is done by 

comparing HT and 4 various of GAs: GAs(5, 0.8, 

0.08), GAs(5, 0.8, 0.008), GAs(5,0.8, 0.006), GAs(5, 

0.6, 0.008). Two variations of the first GAs are tested 

and evaluated in advance to see a better parameter 

Pm recommended by literatures. Based on [4] 
recommended Pm value ranges from 0.001 - 0.01, 

while based on paper [5] the recommended value 

ranges of Pm is 0.04, 0.08 and 0.5 which are larger 

than the range of [4]. Based on the experiment, the 

results are not much different. So, it was decided to 

further use Pm = 0.008 as the standard test and take 

the value of 0.006 for an alternative value. 

Each output image generated by the 5 methods 

above is compared visually with its corresponding 

hypothetical image. The evaluation is done visually 

by comparing each output image with the reference 

image to count the number of TP (True Positive), FN 

(False Negative) and FP (False Positive). Precision is 

calculated based on the number of output circles 

correctly detected compared to number of produced 

circles. While the recall is calculated based on the 

number of non-redundant circle detected compared to 

number of nucleus Pap smear cell that actually exist 

in the image. 

 

Figure 4.1 Precision Rate 

 

Figure 4.2 Recall Rate 

 

 

Figure 4.3 F0.5 rate 

 
V. CONCLUSION 

 

The experimental results show that GAs performance 

is better than CHT.  The recommended parameter is: 

Pe = 5, Pc = 0.8, Pm = 0.008 (F0.5 = 0.596914). The 

input image characteristic has a lot of noise, various 

range of radius nucleus object, and not clear 
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cytoplasm. The noises strongly influence the 

identification process, including the runtime. 

Segmentation process and pre processing has 

improved the performance of CHT and GAs by 

reducing the noises. 
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Abstract— Traffic Surveillance System has drawn 

increasing interest in recent years. This paper 
presents a real-time system for vehicle tracking and 
counting from camera or videos.   The objective of 
this research is to build a traffic monitoring system 
which is able to detect the movement of cars, to 
track and to count vehicles by using computer 
vision. In this paper, we proposed multilevel 
tracking approach using blob tracking with high-
level Kalman filtering for position and shape 
estimation for tracking moving object at 
intersections. Euclidean distance method is used to 
evaluate the coordinates and size of the blob. 
Principal Component Analysis (PCA) is used to 
analyze and to classify moving object for detecting 
vehicles and non-vehicles. Virtual gate is used to 
count moving object at intersection. Experimental 
results show the success rate reaches the level of ± 
87% in normal traffic conditions. The system is also 
reliable implemented in embedded systems.   
 

Index Terms— Vehicle Detection, Blob Tracking, 
Principal Component Analysis 
 

I. INTRODUCTION 
raffic is the main source of people's life in the city. 
It is the backbone of capital flows, logistics, 

information, and so on. Most of traffic light settings are 
still using stand-alone system, where each traffic light 
intersection is determined manually by an officer. This 
makes the traffic signal control system unable to adapt 
to the traffic density, which often leads to the 
accumulation of vehicles and traffic congestion. In this 
case the acquisition of information on traffic density is 
an important issue. 

We already have a lot of CCTV cameras installed at 

intersections. However, the camera is merely 
monitoring the situation and do not contribute to traffic 
light control system at intersections. By using computer 
vision techniques, we offers an attractive alternative to 
use camera as sensor of traffic density at intersection. 
Video-based camera systems are more sophisticated and 
powerful because the information content associated 
with image sequences allows precise vehicle tracking 
and classification [1]–[2]. 

There has been many researchers attempting to model 
a new algorithm in order to come up with the 
optimization of moving object detection, including 
vehicle detection and human detection. Sheikh used 
Spatial color distribution to characterize background 
and foreground objects within dynamic scenes [3]. The 
other method uses the recent data of pixel intensity 
characterized by a mixture of Gaussians, and the 
mixture model is adaptively updated for each site to 
deal with dynamic background processes [4][5]. Ozkurt 
presents vehicle classification and traffic density 
calculation methods using neural networks. [6]. Zhou 
presents an example-based algorithm for moving 
vehicle detection and statistical learning methods used 
to classify vehicle and shadow   [7]. 

This paper proposes a real-time vehicle detection 
method based on blobs. Although blob-based tracking 
(segmented foreground) can generate a significant loss 
in information regarding to the tracked entities due to its 
simplified representation, but this method is used 
because it is computationally efficient,  and thus can be 
implemented on an embedded device where 
computational power is an important resource. We show 
that tracking can be improved significantly through 
more reliable data association, by integrating Kalman 
filter, Euclidean distance and PCA.  

The paper is arranged as follows: Section II discusses 
the architecture of this work. Section III discusses blob 
tracking, moving object tracking, Kalman filtering, 
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Euclidean distance, PCA and Haar Training. The 
proposed method is discussed briefly in Section IV. 
Section V presents our results, followed by discussion 
and conclusions in Sections VI. 

II. THE ARCHITECTURE OF SELF-ORGANIZING CONTROL OF URBAN 
TRAFFIC CONTROL 

Traffic problem in big urban is still a open, 
challenging problems. To cope and reduce the traffic 
problems, many methods have been introduced in traffic 
signal control management. Most works on traffic 
signal control management concentrate in single or 
stand-alone control algorithm. In the reality,  the signal 
control management is a distributed control problems, 
where every traffic signal can be assumed like node. 
Hence, vehicle sensor is one part of our research to 
solve the problem of traffic congestion based on self-
organizing for controlling a distributed traffic signal. 
There are three parameters which characterize signal 
patterns; cycle time, green split and offset (time 
difference in the start of green period of consecutive 
signals). In this case the acquisition of information on 
traffic density is needed as input of the system. 

The swarm-self organizing map traffic control model 
consists of one signal controller at each intersection in 
the traffic network and the communication is essential 
between the adjacent intersections. The architecture of 
the Self-Organizing Control of Urban Traffic Control is 
illustrated by Figure 1. The proposed architecture has 
five components.  

The first component is the Traffic Signal Control 
System (TSCS). TSCS was developed to enable rapid 
creation of real-time systems with limited involvement 
of programmers and control experts. This component 
will be divided into two sections, the algorithms and 

implementation system.  
 The second component is the simulator. The 

simulator is used in verification and testing TSCS. 
In the process of verification and testing, simulator 
is set to be modeled in a synthetic traffic conditions 
in Indonesia. Verification and testing is intended to 
ensure that TSCS is able to handle the situation in 
real world.  

The third component is the map converter (MP). 
MP is an application to obtain a road information 
and intersection from traffic networks on Jakarta. 

The information is obtained by extract and identify of 
road network from map image. Then information will 
be used as data input for Traffic Signal Control System 
in calculation process. In addition, this information is 
sent to simulator for verification and testing process. 

The fourth component is vehicle sensor (VS). This 
application has function to detect and calculate the 
number of vehicles passing through an intersection. The 
application developed using the camera sensor which 
currently installed at intersection of many urban areas 
like Jakarta. Furthermore, VS provides a lot of 
information such as number of vehicles, the vehicle 
length, velocity of vehicle, and vehicle queue length 
measurement. 

The fifth component is the light control as the main 
output of TSCS.  A variety of traffic lights used in 
intersection is needed to configure so that it can be used 
by TSCS. 

The vehicle sensor will be discussed on the next 
section. 

III. METHOD 
A. Motion Tracking 

Motion tracking is a method to detect and track the 
moving object from a series of images extracted from 
video frames. Tracking the movement is useful to 
monitor the activities contained in a video or live 
streaming and to retrieve information from such 
activities. Tracking the movement becomes more 
widely researched, and can be further analyzed so that it 
is associated with video imagery. Blob tracking method 
is used in this paper to track the movement.  
B. Object Detection 

To detect moving objects, the input video from the 

 
Figure 1   Self-Organizing Control Of Urban 

Traffic Control Architecture 
 

Figure 2   Sample of Blob Tracking [8] 
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camera can be recognized as an image sequence. The 
first step is to discriminate moving foreground objects 
from the background. The approach used in this project 
constructs for each pixel of an image a distribution of 
the typical values it takes (i.e. a background model). 
The central notion is that the most frequent values 
which a pixel takes are likely to correspond to 
background imagery. By modelling pixels through 
parametrised distributions one can capture sensor noise 
(for example at night) and repetitive background motion 
(for example waving tree branches) in a compact 
description. The decision of whether a pixel from a 
given, new image is part of the background or 
foreground is then based solely on the accumulated 
background model: pixels with values sufficiently 
different from the background distribution are labelled 
as foreground. The first step of the algorithm is thus to 
construct a suitable representation for the background 
(here a Mixture of Gaussians is used for each individual 
pixel) and to detect outliers.[8]  

Additionally, by continually updating the background 
model of each pixel, one can adapt to gradual changes 
in lighting (for example due to changing cloud cover or 
sunrise and sunset) and changes in scene geometry 
(parking cars). The method used for this purpose 
resembles an on-line K-means algorithm. An example 
of input image and the corresponding pixel labeling 
computed from a background model where foreground 
pixels were labeled as white, can be seen in Figure 2. 
By lumping large connected foreground regions into 
blobs, foreground objects, such as the person seen 
crossing the street, can be identified. However, in this 
instance a foreground object was also erroneously 
detected in the top right corner due to violent motion of 
the trees in the background. Such 

 
Figure 3 Tracking scheme of moving object an image sequence[8] 
 
occasional miss-detections must be taken into 

account at later stages of the tracking algorithm.[8] 
 

C. Object Tracking 
The second task is to link a sequence of object blobs 

together across image frames in order to determine the 
identity and location of an object at different points in 
an image sequence. To achieve this, it is useful to 
describe each object blob by a set of attributes, for 
example its position, velocity and size, collectively 
called its state. Tracking the object's true position is 

done by tracking its state using a Kalman filter. This 
uses information from the current blob and the previous 
object state to create an estimation of the object's new 
state. The combination of previously estimated object 
dynamics and current measurements helps eliminate 
noise from blob measurements that would otherwise 
lead to erratic object tracking. As an example, knowing 
the previous position and velocity of a car allows us to 
give a rough estimate of its current position. When 
combining this estimation with additional information 
of its state, tracking accuracy can be overall improved. 

In circumstances where several objects are being 
tracked simultaneously, it is critical that confusion of 
distinct objects is avoided, since updating a Kalman 
filter with inappropriate information corrupts its state 
estimate and fails tracking. A schematic visualization of 
the problem faced can be seen in the sequence as show 
in Figure 3. 

Each circle represents a blob which is tracked 
through frames from left to right. At the new input 
frame t+1, the identities of blobs are initially unknown 
and must be extrapolated from observed object 
dynamics of previous frames. Additional complications 
arise if objects can temporarily disappear (e.g. behind 
walls or cars) or if non-existent foreground objects are 
observed (as in the previous example). Hence, the 
central challenge of multiple hypothesis tracking is how 
to determine an appropriate association between blobs 
and Kalman filters while being robust against temporary 
occlusions and noise. The association task was 
formulated as a linear assignment problem where we 
identify a desired association as one that minimizes a 
summed assignment cost of pairings between blob 
observations and Kalman filters.[8] 

To determine the association contained in the blob 
tracking, Euclidean distance method is used in this 
approach. In this method, if the blob was found in the 
next frame with a very similar position and size, we can 
conclude that the blob is a blob with the same ID with 
the previous frame. Euclidean distance equation method 
to evaluate the coordinates and size of the blob, is as 
follows. 

 
2

12
2

12 )()(),( yyxxyxdcoordinate −+−=          (1) 
 

2
12

2
12 )()(),( hhwwhwdsize −+−=      (2) 

 
Description: 

1x  = Cartesians coordinates of X in the previous 
frame. 

2x  = Cartesians coordinates of X at this time. 

1y  = Cartesians coordinates of Y in the previous 
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frame. 
2y  = Cartesians coordinates of Y at this time. 

1w  = The width of the object in previous frame. 

2w  = The width of the object at this time. 

1h  = Height of an object in the previous frame. 

1h  = Height of an object at this time. 
 

D. Principal Component Analysis (PCA) 
Principal component analysis (PCA) involves a 

mathematical procedure that transforms a number of 
possibly correlated variables into a smaller number of 
uncorrelated variables called principal components. The 
first principal component accounts for as much of the 
variability in the data as possible, and each succeeding 
component accounts for as much of the remaining 
variability as possible. 

Based on theoretical concepts, PCA is used for 
finding the most appropriate computational model to 
describe an object by extracting the most relevant 
information contained in the object. Eigenvector in the 
PCA approach is an approach where a small group of 
characteristics of the object image is used to describe 
the variation between the images of certain objects, 
such as the type of car, mini-buses, trucks, buses, and 
other car types. The goal is to find the eigenvector of 
covariance matrix distribution which is stretched by 
training using a series of pictures of objects. Then, each 
image object is represented by a linear combination of 
this eigenvector. The detection is done by projecting the 
image or new image to the subspace which runs by the 
eigenvector and then classifies cars by comparing its 
position in space objects with a particular position. 
Mathematical equations for PCA algorithm can be 
found in [9]. 
E. Haar Training 

Haar-like training is a training process that is used to 
detect complex objects in images or video streams. Haar 
Training is a training approach with a statistical model 
using a series of negative images, i.e. images that do not 
contain the object to be detected (eg, background or 
other objects that are not relevant) and a series of 
positive images, i.e. images containing the object to be 
detected (in This paper is a car that moves) with the aim 
of extracting the characteristics of an object. Haar 
Training requires a file that contains the typical features 
that will detect the so-called classifier or sorting of 
classifier. 

IV. ALGORITHM 
An image of an object can be viewed as a vector. If 

the length and width of the image object is w and h 
pixels, the number of components of this vector is w * 
h. Each pixel is encoded by a single vector component. 

Vector drawing objects mentioned above are in a space, 
i.e. the object space which is the space of all images that 
have dimensions w*h pixels. Each image of the same 
object looks similar to one another because it has 
unique characteristics, for example car always has two 
headlights, two rear lights, windshield (depending on 
the view point of the picture). A characteristic of the 
object is always in the same place, so that all vector 
objects located on a narrow set on a space image. 
Therefore, the entire image space is not an optimal 
space to describe an object. The next thing to do is to 
establish an image of space object that can describe the 
item better. Basis vector of the object image is called 
the principal component. 

The dimension of the image space is w*h, where all 
the pixels of an image of an object are not related, and 
each pixel depends on other nearby pixels. So, the 
dimension of the space object could not be determined, 
but is much smaller dimensions than the dimensions of 
the image space. PCA is used to reduce the dimension 
of a set or space so that the base image or the new 
coordinate system to describe the typical model of a 
collection is better. In this case the desired model is a 
set of cars which was trained (training faces). The new 
base will be formed through a linear combination. 

Components of the base space of this object will not 
be correlated with each other and will maximize the 
differences that exist in the original variables. The 
objective of PCA is to capture the total variation in the 
collection of objects that have been trained and explain 
this variation with a few variables. An observation 
which is described with a few variables will be easier to 
handle and understand than if they are translated with a 
lot of variables. This not only reduces the complexity 
and computation time, but also set the scale of each 
variable according to position and their relative 
importance in describing these observations. Before 
PCA can be processed, lexicographical ordering is used 
for each image object to be trained, where the line 
should be placed beside one another to form a row 
vector object which is a column vector. Object vectors 
are arranged in such a way as to form a matrix X with 
the order nxm, where n is the number of pixels (w * h) 
and m is the number of image objects that are trained. 
This matrix will be used as input for PCA. 

V. EXPERIMENT RESULT 
In the experiment, the authors use several datasets 

with a duration of approximately 30 seconds to 1 
minute. Our tracking system has been tested on a 
variety of weather conditions such as sunny, cloudy, 
rainy, at night, and in the event of traffic congestion. 
The results of successful recognition are shown in 
figure 4. Our algorithm has been implemented into an 
embedded board on a beagle board ver. C4 ARM 
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Cortex-A8 core 720 MHz, RAM 256MB and using 
WebCam camera , are shown in figure 5. We used C 
language and OpenCV library running on Linux 
Amstrong. Our algorithm can process 25 frames a 
second when the video size is 320 × 240 pixels. We 
have compared it with manual counting or loop 
detectors. Table I and II presents some results of 
vehicles and non-vehicles counting by applying our 

algorithm in real traffic scenes. 
However, there are some cases where there are some 

anomalies that caused problems in the introduction of 
the object itself. We have experimented with a simple 
blob method in some circumstances, among others, 
during sunny weather, rainy weather, at night, and in 
the event of traffic congestion. Some problems in object 
recognition arises in some special circumstances faced 

    
(a) 

     
(b) 

    
(c) 

    
(d) 

Figure 4 Some results of moving vehicle detection in real traffic video captured under different weather and condition.a) Sunny Day, b) Rainy Day, c) 

Sunny day in Heavy Traffic, and d) At Night 
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by, among others, the existence of two objects moving 
simultaneously, feature extraction of image pixels or 
image of part or all of an object similar to the 
background resulting in the inability to detect objects or 
breaking the objects into two or more objects, 
movements of objects at close range, and also if there 
are anomalies in input stream. 

VI. CONCLUSION 
The method to calculate the car object in a video or 

streaming from the camera has been implemented and 
presented in the discussion. System with a simple blob 
method and PCA used in this approach has 87% 
accuracy of performance in normal traffic without 
congestion. The amount of accuracy that is obtained can 
be maintained by maintaining the quality of the detected 
blob. The implementation in embedded system and the 
results showed that this method is good in a real 
scenario for counting objects in automobile traffic. 
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Figure 5 Beagle Board and camera used to test the Algorithm 

TABLE I 
SOME RESULTS OF VEHICLE COUNTING BY USING OUR ALGORITHM UNDER DIFFERENT CONDITIONS 

 

Weather and Condition Number of Vehicles Passing by 
the Area (by Manual) 

Counted Number of Our 
Algorithm Accuracy 

A Sunny Day in Normal Traffic 34 39 87,2% 
A Rainy Day in Normal Traffic 22 25 88% 
At Night in Normal Traffic 50 18 36,00% 
A Sunny Day in Heavy Traffic 62 23 37,1% 
A Rainy Day in Heavy Traffic 58 24 41,3% 
At Night in Heavy Traffic 71 28 39,43% 

 
TABLE I 

SOME RESULTS OF NON-VEHICLE COUNTING BY USING OUR ALGORITHM UNDER DIFFERENT CONDITIONS 

Weather and Condition 
Number of Non-vehicles 
Passing by the Area (by 

Manual) 

Counted Number of Our 
Algorithm Accuracy 

A Sunny Day in Normal Traffic 12 11 91.6% 
A Rainy Day in Normal Traffic 7 5 71.4% 
At Night in Normal Traffic 9 8 88.8% 
A Sunny Day in Heavy Traffic 34 52 65.3% 
A Rainy Day in Heavy Traffic 28 23 82.1% 
At Night in Heavy Traffic 32 30 93,75% 
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Abstract—In recent years English words has been used 

frequently in daily conversation and written articles in 
Indonesian. Indonesian Automatic Speech Recognition 
(ASR) system that we develop fails to recognize English 
speech, so we develop a bilingual ASR for Indonesian and 
English. In this paper, we explore bilingual ASR system to 
recognize speech in Indonesian and English using only one 
acoustic model. Some experiments in this study show that 
greater number of phonemes used to build acoustic model 
causes longer recognition time of bilingual ASR system. 
Moreover, greater number of words in language model 
and longer training duration produce a higher accuracy of 
bilingual ASR system. 

I. INTRODUCTION 
AHASA Indonesia is the main language of 
Republic of Indonesia which is spoken by more 

than two hundred million people. Beside Bahasa 
Indonesia, there are around 742 local languages spoken 
in the regions as a second language. Certainly the 
vocabulary of the local languages and their accents 
influence Bahasa Indonesia. Along with the 
modernization in Indonesia in the last few years, some 
foreign languages are spoken in daily conversation 
across the country. Recently, English becomes a popular 
one beside Bahasa Indonesia. Business, tourism, 
education, and mass media are the main areas where 
English is used widely beside Bahasa Indonesia. 

Due to the huge number of speech data that are 
available on the internet, mass media, and business, 
there is a demand on managing and organizing 
speeches. One way to process the speech data is by 
converting it into text. Automatic speech recognition 
(ASR) system is needed to transcribe speech data into 
text rapidly. Many studies have been done in developing 
ASR system, for example Arabic ASR system [11], 
Estonian ASR system [12], and Indian (Marathi, Tamil, 
Terugu) ASR system [13]. 

Baskoro and Adriani [14] develop an Indonesian 
ASR system, however it is  not adaptable with the 

current condition where Indonesian speech contains 
English lexicons. Thus, we need an ASR system that 
can recognize two languages (Indonesian and English). 
An English ASR system is developed to recognize 
Indonesian utterances but it obtains a very low accuracy 
[8]. 

 Our early work on the bilingual ASR system for 
Indonesian-English using single acoustic model [9]. 
This ASR system recognizes speech documents in 
Indonesian, English, and mixed Indonesian-English 
utterances, but this ASR system only obtains 35.2% of 
accuracy [9]. In this study we attempt to improve the 
quality of bilingual ASR system for Indonesian and 
English using bigger corpus and a better phonetic 
dictionary for Indonesian and English. 

II. BILINGUAL SPEECH RECOGNITION SYSTEM 
An ASR system is developed to convert the speech 

data into text [2]. This system has three main 
components, which are acoustic model, language model, 
and lexicon model. 

Acoustic model uses Hidden Markov Model (HMM) 
algorithm as the statistic model with probability closure. 
In this study we use only one acoustic model for 
Indonesian and English speeh data. This language 
independent acoustic model is trained by Indonesian 
and English speech corpora which enable the system to 
recognize two languages (Indonesian-English) [10]. 

Language model contains a collection of words with 
its n-gram probability to yield the best sentence as the 
result of ASR system.  

Lexicon model or pronunciation dictionary is a 
component that stores all words in the language model 
with its pronunciation string. Related to lexicon model, 
we have another component that contains phonemes to 
compose the pronunciation string of each word. This 
component is phonetic dictionary. Every phoneme in the 
phonetic dictionary represents one state HMM in 
acoustic model. 

B
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Speech recognition system works in some steps, 
start from receiving the speech signal until releasing the 
best result (transcript). The first step is receiving speech 
signal. In this step, system will convert the signal to a 
sequence of features. In second step, acoustic vectors 
are obtained from the features. Third step is searching 
the best sequence of words (sentence) by integrated 
process involving those three main components. 

Acoustic model obtains the candidate words of 
speech signal [5] which abide in lexicon model. While 
language model yields the best sentence [6] based on 
the n-gram probability score. Then the ASR system will 
return the transcript of a speech data. 

III. IMPROVEING THE PARAMETERS 
In order to achieve better result, we set several 

parameters in the ASR system. 

A. Phonetic Dictionary 
In a phonetic dictionary, the phonemes which abide 

in this component represent the sound symbol of a 
language. In this study, we create a phonetic dictionary 
containing Indonesian and English phonemes by 
aggregating those sets of phonemes. The aggregated-set 
of phoneme is adjusted and modified by observing the 
spelling of utterances in Indonesian and English. 

In our last study [9], we used 38 phonemes in the 
bilingual phonetic dictionary for Indonesian and 
English. In order to improve the performance of the 
bilingual ASR, we examine the speech data to find other 
possible phonemes to be inserted in the new phonetic 
dictionary. 

B.  Training Duration 
For building the acoustic model, we build a training 

speech corpus by recording speech files (35.9 hours). 

IV. EXPERIMENT 
To evaluate the bilingual speech recognition system 

for Indonesian and English, we do three experiments. 
The experiments are intended to examine  if the acoustic 
model produces good recognition accuracy and tolerable 
time. All experiments are done sequentially to improve 
the performance of bilingual ASR. 

There are three set of speech corpora in this study. 
They are Indonesian, English, and Bilingual 
(Indonesian-English) speech corpora with 45,386 
speech documents (training and testing data). 
Indonesian and Bilingual speech corpora are audio files 
recorded using digital recorder [1]. While English 
speech corpora are obtained from Carnegie Mellon 
University (CMU). The bilingual speech data contain 
more than 80% of words in Indonesian. We use an 
open-source speech recognition system to build the 
bilingual ASR in this study. 

A. Training 
1) First experiment (EXP-1). EXP-1 was done using 

37.331 speech data with 44.6 hours of recorded speech 
to train the acoustic model with 44 phonemes. The 
phonemes consist of 6 vowels, 25 consonants, 13 
diphthongs. Table I shows the statistic information of 
the speech corpus. 
 

TABLE I 
SPEECH CORPUS FOR FIRST EXPERIMENT 

Language 
# Sentences 

Gender of Speaker 

Male Female 

Indonesian  

10.329 6.093 4.236 
Bilingual 

English 27.002 20.091 6.911 

Total 37.331 26.184 11.147 

 

The language model is built with the transcription of 
speech documents used to train the acoustic model. 
Thus, the number of sentences is the same as the number 
of speech documents. Table II shows the statistics data 
of text corpus. 

TABLE II 
TEXT CORPUS FOR FIRST EXPERIMENT 

Attribute # Sentences 

#Sentences 37.331 

#Unique Words 20.033 

#Average Length of Sentence ± 13 

 

2) Second experiment (EXP-2). EXP-2 is done using 
the same speech and text corpus in EXP-1. However we 
use different number of phonemes to train the acoustic 
model. The total number of phonemes in this experiment 
is 87 phonemes (6 vowels, 25 consonants, 56 
diphthongs). 

3) Third experiment (EXP-3). In this experiment, we 
use 40.636 speech documents (53.7 hours of recorded 
speech) to train the acoustic model using the same 44 
phonemes as in EXP-1. The statistics information about 
speech documents used in EXP-3 is shown in Table III 
below. 

Like EXP-1 & EXP-2, the language model for this 
experiment is built with the transcription of speech 
documents used to train the acoustic model. Table IV 
shows the statistics data of text corpus. 

B. Testing 
Three bilingual ASR systems that have been trained 

and built in this study are tested using three sets of 
testing data, the large speech testing data1 (LSTD-1), 
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the large speech testing data 2 (LSTD-2) and the good 
quality speech testing data (GQSTD-150). The 
difference between the large speech testing data 1 and 2 
are the number of words to be recognized and the length 
of testing data. Large speech testing data 2 have more 
words to be recognized rather than large speech testing 
data 1. The good quality speech testing data are subset 
of the large speech testing data 1 and 2 that were 
selected due to its noise level and good pronunciation. 

TABLE III 
SPEECH CORPUS FOR THIRD EXPERIMENT 

Language # Sentences 
Gender of Speaker 

Male Female 

Indonesian  

13.634 7614 6467 
Bilingual 

English 27.002 20.091 6.911 

Total 40.636 27.705 13.378 

 
TABLE IV 

TEXT CORPUS FOR THIRD EXPERIMENT 

Attribute # Sentences 

#Sentences 40.636 

#Unique Words 23.996 

#Average Length of Sentence ± 12 

 
The following table shows the statistics information 

about those three testing data sets. 
TABLE V 

STATISTIC INFORMATION OF TESTING DATA 

Testing Data Set # File # Hours 

LSTD-1 3.000 3.61 

LSTD-2 3.000 7.46 

GQSTD-150 150 0.26 

 

All of the testing data consist of Indonesian, English, 
and bilingual (Indonesian-English) speech documents 
with the same proportion. These testing data sets are not 
used to train the acoustic model at all experiments. 

We computed the word error rate (WER), correct 
word (CW), and out-of-vocabulary (OOV) to evaluate 
the performance of bilingual ASR System [9]. Speech 
Recognition Scoring Toolkit (SCTK) from NIST is used 
to evaluate the ASR performance of recognizing the 
speech testing data. 

 

V. RESULTS 
a) The first experiment (EXP-1) is done to study 

the impact of number of words and quality of speech 
testing data. The result (table VI) shows that the 
performance of the bilingual ASR system decreases 
15.2% of WER and 8.16% of OOV if the number of 
words to be recognized increase. The performance 
increases 2% of WER using the good quality of 
speech data. 

TABLE VI 
THE RESULTS OF EXPERIMENT-1:TO TEST THE                             

NUMBER OF WORDS AND QUALITY OF SPEECH TESTING DATA 

Testing Data WER 
(%) 

CW 
(%) 

OOV 
(%) 

LSTD-1 35.4 69.0 1.88 

LSTD-2 44.8 64.6 4.45 

GQSTD-150 25.6 77.6 0.72 

 
b) In the second experiment (EXP-2), we study 

the impact of using more number of phonemes to 
build the acoustic model. The result in table VII 
shows that the performance of ASR decreases 1.5 
% of WER.  

 
TABLE VII 

THE RESULT OFTHE  SECOND EXPERIMENT: TEST THE  NUMBER OF 
PHONEMES IN ACOUSTIC MODEL 

Testing Data WER 
(%) 

CW 
(%) 

OOV 
(%) 

LSTD-1 36.7 69.7 1.88 

 
In building the acoustic model using large number of 

phonemes, the processing time is very long in running 
LSTD-1. It took more than 7 days to recognize 3.61 
hours of recorded speech.  This experiment is not done 
using LSTD-2 and GQSTD-150 due to its intolerable 
processing time. 

By observing the results of first and second 
experiments, the substitution error score dominates the 
total error rate of bilingual ASR system with more than 
two third of total error. The table below shows the top 
10 words substituted into another word. 

 
c) Most of the reference words in Table VIII have 

the same vowels to pronounce with their recognized 
words. The word ‘lapan’ takes our attention 
because it recognized as ‘delapan’ with high 
frequency. The word ‘lapan’ in Indonesian is not a 
formal word. Therefore, we changed the word 
‘lapan’ to ‘delapan’ in the third experiment. 
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TABLE VIII 

TOP 10 SUBSTITUTED WORDS OF FIRST AND SECOND EXPERIMENT 

Reference Word Recognized Word 

lapan delapan 

yang dan 

dalam dan 

tidak tiga 

itu to 

pc isi 

sepuluh puluh 

untuk bentuk 

ya Iya 

asus kasus 

 
d) The third experiment (EXP-3) is done to study 

the impact of longer speech data in training the 
acoustic model and bigger text corpus in building 
the language model. 

 
TABLE IX 

THE RESULT OF THIRD EXPERIMENT: IMPACT OF DIFFERENT 
SPEECH CORPUS ON THE  ACOUSTIC MODEL AND THE 

LANGUAGE MODEL 

Testing Data WER 
(%) 

CW 
(%) 

OOV 
(%) 

LSTD-1 34.2 70.0 1.88 

LSTD-2 32.1 74.2 4.45 

GQSTD-150 22.8 79.8 0.72 

 
Table IX shows that the third experiment has 

reached 65.8% of accuracy in recognizing the first set of 
testing data, 67.9% of accuracy for the second set, and 
77.2% of accuracy for the third set of testing data. 

By comparing EXP-3 to EXP-1, the result shows 
there is an improvement of recognition rate for all 
testing data. The OOV rate of this experiment also 
decreases significantly for testing with LSTD-2 and 
GQSTD-150. The result shows that longer training 
duration and bigger text corpus can improve the 
performance of an ASR system. See Figure 1. 

Substitution error score still dominates the total error 
rate of bilingual ASR system in the third experiment. 
The table below shows the top 10 words substituted into 
another word. 

In this situation, most of the reference words in Table 
X have quite similar pronunciation (mostly vowels) 
with their recognized words. This shows that similarity 
level of pronunciation (ambiguity) between words can 
produce wrong recognition. It increases the substitution 

error score and decreases the performance of bilingual 
ASR system. 

 
Fig. 1.  WER Comparison between First and Third Experiment 

TABLE X 
TOP 10 SUBSTITUTED WORDS OF THIRD EXPERIMENT 

Reference Word Recognized Word 

pc isi 

dalam dan 

sembilan enam 

tidak tiga 

seribu ribu 

g ji 

three tri 

dell dia 

untuk bentuk 

ya iya 

 

VI. CONCLUSION AND FUTURE WORK 
We report our work on developing Bilingual 

Automatic Speech Recognition (ASR) System for 
Indonesian and English. The performance of bilingual 
ASR system was evaluated using three sets of speech 
testing data in three experiments. In this study, we 
learned that more number of phonemes used in acoustic 
model of bilingual ASR system yields longer 
recognition time. Another point is longer training 
duration with greater number of words produces higher 
accuracy of bilingual ASR system. In addition, the 
bilingual ASR system obtains better accuracy if the 
speech data has less noise and pronounce well. 
Moreover, the ambiguous pronunciation can decrease 
the recognition rate since bilingual ASR system will 
produce the wrong result. 

Based on the conclusion of this study, we plan to 
obtain more speech documents to build better acoustic 
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model. More text corpus is also needed to produce a 
rich and robust language model in order to improve the 
performance of bilingual ASR system for Indonesian 
and English. 
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Abstract—Many researchers carried out 

automated essay scoring using Latent Semantic 
Analysis (LSA) method. One of the limitations of 
the LSA is the lack of training documents to 
optimize the results. Regarding such limitation, the 
use of Vector Space Model (VSM) can be 
considered as the alternative method. This 
research aims to compare the performance of LSA 
and VSM in automated essay scoring system. 
Experiments are carried out with 13 essay 
problems of e-commerce course in Computer 
Science Faculty, University of Indonesia which 
have been answered by 42 students. In general, the 
results show that average score of correlation 
between VSM-human is higher than LSA-human. 

 
I. INTRODUCTION 

ne of the benefits of information technology in 
education is the automation of the process of 

educational evaluation or exam scoring. The exam can 
be delivered in various forms such as short answer 
tests, "yes-no" question, multiple-choice test, and 
essay tests. The test can be performed by paper based 
in class or online using Internet.  
 The essay exam has several advantages comparing 
to others. It can prevent the onset of the game of 
speculation on the candidates, can know the depth of 
mastery level of examinees tested material, and the 
examinees can express opinions and thoughts with 
his/her own style [1].  
 Despite having some advantages, scoring of essay 
test answers are not as easy as other forms of 
assessment exams. It takes more time and effort of the 
human when they are carried manually. In addition, 
there may be subjectivity of human beings to examine 
and assess the form of essay exam answers.  
 To overcome this, we can use computer assistance 
to automate the scoring of essay exam answers. 
Automation of this scoring process can reduce time, 
cost, and effort required and also can make the 
process more objective. However, it is not easy to 
develop the essay scoring system that can be replace 
human since the essay has been written using natural 
language. 
 Research in the area of automated essay scoring was 
initiated in 1994 by Page with his system Project 
Essay Grader (PEG). PEG assessed writing style or 

technique of intrinsic factors such as long essays, 
diction, and others. Intelligent Essay Assessor (IEA) 
judge the essays based on Latent Semantic Analysis 
(LSA) method by assessing the content of the essay. 
In 1998-2000, Burstein, et al developed the E-Rater, it 
used statistical methods and NLP (Natural Language 
Processing) to evaluate the style and writing 
techniques. After that, C-Rater uses NLP to assess the 
short essay responses as found in the evaluation of 
textbooks or exams [2, 3]. 
 Research on automated essay scoring system for 
Indonesian document has been conducted since 2005. 
To our knowledge, research on this area for 
Indonesian document still rare, we found five research 
publications about essay scoring for Indonesian 
document. All of them employed the LSA method as 
used in the IEA. LSA can be interpreted as a theory of 
knowledge induction and representation of the 
equation that determine the meaning of a word or a 
document by analyzing a large set of documents 
(corpus). All documents and words in the document 
are represented as points in high dimensional semantic 
space (e.g. 50-1500) [4].  
 Table 1 below shows the five previous researches 
on automated essay scoring system for the Indonesian 
document. 
 The studies mentioned above only using the 
collection of student essays and answer keys to build 
the LSA semantic space. Though the LSA requires a 
large of training data in order to represents the true 
concept of the answers,  to establish the semantic 
space so that it can capture the similarity of meaning 
although they using different words. Using only the 
essay and answer keys can cause bias on constructed 
semantic space because student may express their 
answer in different word than the answer keys but 
they are have similar meaning. In addition, the system 
becomes unable to capture the synonymy of word as 
expressed in Octaria [8]. 
 The limited training data become obstacles in the 
implementation of LSA for scoring the essay 
examination. In these circumstances, the use of Vector 
Space Model (VSM) to score the essay answers as 
alternative method may be considered. In particular, 
for the essay exam which has definite answer, VSM 
can be used to match the words that exist in students' 
answers with the words that exist in the answer key. 
 This study aims to compare the effectiveness of 

O
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essay scoring system for Indonesian document using 
VSM and LSA. The rest of this paper is organized as 
follows. Next section describes the LSA and VSM 
model for essay scoring system. System design is 
explained in section three while experiment results 
and analysis is illustrated in section four. Final section 
expresses the conclusions and future work of this 
research. 
 

Table 1: Summary of research of automated essay 
scoring for the Indonesian document 

Research Result
Brian Prima Krisnanda 
[5]: using 10, 20, 30, 
and 40 keywords

Correlation between scores yielded 
by system and scores given by 
human was 0.86-0.96. More 
keywords resulting in higher 
correlation.

Ratna, Budiardjo, 
Hartanto [6]: addition 
of term wight, word 
order, and word 
similarity

Agreement between human 
scores and system was 69.80‐
94.64% (experiment with 5 
students), and 77.18%‐98.42% 
(experiment with 10 students).

Dudi Hermawandi [7]: 
implementation of 
SICBI (Sqrt‐IGFFCosn‐
Bnry‐IDFB) weighting 
scheme.

Average scores differences 
between system and human was 
13.98, 17.84, and 10.90, in 
experiment with 10, 15, and 20  
students (consecutively) for 10‐
question examination

Diego Octaria [8]: 
implementation of 4 
weighting schemes 

The highest correlation between 
system's scores and human's 
scores was 0.39, in experiment 
with 20 students, scored using 
Sqrt‐Normal‐Cosn‐Bnry‐Normal 
weighting sheme.

Harisma [9]: 
implementation of 3 
keyword weighting 
scheme 

Correlation between system's 
scores and human's scores was 
0.77 and average scores difference 
was 17.36, in experiment with 10 
essay questions for 23 students.

 

II. THEORETICAL BACKGROUND 
 In this section, we describe the two methods that we 
want to compare, which are Latent Semantic Analysis 
(LSA) and Vector Space Model (VSM). 

A. Latent Semantic Analysis 
 LSA is a technique where the essays are represented 
as word-document matrix and then determine the 
similarities between the word meanings by analysing 
the large scale of corpus. Every word and passage is 
represented as a point in semantic space and the 
similarity of meaning between two words and 
passages is determined by estimating their relative 
positions in the semantic space [3].  
 After the matrix is built, the matrix then 
decomposed into three matrices component (U, S, V) 
using Singular Value Decomposition Method (SVD) 
[6]. The first matrices component described row entity 
as orthogonal vector matrix. The second matrices 
component described column diagonal matrix. And 

the third component described column orthogonal 
matrix. The resulting diagonal matrix containing the 
nonnegative elements and a non-zero element are 
called singular values of A [5]. 

 
AMxN = UMxN SMxN VT

MxN              (1) 
 
 In this matrix decomposition, dimension of matrix A 
can be reduced to the size of k and the matrix A can be 
reconstructed using only k dimension to approximate 
matrix A. Reconstruction with the reduced dimension 
produces matrix Ak, which is the low-rank 
approximation of matrix A. Reconstruction with only 
k dimension is done by taking only k dimension from 
matrix components U, S, and V so that AK = UKSKVK

T 
[5]. 

 

Figure 1: SVD decomposition process 
 
 Low rank approximation of A produces a new 
representation for each document, in which the 
similarity between the words and documents in the 
matrix A can be discovered. The rank used in SVD 
will be different for each case. If the rank is too small 
then the estimation of the similarity between 
terms/documents will be too high. Conversely, if the 
rank is too high, the similarity between 
terms/documents cannot be caught. Rank selection 
can be done by trying some of the commonly used 
rank and selecting rank that gives optimal results. 

B. Vector Space Model 
 VSM is a representation of a collection of 
documents as vectors in a vector space. VSM is a 
basic technique in information retrieval that can be 
used to assess the relevance of retrieved documents to 
the keyword search (query) on search engines, 
classification of documents, and clustering of 
documents [10]. 
 An example of changes from text to the vector 
representation is as follows: 
 Suppose, we have two documents (Doc1 and Doc2) 
and a query: 
Doc1 : “morning” 
Doc2 : “this sunny morning” 
Query : “this morning” 
  

Table 2: Vectors represent the text document 
term Doc1 Doc2 query 

morning 1 1 1 

this 0 1 1 

sunny 0 1 0 
 

We have to choose which document (Doc1 or 

=

mxn mxm mxn  nxn

k

k 

k 

k 
A U S  VT 

k 
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Doc2) which most represent the query. Firstly, we 
determine the frequency of word/term occurred in 
each documents as described in the Table 2. Doc1, 
Doc2 and query are vectors that representing the 
initial text. The visualization of the representation is 
the following: 
 

 
Figure 2. Vector Space Model 

 
 After that, we measure the similarity between each 
document and the query. This similarity can be 
measured by calculating the distance between the 
vector of each document and the query. The distance 
between the vector of document and query getting 
closer then the document and query are more similar. 
In Figure 2, document 2 (Doc2) most similar to the 
query since it have closer distance to query than 
document 1. 
 Cosine Similarity can be used to measure the 
similarity between two vectors of n dimensions by 
finding the cosine of the angle between two vectors (A 
and B).  The attribute used in this research is the term 
frequency vector of the documents. The similarity 
measured then will be the mark that has given in the 
Automated Essay Scoring. 
 

                  (2)  
 Where “.” denote the dot products between vector A 
and B [10]. 

III. DESIGN AND IMPLEMENTATION 
 In this study, we develop a scoring essay system 
based on VSM and LSA methods. The flow of scoring 
process is shown in Figure 3 below. 
 There are two documents as the input to this system, 
students' answers and key document. First, we remove 
unnecessary characters (stop words), such as 
conjunction word, article, etc. Then all characters are 
changed into lowercase.  

Then, key document is represented as the query 
vector and student answers document are represented 
in term-document matrix. Each column in term-
document matrix is a vector representation of each 
student answer. 

The similarity between the responses of the 
students and the key answers is determined by 
calculating the cosine similarity between vectors 
answers and answer key vector. The value of cosine 

similarity will become the student score. 

Key Document Student Answers 
document

Create Query 
Vector (q)

Create 
Term-Document 

matrix (d)

Calculate similarity 
of q & d using 

cosine similarity

Write the result to 
document

Score of 
students exam

 
Figure 3: Flow of scoring process 

 
  In general, LSA and VSM system proceeds 
with this flow. The difference between LSA and VSM 
process is in using SVD decomposition. LSA using 
SVD decomposition to reduce the dimension of term-
document matrix but VSM does not use the 
decomposition process. 
 In LSA, after creating term-document matrix, SVD 
is applied to the matrix in order to reduce the matrix 
dimension. The vector q then converted to the same 
dimensions as term-document matrix dimension. After 
that, the value is calculated by cosine similarity. 
 We develop the system using Matlab and Perl 
programming language. We also use Matlab Tool 
TMG (Text to Matrix Generator) [11] to create a 
word-document matrix and query vector. For 
document pre-processing, we use stemmer for 
Indonesian language which is developed in Java 
programming language [12]. 

IV. EXPERIMENTAL RESULTS 
 Experiments were conducted with 546 essay 
answers consists of 13 questions/problems, answered 
by 42 students for each question. Essay answers were 
taken from Final test of e-Commerce course in the 
Faculty of Computer Science, University of Indonesia 
in 2008. 
 Table 3 shows some examples of problem in the 
test. The experiment results can be seen in Table 4. 
Experiments results as seen in Table 4 show that, 
VSM method yields average score of 2.13 and LSA 
yields average score of 6.92. Table 4 also shows that 
the average correlation of VSM and human score 
higher than LSA and human score. It shows that VSM 
give more consistent score than LSA in scoring the 
essay. This may occur because of lack of source data 
(training documents) to build the LSA semantic space 
so that the LSA is not optimal. 
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Table 3: the examples of questions/problems 
No. Problem 

2 Sebutkan lima atribut m-commerce! (List the 
five attributes of m-commerce!) 

4 Sebutkan dan jelaskan tiga dari lima prinsip 
perlindungan dasar privasi (List and explain 
three of five principles of basic privacy 
protection) 

11 Apa yang dimaksud dengan segmentasi pasar? 
Bagaimana menggunakan Internet untuk 
melakukan segmentasi pasar? 
(What is the market segmentation? How do you 
use Internet to segment the market?) 

12 Jelaskan apa saja jenis cyber crime yang sudah 
diatur dalam UU ITE (Explain the cyber crime 
types according to ITE Law) 

  
 

VSM LSA VSM LSA
1 6.57 1.59 7.55 0.72 0.45
2 7.12 2.36 7.28 0.81 0.65
3 8.60 1.75 5.20 0.41 0.37
4 6.69 1.94 7.24 0.82 0.69
5 7.31 2.25 8.18 0.46 0.52
6 4.74 1.55 7.05 0.74 0.77
7 9.62 2.09 6.85 0.32 0.16
8 7.95 2.10 5.72 0.69 0.58
9 6.17 2.29 6.43 0.76 0.64
10 6.83 2.96 6.73 0.58 0.59
11 6.90 1.76 6.86 0.20 0.31
12 9.50 1.81 8.75 0.30 0.00
13 9.36 3.20 6.18 0.43 0.51

Avg 7.49 2.13 6.92 0.56 0.48

Problem HR
Score Correlation

Notes: 
Problem: the test item number 
HR: human score (average of 42 students) 
VSM: average of 42 students score by VSM method 
LSA: average of 42 students score by LSA method 
HR_VSM: correlation between Human and VSM 
HR_LSA: correlation between Human and LSA 
 
 The average correlation of human values with the 
value of this system is low and less reliable in scoring 
essay answers. However, we can observe the forms or 
answer questions that can be assessed properly by the 
system (answer which has high correlation) and that 
cannot be assessed properly (low correlation). 
 The high correlation (above 0.70) between human 
score and VSM score occurs in problem number 1, 2, 
4, 6, and 9 whereas a high correlation between human 
score and LSA occurs in problem 6. Problem or 
questions that generate a high correlation between 
people with VSM is the question which has certain 
answer. This question causes the students have no 
many choices in expressing the answers. Whilst the 
other questions, although they have key answer, the 
students can express the answer in many ways/styles. 
 Lowest correlation between human and system 
occurs on problem number 11 and 12 (correlation 
below 0.31). Problem number 11 asks about the 

description. The key answer for this problem has been 
written in short format and certain sentences, whereas 
the student’s answers may vary that express in long 
sentences.  Regarding this situation, human usually 
can read and understand whether the answer contains 
the point of the key answers, in turn they give high 
score. But the computer does not have understanding 
like human, it just match the student answer to the key 
answer. Thus, no wonder that the correlation between 
human and system is low. 
 Problem number 12 is actually a problem having the 
definite list of answers. The correlation of human and 
system for this problem is also low. This likely occurs 
because of the content of the answer key (there are 16 
basic concepts). The system will give high score for 
students who give the entire concept in the key 
answers. While human gives a score of 10 even 
though the students only mention part of the concepts. 
 These results also show that, VSM likely better 
used in questions/problems that demand answers in 
specific concepts. For the answers that can be 
expressed in many ways, LSA is more suitable. The 
low correlation of LSA is probably caused by lack of 
training documents. The limited training document 
made the LSA incapable to form the proper semantic 
space so that LSA can infer the similarity of words in 
the document. 
 The weakness of the VSM and LSA is using 
principle of bag-of-words, which considers only the 
set of words without considers sequencing of the 
words. VSM and LSA cannot be used to assess the 
answers depend on word sequence as the following:  
 
Question: "What are the differences B2B sell-side and 
buy-side".  
Answer 1: "B2B sell-side consists of many buyers and 
one seller, while B2B buy-side is composed of many 
sellers and one buyer."  
Answer 1: "B2B sell-side consists of one buyer and 
many sellers, while B2B buy-side is composed of one 
seller and many buyers." 
 
 VSM and LSA will consider that both answers are 
the same, and classify both answers as the correct 
answer. To deal with this kind of problem, some other 
techniques instead of statistical techniques can be 
used, for example, NLP techniques.  

V. CONCLUSIONS 
 This study shows that the average correlation value 
of human beings with value systems that produced 
VSM higher than LSA. This might be due to the lack 
of enough training documents to build the LSA 
semantic space. Considering this limitations of the 
training document, the use of VSM may be an 
alternative for assessing the essay exam answers. 
 VSM is likely useful in processing question that 
demanding specific answer. In other hand, it is better 
to use LSA for the questions which students have 
many ways in expressing their answer. In addition to 
that, to improve LSA performance, the availability of 
training documents in large scale is necessary, so the 

Table 4: Experiment results 
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LSA can be able to develop semantic space that can 
be used to infer the similarity between words and 
documents. 
 Meanwhile, improving the performance of VSM 
can be done by using preprocessing technique like 
providing thesaurus to capture the synonym of words.  
 

REFERENCES 

[1] Anas Sudjiono. Pengantar Evaluasi 
Pendidikan. PT Raja Grafindo Persada , 
Jakarta, 2005. 

[2] Salvatore Valenti, Francesca Neri, and 
Alessandro  Cucchiareli. “An Overview of 
Current Research on Automated Essay 
Grading”, Journal of Information Technology 
Education, Vol. 2,  2003. 

[3] Marti A. Hearst. “The Debate on Automated 
Essay Grading”. IEEE Intelligent System 
Magazine, pp. 22-27, 2000. 

[4] Thomas K. Landauer, Peter W. Foltz, Darrell 
Laham. “An Introduction to Latent Semantic 
Analysis”. 1998. 

[5] Brian Prima Krisnanda. “Sistem Penilaian 
Essay Otomatis dengan Menggunakan Metode 
LSA”. Departemen Elektro Fakultas Teknik UI, 
Depok, 2005. 

[6] Anak Agung Putri Ratna, Bagio Budiarjo, 
Djoko Hartanto. “SIMPLE: Sistim Penilai Esei 
Otomatis untuk Menilai Ujian dalam Bahasa 
Indonesia”. Jurnal Makara UI, 2007. 

[7] Dudi Hermawandi. “Implementasi Pembobotan 
SICBI pada Aplikasi Essay Grading Metode 
LSA”. Departemen Elektro Fakultas Teknik 
UI, Depok, 2008. 

[8] Diego Octaria. “Implementasi Skema 
Pembobotan pada Aplikasi Penilaian Esai 
Otomatis Metode LSA.”. Departemen Elektro 
Fakultas Teknik UI, Depok, 2008. 

[9] Nanda Zanibua Harisma. “Implementasi 
Sistem Penilaian Esai Otomatis Metode LSA 
dengan Tiga Bobot Kata Kunci”. Departemen 
Elektro Fakultas Teknik UI, Depok, 2008. 

[10] Christoper D. Manning, P. Raghavan, H. 
Schutze. Introduction to Information Retrieval. 
Cambridge University Press,  New York, 2008. 

[11] D. Zeimpekis, E. Gallopoulos. “Text to Matrix 
Generator User's Guide”. 2008, 
http://scgroup.hpclab.ceid.upatras.gr/scgroup/P
rojects/TMG/ accessed on  

[12]  Adriani, Mirna (2008). Information retrieval. 
Modul kuliah Pemrosesan Teks Fakultas Ilmu 
Komputer UI semester ganjil 2009. 

 
 
 
 
 
 

ICACSIS 2010 ISSN: 2086-1796

126



 

 

 

  

Abstract— In a word-based block sorting text 

compression, ranking is a reversible stage to 

exploit the locality of reference as the result of 

applying Burrows-Wheeler Transform to a 

sequence of tokens. MTF (move-to-front) is the 

simplest and most popular way to implement 

ranking, but it is not compulsory. Many alternative 

ways exist to implement ranking as will be 

described and revisited in this paper. Isal has  

shown that by using the Fibonacci sequence to 

partition the sizes of the splay trees in the ranking 

stage gives better compression effectiveness for 

large input text files. In this paper, it is aimed to 
find a real number r, r>1, such that the partition 

sizes determined by a geometric sequence r
k
 would 

give a better compression effectiveness. The 

effectiveness of these ranking strategies are 

compared by calculating its zero-order self 

entropy. 

I. INTRODUCTION 

 

 complete reference which covers thorough 

discussion on block-sorting data compression can 

be found in book recently written by Adjeroh, 

Bell and Mukherjee, including the word-based block 

sorting text compression [11]. A word-based block 

sorting text compression mechanism has been 

proposed by Isal and Moffat [7], [9]. It consists of four 

stages applied to a text input file as depicted in Figure 

1: parsing the input text file into a sequence of tokens; 

permuting the sequence of tokens by using the 

Burrows-Wheeler Transformation (BWT); ranking the 

symbols in the permuted sequence of tokens; and 

assigning code to each symbol by using any entropy 

coder of choice. For the parsing stage, Isal and Moffat 

has proposed the use of implicit dictionary spaceless 

word parsing method for its more efficient dictionary 

and sequence of tokens representation [6]. In the 
word-based, the BWT stage is achieved by calling a 

standard sorting procedure as in the character-based 

model, except that it has a large set of tokens/symbols.  

 
The author wish to thank the Faculty of Computer Science and 
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Figure 1. Word-Based Block-Sorting Mechanism for Text Files 

(taken from Isal et.al,2010 [8]). 

 

A word-based model immediately introduce the 

problem of large alphabet symbols, which requires 

proper handling both in time and space complexities. 

For the ranking stage, Isal has proposed the use of 

forest of splay trees as data structure in the 

implementation of ranking method. The sizes of the 

splay trees can be determined by using various 

growing functions, and Isal and Moffat have also 

experimented various ways of promoting/demoting 

the symbol being ranked. Some results have been 

reported, for example, that promoting the symbol 

being ranked halfway to the front [8]. Isal has also 

reported that by using Fibonacci sequence to 

determine  the sizes of the splay trees, make some 
improvement to the overall compression effectiveness 

[9].    

A ranking method calculates the rank value of a 

symbol. Given a sequence of tokens/symbols, it 

transforms the sequence into a sequence of ranks. 

After the BWT is applied into a sequence of tokens, 

the output sequence of tokens is said to have a locality 

of reference (the repetitions  of some symbols over a 

short period of time); and applying ranking to a 

sequence of this type produces a sequence of ranks 

with a skewer probability distribution. Applying a 

ranking method to a block-sorted sequence of symbols 

transforms the sequence into another sequence of 

symbols over the same set of alphabet, but with 

different probability distribution of symbols.  

 In [8], it has been shown that different ranking 

strategies produce similar probability distributions, 
and that some methods consistently produce better 

compression result.  In this paper, an example of 

processing a small part of the input sequence  is 

presented to show further why one method is better 

than the others.  

In [9], it has been shown that the use of the 

Fibonacci sequence to determine the sizes of the splay 
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Table 1. Zero-order self entropy (in bits/symbol) of test files using 

modified ranking methods, with different partition arrangements. 

The test files are parsed using implicit-dictionary spaceless word 

model, and then have the BWT applied. 

 
trees in the ranking stage produces better compression 

effectiveness for large input text files. The results of 

using various partition sizes has been reported and for 

a reminder is presented again in Table 1. Essentially, 

all functions used to partition the sizes of splay trees 

in Table 1 are geometric sequences with a ratio r. In 

this paper, an experiment is conducted to find a real 

number r, r>1, such that the partition sizes determined 

by a geometric sequence r
k
 gives a better compression 

effectiveness. As in [9], the input text files are taken 

from the Calgary and Canterbury corpuses and from 

the Wall Street Journal. 

Move-To-Front (denoted as mtf in Table 1) using 

array data structure, is the mechanism commonly used 

in the RANKING stage, and was first introduced by 

Bentley, et.al [2]. The mtf processes one symbol x at a 

time by reading it from input sequence and returns the 
number of  distinct other symbols that have occurred 

since the last appearance of x. The returned value can 

be computed by searching x in the array and returns 

the position of x in the array, and move x to the front 

of the list (the position 1), and shift all other symbols 

in front of x one position to the right. In the word-

based block sorting mechanism, due to the large 

number of distinct symbols used in the array, both 

searching and shifting become very slow. 

Initially designed to overcome the time problem, Isal 

and Moffat have proposed the use of forest of splay 

trees as data structure to implement the RANKING 

stage [5]. A splay tree is  a self-adjusting binary search 

tree with a very good amortized efficiency for an 

arbitrarily but sufficiently long sequence of retrieval 

[1]. In [5], a modification of MTF is presented, in 

which k splay trees are used, each of which stores a 
non intersecting subset of the set of all alphabet 

symbols S. Surprisingly, some variants of  

modification of mtf also bring improvements to the 

compression effectiveness.  

To compare the effectiveness of various ranking 

strategies, the zero-order self entropy of the 

transformed sequence is calculated. For a sequence of 

symbols in which symbol i appears fi times, the zero-

order self entropy of the sequence is calculated as:  

𝐻 =   −
𝑓𝑖

𝑁
. log2

𝑓𝑖

𝑁
   

𝑛

𝑖=1
  where 𝑁 =  𝑓𝑖𝑛

𝑗 =1  

Assuming an ideal coder is available, H can be 

interpreted as the average number of bits per symbol 

required to represent the sequence.  

It has been shown in [9] that the modified mtf 

strategies by using  various partitions produces a 

different (but quite similar) probability distribution to 
the exact mtf, and that the partition fib (denotes the 

Fibonacci sequence) consistently produces better 

results measured by the zero-order self-entropy of the 

transformed sequence of integers, followed tightly by 

sseg; while dseg consistently produces worse results, 

for all test files. Compared to mtf, the partition  sseg 

also produces better result, especially for large test 

files. The partition arith also produces good zero-order 

self-entropy, it is better than mtf, and is comparable to 

sseg. However, since arith uses more splay trees, its 

running time is about 10 times that of sseg [9].  

 

II. RANKING IN ACTION: MTF AND ITS ALTERNATIVES  

 

In this paper, several modifications of the 

approximate ranking are presented, and the partition 

fib is chosen as reference. To avoid confusion, denote 

a ranking strategy by the pair of partition sizes used, 

and its promotion strategy. For example, the ranking 

methods presented in Table 1 use the full evaluation 

promotion strategy described previously, and they are 

denoted as dseg-F, sseg-F, fib-F, and arith-F, 

respectively.  

To show that the promotion strategies produce 

different sequence of integers/ranks, the output of the 
ranking strategies in the same sequence of integers can  

be observed in more detail. Table 2 shows the outputs 

of various modifications of fib-F on the same input 

text. The input is taken from the last 200 bytes of 

wsj20, after being parsed by using implicit spaceless 

word method. The words/non-words in the dictionary 

is given in the first column, and the corresponding 

integer tokens (based on the order of appearance as 

they are recorded in the dictionary) are given in the 

second column. The next columns show the ranks of 

the input tokens, produced by the promotion strategy 

in the corresponding columns. The last 200 bytes of 

text from the input wsj20 is the following:  

 

“patent monopoly is sharply cut, as happens u

nder systems of compulsory patent licensure, ”. 

 

The integer token on the first row of the Table 2 is 

9235, and the rank of the token according to different 

ranking strategies are shown on the next column in the 

same row. Observe that the word “patent” with token 
number 9235 appeared twice in the text; and that the 

word “licensure” is a newly found word and is 

spelled out character by character and is ended by a . 
According to the implicit-dictionary, the new word 

was assigned the token  71929,  the  last  word  in   the  

Input file BWT 

only 

 

mtf 

Partition sizes 

dseg sseg fib arit 

grammar.lsp 6.09 5.04 5.11 5.04 5.04 5.07 

xargs.1 6.28 5.46 5.52 5.46 5.45 5.46 

fields.c 6.66 4.86 4.91 4.87 4.85 4.86 

cp.html 6.42 4.61 4.75 4.62 4.61 4.60 

sum 5.98 3.97 4.02 3.96 3.95 3.96 

asyoulik.txt 7.33 6.45 6.55 6.38 6.37 6.38 

alice29.tex 7.65 6.46 6.56 6.40 6.39 6.40 

lcet10.txt 7.99 6.78 6.88 6.70 6.69 6.69 

plrabn12.txt 7.73 6.98 7.06 6.86 6.86 6.87 

world192.txt 9.09 5.65 5.82 5.60 5.59 5.60 

bible.txt 8.45 6.50 6.66 6.39 6.39 6.39 

wsj20 10.19 7.52 7.73 7.37 7.36 7.37 

ICACSIS 2010 ISSN: 2086-1796

128



 

 

 

 

Table 2. Rank values produced by various modification of fib-F, where the input is taken from the last 200 bytes of the WSJ20. The 

threshold in fib-T was set to =16. 
 

 
input message. When the integer token 9235 

(representing the word “patent” in the first row of 
Table 2) is accessed, its current rank under the 

strategies varies, depending upon the current state of 

the splay trees being maintained. Each modification of 

fib-F has a different promotion strategy, and has 

different ways of moving nodes within the forest.  

 The various promotion strategies are denoted as 

different suffix: F for Full promotion; N for Neighbor; 

H for Halfway; S for Skipping; T for Threshold; and C 

for Counting. For example, in Halfway strategy, an 

accessed symbol x is searched in the splay tree starting 

from T0; and if x is found in tree Tk, then the rank 

value of x is computed and output, and x is promoted 

as a new node in the tree T k/2, and there will be a 
cascading delete and insert of symbol between the tree 

T k/2 up to tree Tk to restore the tree sizes. The 
description of all promotion strategies can be found in 

[8]. 

Despite having the same partition sizes and 

initialization, after a while, the information of “which 

symbols currently kept in which trees” is different 
amongst different promotion strategies. For example, 

the rank produced by mtf for token 9235 is 33; which 

means that there were 32 other distinct words and/or 

non words appeared in the input message after the last  

 

 

 
appearance of 9235. The way mtf calculate the rank of 

a symbol x is accurate; literally returns the rank that is 

equal to the number of other distinct symbols after x 

was last accessed. On the reappearance of 9235 (on 

the thirteenth row of the Table 2), mtf return 12 as its 

rank. The largest rank value for token 9235 on the first 

row is 504, produced by fib-N, and the next 

appearance of  9235 is given a rank 253 (about half of 

its previous rank values). It is sensible, since on the 

previous access of 9235, it was promoted to the 

neighbor splay tree, which size is half the size of the 

current splay tree. On the other hand, mtf assigns 12 as  

the rank for token 9235, since there are 11 other 

distinct symbols have appeared between the current 

and the last appearance of token 9235.   

For the same token, fib-H produce a rank 15 for the 

occurrence of 9235 on the first row, and a rank of 3 
for the next occurrence (even though there are 11 

other distinct symbols appeared after the last 

appearence of 9235). Perhaps this is one possible 

improvement from fib-H over the traditional way of 

calculating mtf rank value. In the Table 2, the 

strategies fib-F and fib-T produce exactly the same 

sequence of ranks; this is because all the tokens in the 

example are in the range of symbols to be processed, 

and both perform the full evaluation strategy.  

 

Word/non-word Token mtf Variations on Promotion Strategies fib 

fib-F fib-N fib-H fib-S fib-T fib-C 

.......... .... .... .... .... .... .... .... .... 

patent 9235 33 58 504 15 466 58 31 

monopoly  12638 50 62 1967 120 477 62 503 

is 320 34 35 5 21 274 35 23 

sharply 1687 3103 2287 1251 2283 65597 2287 2290 

cut 3998 612 785 461 783 17313 785 803 

,  276 46 37 4 29 262 37 34 

happens 14316 2941 3497 3799 3495 37621 3497 3632 

under 404 1077 1062 281 1063 16420 1062 534 

systems 1660 3404 2279 1244 2275 16722 2279 2281 

of 357 12 11 5 13 18 11 6 

compulsory 45435 104 126 4076 127 245 126 510 

patent 9235 12 14 253 3 24 14 7 

l 108 199 129 34 130 123 129 130 

i 105 40 35 33 18 257 35 18 

c 99 40 32 17 16 253 32 16 

e 101 38 33 9 16 254 33 16 

n 110 200 129 33 130 123 129 130 

s 115 38 35 9 10 125 35 18 

u 117 964 520 264 520 32790 520 521 

r 114 40 34 21 16 124 34 17 

e 101 5 5 4 5 13 5 5 

 256 40 35 21 17 6 35 17 

,  276 17 17 5 12 16 17 11 
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III. EXPERIMENTS 

 

In the previous section, we have seen that by using 

different partition sizes for splay trees also results in 

different probability distribution, measured by 

calculating the order-0 self entropy of the output 

sequence of ranks. By using the partition sizes fib, the 

various promotion ranking strategies are experimented 

on the test files after the implicit spaceless word 

parsing and BWT are applied. Different ranks returned 

by different promotion strategies may result in 
different probability distribution on the output 

sequences of ranks. To compare the efficacy of the 

ranking strategies, the running times are also 

presented. The results is given in the following. 

Table 3 lists the effects of applying different 

promotion strategies to test files, by using partition 

sizes fib. By exploring various heuristic promotion 

strategies, it is possible to achieve a slight 

improvement over the basic promotion strategy fib-F.  

Table 3 lists the effects of applying different 

promotion strategies to test files, by using partition 

sizes fib. By exploring various heuristic promotion 

strategies, it is possible to achieve a slight 

improvement over the basic promotion strategy fib-F.  
 

 

Table 3. Zero-order self-entropy (in bits/symbol) of test files using 

different ranking strategies, using fib partition sizes. The test files 

are parsed using the implicit-dictionary spaceless word model, and 

then processed using a BWT transformation. The threshold in fib-

T was set to = 16. 

 

The input on the first column are parsed using 

implicit-dictionary spaceless word and BWT 

transformed. The input files are tested against various 

ranking strategies, and their effectiveness are 

compared by calculating the zero-order self entropy, 

measured in bits per symbol. The smallest bits per 

symbol rate in each row is highlighted, to indicate the 

ranking strategy that produces the most effective 
result for that particular test file. 

The mtf produces the most compressible output 

sequence only for the smallest test file grammar.lsp, 

but as the file size grows, variants of fib-F produce 

better results. As shown in the Table 3, perhaps fib-H 

is the strategy which produce an overall better 

effectiveness, especially on large input files. Table 3 

shows that the larger the size of input file, the wider 

the improvement gap made by fib-H relative to mtf. 

Compared to fib-F, a slight improvement in 

compressibility is achieved by fib-H, and Figure 2 

illustrates why. The probability distribution of fib-H is 

smoother on the first few splay trees (like mtf), and 

starts having saw-tooth patterns on the rest of the 

splay trees (like fib-F). Perhaps this is a good 

combination of the ranking effectiveness between mtf 

ranking (which is best for small file sizes, or symbols 
stored on the first few splay trees) and the fib-F 

ranking (which is best for larger file sizes). 

Even though fib-N produces the most compressible 

version for plrabn12.txt, the improvement gap is 

insignificant. It has ranking effectiveness that is worse 

than mtf on small file sizes, and worse than fib-F on 

larger file sizes. Overall, fib-N produces less effective 

ranking, perhaps because it is too slow to promote an 

accessed symbol. 

 

 
 

Figure 2. Probability distribution of ranks for WSJ20 by using  

fib-F and fib-H. 

 

The fib-S variant also produced worse results, than 

to fib-F, and achieves no improvement on any single 

input file. Promotion is always guaranteed for an 

accessed symbol, but demotion only happens in the 

transited splay trees during the cascading deletes and 
inserts. This is perhaps because of unwarranted 

demotion of some symbols in some trees because they 

are skipped over during the ranking process. 

For the strategy fib-C, even though it never achieve 

the most effective ranking strategy in any of the input 

test files, it still achieves slight improvement over fib-

F on several files. The fib-T is an improved variant of 

fib-F; besides it is designed for better efficiency, it 

produces the same effectiveness as fib-F does. This is 

because the threshold chosen for fib-T in the 

experiment covered all the integer symbols. As will be 

shown later, choosing a smaller threshold for fib-T 

results in a better efficiency at the cost of ranking 

effectiveness. 

Comparing variants of fib-F will only be fair when 

the running times of the comparands are also 

presented. Figure 3 displays the results of the ranking 
effectiveness from Table 3 and the time spent for the 

ranking processes (the sum of forward and reverse 

transformation). Various partitions are denoted by 

using solid boxes; various promotion strategies using 

fib partition are denoted by gray solid boxes; and 

particularly for fib-T with various are connected by 

line. 

Input file  

mtf 

Ranking Strategies with Partition fib 

fib-F fib-N fib-H fib-S fib-T fib-C 
grammar.lsp 5.04 5.04 5.56 5.16 5.17 5.05 5.28 

xargs.1 5.46 5.45 6.00 5.61 5.63 5.47 5.74 

fields.c 4.86 4.85 5.72 5.12 5.05 4.86 5.32 

cp.html 4.61 4.61 4.91 4.59 4.85 4.61 4.67 

sum 3.97 3.95 4.43 4.00 4.11 3.96 4.15 

asyoulik.txt 6.45 6.37 6.41 6.27 6.71 6.38 6.31 

alice29.tex 6.46 6.39 6.48 6.29 6.72 6.39 6.33 

lcet10.txt 6.78 6.69 6.73 6.57 6.98 6.69 6.61 

plrabn12.txt 6.98 6.86 6.65 6.63 7.13 6.86 6.64 

world192.txt 5.65 5.59 6.09 5.59 5.87 5.59 5.70 

bible.txt 6.50 6.39 6.45 6.24 6.74 6.39 6.29 

wsj20 7.52 7.36 7.46 7.19 7.75 7.36 7.25 
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Figure 3. Results of different ranking strategies for file wsj20 when 

parsed using the implicit-dictionary spaceless word mechanism, and 

then transformed using the BWT. Time spent is reported as the sum 

of forward and reverse processes, in CPU seconds on a 2.4 GHz 

Intel Pentium 4 (Xeon) with 512KB on-die L2cache and 1GB RAM 

running Debian/Linux 2.4. 

 

 

The fastest ranking strategy is MTF, and it is the 

best choice if speed is the most important 

consideration. If compression effectiveness is more 

important than speed, then fib-H is the best choice. A 

compromise balance between efficiency and 

effectiveness is offered by fib-N and fib-C. 

The effectiveness of fib-C falls between that of fib-

N and fib-H. Even though fib-C does more 

computation to decide where the accessed symbol 

should be promoted, its running time is faster than fib-

H. This suggests that in the input file wsj20, in 

average over the whole ranking process, accessed 

symbols are promoted in less than halfway. The gray 
boxes connected by line were fib-T, run with, from 

left to right, = 12, 14, 16, 18, 20 and 22. Increasing  

results in a better effectiveness, but runs slower. This 

is another compromise to achieve balance efficacy, 

and its effectiveness approaches that of fib-F. 

Table 4 shows some statistics of the probability 

distributions of the sequence of ranks produced by 

various ranking strategies by using the partition sizes 

fib. The input is wsj20, parsed with the implicit-

dictionary spaceless word mechanism, and then 

transformed using BWT. The data presented in the 

Table 4 explains why a particular strategy produces 
better effectiveness than others. The first row lists the 

zero-order self entropy of the sequence of ranks 

produced by the corresponding ranking strategies on 

each column. The rest of the rows show the 

cumulative probabilities of rank 1, and cumulative 

probabilities of the first k symbols, where k = 2, 4, 7, 

12, ..., 2583 and 4180. The reason these numbers were 

chosen was that they also represent the cumulative 

probability of ranks up to certain tree, where k = 

prev(h), for h ≥ 0. For examples, 12 is the cumulative 

probabilities of ranks/symbols in trees T0 up to T4. 

Table 4 shows some statistics of applying different 

ranking strategies on the file wsj20, and is divided into 

three parts. The first part shows that the best and 

second best ranking strategies in term of effectiveness 

are fib-H and fib-C respectively. The next parts of the 

Table 4 explain why the effectiveness of the ranking 

strategies vary in results. The shaded numbers in the 

second part of the table show the highest cumulative 

probabilities achieved in each row (up to certain tree), 

which are dominated by fib-H and fib-C. It turns out 

that effective ranking strategies are those which can 

“bring” symbols such that, when symbols are 
accessed, they are found as close to the front as 

possible. Comparing cumulative probabilities of some 

ranking strategies may be useful to observe their 

effectiveness. 

 

 

 
Table 4. Zero-order self entropy (in bits/symbol), cumulative 

probabilities of ranks (up to certain trees) of different ranking 

strategies, by using fib partition sizes. The test files are parsed using 

the implicit-dictionary spaceless-word, and after the BWT 

transformation is applied. All values are in bits per symbol. The 

threshold in fib-T was set to = 16. 

 

The last part of the Table 4 shows the average rank 

produced when different ranking strategies are 

applied. The input of the ranking step is the result of 

parsed and BWT transformed of the file wsj20, with 

the zero-order self entropy of 10.19, comprises 71,921 

distinct integers, and the total frequency of 4,788,496. 

The input sequence has an average symbol of 2993.50, 

and has 10,252 symbols with frequencies of one. The 

average symbols is calculated by summing up all 

symbols appeared in the sequence and then divided by 

the number of symbols in the sequence. The average 
rank is calculated similarly, but now the sequence is 

the output of applying a ranking strategy. 

Ranking strategy which decreases the average rank 

tends to be more compressible, but not always. This 

argument is somewhat weaker than the skewness of 

the probability distribution of a sequence. However, 

the average rank can be a good indicator for the 

expected average cost of the strategies, since they are 

analyzed based on rank values of input symbols. 

 

Stats 

R=%rank 
MTF Ranking Strategies with Partition fib 

fib-F fib-N fib-H fib-S fib-T fib-C 
0-order 

self entr 

7.52 7.36 7.46 7.19 7.75 7.36 7.25 

R≤1 27.8 27.8 29.0 29.9 27.8 27.8 29.8 

R≤2 34.5 34.5 36.4 37.8 34.5 34.6 36.0 

R≤4 42.0 42.0 44.0 45.7 41.7 42.6 44.7 

R≤7 48.3 48.3 50.1 51.8 44.0 48.9 51.1 

R≤12 54.1 54.1 55.4 57.2 49.8 54.6 56.7 

R≤20 59.1 59.1 59.7 61.7 57.8 59.4 61.3 

R≤33 63.4 63.4 63.5 65.4 58.1 63.5 65.3 

R≤54 67.1 67.1 66.8 68.8 58.8 67.2 68.9 

R≤88 70.6 70.6 70.0 71.9 61.1 70.6 72.1 

R≤143 73.8 73.8 73.0 74.8 65.8 73.8 75.1 

R≤1596 87.8 87.8 87.6 87.8 79.0 87.8 88.3 

R≤2583 90.3 90.3 90.3 90.3 80.3 90.3 90.7 

R≤4180 92.6 92.6 92.8 92.6 81.6 92.6 92.9 

Average 

rank 

1331

.3 

1282

.2 

1315

.3 

1278

.4 

4608

.6 

1283

.7 

1258

.5 

ICACSIS 2010 ISSN: 2086-1796

131



 

 

 

IV. DISCUSSION 

 

For the moment, it may be concluded that fib-H is 

the overall best ranking strategy: it does not promote 

too dramatically to the front on the first appearance of 

a symbol; it is more efficient than the full evaluation 

of fib-F; it guarantees promotion and demotion; and it 

shows better effectiveness, especially on large input 

files. In this section, one more experiment to search 

for further improvement is explored. 

In the previous section, the decision to choose 
partition sizes fib while exploring alternative 

promotion strategies was because of its simplicity in 

analyzing the efficiency. However, Table 1 shows that 

the partition fib actually produces better ranking 

effectiveness. One more experiment to show that 

further improvement can be achieved by combining 

the best partition sizes and the best promotion 

strategy. Halfway promotion strategy is a good 

candidate for promotion strategy. But, how to choose 

a good partition sizes without having to try too many 

possible ways of partitioning the set of alphabet. 

Both fib and sseg are good candidates, and they are 

generated by a geometric series with growth factors of 

≈ 1.6 and 2.0, respectively. To explore this parameter, 

an experiment is run to also include partition sizes 

with similar geometric series, but with different 

growth factors. For this purpose, partitions by using 
growth factors of 1.25, 1.50, 1.75, and Tribonacci are 

chosen, in addition to 1.6 and 2.0. Tribonacci is a 

higher order Fibonacci sequence, in which the sizes of 

the trees start with 1,1,1, and the size of the next tree 

is the sum of the sizes of the three previous trees. It 

has a growth factor of ≈ 1.839. The results of applying 

Halfway ranking strategy with various partition sizes 

is presented in Table 5. 

 

 
Input file MTF Ranking Strategies with Halfway Partition 

[1.25j] [1.50j] fib [1.75j] trib sseg 
grammar.lsp 5.04 5.19 5.17 5.16 5.14 5.12 5.13 

xargs.1 5.46 5.68 5.63 5.61 5.60 5.58 5.62 

fields.c 4.86 5.20 5.15 5.12 5.11 5.09 5.09 

cp.html 4.61 4.62 4.60 4.59 4.60 4.60 4.61 

sum 3.97 4.05 4.03 4.00 4.01 4.00 4.00 

asyoulik.txt 6.45 6.25 6.26 6.27 6.27 6.27 6.29 

alice29.tex 6.46 6.29 6.29 6.29 6.29 6.30 6.30 

lcet10.txt 6.78 6.56 6.56 6.57 6.57 6.58 6.59 

plrabn12.txt 6.98 6.59 6.62 6.63 6.64 6.65 6.66 

world192.txt 5.65 5.63 5.61 5.59 5.60 5.59 5.60 

bible.txt 6.50 6.23 6.24 6.24 6.25 6.25 6.26 

wsj20 7.52 7.18 7.19 7.19 7.19 7.20 7.21 

 
Table 5. Zero-order Self Entropy (in bits/symbol) of test files using 

Halfway ranking strategies using different partition sizes. The test 

files are parsed using the implicit-dictionary spaceless-word, and 

after BWT transformation is applied. All values are in bits per 

symbol. 

 

Figure 4 plots the ranking effectiveness of the 

Halfway ranking strategies with different partition 

sizes (from Table 5), together with their total running 

time for both forward and reverse processes. The 

Halfway strategy has been preferred for its ranking 

effectiveness, and combining it with various partition 

sizes produces comparably good effectiveness. 

However, the running time of the combination of 

Halfway and different partition sizes are determined 

by the partition themselves. 

The number of trees determines the execution time, 

and as shown in the Figure 4, the running time of the 

Halfway ranking strategies, ordered from the fastest to 
the slowest, are sseg-H, 175-H, fib-H, 150-H, 125-H, 

and arith-H, each of which has 20, 23, 28, 31, 53, and 

1447 trees, respectively. Unlike the other ranking 

methods which use logn trees, arith-H uses √n trees, 

where n is the maximum number of distinct symbols. 

In word-based model, partitioning the large alphabet 

symbols into this number of trees is asymptotically 

more expensive, and in fact, it produces less effective 

ranking. 

V. CONCLUSION 

 

It is not surprising to find yet another slight 

improvement on ranking effectiveness; and the 

possibility is always open. We conclude the discussion 

by stating the following findings. As suggested by 

several researchers, the use of MTF ranking is not 

compulsory, and any alternative ranking may be used. 

In this paper, various ranking alternatives have been 

explored. The variants can be chosen with several 

options, and each represents a modeling for ranking in 

general. The basic options are the freedom to choose 

any partition sizes, and the freedom to choose a 

promotion strategy. 

Freedom to choose a partition size is very useful. 
For example, by choosing the partition sizes of 

1,1,1,...,1,1, and by using sseg-F strategy, without 

having to implement it, we know that the resulting 

ranking strategy is the exact MTF, but it is very 

expensive. Or, by using any partition sizes and fib-F, 

an exact MTF ranking can also be computed if each 

splay tree is maintained using time stamp mechanism. 

The partition size Fibonacci (fib) surprisingly gives 

very good results in ranking effectiveness, but the 

running time is slower since it uses 28 trees altogether 

(compared to, for example, sseg which uses 20 trees). 

Promotion strategies presented in this chapter can 

still be explored further. For example, by promoting 

an accessed symbol part-way, where “part” can be 

determined to be, for examples, 2/3, or 1/4, etc. These 

are different from fib-H or fib-C. A modified fib-N 

has been experimented, in which if the accessed 

symbol is in T1 or T2 then it is promoted by one tree; 
otherwise, it is promoted by two trees. For the same 

input in Table 5, it achieves ranking effectiveness of 

7.31 bpc, with a slight additional running time.  

Observation on the probability distribution of ranks, 

which result in a more compressible sequence of 

ranks, suggests which kind of partition sizes and 

promotion strategies are worth to be pursued further in  
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Figure 4. Results of Halfway ranking strategies with different 

partition sizes for file WSJ20, parsed with the implicit-dictionary 

spaceless-word mechanism, and then BWT transformed. Time spent 

is reported as the sum of forward and reverse processes, in CPU 

seconds on a 2.4 GHz Intel Pentium 4(Xeon) with 512KB on-die L2 

cache and 1GB RAM running Debian/Linux 2.4. 

 

 

the experiments. The experiments lead to nominate 

fib-H and few selected partition sizes to be used in the 

ranking box of Figure 4 in lossless word-based block-

sorting text compression mechanism. Figure 4 shows 

the trade offs possible when applying Halfway 

ranking strategies with different partition sizes on the 

file wsj20. 

Various ranking strategies with their properties 

have been explored in this paper. Their compression 

effectiveness are measured by calculating the zero-

order self entropy of the sequence of ranks produced 

by different ranking strategies. But the process to 

actually transforms the sequence of ranks into a 

shorter streams of bits has not yet performed. The 
zero-order self entropy only provides the bound to 

which it is attainable, assuming an ideal coder exists. 

In reality, available zero-order entropy coders could 

only approach from above the zero-order self entropy.  
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Abstract--In this paper we report our work on 

polyphonic music information retrieval on 

Indonesian traditional music. We compare the music 

retrieval performance with and without classification 

method. The classification method is based on 

Learning Vector Quantization (LVQ). Mel 

Frequency Cepstral Coefficients (MFCC) feature is 

chosen as text representation of Indonesian music. 

The results show that the performance of music 

information retrieval is better without applying the 

classification technique.  

I.  INTRODUCTION 

Nowadays the distribution of music have been 

growing fast, especially for digital music. Media such as 

CD, internet and computer have been used to save music 

data. Digital music are available in various formats, such 

as MIDI, MP3 and MP4. The popularity of MP3 brings 

attention to music lover because of its simplicity of 

usage. Many digital music players are able to play MP3 

music data. 

Music has different types or genres. Instead of 

modern music, Indonesia has various kind of traditional 

music spreading throughout the country such as 
Javanese music, Balinese music, Sundanese music and 

others. The traditional music uses different traditional 

music instruments, so the music is quiete different   

There are many study have been done in music 

classification and music retrieval. However, there are 

only a few study in Indonesian traditional music 

classification and music retrieval. Marsye and Adriani 

[1] study polyphonic music information retrieval. They 

use Indonesian traditional music in MIDI format. Indah 

and Adriani [9] classify Indonesian music using some 

audio features such as rhythms. 

There are many different approaches to perform 

music retrieval. Foote [2] studies music retrieval based 

on the acoustic similarity.  He creates a system that 

retrieve audio files from a large corpus based on 

similarity to a query audio file. A corpus of audio files 

contains examples of audio classes to be parameterized 
into feature vectors so that they can represent the audio 

files. Then, Foote constructs a tree-based quantizer to 

produce audio template for the training data. This audio 

template aren used in retrieving the music. 

Many studies about music classification and retrieval 

also have been conducted. Nopthaisong and Hasan [2] 

study Thai music classification and information retrieval 

using Learning Vector Quantization (LVQ) and TreeQ. 

They divide Thai music into 5 different genres which are 

country, folk, oldies, pop and rock. They use Mel-

Frequency Cepstral Coefficients (MFCC) as acoustic 

feature to classify the music. 

Pye [3] applies LVQ and Gaussian Mixture Model 

(GMM) algorithms to classify and retrieve the music 

collection. Music data are grouped into 6 music genres 

such are blues, easy listening, classical, opera, dance 

(techno) and indie rock using MFCC and MP3CEP as 

music features. 
This paper considers content-based music 

classification and retrieval using MP3 Indonesian 

traditional music. We classify the traditional music 

according to the areas of origin using Learning Vector 

Quantization (LVQ) method based on the MFCC 

feature. Then we use the classification results for music 

retrieval. 

 

II.  LEARNING VECTOR QUANTIZATION 

Learning Vector Quantization (LVQ) [5] can be 

applied to perform a classification process, for example 

classifying music represented in text form. In this paper, 

Learning Vector Quantization is applied to classify 

Indonesian traditional music based on the origin of the 

music. 

Based on Kohonen [6] work, Learning Vector 

Quantization (LVQ) determines the border between 

classes according to the nearest-neighbour approach. 

The classification accuracy using LVQ method depends 

on: 

 Nearly optimal number of codebook 

vector allocated for each class and the 

initialization value for the codebook vector. 
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 Appropriate learning rate used in the 

classification and proper criteria for stopping of 

training process. 

Codebook vectors are derived from input vector data 

by initialize a codebook vector that has. the same 

dimensions as the input vectors. Codebook vector 

initialization [6] is conducted by choosing a set of initial 

vector values taken from training data in the same time. 

All the taken values have to belong to every 

corresponding class based on the KNN classification 

method. In initialization process, the ideal number of 
codebook vectors should be equal in each class. 

Figure 1 shows an example of one training data used 

in this paper. This data is used in initialization process. 

The LVQ method produces a codebook vector (see 

Figure 2) representing the training data. 

 

Figure 1. Example of training data 

Figure 2. Example of codebook vector 

 

Initialized codebook vector needs to be trained to 

form a data model. There are 4 techniques [5] that can 
be applied to perform the training process. These 

algorithms are LVQ1, LVQ2.1, LVQ3 and OLVQ1. 

There are some differences between LVQ1, LVQ 2.1 

and LVQ3 even though they offer almost similar 

accuracies. In LVQ1 and LVQ3, the codebook vectors 

assume that the values are constant even though the 

training time is extended. In LVQ2.1, a relative distance 

from the codebook vectors to class borders is optimized. 

Whereas, OLVQ1 is a modification of LVQ1 by 

optimizing LVQ1’s learning rate for faster convergence. 

A. Vector Space Model 

The retrieval process is done using the Vector Space 

Model [7]. In the vector space model, the similarity 

between a query and data files is computed using text 

representation of the audio data.  

 

Assume 𝑄   is vector representation of a query and 𝐷    

is vector representation of a document. Where 𝑄   and 𝐷    
defined as: 

 

𝑄   =  [ 𝑄1
      , 𝑄2

      , 𝑄3
     , … , 𝑄𝑁

       ] 
 

𝐷   =  [ 𝐷1
      , 𝐷2 

      , 𝐷3
     , … , 𝐷𝑁

       ] 
 

The vector space model uses cosine similarity [7] to 

measure the similarity beween  a query and a document, 

noted by 𝑆𝑖𝑚 𝑄  ,𝐷    .  𝑆𝑖𝑚 𝑄  ,𝐷     defined as: 

 

𝑆𝑖𝑚 𝑄  ,𝐷    =  
𝑄   . 𝐷   

  𝑄    .   𝐷     
 

 

=  
 𝑁

𝑖=1  𝑄𝑖
     . 𝐷𝑖

    

  𝑄𝑖
2      𝑁

𝑖=1   .    𝐷𝑖
2      𝑁

𝑖=1  

          

B. Retrieval Evaluation 

To evaluate the music retrieval performance, we use 

Mean Reciprocal Rank (MRR) [8] which computes the 

mean of the Reciprocal Rank (RR) for each query. RR 

of a query is computed by taking 1/r where r is the rank 

of a document that is relevant to query. In this paper, 

MRR is computed for each class in each variation of 

similarity measurement result. MRR value range is 

between 0–1, where 1 indicates relevant document for 

each query is in 1
st
 rank of retrieval result and 0 

indicates relevant document for each query is not found 

in the retrieval result.  

III.  EXPERIMENT 

In this study, we use a music collection containing 

Indonesian traditional music. The collection contains of  

instrumental music only. The collection has 4 kinds of 

traditional music categories based on their area of origin. 

The categories are Balinese, Bataknese, Javanese, and 

Sundanese. The collection contains of 120 songs where 

each category has 30 songs. They are all included in the 

training set. 
We also collect different versions (the same songs 

are played by different musicians) of the traditional 

songs. We create the queries by segmenting the music 

collection into some parts that have almost equal length. 

For example, a music file named “Kebyar Lenggong” is 

segmented into 3 parts: “kebyar lenggong-part1”, 

“kebyar lenggong-part2”, and “kebyar lenggong-part3”. 

Then we randomly chosen a segment as a query for each 

song. The test set consists of 127 queries which are 30 

Balinese music, 25 Bataknese music, 25 Javanese music 

and 47 Sundanese music. 
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TABLE 1. LIST OF MFCC FEATURE ELEMENTS 

 

Name Type Note 

MIRToolbox String Name of file 

1_MFCC_Mean_N Numeric 
N = 

1,2,3,…,13 

 

1_MFCC_Std_N Numeric 
N = 

1,2,3,…,13 

1_MFCC_Slope_N Numeric 
N = 

1,2,3,…,13 

1_MFCC_PeriodFreq_N Numeric 
N = 

1,2,3,…,13 

1_MFCC_PeriodAmp_N Numeric 
N = 

1,2,3,…,13 

1_MFCC_PeriodEntropy_N Numeric 
N = 

1,2,3,…,13 

2_Mel-Spectrum_Mean_1 Numeric 
N = 

1,2,3,…,40 

2_Mel-Spectrum_Std_1 Numeric 
N = 

1,2,3,…,40 

2_Mel-Spectrum_Slope_1 Numeric 
N = 

1,2,3,…,40 

2_Mel-
Spectrum_PeriodFreq_1 

Numeric 
N = 

1,2,3,…,40 

2_Mel-
Spectrum_PeriodAmp_1 

Numeric 
N = 

1,2,3,…,40 

2_Mel-
Spectrum_PeriodEntropy_1 

Numeric 
N = 

1,2,3,…,40 

 

 

The audio features are extracted using MIRToolbox [4] 

to get text representation of audio file. The text 

representation is used to classify and retrieve the music. 

We extract Mel-Frequency Cepstral Coefficients 

(MFCC) and Mel-spectrum as the acoustic feature of 

music. Table 1 shows the list of MFCC feature 

elements.  

A. Data Preparation for Classification 

We do a pre-processing step before the classification 

process starts. The pre-processing includes in selecting 

certain channels to extract data features. The channels 

selection is intended to get the best classification result. 

Based on our initial study, the channels that produce 

good results are used whereas others are ignored. Table 

2 shows the chosen channels. 

 

Figure 3. Example of extracted MFCC feature of “tape ubi.mp3” 

B. Classification Using LVQ 

The classification using LVQ needs a file containing 

extracted features from a set of test and training data. 

Labeling is conducted for each row (represent single 

data) in the file. The label is taken from the origin of 

each song which indicates classess used in this 

classification. There are four classess of song origins: 

Balinese, Bataknese, Javanese and Sundanese.  

 

IV. EXPERIMENT RESULTS 

A. Music Retrieval Without Classification Method 

In this experiment, the music retrieval process is done 

by comparing directly each query to all data in the 

collection. If Reciprocal Rank (RR) value is 0, it means 

that the relevant document of certain query is not found 

in 20 top documents, otherwise RR value is not 0. The 

success rate of the music retrieval is 72.44% which 

means 92 queries out of 127 queries retrieve correct 

songs (see Table 3). The Mean Reciprocal Rank (MRR) 

for music retrieval without any classification is 0.5670. 

A. Music Retrieval with Classification Method 

In this experiment, the retrieval process is conducted by 

comparing every query only to the classified songs that 

is closely similar with the query. Table 4 shows detailed 

accuracy result of classification using LVQ. The 

accuracy average of classification using LVQ is 80.31%. 

The percentage of successful retrieval is 63.78% which 

means 81 queries out of 127 queries retrieve relevant 

music. The MRR value for this experiment is 0.5387. 
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Figure 4. The music retrieval process with and without classification 

Table 2 List of chosen MFCC channels 

Name Type Note 

1_MFCC_Mean_N Numeric 
N = 

1,2,3,…,13 

 

1_MFCC_Std_N Numeric 
N = 

1,2,3,…,13 

1_MFCC_Slope_N Numeric 
N = 

1,2,3,…,13 

2_Mel-

Spectrum_Mean_1 
Numeric 

N = 

1,2,3,…,40 

 
The music retrieval without any classification 

produces higher MRR value than with classification. In 

the music retrieval with classification method, there are 

some queries that are misclassified. So it hurts the 

retrieval performance because the queries do not match 

with any relevant document in that class. On the other 

hand in the music retrieval without any classification,  

each query is compared to every music document in the 

collection so there is a greater chance for the query to 

match with the relevant songs. 

 

TABLE 3. MUSIC RETRIEVAL WITHOUT CLASSIFICATION 

 

Retrieval 

Result 

Class Number of Query 

 

Found 

Balinese 26 

Bataknese 22 

Javanese 16 

Sundanese 28 

 

Not found 

Balinese 4 

Bataknese 3 

Javanese 9 

Sundanese 19 

Mean Reciprocal Rank 

(MRR) 

0.5670 

 
 

TABLE 4 THE ACCURACY OF CLASSIFICATION USING LVQ 

 

Number of 

songs 

Class Accuracy 

30 Balinesse 60% 

25 Bataknesse 96% 

25 Javanesse 88% 

47 Sundanesse 80.85% 

Accuracy Average 80.31% 

 
TABLE 5. THE RETRIEVAL PERFORMANCE WITH CLASSIFICATION  

 

Retrieval 

Result 

 

Class Number of Query 

 

Found 

 

Balinese 18 

Bataknese 22 

Javanese 17 

Sundanese 24 

 

Not found 

 

Balinese 4 

Bataknese 8 

Javanese 15 

Sundanese 19 

Mean Reciprocal Rank 

(MRR) 

0.5387 

 

Classified 

Query (text) 

LVQ 

Classification 

Similarity 

Measure 

Queries 

(text) 

Experiment 2 

Result 

Training 

Data (text) 

Experiment 1 
Result 

Similarity 
Measure 

MFCC 

Extraction 

Training 

Data 

Queries 

Pre-processing 
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For some queries that fail to retrieve relevant songs 

either with or without any classification, it is possible 

that the features extracted from queries, as text 

representation, do not represent the music quite well.  

V.  CONCLUSION 

In this study, we report our work on content-based 

music information retrieval with and without 

classification method using Indonesian traditional 

music. We use Mel Frequency Cepstral Coefficients 

(MFCC) as a feature to classify the traditional music 

using LVQ technique. However the retrieval 

performance is better without any classification. In the 

future we will continue our study using larger song 

collection and add more traditional songs from different 

areas in Indonesia and try different features for music 

retrieval.  
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Abstract— Medical data are generally complex 
and have lack of structure. In addition, all features 
inside a record which is obtained from a single 
sensor such as ECG (electrocardiograph) is 
actually highly dependent one another. Naïve 
Bayes (NB) classifier is one of the most effective 
and efficient classification algorithms based on 
applying Bayes' theorem with strong (naïve) 
independence assumption between data elements. 
The elegant simplicity and accuracy of naïve Bayes 
(NB) classifier in many complex real-world 
situations, even when the independence assumption 
is violated, fosters the on-going interest in the 
algorithm. The fact remains, however, that 
probability estimation is less accurate and 
performance degrades when attributes 
independence does not hold. In addition, NB also 
suffers from two other problems: (1) zero  
probabilities of prior and conditional, (2) 
continuous attributes. The first problem is usually 
addressed by correcting the probabilities by adding 
correction constants (Laplace estimate) instead of 
simply by computing relative frequency. Whereas 
the second problem is usually addressed by 
smoothing the probability estimates of each 
attribute. In this study, we examine LOESS 
smoothing of NB in classifying ECG data into 
multinomial categories (apnea, borderline/middle 
apnea, healthy/normal). According to our 
experiment, changing the size of LOESS window 
gives the highest impact compared to changing the 
number of point samples and introducing Laplace 
estimates. This brings the best result for our 
classification system to 79.22% and area under 
ROC curve (AUC) to 0.8778.   

I. INTRODUCTION 

igital revolution has provided relatively 
inexpensive means to collect and store large 
amounts of patient data in databases containing 

rich medical information and made available through 
the Internet for Health services globally. Statistical 
analysis techniques applied on these databases 
discover relationships and patterns that are helpful in 
                                                           

  This work is supported by Competence Research Grant 
University of Indonesia, 2010. 

studying the progression and the management of 
diseases. 

Many computer programs are developed to carry 
out optimal management of data for extraction of 
knowledge or patterns contained in the data. One such 
program approach has been data classification with 
the goal of providing information such as if the patient 
is hardly suffering from an illness, only mildly, or  
healthy or normal.  Particularly, in the medical domain 
high classification accuracy is desirable.  

Based on the theory of Bayesian networks, naïve 
Bayes (NB) is a simple yet consistently performing 
probabilistic model. Although simple in structure and 
based on unrealistic assumptions that all attributes for 
a given class are conditionally independent, NB 
classifier often outperform far more sophisticated 
techniques. In fact, due to its simple structure the NB 
classifier is an especially appealing choice when the 
set of independent variables is large. its effectiveness 
has been proven in wide range of applications such as 
text classification, medical diagnosis and systems 
performance management [1, 2]. 

NB classification is simple and computationally 
efficient. All the probabilities required to build an NB 
classifier can be found in one scan and the model can 
be updated easily. Therefore training is linear in both 
the number of instances and attributes, which is one of 
the great strengths of NB [3, 4]. In addition, since the 
model has the form of a product, it can be converted 
into a sum through the use of logarithms with 
significant consequent computational advantages [5]. 

Although NB can work well in some cases where 
the  attribute independence assumption is violated, but 
the fact remains that probability estimation is less 
accurate and performance degrades when attribute 
independence does not hold. Therefore, many 
techniques have been developed to reduce the 
“naivety” of the NB classifier. Two other important 
problems in NB classifier also need to be addressed, 
namely, zero probabilities and continuous attributes.  

The zero probabilities problem is related to the fact 
that a particular attribute value in the test set may 
never occurs together with a class in the training set. 
This is problematic because it will result in a zero 
probability, which wipes out all the other 

D 
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probabilities. This problem is usually addressed by 
introducing appropriate prior and conditional 
probabilities such as Laplace estimates instead of 
computing the probability only from relative 
frequency.  

The continuous input problem is related to the fact 
that in real life data sets there are both qualitative 
(nominal) and quantitative (numeric) attributes and 
each type has different method to estimate 
probabilities required for NB classification. This 
problem is usually addressed as follows. For a 
quantitative attribute, its probabilities can be estimated 
from corresponding frequencies. For a quantitative 
attribute, either probability density estimation or 
discretization can be employed to estimate its 
probabilities. However, because qualitative data have 
a lower level of measurement scale than quantitative 
data, discretization might suffer information loss. 
Based on this viewpoint, some researchers argue that 
the more continuous attributes used to predict, the 
more information to be lost by pre-discretization. 
Hence, we need to smooth both the nominal dan also 
numeric attributes. 

II. THEORETICAL BACKGROUND 

A. Naive Bayesian Classifier 
Naive bayesian is often being chosen as a classifier 

because it is the asymptotically fastest learning 
algorithm that examines all its training input [5].  It 
also strongly (naively) assumes conditional indepence 
between each data. An advantage of the naive Bayes 
classifier is that it requires a small amount of training 
data to estimate the parameters (means and variances 
of the variables) necessary for classification. Because 
independent variables are assumed, only the variances 
of the variables for each class need to be determined 
and not the entire covariance matrix. 

In classifying objects into several category, we need 
to do a probabilistic approach to find the probability 
distribution of P(A|B), where A is the category class 
and D is the description of the data to be fit in 
corresponding category class [2]. The value of P(A|B) 
was called as aposterior probability, and the aim of 
Bayesian approach is to search the maximum 
aposterior ) w t erty:  value (VMAP hich satisfies his prop

| , , , … ,  
 

(1) 
 
The value of P(A|B) is the probability of event A to 

be occured if given such e formula is 
given below: 

condition B, th

|  
(2) 

 
The Bayesian theorem have the formula as follows: 
 

|
|

 

 

(3) 

where P(A|B) is the aposterior probability, P(A) is the 
prior probability, and P(B|A) is the likelihood or 
conditional probability. 
 Prior probability is the degree of uncertainty which 
can be obtained by predicting one category for some 
objects from data before those objects are being 
classified for real. There are two kinds of priors, the 
informative priors and the uninformative priors. 
Informative prior represents a meaningful definition of 
a variable, while uninformative priors only represents 
a general description of a variable. 
 Likelihood conditional probability represents the 
probability of an event, which has occured before, can 
produce a desired outcome. It also known as the 
degree of independence between two variables. An 
event A is independent to some event B if P(A|B) = 
P(A), or in other words, have the same aposterior and 
prior probability. 
 With the formula of Bayes theorem in equation (3), 
we can rewrite the equa   tion (1) above as follows:

, , , … |
, , … 

 

,  

 

(4) 

 The value of  , , , … |  can be very large 
because events a1, a2, ..., an  have a possibility to 
depend on each other. Naive Bayesian assumes that 
a1, a2, . , a   are mutua ly independent which holds 
[6]: 

.. n l  

, , , … , | |  (5) 

Substituting equation (5) to (4), we got the value of 
maximum aposterior probability value vMAP as 
follows: 

arg |  (6) 

where P(vi) is the probability of an object being 
categorized in category i. 

B. Advantages and Disadvantages 

 Compared to other classifiers, NB requires 
relatively little data for training. It trains very quickly, 
requires little storage space during both training and 
classification, is easy implemented, and do not have 
lot of parameters such as neural networks and support 
vector machine [5, 6].  

Other advantages of NB classifier involve its 
implementation and transparency. NB classification 
takes into account evidence from many attributes to 
make the final prediction and is very transparent; it is 
easily grasped by users like physicians who find that 
probabilistic explanations replicate their way of 
diagnosing [7, 8]. NB is naturally robust to missing 
values since these are simply ignored in computing 
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probabilities and hence have no impact on the final 
decision [5, 9]. In addition to missing values, NB is 
also robust to noise and irrelevant attributes and 
therefore it has attracted much attention from 
researchers [10]. 

Despite these appealing features, the NB classifier 
suffers from over-sensitivity to redundant or irrelevant 
attributes. If two or more attributes are highly 
correlated, they receive too much weight in the final 
decision as to which class an example belongs to. This 
leads to a decline in accuracy of prediction in domains 
with correlated features. Since NB may place too 
much weight on the influence from the two attributes, 
and too little on the other attributes, the NB 
classification can be bias.   

In addition, it is possible that a particular attribute 
value in the test set never occurs together with a class 
in the training set. This is problematic because it will 
result in a zero probability, which wipes out all the 
other probabilities when they are multiplied according 
to (6). A principled solution to this problem is to 
incorporate a small-sample correction into all 
probabilities to avoid zero counts or Laplace estimates 
for determining the prior and conditional probability 
in NB classifier.  

C. Laplace estimate 
We use both relative frequency and Laplace 

distribution to estimate the prior and likelihood 
conditional probability. The relative frequency is the 
number of possible particular event occurences 
divided by the the total number of observations. 
Whereas  the Laplace estimate is computed as follows. 
 If nijk is the number of instances that have both class 
ci and attribute value ajk. Let ni is the number of 
instances with class ci, and nj is the number of values 
of attribute Aj then the follow g  he corrected 
estimate: 

, in is t

 

 

(7) 

Where f is a multiplicative factor, which is 
commonly set to f=1/n, where n is the total number of 
training instances. 

D. Locally Weighted Scatterplot Smoothing (LOESS) 
In real life data sets there are both qualitative 

(nominal) and quantitative (numeric) attributes and 
each type has different method to estimate 
probabilities required for NB classification.  Widely 
accepted solution for this problem is as follows. For a 
quantitative attribute, its probabilities can be estimated 
from corresponding frequencies. For a quantitative 
attribute, either probability density estimation or 
discretization can be employed to estimate its 
probabilities. However, because qualitative data have 
a lower level of measurement scale than quantitative 
data, discretization might suffer information loss. 

Based on this viewpoint, some researchers argue that 
the more continuous attributes used to predict, the 
more information to be lost by pre-discretization. 
Hence, we need to smooth both the nominal dan also 
numeric attributes. 

LOESS local regression is one of the non-parametric 
technique for representing a relationship between two 
variables without knowing the early function 
representation. We perform a low-degree polynomial 
fitting at each point in dataset with weighted least 
squares method. We compute estimation of gradient 
and the interception point of that equation by using the 
formula of weighted least square, which is given as 
follows: 

 

 
(8) 

 
The process of smoothing is given as follows: 

1. Define the size of LOESS window and move the 
window along x-axis to compute the fitted value at 
each position of the window. 

2. Predict the lower degree polynomial at each target 
point xi by using only part of the sample. 

3. Assign the weight for each point by using tricubic 
function, which has  as follows:  formula as given

1 || ||
 

|| ||  

if ||a‐ai|| < max Si ||a‐ai|| 

(9) 

 
Tricubic function give bigger value of w(x) to the 
points near xi.  

This method will terminate after every points have 
its regression function values, which computed by 
evaluating the low-degree polynomial by the use of 
each points’ explanatory variable value. Local 
polynomial of each points have a first or second 
degree. LOESS did not use higher degree polynomials 
because it may cause overfitting and high 
computational cost. 

III. HIGHLY DEPENDENT MEDICAL DATA 

A. Sleep Apnea 
Apnea  (greek: απνοια, “want of breath”) sleep 

disorder is a pause in breathing for at least 20 seconds 
or more. People with this kind of disorder will have a 
breathing difficulty and desaturation of blood oxygen. 
There are two kinds of apnea, the obstructive sleep 
apnea (OSA), and central sleep apnea (CSA) [1-3].  

People with OSA has the symptoms include 
snoring, experiencing a non-profound sleep, daytime 
sleepiness, obesity, headaches, outgrown tonsils, and 
mood instability. This may leads to the risk of stroke, 
high blood pressure, diabetes, cardiovascular disease, 
and heart attack. 
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Fig. 1.  The illustration of OSA. Airway was blocked with the wall 
of tissue, causing cessation of breathing during sleep (Source of 
image: http:// mysleepapneatest.com) 

 
People with CSA have such condition which causes 

the loss of respiratory effort during sleep [1]. This 
condition was caused by the unbalanced brain 
respiratory controls during sleep. The breathing rate is 
not as periodic as another normal people who have not 
had a CSA because the respiratory controls failed to 
give the proper signal to inhale and exhale. CSA will 
caused a rapid decreasing of blood oxygen level due 
to improper breathing. 

B. Highly Dependent Data 
We use 21190 data which consist of computed ECG 

features as follows [1]: 
• Mean of RR-interval, 
• Standard deviation RR-interval, 
• The NN50 measure (variant 1), defined as the 

number of pairs of adjacent RR-intervals where the 
first RR-interval exceeds the second RR-interval 
by more than 50 ms, 

• NN50 measure (variant 2), defined as the number 
of pairs of adjacent RR-intervals where the second 
RR-interval exceeds the first RR-interval by more 
than 50 ms, 

• Two pNN50 measures, defined as each NN50 
measure divided by the total number of RR-
intervals, 

• The SDSD measures, defined as the standard 
deviation of the differences between adjacent RR-
intervals, 

• RMSSD measure, defined as the square root of the 
mean of the sum of the squares of differences 
between adjacent RR-intervals, 

• Median of RR-interval, 
• Inter-quartile range, defined as difference between 

75th and 25th percentiles of the RR-interval value 
distribution, 

• Mean absolute deviation values, defined as mean 
of absolute values obtained by the subtraction of 
the mean RR-interval values from all the RR-
interval values in an epoch 

The data consists of 16907 training data and 4283 
testing data obtained from PhysioNet. Each data is a 
chunked record of 1 minutes from 4~8 hours sleep 

sampled at 100 Hz. The training data are annotated by 
medical experts without knowing the medical record 
of the patient. The training data are labeled into A 
class (heavy apnea), B class (middle apnea), and C 
class (normal/health). A category data are drawn from 
20 persons sufferring heavy apnea, where as B 
category are from 5 persons suffering borderline/ 
middle apnea, and C category are from 10 healthy 
persons. The training data are drawn from unknown 
persons, categorized as X. Since all the data is 
obtained from a single sensor, i.e., ECG sensor, all 
features inside single data is actually highly dependent 
one another. 

IV. EXPERIMENT RESULTS 
 To analyze how the NB classifier performs on our 
ECG data, we conducted 3 experimets: one to measure 
the alleviation of zero probability problem and the two 
other is to measure the alleviation of continous 
attributes problem. The first experiments measures the 
effect of changing prior and conditional probabilities 
from simple relative frequency count to Laplace 
estimate correction. The second experiment  measures 
the effect of changing the number of points sample in 
LOESS. Whereas the third experiment measures the 
effect of changing the LOESS window size.  
 The classification result are measured as 
Classification Accuracy (CA) and area under ROC 
curve (AUC). While the CA measures the ability of 
classifier to recognize a pattern (the range is 0% up to 
100%), the AUC measures how the classifier performs 
to false-positive and false negative input (the range is 
0.0 to 1.0). AUC=1.0 means no false positive or false 
negative classified by NB.  

A. The effect of Laplace estimate 
 We measure how changing the prior and 
conditional probabilities from relative frequency to 
Laplace estimate affects the classifier for fixed 
LOESS parameters (fixed window size and number of 
samples). First we observe how if we change the prior 
probability from relative frequency to Laplace. The 
result can be viewed in Table 1 and 2. 
 From Table 1, we see that Laplace estimate 
correction on prior probability has little impact on 
improving the system. In average, the increase on 
classification accuracy is only 1.13% while the increas 
on AUC is only 0.0023. And, from Table 2, we see 
that Laplace estimate correction on conditional 
probability has actually negative impact on 
classification accuracy. In average the increase on 
classification accuracy is -0.095% while the AUC 
increase is only 0.034. 
 Hence from the first experiment, we conclude that 
introducing Laplace correction either has little or 
negative impact on our data.  
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TABLE 1 
CLASSIFICATION RESULTS AFTER CORRECTING PRIOR FROM 

RELATIVE FREQUENCY (RF) TO LAPLACE (L) 
LOESS    

WS 
LOESS   

NS Prior Cond. CA AUC 

0.25 75 RF RF 65.22% 0.7439
0.25 75 L R  F

∆ 
65.36% 0.7439 

   0.14% 0.0000 

0.50 75 RF R  F
F

∆ 

66.31% 0.7372 
0.50 75 L R  66.29% 0.7370 

   -0.02% -
0.75 75 RF R  F

F
∆ 

66.31% 0.7372 
0.75 75 L R  67.75% 0.7452 

   1.44% 0.0080 
0.25 100 RF R  F

F
∆ 

66.31% 0.7372 
0.25 100 L R  65.35% 0.7438 

   -0.96% 0.0066 
0.50 100 RF R  F

F
∆ 

78.96% 0.8725 
0.50 100 L R  79.01% 0.8721 

   0.05% -
0.75 100 RF R  F

F
∆ 

79.19% 0.8778 
0.75 100 L R  79.22% 0.8778 

   0.03% 0.0000 

   avg ∆ 1.13% 0.0023 
  

 
TABLE 2 

CLASSIFICATION RESULTS AFTER CORRECTING CONDITIONAL FROM 
RELATIVE FREQUENCY (RF) TO LAPLACE (L) 

LOESS    
WS 

LOESS   
NS Prior Cond. CA AUC 

0.25 75 RF R  F 65.22% 0.7439
0.25 75 RF L

∆ 
 65.22% 0.7439 

   0.00% 0.0000 
0.50 75 RF R  F

L
∆ 

66.31% 0.7372 
0.50 75 RF  65.22% 0.7370 

   -1.09% -
0.75 75 RF R  F

L
∆ 

66.31% 0.7372 
0.75 75 RF  67.75% 0.7452 

   1.40% 0.0080 
0.25 100 RF R  F

L
∆ 

66.31% 0.7372 
0.25 100 RF  65.35% 0.7438 

   -0.96% 0.0066 
0.50 100 RF R  F

L
∆ 

78.96% 0.8725 
0.50 100 RF  79.01% 0.8721 

   0.05% -
0.75 100 RF R  F

L
79.19% 0.8778 

0.75 100 RF  79.22% 0.8778 
   ∆ 0.03% 0.0000 

   avg ∆ -0.095% 0.0034 

  

B. The effect of LOESS Number of Samples 
 In our second experiment, we varying the LOESS 
number of samples for fixed window sizes. The result 
is shown in Table 3. On top of the table we put the 
classification result when LOESS number of samples 
and window size are 0, i.e., no LOESS smoothing 
case, as reference from our observation (but is not 
included in our calculation). We can see that  overall 
gain obtained by increasing the number of point 
samples in LOESS is about 2.31%. The AUC increase 
is 0.0222. 

 
TABLE 3 

CLASSIFICATION RESULTS AFTER INCREASING THE LOESS N 
SAMPLES. 

(RF: RELATIVE FREQUENCY, L:LAPLACE) 
LOESS    

WS 
LOESS   

NS Prior Cond. CA AUC 

0 0 RF RF 64.63% 0.7251
     

0.25 75 RF RF 65.22% 0.7439
0.25 100 RF RF 

 

avg ∆ 

66.31% 0.7372 
0.25 150 RF RF 66.31% 0.7372 

   0.54% -
0.50 75 RF RF 66.31% 0.7372
0.50 100 RF RF 

 

avg ∆ 

78.96% 0.8725 
0.50 150 RF RF 66.24% 0.7369 

   -0.03% -
0.75 75 RF RF 66.31% 0.7372
0.75 100 RF RF 

 

avg ∆ 

79.19% 0.8778 
0.75 150 RF RF 79.16% 0.8777 

   6.43% 0.0702 

   Gain 2.31% 0.0222 

  

C. The effect of LOESS Window Size 
 In our third experiment, we varying the LOESS 
window size for fixed number of samples. The result 
is shown in Table 4. On top of the table we also put 
the classification result when LOESS number of 
samples and window size are 0, i.e., no LOESS 
smoothing case. We can see that overall gain obtained 
by increasing the window size in LOESS is about 
4.47%. The AUC increase is only 0.0457. 
 

TABLE 4 
CLASSIFICATION RESULTS AFTER INCREASING LOESS WINDOW 

SIZE 
(RF: RELATIVE FREQUENCY, L:LAPLACE) 

LOESS    
WS 

LOESS   
NS Prior Cond. CA AUC 

0 0 RF RF 64.63% 0.7251 
      

0.25 75 RF RF 65.22% 0.7439 
0.50 75 RF RF 

 

avg ∆ 

66.31% 0.7372 
0.75 75 RF RF 66.31% 0.7372 

   0.54% -
0.25 100 RF RF 66.31% 0.7372
0.50 100 RF RF 

 

avg ∆ 

78.96% 0.8725 
0.75 100 RF RF 79.19% 0.8778 

   6.44% 0.0703 
0.25 150 RF RF 66.31% 0.7372
0.50 150 RF RF 

 

avg ∆ 

79.19% 0.7369 
0.75 150 RF RF 79.16% 0.8777 

   6.43% 0.0702 

   Gain 4.47% 0.0457 

V.    CONCLUSION AND FUTURE WORKS 
From our experiments we conclude that varying the 

LOESS window size has the most significant impact 
that gives increase or gain on classification accuracy 
for 4.47% and AUC increase 0.0475. The increase of 
4.47% where highly critical decision such as for many 
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medical application is worth. The best classification 
accuracy is 79.22% and the best ACU is 0.8778. This 
is obtained by 0.75 window size, 100 number of 
samples of LOESS, and set the Laplace correction on 
Prio probability.  
 We also performed the confusion matrix analysis 
the best experimental result. The correctly classified 
category accuracy is given on the diagonal of the 
matrix. From the confusion matrix, we can infer that 
the most difficult problem to be solved in this work is 
to detect the moderate apnea patient (B) which is 
located on the gray area between the apnea (A) and 
healthy patient (N). This result means that B pattern is 
closedly related simultaneously to the A and N 
categories.  This fact is also caused by the fact that the 
B category has the fewest number of records; 5 
persons compared to 20 persons for class A and 10 
persons for class N.  
 

Co
rr
ec
t 
  

 

      P tion redic
  A B N 
A 71.7% 0.5% 27.8% 
B 39.3% 28.2% 32.5% 

84.9% N 14.2% 0.9% 
 
Fig. 2.  Confusion matrix of the best parameter combination of 
Naive Bayesian classification in this work. 
 

Currently, with the information available on the 
Internet, it is possible to acquire data sets (pools) of 
virtually unlimited sizes. We noted that the Naive 
Bayes Classifier is reasonably effective to learn on a 
complicated decision using only limited training set. 
Such classifier is a good candidate to be used in our 
future works to make an online incremental learning 
services of automatic apnea detection.   
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Abstract—Type of arrhythmia through classification
process has been determined using a computerized sys-
tem. Arrhythmia or Cardiac Arrhythmia is one of heart
disease type that can be diagnosed by a standard electro-
cardiogram (ECG). By means of an electrocardiogram,
doctors can analyze the electrical activity of the heart
and determine the type of arrhythmia currently suffered.
Computerized process is divided into three steps: data
preprocessing, feature extraction and classification. In
preprocessing step, beat by beat signal is cut using
pivot R peak. Wavelet algorithm is applied for feature
extraction and selection. ECG signal is then classified
into six classes: fVN, LBBB, NOR, RBBB, PVC, APC
by using two algorithms, i.e. Back-Propagation and
Fuzzy Neuro Learning Vector Quantization (FNLVQ).
10-Hold-Out Cross Validation was applied to verify the
system. First experiment shows that the best number
of features is 86 by considering the computational cost
and classification result. Second experiment shows that
various cross validation schemes produce an average
accuracy of 87.15% and 99.57% for Back-Propagation
and FNLVQ respectively.

Index Terms—ECG, Electrocardiogram, Arrhythmia,
FNLVQ, back-propagation, wavelet transforms, k-hold-
out cross validation, physionet, MIT-BIH.

I. INTRODUCTION

Arrhythmia or Cardiac Arrhythmia is an abnormal
heart rhythm or irregular heartbeat. It is one of heart
disease type. In an arrhythmia, the heartbeat maybe
too slow, too rapid, too irregular or too early. Some
patients are unaware from that kind of conditions,
whereas some others have complaints of symptom
including palpitations, a feeling or vibration heart
leap, dizziness, shortness of breath or chest pain.
Some normal people also have the same feeling like
palpitations, but they are not arrhythmia. Therefore it
is not enough to diagnose arrhythmia only from that
kind of symptom.

There are several techniques can be used to diagnose
arrhythmias including a standard electrocardiogram
(ECG) , Blood and urine tests, Holter Monitoring,
electro-physiology studies (EPS), Event Recorder, an
echo-cardiogram, Chest X-Ray, Tilt-table test ([1][2]).
Using ECG is a common and the best way for diagnos-
ing arrhythmias. Doctors analyze the electrical activity
of heart through ECG signal and determine occurrence
of arrhythmias. In this research, we will study on how
to determine the type of arrhythmia based on the ECG

signal. Instead of using manual way using specific
expertise like doctors, we use computerize technique
based on the pattern contained in the ECG signal.

Various study have been done already for clas-
sification of various arrhytmias. There are a lot of
works applying artifical neural network (ANN) and
it’s variant as a detection method ([3],[4],[5]) and
some of them are combining wavelet transform (WT)
or Principal Component Analysis (PCA) or Fuzzy C-
Mean (FCM) with ANN or LVQ-NN for classifing the
signal([6],[7],[8],[9]), and applying bayesian frame-
work [10]. There also researcher applying fuzzy the-
ory on arrhytmia detection([11],[12],[6],[13]). Some
of them also applying Support Vector Machine as a
classifier ([14],[15]) and combining with Genetic Al-
gorithm, like Nasiri doing [16] or combining with Par-
ticle Swarm Optimization (PSO) like Melgani works
[17]. Ghongade et.al make a comparation for many
feature extraction method like DFT, PCA, DWT, Mor-
phological based and integrating it with ANN classifier
[18]. Philip et.al studies the arrhythmia classification
using AAMI standard and apply the morphological
feature using linier discriminant (LD) [19].

In this study, we will utilize back-propagation NN
and Fuzzy Neuro Learning Vector Quantization (FN-
LVQ) as our classifier and make some comparation at
the end. To support this study, we use MIT-BIH ar-
rhythmia database provided online [20] as our dataset.

This paper is organized as follows. In section II, we
describe preprocessing technique to extract signal in
beat basis. Discrete wavelet transformation is used to
extract the feature contain in each beat signal in section
III. Each beat will be grouped according to the wave
pattern that we already define through classification
which will be discussed in section IV and section
V&VI contain the result and conclusions of this paper
and future plans of our study.

II. DATA PREPROCESSING

In this research, we use MIT-BIH arrhythmia
database from physionet [20]. This database contains
48 recordings from 47 subjects studied by the BIH
Arrhythmia Laboratory between 1975 and 1979. Each
record contains two 30-min ECG lead signal, mostly
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MLII lead and lead V1/V2/V4/V5. The frequency of
the ECG data was 360Hz.

For this research, we only use the MLII lead as our
source data. the groups/classes that we will to consider
in this research are Fusion of ventricular and normal
beat (fVN), Left Bundle Branch Block beat (LBBB),
normal beat (NOR), right bundle branch block beat
(RBBB), premature ventricular contraction (PVC) and
atrial premature contraction (APC).

In this step, the continuous ECG signals will be
transform into individual ECG beats. We approximate
the width of individual beat to 300 sample data and
the extracted beat is centered around R peak. For
this purpose we utilize the annotation provided by the
database to do the transformation. We use the R peak
annotation as the pivot point for each beat. For each
R-peak, we cutoff the continuous signal for each beat
start at R-150 pos until R+149 pos, as you can see in
Fig.1, therefore we will get a beat with 300 sample
data in width.

Fig. 1: cutoff technique used in this trasnformation
process.

III. FEATURE EXTRACTION

As part of the pattern recognition system, feature
is an important part to make the classification process
work well. Good feature will lead the process to the
better result as expected, but if the feature is not
appropriate, it will yield to negative result. There are
many way to do a feature extraction process, in this
step, we use discrete wavelet transformation to extract
the feature contain in the individual signal beat. The
Wavelet Transform (WT) of a signal f (x) is define as:

Wsf(x) = f(x) ∗ Ψs(x) =
1

s

∫ +∞

−∞
f(t)Ψ(

x− t

s
)dt (1)

where s is scale factor, Ψs(x) =
1
s
Ψ(
x

s
) is the

dilation of a basic wavelet Ψ(x) by the scale factor
s. Let s = 2j (j ∈ Z,Z is the integral set), then the WT
is called dyadic WT [21]. The dyadic WT of a digital
signal f(n) can be calculated with Mallat algorithm
as follows:

S2jf(n) =
∑

k∈ Z

hkS2j−1f(n− 2j−1k) (2)

W2jf(n) =
∑

k∈ Z

gkS2j−1f(n− 2j−1k) (3)

where S2j , is smoothing operator, S2jf(n) = aj . aj

is the low frequency coeficients that is approximation
of original signal while W2jf(n) = dj , dj is high
frequency coeficients that is the detail of original
signals [22].

In wavelet theory, selecting the appropriate mother
wavelet and the number of decomposition level is an
importance part. The proper selection aims to retain the
important part of information and still remain in the
wavelet coefficients. The Mother wavelet that we used
in this research is one member of the Daubechies fam-
ilies : Daubechies order 8, adapted from the Senhadji
research [28], who concluded that the Daubechies
wavelet provide the best performance. through out this
research, we will try to decompose our individual beats
data from level 1 until level 5. Thus, the individual beat
will be decomposed into details d1 · · · d5, and one of
the approximation a1 · · · a5, depend on the level we
chose.

In all the information generated after the decom-
position process, forexample, decomposition at level
4, namely a4, d1 · · · d4, then we chose the proper
coefficient that represent the signal well. For each
individual beat, the detail d1 is usually noise signals
and have to eliminated and the d2, d3, d4 represent
the high frequency coefficient of the Signal. Since a4

represent the approximation of the signal, it is mean
that it is contain the main feature of the signal, then
we chosen a4 as a feature for each individual beat.
For each individual beat, we have 300 sample data,
after the decomposition using wavelet db8 level 4,
we have got a4 contains 32 points, as we can see in
Fig.2(a) show the original signal of RBBB type beat,
and Fig.2(b) show the wavelet coefficient of that signal
after decomposition, one is for level 4.

IV. CLASSIFICATION TECHNIQUE

A. Back Propagation

Back propagation, or propagation of error, is a
common method in artificial neural networks. It firstly
described by Arthur E. Bryson and Yu-Chi Ho in 1969.
Since 1986, through the work of David E. Rumelhart,
Geoffrey E. Hinton and Ronald J. Williams, it gained
recognition, and it lead to a renaissance in the field of
artificial neural network research.

It is a supervised learning method, and is an im-
plementation of the Delta rule. It requires a teacher
that knows, or can calculate, the desired output for any
given input. It is most useful for feed-forward networks
(networks that have no feedback, or simply, that have
no connections that loop). The term is an abbreviation
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Fig. 2: (a) RBBB Original Signal, 300 sample data,
(b) Wavelet Coeficient RBBB after each level of
decomposition using db8, level 1-157 point, level 2-
86 point, level 3-50 point and level 4-32 point (left to
right respectifully)

for ”backwards propagation of errors”. Back propaga-
tion requires that the activation function used by the
artificial neurons (or ”nodes”) is differentiable [27].

This method consists of two phases: taken from the
feed forward perceptron and back propagation phase
errors. One of the things that distinguish between
back propagation with perceptron is on their network
architecture. Perceptron has a single-layer perceptron
network but back propagation have multiple layers of
coating, which is a neural network layer lots (MLP)
with one hidden layer.

The steps in the process of back propagation method
of neural networks is as follows:

1) Feed forward process:
• Determining the value of inputs in the input layer.

The value at each input node is obtained from
the value of each pixel in the image will be
recognized.Determining the value of the input to
hidden layer nodes.

• The value input to each hidden node is obtained
by summing weight input signal.Determining the
value of hidden layer nodes. Each hidden node
value is obtained by using the activation function.

• Determining the value of input to output layer
nodes.

• The value input to each output node is obtained
by summing the weight input signal of hidden
nodes.

• Determining the value of output layer nodes.
Each node output value is obtained by using its
activation function.

2) The process of back propagation of error:
• Knowing the value weighted error between the

output layer to hidden layer. The value of error
in this section is used to calculate the correction
value of weights and bias between hidden layer
and output layer.

• Knowing the value of error weights between the
hidden layer to input layer. The value of error
in this section is used to calculate the correction
value of weights and biases between the input
layer and hidden layer.

• Change the value of each weight and bias. The
value of each weight is updated by summing the
weight of the old value with the value of the
correction weights

B. Fuzzy Neuro Learning Vector Quantization (FN-
LVQ)

FNLVQ derived from LVQ and extend it using
fuzzy theory. In this method, activation of neuron
is expressed in terms of fuzzy number for dealing
with the fuzziness caused by statistical measurement
error. Fuzzification of all components of the reference
and the input vectors is done through a normalized
triangular fuzzy numbers process; with the maximum
membership, the value is equal to 1. A normalized
triangular fuzzy number is designated as [25], [26] :

F = (f, f1, fr) (4)

Where f the center-peak position of F , fl left part
fuzziness and fr right part one. Fuzziness is expressed
by the skirt width of the membership function. For
ECG hearth beat signal, we get membership function
by grouping the train data into five groups, then we
get minimum column value for fl , mean column
value for f and maximum column for fr. Triangular
fuzzy numbers is shown at Figure 3 Triangular fuzzy
numbers present fuzzy membership function, with the
value of membership function of f is 1 and 0 for fl

and fr.

Fig. 3: Triangular fuzzy member
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Fuzzy similarity calculated by using max-min oper-
ation over its input and the reference vectors modifies
the concept of Euclidean distance in the conventional
LVQ. It is caused the neuron of FNLVQ deals directly
with a fuzzy quantity. As a consequence, the network
architecture should also be modified to accommodate
the max-min operation of the two vectors [26].

Same as the neural network, the architectural of
FNLVQ consists of three layer which is one input
layer, one cluster layer and one output layer. Neurons
in the input layer are connected to a cluster-of-neurons
in the cluster / hidden layer. Cluster layer is grouped
according to the ECG signal classification, while each
cluster is composed of neurons corresponding to each
of the inputs. Each cluster has a fuzzy codebook vector
as a reference vector for its known-classification that
should be represented.

When an input vector is fetched to the neural
system, each cluster performs the similarity calculation
of fuzziness between input vector and the reference
vector through max operation. Output of each cluster
is then propagated to output neuron that performs
the minimum operation. Output neuron that has the
maximum similarity value is then determined as the
winning-reference vector. It is easy to notice that
fuzziness of the input vector depend on the statisti-
cal distribution of the input data, while fuzziness of
the reference vector is adaptively determined during
learning process.

Let vector x(t) denote an input vector in an n-
dimensional sample space with T as the known-target
classification, that can be expressed by:

x(t) = (x1(t), x2(t), ..., xn(t)) (5)

Where n number of features, t denotes the time in-
stance, and x1 is a normalized triangular fuzzy number
of the features 1 (see Fig.3). The membership function
of x(t) can be expressed by:

hx(t) = (hx1(t), hx2(t), ..., hxn(t)) (6)

Suppose the fuzzy reference vector for classification i
is wi that can be expressed by:

wi(t) = (wi1(t), wi2(t), ..., win(t)) (7)

And the membership functions of wi can be expressed
by:

hwi(t) = (hwi1(t), hwi2(t), ..., hwin(t)) (8)

Each cluster in the hidden layer then determines the
similarity between the two vectors by calculating the
fuzzy similarity µi(t) between fuzzy number of x(t)
and WI(t) for all of the axial components through a
max operation, defined by:

µi(t) = max(hx(t), hwi(t)) (9)

Where i = 1,2, . . ., m number of the ECG classes.
Neuron in the output layer received the fuzzy simi-

larity µi from hidden layer, and, as in LVQ, determines
the minimum one among all the axial similarity com-
ponents by,

µ(t) = min(µi(t)) (10)

Which is the output from the ith output neuron. The
winning-neuron of the output layer is determined by
which its µ(t) is maximum, and the reference vector
of the cluster of neurons in the hidden layer which
corresponds to that winning-neurons could also be
determined. When the winning-neuron has a similarity
value of µ(t) is one, the reference vector and the input
vector exactly resemble; while if the µ(t) is zero, the
reference vector and the input vector do not resemble
at all.

Learning in FLVQ is accomplished by presenting a
sequence of learning vector with its known classifi-
cation, and the similarity value between the learning
vector and the reference vectors for all classifications
are calculated. After the winning-neuron and its cluster
of neurons in the hidden layer could be determined,
both the winning and the non-winning reference vec-
tors are updated repeatedly for reducing the difference
between the output and the target. During learning,
two steps of updating procedure are done. The first
step is done, by shifting the central position of the
fuzzy reference vector toward, or moving away from,
the input vector. The second step is called fuzzi-
ness modification, which is done by increasing or
decreasing the fuzziness of the reference vector. The
purpose of this fuzzy modification is to increase the
possibility of making intersect between an input vector
and the winning-reference vector, which in turn will
increase the similarity value between those vectors. We
developed two types of this fuzziness modification; the
first is by multiplying the fuzziness with a constant
factor [25], while the second is by multiplying it with
a variable factor [25], [26].

By using these procedures, FLVQ has three cases
that are possibly occurred; the first is when the network
outputs the right answer, and the second is when the
network outputs the wrong answer, while the third
is when the reference and the output vector has no
intersection of their fuzziness. For the first case, when
the network outputs the category of the learning vector
Cx is the same as the target category T, the reference
vector of the winning cluster is updated according to
[25]:

Step 1. The central position of the reference vector
is shifted toward the input vector

wi(t+ 1) = wi(t) + α(t)(1 − µi(t)) ∗ (x(t) − wi(t))
(11)

Step 2. Increase the fuzziness of the reference vector
for the next learning steps:

• Modification by constant factor

fl(t+ 1) = fl(t) − (1 + β) ∗ f(t) − fl(t) (12)

fr(t+ 1) = fr(t) + (1 + β) ∗ fr(t) − f(t)

f(t+ 1) = wi(t+ 1)
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• Modification by a variable factor

fl(t+ 1) = fl(t) − (1 − µ) ∗ (1 + η) ∗ f(t) − fl(t)
(13)

fr(t+ 1) = fr(t) + (1 − µ) ∗ (1 + η) ∗ fr(t) − f(t)

f(t+ 1) = wi(t+ 1)

For the second case, when the network outputs the
category of the learning vector Cx that is not the same
as the target-category T, the reference vector of the
winning cluster should be moved away, and is updated
according to:

Step 1. The reference vector is shifted away from
the input vector

wi(t+ 1) = wi(t) − α(t)(1 − µi(t)) ∗ (x(t) − wi(t))
(14)

Step 2. Decrease the fuzziness of the reference
vector for the next learning step:

• Modification by constant factor

fl(t+ 1) = fl(t) + (1 + γ) ∗ f(t) − fl(t) (15)

fr(t+ 1) = fr(t) − (1 + γ) ∗ fr(t) − f(t)

f(t+ 1) = wi(t+ 1)

• Modification by a variable factor

fl(t+ 1) = fl(t) + (1 − µ) ∗ (1 − κ) ∗ f(t) − fl(t)
(16)

fr(t+ 1) = fr(t) − (1 − µ) ∗ (1 − κ) ∗ fr(t) − f(t)

f(t+ 1) = wi(t+ 1)

For the third case, when the reference vector and the
input vector has no intersection of their fuzziness, the
fuzziness of the reference vector is updated in order to
have the possibility of being crossed the input vector,
according to:

wi(t+ 1) = ξ(t) ∗ (wi(t) (17)

The nomenclature we use is as follows:
wi(t+ 1) = the winner reference vector after being

shifted wi(t) = the winner reference vector before
being shifted α(t) = learning rate, a monotonically
decreasing scalar gain factor (0 < α ≤ 1)), that is
defined as:

α(t+ 1) = 0.9999α(t) (18)

α(0) = 0.05

β, γ = constant value of increasing or decreasing the
fuzziness within interval of [0,1] η, κ = variable value
of increasing or decreasing the fuzziness through

η(t+ 1) = 1/1001 − α(t+ 1) (19)

κ(t+ 1) = 1 − α(t+ 1)

ξ = constant value of 1.1

C. Performance Evaluation

The performance evaluation of the classification
algorithm are evaluated using classification accuracy.
The accuracy of ECG classifier is defined as:

Accuracy =
nC

N
(20)

where are nC = Number of beats correctly classified,
and N = the Total number of beats tested.

V. RESULT & DISCUSSION

The experiment was performed using MIT-BIH ar-
rhythmia database from physionet[20]. After we do the
transformation process,as in section II, we have groups
of individual beats as follows; 798 beats for fVN, 1000
beats for LBBB, 1000 beats for RBBB, 1000 beats for
NOR, 1000 beats for PVC and 1000 beats for APC,
contain 300 sample each as a raw feature for the signal.

Then we apply decomposition on the raw feature
(300 sample) using wavelet transform with Daubechies
order 8 (db8) in any level started from level 1 until
level 5. As describe in section III, we will using the
approximation part of the decomposition result. Each
decomposition generate different number of coefficient
depend on the level. level 1 generate 157 coefficients
on a1, level 2 generate 86 coefficients on a2, level
3 generate 50 coefficients on a3, level 4 generate 32
coefficients on a4, and level 5 generate 23 coefficients
on a5.

The studies proposed here are to clasify the dataset
using back-propagation neural network and Fuzzy
neuro learning vector quantization (FNLVQ). After
passing a series of tests, we configure the training
parameter of back-propagation neural network as fol-
lows : epoch = 100, α = 0.075 using 28 hidden layer.
And For the FNLVQ training parameter as follows :
epoch = 100, cluster = 5, α = 0.075.

We did our experiments in two stages. The first stage
is to find the best number of features that can produce
the best classification among the dataset. In this stage,
we do 10-Hold-Out Cross validation [29], its mean 10
times of experiments for each group of feature number
including the original one(300, 157, 86, 50, 32, 23).
our experiments involving the dataset ratio 50:50 as
train and test data. Classification result on this stage
can be seen on table I for FNLVQ and table II for
Back-Propagation.

As we can see on table I and table II, the best ac-
curacy for both Back-Propagation and FNLVQ are on
300 feature and that is the original feature. Considering
the computational cost, it is mean comparing between
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TABLE I: FNLVQ experiment on stage 1

Experiment number of features
300 157 86 50 32 23

1 99.7 99.6 99.7 99.6 99.8 99.7
2 99.7 99.6 99.7 99.7 99.7 99.6
3 99.8 99.6 99.7 99.7 99.6 99.6
4 99.8 99.8 99.5 99.5 99.5 99.8
5 99.8 99.7 99.6 99.5 99.6 99.8
6 99.6 99.7 99.8 99.5 99.6 99.8
7 99.7 99.7 99.7 99.7 99.7 99.2
8 99.8 99.7 99.7 99.8 99.3 99.7
9 99.7 99.8 99.6 99.7 99.7 99.6
10 99.7 99.6 99.6 99.6 99.6 99.7

average 99.73 99.68 99.66 99.65 99.61 99.55

TABLE II: Backpropagation experiment on stage 1

Experiment number of features
300 157 86 50 32 23

1 92.2 90.3 90.4 63.2 82.3 70.2
2 93.8 89.2 89.9 91.4 84.5 70.9
3 87.2 92.0 88.4 90.8 86.1 77.4
4 93.2 92.7 87.2 90.9 75.2 78.4
5 92.3 91.9 90.3 90.8 80.6 74.1
6 92.6 91.8 90.9 37.1 83.9 71.00
7 92.1 91.6 89.2 91.9 78.6 57.3
8 92.7 90.0 90.4 87.4 79.5 77.9
9 92.6 85.7 85.4 92.0 83.6 63.9
10 93.1 91.1 84.6 86.5 86.3 62.8

average 92.19 90.64 88.66 82.19 82.07 70.39

Fig. 4: Histogram between Backpropagation and FN-
LVQ.

the result of decomposition feature, the table show that
the accuracy between 157 and 86 features are not much
different and they are the best performance among the
decomposition feature. And refer to the fig.2, the wave
pattern between 157 and 86 features is nearly similar
to the original signal and there was a little change in
50 and 32 features.

Then we continue to the second stage. the purpose
of this stage was to investigate the stability of our
classification system. Based on previous stage, we
decide to chose the 86 features as our dataset. We use
10-Hold-Out Cross Validation scheme using different
ratio for train and test data as follows; 80:20, 70:30,
60:40, 50:50, 40:60, 30:70, 20:80.

On table III we can see all the accuracy of back-
propagation experiment using 86 features on various
cross validation schemes, from ratio train:test; 80:20
until 20:80. Also on table IV we can see the FNLVQ

TABLE III: Backpropagation experiment on stage 2

Experiment# cross validation ratio
80:20 70:30 60:40 50:50 40:60 30:70 20:80

1 88.80 89.20 89.99 90.28 90.16 85.52 91.13
2 90.53 91.52 91.32 91.09 81.10 91.51 89.86
3 83.64 83.98 91.26 90.48 76.22 78.17 87.04
4 77.95 91.45 78.37 91.16 76.85 85.07 90.28
5 89.74 83.36 89.93 88.94 90.87 89.91 90.18
6 77.41 89.67 80.86 80.26 86.47 90.62 88.75
7 91.83 89.92 90.78 90.41 91.52 85.46 67.09
8 90.17 89.73 90.36 89.87 87.98 90.89 85.24
9 91.10 92.36 90.64 90.22 91.47 85.46 90.80

10 90.33 79.68 65.49 89.18 82.84 90.22 88.89
average 87.15 88.09 85.90 89.19 85.55 87.28 86.93

TABLE IV: FNLVQ experiment on stage 2

Experiment# cross validation ratio
80:20 70:30 60:40 50:50 40:60 30:70 20:80

1 99.9 99.9 99.7 99.7 99.8 99.6 99.1
2 99.9 99.8 99.9 99.7 99.5 99.3 99.2
3 99.7 99.8 99.5 99.7 99.6 99.4 98.5
4 99.8 99.8 99.9 99.5 99.5 99.4 99.1
5 99.6 100 99.7 99.6 99.8 99.7 98.9
6 99.8 99.4 99.7 99.8 99.7 99.5 98.9
7 99.8 99.8 99.8 99.7 99.4 99.3 99.1
8 99.8 99.5 99.7 99.7 99.7 99.2 98.4
9 99.9 99.9 99.8 99.6 99.5 99.4 99.4

10 99.9 99.9 99.7 99.6 99.7 99.6 99
average 99.81 99.78 99.74 99.66 99.62 99.44 98.96

experiment result. From those table we can see that
the accuracy from FNLVQ still produce the highest
performance compare it with back-propagation, even
when we only use 20% among the data as the training
set, it still yield high accuracy, 98.96%.

VI. CONCLUSION

The recognition experiments on 5 types of arrhyth-
mia and normal beat have been carried out on MIT-
BIH arrhythmia database. We train our classification
methods, Backpropagation and FNLVQ, with extracted
features using Wavelet Transforms, daubechies order
8. We conduct 2 stages of experiments. First is to
find the best number of features and its relation to
number of level we decompose the signal. Second is
to test the stability of our classification system. To both
of the stages, we apply 10-Hold-Out Cross Validation
testing. From the experiments, we found that the best
number of features is 86 features, by considering
the computational cost and the classification result.
It means that we have to decompose our dataset into
2 levels. Our experiments on various cross validation
scheme produce an average accuracy of 87.15% using
Back-Propagation and 99.57% for the FNLVQ.

So far we only use single-lead ECG, MLII, and
part of available beats and classes. Future works can
be focused on increasing the number of beats used
in classification class and more ECG-lead for better
accuracy. It is also possible to use AAMI standard as
the basis of classification class referred by Philip de
Chazal works [19]
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Abstract—This paper presents Choquet integral 
agent networks (CHIAN) and its application to 
detect QRS complex waves in real-time from 
BioPac MP150 Systems. A CHIAN agent is applied 
to discover the tacit knowledge in order to classify 
QRS complex waves from a given ECG signals. The 
main goal of our approach is to develop 
interpretable classifier that is able to detect QRS 
complex in real time. The performance of CHIAN 
agent was then tested with several subject’s 
samples obtained by experiments. Experimental 
results show that the proposed approach is fast and 
effective in improving the interpretability of QRS 
complex waves. The result showed that, in average, 
98% of QRS complex waves can be detected by 
CHIAN. 

Keywords—QRS complex, ECG signal, CHIAN, 
classification 

I. INTRODUCTION 
HE research of QRS detection has been conducted 
by many researchers within the last decades. In the 

literature, numerous approaches have been proposed to 
detect QRS complex waves [1-10]. Among of them, 
some algorithms were developed based on signal 
derivatives and digital filters in order to extract the 
feature components due to the QRS complexity. In this 
approach, prior of processing, high and low band-pass 
filter were normally carried out to attenuate other 
signal components and artifacts such as P-wave, 
T-wave, baseline drift, and in-coupling noise [1]; the 
linear combination of derivative-based algorithms was 
then performed to detect a QRS complex by comparing 
the extracted features against a threshold [2-4]. In 
addition, nonlinear operation such as multiplication of 
backward difference (MOBD) was proposed by [5, 6]. 
It is essentially an AND–combination of adjacent 
magnitude values of the derivative [1]. 

The others existing QRS detection algorithms used a 
specific QRS template to prevent the QRS detection 
performance from being degraded by the undesired 
noise sources contributed from: (1) baseline drifts; (2) 
artifacts due to electrode motion or power-line 
interference; and (3) other ECG components with 

similar morphologies to the QRS complex, such as P 
and T waves [7–9].  

Frequency-based approach of ECG signals such as 
discrete wavelet transform was implemented to filter 
the noise and simultaneously extracting the feature 
which was used to detect local maxima of ECG signals. 
Most of the wavelet-based peak detection methods are 
based on Mallat’s and Hwang’s approach [10]. This 
method investigated correspondence between 
singularities of a function and its wavelet coefficients. 
Peak detection is then accomplished by the 
computation of the singularity degree which is 
estimated from the decay of the wavelet coefficients 
[10].  

Neural network approach has been widely applied in 
nonlinear signal processing, classification, and 
optimization. In ECG signal processing, mostly the 
multilayer perception (MLP), radial basis function 
(RBF) network and learning vector quantization 
(LVQ) network are used [11-14]. 

In this paper, a novel computing method based on 
derivative ECG signal combined with Choquet integral 
agent network (CHIAN) is introduced for detecting 
QRS in real-time. The derived ECG signal was 
normalized by a function so it has a value between 0 
and 1, before it was classified either a peak or not by 
CHIAN. 

The rest of the paper is organized as follows. Section 
II will describe about introduction of ECG signal 
processing. Section III will describe about concepts 
and integration mechanism of CHIAN. The results of 
experiments and its analyses will be given in Section 
IV. Finally, we conclude the paper with some 
conclusions in Section V. 

II.  ECG SIGNAL PROCESSING 

A. ECG Introduction 
Basic methods of signals analysis can be applied to 

many biosignals. These techniques are generally 
accomplished with simple electronic circuits or with 
digital computers. In addition to these common 
procedures, sophisticated digital processing methods 
are quite common and can significantly improve the 
quality of the retrieved data. These include signal  
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averaging, wavelet analysis, and artificial 
intelligence techniques. 

In this study, we focused on electrocardiogram 
(ECG) signal processing. The ECG is an electrical 
signal generated by the heart’s muscular activity. It is 
usually obtained by using electrodes attached to the 
skin across different areas of the heart. The placement 
of the electrodes determines the directional viewpoint 
of the heart. The standard ECG as recorded by 
clinicians is the 12-lead ECG, which uses 10 electrodes. 
A single-lead ECG recorder would typically have three 
electrodes: the positive electrode, the negative 
electrode and an indifferent electrode (ground or 
“right-leg” drive electrode). 

Electrodes detect ionic current flow within the body 
by detecting the potential difference between them as 
current flows through the resistive tissues. An 
electrode is labeled as positive when the ECG 
recording shows a positive signal (upward deflection) 
corresponding to depolarization propagating towards it. 
Conversely, if the direction of depolarization is 
propagating away from it, the result would be a 
negative signal and will be represented on the ECG as a 
downward deflection. In nearly all ECG instruments, 
one electrode is always an indifferent electrode. The 
indifferent electrode is the “ground” reference of the 
instrument. While an indifferent electrode could be 
connected to the instrument ground, most often it 
would be connected to the output of an amplifier that 
generates a “right-leg drive” signal. This amplifier 
inverts and amplifies, generating a “right-leg drive” 
signal detected at the input electrodes. By feeding back 
this signal into the body, the common-mode signal at 
the input is reduced. This connection scheme is 
commonly referred to as right-leg drive as the 
electrode is usually attached to the right leg or an 
electrically equivalent location [15].  

The electrocardiogram (ECG) signal (Fig. 1) 
consists of three basic waves, P, QRS, and T. These 
waves correspond to the far field induced by specific 
electrical phenomena on the cardiac surface, namely 
the atrial depolarization (P wave), the ventricular 
depolarization (QRS complex), and the ventricular 

repolarization (T wave). In a normal cardiac cycle, the 
P wave occurs first, followed by the QRS complex and 
the T wave. The section of the ECG between the waves 
and complexes are called segments. The ECG is 
characterized by three segments namely the PR 
segment, the ST segment and the TP segment. The 
characteristic time periods in the ECG wave are PR 
interval, the RT interval and the R-R interval [16].  

In general terms; the ECG signal is a useful tool for 
monitoring a patient with conditions of irregular heart 
rhythms, preventing myocardial infarctions, and 
diagnosis of ventricular ischemia or hypoxia.  As it is 
well known, the heart rhythm varies according to a 
person’s health, e.g., fatigue, effort, emotion, stress, 
disease, etc [17].  

B. Signal Processing 
The initial step before performing classification is 
generation of feature extraction, in the basis of which 
the classifier will recognize the pattern. In this study, 
first-order derivative was determined by Eq. 1.   

1 1        (1) 

where, x(n) represents the amplitude ECG data at 
discrete time n. Gaussian like function is then proposed 
to normalize the ECG data as described in Eq. 2.  

Fig 2. The sample of ECG signals (upper row) and smoothing 
signal by first-order derivate (lower row).  

Fig. 1 Typical ECG signal 

T wave

RQRS Complex 

RR Interval

ST segment PR segment 
TP segment 

P wave 
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where z(n) is multiplication of first-order derivate 
algorithm, y(n) . σ and c is constants while N is the 
order number.  Fig 2 showed the samples of ECG 
signal and smoothed signal by first-order derivate. 

III. CHOQUET INTEGRAL AGENT NETWOK (CHIAN) 

A. Introduction of CHIAN  
It is natural that human should seek to design and 

build machines that can recognize pattern. From 
automated speech recognition, fingerprint 
identification, optical character recognition, DNA 
sequence identification, and much more. It is clear that 
reliable accurate pattern recognition by machine would 
be immensely useful. For some problems, such as 
speech and visual recognition, our design efforts may 
in fact be influenced by knowledge of how these are 
solved in nature, both in algorithms we employed and 
in the design of special-purpose hardware [18]. Pattern 
recognition is the scientific discipline whose goal is the 
classification of objects into a number of categories or 
classes. The degree of difficulty of the classification 
problem depends on the variability in the feature 
values for objects in the same category relative to the 
difference between feature values for objects in 
different categories. The variability of feature values 
for objects in the same category may be due to 
complexity, and may be due to noise. There is no single 
classifier that works best on all given problems as 
explained by No-free-lunch theorem. Determining a 
suitable classifier for a given problem is however still 
more an art than a science.  

Many problems in real world are always 
accompanied by imprecision or uncertainty factors. 
Sometimes the information is far from complete, but a 
precise decision is required. In such situation, human 

can make a correct decision, while computer requires 
complex calculation to make a mathematical model of 
the problem. In this way, the development of flexible 
and intelligent information processing mechanisms 
based on human thinking mimicry is required for 
solving real-life problems. In this context, new types of 
various computing methods were proposed to cope 
with such aspects of information processing for the real 
world problems. These methods are called “soft 
computing” as a whole, and they are respectively 
attributed with specific features and play 
supplementary roles to each other. The developments 
of fuzzy logic, probabilistic reasoning, neural network 
and evolutionary algorithm motivated the researchers 
to explore the possibilities of building more humanlike 
machines using these tools. The synergisms of these 
tools might also improve the performance of the 
overall system to a great extent. It is a partnership in 
which each of the partners contributes a distinct 
methodology for addressing problems in its domain. In 
this perspective, the principal contributions of fuzzy 
logic, probabilistic reasoning, neural network and 
evolutionary algorithm are complementary rather than 
competitive [19]. 

As intelligent information processing mechanisms 
various soft computing methods have been introduced 
in recent years. Fuzzy Sets, Fuzzy Measure and 
Integrals, Neural Networks and Genetic Algorithms 
were introduced for coping with complexity, 
unexpected change, and incomplete knowing of the 
real world. The correlations between these issues were 
introduced by [20] as shown in Fig.3. This figure 
shows the triangle of these three issues to be 
approached facing to the real world problems.  

In this figure the symbols, i.e., C, U and I, stand for 
abbreviations of “complexity”, “unexpected change”, 
and “incomplete knowing” respectively. To cope with 
these issues, the descriptions follow as; 
1) for complexity of the real world problems 

limited human ability might employ 
macroscopic description using 
conceptualization, approximation and 

qualitative 

Given knowledge 

Logical aggregation 

Simple structure 

quasi-qualitative 

L.A and/or A.A 

network structure 

quasi-qualitative 

Learned knowledge 

Arithmetic aggregation 

network structure 

G.K and/or L.K 

black box  grey box  white box 

Fuzzy Logic CHIAN NN 

Table 1. Relationship of CHIAN with fuzzy logics and neural networks 
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summarization, 
2) for unexpected change of time-spatial states of 

the real worlds adaptable human ability might 
employ flexible processing using elastic, plastic 
and / or floating thinking, 

3) for incomplete knowing about the real world 
experienced human ability might employ 
subjective knowledge like belief, intuition and 
emotion. 

 

 
Allocating the existing representative methods into 
this framework, they can be distinguished by their 
own features which can work supplementary to each 
other. For advancing the computing methodology 
these methods have to be compromised at conceptual 
levels.  

In [21] a fusion of neural network concepts and 
Fuzzy Measure and Integral concepts as a flexible 
information fusion mechanism is studied. The 
developed method is based on the fact that theory of 
neural networks is designated to represent hidden 
mechanisms of information transformation in human, 
biological or natural phenomena. While it is attributed 
to high flexibility, however, it could not make them to 
comprehend the real mechanism in most cases. On the 
other hand, theory of fuzzy sets or theory of fuzzy 
measure and integrals are useful for enhancing their 
macroscopic comprehension of complex systems in the 
real world. For the problems being appropriate to 
neural networks approaches, he proposed to introduce 
a Choquet integral mechanism in the framework of 
fuzzy measure at every neuron unit instead of simple 
weighted sum mechanisms. Then the units may work 
more flexibly and more meaningfully as intelligent 
human information processors. As the results the 
proposed information fusion mechanisms, i.e., 
Choquet Integral Agent Networks (CHIAN) could 
realize the operational means embedding existing 
partial and qualitative knowledge and gray box 
representations for the information fusion 
mechanisms.  

The Conceptual relationship of CHIAN with fuzzy 
logics and neural networks are shown linguistically in 
Table 1, in which the arrow indicates the feature of 
fuzzy logics or neural networks in CHIAN attributes. 
The proposed CHIAN method is then specified as a 
new flexible information fusion mechanism with a 
learning algorithm by compromising Choquet integral 
and neural networks. For practically constructing these 
mechanisms learning algorithms with training data are 
effective. The fundamental principles and procedures 
in neural networks could be employed and extended 
for CHIAN.  
B. Expression of Each Agent in CHIAN 

The schematic diagram of an agent in CHIAN is 
shown in Fig. 4. The figure description is as follow; the 
j-th agent of k-th layer gets the normalized quantitative 
or qualitative inputs among system input data { }iu
from the real world if k=1 or among the outputs of the 
agents { }1−k

jx  as the multiple inputs ( ){ }sf , and they 
are integrated by Choquet integral mechanism which 
results in normalized output value { }k

jx  as the 
meaningful factor. The mathematical expression is as 
follow: 
Let { }msssS ,,, 21 L= be a collection of input channels 
for an agent,φ  be the empty set and let a set function 

[ ]1,02: →Sw  be a fuzzy measure satisfying the 
properties; 
 

(i) boundedness : ( ) ( ) ,11,0 == ww φ  
(ii) monotonicity : 

( ) ( ).BwAwSBA ≤⇒⊆⊆  
Then, setting the real valued function [ ]∞→ ,S:f 0  as 
integrated function, i.e., multiple input values, the 
obtained result x by Choquet integral with respect to 
fuzzy measure μ is defined by; 

( ) ( ) ( ) μμ dsfcfCx ∫== ,  

( )( ) ( )( )[ ] ( )( )r
m
r Awrpfrpf ⋅∑ −−= =1 1 … (4a) 

( )( ) ( )( ) ( )( )[ ]∑ −⋅= = −
m
r rr AwAwrpf1 1  ….. (4b) 

where p(r) be a permutation of elements of S so that 
( )( ) ( )( ) ( )( ) ( )( ) ,1210,00 ≤≤≤≤≤= mpfpfpfpf L

( ) ( ) ( ) ( ){ } ( ) .1,,,1, φ=++= mAmprprpA r L  
As known well Choquet integral has the specific 
properties as a quite flexible aggregation. That is, it 
includes Lebesgue integral which corresponds to 
traditional weighted sum in the case of finite input sets, 
and simultaneously includes logical aggregation of 
fuzzy features in terms of multiple qualitative items. 

Further, the agent network structure is represented as 
follows. Let u be an input vector of the whole network 
system and let x be a state vector of the whole system, 
i.e., the collection of integrated outputs of all agents in 
the network. Then the system is expressed by a vector 
equation; 

 
 

(C) Macroscopic

(U) Flexible (I) Subjective
GA

NN

Fuzzy sets

F.measure
& integral

CHIAN

Fig.3. Features of flexible human intelligence and soft computing 
methods 
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( )wuxCx ;,=           (5) 
where w  stands for a collection of fuzzy measures 

in terms of all agents and C is a vector function 
corresponding to Choquet integrals at all agents. This 
can be understood practically that the state variables 
{xi} are expressed explicitly if the network has no 
cycle, but they are expressed implicitly if the network 
has any cycles.  

IV. THE EXPERIMENTS RESULTS 
In this study, the four subjects participated in this 

experiment. The ECG signal was collected using 
BioPac MP150 system for 2.5 minutes with sample 
rate 200Hz.  The extraction of ECG signals was then 
performed by Eq. 1 and 2 as describing in section 2.  

One the defining feature vectors are completed, a set 
of N input/output pairs, i.e., , | 1,2, … ,  
are obtained, where un, dn represents input feature 
vector and the desired output, respectively. The 
database was the divided as two subsets, i.e., training 
set and testing set.  

1. ECGtrain = , | 1,2, … ,  is used 
to train CHIAN for adjusting and determining 
the network parameters, i.e., fuzzy measures. 

2. ECGtesting = , | 1,2, … ,  is 
used to validate offline classification 
performance of CHIAN once the network has 
converged. 

Fig 5 and Fig. 6 showed the performance of 

CHIAN for detecting QRS complex for identification 
and evaluation, respectively. Table 1 showed that, in 
average, 98% of QRS complex waves can be detected 
by CHIAN. 

It noted that the trained CHIAN achieved in 11-12 
seconds for executing 30000 samples, and it then 
makes sense that CHIAN could be used for detecting R 
wave in real time.  

 
Table 1 The result of QRS detection 

Subject # Beats FP FN Accuracy 
A 169 2 8 94.1%
B 154 0 0 100.0%
C 191 0 0 100.0%
D 151 3 1 97.4%

97.9%Average
 

V. CONCLUSION 
This paper described the details of development of a 

method for automatic classification of QRS complex 
by using CHIAN. This method consisted of two stages: 
feature extraction and classification. In feature 
extraction step, this study extracted the steep slope of 
ECG signals derived by first-order derivate. The signal 
normalization was then performed to set the input in 
range 0 and 1. Then, in classification stage, the CHIAN 
was implemented and evaluated for detecting QRS 
complex wave. The results showed that the proposed 
method performed in high accuracy rate to detect QRS 
location. The results also indicated that CHIAN has a 
possibility to detect R wave in real time.  

This research is preliminary study for evaluating 
ECG signal but the results are very promising and 
encourage us to extend this study for developing 
human states condition based on ECG signals. 
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Fig .4 Schematic diagram of an agent in CHIAN 

Fig. 5. The samples of detected QRS complex (upper row) and normalize ECG data (lower row) using training data 
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 Abstract— Urban traffic control is the main 

factor that contributes to traffic jam. Approach in 
distributed Urban traffic control has been developed 
in several research, but the coordinating controller 
factor is basically a quite complicated task to tackle, 
because between intersection have dependency, so 
required a method of distributed control system 
capable for synchronizing between intersections. 
This section proposes a set of enhanced 
decentralized traffic control with swarm-self 
organizing map in real situation using the concept of 
traffic signal phasing.  This model is intended to 
develop a general setting for controlling almost any 
type of intersection in Jakarta. Meanwhile, a real-
time traffic flow using the Poisson distribution is 
designed to simulate the actual urban traffic flow in 
Jakarta. Results show that the performance of the 
proposed traffic controller is better that of 
conventional traffic controllers under all traffic 
conditions. 

I. INTRODUCTION 
RAFFIC signal control systems is needed to operate 
at maximum efficiency due to increasing rate of 

vehicle and traffic congestion. A critical traffic 
controller challenge is the management of multi-
intersection networks and real-time control system. 
Conventional deterministic traffic management systems 
fail to meet and adapt changing environments largely 
due to the rules of aging of traffic signal control 
system’s parameters, making it fixed, as well as the 
increased traffic.  

In line with this hectic situation some researchers 
have been attempting to model a new algorithm in order 
to come up with the optimization of the traffic 

 
 

controller. Traffic control systems try to minimize the 
traveling delay of vehicles through a network of 
intersections. Arterial control, such as green wave [1 
baru], is an efficient strategy only to some arterials by 
sacrificing branches benefits. Ehsan Azimirad presents 
a novel fuzzy model and a fuzzy logic controller for an 
isolated signalized intersection. The controller controls 
the traffic light timings and phase sequence to ensure 
smooth flow of traffic with minimal waiting time and 
length of queue [2]. Hong [3] used fuzzy control to 
manage the urban traffic signal. And Bingham [4] built 
the model of urban traffic control using the fuzzy-neuro 
method. Most works on this management focus on 
single or stand alone controller algorithm, in fact it is a 
distributive controller problems, where every traffic 
signal is assumed like “a node”. 

Edward[5] introduces Decentralized Control of 
Traffic Networks. Dipti Srinivasan adopts neural 
network for real-time traffic signal control by the multi-
agent system approach to develop distributed 
unsupervised traffic responsive signal control models 
[6]. Arel introduces a novel use of a multi-agent system 
and reinforcement learning (RL) framework to obtain 
an efficient traffic signal control policy that aimed at 
minimizing the average delay, congestion and 
likelihood of intersection cross-blocking [7]. In an 
urban network with relatively closely spaced 
intersections, signals must operate in a coordinated 
fashion. Coordinated signalization has the following 
objectives: to coordinate green times of relatively close 
signals to move vehicles efficiently through the set of 
signals without having vehicle queues blocking the 
adjacent intersections and to operate vehicles in a 
platoon. This will also effectively regulate group speed. 
The primary benefit of signal coordination is reduction 
of vehicle stops and delays. This also results in 
conservation of energy and protection of the 
environment. Another benefit deals with speed 
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regulation. Signals are set in such a way to incur more 
stops for speeds faster than the design speed. In 
addition, grouping vehicles into platoons (shorter 
headways) leads to more efficient use of intersections 
[8]. 

Several researches in coordinate signalization have 
been developed. Wei et al presents a macroscopic two-
dimensional cellular automata (CA) model of an urban 
traffic signal control system, in which each intersection 
is regarded as a cell and the flow pressure is treated as 
the state [9]. Anlin Wang using rules of adaptive control 
system based on genetic study classification algorithm 
to solve the traffic signal's separated, complex, 
nonlinear features and prevent failure of the control 
rules in urban regional coordination traffic signal 
control system [10].  

In this paper we develop a new model based on 
previous research on swarm-self organizing map of 
traffic control [11]. The proposed model is 
implementing distributed swarm self-organizing map 
that used Kuramoto Model for synchronization among 
intersections and also prevent collision possibility for 
spesific case of controlling a traffic signal on an 
intersection. Our previous work of the self-organizing 
signal network did not deal with left-right turns 
explicitly [11, 12, 13, 14], and In this other paper[15], 
Sekiyama propose the more efficient traffic system 
named Self-organizing Route Guidance Systems 
(SRGS) which cooperate with traffic signal control due 
to handle left-right turns, however, in almost of 
signalized intersections base on local traffic flow 
information. Therefore, the authors propose a new 
modeling methodology of to deal with left-right turns 
based on traffic signal phasing. 

This paper is organized as follows. In section II, we 
describe Urban Traffic Signal Control. In section III, we 
describe a development of signal network by nonlinear 
coupled oscillator based on the completely 
decentralized approach with Swarm Self-Organizing 
Map. In section IV, we develop simulation of traffic 
signal control system and visualization of simulation 
demonstrates the effectiveness proposed method under 
unstructured condition like in Indonesia. In Section V, 
the results of experiments are discussed. Finally, the 
conclusion and future described in section VI. 

II. COORDINATED TRAFFIC SIGNAL CONTROL  
The common traffic signal parameters for controlling 

the traffic flow are cycle time adjustment; split 
adjustment and offset adjustment, where “split” is 
defined as the fraction of the cycle time that is allocated 
to each phase for a set of traffic movements [16]; and 
offset adjustment, where “offset” is the time difference 

 
Figure 1. Traffic light model with relation between intersections. 

 
Figure 2. Coordination between nearest intersections for achieving 

the optimal flow of traffic. 
 

Figure 3. Traffic light control optimization result between nearest 
intersections. 
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Figure 4. Model of signal network 
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between the beginning of green phases for a continuous 
traffic movement at successive intersections that may 
give rise to a “green wave” along an arterial [16]. 

These three parameters are important in controlling 
the flow of traffic. The controller must be coordinated 
in a distributed manner. There should be a corelation 
between adjacent  intersection with the others, as shown 
in figure 1. 

In figure 2(a), a vehicle will move from left to right 
(from intersection 1 to intersection 4). If  the traffic 
light at intersection 1 is green, then intersection 1 will 
coordinate with intersection 2 to control the offset 
value. The coordination will make vehicles can pass 
through without stopping at intersection 2, as seen in 
figure 2(b). Likewise in figure 2(c) and figure 2(d), the 
vehicle can go without stopping at intersection 5 and 6, 
making an optimal velocity of the vehicles between 
intersection 1 to intersection 4. The result of traffic light 
control optimization can be seen in figure 3. 

III. SWARM-SELF ORGANIZING MAP METHOD 

A. Modeling of Signal Network by Coupled Phase 
Oscillators 

To the best knowledge of the author, in the last 
condition of distributed urban traffic control 
implementation, coordination between intersections is 
not established well. For resolving this, author 

implements a swarm-self organizing map method.  
Urban traffic signal network is modeled with bi-

directed graph as seen in figure 4. Every intersection is 
denoted by a node, ),(1 NiSi ≤≤  and the neighbor of 

iS  signal is ijS which has its own signal index jS . iφ  

defines phase of one cycle signal iS , and 

}){1,2,...,( iij nj ∈φ  is phase for ijS  signal, where 

in  is the number of signal paired with iS . In this case 

it can be said  that 4S  is a 4-lane-intersection because it 

has 4 signal. ijε  is normalized flow of vehicles which 

is defined as: 
 

dtt
Ti ij

iTt

t
im

ij )(1= ρ
ρ

ε ∫
+

                           (1) 

.= constimρ  
 

Where imρ  is capacity  and )(tijρ  is density of the 

lane  between iS  and ijS  in interval ],[ iTtt + . In figure 

2 the phase of iS  signal and iφ  is affected by the 
neighboring signal, which is ijS  and ijφ . This signal 

phase ijS
 
is affected by the size of the traffic   coming   

from.   Author implements  phase  model description of 
coupled oscillator proposed by Kuramoto [17], which is 
a model generalized and denoted with:   

),(=)(
1=

ijii

in

ji
ii n

Kt φφωφ Γ+ ∑&           (2) 

The detail explanation for equation derivation can be 
explored in [11, 12, 13, 14]. 

B.  Offset Setting 

 Then the desired offset ∗Δ ijφ  between iS  and ijS  

for the primary direction is defined by 

 )2(mod2 ππφ
i

ij
ij T

t ∗
∗ =Δ                   (3) 

Where for the secondary direction is defined by 
 

)2(mod
)(

2 1,1,1 ππφ
i

iiij
ij T

TTt −+
=Δ −

∗
∗              (4) 

iT  is the cycle time of the signal iS . The expected 

time, ∗
ijt , is chosen as 

Figure 5. The traffic signal phasing for right-turn lane by adapt 
NEMA. 
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l
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Where ijl  is the distance between adjacent signals and 
max
ijv  is the speed limit of the road between ijS  and 

iS . 

C. Split setting based on traffic signal phasing  
Traffic signal phasing is part of a cycle allocated to 

stream of traffic or a combination of two or more 
streams of traffic having the right-of-way 
simultaneously during one or more intervals. The 
National Electrical Manufacturers Association (NEMA) 
has adopted and published precise nomenclature for 
defining the various signal phases to eliminate 
misunderstanding between manufacturers and 
purchasers [18]. Figure 5 illustrates the assignment of 
right-of-way to phases right-turn lane by adapt NEMA 
phase numbering standards and the common graphic 
techniques for representing phase movements.  

In figure 6 shown two-phase signal system for right-
turn lane. Let )( iiT τ denote as the cycle time of 

signal iS  where, 

 cliiiiii TTTT 2)()()( 21 ++= τττ                 (6) 

=)(1 iiT τ split time in the vertical direction 

=)(2 iiT τ split time in the horizontal direction 
 

)( iikT τ  is updated at the beginning of each signal 
cycle in proportion to the sum of normalized amount of 
the incoming traffic for each directions. To count the 
total traffic of incoming vehicle to an intersection, this 
formula can be used: 

 

,4,22,3,11 =,= iiiiii rr εεεε ++                                      
(7) 

 
From the equation above, author can search the desired 
split time for the flow of vehicles coming from 
horizontal and vertical by equation below: 

 

1,2)=(),2)((
)()(

)(
=

21

* kTT
rr

r
T clii

iiii

iik
ik −

+
τ

ττ
τ

               

(8) 
In figure 6, the signal cycle consists of two-phase 

signal combinations (Phases 2 + 6 and Phases 4 + 8), 
which provide partial conflict elimination. This 
arrangement separates major crossing movements, but 
allows right-turn movements to conflict. This may 
prove acceptable if right-turn movements remain light; 
but if heavy, these movements may also require 
separation. To avoid a collision on the vehicle will turn 
right by the vehicle will move straight then added a 
chunk that is the lamp controller. Chunk is the time 
where the vehicle can safely to turn right and to move 
straight; the vehicle in other lane must be stopped so 
that no collision occurs. So the Chunk I ( *

1,,kiT ) and 

Chunk II ( *
2,,kiT ) for both split setting can be calculated, 

i.e.  
  

1,2)=(),(= ,
2,1),2(

2,*
1,, kTTT clki

ikki

ik
ki −

++ εε
ε                  (9) 

 

1,2)=(),(= ,
2),2(1,

2),2(*
2,, kTTT clki

kiik

ki
ki −

+ +

+

εε
ε                 (10) 

 
1,ikε = Density of vehicles move to straight and left 

 

 
Figure 7. Relationship TSCS and Simulator 

 
Figure 6. Two-Phase Signal System with Chunk 
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2,ikε = Density of vehicles move to right 

By using a chunk there are 3 possible sequence phases 
in split of each signal so, they are: 

1. If *
1,,kiT + *

2,,kiT  <  )( iikT τ then sequence phase 

of split is  (Phases 2+5),( Phases 2+6),( Phases 
1+6) or (Phases 4+7),( Phases 4+8), (Phases 
3+8) 

2. If *
1,,kiT + *

2,,kiT  >  )( iikT τ then sequence phase 

of split is  (Phases 2+5),( Phases 1+5),( Phases 
1+6) or (Phases 4+7),( Phases 3+7), (Phases 
3+8) 

3. If *
1,,kiT + *

2,,kiT  =  )( iikT τ then sequence phase 

of split is  (Phases 2+5),( Phases 1+6) or 
(Phases 4+7), (Phases 3+8) 

IV. SIMULATION 
This section describes in detail how a real-world 

traffic network was modeled using a microscopic 
simulation program and presents the results as 
compared to those obtained from the static method 
benchmark. 

A. The Traffic Signal Control System 
The traffic signal control systems (TSCS) are 

implemented using C Language and multithreading 
technology. During the running of the simulation in 
simulator, the multiple threads/processes in C Language 
representing the control system are running 
concurrently. For this paper, TSCS systems are tuned to 
sample the traffic network for the traffic parameters 
once every the beginning of each signal cycle. 

As Figure 7 about relationship TSCS and Simulator, 
there are two kind of threads for communication 
between TSCS and simulator. First is path thread. This 
thread is using TSCS to get information of several 
variables in every intersection on simulator. The 
variables are car volume, average of car velocity, and 

the length of car queue on all intersection. Second 
thread is lamp thread. This thread is using TSCS to send 
the traffic light signal data for some intersection on 
simulator. The traffic light signal control sent to 
simulator a time control of Green split in intersection. In 
the path tread, Simulator provides the information 
required by the TSCS. When TSCS request data to the 
simulator, the simulator will transmit information 
appropriate with the request for some intersection. 
Furthermore in lamp tread, when TSCS send the traffic 
light signal then simulator will update the cycle time of 
traffic light phase. 

B. Traffic Simulator 
The Traffic simulator is built using Java Language 

with component based development method. This 
simulation step is also intended so that the system 
design and modeling that has been done can be 
implemented in real world. The sampling rate for the 
intersection treads is adjusting update every 100 
milliseconds, this adjustment to ensure that the 
intersection treads make timely responses to the 
dynamically changing traffic network. For this paper, 
the intersection treads for the multiagent systems are 
tuned to sample the traffic network for the traffic 
parameters once every 1s (simulation clock time). 
Figure 8 shows the concurrent running of the traffic 
network and the multiagent systems in two windows, 
namely 1) the simulated traffic network and 2) the 
background, which is the C command for the multiagent 
system.  

In simulator, every intersection has information such 
as the path length between the street intersection, the 
vehicle velocity, cycle time signal phase, the number of 
vehicles passing through the intersection, road capacity 
and, other intersection signal phase that have connected 
with this intersection. These loop detectors are coded in 
the simulated network at stop lines of the intersection 
approaches, as in the real-world installations. The value 
of variables is shown in table I.  

In the traffic-simulation system, the following 
restrictions / conditions stratified. 

 
Figure 9. Density Distribution on 24 Hours Scenario in Simulator 

TABLE I 
DETAILS OF THE SIMULATION PARAMETER 

Symbol Quantity Value 

max
ijv  

Maximung Velocity 60 Km/h 

K Coupling constant 0.1 

βα ,  Updateing rate of w 0.5,0.05 
∗
iω~  Base natural frequency 0.1 

imρ  Road capacity  36 Car / road 

γ  updating constant (learning rate). 
 

0.8 

iΩ  natural frequency of 
iψ  0.5 
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• The vehicle arrival rate is a Poisson 
distribution. 

• The traffic capacity of Map is 5000 vehicles 
/ h.  

• The number the state (flow pressure set), the 
generation is in an interval of ten. 

• The minimum and maximum green times are 
15 and 60 s, respectively. 

C. Performance Measures 
In this paper is use two parameter for evaluated of 

proposed method. There are (i) mean of arriving of 
vehicle per second for every road, and (ii) the average 
of velocity in meter per second. The mean of arriving of 
vehicle per second for every road have tree typical 
scenario vehicle condition for represent of real-time 
traffic condition in Jakarta, i.e. high traffic density, 
medium traffic density, and low traffic density. First, 
high traffic density scenario is represents the peak 
periods. A peak periods or rush hour is a part of day 
where traffic congestion on roads and crowding on 
public transport is at its highest. Normally, this happens 
twice a day, once in the morning, and once in the 
evening, the times during when most people commute. 
Second, Medium traffic density scenario is     represents 
periods of public     transport     at normal condition. 
Normal condition happens in between peak times.  
Third, low traffic density scenario represents traffic 
condition that happens in the night. Furthermore, the 
average of velocity is getting from average of distance 
per total time all vehicles in simulation.  

D. Benchmarking 
In fact the traffic signals settings using the static 

adjustment. Given the above issues, the parameters used 
for the calibration signals derived from signals in real 
settings implemented by the traffic system in Jakarta. So 
the setting used to benchmark the proposed algorithm is 
a static setting. Moreover, we used test case for 2 
sequence phases in split time by using chunk. Vehicle 
turn rate scenarios are used to make 2 possible squence  
phases in split time. We choose 2 possible squence 

phases, because for *
1,,kiT + *

2,,kiT  >  )( iikT τ  case is not 

used in urban traffic control in Jakarta. 

V. RESULTS AND DISCUSSIONS 
We design a simulation which can generate the real-

time traffic flow sequence. Scenarios with extreme 
length from a few hours during peak traffic simulate a 
real scenario, where many peaks are often occurs within 
24 hours. With this, we can say that the simulation of 24 
hours (range) is an approximation of a problem that is 
vast and infinite. 

Traffic volume will increase significantly during peak 
periods. Despite the increased demand during peak 
periods to differ the same area, the number of vehicles 
actually used in a variety of network traffic with a 
random seed of the proposed simulation. Note that in 
Figure  9  gray-shaded areas designate a peak. 

The simulation results are summarized in Tables II 
and III. It is clear that Static method fails to provide 
effective control of the signal in real-time traffic for the 
simulation period of 24 hours. The observation showed 
that the proposed method could improve the speed and 
reduce the delay of vehicle rather than static method for 
all condition. however if the rate of turning vehicle is 
greater than the straight, observation showed that the 
result is not as good as if the condition is reversed. this 
case occurs because the offset setting is set only for the 
straight and not for each direction, so the proper setting 
and use of the offset will give a better result. 

For future work, we will try to develop a better 
adjustment for offset setting for each direction and try 
to maximize the result. 

VI. CONCLUSION 
Self-Organizing Control of Urban Traffic Signal 

based on n- Traffic Signal Phasing has been 

Figure 8. Relationship TSCS and Simulator 

Tabel II. Velocity Results 
Turn Rate Method 

Static Method 
 (Km/h) 

Proposed Method 
(Km/h) Left Straight Right 

20% 60 % 20 % 18.43(0.38)  22.74(0.13) 
17% 17% 66 % 18.78(0.43)  20.41(0.48) 

*in () is Deviation Standard 
 

Tabel III. Vehicle Delay in Simulator. 
Turn Direction Method (delay/vehicle) 

Static 
Method  (s) 

Proposed Method 
(s) Left Straight Right 

20% 60 % 20 % 1269  600.25 
17% 17% 66 % 1283  684.3 

*in () is Deviation Standard 
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successfully tested with different scenarios and complex 
traffic system simulation. The results of simulation 
proved that the self-organizing control of urban traffic 
signal gives better performance than the static methods. 
In addition, this method is able to accommodate right-
left turn at the intersection and make it possible to be 
implemented into the real world. Simulation results 
show the influence of the offset setting in the 
coordinated traffic signal system. 
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Abstract— In designing a classification system, 

one of the most important considerations is how 
optimal the classifier will adapt and give best 
generalization when it is given data from unknown 
model distribution. Unlike linear regression, 
logistic regression has no simple formula to assess 
its generalization ability. In such cases, 
bootstrapping offers an advantage over analytical 
methods thanks to its simplicity. This paper 
presents an analysis of bootstrapped multinomial 
logistic regression applied on apnea detection using 
ECG data. We examine multinomial logistic 
regression to detect or recognize multi-class apnea 
categories (heavy, middle, healthy). We show that 
for generally complex and highly unstructured 
medical data such as ECG for apnea detection, 
bootstrapping gives more meaningful assessment 
to detect over-fitting than k-fold cross validation. 
The bootstrapping also gives higher classification 
accuracy prediction over k-fold cross validation 
for the same training data proportion.  

I. INTRODUCTION 
owdays statistical methods has become a very 
powerful tool for supporting medical decisions. 

Doctors can be helped by statistical models to 
interpret correctly so many data and to support their 
decisions. Even further, due to the characteristic of 
medical data and huge number of variables to be 
considered, researches to automate the decision 
support system that can be performed by machine 
(e.g., detection apnea symptoms using computers at 
home [1], or wearable alarm clock that can detect 
sleep stages [2] ) is continuously proliferating. Of 
course, although the statistical models are very 
powerful for doctors and computers are getting faster, 
the models and the computers cannot substitute 
doctors' viewpoint.   

Many of the medical problems are related to 
questions of classification and prediction, many times 
with only two categories (disease or not disease, for 
instance). In those cases, the use of classical 
techniques has to be restricted to some specific 
methods such as logistic regression or similar. When 
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we are dealing with multi-categories classifications 
usually we prefer to use newer tools such as neural 
networks which do not require such restrictive 
hypothesis. In addition, our preference to such newer 
tools is also due the fact that medical data are 
generally complex and have lack of structure. 
However, according to a study [3] which compared 
logistic regression and neural networks, several points 
should be remarked: 

 For data that was used to build the model, some 
of the neural networks can be considered better, 
but for data that was used to validate the model 
none of them are better.  

 The neural networks models that can be 
considered better in building data, actually needs 
a greater number of inputs. 

 Doctors usually prefer to use logistic regression 
which includes less variables and have an easy 
meaning in the model.  

 Prediction can be done with a simple equation in 
logistic regression, whereas the necessity of 
computing tool in neural network can delay the 
diagnose for the doctors.  

Hence, [3] recommends to use logistic regression for 
medical data. Recently, [4] also use multinomial 
logistic regression to examine the influence of age, 
body mass index (BMI), gender, smoking, and social 
characteristics on apnea hypoapnea index (AHI).  

Cross validation is a technique for assessing how 
the results of a statistical analysis will generalize to an 
independent data set. It is mainly used in settings 
where the goal is prediction, and one wants to 
estimates how accurately a predictive model will 
perform in practice. One round of cross validation 
involves partitioning a sample of data into 
complementary subsets, performing the analysis on 
one subset (called the training set), and validating the 
analysis on the other subset over the rounds. 

In this paper, we try to asses and estimate how 
accurately the multinomial logistic regression 
classifier will perform in practice in terms of 
classification accuracy and generalization ability by 
analyzing classification of ECG data samples to 
automatically detect the disordered breathing during 
sleep (apnea). We will show that bootstrapping cross 
validation method is preferred than k-fold cross 
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validation for the evaluation and assessment of this 
data samples. 

II. SLEEP APNEA 
Sleep disorder is a medical disorder in sleep of a 

person or animal. It can be classified into  dyssomnias 
(characterized by either hypersomnolence or 
insomnia) and parasomnias (characterized by 
abnormal and unnatural movements in sleep). Sleep 
disorder interferes with normal physical, mental and 
emotional functioning. One category of  dyssomnias 
is sleep apnea. The sleep apnea is defined as abnormal 
pause of airflow during sleep, preventing air from 
entering the lungs and causes an obstruction. The 
types of sleep apnea are central sleep apnea (CSA), 
obstructive sleep apnea (OSA), and mixed sleep apnea 
(both central sleep apnea and obstructive sleep apnea). 
CSA occurs when the brain does not send the order 
signal to the muscles to take a breath so there is no 
muscular effort to take a breath. OSA happens when 
the brain sends the instruction signal to the muscles 
and the muscles make an effort to take a breath but 
they are unsuccessful because the airway becomes 
obstructed and prevents an adequate flow of air. 
Mixed sleep apnea, occurs when both central sleep 
apnea and obstructive sleep apnea are occurred .  

Sleep disorder is related to a risen risk of 
cardiovascular illness, stroke, high blood pressure, 
arrhythmias, diabetes, and sleep deprived driving 
accidents [1- 4]. Sleep apnea person also have a 30% 
higher risk of heart attack or premature death than 
those unaffected [5].  

The symptoms of sleep apnea may include 
daytime fatigue & sleepiness, insomnia, poor 
concentration, memory problems, anxiety, irritability, 
headaches, and impediment performing work duties. 
Generally, sleep disorder is diagnosed using 
polysomnogram. It records minimum up to twelve 
channels: three channels for EEG 
(Electroencephalography), one or two channels for 
quantify airflow, one channel for chin muscle tone, 
one or more channels for leg movement, two for eye 
motion, one for heart rate, one for oxygen intensity, 
and one for each belts which measures chest wall 
movement and upper abdominal wall movement. The 
polysomnographic diagnose method is relatively 
costly and due to the dearth of diagnostic sleep 
laboratories, the sleep apnea is widely under-
diagnosed [6]. In addition, polysomnogram does not 
provide a sound prove that sleep apnea as indirect of 
evidence of airflow measurement and respiratory 
movement that is used to evaluate the disordered 
breathing. Therefore we want to provide a reliable 
identification of disordered breathing with fewer and 
simpler measurement using ECG 

III. LOGISTIC REGRESSION 

A. Logistic Regression 
Logistic regression is one of the regression 

methods which is used to predict the probability of 
dichotomous event. It is used when the dependent 
variable is a dichotomy and the independent variables 
are of any type. Usually, logistic regression is used to 
predict a dependent variable on the basis of 
continuous and categorical independents. It is also 
used to determine the effect of the size of the 
independent variables on the dependent. Odd ratios 
are used to clarify the impact of predictor variables. 

Logistic regression use logistic function as a 
model. Logistic function is useful because it can take 
as an input any value from negative infinity to 
positive infinity, whereas the output is confined to 
values between 0 and 1. The formula of logistic 
function is described below: 

z

z

e
ezf
+

=
1

)(                   (1) 

The variable z defines as β0+β1x1+ β2x2+…+ βkxk, 
where β0, β1, …,βk called the intercept and the x1, x2,…, 
xk called as coefficient. The coefficient describes the 
proportions of that risk factor, a positive coefficient 
means that the variable increase the probability of 
outcome and vice versa.  
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where z = β0+β1x1+ β2x2+…+ βkxk. 
   
Logistic regression is a suitable way of describing 

the relationship between independent variables and a 
binary response variable, expressed as a probability 
that has dichotomous events.  

B. Multinomial Logistic Regression 
Multinomial logistic regression is the 

generalization of logistic regression which allowing 
more than two outcomes events. Multinomial logistic 
regression used when the dependent variables cannot 
be ordered in any meaningful way. Its model assumes 
that data in each independent variable has a single 
value for each case.  

Multinomial logistic regression selects one of 
dependent variable as the confrontation category and 
assumes that the dependent variable cannot be 
perfectly predicted from the independent variables. 
Multinomial logistic regression compares multiple 
groups through a combination of binary logistic 
regressions.  The models of multinomial logistic 
regression are 
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where for the ith individual, yi is the outcome event 
and Xi is a vector of explanatory/independent 
variables. The parameters βj are typically 
approximated by maximum a posteriori (MAP) which 
is an extension of maximum likelihood using 
regularization of the weight to prevent morbid 
solutions. The solution is typically found using and 
iterative procedure such as iteratively re-weighted 
least squares (IRLS) or, more commonly these days, a 
quasi-Newton method such as the limited memory 
Broyden-Fletcher-Goldfarb-Shanno(L-BFGS) 
method. 

Multinomial logistic regression does not make any 
assumption of normality, linearity, and homogeneity 
of variance for the independent variables. Because it 
does not impose these requirements, it is preferred to 
discriminant analysis when the data does not satisfy 
these assumptions. 

IV. CROSS VALIDATION 
Cross validation is important in guarding against 

testing hypotheses suggested by the data, especially 
where further samples are hazardous, costly or 
impossible to collect. In linear regression where the 
training mean-squared-error (MSE) underestimates 
the validation MSE, cross validation is not practically 
useful. In most other regression procedures like 
logistic regression, however, no simple formula to 
make such adjustment. Cross validation is a generally 
applicable way to predict the performance of a model 
on a validation set using computation in place of 
mathematical analysis. There are several types of 
cross validation: (1) K-fold cross validation, (2) 
Leave-one-out or Jack-knife cross validation, (3) 
Repeated random sub-sampling or bootstrapping.  In 
this study, we compare bootstrapping to K-fold cross 
validation. 

A. K-fold 
K-fold cross validation is one cross validation 

method which divide dataset into k datasets and the 
holdout method is iterated k times. The cross-
validation K-Fold is the data resulted from the 
observation of the mentioned sub-groups to be K 
which denotes the number of sub-groups.  A sub-
group of data is used for validation and testing and the 
rest sub-group K – 1 is for training process.  The 
mentioned process is repeated for K times with each 
sub-group used one time only. The result of such 
calculation is the mean value to get the final value. 
The advantage of this method is that all observed data 
is used either in training or testing process. The 
conducted experiment uses 3, 5, 10, 15, and 20 folds 
cross validation.  

B. Repeated Random Sub-sampling (Bootstrapping) 
Bootstrapping is one of the re-sampling methods 

used to measure the properties of estimator from the 
distribution approximation sample. This method 
estimates the error of the median by raffling the 
sample with replacement from original data and 
estimate the standard error of the original median 
from the observed variable. Bootstrapping is a reliable 
alternative to deduct based on parametric assumptions 
when those assumptions are in doubt or parametric 
deduction is requires very complicated formulas for 
the standard error calculation. 

In [17], Ader et al. (2008) suggests to employ 
bootstrapping for the following condition: 

 When the theoretical distribution of a statistic 
is complicated or unknown 

 When the sample size is insufficient for 
straightforward statistical inference 

 When power calculations have to be 
performed, and a small pilot sample is 
available 

V. EXPERIMENTAL SETUP 
The database used in this experiment was obtained 

from PhysioNet [6]. It is recorded from 35 persons 
containing single ECG signal of approximately 8 
hours observation which divided into one-minute 
segments. The ECG signals were extracted from 
recorded polysomnogram measurement. Each 
segment annotated based on 3 classifications that is 
Apnea (A), Borderline/mild apnea (B), and Normal 
(N). The total number of segments classified in this 
manner was 16907 with 10415 (61.6%) annotated as 
normal, 252 (1.5%) annotated as mild apnea and 6240 
(36.9%) annotated as apnea. 

The features used in this experiment was extracted 
from ECG signal using QRS detector program [7][8]. 
The considered features were: 

 Mean of RR-interval, 
 Standard deviation RR-interval, 
 The NN50 measure (variant 1), defined as the 

number of pairs of adjacent RR-intervals 
where the first RR-interval exceeds the 
second RR-interval by more than 50 ms, 

 NN50 measure (variant 2), defined as the 
number of pairs of adjacent RR-intervals 
where the second RR-interval exceeds the 
first RR-interval by more than 50 ms, 

 Two pNN50 measures, defined as each NN50 
measure divided by the total number of RR-
intervals, 

 the SDSD measures, defined as the standard 
deviation of the differences between adjacent 
RR-intervals, 

 RMSSD measure, defined as the square root 
of the mean of the sum of the squares of 
differences between adjacent RR-intervals, 

 Median of RR-interval, 
 Inter-quartile range, defined as difference 
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between 75th and 25th percentiles of the RR-
interval value distribution, 

 Mean absolute deviation values, defined as 
mean of absolute values obtained by the 
subtraction of the mean RR-interval values 
from all the RR-interval values in an epoch. 

These feature use as an attributes into our multinomial 
logistic regression classifier.  

We conducted experiments to obtain optimal cross 
validation for detecting apnea sleep disorder. As 
performance evaluation we use classification accuracy 
(CA), or confusion matrix.   

A. K-fold 
K-fold cross validation is one of the cross 

validation method which divide dataset into k datasets 
and the holdout method is iterated k times. The cross-
validation K-Fold is the data resulted from the 
observation of the mentioned sub-groups to be K 
which denotes the number of sub-groups.  A sub-
group of data is used for validation and testing and the 
rest sub-group K – 1 is for training process.  The 
mentioned process is repeated for K times with each 
sub-group used one time only. The yield of such 
calculation is the mean value to get the final value. 
The illustration of k-fold cross validation depicted on 
the figure 1. The advantage of this method is that all 
observed data is used either in training or testing 
process. The experiment conducted use 3, 5, 10, 15, 
and 20 folds cross validation.  

B. Repeated Random Sub-sampling (Bootstrapping)  
In the bootstrapping, the data was split into two 

groups, training and testing data with particular 
composition. The data compositions are constructed 
by drawing from the original data randomly. Then, n-
percent of the data used as training data and the 
remaining used as testing data. The experiments used 
50, 60, 70, 80 and 90 percent of data as training data. 

VI. RESULT AND ANALYSIS 

A. K-fold 
The experimental result using various cross 

validation shows that higher fold gives a better 
accuracy result. The experimental result of k-fold 
cross validation depicted on the Figure 2. The highest 
classification accuracy was obtained for the 15 and 20 
folds. The lowest classification accuracy obtained on 
the 3-fold cross validation. In k-fold cross validation, 
the data separated in k groups. The more groups 
formed the number of training and testing data are 
getting significantly different. This would results in 
the condition where the experiment use large number 
of data for training while for testing the system uses 
fewer data.  

Confusion matrix could be use for further analysis. 
The confusion matrix result of this experiment 
depicted on Figure 4. Based on confusion matrix, 
class B always obtains constant recognition in all k-
fold experiments. It means that the recognition of 

class B could not be enhanced in any fold election in 
cross validation. But for class A and N, it can be seen 
that the classification accuracy increases when higher 
k-fold is selected. But for the 15 and 20 folds the 
classification accuracy are saturated. The correct 
prediction of class A in 15 fold is higher than 20-fold. 
Meanwhile, in the class N the correct prediction of 
20-fold is higher than 20-fold. It can be occurs 
because for the composition of training and testing 
data in 15 fold is the best and fittest parameter 
optimization of each attributes for logistic regression 
in class A. Meanwhile for the class B, it can be 
happens because the composition of training and 
testing data in 20 fold is the best and fittest parameter 
optimization of each attributes for logistic regression. 

 

Figure 1 the illustration of k-fold cross validation 
 

Confusion matrix could be use for further analysis. 
The confusion matrix of this experiments depicted on 
fig 4. Based on confusion matrix, the class B always 
obtains constant recognition in any k-fold 
experiments. It means that the recognition of class B 
could not enhanced in any fold election in cross 
validation. But for class A and N, it can be seen that 
the classification accuracy is increased when higher 
number of k is selected. But for the 15 and 20 folds 
we obtained the same classification accuracy. It can 
be analyzed using confusion matrix.  

Table 1. The confusion matrix of 3 (A), 5(B), 10 (C), 15 (D), 20 
(E) fold cross validation 

 
Based on the confusion matrix, the correct 

prediction of class A in 15 fold is higher than 20 fold. 
Meanwhile, in the class N the correct prediction of 20 
fold is higher than 15 fold. Hence, the composition of 
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training and testing data in 15-fold is the best suited to 
parameter optimization of each attribute for logistic 
regression in class A. Meanwhile for the class B, the 
composition of training and testing data in 20 fold is 
the best. 

B. Repeated Random Sub-sampling (Bootstrapping) 
Bootstrapping experimental result shows as the 

percentage of data used for training is higher, the 
better accuracy result. The experimental results of 
bootstrapping depicted on the Figure 3. The highest 
classification accuracy is obtained when 80 percent of 
data are used for training meanwhile the lowest is 
obtained when 50 percent of data are used for 
training. The more data used in training phase, it 
would be increase the performance of system and vice 
versa. The more data training would give better data 
representation of the system results in higher 
classification accuracy. 

However for the 90 percent of data used as data 
training has lower classification accuracy than 80 
percent of data used as data training the more data 
training would bring an over-fitting in regression. 
Generally, increasing the proportion of data used for 
training after suitable model is found would only 
introduce an error or noise rather than a good data 
representation.   

VII. CONCLUSION 
Cross validation is one of the validation methods 

to predict the fit of a model to a prediction validation 
set when an obvious validation set is not available. 
One of the cross validation type is k-fold cross 
validation.  

Based on the experimental result, the higher 
numbers of fold in k-fold cross validation would 
increase the classification accuracy even slightly. But 
after an optimal k is obtained, increasing the 
proportion of training data (by increasing k) will not 
give any difference. On the other hand, the 
bootstrapping experimental results show that up to 
certain proportion, the higher n-percent data are used 
for training might increases the classification 
accuracy. But after this certain proportion is found, 
we can see that the classifier will be degraded due to 
over-fitting between the data and the model to be 
estimated.  In addition, compared to k-fold cross 
validation, bootstrapping give a higher accuracy 
prediction because it gives a more accurate data 
presentation by introducing randomness in selecting 
the training and testing data. 

VIII. FURTHER WORKS 
The apnea disorder detection system is 

continuously becoming an interesting research topic 
that draws many attentions and more applications in 
the future. With the advanced of technology, many 
diseases could be detected and treated early. Other 
approaches can be studied further to increase the 
classification accuracy such as by using more precise 

features in ECG that contains the most information 
and by using other polysomnogram channels. In the 
future, we are planning to examine logistic regression 
not only to detect apnea but also sleep stages. 

 

 
Fig 2 The classifier accuracy in each fold election 

 
Fig 3 the classifier accuracy in each n-percent data used as data 
training 
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Abstract—Even though there are exists some 
arguments which support the observed high 
accuracy of SVM (Support Vector Machines) on 
wide applications, still there exists no theory which 
shows that good generalization performance is 
guaranteed for SVM [1].  Choosing the right 
kernel is one of crucial issues to obtain good 
generalization capability to recognize unseen data. 
In this paper, we try to find the right kernel for 
apnea detection from ECG. The SVM classifier 
receives as its training data thousands of chunked 
ECG data from 35 persons which is labeled by 
medical experts into three categories: heavy apnea, 
borderline or middle apnea, and normal or 
healthy. Then the classifier tests its generalization 
capability when given unknown or untrained 
chunked ECG data taken from other set of 35 
persons. Our experiments show the best applied 
kernel for this data is radial basis function (RBF) 
with configuration of soft margin cost parameter 
C = 32 and gamma = 0.5. This SVM kernel and 
configuration obtains classification accuracy of 
77% on training dataset and 54% on testing 
dataset. Other issue related to the observed 
overfitting by each kernel is also discussed. 

I. INTRODUCTION 
leep apnea or apnoea, a serious sleep disorder, is a 
sleep-related breathing disorder that is commonly 

defined as the cessation of breathing during sleep [2].  
There are three major categories of sleep apnea 
defined by clinicians – obstructive, central, and mixed 
sleep apnea [3]. In obstructive sleep apnea (OSA), 
breathing is interrupted by a physical block to air flow 
during respiratory effort, commonly indicated by 
snoring. In central sleep apnea (CSA), breathing is 
interrupted by a lack of respiratory effort. Mixed 
sleep apnea is a combination of obstructive and 
central sleep apnea. 

An individual with sleep apnea is rarely aware of 
having difficulty breathing, even upon awakening. 
Sleep apnea is recognized as a problem by others 
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witnessing the individual during episodes or is 
suspected because of its effects on the body. As one 
of sleep disorder, sleep apnea is important to be aware 
because it may lead to many serious problems i.e. 
high blood pressure, depression, diabetes, stroke, 
heart failures, and many more. 

The most common method of detection of sleep 
apnea is polysomnogram [2]. Polysomnogram test is 
relatively costly because it includes many recording 
procedures: the recording of electroencephalogram, 
electroocuogram and electromyogram to determine 
sleep stages; oronasal airflow, chest wall and 
abdominal wall movements for respiratory effort; 
oxygen saturation to monitor the effect of respiration 
and the electrocardiogram (ECG) for heart rate 
monitoring and arrhythmia detection [4]. Typically, 
diagnosis process using polysomnogram require a full 
night’s sleep observation in a dedicated laboratory 
(sleep laboratory) before a diagnosis is made. 

Since the polysomnogram test is relatively costly, 
sleep apnea may widely are not diagnosed. Since 
sleep apnea diagnosis is important then we need some 
techniques providing a reliable identification with 
fewer and simpler measurements. Unnecessary to the 
needs for a specialized sleep laboratory may be of 
benefit. For those reasons, many studies on sleep 
apnea detection have been done using widely used 
measurement that is electrocardiogram (ECG) 
recording. 

As explained before, the type of apnea has been 
defined. This condition encourages many researchers 
to consider sleep apnea detection as one of 
classification problem. In order to tackle this problem, 
many classification techniques are employed on 
supplied ECG recording data. In [3], the sleep apnea 
detection is done by developing classifier based on 
linear discriminant (LD) model and quadratic 
discriminant (QD) model. Studies on using k-nearest 
neighbor (kNN) method, QD, and SVM are presented 
in [3, 5, and 6]. 

In this report, we present automation on apnea 
detection from ECG recordings using SVM classifier. 
Our motivation is to find the best suitable SVM 
kernel and its configuration for apnea classification. 
In Section 2, we briefly discuss the SVM concept and 
kernels. Section 3 describes our methodology for this 

SVM Kernels Accuracy and Generalization Capability 
on Apnea Detection from ECG 

Gatot Wahyudi, Muhammad Ivan Fanany, Wisnu Jatmiko, and Aniati Murni Arymurthy  
Laboratorium of Pattern Recognition, Image Processing, and Contennt Based Image Retrieval 

Faculty of Computer Science, Universitas Indonesia  
Email: gatot.wahyudi@ui.ac.id, {ivan, wisnuj, aniati}@cs.ui.ac.id  

S

ICACSIS 2010 ISSN: 2086-1796

171



 
 

work. Finally, we provide some conclusions and 
future works in Section 4. 

II. SUPPORT VECTOR MACHINE 
Support vector machine (SVM) is one of machine 

learning technique from supervised learning category 
which analyzes data and recognizes pattern, widely 
used for classification, regression, and also ranking.  
Discussing SVM as classifier, suppose that D is a 
training data where each data consists of a category 
and set of features, SVM will build a model from the 
training data D to predict whether new unknown data 
falls into one category or the other. Basically, SVM is 
a binary classification but it can be used in multi-class 
problems with extended algorithm. 

More formally, suppose that a predictor variable is 
called an attribute, and a transformed attribute that is 
used to define the hyperplane is called a feature. The 
task of choosing the most suitable representation is 
known as feature selection. A set of features that 
describes one case (i.e., a row of predictor values) is 
called a vector. So the goal of SVM modeling is to 
find the optimal hyperplane that separates clusters of 
vector in such a way that cases with one category of 
the target variable are on one side of the plane and 
cases with the other category are on the other size of 
the plane. The vectors near the hyperplane are the 
support vectors. Fig. 1 presents an overview of the 
SVM process. 

 
When we have two classes of data, the simplest 

way to divide two groups is with a straight line, flat 
plane or an N-dimensional hyperplane. The problem 
occurs when the points are separated by a nonlinear 
region such as shown in Fig. 2. 

SVM performs classification by constructing an N-
dimensional hyperplane that optimally separates the 
data into two groups. Rather than fitting nonlinear 
curves to the data, SVM handles this by using a 
kernel function to map the data into a different space 
(features space) where a hyperplane can be used to do 
the separation. Kernel function allows transformation 
of data into a higher dimensional space to make it 
possible to perform the separation. Using the kernel 
mapping, the SVM models are allowed to perform 

separations even with very complex boundaries 
(complex separations in high dimensions). 

 
For some time, machine learning researchers have 

feared the curse of dimensionality, a name given to 
the widely-held belief that if the dimension of the 
feature space is large in comparison to the number of 
training examples, then it is difficult to find a 
classifier that generalizes well. It took the theory of 
Vapnik and Chervonenkis [7] to put a serious dent in 
this belief. In a nutshell, they formalized and proved 
that if we can achieve a reasonable margin in the 
feature space, then we can expect a reasonably good 
generalization performance, and thereby paved the 
way for methods that map data to very high 
dimensional feature spaces where they then perform 
maximum margin linear separation. Actually, a tricky 
practical issue also had to be overcome before the 
approach could flourish: if we map to a feature space 
that is too high in dimension, then it will become 
impossible to perform the required calculations—that 
is, it would take too long on a computer.  

The effectiveness of SVM largely depends on the 
selection of kernel, kernel's parameters and cost/soft 
margin parameter C. Different kernels will 
accommodate different nonlinear mappings and the 
performance of the resulting SVM will often hinge on 
the appropriate choice of the kernel. The search is 
particularly difficult especially if we want to consider 
combining kernels in convex combinations (a 
continuous optimization problem). More efficient 
kernel selection approaches involve either directly 
manipulating entries of the Gram matrix or, 
alternatively, searching over a convex combination of 
user-specified kernel functions [8, 9]. However, such 
manipulation and combination searching, in our point 
of view, is not more practical than simply search by 
experiments. 

There are many kernels available for SVM but a 
few kernel functions have been found to work well 
for a wide variety of applications. In [4], the 
investigation of choosing the suitable kernel are 
conducted for microarray data classification, found 
that the rule-based approach is most useful kernel. For 
speaker identification application, the polynomial 
kernel is selected as the best kernel [6]. The 

 
Fig. 2.  An example when data separated with non linear line. 

 
Fig. 1.  SVM process: example on two dimensional data. 
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polynomial kernel also has successfully applied on 
obstructive apnea classification [10, 11]. Other kernel 
that also successfully applied on obstructive apnea 
classification is Gaussian kernel [12]. 

III. METHODOLOGY 
Many studies have been applied SVM model on 

apnea classification or detection [4, 5, and 6]. Those 
studies show that SVM can perform well 
classification on apnea based on information of ECG 
recording. Different from the previous works, our 
study on SVM focus on the process of kernel 
selection for SVM, its parameters configuration, the 
dataset and features of ECG recording. 

A. Dataset 
The datasets used in this study can be divided into 

training and testing dataset. Each dataset consists of 
35 ECG recordings from 35 different persons. Each 
ECG recording consists of minute-by-minute 
recording data. The training dataset consists of 16.907 
recordings and the testing dataset consists of 17.164 
recordings. The data is obtained from PhysionNet 
[13]. 

Each dataset consists three classes of apnea: heavy 
apnea (A), medium apnea (B), and normal (N). The 
class composition of training dataset are A = 6.240 
(36.91%); B = 252 (1.49%); and N = 10.415 
(61.60%). The class composition of testing dataset are 
A = 10.684 (62.25%); B = 1.499 (8.73%); and N = 
4.981 (29.02%). 

B. Feature Sets 
The dataset classifications were provided for one-

minute segments of data. So, the features were 
generated for each of these one-minute segments. 
Each one-minute segment of ECG recording consists 
of 11 features or attributes as follow: 

• Mean of RR interval 
• Standard deviation of RR interval 
• NN50 v1: first variant of NN50, defined as the 

number of pairs of adjacent RR-intervals where 
the first RR-interval exceeds the second RR-
interval by more than 50 ms 

• NN50 v2: second variant of NN50, defined as 
the number of pairs of adjacent RR-intervals 
where the second RR-interval exceeds the first 
RR-interval by more than 50ms 

• pNN50 v1: NN50 v1 divided by the total 
number of RR-intervals 

• pNN50 v2: NN50 v2 divided by the total 
number of RR-intervals 

• SDSD: the standard deviation of the differences 
between adjacent RR-intervals 

• RMSSD: square root of the mean of the sum of 
the squares of differences between adjacent RR-
intervals 

• Median: median of RR interval 
• IQR: inter-quartile range, defined as difference 

between 75th and 25th percentiles of the RR-
interval value distribution 

• MAD: mean absolute deviation value, defined as 
mean of absolute values obtained by the 
subtraction of the mean RR-interval values from 
all the RR-interval values in an epoch 

C. Classifier Model 
Since the focus of this work is about kernel 

selection of SVM, we include in the selection, three 
of four common SVM kernels: radial basis function 
(RBF) kernel, linear kernel, and sigmoid kernel. We 
do not include the polynomial kernel into selection 
process since it cannot gains promising running time 
during our preliminary experiments. 

In order to select the best kernel for SVM, we do 
various experiments using each kernel to seek the best 
parameters configuration to produce SVM model. 
Each SVM model is employed to do classification on 
both training and testing dataset. The best 
configuration of each kernel then compared to obtain 
the best kernel with the best configuration. 

Consider to each SVM kernel which has different 
parameters, we perform different searching of 
parameters values. For RBF kernel, we try to find the 
best configuration of two parameters namely cost (C) 
and gamma (g). We also applied this searching of 
parameters on sigmoid kernel. Finally, we search only 
one parameter configuration for linear kernel that is 
cost (C). 

We use the widely used SVM library namely 
LIBSVM [14], included in a widely used of open 
source machine learning tools, WEKA (Waikato 
Environment for Knowledge Analysis) [15]. We start 
to search the best parameter value configuration from 
the default configuration setting. The next step is to 
modify the parameters values using progressive or 
digressive method. After multiple runs of experiment 
with different parameter configuration, it leads us to 
find the best parameter configuration among all 
observed parameters values. 

D. Classifier Performance Evaluation 
Classifier performance has been estimated using 

the cross validation scheme [16]. Due to the size of 
dataset, performing cross validation scheme will cost 
on very high running time, so we do not use this cross 
validation scheme in this work. For each SVM model 
constructed by the training process, we apply the 
model to classify the training data itself in order to 
obtain the classification accuracy. The model then 
also applied to the testing data to obtain the 
classification accuracy.  

IV. EXPERIMENTAL RESULT 
Our experiments employ multiple run of SVM 

using different kernel and parameter configuration. 
We run the experiment under the same hardware 
using Intel i5 2.27GHz processor, 4GB memory; and 
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use Windows 7 Ultimate 64-bit as operating system. 
The result of experiment for each kernel is shown in 
Table I, II, and III. The order number of experiment 
does not represent the order of run of experiment but 
only ordering based on parameter value. 

 

 
Table I show the result of experiment using RBF 

kernel on SVM. Starting with small value of C = 0.5 
with g = 0.001, the classifier model only gains the 
lowest accuracy about 62.5603% on training and 
29.1074% on testing dataset. Increasing the gamma 
value to g = 3 on the same value of C = 0.5 produces 
better accuracy both on training and testing 
(70.7518% and 42.9620%). Increasing the value of C 
up to 64 result on better accuracy on the training 
dataset but the accuracy is down for value of C that 
higher than 64. The best accuracy on the training data 
is 85.5918% with C = 64. But, the model that has the 
highest accuracy on training dataset not always 
produces the highest accuracy on testing data. When 
the accuracy of model on training reaches 85.5918%, 
it only gains accuracy of 52.6451% on testing dataset. 
It means that the higher value of C may lead the 
model to overfitting condition beside the 
computational time growth. Finally, we have the best 
parameter configuration while C = 32 and g = 0.5. 
This model can gain the highest accuracy of 

54.3347% on testing dataset although its accuracy on 
training dataset is only 77.8435%. 

 
As shown in Table II, the value of gamma is 

always N/A, since the linear kernel only accepts the 
cost parameter only. Previously, we scheduled to do 
about ten times of experiments but actually we 
employ the linear kernel for three times only. We stop 
the fourth experiment since the model building 
process is still not complete after more than 30 
minutes for value of C = 4. So, we also abort the next 
experiment using parameter of C > 4. From the three 
conducted experiments, we have C = 4 as the best 
parameter setting for linear kernel, produce accuracy 
of 57.3372% on training dataset and 46.7374% on 
testing dataset. Besides, it also has the highest cost on 
the computational time to building the model, about 
432.19 seconds or about 7 minutes. 

Result for sigmoid kernel shows that the higher 
value of C also lead to overfitting condition, means 
the accuracy of the model is better when applied to 
training dataset but not for testing dataset, see Table 
III. Considering the behavior of C, we do not attempt 
to do experiment for value of C > 4. Finally, we found 
C = 0.5 and g = 0.1 as the best parameter 
configuration for sigmoid kernel. The configuration 
can gain classification accuracy of 57.3372% on 
training dataset and 46.7374% on testing dataset. 

Collecting the best configuration from each kernel, 
we have a classification accuracy comparison as 
shown in Table IV. Finally, we have radial basis 
function (RBF) kernel as the kernel among three 
available kernels in experiment. Using the 
configuration of C = 32 and g = 0.5, RBF kernel gain 
the best classification accuracy of 77.8435% on 
training dataset and 54.3347% on testing dataset. 
Moreover, the RBF kernel also has the lowest 
computational time needed to build the classified 
model. 

In Table V, we present the detail of classification 
accuracy of RBF kernel on each class of sleep apnea. 
The model has the best accuracy about 89.40% when 
classify the class N of sleep apnea both on training 

 
TABLE II 

EXPERIMENT WITH SVM USING LINEAR KERNEL 

Run-th 
Parameters Training Testing 

C g Time (s) CA (%) CA (%) 

1 0.5 N/A 87.00 68.0310 32.9208 
2 1 N/A 82.34 71.2427 44.2088 
3 4 N/A 432.19 72.9343 47.8735 
4 N/A N/A N/A N/A N/A
5 N/A N/A N/A N/A N/A
6 N/A N/A N/A N/A N/A
7 N/A N/A N/A N/A N/A
8 N/A N/A N/A N/A N/A
9 N/A N/A N/A N/A N/A

10 N/A N/A N/A N/A N/A

C = Cost, g = gamma, CA = Classification Accuracy, N/A = Not 
Available 

 
TABLE III 

EXPERIMENT WITH SVM USING SIGMOID KERNEL 

Run-th 
Parameters Training Testing 

C g Time (s) CA (%) CA (%) 

1 0.05 0.1 52.14 56.8108 45.7702 
2 0.1 0.1 53.39 56.9941 45.9974 
3 0.5 0.1 53.92 57.3372 46.7374 
4 0.5 1 59.12 51.5408 23.6949 
5 1 0.01 61.38 44.9281 44.0399 
6 1 0.1 55.14 57.1598 36.2129 
7 1 0.5 58.73 50.8724 24.2892 
8 4 4 73.25 61.6017 29.0200 
9 N/A N/A N/A N/A N/A 

10 N/A N/A N/A N/A N/A 

C = Cost, g = gamma, CA = Classification Accuracy, N/A = Not 
Available 

 
TABLE I 

EXPERIMENT WITH SVM USING RBF KERNEL 

Run-th 
Parameters Training Testing 

C g Time (s) CA (%) CA (%) 

1 0.5 0.001 62.59 61.5603 29.1074 
2 0.5 3 94.37 70.7518 42.9620 
3 3 0.1 72.26 72.5143 47.9958 
4 16 0.5 89.09 76.8380 53.7986 
5 32 0.5 91.52 77.8435 54.3347 
6 32 4 126.00 80.7535 53.3384 
7 32 8 136.21 82.6758 40.1354 
8 64 8 192.67 85.5918 52.6451 
9 128 4 170.55 84.6158 53.1636 

10 256 4 139.57 80.5288 40.0420 

C = Cost, g = gamma, CA = Classification Accuracy 
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and testing dataset. The accuracy of the model also 
still good when classify the class A on training 
dataset, about 74.80, but the similar accuracy for 
testing dataset is not achieved since the model only 
has 45.60% of accuracy. Unfortunately, the model 
cannot gain significant accuracy on class B where the 
accuracy for both training and testing is less than 5%. 

 

 
The failure of the model to gain significant 

accuracy on class B of sleep apnea may be caused by 
the imbalance composition of class B, both in training 
and testing data. As mentioned in Section 2.B, the 
proportion of class B is only 1.49% in training set and 
8.73% in testing dataset. We suspect the small 
number of class B may affect to the model accuracy. 
This might explains that as for the area under ROC 
curve (AUC) evaluation, even though the 
classification accuracy of recognizing pattern A and 
N are much higher than pattern B, but they also 
categorize in higher number of false positives. 

V. CONCLUSION 
In this study, we experimentally showed that the 

best kernel for apnea detection from ECG data both in 
terms of classification accuracy and generalization 
ability is the RBF kernel. Further study on more 
balance data set for training and testing is necessary 
to confirm this result. More efficient kernel selection 
approaches involve either directly manipulating 
entries of the Gram matrix or, alternatively, searching 
over a convex combination of user-specified kernel 
functions is also necessary. 
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TABLE V 

CLASSIFICATION ACCURACY OF RBF KERNEL 

Apnea 
Class 

Training Testing 

CA (%) ROC (%) CA (%) ROC (%) 

A 61.60 74.80 45.60 66.70 
B 4.40 52.20 0.10 50.00 
N 89.40 75.70 89.40 65.80 

A = heavy apnea, B = medium apnea, N = Normal, CA = 
Classification Accuracy, ROC = Receiver Operating Characteristic 

 
TABLE IV 

COMPARISON OF ACCURACY ON SVM KERNELS 

Kernel 
Parameters Training Testing 

C g Time (s) CA (%) CA (%) 

RBF 32 0.5 52.14 77.8435 54.3347 
Linear 4 N/A 432.19 72.9343 47.8735 
Sigmoid 0.5 0.1 53.92 57.3372 46.7374 

C = Cost, g = gamma, CA = Classification Accuracy, N/A = Not 
Available 
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Abstract—This paper presents regression model to 

detect apnea sleep disorder by using principal 
component regression (PCR). We try to model linear 
correlations between 11 input features, which are 
statistical values extracted from heart beat intervals in 
ECG (electrocardiogram) data records, and the AHI 
(apnea hypoapnea index) that categorize a patient into 3 
levels (heavy apnea, middle apnea, and normal). The 
result shows that the RMSE and correlation value R 
approximately reach 16,336 and 79.5% respectively. 
This  shows that based on linearity correlation 
assumption, we can have highly confident prediction for 
AHI> 30 (heavy apnea). Whereas the prediction of lower 
index features correspond to  middle apnea and healthy 
people are found as less predictable. We analyze the 
presence of  multicollinearities between features using 
PCR and found that using only 10 best features would  
sufficient for the apnea detection.  

I. INTRODUCTION 

HE problem of predicting a real-valued or 
continuous target feature has been attracting a 

great deal of interests in machine learning and data 
mining communities. Multiple linear regression 
(MLR) is a method to model the linear relationship 
between a dependent (output) variable and one or 
more independent (input) variables. After we obtained 
the model or parameters, which is known as 
calibration process, we can predict the value of the 
dependent variable for any values of the independent 
variable, which is known as prediction or estimation 
process. MLR is based on least squares, i.e., the model 
is fit such that the sum-of-squares of differences of 
observed and predicted values is minimized. Even 
though its prediction accuracy is not accurate when 
underlying relationships between input and output 
variables are nonlinear, MLR is probably the most 
widely used prediction method due to its simplicity 
where the result is easy to understand.  

In the process of evaluating the relation between 
dependent and independent variables, especially 
where the observed independent variables are actually 
some statistical variables (mean, median, modus, 
standard deviation, or time series analysis results) 
obtained from one sensor such as ECG, the problem 
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often encountered is that of multicollinearity, or high 
correlation among the independent variables in a 
regression equation. Such multicollinearity makes the 
regression coefficient incapable of correctly 
identifying the true contributors to the target or the 
dependent variable. PCR combines linear regression 
and principal component analysis. It establishes the 
relationship between the dependent variable and the 
selected principal components of the independent 
variables, which allows the transformation of a set of 
correlated variables into an equal number of 
uncorrelated variables. 

In this paper, we perform principal regression 
analysis on the relation between statistical features of 
heart beat intervals as independent variables to the 
apnea  hypoapnea index (AHI) as dependent variable.  
The AHI is categorize each ECG records obtained 
minute by minute during sleep into 3 classes (heavy 
apnea, middle apnea, or normal). Using PCR we can 
detect multicollinear variables and select only features 
which truly contribute linearly to the AHI value 
prediction.   

II.   OBSTRUCTIVE SLEEP APNEA (OSA) 
 Many researchers have done the detection of OSA 
based on only ECG (Electro Cardiogram) signal relies 
on the abnormalities in the heart rate variability, 
which is related to the periodic cycles of breathing 
cessation and restoration. [1] analyzed ECG's features 
related to 5 minutes duration to estimate auto-
correlation function (ACF), partial auto-correlation 
function (PACF), and power spectral density (PSD) 
between normal sleep and OSA. [2] presented the 
method to diagnose OSA by employing the Hilbert 
transformation of the sinus inter-beat interval time 
series from single-lead ECG signal. [3] introduced the 
automatic processing of the ECG to detect OSA, and 
used classifier which is based on linear and quadratic 
discriminants. 
 Terminology of apnea takes from Greek word, 
which means “without breath” [1]. Sleep apnea affects 
the way breath when sleeping. In untreated sleep 
apnea, breathing is briefly interrupted or becomes 
very shallow during sleep. These breathing pauses 
typically last between 10 to 20 seconds and can occur 
up to hundreds of times a night. As air flow stops 
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during a sleep apnea episode, the oxygen level in 
blood drops. And brain responds by briefly disturbing 
sleep enough to kickstart breathing—which often 
resumes with a gasp or a choking sound. 
 Apnea consists of 3 types, namely: Obstructive 
sleep apnea, Central sleep apnea, Complex sleep 
apnea. Of these, Obstructive sleep apnea (OSA), the 
periodic cessation of breathing during sleep due to 
intermittent airway obstruction, is most common, and 
accurs in approximately 2 percent of women and 4 
percent of men over the age of 35. It is also a 
frequently undiagnosed condition affecting million of 
people in the worldwide, and is associated with 
increased morbidity and mortality.  
  The best way to diagnose OSA is by using 
polysomnographic, which requires overnight 
monitoring of the patient in a specially equipped sleep 
laboratory. Because of the expense and 
inconvenience, and time consuming procedure, an 
effective and low cost, and simple technique for 
detection of OSA is highly desirable. 
 The AHI is the parameter recommended by the 
American Academy of Sleep Medicine (AASM Task 
Force, 1999). AHI was calculated based on the 
frequency of occurrence of sleep disordered 
respiration (apnea or hypoapnea) within one hour. 
AHI values> 15 are categorized as heavy sleep apnea, 
AHI value range 5-15 included in the category of 
borderline or mild apnea, while AHI <5 categorized as 
normal or control [5]. 

III. DATABASE AND FEATURES SET 

A. Database 
 The database of ECG signals is taken from 
PhysioNet. The database was used in Computers in 
Cardiology Conference Challenge. It consists of 70 
recordings, containing a single ECG signal digitized at 
100 Hz with 12-bit resolution, continuously for 
approximately 8 hours (individual recordings vary in 
length from less than 7 hours to nearly 10 hours). 
Each recording includes a set of reference 
annotations, one for each minute of the recording, 
indicate the presence or absence of apnea during that 
minute. These reference annotations were made by 
human experts on the basis of simultaneously 
recorded respiration signals. 
 The subjects of these recordings are men and 
women between 27 and 63 years of age, with weights 
between 53 and 135 kg (BMI between 20.3 and 42.1); 
AHI ranges from 0 to 93.5. For classification purposes 
we divide 70 record into two groups, training data 
(A01-A35) and testing data (X01-X35), each consist 
of 35 records with 20 records with AHI> 15 
(Category A: patients with sleep apnea), 5 records 
with 5 ≤ AHI ≤ 15 (category B: patients with 
borderline / mild apnea), and 10 records with AHI <5 
(category N: normal).  

B. Feature Sets 
 In this study we analyze the collinearity of the 
following features:   

• mean and standard deviation RR-interval 
• the NN50 measure (variant 1), defined as the 

number of pairs of adjacent RR-intervals where 
the first RR-interval exceeds the second RR-
interval by more than 50 ms 

• the NN50 measure (variant 2), defined as the 
number of pairs of adjacent RR-intervals where 
the second RR-interval exceeds the first RR-
interval by more than 50 ms 

• two pNN50 measures, defined as each NN50 
measure divided by the total number of RR-
intervals 

• the SDSD measures, defined as the standard 
deviation of the differences between adjacent 
RR-intervals 

• the RMSSD measure, defined as the square 
root of the mean of the sum of the squares of 
differences between adjacent RR-intervals 

• median of RR-interval 
• inter-quartile range, defined as difference 

between 75th and 25th percentiles of the RR-
interval value distribution 

mean absolute deviation values, defined as mean of 
absolute values obtained by the subtraction of the 
mean RR-interval values from all the RR-interval 
values in an epoch. 

IV. REGRESSION MODEL 
The purpose of regression models, also known as 

explanatory models, is to identify a functional 
relationship between the target variable and a subset 
of the remaining attributes contained in a dataset. 
Thus, their goal is twofold. On one hand, regression 
models serve to highlight and interpret the 
dependency of the target variable on the other 
variables. On the other hand, they are used to predict 
the future value of the target attribute, based upon the 
functional relationship identified and the future value 
of the explanatory attributes. Therefore, the 
development of a regression model allows one to 
acquire a deeper understanding of the phenomenon 
analyzed and to evaluate the effects determined on the 
target variable by different combinations of values 
assigned to the remaining attributes. This subject is of 
great interest, particularly for analyzing those 
attributes that are control levers available to effective 
decision. 

 Suppose we are given a dataset D composed of m 
observations and n + 1 attributes, among which we 
distinguish a target variable and n other variables that 
may play an explanatory role with respect to the 
target. The target attribute is also called the dependent 
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variable, response or output, while the explanatory 
variables are also termed independent variables or 
predictors. The independent variables of each 
observation may be represented by a vector xi , 
i�M , in the n-dimensional space �n

, while the 
target attribute is denoted by yi . For the sake of 
conciseness, we will write the m vectors of 
observations as a matrix X having dimension m × n, 
and the corresponding m-dimensional vector 
associated with the target variable as 
y= �y1, y 2,� , ym�. Finally, let Y be the random 

variable that represents the target attribute and 
X j , j�� , the random variables associated with the 

explanatory attributes.  
Regression models conjecture the existence of a 

function f :�n� � that expresses the relationship 
between the dependent variable Y and the n 
explanatory variables X j :  

 
 Y = f �X 1, X2, � , Xn�.      (1) 

In general, the process of identifying the function f , 
called a hypothesis, can be divided into two sequential 
phases. First, a choice is made of an adequate 
class F of hypotheses which must fulfill two 
conflicting requirements clearly and rigorously 
defined within statistical learning theory. On the one 
hand, the class must be broad enough to allow the 
identification of an accurate relationship between the 
target and the independent attributes, in order to 
guarantee small errors in explaining past data. On the 
other hand, it must be narrow enough to guarantee 
good generalization capability in predicting the target 
variable of new future observations. Considering these 
conflicting needs, the most popular classes of 
hypotheses consist of simple and parametric 
functional relationships of linear, quadratic, 
logarithmic and exponential nature. In the second 
phase, once the class of hypotheses F  has been 
established, the value of the parameters defining the 
specific function f within the class F  is determined 
through the solution of an optimization problem 
appropriately formulated. 
 Linear regression models represent the most widely 
known family of regression models and are based on a 
class of hypotheses consisting of linear functions. A a 
consequence, the function relation of (1) reduces to 

 

Y=w1 X1+w2 X2�� +wn Xn+b=∑
j=1

n
w j X j+b   

    (2) 

For multiple linear regression models, the n + 1 
parameters w j and b  tha identify the hyperplane 

expressing the linear relationship in the space �n
can 

be derived by the least squares principle, through the 
minimization of the sum of squared errors. If 
e= �e 1,e 2,� , em�denotes the vector of the residuals 

associated with the m pairs of observations xi , y i (xi , 
yi ), the n equalities  

 

 yi =w1 xi1+w2 xi2�� +wn xin+b+ei ,�M,
   (3) 

must hold. Assume that the matrix X  associated 
with the original dataset has been modified by placing 
to the left an m-dimensional column vector with all 
components equal to 1, and denote by 
w= �b , w 1,w 2,� , w n� the vector of the slope 

regression coefficients, extended in turn to the left 
with the intercept b. We can therefore reformulate 
equalities (3) in matrix notation as 

 
 y= X w�e.      (4) 

Hence, the sum of squared errors can be expressed 
as  

        SSE=∑
i= 1

m
ei

2=�e�=∑
i=1

m

�yi− wT xi�2    

=�y− Xw�T �y− Xw�                        (5) 

the SSE is a convex quadratic function posessing a 
unique minimum point that can be calculated 
analytically by setting equal to zero the partial 
derivatives evaluated with respect to the components 
of the vector w : 

 

 
∂ SSE
∂w

= − 2 XT y+2 XT Xw=0      (6) 

We obtain the normal equation, expressed in matrix 
form: 

 XT Xw= XT y      (7) 

where the solution is uniquely determines the value of 
the n+1 regression coefficients  

 
 �w= �XT X �− 1 XT y        (8) 

provided that the matrix �XT X �is invertible. We can 
easily derive the values of response variable Y 
predicted by the model, also termed fitted values, as 

 
 �y= X �w= �X �XT X�− 1 XT�y= H y ,        (9) 

where H= �X�XT X�− 1 XT�is called the hat matrix, 
which has the properties of being symmetric and 
idempotent. The matrix H allows the residuals to be 
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expressed as  
 

 e= y− �y= �I− H �y .        (10) 

In most applications, the development of a multiple 
regression model is a complex matter, involving the 
identification of the most appropriate predictors to be 
actually included into the model, starting from the 
whole set of available explanatory variables. 
 Two importat problems often plagues the linear 
regression analysis: (1) Linear assumption when the 
actual relationship between dependent and 
independent variables is non-linear; (2) 
Multicollinearity between the explanatory variables 
which are supposed as independent between one 
another.  Principal Components Analysis  (PCA) is 
one solution to avoid the multicollinearity problem.  
Basically, this analysis is intended to simplify the 
observed variables or features in a way to shrink 
(reduce) the dimension or the number of 'important' 
features. This is done by eliminating the correlation 
between independent variables through transformation 
of the independent variables into a set of new 
variables that do not correlate at all which is 
commonly referred to as the main components 
(principal components). After a few principal 
components obtained, then these components become 
a set of new independent variable that will be 
regressed or analyzed  in predicting the value of the 
dependent variable  using regression analysis  [7].  

There are several ways of finding the principal 
components of A= �XT X �matrix. One possibility is 
to apply the SVD method to A , writing the reduced 
form of SVD as follows 

 
 A= UDP T

                  (11) 

T= UD        (12) 

where : 

A : Centered n × k data matrix 
U : Unitary matrix n x n 
D : Diagonal matrix correspond to singular 

values ( )  n x m 
T : Score matrix  
P : Loading matrix consists of columns of 

normalized eigen vectors  m x k 
 
The basic idea in Principal Components Regression 

(PCR) is that after choosing a suitable value for g, the 
important features of X have been retained by T g  [6]. 
Then perform the multiple liner regression (MLR) 
with  T g in place of X for an n × m calibration data 
matrix Y  

Y = T gC�e.                   (13) 

Where in this paper Y is related to the vector of apnea 
hypopnea Index (AHI). The least squares method then 
gives coefficient of regression �C as follow 

�C= �T g
T T g�

− 1T g
T Y             (14) 

So in the development of prediction models using 
principal component regression, the most decisive 
factors are the score matrix T g  and coefficient of 
regression �C , while loading matrix P g   in fact no 
significant effect on models. But loading vector that is 
formed to present an anomaly have a strong influence 
on observed features. 

Consider a new sample z i and a predicted value 
�y (both uncentered), and let �x  and �y be the 

calibration sample averages. Then the prediction takes 
the form 

 
�y= �y�z− �x�P g

�C                 (15) 

The matrix P g
�C is called the regression matrix. To 

determine how many eigen values to be used in the 
model, then we need to observe all eigen values and  
calculate the minimum of RMSE. Then we select only 
the highest values of eigen values that cause little 
effect on the RMSE.  

V. RESULTS AND DISCUSSION 
Figure 1 shows the best eight of the training set 

validated using 6,545 random subsampling or 
bootstrapping cross validation, to find the smallest 
RMSE value by simulating different number of  
principal components (PC). It is shown in the figure 
that the lowest RMSE value was reached if we use 10 
of 11 PCs (with one value reached approximately 
99.00%). Consequently, we use 10 of PCs to develop 
prediction models for AHI using PCR. 

Figure 2 shows the calibration model using PCR to 
search the lowest RMSE, and the highest correlation 
value R. From this model calibration we perform a 
regression of coefficient and loading matrix associated 
with 10 number of PC, that is shown in Table 1. 
Furthermore, the best loading matrix and coefficients 
of PCR is used to validate the model for all available 
samples. We use the loading matrix to transform the 
sample data matrix into a score matrix without having 
to employ SVD matrix factorization. 

Figure 3 shows loading vectors associated with 3  
PCs, and illustrates the anomaly of some features 
(NN50v1, NN50v2, and pNN50v), which can be 
interpreted that these features have a significant role 
in determining the value of AHI. 

Figure 4 shows that when using all samples, the  
RMSE = 16.336 and R = 0.795. This figure shows 
that the model developed using PCR (with 10 PC) can 
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effectively predict with good value those features 
which belongs to severa apnea category (AHI> 30). 
Whereas, the category of moderate (AHI = 15-30) and 
mild (AHI <5) are relatively unpredictable, because 
this model still has a RMSE value or a tolerance of +/- 
16.336. 

VI. CONCLUSION 
This paper presents principal component regression 

(PCR) analysis on automatic apnea detection from 
ECG signals.  The PCR analyzes the co-linearity and 
correlation among features. Such analysis is very 
beneficial for a better understanding of different 
sources of variation. It is important to find principal 
components that contain most of the information. 
Unfortunately, the extracted principal components my 
be highly sensitive to anomalous observations. 
Therefore, data reduction based on classical PCR 
becomes unreliable if outliers are present in the data.  
In the future, we plan toincrease the prediction 
accuracy for midle and healthy persons by including 
more data from those categories. We also plan to 
extend this work into a robust PCR to obtain principal 
components that are not influenced much by outliers. 
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Fig. 1.  The best eight training set to find optimum PC number. 

 
 
 
 
 
 
 
 
 
 
 
 

Fig 3. Loading value 

Fig 4. Validation model using all samples 
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TABLE I 
THE BEST LOADING MATRIX AND COEFFICIENTS OF PCR ASSOCIATED WITH 10 OF PC NUMBER 

0.0139 0.1008 -0.03951 -0.11693 0.66983 -0.31434 0.24765 -0.57329 -0.17551 0.02081 

0.08634 0.35436 -0.03956 -0.18548 -0.06417 0.02263 -0.70054 -0.10659 -0.49188 0.24873 

-0.74237 0.21379 0.63109 -0.06851 0.00189 -0.00694 -0.00213 -0.00447 0.00252 -0.00525 

-0.62763 0.10904 -0.76497 0.09102 -0.02186 0.00795 -0.0031 0.00531 0.00063 0.00371 

0.09007 0.37483 0.04112 0.41789 0.01268 0.34962 0.22136 -0.11572 -0.18093 0.29135 

0.09202 0.37308 0.01792 0.41351 0.00436 0.33508 0.18847 -0.02337 -0.0228 -0.20788 

0.08303 0.35751 -0.07599 -0.51475 -0.02756 0.12584 0.25354 0.09441 0.42317 0.54886 

0.08347 0.3579 -0.07304 -0.48858 -0.04379 0.08935 0.25574 0.22425 -0.30369 -0.60128 

0.01757 0.10228 0.00128 0.1194 0.70592 0.06563 -0.2692 0.60645 0.16272 -0.02171 

0.09011 0.35968 0.00841 0.26801 -0.20426 -0.79449 0.14429 0.29117 -0.05224 0.09522 

0.09192 0.36229 -0.01507 0.05965 -0.06182 -0.08198 -0.37471 -0.36638 0.62728 -0.37044 
 

TABLE II 
THE BEST COEFFICIENTS OF PCR ASSOCIATED WITH 10 OF PC NUMBER 

0.34113 -1.55441 4.38783 39.22774 -48.2158 -517.612 -668.535 -58.0018 -171.406 -308.714 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2.  The best eight training set to find optimum number of PC. 

Fig 4. Validation model using all samples 
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Abstract—This paper gives a way to construct non-
linear edge detection filters automatically and adaptively
so that the edges detected in different color channels co-
incide with each other. The non-linear filter is constituted
for each color channel as a neural network and trained so
that the zero-crossings of outputs of the neural networks
for different color channels coincide with each other.
Some experiments are conducted and the effectiveness
of the approach is demonstrated.

I. INTRODUCTION

Edge detection is a basic process applied to im-
ages prior to various image processing problems. Al-
though most edge detection techniques are designed
for monochrome images, some are designed for color
images and effectively use the color information to
improve accuracy of edge detection [1] ∼ [24]. For
example, Canny filter, that is known to be one of
the best edge detection filters, is extended to deal
with the three dimensional color information[1][2],
the multi-spectrum information of color images is
directly used for edge detection by Cumani[2], unified
edges[16][17] are synthesized from edges detected in
different color channels[3]. In [20] and [22], the color
information represented as a vector in the color space
is evaluated using the distance measure defined in the
vector space and existing edge detection techniques for
monochrome images are applied to the vector space us-
ing the distance instead of the original pixel values[4].
The pre-processing that reduces the dimensionality of
the color space to one has been developed and a
standard technique for monochrome images is applied
to the images with one dimensional color information.
As such dimensionality reduction methods, clustering
techniques [21] are applied to the color space [5]
and the moment preserving thresholding technique is
developed [6].

Differently from these existing techniques that use
the color information directly to improve the edge
detection performance, the method proposed in this
paper uses the color information indirectly in order
to adjust the parameters of edge detection filters. We
use an edge detection filter for each color channel and
the filters for multiple color channels interact with
each other and modify their parameters. We use the

color information only for the interaction. As far as
we know, this approach is new and we have not found
any related papers.

The discontinuity between the object and the back-
ground happens simultaneously in every color chan-
nel. This means the edge position should coincide
regardless of the difference of the color channels.
The parameters of the edge detection filter for each
color channel are adjusted so that the edge position
computed from its outputs coincides with that given
from the filter of other color channel.

We use a single-layer or multi-layer neural net-
work for the edge detection filter and compute the
edge position as a zero-crossing of the outputs of
the neighboring filters. So the filter is considered to
be a generalized Laplacian filter and can be non-
linear as we use non-linear neuron units to compute
the output. The parameters of the neural network are
adjusted through the interaction with the outputs of the
neural networks of other color channels. A distance
measure to evaluate the difference of edge positions
among different color channels is introduced and the
parameters of the neural networks are adjusted by
using learning algorithms to minimize the distance
measure.

Some experiments are conducted to evaluate the
effectiveness of the proposed method. And it is shown
that the parameters determined using sample images
or sample image areas are effective to improve the
accuracy of edge detection even in other images or
other image areas.

II. EDGE DETECTION WITH SUB-PIXEL ACCURACY:
USE OF ZERO-CROSSING OF INTERPOLATED FILTER

OUTPUTS

The use of zero-crossing of Laplacian-operated im-
ages for edge detection is common and classical tech-
nique widely used for various situations. The merit
of this technique is that edge positions are given
in sub-pixel accuracy by finding zero-crossing of an
interpolated Laplacian-operated image. Determination
of edge position with sub-pixel precision is illustrated
in Fig.1 when the simple linear interpolation is used.
We introduce this merit to our method by representing
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edge positions as zero-crossings of outputs of some
filter. This filter does not have to be Laplacian filter
but something generalized from Laplacian filter and
its parameters are determined by a learning procedure
using sample images.

More specifically, we use a multi-layer neural net-
work for the filter as shown in Fig.2 and Fig.3. The
parameters of the multi-layer neural networks, that
are connection weights and thresholds, are determined
by the learning procedure such as Back Propagation
algorithm so that zero-crossings of interpolated its
outputs can give positions of the edges. If the true
position of edges is known, we can apply a supervised
learning algorithm. However, it is usually very difficult
to find true edge positions and, in addition, the opti-
mum values for the parameters might vary depending
on the illumination conditions. In order to give the
optimum values to the parameters automatically for
each illumination conditions without information on
true edge positions, an un-supervised learning algo-
rithm is developed using the multiple color channel
information.

position

x0

a

b

Pa

Pb

l

Pc

Fig. 1. The principle of detecting edge position with sub-
pixel precision is illustrated using a one-dimensional example for
simplicity. The filter outputs a and b at the position Pa and Pb

are linearly interpolated by the line l. And the zero-crossing of this
line and x-axis Pc gives the position of the edge with sub-pixel
precision.

�c�c

�c�c

Wij

Fig. 2. A single neuron with learning capability can be used as
a substitute for Laplacian filter when we get the filter output in
Fig.1. The filter parameters are represented by connection weights
Wij and a threshold θ and determined by a learning algorithm. The
neuron can be linear or non-linear.

III. UNSUPERVISED LEARNING OF EDGE
DETECTION FILTERS USING MULTIPLE COLOR

CHANNEL INFORMATION

Digital color cameras generally use a Bayer mask
over its array of optical sensors (pixels). As the red,

�c�c

�c�c

�c�cW(1)ij

W(2)ij

Fig. 3. A three-layer neural network with learning capability can
be used as a substitute for Laplacian filter when we get the filter
output in Fig.1. The filter parameters are represented by connection
weights W

(1)
ij , W

(2)
ij , thresholds θ

(1)
i and θ(2). These parameters

are determined by a learning algorithm.

blue and green components of an image are detected
by the pixels located at different positions, an inter-
polation operation is applied in order to get the color
information at the same position. The result of this is
that luminance information is collected at every pixel,
but the color resolution is lower than the luminance
resolution. Although positions of edges detected from
different color channels should be same, if we apply
the standard edge detection method to each color
channel of an image, the positions of the edges are
usually different. Fig.6(b) shows edges detected as
zero-crossings of Laplacian-operated red, green and
blue components of the same image. It is observed
that the edges detected in different color channels do
not coincide and have errors in their positions.

The edge detection method is considered to be more
accurate if it gives closer positions for edges in dif-
ferent color channels when these edges correspond to
the same part of the same boundary in the outer scene.
So the objective of the unsupervised learning can be
the minimization of distance among edge positions
detected in the different color channels for the same
edge.

IV. ALGORITHM OF UNSUPERVISED LEARNING
USING MULTIPLE COLOR CHANNEL INFORMATION

If we use a conventional edge detection filter such
as Laplacian or Sobel filters, the edges originated from
the same position of the same boundary are often
detected at different positions in images of different
color channels as shown in Fig.6(b). This difference
in the edge positions is considered to be caused by
incompleteness of the edge detection filters. In this
paper, we use a multi-layer neural network for edge
detection and determine its parameters such as con-
nection weights and thresholds by applying an unsu-
pervised learning algorithm minimizing the difference
of the edge positions.

The edge position is given with sub-pixel precision
by linearly interpolating the outputs of the neural
networks and finding the zero-crossing of the line
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given by the linear interpolation as shown in Fig.1. The
unsupervised learning proceeds as follows so that the
positions of zero-crossings in different color channels
move closer and coincide if they are originated from
the same edge.

1) STEP 1: Detect edge positions from the image
of each color channel using the conventional
Laplacian and Sobel filters. The masks used for
the Laplacian and Sobel filters are shown in
Fig.4. These masks are convoluted with each
of the images of the red, green and blue color
channels. For the pixel with a large output of
Sobel filter, the outputs of Laplacian filter at
the surrounding pixels are evaluated and, if there
are both negative and positive values among the
outputs, they are linearly interpolated and zero-
crossing position of the line obtained by the
interpolation gives the edge position with sub-
pixel precision.

2) STEP 2: Among the edge positions detected in
STEP 1 for each of the three color channels, find
the set of edge positions resulting from the same
edge. Each image of the red, green and blue
color channels is scanned. And the pixel with a
zero-crossing inside and a large value of Sobel
filter output is chosen as a reference pixel and
the position of zero-crossing inside it becomes
the reference point. The zero-crossings within
the distance of one-pixel-size from this reference
point in other color channels are considered to
be resulting from the same edge.

3) STEP 3: Set the target for the learning of multi-
layer neural network. For each set of edge
positions found in STEP 2, the zero-crossings
specifying the edge positions are averaged over
the set with the weight of Sobel outputs as
follows:

ẑc =
Mr ∗ zcr + Mg ∗ zcg + Mb ∗ zcb

Mr + Mg + Mb
(1)

where indexes r, g and b means the red,
green and blue channels respectively. M =√

Sb2
x + Sb2

y where Sbx and Sby are the out-
puts of the horizontal and vertical Sobel filter
respectively. zc is the position of zero-crossing.
This averaged zero-crossing is used as the target
for the learning of the multi-layer neural network
at each pixel.

4) STEP 4: Train the neural network for the tar-
get given in STEP3. The values for connection
weights and thresholds of the multi-layer neural
are determined by Back-propagation learning
algorithm so that, when linearly interpolated, the
zero-crossing of outputs of the neural networks
at neighboring pixels give the averaged zero-
crossing ẑc obtained in STEP 3. Let us explain
the details of the algorithm using an example of
one dimensional case for simplicity. Let a and b

x-direction

Sobel

L aplacian

y-direction

0

0 0 0 0
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Fig. 4. The masks of Sobel and Laplacian filters are shown.

be outputs of the neural networks at neighboring
two pixels. When linearly interpolated, the zero-
crossing of these two outputs is illustrated in
Fig.5 as P0. The position of P0 is computed as
follows.

P0 = Pa +
a

a− b
(Pb − Pa) (2)

where Pb − Pa = 1 as the pixel interval is the
unit of distance. In order for P0 to move to
the target position of ẑc that is denoted PT , the
outputs of the two neighboring neural networks
a and b must change to a′ and b′ that suffice the
following equation.

∆P = PT − P0

=
a′

a′ − b′ −
a

a− b
. (3)

As the solutions for a′ and b′ are not unique
for this equation, we introduce the following
constraint so that the outputs of the neural net-
works change with the same amount for the
neighboring pixels.

a− b = a′ − b′ (4)

From eq.(3) and eq.(4), we can specify the target
outputs (a′, b′) for the neural networks at the two
neighboring pixels as follows.

a′ = ∆P (a− b) + a (5)
b′ = ∆P (a− b) + b (6)

The neural networks are trained by Back-
propagation algorithm for these target outputs a′

and b′.
5) STEP 5: Substitute the output of the neural

network trained in STEP 4 for the output of
Laplacian filter in STEP 1 and repeat the proce-
dure from STEP 1 to STEP 5 until edge positions
converge.

V. EXPERIMENTS

A. Improvement for the training set

As the proposed method does not require the true
edge positions for learning, the learning can be per-
formed for each image changing the parameters of the
edge detection filter for each image. Although the filter
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Fig. 5. The targets of learning a′ and b′ for the outputs of the
neural networks at positions Pa and Pb are computed from their
previous outputs a, b and the required movement of zero-crossing
∆P according to the procedure shown in this illustration. One
dimensional example is shown for simplicity.

can be optimized for each image and the edge positions
in the three color channels can be much close, it
might happen that the edge positions in the three color
channels can be all wrong. In our first experiment,
the multi-layer neural network is trained to be used
for the edge detection filter for each image applying
Back-propagation to determine connection weights and
thresholds in the procedure described by Step 1 to Step
5. The trained neural network is used to detect edges
for the image used for the training. The size of the
mask for the filter defining the number of inputs to the
neural network is 9×9 or 15×15. The number of the
layers of the neural network is 1 or 3. The experimental
results are shown in Fig.6. The edges detected in the
three color channels are indicated with different colors
corresponding to the colors of the channels.

The original color image is shown in (a). The edges
detected by Laplacian-Sobel method are shown in (b).
On the right, a part of the left image is magnified.
The edges detected by the proposed method using a
single layer neural network with 9×9 inputs are shown
in (c). The edges detected by the proposed method
using a single layer neural network with 15×15 inputs
are shown in (d). The edges detected by the proposed
method using a three layer neural network with 9× 9
inputs are shown in (e). The edges detected by the
proposed method using a three layer neural network
with 15× 15 inputs are shown in (f). From the results
shown in Fig.6, in case adaptation of filter happens
for each image, it is observed that the inconsistency
of edge positions among different color channels is al-
most resolved by using a neural network as a substitute
for Laplacian filter and determining its parameters by
Back-propagation algorithm. The single-layer neural
network with the input size of 15 × 15 is almost as
effective as the multi-layer neural network.

B. Cross validation under the same illumination con-
dition

If the same values of parameters are effective even
for a new image that is not used for the training, it is
advantageous to reduce the computational cost and it
can avoid over-learning that can make the edges from

three color channels coincide but all of them differ
from the true edge position. The second experiment is
conducted under the same illumination conditions to
confirm if the neural network trained in a part of an
image is effective in another area.

In order to keep the illumination conditions same,
different areas of the same image is used for the ex-
periment. The number of inputs to the neural network
is 15× 15 and the number of the layers of the neural
network is 1. The experimental results are shown in
Fig.7. The edges detected in the three color channels
are indicated with different colors corresponding to the
colors of the channels.

The original color image is shown in (a). In this im-
age, the area shown in (b) is used for learning. The area
shown in (c), (f) and (i) are not used for the learning
and just used to test if the edges from the three color
channels still coincide using the neural network trained
by the area of (b). The edges detected by Laplacian-
Sobel method are shown in (d), (g) and (j) respectively.
The edges detected by the proposed method using a
single-layer neural network with 15 × 15 inputs are
shown in (e), (h) and (k) respectively. From the results
shown in Fig.7, even with the neural network trained
under the same illumination conditions, it is observed
that edge positions differ in different color channels in
many parts of the areas. However, it is also observed
that edge positions in different color channels coincide
in the test areas if the similar shape of the edges exit
in the area used for the learning. So it is expected that,
if the learning is conducted with the training data with
the edge shapes similar to the test data, the trained
neural network is effective for the test data even under
different illumination conditions.

C. Cross validation under the different illumination
condition

The same scene observed under different illumina-
tions, (a), (b), (c) and (d) of Fig.8, are used for the
experiments to know if the neural network trained
with an image is effective under different illumination
conditions. In this case, the test images contain the
edge shapes similar to the training image.

The experimental results are shown in Fig.9. The
neural network is trained using the image of Fig.8 (a).
Fig.8 (b),(c) and (d) are used as test images. The edges
detected for each color channels by Laplacian-Sobel
method are shown in (a), (c) and (e) with the color
indicating the channel color for the original images of
Fig.8 (b), (c) and (d) respectively. The corresponding
results by the neural network are shown in Fig.9 (B),
(d) and (f) respectively.

From these results, it is observed that, if the training
image contains edge shapes similar to test images, the
neural network gives the consistent edge positions for
the three color channels even under different illumina-
tion conditions.
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(a) (b)

(c) (d)

(e) (f)
Fig. 6. The neural network trained with the original image (a) is applied to the same image. The edges detected by Laplacian-Sobel
method are shown in (b). On the right, a part of the left image is magnified. The edges detected by the proposed method using a single
layer neural network with 9× 9 inputs are shown in (c). The edges detected by the proposed method using a single layer neural network
with 15 × 15 inputs are shown in (d). The edges detected by the proposed method using a three layer neural network with 9 × 9 inputs
are shown in (e). The edges detected by the proposed method using a three layer neural network with 15× 15 inputs are shown in (f).

D. Comparison with Cumani’s method

There are a number of edge detection techniques
using color information [1]∼ [24]. However, among
them, Cumani’s method [2] which is based on
Canny filter has been demonstrating a good perfor-
mance[1],[11],[14]. So we compared our method with
Cumani’s method. In order to know the effectiveness
of color information, its performance is also com-
pared with typical gray-scale edge detection methods.
The required computation time is also compared. As
shown in Fig.10, the proposed method tends to give
sharp edges compared to Cumani’s method. Sufficient
smoothing pre-processing is necessary for Cumani’s
method. On the contrary, the proposed method can
detect edges with minimum smoothing pre-processing,
as it can eliminate the effect of noises by requiring
consistency among edges in multiple color channels.
As a result, the proposed method gives more accurate
edge position compared with Cumani’s method as
shown in (b) of Fig.11. For numerical evaluation,
we used the image generated using a color font as
shown in (a) of Fig.10 as the true edge position is
known for the font image. We can never know the

true edge position for the natural images shown in
Fig.10. The amount of computation is compared in (c)
of Fig.11. The computation time is almost same for
the proposed method and the Cumani’s method. The
gray-scale edge detection methods such as Laplacian
Sobel and Extended Canny are much faster but edge
positions are inaccurate.

VI. CONCLUSION

An edge detection method using a neural network
trained to give consistent edge positions for multiple
color channels is proposed and the effectiveness of
this approach is examined. The experimental results
have shown that the method is effective if the training
is conducted using the image to be processed or if
the neural network is trained using training images
containing edges with shapes similar to those of the
testing images. It is also shown that the proposed
method gives consistent edge positions even under
new illumination conditions. As the proposed method
can reduce the effect of noises without smoothing,
comparative experiments has shown that, it can detect
edges more accurately compared to Cumani’s color
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(a)
(b)

(c) (d) (e)

(f) (g) (h)

(i) (j) (k)
Fig. 7. Areas from the same image (a) are used for training and testing. The original color image is shown in (a). In this image, the area
shown in (b) is used for learning. The area shown in (c), (f) and (i) are not used for the learning and just used to test if the edges from the
three color channels still coincide using the neural network trained by the area of (b). The edges detected by Laplacian-Sobel method are
shown in (d), (g) and (j) respectively. The edges detected by the proposed method using a single-layer neural network with 15× 15 inputs
are shown in (e), (h) and (k) respectively.
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(a) (b) (c) (d)
Fig. 8. Images of the same scene observed under different illumination conditions. The image of (a) is used for training and (b), (c) and
(d) are used for testing.

(a) (b)

(c) (d)

(e) (f)
Fig. 9. The edges detected for each color channels by Laplacian-Sobel method are shown in (a), (c) and (e) with the color indicating the
channel color for the original images of Fig.8 (b), (c) and (d) respectively. The corresponding results by the neural network are shown in
Fig.9 (B), (d) and (f) respectively.

edge detecting method particularly for edges with
sharp corners.
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Abstract—The purpose of this article is to 

introduce an advanced system for the support of 

processing of medical image information, and the 

terminology related to this system, which can be 

an important element to a faster transition to 

a fully digitalized hospital. The system has been 

developing at the Institute of Computer Science of 

Masaryk University since 1998. The goal was to 

establish an open, collaborative environment that 

supports broad cooperation, improves cost-

effectiveness, quality of treatment as well as 

coordinated research and education in the area of 

processing of medical image data. Healthcare 

institutions and faculties of medicine can therefore 

exploit the large potential of databases of medical 

image information being processed in hospitals 

today.  The core of the system is a set of DICOM 

compliant applications running over a dedicated 

computer network. The whole integrated system 

creates a collaborative platform supporting daily 

routines in the radiology community, developing 

communication channels, supporting the exchange 

of information and special consultations among 

various medical institutions as well as supporting 

medical training for practicing radiologists and 

medical students.  It gives the users outside of 

hospitals the tools to work in almost the same 

conditions as in the radiology departments. The 

open system, described in this paper, was from the 

start designed to serve as a reliable and accessible 

communication node and also as an educational 

and research tool available to any hospital or other 

healthcare institution, including medical faculties, 

that participated in the system. 

I. INTRODUCTION 

issemination of medical knowledge, tools 

supporting and assisting in decision making and 

accessing relevant and accurate sources of information 

for scientific research, all enhance the synergy among 

the medical community and play a very important role 

in healthcare and consequently bring benefits to all 

people, particularly the community served. 

 New strategies and new telemedicine scenarios must 

be introduced not only amongst local radiology 

departments but also at the regional and global level. 

The strategies must therefore take into consideration 

local as well as regional and even global aspects.  

A successful system must be fully integrated into 

systems that support daily routine procedures as well 

as integrate into other technologies related to medicine 

[2]. 

 The digital environment, from its very beginning, 

delivers its users many advantages such as increased 

efficiency, cost savings and in particular enhances the 

quality of medical care. Similar large-scale systems 

improving operation-efficiency and cost-effectiveness 

in the delivery of healthcare have been formed around 

the world. 

 The first step is to compare the traditional radiology 

centre, so called film-based, to the advantages of 

a digital environment that supports medical image 

information processing. 

 Many large-scale healthcare enterprises have been 

formed around the world.  The possibilities of current 

ICT enable them to operate in a very efficient and cost 

effective manner even if they are spread over a very 

large area.  Many designs, pilot studies and full 

implementations are underway in Europe as well as in 

the United States and Asia.   

 Image distribution by specially configured 

dedicated computer networks plays the key role in the 

implementation of telemedicine.   

II. TELEMEDICINE AND RELATED TERMINOLOGY 

 The broader term eHealth generally means the use 

of information and communication technologies to 

deliver and administer information and other health 

related data.  The term telemedicine means providing 

healthcare services from a distance and across other 

barriers.  

 There are a lot of different definitions of the term 

eHealth, some of which are confusing and incorrect.  

These definitions have been formulated by 

international organizations such as the World Health 

Organization, the International Telecommunication 

Union and by international consortiums and other 

bodies that try to formulate the policy and create the 

vision for this emerging interdisciplinary field 

covering medical informatics, networking and other 

relevant information and communication technologies 

in the area of health-related activities. 

 PACS (Picture Archiving and Communication 

System) is a system that streamlines image 
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distribution, delivers relevant medical images and 

other related data, including reports describing 

medical findings, throughout the healthcare institution.  

Modern systems are strictly based on the international 

DICOM (Digital Image Communication in Medicine) 

standard so they can be fully integrated into other 

information systems in a hospital. 

 Information object class and service class are two 

basic components of DICOM.  The content of a set of 

images and their relationships are described in the 

information object class definitions.  The operations 

that can be performed with the information objects are 

specified in the service class definition [1]. 

 Many PACS installations are only limited to the 

scope of a particular radiology department or work as 

a repository of single image generating equipment like 

ultrasound, CT or x-ray to capture digital images.  

Effective use of that technology means image 

distribution at least throughout the whole healthcare 

institution.  However the most promising approach to 

exploiting the DICOM based PACS technology is to 

use it at the regional or national level and that way 

support the associated medical processes.  That means 

not only basic support of daily routines in radiology 

departments but also the support of distant 

consultations, digital long-term archiving or 

development of shared knowledge databases for 

research and teaching in this particular area. 

III. RELATED ACTIVITIES 

 Radiologists need a unified language to help them 

organize and retrieve particular cases as well as to tag 

medical images and teaching files with a common 

terminology. Currently they use a variety of 

terminologies and continuously evolving medical 

classifications, but no single lexicon serves all of their 

needs. The most important in medical imaging are 

Systematized Nomenclature of Medicine [22], Lexicon 

for Uniform Indexing and Retrieval of Radiology 

Information Resources [21], Logical Observation 

Identifiers Names and Codes [18] and International 

Classification of Diseases [14]. Medical classification 

systems are used for a variety of applications in 

medical informatics. The above mentioned medical 

classifications also play very important role in our 

research and are incorporated in our solution. 

 IHE (Integrating the Healthcare Enterprise) as an 

initiative of healthcare professionals and industry tries 

to address specific clinical needs in support of optimal 

patient care as well as to improve the way computer 

systems in healthcare share information. Adoption of 

IHE profiles and coordinated use of established 

international standards such as DICOM and HL7 is a 

European trend as well as the best way how to 

formalize processes and structures in the area of 

medical imaging. 

 There are some teaching file applications used by 

radiology educational institutions and leading research 

institutions all around the world. The MIRC (Medical 

Imaging Resource Centre) project, overseen by a 

subcommittee of the RSNA Radiology Informatics 

Committee, allows users to search multiple imaging 

libraries of research data through web MIRC portals. 

 Our system is being developed with respect to 

above mentioned standards and initiatives as well as 

being inspired by successful regional systems like for 

instance the HUSpacs in Finland which is one of 

largest PACS projects in the world. The main idea of 

our research is the integration platform proposal that 

represents a new alternative to the integration of 

existing services and existing DICOM applications in 

this field. It will enable the medical image processing 

to be organised different way. Increasing the efficiency 

of processing can be achieved through greater 

specialization, more efficient diagnosis associated with 

access to the latest knowledge and efficient use of 

expensive equipment capacity and time of medical 

specialists.  

IV. TECHNOLOGIES AND CONCEPTS IN THE AREA OF 

MEDICAL IMAGE PROCESSING 

Most radiology departments using fully digital 

technology have not yet made a complete transition 

from the old image data processing to PACS. In the 

Czech Republic traditional film copies are still widely 

used by radiologists.  However it is difficult and time-

consuming to retrieve needed image studies from filled 

storerooms.    The number of examinations accessible 

via PACS has, however, increased significantly.  

Radiologists are limited by the number of high quality 

workstations equipped with PACS feature display 

technologies.  The amount of archive space and 

bandwidth of hospital computer networks is also a 

limiting factor.  Both the radiologists and the hospital 

administrators however appreciate all the advantages 

of processing the data in digital mode.  Fibre optics, 

phone lines, wireless connections or even satellites can 

be used to access such digital information now.  The 

coexistence of both technologies, so called film and 

film-less, is common in healthcare institutions 

therefore the problems to be solved now are how to 

move the film based images to PACS and the digital 

images from PACS, how to annotate them, how to find 

them, how to identify the patient, the image study, and 

other such problems. 

 There is a revolutionary concept being referred to as 

the concept of electronic patient record where every 

healthcare centre is linked to all the necessary 

information sources.  Medical image studies must be 

incorporated into that record.  All the relevant textual 

as well as image information throughout many 

healthcare information systems must be retrievable.  

The implementation of that concept at a regional level 

is, especially due to many organizational and legal 

barriers, a very difficult task. 

 The system emphasizes sharing of expensive 

medical devices as well as human resources. 
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V. PRINCIPLES 

A. Topology 

 The system is designed as a combination of 

distributed architecture in terms of incorporated 

hospital data centres and centralized architecture as 

the image studies are continuously being sent to the 

long-term broadly accessible archive in the centre.  

The image data from the centre can be queried 

(retrieved) according to predefined rules.  The 

governance of access rights and the administration of 

the shared resources must be solved in close 

cooperation with the teams of experts involved.  The 

core components delivering the services of the centre 

consist of primary installations and secondary 

installations in the distant locality.  The image 

databases as well as all necessary configurations of the 

secondary installations are continuously synchronized.  

In the event of failure of the primary centre the 

continuous availability of the services must be 

achieved. 

 The schema of the system developed at the Institute 

of Computer Science of Masaryk University is 

described at figure 1. 

B. Supportive Computer Network 

 Current ICT as well as existing and developing 

standards enable physicians in the region to deliver 

some services by the computer network.  It means that 

medical specialists from distant specialised 

departments can consult urgent cases or make 

decisions.  It is a concept of expert centres based on 

the practises of telemedicine.  Image studies of every 

patient can be referred to a distant expert centre for a 

primary diagnostic or second opinion.  This way a 

much higher quality diagnosis can be assured.  It is 

obvious that this concept is not achievable by the 

functionalities of conventional hospital information 

systems. 

 There is a large fibre optic cable network owned 

and operated by the universities in the city of Brno, the 

second largest city in the Czech Republic. The 

Figure 1. Schema of Effective Collaboration in the Area of Medical Imaging Systems at Masaryk University 
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development of this network started in 1993. The 

network connects all the major hospitals spread around 

the city.  The ownership of this network provides the 

freedom to establish private connections dedicated to 

advanced applications.   

 One of the main ideas of the dedicated network is 

the following:  the network firewall, which is 

connected by a dedicated fibre optic pair to the centre, 

is in front of a hospital's router/firewall which 

connects the hospital to the Internet.  The 

administrators of the network are allowed to control 

access to the central resources, to monitor status of the 

whole hospital and at the same time allow the 

administrators of the hospital's network to control 

access to their network.  That way everybody controls 

access to the part of the network they are responsible 

for [3].  

 Medicine multimedia data processing is based on 

the DICOM standard.  In the case of a single hospital, 

the problems of user authentication and authorization 

are easily solved.  In the case of a network involving 

several hospitals, authorization can be based on the IP 

address of the requesting computer station inside a 

particular hospital computer network.  With greater 

use of that regional approach the problem of sharing 

the same resources becomes more complicated.  Users 

of the applications need to change locations several 

times a day.  This can be solved by IPSEC technology 

and the use of Public Key Infrastructure to achieve IP 

based authorization to access medical data. 

VI. SYSTEM CHARACTERISTICS 

A. Integration of Medical Imaging Activities 

 Every particular component of the whole system is 

certified so it can be integrated into the hospital 

information system infrastructure of cooperating 

healthcare institutions.  All software tools are strictly 

based on the DICOM standard and could be easily 

incorporated into the already running systems.  The 

tailored specialized software for support of 

communication, research or teaching can also be used 

for routine diagnostic purposes in radiology 

departments. 

 The system links together high requirements for 

original research in this particular area and the efforts 

to create conditions for as broad an approach as 

possible to knowledge databases.  It enables the level 

of involvement corresponding with the capabilities of 

a particular institution.  The existence of this 

collaborative environment makes it easier to qualify 

for grants, which makes the related work financially 

more self-sufficient. 

B. Quality of Health Care & Economic Efficiency 

 It is of great importance to investigate the economic 

efficiency of the above described approach as many 

healthcare institutions face the challenge of 

digitalization of medical image processing and other 

related issues these days.  One example is the price 

comparison between a teleconsultation and a scenario 

where a doctor has to drive to visit a patient.  

Regarding productivity and expenses the advantages 

of the telemedicine activities compared to the 

traditional methods also seem quite clear.  The 

described system provides an environment for 

additional, much more sophisticated services 

supported by advanced applications and delivered by 

communication infrastructure. 

 The comparative financial study of the above 

described concept and the possibilities of the common 

information systems in healthcare enterprises must 

cover the total price and amortisation of various very 

expensive shared medical equipments as well as PACS 

implementation, the total price of medical as well as 

technical specialists, and other such costs. 

Determining the economical efficiency of changing 

traditional health care to telemedical health care is a 

very interesting but also a very complicated task as the 

main aim of healthcare institutions is the quality of 

treatment. 

 All alternative concepts must be carefully 

considered and, if possible, divided into components 

or services that could be provided separately.  

Validation not only of the technology but also of the 

organizational and the economical issues is necessary. 

C. Organizational Issues 

 Related issues that must be addressed to assess the 

advantages of the system described above in 

comparison with the commonly used approach are as 

follows: 

- improvements and effects of digital imaging 

and communication in a broader context; 

- full digitization of all images and sharing of 

images among the cooperating institutions 

and their departments; 

- cooperation with foreign medical partners; 

- cost-benefit analysis of external long-term 

archiving of image data; 

- management of other information associated 

and processed with image data; 

- cost-benefit analysis of the use by 

radiologists on standby duty at home; 

- possibilities of functional integration of 

radiology departments of more healthcare 

institutions; 

- integration of medical imaging with the 

concept of an electronic patient record. 

D. Knowledge Management in Medical Imaging 

 Teaching has always been one of the most important 

parts of radiology.  To nurture an excellent radiologist 

in this age of technology more resources, new 

methodologies and reorganization of radiological 

training are necessary.   

 The core of the system is tailored PACS.  PACS can 

be used as a “PACS trainer” for students and young 

radiologists.  It also forms the basis for additional 
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educational and research applications such as the 

development of databases of Case Studies describing 

the treatment of real patients.  A Case Study is an 

integrated hypertext document forming didactic unit 

and consisting of short texts, structured clinical data, 

radiological images of various kinds, images from 

nuclear medicine modalities, macroscopic and 

microscopic pathology images or video 

demonstrations recorded during surgeries.  

 Images appropriate for teaching and research 

purposes are made anonymous (i.e. the personal data 

of the patient and other information that may disclose 

the identity of the patient are replaced with fictitious 

information or are modified in such a way so as not to 

lose any relevant information but so as to prevent 

disclosure of the patient's identity) when sent to an 

educational and research knowledge database.  One of 

the basic principles when sending images into this 

database is the coordinated assignment of fictitious 

patient identity, so it can offer a more complex view of 

the evolution of the patient’s health in situations where 

the patient is being treated in different healthcare 

facilities.  Therefore, the legal barrier preventing 

access to sensitive and confidential patient data is 

removed. 

 The supporting tools for developing Case Studies 

can use more common standard technologies thereby 

providing additional options for displaying, printing or 

copying its content. The presentation, including large 

amount of image data, can be done on-line or off-line, 

depending on network capacity.  The Case Study must 

be accessible by standard web browser.  If the users 

have a DICOM diagnostic workstation installed on 

their computers, then the referenced image study can 

be manipulated and processed by the particular 

workstation.  It means that medical students can access 

large amounts of systematized medical cases related to 

their subject.  The labs equipped with appropriate 

software can also serve as training simulators for those 

studying to be radiologists.  The students can learn 

more from practical lessons instead of spending all 

their time in the library reading books. 

VII. DISCUSSION 

A. International Cooperation 

 One of the major strategic goals of this open system 

is its internationalization. The supporting computer 

network infrastructure consisting of dedicated fibre 

optics or of VPN connections including necessary 

security equipment enables the medical community all 

over the world to access the collaborative environment 

as well as to take advantage of its educational and 

research applications.  Terrestrial and mobile 

technologies can interact with satellite based platforms 

to supply effective and reliable end-to-end healthcare 

services and boost the deployment of telemedicine on 

a large-scale. 

 The participation in international programs is, due 

to the number of experts involved and due to the 

concentration of financial resources, a unique 

opportunity to perform research of a very high quality.  

It also provides an opportunity to be exposed to a 

multicultural environment and to establish 

international relationships that are very useful when 

building the European research area.  

 To achieve the benefits of international cooperation 

in this particular area, a wide range of contacts with 

healthcare enterprises, universities and other involved 

institutions not only in Europe must be established.  

The above described approach also aims to bridge the 

medical digital divide in Europe by designing, 

integrating and validating interoperable platforms to 

provide existing and future health care services. 

B. Legal Aspects 

 The use of information technologies in telemedicine 

applications also has many legal aspects.  Czech law 

remains the core of the legal regulation.  However 

other legal systems, the European Union law and 

international law, are slowly becoming more 

important.  The legal regulations relevant to this 

concept include, for example, the laws related to 

personal data protection and electronic signatures.  

There is a complex legal framework for the general 

protection of personal data from unauthorized access 

or other misuse but only fragmentary regulations 

related to how to exchange such data.  Czech law, in 

the digital age, does not include guidelines for 

electronic health data exchange between healthcare 

institutions or other related subjects. 

VIII. CONCLUSION 

 The shared regional collaborative environment is 

more than just a set of computer network applications.  

Gradually, it changes the thinking of medical 

specialists and gets them to cooperate and share data 

about patients in electronic form.  It builds a network 

of medical specialists.  The impact of this work is not 

only in patient care but also in the education of 

involved specialists.  The implementation of the 

system has increased the speed of communication 

among individual hospitals, allowed decision 

consultations, and brought various other advantages 

due to dedicated network connections. 

 There are more than 100 healthcare institutions, 

mostly from Czech and Slovak Republic, 

communicating medical images via secure computer 

network and capabilities of described project. There 

are 8 big hospitals in the Brno city region which do 

not operate their own PACS systems and store all their 

image data in Masaryk University centre. Total storage 

capacity of fast disk arrays is more than 200TB these 

days. Continuously evolving shared knowledge 

database of anonymous image studies serve for 

education of radiologists and effective decision 

making in connected hospitals as well as for students 

from medical faculties in the Czech Republic. 
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Abstract—White shrimp pond is a complex 
artificial environment that requires human 
assistance to maintain the balance of its forming 
elements. Problems in the pond are caused by 
ecology process either chemically, physically, or 
biologically so that to achieve the optimal solution 
of treatment, linkages among the elements should 
be considered. Knowledge about rule of these 
linkages is generally mastered by an expert, but 
the expert is not always available at pond, even not 
all ponds can provide such expert. In this paper, 
an expert system is developed to solve the need of 
expert using classification technique. Expert 
knowledge is represented in decision table with 
involving spesific attributes. The experiment result 
showed that the system is able to produce solutions 
for various possible conditions of problem in the 
pond as well as expert and is flexible to be 
modified. 

I. INTRODUCTION 
Heoretically, cultivation of pond has standard 
operational procedure (SOP) which is include 

water preparation, seed and feed spreading, 
monitoring, and prevention of diseases. Technical and 
nontechnical people are involved in applying SOP. 
Technical people in charge of field work, whereas 
nontechnical people contribute their expertise to help 
them. Unfortunately, not all ponds can provide 
nontechnical people, e.g. traditional ponds that do not 
implement SOP properly. Contrarily, in the 
professional ponds, nontechnical person such as an 
expert is not always able to be in field.  

In white shrimp pond, three main aspects that 
should be well maintained on schedule are water 
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quality, safe habitat, and suitable feeds [3]. Water 
quality is the most important aspect and directly 
affects the shrimp life which is influenced by 
limnological unsures, e.g. temperature, oxygen, pH, 
etc. [1]. Monitoring should be carried out regularly 
upon water quality to keep optimum conditions for 
shrimp’s growth [2]. Besides monitoring the pond 
condition, this activity also consists of measurement 
and data recording. 

Measurement is used to get information whether 
water quality factors are in the normal range or not. If 
any factor in a value below or above its standard, 
treatment actions should be taken to restore pond into 
normal condition. Measurement is useful for keeping 
shrimps grow well and preventing them from lethal 
threat [5]. Data recording is conducted simultaneously 
with measurement by technical people then the result 
is submitted to expert to be evaluated. If any problem 
occurs, in this case water pond condition is disturbed, 
expert will instructs the appropriate treatment actions.  

In this paper, an expert system is developed to 
assist or even substitute expert in white shrimp pond 
namely Vannacues (Vannamei Cultivation Expert 
System) is described. Expert system is intelligent 
computer program that uses knowledge and inference 
procedures with requirement of significant human 
expertise to solve problem [6]. The knowledge based 
approach is supported by evaluation of expert system 
properness from [11] that shows positive score [12].  

The system is expected can answer the need of 
expert in any pond, either professional or traditional 
pond. Knowledge of the system is focused in water 
quality maintenance. Knowledge base should be 
designed for flexible development in the future 
because variation of pond condition is going to 
increase time after time. The system is also expected 
can be easily modified to be used not only for white 
shrimp pond but also other pond types.  

II. PROBLEM DESCRIPTION 
White shrimp (Penaeus Vannamei) is involved in 

this paper to specify the domain of knowledge 
injected in the system. White shrimp not only has a 
high sensitivity toward changes on the surrounding 
environment but also has the advantage responsive to 
feed and more resistant to disease attack than other 
shrimp species [4]. 
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According to the expert explanation, water quality 
has the largest portion to determine the success of 
pond management. Its percentage is about 90%. The 
pond water, as a habitat for shrimps to interact with 
their environment and form food chain, is unable to 
obtain natural control mechanism as well as in the 
natural water without human intervention [10]. 
Because of this, in SOP known that there are rules of 
monitoring time for each water quality factor. For 
example, factor pH should be examined twice a day at 
6-7 AM and 1-2 PM, factor luminous bactery every 
two days, factor temperature three times per day, etc. 
[2] 

Quality of chemistry, physics, and biology 
parameter in the water should be analyzed to avoid 
troublous conditions [2]. These parameters refer to 
water quality factors that are exemplified in TABLE 
1. 
 

TABLE 1 
EXAMPLE OF MONITORING RESULT [2]-[3] 

Factor Val
ue Standard Unit Type 

Dissolved 
Oxygen (DO) 2,5 > 3.5 ppma Chemistry 

pH 4 7.5 – 8.5 - Chemistry 
CO2 80 0 – 60 ppm Chemistry 
BODb 1 0 – 0.2 ppm Physics 
Temperature 33 25 – 35 oC Biology 

a part per million, equivalent with miligram per litre 
bBiochemical Demand Oxygent is the level of the organism needs of 
oxygen in an ecosystem 
 

Generally, there are three cause types of troublous 
condition as follows: [9] 

1.  Internal factor 
This kind of factor is caused by internal 
condition in the water. The condition appears 
when composition between biotic and abiotic 
factor and its cycle lasted less than ideal. 

2.  External factor 
Weather change, rain, storm, flood, and such 
unpredictable issues are grouped as external 
factor 

3.  Treatment error factor 
Error in treatment actions is potential to cause 
new problems or exacerbate the current 
problems 

 
To perform the analysis, a comprehensive approach 

is needed because the pond is an ecosystem with 
elements that have a linkage one another. If there is 
one of the forming elements affected by a problem, it 
will affect the harmony of element linkages in the 
pond [10]. Knowledge about these element linkages 
and ecology processes inside is existed at the expert 
level. The element linkage of water quality factors in 
the pond can be seen in Fig 1. 
 

 
Fig 1.  Interaction between biotic and abiotic factor in the pond [8]. 
It shows that each factor related with other factors so the conditions 
among them also affect one another. 
 

Based on data in TABLE 1, note that dissolved 
oxygen (DO), pH, CO2, and BOD are at abnormal 
values. Expert determines the appropriate normalizing 
action by seeing linkages among those factors. For 
example, low DO and pH means that the acidity 
increases, whereas acidity is caused by organism 
repiration in pond. Next, expert sees that BOD and 
CO2 also increasing so that possible cause of the 
problem is plankton booming. This way of problem 
solving is different from nonexpert which maps the 
solution one by one with every factor’s problem 
without consideration of element linkages. It is 
important to prevent the treatment error that happens 
due to lack of observation and analysis of conditions 
in the pond [9]. 

III. KNOWLEDGE REPRESENTATION 
Working principle of Vannacues is adopted from 

the way of expert work, which is as follows: 
1.  Expert checks standard of water quality factor 
2.  If any factor goes beyond the standard, expert 

examines the linkage between its factor and 
other troublous factors 

3.  If the factor is not linked with the other factors, 
solution will be proposed based on expert 
assumption 

4.   If factor linkage exists, expert analyzes the 
related ecology process and formulates optimal 
solution 

5.  If solution cannot be generated from existing 
data, expert asks the technical person who 
conduct monitoring or review the recorded data 
from previous monitoring 

The expert explained that condition in step 3 is 
extremely rare unless external factor occurs, whereas 
step 5 shows repetition of two previous steps with 
some different data. Therefore, it can be concluded 
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that all problems should be approached with 
consideration of element linkages to obtain optimal 
solution. Optimal solution is defined as the most 
effective and most efficient treatment actions that will 
be no useless, conflict, or error. 

Knowledge of an expert system can be obtained as 
skill or knowledge that available from book or expert 
[6]. In this paper, knowledge is acquired through 
literature study and interview with an expert. Data 
obtained from literature studies, e.g. standards of 
water quality factor, submitted to the expert for 
validation and verification before being used in 
development. Expert contributes knowledge about 
business process in the pond, including defines 
combination of the possible troublous conditions in 
water quality factors, rule of element linkages, and 
solution of the problems. 

Knowledge acquisition results that the problem and 
solution of water quality in white shrimp pond can be 
modeled into simple classification. Simple 
classification is a kind of classification method for 
certain knowledge or data. It consists of two types of 
representation, i.e. decision tree and decision table 
[11]. Vannacues uses decision table with the reason of 
its simplicity. In user interaction, Vannacues also does 
not need sequential question which is being the main 
characteristic of decision tree. 
  Decision table describes the problem in the form of 
questions, answers of these questions, and solutions to 
problems in the rows and columns [11]. Each column 
is generally modeled as a rule that will be established. 
Rule consists of answers of the questions that can be 
fulfilled by one or many solutions. Questions, facts, 
or problems and solutions are also referred as the 
conditions and actions in some literatures. Inference 
begins with the matching combination between rule 
and existing fact then the solution is obtained from 
the rule that is fulfilled. The base form of decision 
table is showed by Fig 2. 
 

 
Fig 2.  Base Form of Decision Table Representation [11]. Rows 
divided into two parts for question and diagnosis (refers to 
solution). The answers of questions is symbolized by cross, hyphen, 
and blank at column. These symbols usually sign “yes”, “no”, or 
other word from the provided word choice. Combination of both 
answer and its solution forms a rule. Rules in decision table are 
mutually independent.  
 

To represent expert knowledge in Vannacues, 
knowledge engineer needs to change the base form of 
decision table slightly. Most common decision table 

has only one answer in every intersection of column 
and table, either written with symbol or word such as 
Fig 2. Decision table of Vannacues must contain 
information about time, status, and type of water 
quality factors that can be seen in TABLE 2. 
 

TABLE 2 
ORIGINAL DECISION TABLE OF VANNACUES 

 Rule-1 Rule-2 … Rule-n 
Condition of water quality factors 
1 pH     
 Time AM    
 Status Below    
 Type Parameter    

2 DO     
 Time  PM  AM 
 Status  Below  Below 
 Type  Parameter  Parameter 

3 BOD     
 Time    - 
 Status    Above 
 Type    Nonparameter 

…      
n      

Solution action 
1 Replacement 

of water 
culture 

V V  V 

2 Siphon V    
3 Reduction of 

organic 
material input

V   V 

…      
n      

 
Time, displayed in AM (ante meridiem) or PM 

(post meridiem), shows when the value of factor was 
taken. Type indicates whether the factor is a 
parameter or not. Parameter factor holds the key clue 
in a rule because if it got into trouble inspite of other 
linked factors normal, expert have to instruct the 
treatment actions. Status represents judgement of the 
factor’s value against its standard, e.g. pH in TABLE 
1 is currently below standard. 
 

Representation on TABLE 2 would be troublesome 
for knowledge engineer during implementation. To 
simplify this form, decision table was modified with 
involving specific attributes (see TABLE 3) by two 
letters. 

The first letter represents status (B means below 
standard, A means above standard) and the second 
letter represents type (P means parameter, N means 
nonparameter). Time is not followed as attribute 
because not all conditions are influenced by it. For 
certain factors such as pH and DO, time should be 
calculated because the treatment actions in AM and 
PM for them are different. Hence, “time” is separated 
as a stand-alone condition. 
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TABLE 3 
MODIFIED DECISION TABLE OF VANNACUES WITH 

INVOLVING SPESIFIC ATTRIBUTES 
 Rule-1 Rule-2 … Rule-n 

Condition of water quality factors 
1 pH BP    
2 DO  BP  BP 
3 BOD    AN 
…       
n      

Time AM PM  AM 
Solution action 

1 Replacement of water 
culture  V V  V 

2 Siphon V    
3 Reduction of organic 

material input  V   V 

…      
n      

IV. INFERENCE PROCEDURES 
Inference technique is implemented in the inference 

engine based on characteristic of decision table. 
Method of inference from this representation can be 
categorized into production rules [6]. This method 
corresponds to forward chaining, that is simple 
syllogism started from premises to conclusion. In 
decision table of Vannacues, both of them can be 
modeled as follows: 
 IF condition of water quality factors 
    THEN treatment actions 
Every tracking such as example above establishes one 
rule. 

The detail procedures are described in the 
following stages: 
1.  Process the case specific facts 

Case specific facts of the system are obtained 
from user input provided by filling up the value 
of each water quality factor. The value of each 
factor that is resulted then processed to get 
information about the condition of each factor. 
The condition is called abnormal if the values of 
these factors are below or above standard. These 
conditions will be processed to the next stage, 
whereas normal condition is ignored. 

2.  Determine the conditions listed in rule 
Combination from condition and solution of 
decision table forces all cases to be defined as 
rule if it is want to be handled by the system. A 
rule can consists of one or more conditions. 
Only rule with the complete conditions that will 
be activated, unless there is parameter condition. 
Abnormal conditions resulted from the first 
stage are matched to list of rule. It may not 
entirely have been defined in the rule. However, 
abnormal conditions which not belonging to 
activated rule cannot be ignored. Therefore, 
Vannacues divides the abnormal conditions 
based on their importance as follows: 
a) Troublous condition, that is all the existing 

abnormal conditions, either contained in 
rule or not 

b) Troublous condition with element linkage, 
that is abnormal condition which has the 
linked conditions based on rule of element 
linkage 

c) Abnormal conditions that fulfill list of 
conditions in a rule 

d) At the later stage, only the third condition 
would be processed to generate solutions. 
Condition (a) and (b) are only displayed to 
the user as information. 

3.  Determine the rule to obtain solution 
From previous stage, system preserved list of 
conditions that included in the rules. In this 
stage, activated rule is determined by comparing 
its conditions and the occuring abnormal 
condition. 

4.  Generate solutions 
After getting the active rule of the previous 
stage, the system searchs solution that have the 
same rule for each active rule. Solution forms a 
set of treatment actions per rule with the priority 
list. Information about priority order is obtained 
from expert and directly used in database 
without included in decision table. The order of 
action gives guide to the user to conduct 
treatment correctly. It means that user not 
necessary to conduct an action if action on the 
previous order has been able to solve problems.  

V. ARCHITECTURE 

Architecture of Vannacues is shown in Fig 3 with 
division of the main module as follows: 

1.  Control system 
The control system includes part of interaction 
with the user and inference engine [7]. 
a)  User interface is divided into consultation, 

explanation, and modification feature. 
These subsystems are implemented 
according to the terms of knowledge 
proposed in [11], i.e. enable to be 
formalized, represented, and modified. 
Consultation feature receives input from 
user and displays result to the user. 
Explanation feature completes consultation 
feature with providing explanation of the 
reasoning done by the system to the user. 
Knowledge in the expert system can be 
added, editted, or deleted through 
modification feature by expert or 
knowledge engineer. 

b)  Inference engine contains the reasoning 
algorithm to realize the inference based on 
knowledge representation [7]. 
Development tool for expert system 
usually has provided this section. In 
Vannacues, inference engine is developed 
from scretch with programming language 
to produce problem solving strategy based 
on decision table. 

ICACSIS 2010 ISSN: 2086-1796

199



 
 

2.  Knowledge base 
Division of system knowledge based on usage 
into three as follows: 
1. Factual knowledge 

This knowledge refers to case specific facts 
from user input. Data of pond conditions 
such shown in column “Value” in the 
TABLE 1 are entried by user, whereas entry 
time is generated by system when data is 
submitted. Pond condition not only in 
quantitative data but also in qualitative data, 
e.g. “exist”, “not exist”, “yes”, “no”, etc. 

2. Derivation knowledge 
This knowledge refers to problem domain 
facts that come from expert and become the 
basis for generating solutions. In 
Vannacues, derivation knowledge 
comprised of variation condition, solution, 
and rule in decision table. Standard of water 
quality factors is separated because it does 
not include in the rule. 

3. Control knowledge 
This knowledge is used to control the 
derivation knowledge when mixed with 
user data. Usually, it is also termed as 
working memory where temporary facts are 
saved. Those results are processed by 
inference engine to get the final solution 
proposed to the user [11]. In Vannacues, 
control knowledge is the history of user 
input data, i.e. previous values of water 
quality factors. This history can be 
downloaded in spreadsheet format so that 
user is capable to generate chart from it. 

VI. SYSTEM IMPLEMENTATION 
Vannacues is developed using non-AI language 

and database based. Selected technology is integration 
of web language PHP and MySQL database. Usage of 
the database makes system to be easily modified 
remembering that case combination of the pond 
problems can grow indefinitely. Moreover, database 
is more persistant to save knowledge than external file 
as in mostly AI language. 

Decision table is very suitable to be implemented in 
database because the data structure is only a lookup 
table. Implementation of rule can be declared as 
simple as follows: 

IF   ?X  is  ?Y 
AND   ?X  is  ?Y 
THEN  ?Z  ?W  ?V … 

In PHP, function to call a rule enough defined once 
then used pattern matching by lookup method to 
replace symbol such as ?X, ?Y, etc. with appropriate 
data.  

As a comparison, in AI language for expert system 
that declares the rules in the modul, every rule must 
be defined in separate function. Example below is 
taken from rule declaration in expert system language 
namely CLIPS [6]:  

 
Fig 3.  System Architecture of Vannacues. Section 1 is control 
system that consists of user interface in section 1(a) and inference 
engine in section 1(b). Section 2 is knowledge base, includes 
factual knowledge in section 2(a), derivation knowledge in section 
2(b), and control knowledge in section 2(c). 
 
     (defrule rule_name 
   (fact_1) 
   (fact_2) 
    => 
   (assert (solution)) 
 

The more rule in decision table, the more defrule 
must be defined. 

VII. TEST RESULT 
Testing in this study aims to ensure that solutions 

resulted by the system are in accordance with expert 
answers. Various combinations of pond problem case 
are simulated into system to ensure that treatment 
action has been generated consistently. To validate 
input, values of water quality factor is entried based 
on existing monitoring result from the actual white 
shrimp pond. The obtained results are as follows: 

1.  System only results the solution if conditions 
of water quality factors have been defined in a 
rule as expected 

2.  Generated treatment actions and its priority 
orders are matched with the result of 
knowledge acquisition 
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3.  System can separate processing of parameter 
condition and produce the treatment actions 
from all the rules containing such condition 

4.  Problem domain facts can be easily modified 
by the expert through editor feature so can 
accomodates needs of knowledge addition as 
much as possible 

VIII. CONCLUSION AND RECOMMENDATION 
From the result of simulation test conducted by 

expert involved, Vannacues has been able to solve the 
problems as well as expert although it still needs to be 
developed further. The following are some of the 
conclusions and recommendations proposed: 

1.  Water quality problem in white shrimp pond 
can be solved with classification approach 
using decision table 

2.  Expertise is needed to obtain optimal treatment 
actions based on element linkages in the 
ecosystem. This expertise is expected to 
prevent treatment error, increasing efficiency 
and effectivity of treatment actions, and 
improving product quality of pond 

3.   Expert system should be developed for the 
whole aspects of white shrimp pond [3] 

4.  Expert system should be developed into an 
intelligent agent that is capable to receive input 
directly from the measurement tools without 
manual input by user 

5.  Expert system can be developed as a 
framework of decision table with a little 
adjustment in attribute usage to handle 
problems in other domains so that system can 
be a flexible solution system 

6.  By utilizing history of values of water quality 
factors contained as a training set, the expert 
system can be developed for machine learning 
approach. Standard range of water quality 
factors may not only be absolute in numeral but 
also in graph model. It is supported by research 
conducted in Beijing which was made by 
utilizing model base [13].  

7.  To be extensively applied in all white shrimp 
ponds, it is necessary to develop the 
personalized expert system according to the 
profile pond and user habits 
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Abstract –A combination of Analytical Hierarchy 
Process and Promethee for defining ranks of object 
oriented software quality using MOOD2 metric set 
has been proposed. MOOD2 metrics are measured 
on a number of object oriented codes. AHP is 
applied to determine weights of the MOOD2’s 
criterias and Promethee is employed to determine 
the final rank of quality posed by each application 
codes. Ranking codes quality is beneficial for 
evaluating and selecting best OO software design. 
Based on the result of measuring OO quality, 
software structure can be improved further to 
achieve better characteristics that also reflect 
better design of the software. 

I. INTRODUCTION 

OOD quality in object oriented design (OOD) 
offers better reusability, easier maintainability 

that leads to lower cost in software maintenance [12]. 
This in turn will increase productivity gains in 
developing and extending the software [16]. 
Andersson and Vestergren proved that metric set do 
have practical use by assuring its quality during 
software development process [3]. There are several 
metric set, such as MOOSE, MOOD, MOOD2, and 
QMOOD, which can be used to quantify OOD quality 
properties. These metric sets define several different 
criterias based on statistical functions that are 
presented in numbers or percentages [1, 4, 5].  

Previous researches were conducted to develop 
tools or use existing tool to measure OOD qualities 
based on criterias in MOOD, MOOD2 and MOOSE 
metric sets [8, 9, 10, 19]. When applied to several Java 
programs, these metrics produce a table of numbers 
that somewhat gives un-useful information for its 
readers. Ranking these programs were then done using 
statistical method and AHP, by treating Java programs 
as alternatives and metric set components as criteria 
[9, 10, 18, 19]. In addition, improving OOD quality of 
a program can increase its rank among other programs 
[18]. Other method such as DRSA is also used to rank 
Java programs’ qualities [22]. Weakness in DRSA 
method is that resulting rank depends on the rule 
generated from the grades in the first population and 
limited to only three criteria classifications. On the 
other hand, AHP can be combined with Promethee to 

overcome its drawbacks, and vice versa as proposed 
by [14].  

This paper reports a combination of AHP and 
Promethee to rank Java programs, based on MOOD2 
measurement for six Java open-source ERP packages. 
After a review on MOOD2, AHP and Promethee, 
numerical discussion on the example of ranking those 
Java programs is presented. 

II. LITERATURE REVIEW 

A. MOOD2 
MOOD (Metrics for Object Oriented Design) and 

MOOD2 (second version of MOOD), consist of 11 
sub-criterias that measure four main structural 
mechanism of object oriented design, explained in the 
following points [1]: 
1) Encapsulation: this property describes how much 

the design hides method and attributes internally 
within implementation details. Encapsulation is 
measured in four sub-criterias, i.e. Attribute 
Hiding Factor (AHF), Operation Hiding Factor 
(OHF), Attribute Hiding Efficiency Factor 
(AHEF) and Operation Hiding Efficiency Factor 
(OHEF) 

2) Inheritance: this property describes class 
hierarchy and reusability. Inheritance is measured 
in three sub-criterias, i.e. Attribute Inheritance 
Factor (AIF), Operation Inheritance Factor (OIF) 
and Internal Inheritance Factor (IIF). 

3) Polymorphism: this property describes how much 
interfaces are implemented to ease message 
passing between objects. Polymorphism is 
measured in two sub-criterias, i.e. Behavioral 
Polymorphism Factor (BPF) and Parametric 
Polymorphism Factor (PPF). 

4) Coupling: this property describes how tight the 
relationship between classes. Coupling is 
measured in two sub-criterias, i.e. Class Coupling 
Factor (CCF) and Internal Coupling Factor (ICF) 

Detailed definition for each of sub-criteria listed 
above can be found in [1]. 

B. AHP 
Analytic Hierarchy Process (AHP) is one of Multi 

Criteria Decision Analysis (MCDA) method to weigh 
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criteria and rank alternatives [20]. AHP has three 
basic principles: 
1) Hierarchy construction: decompose complex 

decision problem to simpler sub problems 
(criteria, sub-criteria, and alternatives) 

2) Criteria priority setting: comparing priorities 
between paired criteria (pair-wise comparison) 
which is stated in nine levels scale (equally, 
moderate, strong, very strong, extremely 
important and their intermediate values). Priority 
setting must satisfies transitivity property, that 
when comparing criteria i and j, ,   5, 

,   1/5. 
3) Consistency Checking: determine criteria matrix’s 

consistency ratio by a measure,  
 

 
 
CI = consistency index and RI = random index. 
The matrix is considered consistent when its 
consistency ratio is less or equal to 0.1. Definition 
of CI and RI can be found in [20]. 

 
AHP is excellent in structuring problems but has 

several weaknesses such as unclear methodological 
aspect, in compensation on determining final value of 
an alternative, lack of visualization, inability to 
identify incomparable alternatives, and limited 
classification by using nine level scale that needs too 
much interaction [14, 15, 23].  

C. Promethee I & II 
Promethee (Preference Ranking Organization 

Method for Enrichment Evaluation) is an multi criteria 
decision method that continuously evolved between 
1982 and 1994, by producing six extensions, partial 
ranking, complete ranking, interval based ranking, 
continuous case, MCDA with segmentation 
constraints, and a representation of human brain [6]. 
In this paper we use only Promethee I and II, partial 
and complete ranking, respectively. 

After a set of alternatives and criteria are 
determined, decision maker choose one of six 
preference function for each of the criteria, determine 
needed parameter (thresholds and min-max), and 
criteria weights to determine preference index for 
every pair of criteria alternatives. There are six 
preference functions to choose from [7]: 
1) Usual criterion: for criteria where an alternative 

is preferred if it has the larger value. 
 

, 0, 0
1, 0 

 
2) Quasi criterion: for criteria where an alternative 

is preferred if value deviation is larger than 1.  
 

, 0,
1,  

 
3) Linear criterion: for criteria that has progressive 

preference based on the value deviation between 
two alternatives. Alternative a, is fully preferred 
than b if their value deviation is larger than a 
specified value m. If value deviation is smaller 
than m, their preference index is the ratio of the 
value deviation and m. 
 

, ,
1,

 

 
4) Level criterion: for criteria that has leveled 

preference index. This preference function needs 
two thresholds, q and (q + p). Two alternatives 
are considered equal if their value deviation is 
smaller than q, one alternative is half preferred 
than the other alternative if value deviation is 
between q and (q + p), and better if value 
deviation is larger than (q + p). 
 

,
0,             

1
2 ,         

1,     
 

 
5) Linear with indifference criterion: for criteria that 

has linear progressive preference for value 
deviation between s and (s + r). Two alternatives 
are considered equal if their value deviation is 
smaller than s, one alternative is linearly preferred 
than the other alternative if value deviation is 
between s and (s + r), and better if value deviation 
is larger than (s + r). 
 

,
0,             

⁄ ,         
1,     

 

 
6) Gaussian criterion: for criteria with preferences 

that grows exponentially if a, is larger than b, or 
else considered equal (criteria preference index = 
0). Preference index is computed using equation  
 

, 1   
 

Then Promethee I can be computed by determining 
overall preference index for each of the alternatives, 
then calculate their strength and weakness. Strength of 
alternative a, is the sum of overall preference index 
where a, outrank other alternative. Weakness of 
alternative a, is the sum of overall preference index 
where other alternatives outranked alternative a. There 
are three rules in determining partial ranking: 
1) Alternative a, is considered to outrank another 

alternative, if its strength is larger than the other 
strength, or its weakness is smaller than the other 
weakness 

(1)

(2) 

(6)

(3) 

(4) 

(5) 

(7) 
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2) Two alternatives are considered equal if they have 
the same degree of strength and weakness 

3) Two alternatives are incomparable if one 
alternative has larger strength and larger 
weakness than the other and vice versa 

 

 

 
Promethee I or partial ranking is achieved by 

ranking alternatives’ strength and weakness. Figure 1 
depicts an example of Promethee I diagram.  

Promethee II or complete ranking is achieved by 
calculating net flow for each of the alternatives by 
reducing strength with its weakness.  

 
 

 
Figure 2 describes the related Promethee II diagram 

for Figure 1.  
 

 
 

Unlike AHP, Promethee has no guidance to 
determine the weight and its original version. It has 
not support criteria hierarchy either [7, 23]. It is also 
suggested that it needs too much non-intuitive inputs 
[11]. However, Promethee is good in involving 
decision maker to simulate ranking process using 
different weights and preference functions. It also has 
simpler calculation and is easier to understand when 
compared to AHP, as this may increase decision 
makers’ confidence [17].  
 

D. Combination of AHP and Promethee 
Considering that Promethee does not support 

weight determination and criteria hierarchy, there are 
several research and literatures that combine AHP and 
Promethee [2, 13, 14]. AHP pair wise criteria 
comparison matrix offers consistent criteria weight 
[14]. Weight produced with this criteria matrix, can be 
treated as default weight set, which is alterable by 
decision makers during simulation. This combination 
also offers less subjectivity and more stable ranking 
[2]. It should also be noted that in doing pair wise 
comparison, one should not always use nine levels 
scale [13, 14]. 

III. METHODOLOGY 
This research uses the same software set as previous 

research, i.e. six java libraries (util, lang, io, math, ext, 
and net) and seven ERP packages (Adempiere, 
Freedom ERP, Plazma, jAllInOne, Compiere, TNT, 
and Millenium BSA). Weight set produced in previous 
research is used as default weights which is alterable 
during experiments. Default preference function for 
all criteria is type 3 (linear) and use each criteria 
standard deviation as threshold (mk = standard 
deviation of criteria k). Since AHP does not support 
minimum-maximum setting, this parameter is set to 
maximum for all criterias.  

An experimental tool has been developed due to 
limited number of criteria and alternative in the trial 
version of Decision Lab. Additional feature of the tool 
is the possibility to change weight criteria groups 
(encapsulation, inheritance, polymorphism, and 
coupling). The tool is accessible at 
http://telaga.cs.ui.ac.id/~wida12/file/prom/.   

 
A series of experiments was conducted to rank the 

following packages: all java libraries, all ERP, and 
both packages, to see if the results are consistent with 
the ranks produced in previous research. It has to be 
confirmed from the experiments that relative ranks of 
the packages remain constant over the ranking 
scenario of the same package.  

 
 

 
 

Fig. 3.  Screenshot of Promethee ranking tool (web-based) 
for ranking 3 OO software 

 
Fig. 2.  Alternative TIGN has bigger net flow than TIPJ, and 

therefore TIGN is a better alternative than TIPJ 

 
Fig. 1.  Alternative RIGZ outrank TGZH, while TIGN and TIPJ 

(9) 

(8) 
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IV. RESULTS FROM EXPERIMENT 
Ranks produced for java libraries, are displayed in 

Figure 3, Table I and Table II. 

 

 
 

 
 

These complete ranks equal to the ones resulting 
from previous research. By using Promethee partial 
ranking we can tell that pairs java.math – java.io and 
java.lang – java.text are actually incomparable 
because java.math’s strength and weakness are bigger 
than the ones of java.io and java.lang’s strength and 
weakness are bigger than the ones of java.text. 

Ranks produced for ERP packages, are displayed in 
Figure 4, Table III and Table IV. 

 

 
 

 
 
These complete ranks equal to the ones resulting 

from previous research. With Promethee partial 
ranking we can tell that pair jAllInOne – Millenium 
BSA is incomparable because jAllInOne’s strength 
and weakness are bigger than that of Millenium BSA. 

 

 
Combined ranks produced for java libraries and 

ERP package is displayed in Figure 5, Table V and 
Table VI.  

The ranks also equal to the results of previous 
research while at the same time, it maintains relative 
ranks of each package type (java libraries and ERP 
packages). 

Compared to the ratings available at 
www.sourceforge.com, results of ERP ranks based on 
MOOD2, AHP and Promethee are different [21]. 
Rank comparison for ERP is displayed in Table VII. 

 
 

 
 

Fig. 6. Partial ranking of java libraries and ERP packages 

TABLE IV 
COMPLETE RANKING OF ERP PACKAGES 

Rank Alternative Net Flow ( ) 
1 FreedomERP 0.0996 
2 Millenium BSA 0.0683 
3 jAllInOne 0.0566 
4 Plazma 0.0383 
5 Compiere -0.075 
6 TnT -0.0895 
7 Adempiere -0.0984 
   

TABLE III 
PARTIAL RANKING OF ERP PACKAGES 

 Strength ( ) Weakness ( ) 
FreedomERP 0.1423 0.0427 
jAllInOne 0.1275 0.0709 
Millenium BSA 0.1158 0.0475 
Plazma 0.0948 0.0565 
Adempiere 0.0857 0.184 
TnT 0.0817 0.1711 
Compiere 0.0603 0.1353 
   

 
 

Fig. 5. Partial ranking of ERP packages 

TABLE II 
COMPLETE RANKING OF JAVA LIBRARIES 

Rank Alternative Net Flow ( ) 
1 java.util 0.0911 
2 java.io 0.0311 
3 java.math 0.0189 
4 java.text -0.0262 
5 java.net -0.0446 
6 java.lang -0.0703 
   

TABLE I 
PARTIAL RANKING OF JAVA LIBRARIES 

 Strength ( ) Weakness ( ) 
java.util 0.1367 0.0456 
java.math 0.1203 0.1014 
java.io 0.0818 0.0506 
java.lang 0.0744 0.1447 
java.text 0.0505 0.0767 
java.net 0.0423 0.0869 
   

 
 

Fig. 4. Partial ranking of java libraries 
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V. CLOSURE AND FUTURE RESEARCH 
These preliminary experiments tell us that AHP and 

Promethee can be combined to define ranks based on 
MOOD2 measurement over several Java packages. 
The resulted ranks are considered stable because all 
alternatives maintain their relative position of the 
ranks within the same package type. This method can 
be utilized to select java package having the best 
object oriented design quality. Moreover, by using 
Promethee I, it is possible to sort java programs by its 
strength and/or weakness and know which java 
programs are incomparable to one another. 

However, it is interesting to see that rank based on 
ratings at Sourceforge and the ones produced in this 
experiment differs. This raises new questions such as, 
what makes these packages that ranked last are more 
popular than the ones in first ranks and how valid 
MOOD2 metric set to measeure OOD quality in ERP 
packages. Further research, more experiments and 
thorough analysis are required to answer such 
questions. 

We also plan to conduct more experiments using 
the same alternative combination with first scenario, 
but with 1-CCF data set. We are also interested in 
Promethee behavior for this decision problem when 
calculated with different sets of alternatives, weights, 
preference functions and thresholds. 
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Abstract—This paper describes a project to 

design and implement a hospital emergency 

response service that requires the orchestration of 

various web services that employ complex 

asynchronous behaviors. Firstly, when users 

submit a ‘distress signal’ through their mobile 

device, the mobile application will send relevant 

information by calling a specific web service. After 

the server employs reasoning tools to obtain 

recommended treatments and suitable hospitals, it 

contacts the hospitals with the user submitted data. 

Subsequently, a notification will appear on the 

hospital emergency pages and wait for approval or 

rejection. The response is relayed to the user 

immediately. Given the time-critical nature of the 

application, this entire process must be 

orchestrated efficiently, reliably, and in near real-

time. This paper presents our model architecture 

and implementation that makes use of, among 

others, Java multithreading technology and the 

Pushlets API library. 

 

I. INTRODUCTION 

 

rogress in software engineering, networking, 

and web and mobile technology has led to 

innovation in the implementation of information 

technology (IT) in most aspects of our daily life. In the 

health service area, there is a lot of scope for 

development, especially considering the benefits of 

utilizing IT, such as storage of massive data and rapid 

access from anywhere. Consequently, our aim is to 

develop a system that supports health service, 

specifically one that provides timely access to 

emergency services. 

Our system is designed so that mobile devices such 

as cellular phones, running Java, can access it. Due to 

the emergence of advanced mobile phones equipped 

with such features, including so-called smartphones, 

using such a platform guarantees a wide user base. Our 

 
 

goal in developing this system is to enable mobile 

phone users –of which there are an esimated 160 

million in Indonesia in 2009
1
– to be able to quickly 

access health services through their handset in the 

situation of a health emergency, similar to [1]. 

This paper will describe the design and 

implementation of our hospital emergency service 

prototype using current web service technology based 

on the Java programming environment. More 

specifically, the system is developed as a web 

application using Java Server Pages(JSP)/Servlets that 

run on Apache Tomcat combined with the MySQL 

DBMS backend. JSP/Servlets are used to handle client 

processes, both to the user/patient and to the hospitals. 

Given the time-critical nature of emergency 

situations, there is a need for clients to receive 

emergency data in real-time after the server sends the 

data. The conventional approach of web page 

refreshing methods (or ―pull‖ technology) is not ideal, 

since requests can be made during regular refresh 

intervals, and on the other hand, increasing the refresh 

frequency will lead to excessive bandwidth 

consumption. Our approach is to employ a ―pull‖ 

model using the Pushlets API as a means for the server 

to immediately send emergency data, and for it to be 

immediately processed by a client hospital. Pushlets 

are a servlet-based mechanism where data is pushed 

directly from server-side Java objects to (Dynamic) 

HTML pages within a client-browser without using 

Java applets or plug-ins. This allows a web page to be 

periodically updated by the server [2]. 

In Section 2 we present the necessary supporting 

literature. Section 3 outlines our overall system design, 

with a list of web services that support this design in 

Section 4, and the architecture in Section 5. 

Implementation details are discussed in Section 6, and 

finally in Section 7 some concluding remarks are 

made. 

 
1
 ITU ICT Eye statistics from http://www.itu.int/ITU-D/icteye/ 
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II. THEORETICAL BACKGROUND 

A. Web Service 

Because of the importance of communication 

between applications over the Internet, many of these 

distributed applications use RPC (Remote Procedure 

Calls). However, RPC creates a platform compatibility 

issue, as well as security problems since firewalls and 

proxy servers tend to normally block such traffic. 

Another better way for applications to communicate 

is over HTTP, because it is supported by all servers 

and Internet browsers.  

According to the World Wide Web Consortium 

(W3C), a Web service is a software system designed to 

support interoperable machine-to-machine interaction 

over a network. It has an interface described in a 

machine-processable format (specifically WSDL, or 

Web Services Description Language). Other systems 

interact with the web service in a manner prescribed by 

its description using SOAP (Simple Object Access 

Protocol) messages, typically conveyed using HTTP 

with an XML serialization in conjunction with other 

web-related standards [3]. All web services run on 

three basic platform elements: SOAP, WSDL, and 

UDDI (Universal Description, Discovery and 

Integration). 

SOAP is an XML-based protocol which provides a 

way to communicate between applications running on 

different operating systems with different technologies 

and programming languages. 

While SOAP is used for accessing web services, 

WSDL is used for describing web services and how to 

access them. WSDL is an XML-based language which 

describes a web service, along with the message format 

and protocol details for the web service. It defines the 

location of the service and the operations (or methods) 

it exposes. Parties interested in using the web service 

then create a client in their own programming language 

based on this WSDL. 

A WSDL document consists of data types, 

messages, port type, and communication protocols 

used by the web service. The most important element is 

the port type because this is the element which defines 

the web service, the operations it performs and the 

messages that are involved. The port type defines the 

connection point to a web service. It is like a function 

library or a module or a class in a programming 

language. Every operation is like a function or a 

method in a programming language while every 

message is the parameter in the function or method. 

B. Pushlets API 

The Pushlets API
2
 is a mechanism to push data from 

the server to HTML pages implementing Java servlets 

and Javascript. Although server side notification to 

browser clients is often implemented using additional 

software such as Java applets or Flash, they are quite 

resource-intensive and have limited installed user base. 

With Pushlets, data is encapsulated in an event then 

published as a subject. The server will push the event 

through a dispatcher or an event source. Clients listen 

to an event by subscribing to a subject and eventually 

they will get the data pushed by the server according to 

each subject they subscribe. A client can listen to an 

event with one of three modes [2]: 

1. Stream 

This mode is just like HTTP video streaming. If 

there is an event the client will get the data with 

stream mode. 

2. Poll 

Here the client checks regularly whether there is 

an event or not. If the event exists then the client 

will get the data. 

3. Pull 

In this method the client waits for a coming event 

by blocking until the event is available or until 

timeout. 

III. DESIGN 

Our system is developed using a client-server 

architecture. On the server side we develop web 

services and handlers for requests from the client 

application, whereas on the client side we develop the 

mobile device application for users and a web 

application for hospitals. The entire system interacts 

with a database server to support its data model. 

A. Server And Client Design 

The server follows a modular design as it consists of 

a suite of web services where each service is built to 

fulfill one main functionality. These web services are 

the Registration Manager, Hospital Information 

Retriever, Body Condition Diagnoser, Treatment 

Analyzer, Suitable Hospital Analyzer, Hospital 

Information Manager, and Booking.  

Also within the server is a web application designed 

for both hospitals and patients. The hospital web 

application allows hospitals to update and access data 

stored in the system that relates to them. The most 

important function of this application is the booking 

facility that handles the approval or rejection of a 

hospital booking in almost real-time to minimize the 

users’ waiting time. 

 
2
 http://www.pushlets.com 
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The primary means for users to access the system is 

via the mobile client, which also utilizes the Internet 

(via GPRS/3G/HSDPA) to access web services on the 

server for functionality such as making a diagnosis, 

altering medical records and especially make the 

booking. For users, the web application is a 

supplementary facility to the mobile client. 

B. Database Design 

Our database design accommodate data storage and 

retrieval for all aspects of the system. It contains 15 

tables, one procedure and one function. The table 

structures and relationships can be seen in Figure 1. 

The main tables, which support the primary 

functions related to the booking activity, are Booking, 

Hospital, and Patient: 

 Booking 

This table stores information about booking, such as 

the booking ID, request ID, hospital ID, request and 

confirmation time, and status of the booking. 

 Hospital 

This table stores information related to a hospital 

such as the hospital ID, name, address, hospital’s 

latitude and longitude, and password to access the 

hospital web system. 

 Patient 

This table stores information related to the patient 

or user of the system. They are the patient ID, SSN, 

name, address, phone number, password to access 

the web, and SSNType ID. 

 

In addition, there are other tables to store additional 

system information, i.e. Condition At Request, 

Doctor, Facility And Service, Medical Record, 

Request, Speciality, Sensor Param, Doctor 

Hospital, Doctor Speciality, Hospital Facility and 

Service, Request Facility And Service, and 

SSNType.  

The Update Booking Status procedure in the 

database is created to ensure consistency, since a 

booking status can be updated in several ways, i.e. 

hospital update or system update. The only function in 

the database is Get Patient ID, which is called 

whenever a new patient wants to register for the first 

time. This function will return the last ID for the 

patient used in the system.  

IV. WEB SERVICES 

This section concisely describes each web service 

we have developed from a conceptual point of view. 

Our design decision to create several web services 

follows the modularity concept, where every web 

service is concerned only with its particular 

functionality. Using this approach, each individual 

web service becomes easier to maintain. 

A. Registration Manager 

This web service contains functions related to 

registration and access of the personal or medical data 

that belongs to a given user. 

B. Hospital Information Retriever 

This web service comprises functions to obtain 

hospital information, and also serves as the 

orchestrator of other web services in order to execute 

its functionality such as retrieving diagnosis and 

hospital suggestions based on user input, and booking 

these hospitals automatically if requested by the user. 

C. Body Condition Diagnoser 

This web service implements a function that will 

return a list of possible symptoms after diagnosing the 

body conditions submitted by the user. 

D. Treatment Analyzer 

This web service implements a function that will 

return a list of suggested treatments based on the 

output of the above web service, i.e. body condition 

diagnoser. 

E. Suitable Hospital Analyzer 

This web service implements a function that returns 

a list of hospitals suitable for the user based on the 

suggested required treatment. 

F. Hospital Information Manager 

This web service contains operations to manage data 

pertaining to a hospital, such as adding or updating 

real-time status information about various facilities, 

e.g. operating rooms, surgeons, ambulances, etc. 

 
Fig.  1. Database Design 
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G. Booking 

This web service contains various functions to 

handle the automatic booking process of a hospital. 

Several modes are supported. Firstly, the web service 

is able to request bookings to several hospitals 

simultaneously and select the first hospital to confirm 

acceptance. Alternatively, it can request bookings in 

sequence based on an ordered list of suggested 

hospitals, typically sorted on some priority function 

that considers suitable facilities and distance. Finally, 

the web service also supports the booking of a specific 

hospital as selected by the user. Other elementary 

functions supported by this web service are the 

handling of incoming bookings from users and 

incoming booking approvals or rejections from 

hospitals. 

V. ARCHITECTURE AND SCENARIO 

In this section we describe the architecture that 

implements the system presented in the preceding 

sections, and we do so through several application 

usage scenarios. 

A. Patient Registration 

When using the application for the first time from a 

mobile device, the user must complete registration as 

can be seen from Fig.  2. 

When the user sends registration data from a mobile 

device, the application consumes the Registration 

Manager web service, which records the data into the 

database and returns the unique user ID that is saved in 

the user’s mobile device for future usage. 

B. Retrieve Hospital Information For Patient And 

Hospital 

The scenario and architecture in Fig.  3 shows the 

flow to retrieve information from a hospital. There are 

user-side scenarios and hospital-side scenarios. 

To first avail of the medical reasoning services 

(condition diagnoser, treatment analyzer, suitable 

hospital recommender), users have to send their body 

conditions from their mobile devices. In the future, this 

may integrate with automatic physical sensors, e.g. 

EKG and blood pressure sensors, etc [4]. The 

application then consumes the Hospital Information 

Retriever web service that orchestrates the execution 

of, firstly, the Body Condition Diagnoser web service 

to get the diagnosis from input data. Next, the Hospital 

Information Retriever consumes the Treatment 

Analyzer web service to obtain a list of possible 

appropriate treatments. Subsequently, the Hospital 

Information Retriever consumes the Suitable Hospital 

Analyzer web service to obtain a list of recommended 

hospitals that can provide appropriate services and 

facilities required by the user. 

At this point, there are four different scenarios that 

can be applied: 

1. The user just gets a list of recommended hospitals. 

This process is shown in Figure 3 by arrows 1—8  

and 11—12.  

2. The Booking web service will coordinate the 

booking process for each suitable hospital in an 

ordered list sequentially. If a hospital approves the 

reservation the user will be immediately notified. 

If a hospital rejects it, the booking process 

continues to the next hospital in the list until a 

hospital approves it or there are no other hospitals 

in the list, whereupon the user will be notified 

that the booking request is rejected. This process 

is shown in Figure 3 by arrows 1—12. 
 

Fig.  2. New User/Patient Scenario And Architecture 

 
Fig.  3. Retrieve Hospital Information And Architecture 

ICACSIS 2010 ISSN: 2086-1796

211



 

 

 

3. The Booking web service will coordinate the 

booking process by attempting to book all suitable 

hospitals in the list simultaneously. The first 

approval that returns to the server will be selected, 

and the user will be immediately notified. This 

process is similar with the scenario above, and is 

shown in Figure 3 by arrows 1—12. 

4. The user explicitly chooses a hospital from the 

recommended list and books it. Once again the 

application will consume the Hospital Information 

Retriever web service, which in turn consumes the 

Booking web service. The system will send this 

booking information to the hospital and wait for 

approval or rejection. Once the hospital approves 

or rejects, the information will be returned back to 

the user. This process is shown in arrows 1—9, 

11—12, and back to 9—12.  

As for the hospital information manager scenario, it 

can be seen in Fig.  3 with arrows marked from a to b. 

If a hospital wants to access or update its data it can 

access the system by consuming the Hospital 

Information Manager web service, which allows 

operations such as adding or updating facilities, 

services, and/or doctors available in a hospital. This 

web service aids interoperability for hospitals to 

integrate their existing system to access our service 

because this service can be used as an external API. 

VI. IMPLEMENTATION 

A. Basic Implementation 

In our system design, when users send their body 

condition, the server will analyze and store the data as 

a booking record in the database. Next, this record will 

be published to the hospital web page. At this point, 

we need to inform the hospital if there is a booking.  

For the user, if a hospital approves or rejects a 

booking, a process in the server will update the status 

in the booking record and the user will be notified 

immediately. 

Fig.  4 shows the sequence while retrieving hospital 

information. This process involves four web services, 

namely Hospital Information Retriever, Body 

Condition Diagnoser, Treatment Analyzer, and 

Suitable Hospital Analyzer.  

To identify every time there is a new booking record 

in the database, one could use the refresh method of 

the hospital web page. For the user, one could make 

the application thread sleep for several seconds and 

then wake up to check if the booking status has 

already changed. If the status remains unchanged then 

the application thread sleeps again. If it reaches a 

predetermined time limit and no status update is 

confirmed, the hospital is assumed to have rejected the 

booking. Fig.  5 shows the sequence of this process. 

Arrows 1—2 show the sequence for scenario 1 where 

the user obtains the list of recommended hospitals. 

Arrows 1 and 3—8 show the sequence for scenario 2 

and 3 where the system books the suitable hospitals, 

either sequentially or simultaneously. For scenario 4 

where the user books a hospital directly, the sequence 

is shown by arrows 1—2 to obtain the recommended 

hospitals list and then back to arrow 1 to choose a 

hospital and book it in arrows 3—8. 

The refresh method is considered unsuitable. It is 

difficult to determine the appropriate time interval for 

each refresh. Moreover, this method uses a lot of 

resources if the hospital page keeps refreshing too 

frequently although there is no new booking record in 

the database. On the other hand, there could be a delay 

for the booking information to arrive at the hospital 

page if the booking happens a moment after the page 

refreshes. Given the time-critical nature of emergency 

situations, this is an unacceptable condition. 

These two issues are the most important points in 

this system development. The next subsection will 

explain how we handled them. 

B. Handling Asynchronous Process 

To deal with the time-critical issue of sending 

notifications from the server to the hospital web page, 

our implementation uses a combination of the Pushlets 

API (see Section 2.B) and Java multithreading 

facilities to wake up sleeping application threads when 

required. 

 
Fig.  4. Retrieve Hospital Information Diagram 

 
Fig.  5. Sequence Diagram For Retrieve Hospital Information 

web service (polling) 

ICACSIS 2010 ISSN: 2086-1796

212



 

 

 

To access the Pushlets API from the hospital web 

page, some required Pushlets library files (e.g. JAR 

file) must be added to the Booking web service, and 

the Pushlets client Javascript and XML files must be 

added to the web page. Each hospital web page will 

subscribe to a subject corresponding to the unique 

given ID of the hospital. This can be seen in Fig.  6. 

Once properly configured, the Pushlets library will 

support the asynchronous notification process 

according to these general steps: 

1. When a hospital web page is opened, a 

connection to listen to the Pushlets service is 

established 

2. When a server-side event occurs, e.g. a booking 

request, the server will multicast it through the 

dispatcher to a particular event subject, which 

corresponds to a unique hospital ID 

3. Javascript code from the hospital web page will 

handle the Pushlets event by parsing the data and 

displaying it in the web page. 

In more detail, the booking data transmission 

process using the Pushlets library, as illustrated in 

Figure 6, is as follows: 

1. When the server receives a booking request 

(arrows 1—2), it call upon the Pushlets service 

to process the booking notification (arrow 3). All 

booking information is encoded in two strings, 

the first is a comma-separated booking header 

separated by commas and the second is the 

comma-separated data. These strings are 

encapsulated into a Pushlets event, which is 

published to a subject corresponding to the 

destination hospital ID. 

2. Next, the server calls the Pushlets dispatcher to 

multicast the event (arrow 4). 

3. At the hospital web page, when a new booking 

notification arrives, the strings will be parsed by 

the Javascript Pushlets handler and subsequently 

displayed in the web page (arrow 5). This also 

shows the flow when the hospital approves or 

rejects the booking by sending the notification 

back to the server. 

In this way, the hospital web page does not need to 

refresh periodically but simply listens to its designated 

subject using the Pushlets library. 

For the user mobile application, when a booking 

happens there will be a thread associated with the 

booking ID. This thread will sleep until it reaches the 

time limit or is interrupted. If the hospital approves or 

rejects the booking, then this process also interrupts 

the sleeping thread based on the booking ID. When 

this thread wakes up, it will return the status to the 

patient. This way, the application thread does not need 

to wake up regularly to check the booking status. 

Using the Pushlets library and multithreading 

method, the final sequence diagram can be seen in Fig.  

7. This figure resembles Fig.  5, but the periodic 

checking of booking status in the Booking web service 

and the periodic checking of new bookings in the 

hospital web page have been removed, thus reducing 

the ineffective resource consumption. 

VII. CONCLUSION AND FUTURE WORK 

We have presented a novel approach of using web 

services to support health service systems. This work 

employs the Pushlets API and multithreaded 

programming to synchronize server-client notification. 

As a result, the use of Pushlets API gives good enough 

result to handle almost real-time server to web-client 

notification, and does so minimal resource 

consumption compared to the use of Flash or refresh 

method. Multithreading also improves notification 

from web-client to server to mobile application. This 

approach reduces regular database checking hence 

 
Fig.  7. Final Sequence Diagram For Retrieve Hospital 

Information 

 
Fig.  6. Pushlets Process 
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minimizes resource consumption as well. 

Still much future work remains. Our implementation 

of body condition diagnoser, treatment analyzer, and 

suitable hospital analyzer web services are still basic 

placeholders and needs refinement using existing 

medical ontologies and reasoning tools [5]. 
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Abstract—Research using the Particle Swarm Opti-
mization (PSO) with robots as agents for solving odor
source localization in dynamic advection-diffusion en-
vironment had been developed. Simulation and real-
world implementation are used to verify the robustness
of PSO for odor source localization. Result verifies that
PSO is feasible to be implemented either simulation or
real-world implementation. To enhance the potency of
PSO, a new algorithm based on PSO which can handle
the environmental change is investigated. Modification
involves the capability to follow a local gradient of
the chemical concentration within a plume and follow
direction of the wind velocity. Moreover, the simultaneous
search done by many groups of robots is adopted on
Modified PSO (MPSO) to solve the multi-peak and multi-
source problem. Some modification is needed on the
parallel search to handle multiple groups which following
the same sources. Then ODE (Open Dynamics Engine)
library is used for physical modeling of the robot like
friction, balancing moment and the other. Finally the
statistical analysis shows that the MPSO is technically
sounds.

I. INTRODUCTION

Many methods have recently been offered by using
mobile robots to localize odor source, from the simple
method of using a single agent [1] to sophisticated
methods of using many agents to solve odor source
problems [2], [3]. These methods are able to find the
source of the odor in simple environments, but some of
them assume an experimental setup that minimizes the
influence of turbulent transport by either minimizing
the source-to-sensor distance [4], [5] or assuming a
strong unidirectional air stream in the environment [2],
[6], [7], [8], [9].

Problems in implementing odor source localization
in natural environment include unstable wind and
spreading of the odorant molecules that is usually
dominated by turbulence rather than diffusion [10].
The robot will face a dynamic environment and failure
becomes more likely.

A new approach by using Particle Swarm Optimiza-
tion (PSO) was tried to deal with natural phenomena
in 2007 [10]. Eventhough the PSO can not localize all
of the sources, results from the simulation and the real-
world implementation showed that PSO is still feasible

to be used. To enhance the potency of PSO, a new
algorithm based on PSO which can handle the dynamic
environment have to be done. The PSO algorithm is
modified using limit memory, charged particle, etc
which is used by the other application [15], [18].
Moreover, the parallel search characteristic is adopted
on Modified PSO (MPSO) to solve the multi-peak and
multi-source problem. Some modification is needed on
the parallel search to handle multiple groups which
following the same sources. The Modified Particle
Swarm Optimization (MPSO) is applied by multiple
mobile robots to minimize the spend time to localize
one source or more. Simulation is carried out to
demonstrate that PSO and MPSO can be applied in
real-world situation.

II. MOTIVATION

Particle Swarm Optimization (PSO) as one branch
of evolutionary algorithm (EA) has been proven suc-
cessful in a number of static applications as well as
dynamic and stochastic optimization problems [11],
[12], [13]. They are particularly successful because
their problems require measurements that account for
the uncertainty present in the real world. This algo-
rithm adopts animal techniques when finding food in
groups. Each individual in PSO will be assumed as a
particle. In the case of odor source localization with
robots, robots represent those particles and odor source
location represent food location.

V n+1
i =χ (V ni +

individual︷ ︸︸ ︷
c1.Rand().(p

n
i − xni ) + (1)

social︷ ︸︸ ︷
c2.rand().(p

n
g − xni ))

Xn+1
i =Xn

i + V n+1
i (2)

Xn
i is a position vector for the i-th (i = 1,2,3,)

particle on the n-th iteration (n = 1,2,3). V ni is a
velocity vector for the i-th (i = 1,2,3,) particle on the
n-th iteration (n = 1,2,3). χ is a constriction factor
which has a value of less than one, c1 and c2 is
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Fig. 2: Al-Fath

a acceleration factor which manages distribution for
cognitive component and social component, pi is a
local best and pg is a global best, and rand() is random
number between 0 and 1. Particle position is a result
from previous position added with current velocity as
a vector.

Velocity calculation with Eq. 1 determines robots
position for the next step. The value of this velocity is
obtained by using information from the particle itself
and the other particles in that area. Information from
the particle itself is called the cognitive component
where the its value is attained from the distance
difference between the current particle position and its
best location over time. This position is called as the
local best (pi). From the population of local best, there
is a local best which has a value better than the other.
This value is called as the global best (pg). Global best
represents social information shared among particles in
this population.
c1 and c2 can influence the value of local best

and global best when one of them is greater than the
other. Suppose that c1 is greater than c2 then particle
movement tends to move to its local best position and
when c1 is less than c2 then particle movement tends
to move to the global best position.

A fitness function is needed to evaluate the position
which has been found. Position is measured based on
domain vector position. A Closer position to solution
has a better value. With this function, each position
which has been explored can be compared one to
another to get a position as close as possible to the
solution. Every problem has its own fitness function.
After a period of time every particle will move to one
point, its global best. Sometimes it is not the optimum
point for the solution. Convergence in this context
PSO has reached equilibrium point. If this happens,
every calculation involving PSO becomes inefficient
because particles only move around its position. When
it comes, determination to stop or not is done. This
behavior determine whether the solution which is
found successfully or not.

III. PSO IMPLEMENTATION

First implementation was developed in 2D simula-
tor. The goals of this simulation are to evaluate the
performance of PSO for single source and multiple

TABLE I: Experiment Outcome

Position Static/Dynamic Search Time Success/Fail
Opposing the source Static 219 Success
Opposing the source Static 315 Success
Opposing the source Dynamic 241 Success
Opposing the source Dynamic 360 Fail
Parallel to the Static 234 Success
direction of exhaust
Parallel to the Static 360 Fail
direction of exhaust

sources problems. Simulation uses odor source and
wind using Advection-Diffusion Odor model [19].
This model is the important factor in odor source
localization because it gives odor winding movement
in such a way that the resulted environment is more
dynamic and realistic.

Fig. 1 shows how implementation of PSO in the 2D
environment. Experiments using simulation software
has proofed that the PSO are quite useful approach
for odor source localization. Demonstration with real-
world setting is used to follow up the succesful in 2D
simulator.

The robots used in this implementation named Al-
Fath were built based on the Traxter II platform. Al-
Fath (Fig. 2) is equipped with compass, sonar ranging
sensor, incremental encoder, wireless communication
device and a pair of odor-sensors. Atmels AT-MEGA
2560 is used as main processor and a pair of Atmels
AT-MEGA 8 is used for left and right motor speed
control and odometry. Web camera is used as local
GPS to obtain Al-Fath’s position in the field and
mounting color signature on the top of robot is the
way to simplify recognizing process.

The field used for the experiment is a 488x488 cm2

area with 50 cm high walls on the perimeter. An odor
source is mounted on one wall. Liquid ethanol is used
as the source of odor stored in the ethanol storage. The
advantage using ethanol is ethanol evaporating quite
easily on room temperature. An air compressor is used
to give enough pressure so that the gas can burst out
and be distributed to the entire field. The direction
of the source can be controlled along the horizontal
axis to represent a dynamic odor flow. Sample of
experiment can be seen in Fig. 3 using dynamic flow
of odor source.

In four out of six experiments three Al-Faths were
able to locate the odor source (Table I). Two failures
in this experiment were caused by the convergence
nature of PSO, so Al-Faths could not locate the source
within six minutes. Using standard PSO, the robots can
possibly be trapped in a specific global best position.
Therefore, a more advanced PSO, such as PSO detect
and response, is needed to avoid the trap.

IV. MODIFIED PARTICLE SWARM OPTIMIZATION
FRAMEWORK

PSO is suitable for handling problems in a static
environment, but many complex real world problems
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(a) (b)

Fig. 1: Simulation Odor Source Localization Using Standard PSO

(a) (b)

Fig. 3: Single Odor Source Localization Using Standard PSO

are dynamic. With its characteristic which is prone to
converge, it can be a problem when it faces a dynamic
environment. Dynamic problems are defined as time-
dependent problems [14]. Based on this, modification
is needed to enhance divergent capability of PSO.

A. PSO with detect and response

Simple modification involves the limit memory
method, and the local search methods. When changes
in the environment are detected, limit memory is
performed by changing the local best position for each
particle to the last position and erases its memory
about the previous search [11], [15]. Local search [12]
tries to adapt the changeover in the environment by
searching around the optimum position. This method
can be done after every particle converge to the opti-
mum position.

By combining the limit memory and the local search
methods; a new method to handle changing in envi-
ronment arises. Its called detect and response. Detec-
tion is conducted when changes in the environment
is detected, and response is done to counteract this

condition. Global best is measured as a parameter to
know the environmental changes. If several iterations
of PSO can not change the global best value, it is
assumed that particles are trapped in local optimum.
Response is conducted by resetting global best value
in population and local best value for each particle.
This method is efficient to be applied in one solution
problem.

Another problem arises if flow of source does not go
through a particle position when particles have been
converged to one point. For multi source problems,
sometimes particles could not find another source
because they were trapped in one optimum position.
To handle this problem reinitialize particle position is
used to complete the previous method. Reinitialization
of particle position is done by moving particles to
another position from where it was randomly. With this
method, searching can be repeated to handle changes
in the environment but particles have to search from
the beginning. The condition when the robots have to
reinitialize their position is called the spread phase.
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B. Charged PSO

PSO DR maintains diversity every period after par-
ticles enter critical phase. It could not maintain the
diversity of the PSO every time. It needs time to
act after the environmental changes are detected. A
new method have to embed to the PSO to minimize
the search time. Applying Coulombs law [16], [17],
[18], a charged swarm robot is introduced to maintain
diversity of the positional distribution of the robots
and to prevent them from being trapped in the local
maximum.

There are two types of swarm robots defined: neutral
and charged robots. For all neutral robots; hence, no
repulsive force is applied to them. For charged robots,
the mutual repulsive force between the robot-i and the
robot-p is defined according to the relative distance, as
follows;

aip =
Qi.Qp(xi − xp)
r2core|xi − xp| |xi − xp| < rcore (3)

=
Qi.Qp

|xi − xp|3(xi − xp) rcore < |xi − xp| < rreg

= 0 rreg < |xi − xp|
where (i 6= p), rcore denotes the diameter inside

where the strong repulsion force is applied and rreg
denotes the recognition range of robot. Hence, if the
mutual distance is beyond rreg , then no repulsion
force is applied between the robots. In the case of
rcore < r < rreg , the repulsion force depends on the
mutual distance. Taking the summation of the mutual
repulsion force, the robot-i defines collective repulsion
force described below:

ai(t) =
N∑
p6=i

aip (4)

where N is the number of the robots included. The
charged swarm robot is described in Eq. 5 and 6

V n+1
i =χ (V ni + c1.Rand().(p

n
i − xni )+ (5)

c2.rand().(p
n
g − xni )) + ai(t)

Xn+1
i =Xn

i + V n+1
i (6)

Where the first part (standard PSO equation) of Eq.
5 is responsible to find and converge to the optimal
solution, while the second part (ai(t)) maintains diver-
sity of the swarm distribution and prevents the robots
from being trapped in a local maximum. Also, if all
robots are set to the neutral, the Charged PSO (CPSO)
is reduced to the standard PSO, as described in Eq. 1
and 2.

Combining PSO DR with charged ability, finding
odor source becomes easier. As shown in Fig. 4,
charged robots maintain diversity to find the sources
faster. Detect and response ability work when the
particles are trapped in optimum point. With the spread

Fig. 4: Charged PSO with detect and response concept

phase, the particles can find the other optimum point
and search can be continued.

C. Wind Utilization

Unless the position and the velocity are updated
in the PSO algorithm, there is no guarantee that the
robot direction will follow the plume upstream to
the source. To overcome this issue we use plume
data. This methodology is well known as odor-gated
rheotaxis (OGR) since it is employed by animals to
find food. This research uses wind data (anemotaxis) to
determine particle movement [10] because movement
of the plumes will be same with the wind movement.
If the particles move against wind movement then
distance between robot and source will decrease over
time. Whenever particles lost contact with the plumes,
particles will move towards last direction until they
can detect the plumes again.

To apply this methodology, we require information
about the wind direction. By knowing the direction of
the wind, the angle between the wind direction and the
particle movement can be calculated. It will be used
as parameter to determine the next movement.

Assume the velocity from the basic PSO becomes
an intermediate velocity (V ∗i (t)) where the robots are
able to detect the direction of the wind (W(t)) every
time. The movement of robot can be controlled by
analyzing the angle (θ) between the intermediate ve-
locity vector of the robot and the wind direction vector.
Note that the angle is a relative direction depending
on the direction of the wind. With this concept, the
robot movement is not only to follow the gradient
of the chemical concentration but also to follow the
direction ”upstream” of the wind. As a more detailed
explanation, the formulation V ∗i (t) and W(t) as vectors
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Fig. 5: Area where WU is applied

are defined as the following:

V ∗i (t) = vxex + vyey (7)

W (t) = wxex + wyey (8)

The angle of the two vectors V ∗i (t) and W(t) in two-
dimensional space become an inner product and is
defined as:

θ = cos−1{ V ∗i (t).W (t)

‖ V ∗i (t)‖ ‖ W (t)‖} (9)

1) Wind Utilization I: One method could utilize the
value of the angle(θ) to create a restricted area where
the robot can not pass. This area is called forbidden
area. The forbidden area represents an area where the
robots have high likelihood of going to the wrong
direction. If the angle(θ) is inside the forbidden area,
there must be some action taken to avoid this area(i.e.
let Vi(t) = 0 ). Modified PSO with Wind Utilization
and Forbidden Area concept is described from Eq. 10
- 11.

Vi(t) = 0 if θ < |θforbidden| (10)

= Vi(t) Otherwise

xi(t) = xi(t− 1) + Vi(t) (11)

2) Wind Utilization II: The controlloing paramater
(χ) can be used as the other way to utilize the angle
(θ). The controlling parameter is used to predict the
velocity of the robot. After receiving the intermediate
velocity of the robot, V ∗i (t), the Wind Utilization
(WU) algorithm will calculate the angle (θ) as given in
Eq. 9. Then the controlling parameter, χθ, can be cal-
culated. The continuation function for the controlling
parameter χθ is obtained as follows:

(χθ(W (t), V ∗i (t))) =
1

2
(1− (W (t), V ∗i (t))) (12)

The modified PSO with Wind Utilization (WU)
concept is described from Eq. 13 to Eq. 14:

Vi(t) = χθV
∗
i (t) (13)

xi(t) = xi(t− 1) + Vi(t) (14)

Fig. 6: Localize concept with multiple sources and
three niches

In Fig. 5, the source is in the same direction with the
wind. In accordance with WU concept, the robot will
move slowly. This condition causes the search with
WU become inefficient. To prevent this condition, WU
uses information about plume (OGR). If the particle
can detect plume, then it is on the right track and
WU can be applied. But if the particle does not detect
smoke, then WU is not necessary to apply.

D. Parallel PSO Niching

In multiple source problems, agents have to find
sources sequentially. That is why the search for mul-
tiple sources will run longer than the search for single
source even when using PSO DR or charged PSO
simultaneously. The parallel searching becomes an
option to reduce the search time. Parallel PSO is done
by using the other groups of robots tasked to find the
other sources. There will be many groups of robots to
localize the sources. PSO’s method that runs in parallel
is called PSO parallel Niching and the groups of robots
is called as the niche.

Each niche has a local best and a global best of its
own. The niche is not going to find out information
from others. In addition, the information on each
robot(local best) will only flow into its own niche.

Parallel search will provide results faster than se-
quential search, eventhough there is a chance of more
than one niche to search the same source. Condition
when two niches or more try to find the same source is
illustrated in Fig. 6. When two global best from two
niches collide, global best with lower value have to
spread using the same technique as in the PSO DR.

E. Draft Niche-PSO

In the Parallel PSO Niching, there is a chance of
more than one niche lead to the same source. When
this condition occurs, the separation has to be carried
out. Unfortunately the separation can only be done if
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Fig. 7: R core and attract radius of the main robot

two global best collide. If there is no collision, then the
separation between two niches would never be happen.
To handle this problem a new type of robot and a
displacement method are offered.

The new type offered is called the main robot. The
main robot has an area of interest where the neutral
robot or the charged robot from the other niche enter
this area will become a member of this niche. In other
words, the neutral robot or the charged robot will be
changed its membership or called as draft. The main
robot can not change the membership, and the number
of the main robot for each niche is one. The area of
interest of the main robot can be changed as needed
trial.

To increase divergency, the main robot also has
repulsive force between members of the main robots.
Because of the main robots determines the direction of
the niches, each of them is expected to find different
sources. R Core is the only one radius of rejection
owned by the main robot. Repulsive force owned by
the main robot is calculated by Eq. 15. Area of interest
and R Core area in the main robot is ilustrated by Fig.
7

ujk(t) = 0 if |xj(t)− xk(t)| > 2xAttractRadius+ RCore

(15)

=
QjQk(xj(t)− xk(t))

(AttractRadius+ RCore)2‖ xj(t)− xk(t)‖ if Otherwise

When two niches are too close and lead to the same
source then the niche with lower global best have to
spread to find the other source. Spreading is done by
the main robot. Neutral robots and charged robots will
try to follow the main robot. There is no mechanism
for neutral robots and charged robots to follow the
main robot, so there is a possibility neutral robots and
charged robots will switch its membership.

F. Modified Draft Niche-PSO

The existence of the displacement of membership in
Draft Niche-PSO algorithm raises the possibility that
there will be a niche that lost all its members. Some
modification with Draft Niche-PSO needs to be done
to handle this problem. Area restriction for the charged
robot is proposed to reduce niche lost problems.

Fig. 8: Maximum distance charged robot from main
robot

rsafe area ≥ rattractive area (16)

largesafe area ≥ dcharged robot area.2 (17)

largesafe area> dcharged robot area.ncharged robot (18)

In order to understand the concept of area restriction
for charged robot algorithm easily, consider Fig. 8.
Area indicated by the gray color is the area of interest
owned by the main robot. In the outer area of interest,
there are other areas colored green. This area is the
limit range of motion of the charged robots from the
main robot called as the safe area. As seen in the
figure, Charged robots that are members of the niche
are in the safe area. If there is a charged robot outside
this area, then the robot will actively restore itself into
the safe area. Area restriction for charged robot can
also guarantee that all robots from the niche to be used
by other niche.

To increase effectivity of safe area and to take
advantage of privileges owned by the charged robot,
minimum safe radius of the area must satisfy Eq. 16
and 17. Eq. 16 ensures that the safe area is an area
larger than the attractive area. Eq. 17 is aimed to give
charged robots their respective areas which are not
affected by repulsion from others. But it would be
better if the radius meets the Eq. 16 and Eq. 18 because
Eq. 18 guarantees the charged robot to move more
freely than Eq. 17. With this equations, the charged
robots have a mechanism to follow their main robot
whenever the main robot moves to the other directions
even when the niche faces the spread condition.

Main robot movement is also improved with consid-
ering global best position. The core of this algorithm is
a modification of the PSO algorithm so the main robot
will always try to move closer to global best position.
This can be done by eliminating the cognitive factor
in the calculation of the PSO for the main robot. This
makes the calculation of the PSO for the primary robot
following Eq. 19.
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(a) Start the search (b) Found the local maximum (c) Not trapped in local maximum (d) Found the odor source

Fig. 9: Odor source localization using PSO DR + Charged + WU algorithm

V n+1
i = χ (V ni +

social︷ ︸︸ ︷
c2.rand().(p

n
g − xni )) (19)

+

repel force︷︸︸︷
(ai) +

area of interest︷︸︸︷
(bi)

Value of bi in the equation is used to provide
distance between the main robot and the global best, so
the robot still can move around it despite being close to
the global best. If bi is not included in the equation,
then the position of the main robot will always be
the same as the global best position. Approach in this
algorithm uses the assumption that the source is always
in the area around the global best.

V. SIMULATOR OF ODOR SOURCE LOCALIZATION

A. Single Odor Source

If simulator used standard PSO, there were no
mechanisms to handle environmental changes. The
robots were easily trapped in the local maximum point
when environmental circumstances was changed. To
improve the result of the experiments, the previous
simulator was developed by adding MPSO algorithms
to the simulator.

By using PSO DR, the problem facing by standard
PSO is solved. Gradually the robots could escape
from the local maximum point and find the source
eventhough the time needed to find the source was still
large. With PSO DR + Charged, the search time could
be minimized significantly because the robots could
maintain its divergency by maintaining their position.

In PSO DR + Charged + WU, robots would move
faster if they fought against the wind direction, but they
would move slower if their movements and the wind
direction were same. Eventough PSO DR + Charged +
WU looks like PSO DR + Charged, but the results is
different. The elapsed time to find the source without
WU is 123 seconds, but with WU is only 54 seconds.
Sample of experiments can be seen in Fig. 9.

B. Multiple Odor Source Localization

Although it looks identical, the problem of multiple
odor sources localization is different with the problem
of single odor source. The flow of odor appears in
a complex way. When the odor stream meets with

TABLE II: Experiment Results

Scenario Time Algorithm
1 868.300 PSO DR, Charged PSO, WU I, WU II

Draft Niche-PSO
2 814.200 MPSO, Modified Main Robot Movement
3 712.800 MPSO, Restriction Area for Charged

Robot
4 873.700 MPSO, Main Spread 2
5 651.900 MPSO, Modified Main Robot Movement

+ Restriction Area for Charged Robot
6 700.500 MPSO, Modified Main Robot Movement

+ Main Spread 2
7 849.000 MPSO, Restriction Area for Charged

Robot + Main Spread 2
8 873.200 MPSO, Modified Draft Niche-PSO

the other then the concentration on that location will
change drastically. If the location of odor sources are
close enough, odor concentration will increase. The
odor can not be distinguished from one source to the
other. This causes the localization of multiple odor
sources more difficult.

To get closer to real-world, 3D simulator had been
developed with Draft Niche-PSO and its modification
are included. Using Open Dynamic Engine, physics
calculation such as friction, impact, and normal force
can be done. The simulation uses the model of Al-Fath
robot.

There are eight scenario involving every modified
algorithms proposed in this paper. Every scenario run
10 times to get average time of the robots to find
all sources. Results of this experiment are used as
a benchmark for real-world implementation using Al-
Fath as an agent. Scenario, elapsed time and algorihm
used can be seen in Table II.

VI. CONCLUSION AND PROSPECT

A. Conclusion

Both simulation and real-world implementation,
PSO has proofed that PSO is quite enough to handle
single odor source in acceptable time. Nevertheless,
robots can possibly be trapped in the local maximum
which are caused by the convergence nature of PSO.
Therefore, experiment using MPSO is needed to avoid
the trap. Simulation shows that MPSO makes robots
capable to handle environmental changing so robots
are not trapped in the local maximum, while PSO DR
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+ Charged + WU accelerates the localization process
because it uses information about the wind direction.

To handle multiple odor source problems, parallel
searching such as Parallel PSO Niching, Draft Niche-
PSO and Modified Draft Niche-PSO can be added to
the previous algorithms to find sources faster. Combi-
nation between Modified Main Robot Movement and
Restriction Area for Charged Robot in Modified Draft
Niche-PSO can find the sources faster than the other
combination.

B. Challenges

An huge area and a number of robots are needed to
bring simulation of multiple odor source problems into
the real-world. Besides that, MPSO algorithm have to
be tuned to find the optimal solution before it is tried
in real-world. Try and error method is the common
way to tune the MPSO algorithm. Further algorithm
development in simulation will include online learning,
which system can learn parameters from environment.

The final goal of the research tries to construct a
whole system, software and hardware implementation,
to solve distributed odor source localization in real en-
vironment through a newly proposed Modified Particle
Swarm Optimization algorithm (MPSO).
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Abstract—Soccer is the most popular sport and 
played by all people around the world. Soccer has 
a high element of cooperation, complex strategy, 
and diverse state game. Nowadays, robot is also 
developed to play soccer. Inter-robot soccer game 
is a challenge in robotics world. In this research, 
we try to simulate robot soccer game in two 
dimensions by using RoboCup Soccer Server. We 
propose player movement algorithm which is 
inspired from particle swarm optimization.  

I. INTRODUCTION 
OBOT has been widely  used to help human work 
in various fields, especially in industry. Robot 

can be defined from two points of view: virtual and 
mechanical. From virtual viewpoint, robot is shaped 
instrument software, but has ability to perform the 
processes as if ordered by itself. From mechanical 
viewpoint, robot is a machine-electronics which 
appearance and movements as well as if done as 
desired instrument. General characteristics of an 
instrument will be considered as a robot that was 
agreed by a majority of the experts and the 
community is that these instruments can move in any 
direction, has a mechanical arm, able to feel 
(manipulate) the condition of the surrounding 
environment, and have human-like intelligence or a 
particular animal.  

The role of artificial intelligence in robotics is very 
important because it makes the robot to move 
automatically with a simple command or no command 
at all. The development of robots which fully perform 
the movement without orders from other parties (or to 
be autonomous) started in the 20th century. One of 
the developments of robot technology which can be 
used for a number of useful purposes is swarm robots.  

The main advantage of the swarm robots is the 
power to increase the odds of success in performing 
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their duties than if just using a large robot [1]. If 
normally a big robot may have failed in carrying out 
the tasks assigned, otherwise swarm robots can 
continue to operate even though there are some robots 
that have failed. This happens because the 
synchronization behavior generated by the system of 
cooperation of robots in the group. Numerous studies 
have been done to develop a swarm of robots, both in 
the architecture [1] [2] and intelligence [3] [4]. 

Cooperation system of swarm robots will form a 
Multi Agent System (MAS). MAS consist of 
intelligent agents (e.g. robots) that interact with each 
other. Interaction among agents is basically the same 
inter-agency working arrangements to achieve a goal 
or to complete a task. One of the implementation of 
MAS is currently been developed by the researchers 
is simulated sports games. The researchers tried to 
make a bunch of robots to perform various kinds of 
sports and games (which generally should be in 
groups) made human. The hope is that robots can act 
like humans and could one day be used in a broader 
scope. 

One sport that can be played by robot is 
soccer. The most famous sport and played by all 
people around the world have high element of 
teamwork, complex strategy, and diverse state 
game. The concept of a soccer game being first 
played by robot started from the idea of Prof. Alan 
Mackworth [5] in 1992, who apply the concept of 
multi-robots that work together in teams in a 
competitive and cooperative. In June 1993, a group of 
researchers in Japan held a soccer tournament for 
robots. One month after the organization of the 
tournament, many researchers outside of Japan who 
are interested to follow. In the end, the tournament 
was named Robot World Cup Initiative, or RoboCup 
and becomes the trigger for the development of robot 
soccer research in world. 

A large number of studies related to the 
implementation of MAS in a soccer game focuses on 
developing machine learning (with reinforcement 
learning approach) and artificial intelligence [6] [7] 
[8]. A number of other studies [9] [10] is more 
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focused on the exploitation of the nature of the 
geometry of a soccer field, which generally 
represented in graph form. Graph form basically 
describes explicitly the relationship between the agent 
and how the cooperation arrangements can be made 
via communication for sharing information between 
the relevant agents. 

C.A. Wibawa in [11] has successfully developed 4 
vs. 4 robot soccer simulation using Robot Basic 
programming language. In the simulation, he used 
robot area (also called as partition) division algorithm 
and number of enemies checking algorithm. Tony in 
[12] [13] used RoboCup Soccer Server to simulate 11 
vs 11 robot soccer match. In this research, we used 
RoboCup Soccer Server version 13 and the standard 
team (base) of UvA_base written by Jelle R. Kok 
from Universiteit van Amsterdam, Holland and then 
modified by Samira Karimzadeh from the Islamic 
Azad University, Iran to run in the Soccer Server 
version 13. We also modify partition division 
algorithm which proposed by C.A. Wibawa becomes 
player movement algorithm inspired from particle 
swarm optimization, in this case moves to dribble the 
ball, shoot the ball into the opponent's goal, or pass 
the ball to another player in a team. After that, we 
measure the performance of the team by carrying out 
simulation game with numerous teams of RoboCup 
2D Simulation 2008 participants. The hope is the 
developed team can beat those teams.   

II. METHODOLOGY 

A. Objects in Soccer Server 
Figure 1 shows the arrangement of the objects used 

in soccer simulation. Soccer server has two main 
objects: ball and player. Player has its own attributes 
and parent attributes that are also owned by ball are 
direction, distance, and speed, which vary depends on 
movement of each object. The position of both 
objects is two-dimensional coordinates, namely x and 
y. From this position the root attribute of distance and 
direction of both objects can be determined. 

Figure 1.  Objects in Soccer Server [14] 

B. Robot Soccer Team Strategy 
In robot soccer learning strategy, some teams seem 

to have little in common in terms of algorithms and 
strategies used. The first strategy is obtained from 
existing sources, namely the division of field and field 
based robot task division. According to this strategy, 
the field is divided into several areas and some robots 
were given one area to pass or kick the ball. This 
method will not only determine which robot is closest 
to the ball to get close, shoot, or pass the ball, but to 
prevent the robots that are far away from the ball to 
waste time chasing the ball. 

The second strategy is passing strategy and ball 
passing evaluation. If shooting the ball into the goal 
can’t be done, then passing will be done. To make a 
pass, first evaluate passing to determine the likelihood 
of success passing to be performed. Both strategies 
will be implemented in an integrated in one system 
together with the robot location determination 
algorithms and algorithms to determine the trajectory 
of the robot based on the results of the strategy are 
made. 

C. Field Strategy 
The working principle of this algorithm is to divide 

the field for some robot players. Field assigned to the 
robot named area [15]. This area can determine the 
motion of space robot, robot numbers which are in the 
field, and the robots which have to chase the ball.  

Coordinate point (0,0) is in the middle of the 
field. The position of x-axis positive and x-axis 
negative is same with Cartesian coordinates. The 
difference is in coordinate y axis. X-axis values are 
between -52.5 to 52.5, while the y-axis value is 
between -34 to the 34. Figure 2 shows the distribution 
of coordinates on a soccer field used in the 
simulation. By using the modeling field in the form of 
coordinates, the distance between the robot, angle 
shots, and analyze enemy positions can be calculated 
using the equation of parallel lines in Cartesian. 

(0, 0)

-y

+y

+x-x

 
Figure 2.  Coordinates on the field 

 
Robot areas are areas in the field which limited by 

several straight line. Figure 3 shows an example of 
the distribution area of a soccer field. The field is 
divided into three areas: A, B and C. The division of 
this field will be used in regulating the movement of 
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players. If the ball is in area C, where the player as 
shown in Figure 4. If the ball is in area B, where the 
player as shown in Figure 5. If the ball is in area A, 
where the player as shown in Figure 6. 

 

 
Figure 3. Distribution Area of Soccer Field 

 

 
Figure 4.  Ball is in Area C 

 

 
Figure 5.  Ball is in Area B 

 

 
Figure 6.  Ball is in Area A 

 
Area can be separated or overlap each other to 

prevent each player grab the ball between themselves 
and the robots gather in one part of the field. If only 
one robot is chasing the ball, then the other robots can 
be on hand to keep the area behind the field to prepare 
for receiving the pass the ball. For efficiency, each 

robot has a standard position. The robot will go to this 
position if you do not chase the ball (active robot), 
except the goalkeeper who must always be alert to the 
ball coming. The standard position is in the middle of 
the field. 

D. Player Movement Algorithm 
A RoboCup agent has three kinds of sensors: aural 

sensors, visual sensors, and body sensors [12]. The 
sensor is associated with the passing of visual sensors 
and body sensors. Visual sensors detect visual 
information related to the football field such as 
distance and direction to the objects in the visual 
range player (player's current field of view), as well as 
objects that are near others but are behind the 
player. Body sensors detect the current physical status 
such as stamina, speed, and angle of the neck, and the 
number of action that is kick, dash, turn, say, 
turn_neck, catch, move, and change the 
view. Physical status was informed to each 
sense_body_step with the value default is 100 
milliseconds. 

Every 150 milliseconds (sense_step), the player 
receives information from an object within sight of 
players. Distance, direction, distance changes, and 
changes of direction are calculated by using the 
equations as follows: 

 
xoxtrx ppp −=                (1) 

yoytry ppp −=                (2) 

xoxtrx vvv −=                (3) 

yoytry vvv −=                (4) 
22
ryrx ppdistance +=             (5) 

( ) oryrx appdirection −= arctan          (6) 

distancepe rxrx =              (7) 

distancepe ryry =              (8) 

( ) ( )ryryrxrx evevDistChng ∗+∗=        (9) 

( ) ( )( )[ ] ( )π180∗∗+∗−= distanceevevDirChng rxryryrx  (10) 

irAgentHeadDirAgentBodyDDirPlayerBodyBodyDir −−=  (11) 
irAgentHeadDirAgentBodyDDirPlayerHeadHeadDir −−=  (12) 

 
where ( )ytxt pp ,  is the absolute position of the target 

object, ( )yoxo pp ,  is the absolute position of the 

sensing player, ( )ytxt vv ,  is the absolute velocity of the 

target object, ( )yoxo vv ,  is the absolute velocity of the 

sensing player, and 
oa  is the absolute direction the 

sensing player is facing. The absolute facing direction 
of a player is the sum of the BodyDir and the 
HeadDir of that player. In addition to it, ( )ryrx pp ,  and 

( )ryrx vv ,  are respectively the relative position and the 
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relative velocity of the target, and ( )ryrx ee ,  is the unit 

vector that is parallel to the vector of the relative 
position. BodyDir and HeadDir are only included if 
the observed object is a player, and is the body and 
head directions of the observed player relative to the 
body and head directions of the observing player. 
Thus, if both players have their bodies turned in the 
same direction, then BodyDir would be 0. The same 
goes for HeadDir.  

E. Player Movement Algorithm inspired from PSO 
In the case of determining whether a player's 

decision (which was the ball) should be shot directly 
or pass the ball we get inspiration from the PSO 
algorithm. A number of parameters in the original 
PSO algorithm will try to be adjusted with the 
condition of robot soccer game. The original PSO 
equation is: 
 
v[] = v[] + c1 * rand() * (pbest[] - present[]) + c2 * rand() * 
(gbest[] - present[]) 

present[] = present[] + v[] 

 
Parameter adjustments made are as follows: 

• v[] is DistChng (calculated by Eq. 9) of player. 
• present [] is the distance to the opponent's goal 

(ie the value of distance is calculated using Eq. 
5). 

• fitness function (f()) used in this case is an 
opportunity for players to be entering the ball 
into the goal, which is calculated based on the 
distance to the opponent's goal and the nearest 
distance of opposing players with the player 
itself (the distance to the goal the distance to 
the nearest opponent.) 

• pbest[] is the distance when the player closest 
to the opponent’s goal. 

• gbest[] is the player closest to the opponent's 
goal and not guarded the opponent. 

 
In Figure 7, we added the receiver to record the 

players who will do the shooting or passing. If the 
receiver the same as the player who currently controls 
the ball, meaning the receiver is the player, so if their 
distance to the goal is less than or equal to 11 m, then 
the player can immediately shoot the ball into the 
opponent's goal (if not in the off-side 
position), otherwise if their distance to the goal is 
greater than 11 m, then the players perform dribbling 
toward the opposing goal. If receiver is another player 
on the team, then surely the player who controlled the 
ball must pass the ball to the receiver. 

 
 
 

 

For each player[i], where i=1...S 
Initialize particle position: present[]= player.distance 
Initialize the particle's best value: pbest[] = present[] 
If (f(pbest[]) < f(gbest))  
update global best value: gbest = pbest[] 
set receiver = player[i] 
Initialize particle's velocity: v[] = player.DistChng 
End 
 
Do 
For each particle  
v[] = v[] + c1 * rand() * (pbest[] - present[]) + c2 * rand() * (gbest 
- present[]) 
present[] = present[] + v[] 
If (f(present[]) < f(pbest[]))  
set pbest[] = present[] 
If (f(pbest[]) < f(gbest)) 
set gbest = pbest[] 
set receiver = player[i] 
End  
While maximum iterations 
 
If (receiver == current_player) //current player is the player who 
occupies the ball 
If (receiver.distance <=11m ) 
receiver.shoot(receiver) 
else 
receiver.dribble(receiver) 
else 
best_passing(receiver) 

Figure 7  Player Movement Algorithm inspired from PSO 

III. IMPLEMENTATION 

A. Experimental Setup 
The experimental setup is to simulate a soccer 

game using the soccer server (rcssserver) version 
13.2.2, soccer monitor (rcssmonitor) version 12.1.0, 
and logplayer program (rcsslogplayer) version 
13.1.1. All programs are running on Linux Ubuntu 
9.10. The developed team, namely as TA, which 
developed on the basis of the standard UvA base team 
will be competed with 5 other teams who are 
participants of RoboCup Simulation 2008. Simulation 
games will be carried out for 10 times for every game. 
One-time simulation walk for 5 minutes or 3000 cycle 
time (time in the soccer server.) For example: 
Brainstormers vs. TA will do as much as 5 times a 
simulated game and then reversed Brainstormers vs. 
TA which also will do as much as 5 times. Because 
total there are 6 teams in the simulation, every team is 
going to do as many as 50 games. 

There are 6 teams which competed in the 
simulation, namely: 

• TA, the developed team with UvA_base 
standard. 

• Brainstormers from the University of 
Osnabrueck, Germany [6] is the first ranking 
of RoboCup Simulation 2008. 

• OxBlue from the University of Oxford, UK [7] 
is ranked the 7th in RoboCup Simulation 2008. 

• OPU_hana of Osaka Prefecture, Japan [8] is a 
ranking of the 13th in RoboCup Simulation 
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2008. 
• UvA Trilearn from Universiteit van 

Amsterdam, Holland [9]. 
• Helios from the National Institute of Advanced 

Industrial Science and Technology, Japan [10] 
is ranked 3rd in RoboCup Simulation 2008. 

B. Experimental Results 
After performing the simulation matches with other 
teams, the match results between the TA team with 5 
other teams can be seen in Table 1 - Table 5. 
 

Table 1  Match Results between TA vs UvA Trilearn 
Simulation Game I II III IV V

TA vs UvA Trilearn 14 – 0 16 – 0 13 – 0 18 – 0 14 – 0
UvA Trilearn vs TA 0 – 16 0 – 14 0 – 15 0 – 17 0 – 18  

 
 

Table  2 Match Results between TA vs Helios 
Simulation Game I II III IV V

TA vs Helios 1 – 0 3 – 2 1 – 0 2 – 1 1 – 0
Helios vs TA 0 – 0 1 – 1 1 – 0 0 – 2 1 – 1  

 
Table 3  Match Results between TA vs Brainstormers 

Simulation Game I II III IV V
TA vs Brainstormers 1 – 0 1 – 1 0 – 0 1 – 0 1 – 0

Brainstormers vs TA 1 – 0 2 – 0 3 – 0 1 – 0 0 – 2  
 

Table 4 Match Results between TA vs OxBlue 
Simulation Game I II III IV V

TA vs OxBlue 2 – 0 4 – 0 6 – 1 4 – 0 3 – 0
OxBlue vs TA 0 – 1 0 – 3 0 – 5 0 – 2 0 – 8  

 
Table 5 Match Results between TA vs OPU_hana 

Simulation Game I II III IV V
TA vs OPU_hana 1 – 0 2 – 0 9 – 0 5 – 0 7 – 0

OPU_hana vs TA 0 – 5 0 – 3 0 – 3 0 – 7 0 – 7  
C. Performance Analysis of TA team 
The parameters that will be the subject of analysis is 

the number of wins, series, and lost. Table 6 show the 
statistics match of the TA team against other 
teams. Graph match statistics are shown in Figure 
8. Furthermore, analysis of team performance will be 
measured by adding other parameters, including the 
number of goals generated, ball possession, the 
number of corner kicks (corner), and the number of 
offside. 

By default, simulation game made in the soccer 
server will generate two files: *. rcg and *. rcl. The    
*. rcg file is a file of simulation game which can be 
played back using rcsslogplayer program. While the  
*. rcl file is a file that contains the activity log of each 
team during the simulation game. By using the *. rcl, 
we create a program in C++ to calculate the statistical 
data regarding the ball possession, the number of 
corner kicks, and the number of offside. 

The number of goals, ball possession, the number 
of corners, and the number of offside can be seen in 
Table 7. The number of goals, corners, and the offside 
is the total number of goals, corners, and offside 
obtained after performing 10 times in the simulation 

game against a team. While the ball possession data is 
the average value after the simulation run 10 times a 
game. The graph of the number of goals, ball 
possession, corners, and offside can be seen in Figure 
9 untill Figure 12. 
 
 
 

Table 6  Statistics of TA 
Team Opponent Win Draw Lost

TA

UvA Trilearn 10 0 0
 Helios 6 3 1

Brainstormers 4 2 4
OxBlue 10 0 0

OPU_hana 10 0 0  
 
TA team managed to win all the matches when the 
team against UVA Trilearn, OxBlue, and 
OPU_hana. As against the Helios team, the TA team 
got 6 wins, 3 draws and 1 defeat. While at the time 
against the Brainstormers team, the TA team received 
4 wins, 2 draws and 1 defeat. 
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Figure 8  Stats of TA Team  

 
Table 7 Additional Parameters of TA Team 

Team Opponent Goals Ball Possession Corner Offside

TA

UvA Trilearn 155 49.77 9 23
 Helios 12 49.49 1 16

Brainstormers 6 49.02 6 0
OxBlue 38 21.47 12 12

OPU_hana 49 49.88 2 16  
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Figure 9.  Graph of number of successful goals 

 
In Figure 9 shows that the TA team get the most 

number of goals when the team against UvA Trilearn 
and the number of goals at least as against the 
Brainstormers team. On the ball graph shown Figure 
10 possession average possession ball almost the 
same except at the time against teams OxBlue, TA 
team in an average possession smallest ball that is 
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only 21:47%. Meanwhile, from Figure 11 the number 
of corners at least as against the team's most lots 
Helios and when against a team OxBlue. From the 
graph the number of offside shown in Figure 12, 
offside at most be obtained when the team against 
UvA Trilearn whereas when it did not happen against 
a team Brainstormers offside. 
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Figure 10.  Graph of Ball Possession 
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Figure 11.  Graph of number of corner kicks 
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Figure 12.  Graph of number of offside 

 
Results of simulation games that have been done by 

all the teams will then be used to rank in the standings 
simulation. Each team conducted a simulation game 
50 times. The calculation of points is done by 
counting the number of wins, series, and losing 
obtained. If the win will get 3 points, the series gets 1 
point, and lose, do not get points. Table 8 shows the 
final standings of robot soccer simulation game. 

Table 8 shows that the TA team managed to get 125 
points and are ranked first. Points were obtained from 
40 wins, 5 series, and 5 lost. The defeat occurred 
when the team against Helios and Brainstormers. The 
second highest occupied standings Helios team, then 
followed Brainstormers, OxBlue, OPU_hana, and 
UVA Trilearn. 

 
 

Table 8  Final standings of the simulation 
Standings Team Play Win Draw Lost Goal Difference Points

1 TA 50 40 5 5 260 - 15 125
2 Helios 50 36 7 7 216 - 18 115
3 Brainstormers 50 24 15 11 59 - 20 87
4 OxBlue 50 17 9 24 125 - 79 60
5 OPU_hana 50 13 4 33 78 - 124 43
6 UvA Trilearn 50 0 0 50 1 - 483 0  

IV. CONCLUSIONS 
The following are the conclusions obtained: 

RoboCup Soccer Server can be used to simulate the 
techniques of intelligence for robot soccer team that 
was developed by the author by using player 
movement algorithms which is inspired from particle 
swarm optimization. Robot soccer team that 
developed by us could win the whole game when the 
team against UVA Trilearn, OxBlue, and OPU_hana. 
The team suffered defeat when against Brainstormers 
and Helios. The proposed algorithm which called 
player movement algorithm can improve the ability of 
a robot when controls the ball, decide whether the 
robot still bring the ball near the goal, shoot the ball 
directly into the goal or pass the ball to other robot 
friend who has the biggest opportunity to make a 
goal. The number of goals, corners, and offside at 
least be obtained when against the Brainstormers 
team, at most when the team against UvA Trilearn. 
The average value of ball possession obtained is 
almost the same at around 49%, except at the time 
against teams OxBlue, the average value of ball 
possession is 21.47%. 
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Abstract— Currently, the development of robotic 

tools to support human needs increases 

significantly. One of them is to help mapping areas 

that cannot be reached / insecure for human. We 

developed an approach to solve maze by using 

NXT robot called Maze Solving Robot that uses 

Bluetooth connectivity. This robot moves on the 

field or area by using sensors. The sensors sense 

their surroundings and the sensing data are 

captured by a robot controller. The data are then 

used to construct a map. The construction of the 

map is done in a real time fashion. Therefore, the 

owner of the robot will obtain the map while 

tracking the robot simply by viewing a computer 

screen. The map on the computer screen is 

assembled from binary numbers produced from 

ultrasonic sensor which is converted into an image 

mapping trajectory. Then, the owner can find out 

where the position of the robot and the elapsed 

trajectory. To enable the robot to move constantly, 

we used sensor compass to transmit data that aims 

to coordinate the robot's position and direction. 

Keywords: maze, maze solving, NXJ 

I. INTRODUCTION 

HE advance of information technologies has been 

widely supported by the human discovery and 

innovation. This trend has brought many changes in 

human way of life. These days, more things and 

aspects of human life use IT to run its activities.  

As the time goes by, people tend to use automatic 

system to support their life. This means, the use of a 

tool that can work continuously and consistently in a 

long period. One of the changes is the use of robot. 

Robot is a mechanical device that can perform physical 

tasks, using either human supervision or control, or 

use a program that has been defined in advance 

artificial intelligence. Robots are typically used for 

heavy tasks, dangerous jobs, repetitive and dirty. The 

other uses of robots are including for cleaning up toxic 

waste, underwater exploration and aerospace, search 

 
. 

and rescue, and to exploring mines.  

Robot can also be used to solve maze or labyrinth. 

By using robot, it is not too hard to find a way out or 

to find shortest route. This is because the robot has the 

ability to browse record and store all the existing 

routes. Then, the robot will calculate the shortest path 

or the fastest route to reach the finish line. In a more 

sophisticated technique, by using a bluetooth 

connection, serves as data transmission media, the 

robot can be used wirelessly. This will increase the 

utility of the robot in its flexibility.  

Thompson [5] proposed an approach in solving 

maze by using the measure of path cost to define a 

selection criterion for optimal path search. While [6] 

Wyard-Scott et al. [6] used the  approach  of assigning  

potentials  in  such  a way  that  the  initial  assignment 

and manipulation  of  the potentials  in  the solving 

algorithm will not  require extensive  computational  

resources. This research used the robot to construct a 

map of an unrevealed area. 

II. BLUETOOTH TECHNOLOGY 

Bluetooth is a wireless communication technology 

that operate in the unlicensed frequency band 2.4 GHz 

ISM (Industrial, Scientific and Medical) using a 

frequency hopping transceiver. This technology   is 

able to provide voice and data communication services 

in real-time fashion between the hosts bluetooth with 

limited service reach distance (around 10 meters). The 

bluetooth technology's function is similar to the card 

used for wireless local area network (WLAN) which 

uses the IEEE 802.11 standard radio frequency. The 

difference is that the bluetooth has shorter distance 

services and also lower data transfer capability.  

Basically, bluetooth was created not only to replace 

or eliminate the use of cables in data communication, 

but also to offer additional features of mobility. The 

wireless technology is relatively low cost, low power 

consumption, high interoperability, easy to operate and 

able to provide diverse services. To give a clearer 

picture of the bluetooth technology, the followings 
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Bluetooth 
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describes the history of the emergence of bluetooth 

and its development, the technology used in the 

bluetooth system and service aspects that can be 

provided. In addition, we also describe the comparative 

method of spread spectrum modulation FHSS 

(Frequency Hopping Spread Spectrum) used by the 

bluetooth compared with the method of spread 

spectrum DSSS (Direct Sequence Spread Spectrum). 

Figure 1 shows example of Bluetooth device. 

 

III. LEGO MINDSTORM NXT 

LEGO Mindstorm NXT is an extremely robot that 

offers flexibility to experiment, because it is composed 

of components that can be plugged and removed easily. 

We can build various robot constructions, then 

program the robot for different tasks. The components 

of the LEGO Mindstorm NXT are: 

A. Brick 

Brick is the most important component of NXT 

robots, because it serves as a controller (brain robot). 

Brick can be installed with a program to perform 

various actions. Figure 2 shows the model of Brick. 

For direct interaction, Brick consists of:  

 One LCD screen  

 Speaker to produce voice  

 Four buttons (Cancel, OK, Left, Right).  

In addition, brick has receiving inputs from 4 

sensors, and run 3 motors. The components of NXT 

robot can be seen on Figure 3. 

B. Motor 

Motor functions to move the robot, such as rotating 

wheels or joints. One brick can carry 3 motors as seen 

in Figure 4. 

 

C. Touch Sensor 

Touch sensors, as shown in Figure 5, work like the 

sense of touching in human. This component is used to 

make a robot react if it hits something. The movements 

can be backward, turn right or left, etc. depending on 

the program that controls the movements. 

 

D. Ultrasonic Sensor 

Ultrasonic sensors work like the mouth and ears of 

bat. It emits ultrasonic wave and hear the reflections in 

order to estimate the distance of the object in front. As 

seen in Figure 6. The round part of the sensor 

produces ultrasonic waves. 

 

  

 
Fig. 1.  Example of a Bluetooth module. 

 

 

 
Fig. 2.  Picture of Bricks. 

 

 

 
Fig. 3.  Picture of NXT robot components. 

 

 

 
Fig. 4.  The Motor 

 

 

 
Fig. 5.  Sensor Tap 
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E. Light Sensor 

Light sensors that works like eyes, is useful to 

notice the light of its environment. In passive mode, it 

detects the dark surface of something. In active mode, 

it can emit light and receive the reflections to 

distinguish the color of objects (Figure 7). 

F. Sound Sensor 

Sound sensor functions as ear, which is to capture 

the sound of the robot surroundings (Figure 8). 

G. LeJOS 

LeJOS [1][2] is a programming kit for LEGO 

Mindstorm NXT robot running on Java-based 

language. NXT was created for education and 

entertainment. Therefore, the kit for programming is 

equipped with the LEGO NXT-G graphical that greatly 

facilitate the user to immediately use the NXT. But for 

those who wish to embed sophisticated artificial 

intelligence to the NXT, it may take a more serious 

programming kit. One option for this is LeJOS, java-

based language. 

LeJOS has the advantages of the ability to build 

programs on many platforms, such as Linux or 

Windows. The other advantages of using LeJOS are:  

 Supports object-oriented programming, with a 

rich Java library (strings, arrays, etc.).  

 All components of the robot (motor, sensor, 

etc.) are defined as an object.  

 Capable of multi-threading, for parallel 

programming.  

 Supports recursive programming technique, 

will greatly facilitate the programming of 

artificial intelligence.  

 There are special features for programming a 

robot (eg subsumption).  

IV. DESIGN AND IMPLEMENTATION 

In this research, we built a robot named Maze 

Solving Robot. Maze Solving Robot works to map out 

the room and reported the results of by using 2D 

graphics [3]. In addition, the robot is also capable of 

reporting lines that form the maze and immediately 

report them in a real time fashion. Therefore, users can 

indirectly observe the results of mapping and 

exploration only by viewing computer monitor [4].  

For further development, we plan to use wifi 

connection to control and transfer data between the 

controlling computer and the robot. This will make the 

coverage longer than using bluetooth technology. As 

for the program in embed into the brick already 

qualified if using LeJOS NXJ.  

Figure 9 shows several Maze Solving Robot 

important parts, namely the user, computer (server), 

robot (client), online map, and map room.  

Here, the user accesses JAVA applications installed 

on the user’s computer and make the program running. 

Then, the client program is uploaded into the brain of 

the NXT robot.  

Once the program is embedded into the robot Brick, 

then it performs connectivity between server and client 

 

 
Fig. 6.  Ultrasonic Sensor 

 

 

 
Fig. 7.  Sensor Tap 

 

 

 
Fig. 8.  Sound Sensor 
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Fig. 9. General System Architecture. 
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programs by using Bluetooth connectivity, so that the 

media cables media can be removed.  

At the server side, we used the Graphics User 

Interfaces (GUI) build from java. The GUI converts 

data obtained from the robot into graphics/images that 

can be interpreted easily by the user. The algorithm of 

the system can be seen on Figure 10. 

 

V. EXPERIMENTS 

A. Functionality Testing 

Functionality testing was done to observe whether 

the basic functions of the system run properly. The 

experiment result is shown by the results of a 

screenshot of the Graphical User Interface on related 

Solver Interface.  

The functionality testing includes: the connection 

process to the robot, the early map initialization, the 

process of marking the point spot and send a map to 

the server.  

B. Connectivity Testing 

Before the robot can move, we must initialize the 

instructions. First, we need to make a connection to 

the robot. This can be done by typing the name of the 

robot in the NXT Name panel and press the Connect 

button on the panel and Start menu command. 

In Figure 11, if the robot is successfully found, this 

means the connection is built successfully. Then the 

panel will show message panel that indicates the 

connection is successful.  

But if a robot with that name is not found, it will 

display an error message, thus connection is 

unsuccessful.  

The maze solving process is initialized by the 

process of initial analysis of the robot’s surroundings. 

If there are no obstacles around the robot, then it 

moves to the next process is called Mapping. The 

analysis process of the robot is shown at Figure 12 and 

13. 

 

This process is performed by an ultrasonic sensor 

that rotates for 360 degree that forms a perfect circle. 

The robot will acknowledge its surrounding area as far 

as the ultrasonic signal can reach. The following 

 

Fig. 12. Panel initialization 
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Fig. 10. Flowchart NXT Line Maze. 

(A) Flowchart of the Maze Solver robot 

(B) Flowchart of  map construction server 

 
 

Fig. 11. Connect and Start Panel. 

 

 

Fig. 13. Panel showing the robot is found. 
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process is called tagging. Tagging is the process of the 

first point of the mapping process as the marking point 

spot. Marking point is used to initialize the distance 

between the robot and wall. The data points obtained 

from ultrasonic sensor generated spots that form a 

collection of dots in binary values. The data are then 

used to draw the map. Figure 14 shows the 

initialization process. 

 

After achieving a perfect circle, the robot will look 

for the corner points of a space; in this experiment we 

used rectangular space. The map drawing is then 

continued from the initial point to the area that has not 

been explored. This process will keep running unless 

there is a wall that blocks the robot from forward 

exploring. If the robot is blocked from its front side, it 

will turn right/left/backward to explore unforeseen 

areas.  This process keeps running until there is no 

more areas that has not been explored. Figure 15 

shows mapping process. 

VI. CONCLUSION 

From the observation during the design, 

implementation, and software testing process, it can be 

concluded that the system is able to meet the needs of 

the application mapping solution using NXT robot 

with some restrictions which can only be deployed on 

the Lego Mindstorms NXT with firmware LeJOS. The 

accuracy of the mapping can be increased by using 

more accurate ultrasonic sensors.  
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Abstract—Many Researchs in robotics area to localize
the odor source have been conducted recently. Simulation
become the priority to be used instead of real hardware
implementation. Despite many researchs are limited to
the simulation result, this paper tries to verify the
robustness of Particle Swarm Optimization (PSO) algo-
rithm in the real-world implementation. This algorithm
is implemented to localize a single odor source using
the real hardware. A group of mobile robots equipped
with wireless communication device and odor sensors is
employed. A set of camera is used to track the position
of each robots. The result verifies that PSO is technically
sound for real-world odor source localization.

I. INTRODUCTION

The amount of researchs in the field of robotics
application for odor-sensing technology has grown
substantially [1]. The researchs is driven by the var-
ious attractive applications, including the search for
toxic gas leak, and the fire origin at its initial stage
opened from odor-sensing technology [2], [3]. One
of the research uses the Particle Swarm Optimization
algorithm. The PSO algorithm and its modifications
have been proven successful in locating odor sources
on 2D and 3D simulators [4], [5], [6]. Although the use
of simulators to measure the performance of Particle
Swarm Optimization is quite useful, the result of the
simulation might not represent the actual performance.
Therefore, to measure the actual performance of Par-
ticle Swarm Optimization Algorithm for locating an
odor source, it is necessary to implement it on a real
hardware. This research aims to verify the robustness
of PSO-based Odor Source Localization on a real
world. A group of robots equipped with wireless
communication device and odor sensors is employed
to locate the source of an odor.

Several advances have been made in modifying
Particle Swarm Optimization to make it more robust.
One of the approach is by reinitializing the global
best value whenever the robots are trapped in local
maximum, named PSO Detect and Respond (DR) [4].
Another approach is to utilize wind to make the odor
source localization faster [6]. This research is focused
only on the implementation of the Standard Particle
Swarm Optimization.

The Particle Swarm Optimization Algorithm re-
quires information about the position of each robot.
In simulation software, the position of each robot can
be easily determined because the position is simply
the value of a variable. In real world, however, it is
quite difficult. In outdoor setting, a global positioning
device (GPS device) is usually used. In indoor setting,
GPS device does not perform well because of its
poor accuracy. It is then decided that to provide this
information, a group of webcameras is utilized in this
research to detect the position of robots by image
processing techniques.

II. PARTICLE SWARM OPTIMIZATION
FRAMEWORK

Particle swarm optimization (PSO) is a population
based stochastic optimization technique developed by
Dr. Eberhart and Dr. Kennedy in 1995 inspired by
social behavior of bird flocking or fish schooling. The
particle swarm concept originated as a simulation of
simplified social system. Its original intention was to
graphically simulate the choreography of birds or fish
school. However, it was found that particle swarm
model can be used as an optimizer. PSO is often
used to find the maximum or minimum of a function.
Although it is generally used in static problems, PSO
has also proved useful in dynamic problems, where the
environment changes [7].

Particle Swarm Optimization (PSO) as one branch
of evolutionary algorithm (EA) has proven successful
in a number of static applications as well as dynamic
and stochastic optimization problems [8], [9]. They are
particularly successful in problems involving measure-
ments that account for the uncertainty present in the
real world. This algorithm adopts animals technique
when finding food in groups. Every individual in PSO
is assumed as a particle. Each individual is trying to
optimize its fitness function by exploring the search
space using its own information as well as information
from other individuals. Each individual must keep
track of its best position which is the position with the
highest fitness function value perceived. This position
is called the personal best or local best value. The
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global best position is the highest the position with the
highest value among all the local bests. Each individual
must also keep track of its current velocity vector and
update it periodically.

In odor source localization context, each robot acts
as a particle exploring the search space. The search
space is the physical space which the robot can occupy.
The fitness function that is used is the concentration
of odor near a robot picked up by the sensors. All the
robots try to optimize which position has the highest
value of odor concentration. If the concentrattion is
higher than the threshold value, the search is termi-
nated. Suppose the position and velocity of the i-
th robot at iteration time t (t=1,2...) are represented
by Xi(t) and Vi(t). Let pi and pg be defined as
the best local and the best global position evaluated
by the robot. The position and the velocity of each
robot are updated at each time step to guide the
robot exploring the search space. A fitness function
is needed to evaluate position which has been found.
Position is measured based on domain vector position.
Closer position to solution has a better value. With
this function, every position which has been explored
can be compared one to another to get position as
close as possible to solution. When a robot discovers
a better position with a higher sensor reading, its
local best is updated. The difference between pi and
the current position Xi(t) is stochastically combined
with the current velocity Vi(t). The update of velocity
causes change in robots trajectory and moves robots
to new position. The stochastically weighted difference
between the populations best position pg and individ-
ual current position xi is also added to the velocity
to adjust the velocity vector. The addition of the two
vectors cause the robot to search between its local
best position and the global best position. The robots
will then eventually converge to a single position until
another global best is found.

V n+1
i =χ (V n

i +

individualz }| {
c1.Rand().(p

n
i − xn

i )+ (1)

socialz }| {
c2.rand().(p

n
g − xn

i ))

Xn+1
i =Xn

i + V n+1
i (2)

The velocity and position vector is calculated using
Equation 1 and 2. The functions Rand () and rand ()
are random functions returning a value between (0,
1) [6]. The χ coefficient is constriction factor, which
is a value less than 1. The constriction factor is used
to limit the velocity. The coefficient c1 and c2 are
learning parameters which represents the tendency of
individual to follow personal best and global best.
When c1 is greater than c2 then the particle tends
to move towards its local best position. However,
when c2 is greater than c1 the particle tends to move

towards global best position. For problems with one
single solution, it is best to have c2 which is greater
than c1 [5]. The pseudocode of the algorithm is shown
in below.

repeat
for each particle i

// set local best

if f(xi) is better than f(lbest)

then
lbest = xi

end if
// set global best

if f(xi) is better than f(gbest)

then
gbest = xi

end if
end for
for each particle i

update velocity and position using

Equation 1

end for
until stopping condition is true

PSO algorithm is convergent where all particles at
a particular iteration will eventually wander around
global best position. If this happens, then the move-
ment of those particles would not be too significant
hence make PSO computation becomes ineffective. At
this point decision will be made whether search will
continue or not. This determines whether the conver-
gence properties found a solution that can already
be considered successful or not. There are several
conditions that can be used as parameters to make the
PSO stops [10]:

1) Iteration steps already exceeded the time limit.
It is an important thing to consider. If the time
limit is too tight, the search will stop before any
solution is found. If the time limit is made too
loose, PSO computation is still done eventhough
every robots have been converge to one area.

2) An acceptable solution has been found. The
search will be stopped when the value of fitness
function has exceeded the threshold.

3) Optimum point is not changing significantly
around several iterations. Some parameter is
needed to identify this condition such as change
of position and velocity.

4) Normal radius of particles approaches zero. Nor-
mal radius is calculated as follow:

Rnorm =
Rmax

diameter(S)
(3)

Diameter(S) is the diameter of initial particles
and rmax is the maximum distance from global
best.
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Fig. 1: Al-Fath robot. Al-Fath is equipped with various
sensors including sonar-range sensors, compass, and
odor sensors.

Rmax = ||xm − pg|| m = 1, ..., n(particle) (4)

Rmax ≥ ||xi − pg|| ∀ i = 1, ..., n(particle) (5)

If Rmax is close to zero, then particles have a
small chance to change again. A description of
the short distance needs to be defined further. If
the restriction is too large, then the PSO will be
stopped before the optimum solution is found.
Conversely, if the limits are too small, it will be
needed longer iteration to achieve those limits.

5) The change of the solution found is close to zero.
It can be calculated as follow:

f ′ =
f(pg(t))− f(pg(t− 1))

f(pg(t))
(6)

f(x) is a fitness function that calculates how great
a solution at the position x. If the result is too
small, then it can be assumed that particles have
been converging towards one area. It requires a
definition about close to zero. As the conditions
earlier, if the threshold is too large, then the PSO
will stop before the optimal solution is found,
vice versa.

III. ROBOT DESIGN

The robots used in the research are built based on
the Traxter II platform. This robot was first developed
to participate in robotic competition which task is to
put out fire sources inside a house miniature. The
name of the robot is Al-Fath. Al-Fath is equipped with
various sensors such as compass, sonar ranging sensor,
and incremental encoder. For this research, a wireless-
communication device and a pair of odor-sensors is
added to the platform. The standard model of robot
used in the research is shown in Fig. 1.

Atmels AT-MEGA 2560, An 8-bit microcontroller
operating at 11.059200 MHz, is used as the robot main
processor. A pair of Atmels AT-MEGA 8 is used for
left and right motor speed control and odometry. The

Fig. 2: Software Architecture.

microcontrollers communicate using built-in UART
communication module.

As seen in Fig. 1, Al-Fath is consisted of odor
sensor, compass, wireless UART and sonar range
sensor. Odor sensors (TGS200) are utilized to detect
hydrogen, ethanol, carbon monoxide, and several other
gasses. The sensor’s electrical resistance varies with
the concentration of detectable gasses. The orienta-
tion of the robots at an instance is known using a
digital compass (CMPS03). The maximum resolution
of the compass is 0.1 degree, while the accuracy is
3-4 degrees. To avoid collision among robots and
between robot and the walls, Al-Fath is equipped with
an ultrasonic ranger. Communication between robots
uses a wireless UART module named YS1020U RF
Transceiver. All the wireless UART device is set to
use the same frequency. Therefore, a protocol must be
designed so that no communication crash occur.

IV. ARCHITECTURE

The software running the Particle Swarm Optimiza-
tion Algorithm consists of three key modules. The
three modules are Behaviour Module, Camera Module,
and Communication Module as illustrated in Fig. 2. In
this software architecture, the main computation for
PSO is performed at the PC. All robots only perform
action when directed by the program on the PC. Hence,
the robots acted as slave for the PC Program. This
architecture was chosen to provide faster development
cycle since reprogramming the robots microcontroller
is time consuming.

A. Behaviour Module

The Behaviour Module is a module that manage
the behaviour of all robots. This module perform the
PSO computation. Each robot computation is run by a
separate thread. Each thread compute the new velocity
vector of robot and update robots local best position.
The process run by each thread and the breakdown of
the module is shown Fig. 2.
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Fig. 3: Al-Fath robot with color identifier mounted in
top.

Fig. 4: Web camera configuration.

B. Camera Module

To implement PSO, the program needs to know the
position of each robot. The camera module is devel-
oped to serve that need. The module is implemented as
a webservice running on several computers managing
12 web cameras. In real application, this module can
be replaced by a Global Positioning Device (GPS).

To simplify the robot position tracking process,
color signatures are mounted on top of the robots. The
color signature is a multi-colored circle as pictured in
Fig. 3. This type of color signature gives an advantage
in extensibility. Whenever the number of robots in-
creases, one can easily add the number of color layers
to distinguish them.

The image processing technique employed is Color
Filtering and Blobs Filtering. Color Filtering Tech-
nique is used to filter a specific color from an image,
so that only part of the image with a specific color
remains. Results from the filtering process is then
processed with Blobs Filtering. This technique is used
to detect the object (blobs) on image input. The color
signature circles will be identified as blobs in this
process. Once the location of the blob is found, the
location of the robot can represented by it.

Twelve cameras with Webcam specification are used
on this research. The cameras are placed on the ceiling
of the room facing towards the ground. The detailed
setting is described by Fig. 4.

Every camera covers a region of 216 x 167 cm

Fig. 5: Communication Flow.

wide. The regions of each camera might intersect with
each other. This is done to support smooth transition
between regions and to make sure that the robots
do not disappear from the system while in transition
between regions.

C. Communication Module

All communication is managed by a program in
PC named the Communication Module. Since the
entire wireless UART modules operate on the same
frequency, communication must be managed so that
no conflicts occur. The communication module is
implemented as a webserver which serves a request
from clients. Other programs can communicate with
the communication module to obtain sensor data from
each robots and give direction to robots. It can also be
accessed from a regular webbrowser.

Requests from the behavior module to communi-
cation module have to queued in the communica-
tion module, while requests for information from the
behavior module toward the camera module can be
processed instantly. This is due to the process time to
obtain data for each sensor varies. The information’s
flow from behavior module to Al-Fath can be seen in
Fig. 5.

Periodically every robot’s thread in the behavior
module will request updated information of sensor
from communication protocol modules. At the time
of PSO iterations performed, thread PSO on the
behavior module will send commands to the com-
munication protocol module. Each request from the
behavior module will be queued on the communica-
tion protocol module. Requests/commands contained
in the queue will be sent one by one to Al-Fath.
Requests/commands will not be sent to Al-Fath from
the communication protocol module if the feedback
from the intended Al-Fath has not been received.
However the time limit is given to the packet before
the next command is sent. Commands which do not
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Fig. 6: Illustration of field.

Fig. 7: The odor-source generation mechanism.

get feedback until the time limit is considered as a
packet drop.

V. FIELD SETTING

The field used for the experiment is a 488x488
cm2 area with 50 cm high walls on the perimeter.
Four 10x3 cm2 holes are prepared as the possible
position of the odor source. The field has a quite
large dimension to distribute the odor concentration.
Wide search-space also provides the necessary odor
concentration variations in various positions. The field
is illustrated by Fig. 6.

In one of the four walls, an odor source is placed.
In this experiment, ethanol is used as the source of
odor. Half a liter of 95% liquid ethanol is stored in
the ethanol storage. Ethanol evaporates quite easily
on room temperature. Thus, the ethanol storage also
contains ethanol in gas form. An air compressor is
used to give enough pressure so that the gas can burst
out and be distributed to the entire field. The direction
of the source can be controlled along the horizontal
axis. The odor generation mechanism is displayed in
Fig. 7.

VI. EXPERIMENT RESULT

Three identical Al-Fath robots are used in the
experiments. Different scenarios is prepared for the
experiments. The variations include setting different
initial positions of the robots, static odor source direc-
tion, and dynamic source direction. Figure 8 shows
the result of an experiment where the robots are
intially positioned and faced parallel to the direction
of exhaust. The Figure displays the positions of the
robots at every 31 seconds interval.

TABLE I: Experiment Outcome
No Scenario used Search Time Success/Fail
1 A 219 Success
2 A 315 Success
3 B 241 Success
4 B 360 Fail
5 C 234 Success
6 C 360 Fail

At second 77, the robots started to converge to
a global position near the initial position. Up until
second 108, the group still moved around area near
the initial position. They are trapped in this position
until second 139. At second 201, the group discovered
a new global best position, this time one step closer
to the source. Although one of the robot is already
close to the source, the search for the odor source
is not terminated because the sensor reading has not
reached the threshold. Finally, at second 232, one of
robots reading is above the termination threshold, and
the search is terminated.

Six experiments were conducted, each with a time-
out of 360 seconds. There are three scenarios involved.
Each scenario was run twice. The three scenarios is
shown in Figure 16. Three robots are involved in
each scenario. In the first scenario (Figure 9a), all
the three robots were positioned opposing the source
and the direction of exhaust is static throughout the
experiment. The robots are starts at the same position
on the second scenarios. However, the direction of the
exhaust is changed throughout the experiment (Figure
9b). In the third scenario (Figure 9c), the robots are
intially positioned and faced parallel to the direction of
exhaust and the exhaust direction is static throughout
the experiment. The results of the experiments are
shown in Table I. Refer to Figure 9 for scenario detail.

In four out of six experiments, the outcome were
successful. The three robots were able to locate the
odor source in under six minutes time. The two failures
were due to the convergence nature of PSO. The robots
eventually wander around a single point although it is
not the goal. The global best position is not updated
until the search time exceeds.

VII. CONCLUSIONS

After conducting the experiments, the conclusion we
may derive from this research is stated as follows:
Odor source localization employing Particle Swarm
Optimization using robots as the particle agents has
been proven quite successful on real hardware and real
environment setting. The search time to localize the
source in the medium area are still acceptable (within
360 seconds).

Using standard PSO, the robots can possibly be
trapped in a specific global best position. Furthermore,
problems with localizing odor is not limited at a single
odor source. With PSO algorithm, Failure to localize
multiple sources can not be avoided. Therefore, a more
advanced PSO, such as PSO Detect and Respond and
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(a) (b)

Fig. 8: Successful trial with three robots.

(a) Scenario I (b) Scenario II (c) Scenario III

Fig. 9: Simulation results

Charged PSO, is needed to avoid the trap and to handle
multiple sources in the selected area. We try to analyze
the feasibility to implement the advanced PSO, in
future work.
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Abstract—In this paper, we propose the 
majority vote approach for consensus clustering. 
We use a combination of existing clustering 
methods (i.e. K-Means, Hierarchical Clustering, 
and Gaussian Mixture) and apply the majority 
vote scheme to find a cluster. The Silhouette index 
is used as a cluster quality criterion, to measure 
the robustness of the produced clusters. The 
results of experimental comparisons using 
hypothetical clustered data show that our method 
outperforms other basic cluster methods.  The 
proposed method provides stable clusters 
compared to the existing basic clustering 
algorithms. Also, in term of computation time, the 
proposed method is faster than the others.  

I. INTRODUCTION 
 luster analysis is a method of unsupervised 
learning that is used to divide set of objects into 

smaller subsets based on their similarities. Clustering 
algorithms can be divided into two main categories. 
The first category is the partition method, where we 
need to specify the number of partition to build the 
clusters. K-means algorithm belongs to this particular 
category [1]. The second category is hierarchy 
method that produces hierarchical clusters such as 
Agglomerative and Divisive Hierarchical Clustering 
algorithms [1]. Clustering has been applied in many 
fields, including data mining, machine learning, and 
bioinformatics. 

As the complexity of dataset increases, the use of 
single clustering algorithm is not sufficient to produce 
the best clusters. For example in bioinformatics 
domain, gene expression datasets consists of many 
missing data that may hinder the clustering algorithm 
to produce the correct clusters. In order to tackle this 
problem, an extended clustering algorithm has been 
developed called consensus clustering or also called 
clustering ensembles [2]. 

Consensus clustering has emerged as a powerful 
method for improving both robustness as well as 
stability of unsupervised classification solution [3]. 
Many algorithms have been developed for consensus 
clustering. In [4], consensus clustering is built from 

multiple running of a single basic clustering 
algorithm. Instead of using multiple run of a single 
clustering algorithm, multiple clustering algorithms 
are used to build consensus with applying quota rule 
or majority rule in [5]. Nowadays, using multiple 
algorithms to build consensus clustering is more 
popular instead using multiple runs of a single 
clustering algorithm. Many works on consensus 
clustering has been conducted for this recent decade 
in order to provide better consensus strategies and 
algorithms [2, 4, 5, 6, and 7]. 

In this paper, we introduce the consensus clustering 
based on the majority vote strategy and cluster 
validation. The rests of this paper is organized as 
follows. Section 2 briefly describes previous works 
related to this paper. Section 3 describes our proposed 
method for consensus clustering. Section 4 describes 
experimental result of the proposed algorithm on 
hypothetical clustered data. Finally, we state our 
conclusions and possible future works in Section 5. 

II. RELATED WORKS 
Recently, many works has been done in developing 

the so-called consensus clustering. In [4], consensus 
clustering is defined as a method to represent the 
consensus across multiple runs of a single clustering 
algorithm. The method is used in conjunction with 
resampling techniques to produce datasets for 
multiple runs of clustering and to assess the stability 
of the discovered clusters. The method provides usage 
of different clustering algorithms such as hierarchical 
clustering algorithms and also clustering algorithms 
with random restart. The method has been applied to 
both simulated and real gene expression data. 

Instead of using multiple runs of a single algorithm, 
[5] use multiple clustering algorithms to produce 
consensus clusters. This method runs multiple 
clustering algorithms to build an agreement matrix 
that records information about the number of 
clustering method that agree to place two objects in 
the same cluster. Then, the consensus clustering is 
casted as an optimization problem with the use of 
simulated annealing using the agreement matrix to 
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obtain the best consensus clusters. The parameter of 
minimum agreement is used to explore the influence 
of difference agreement threshold to obtained 
consensus clusters during simulated annealing 
process. The method coupled with a statistically based 
gene functional analysis has been applied to gene-
expression analysis for genes identification. 

The quality of the consensus is not only assessed in 
producing a consensus in the usual sense but is also a 
better, weighted consensus clustering as presented in 
[7]. Weighted consensus clustering is based on non-
negative matrix factorization (NMF) framework [8, 
9]. Weighted consensus clustering assign weight to 
each input clustering where the weights are 
determined by an optimization process similar to a 
kernel matrix learning [10]. 

The comparison of some consensus clustering 
approaches such as median partition, quota rule, and 
heuristic are presented in [11]. They also proposed a 
refinement of the consensus clustering using heuristic 
approach based on local search and Simulated 
Annealing, which is developed to deal with 
heterogeneous data integration. 

III. PROPOSED METHODS 
The majority rule (also called quota rule) is one of 

popular method used to find a consensus. The 
majority rule says that elements i and j are co-
clustered in the consensus clustering if they are co-
clustered in sufficient number of clusterings, i.e. aij ≥ 
q, for some q, usually q ≥ k/2, where k is number of 
employed clustering algorithms [11]. 

Basically, our proposed approach is similar to the 
use of majority rule to find a consensus. However, 
instead of using of a quota q, we are interested to use 
the best agreement between k clustering algorithms. 
Suppose that we use k = 3 for clustering algorithms: 
K-means, Hierarchical, and Gaussian Mixture. The 
consensus is obtained from the maximum agreement 
of those three algorithms and is done as follow: 
• If all algorithms agree to place an element i into 

cluster K then element i is assigned to cluster K. 
• If one of algorithm does not agree to place 

element i in the cluster K then element i is 
assigned to the cluster agreed by two others 
algorithms. 

• If all of algorithms have no agreement then 
element i place to cluster based on one of three 
algorithms that selected randomly. 

Since our method is different from the majority rule 
then we consider our method as majority vote. We use 
this basic majority vote method to produce Algorithm 
1. 

The consensus clustering using the majority vote 
paradigm on several clustering algorithms depends on 
the result of each run of the algorithms. The first run 

of the consensus may yield correct clusters but not for 
the second or subsequent runs. It is reasonable since 
we use K-means algorithm as a participant in the 
consensus. We know that K-means uses random 
initial point of centroid which may lead to different 
clustering result. These differences influence the 
strength of the agreement. 

 

 

 
In order to tackle this instability, we apply cluster 

validation technique to assess the stability of the 
discovered clusters. We use a clustering quality index 
to measure the stability of the discovered clusters. 
There are two popular clustering quality indexes that 
are Silhouette index and Davies-Bouldin index. In this 

Procedure CMS 
 
Input: a set of elements, X = (e1,e2,…,en) 
 number of desired cluster, m 
 number of iteration, n 
 
error = number of element in X; 
r1..3 = []; 
for a = 1 : 3 

for i = 1 : n 
rtemp = runClusteringAlgorithma(X, m); 
newError  = count(s(rtemp)) < 0; 
if (newError == 0) 

  break; 
else if (newError <  error) 

  error = newError; 
  ra = rtemp; 

end 
end 

end 
 
r = doMajorityVoteConsensus(r1, r2, r3); 
 
return r 
 

Fig. 2.  High-level pseudo-code for Consensus Method Stabilization 
(CMS) procedure; ri is the best validated result of applying 
clustering algorithm i on input X with number of desired cluster m; r
is consensus clusters. 

Procedure Basic Consensus Clustering 
 
Input: a set of elements, X = (e1,e2,…,en) 
 number of desired cluster, m 
 
r1 = runClusteringAlgorithm1(X, m); 
r2 = runClusteringAlgorithm2(X, m); 
r3 = runClusteringAlgorithm3(X, m); 
r = doMajorityVoteConsensus(r1, r2, r3); 
return r 
 

Fig. 1.  High-level pseudo-code for basic consensus clustering
(Base) procedure; ri is result of applying clustering algorithm i on 
input X with number of desired cluster m; r is consensus clusters. 
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paper, we use the Silhouette index, since it has more 
accuracy compared to the Davies-Bouldin index [12]. 

The Silhouette index has value range between -1 
and 1. If the index value of element i or denoted as 
s(i) is closer to 1, then element i is said as well 
clustered. It means that it has been assigned to the 
correct cluster. If the value of s(i) is closer to 0 then 
the element i can be moved to nearest neighbor 
cluster. If the value of s(i) is closer to -1 then the 
element i is probably misclassified. 

 

 
Based on our majority vote consensus method, the 

cluster validation can be applied in two ways. The 
first method, we use cluster validation in order to 
stabilize the quality of clusters produced by each 
clustering algorithm. Using this method, we do finite 
multiple runs for each clustering algorithm; do cluster 
validation to the result for each run; and then do 
consensus based on the best validated result from 
each clustering algorithm. We called this method as 
the Clustering Method Stabilization (CMS). Algorithm 
2 presents this CMS method. The second method, we 
do a finite multiple run of consensus; validate the 
consensus clusters to seek the best validated clusters. 
We called this method as Consensus Clustering 
Stabilization (CSS). This CCS method is presented in 
Algorithm 3. We define the best validated clusters as 
result clusters which has zero number of element with 
s(i) < 0. If the condition is not achieved in finite 

multiple run of consensus, then the result clusters 
with minimum number of negative index is returned. 

IV. EXPERIMENTAL RESULT 
In this paper, we report experiments of our 

proposed method on hypothetic clustered dataset that 
provided by MATLAB software, namely kmeansdata. 
The characteristic of kmeansdata dataset are four 
dimensional clustered data, consists of 560 elements, 
and separated into four clusters. We chose this dataset 
because it can be simply visualized and allow us to do 
easier validation. 

In our experiment, we employ six types of 
clustering algorithms. The first three algorithms are 
K-means, Hierarchical clustering, and Gaussian 
Mixture clustering. The second three algorithms are 
our proposed consensus clustering algorithms that are 
basic consensus clustering, Consensus Method 
Stabilization (CMS), and Consensus Clustering 
Stabilization (CCS). We employ all algorithms in the 
same hardware using Intel i5 2.27GHz processor, 
4GB memory. We use Windows 7 Ultimate 64-bit 
operating system with MATLAB R2009A as the 
programming and testing environment. 

We run 100 experiments for each clustering 
algorithms to assess the quality and stability of the 
discovered clusters. Recorded data that serves as the 
bases of our discussions are: the number of 
discovered clusters, the average value of cluster 
index, the number of element with negative cluster 
index, and execution time. The experiment result and 
analysis are presented as follows. 

 

 
First, we present our base majority vote consensus 

clustering (Base) result compared to the result of its 
original clustering algorithms on different run. Fig. 4 
shows Base consensus clustering method can produce 
the correct number of clusters and separate the 
clusters well. Our consensus method works well 

Procedure CCS 
 
Input: a set of elements, X = (e1,e2,…,en) 
 number of desired cluster, m 
 number of iteration, n 
 
error = number of element in X; 
r = []; 
for i = 1 : n 

r1 = runClusteringAlgorithm1(X, m); 
r2 = runClusteringAlgorithm2(X, m); 
r3 = runClusteringAlgorithm3(X, m); 
rtemp = doMajorityVoteConsensus(r1, r2, r3); 
newError  = count(s(r)) < 0; 
if (newError == 0) 
 break; 
else if (newError <  error) 
 error = newError; 
 r = rtemp; 
end 

end 
 
return r 
 

Fig. 3.  High-level pseudo-code for Consensus Clustering 
Stabilization (CCS) procedure; ri is the result of applying clustering 
algorithm i on input X with number of desired cluster m; r is 
consensus clusters. 

 
Fig. 4.  Comparison on our base majority vote consensus clustering
(Base) with standard clustering algorithms used for consensus. The
Base algorithm produces correct number of clusters and separated
the clusters well. 
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although the Gaussian Mixture algorithm results yield 
to incorrect clusters, since two other algorithms 
produce sufficient agreement. On the contrary, in a 
different run, Fig. 5 shows the result of consensus is 
incorrect. Each individual clustering algorithm works 
well, but the result of consensus is not. The different 
label of discovered clusters on each individual 
algorithm causes no majority vote can be achieved for 
consensus. Fig. 6 visualizes the consensus clustering 
result in the Silhouette index. The incorrect clusters 
members are visualized as negative Silhouette index. 

 

 

 
Table I shows the summary of 100 run of 

experiments. All clustering algorithms produce the 
same number of cluster as specified by input for each 
run of experiment. Average cluster index shows 
average silhouette index value for each element in 
result clusters. In average cluster index, both CMS 
and CCS gain the highest value that is 0.8575 to 
maximum index of 1. It means both consensus 
clustering can produce clusters where each member of 
cluster are well clustered. Average number of 
negative index shows how many elements are 
misclassified or cannot be placed in the correct 
cluster. All individual clustering algorithms still 

produce misclassified items where Gaussian Mixture 
has the worst performance with the average of 
misclassifying 27 elements. Our Base consensus 
clustering also produces misclassified items. But, 
when cluster validation applied on CMS and CCS, the 
number of misclassified item can be reduce to zero. 

 
Considering to the goal of clustering that is to 

produce well separable clusters, then we have CMS 
and CCS as the best consensus clustering algorithms 
compared to other clustering algorithms used in 
experiments. The main indicators are the maximum 
average of cluster index and the minimum number of 
negative cluster index achieved by both algorithms. 
Using two parameters, the performance of CMS and 
CCS are equal. The difference between them is on the 
last performance parameter, average of execution 
time. Based on the average of execution time, then we 
have CCS algorithm as the best clustering algorithm. 
The CCS algorithm has average execution time only 
3% from average execution time of CMS algorithm. 
This different is very significant since we need to 
apply the algorithm to the real dataset. Fig. 7 shows 
detail of execution time for all experiment. 

 

 
The significant differences on average execution 

time between CMS and CSS are influenced by the 
usage of cluster validation process in both algorithms. 

 
 

Fig. 7.  Execution time comparison for all clustering algorithms
used in experiment. The main focus is the different of execution
time of CMS algorithm (the light blue line) and CCS algorithm (the
red line). 

 
Fig. 6.  Silhouette index visualization for consensus clustering
result depicted in Fig. 5. 

 
Fig. 5.  Comparison on our base majority vote consensus clustering
(Base) with standard clustering algorithms used for consensus. The
Base algorithm failed to produces correct number of clusters and
separated the clusters well. 

 
TABLE I 

RESULT ON 100 RUN OF EXPERIMENTS 

Clustering 
Algorithm 

No of 
Success 

Avg. 
Cluster 

Index 

Avg. No. 
Negative 

Index 

Avg. 
Exec. 

Time (s) 
KM 100 0.7890 8 0.0077 
HC 100 0.8571 1 0.0234 
GM 100 0.7374 27 0.0511 
Base 100 0.8051 7 0.0880 
CMS 100 0.8575 0 12.4540 
CCS 100 0.8575 0 0.4349 

KM = K-means, HC = Hierarchical Clustering, GM = Gaussian 
Mixture 
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As explained before, we use Silhouette index for 
cluster validation because it is more accurate than 
Davies-Bouldin index but it has slower performance 
than Davies-Bouldin index. Based on the pseudo-code 
of both algorithms, the complexity of algorithms has 
important role to execution time different. The CMS 
has complexity of O(n2) while CCS has complexity of 
O(n). Since the cluster validation process is evaluated 
on every single step of loop; then it is clear why The 
CCS has much better execution time. 

The experiment results show that our consensus 
clustering method based on majority vote and cluster 
validation has better performance compared to a basic 
clustering algorithm. The best consensus algorithm 
seems to be the CCS (Clustering Consensus 
Stabilization) algorithm. It produces not only the best 
discovered clusters, but also maintains the stability of 
its results during 100 run of experiments. This result 
of our consensus algorithm is promising to be applied 
to the real dataset, for example gene expression data. 
Fig. 8 and Fig. 9 visualize the discovered clusters and 
its correspondence Silhouette index. 

 

 

 

V. CONCLUSION 
The experiment results show that our consensus 

strategy based on majority vote combined with cluster 
quality validation can produce better and stable 
clusters compared to the use of a basic clustering 
algorithm with cost of execution time. Since the 
cluster validation has a significant execution time, the 
use of Davies-Bouldin index instead Silhouette index 
should be considered for future works. The treatment 
of condition when the major vote cannot be achieved 
also should be considered. Finally, we need to apply 
our consensus clustering algorithm to the real dataset 
in order to assess the result and stability of the 
algorithm.  
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Fig. 8.  The visualization of clusters discovered by CCS algorithm.
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cluster. 
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Abstract—In this research, we extended the use of 
Kernel Dimensionality Reduction (KDR) in the 
context of semi-supervised learning for application 
to survival analysis on microarray DNA data. We 
have proposed a new model call Supervised Kernel 
Dimensionality Reduction (KDR) to predict patient 
survival among subgroups on various clinical 
colorectal cancer parameters. KDR method was 
extended and combined with Cox proportional 
hazards regression model, K-means clustering and 
Support Vector Machine (SVM) for predict patient 
survival. The results show that our proposed 
methods successfully unveil subgroup on various 
colorectal carcinoma parameters. The only partly 
success is on lymphnode parameter that our 
proposed method successfully identifies different 
survival time on lymphnode-0 and lymphnode-1 
with significant p-value. 

I. INTRODUCTION 
ERNEL density estimation is widely applied in 
various problems including Bioinformatics [1]-[3]. 

The idea of kernel density estimation is to model the 
density of the effective subspaces as a sum of the 
influences of the data points which is given by a kernel 
function, symmetric and has the maximum informative 
data [4]. Kernel dimensionality reduction (KDR) is a 
dimensionality reduction method using kernel density 
function [5]. In this project, we extend the use of 
Kernel dimensionality reduction (KDR) for survival 
analysis application. 

In cancer research, gene expression data is often 
reported in tandem with time to event information such 
as time to death, metastasis or relapse [6]. Hence, 
survival analysis was applied to deal with these 
continuous clinical variables. Survival analysis is the 
way of examining patient survival time based on their 
diseases for one or more groups. The focus in survival 
analysis research is to create the strongest predictive 
model of patient survival, and the most important 
components of this process are feature selection and 

 
 

model construction [6].  
The possibility to measure gene expressions 

simultaneously for thousand genes represents a 
challenge in terms of analysis and interpretation.  For 
instance, two apparently similar tumors are actually 
completely different diseases at the molecular level, 
that’s why patients with a similar prognosis frequently 
respond very differently to the same treatment [2], [7], 
and [8]. There are variety of existing techniques that 
can be used to identify which subtype is present in a 
given patient [7], [9], and [10]; However, most of these 
techniques are only applicable when the tumor 
subtypes are known in advance [7], [11], and [12]. The 
question of how to identify such subtypes, however, is 
still unsolved. There are two main approaches in the 
literature to identify such subtypes. One approach uses 
unsupervised learning techniques to identify patient 
subgroups. This type of procedure is called 
‘‘unsupervised’’ since it does not use any of the clinical 
information about the patient. The subgroups are 
identified using only the gene expression data. In 
contrast, ‘‘supervised learning’’, such as nearest 
neighbour classification, would use the clinical data to 
build the model [9].  

In this paper, we would apply “semi supervised 
learning” which means the subgroups are identified 
using the relevant genes which have high correlation to 
the respective clinical data. After the groups of patients 
were indentified, we apply dimension reduction 
method using the relevant genes to compress and 
reduce the relevant genes into a low-dimensional 
subset or we can called it as dimension of effective 
subspace (K) for suppressing noise to make a better 
prediction and to reduce computational burden. Then, 
we can apply standard supervised learning to find 
appropriate patients subgroup using the reduced 
dimension space. Finally, we could predict future 
patient’s survival. In the experiments, we use Cox’s 
proportional hazards regression model to compile the 
relevant genes to clinical data and consider only the 
genes with a Cox score that exceeds a certain threshold. 
2-Means clustering was used to find patients group. 
Kernel Dimensionality Reduction (KDR) was used to 
reduce the relevant genes into a low-dimensional 
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subset and Support Vector Machine (SVM) to 
determine subgroup of patients.  

II. LITERATURE REVIEW 

A. Cox Proportional Hazards Regression Model for 
Gene Selection 
Cox proportional hazards regression model was 

firstly introduced by Cox in year 1972, which is a 
broadly applicable and the most widely used method of 
survival analysis [13]. Various statistical methods to 
correlate gene expression with time-to-event endpoint 
for the cancer risk classification have been developed 
with the Cox proportional hazards regression model for 
gene selection [6], [9], and [14]-[16]. In this paper, we 
use Cox proportional hazards regression model to 
select the informative genes as follows [17]: 
 )...(

0
2211)]([)( kk XbXbXbethth ++=  

where h(t) is the hazard function at time t, h0(t) is the 
baseline hazard or hazard for an individual when the 
value of all the independent variables equal zero, bk is 
the regression coefficient and Xk is the genes.  

B. K-means Clustering for Finding Groups of 
Patients 
K-means is a well-known clustering method.  Each 

object is classified precisely to one of a set of cluster. 
Cluster membership is determined by calculating the 
centroid for each group and assigning each object to 
the group with the closest centroid [18]. We used 
2-means clustering, where we used K=2 to find two 
cluster of samples because we only consider 2 type of 
risk group in the patients: High-risk group and 
Low-risk. 

C. Kernel Dimensionality Reduction (KDR) for 
Dimension Reduction 
This Kernel Dimensionality Reduction (KDR) is 

introduced by [5]. KDR is based on a particular class of 
operators on Reproducing Kernel Hilbert Spaces 
(RKHSs) [19]. In distinction to algorithms such as the 
support vector machine and kernel PCA [20], KDR 
cannot be viewed as a “kernelization” of an underlying 
linear algorithm. Rather, this method relates 
dimensionality reduction to conditional independence 
of variables, and it using the covariance operators on 
RKHSs to provide characterizations of conditional 
independence and therefore form the objective 
functions for optimization.  

We apply KDR method to compress and reduce the 
dimensions of selected informative genes into a certain 
dimension of effective subspace (K) for suppressing 
noise to make a better prediction and to reduce 
computational burden. With the advantages of 
conditional independence, KDR works on any type of 
data without restriction on the marginal or conditional 
distribution of the data. [5] proved that KDR method 
yields good results on different types of data (Ozone 
data, Boston housing data, wine data, heart-disease 

data, breast cancer and Ionosphere data). This 
minimization problem with respect to the choice of 
subspace S or matrix B was referring as Kernel 
Dimensionality Reduction (KDR): 
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where R is real value m x r matrices , and 
^

YU∑  
^

YY∑  
^

UU∑ are the covariance operators. For detail descriptions 
of proof and theorem can refer to paper [5]. 

1) Reproducing Kernel Hilbert Spaces: This 
reproducing kernel Hilbert spaces (RKHS) is 
introduced by [19]. Let ( )kH ,  be a RKHS of functions 
on a set Ω  with a positive definite kernel Rk →Ω×Ω: . 
The inner product of H  is denoted by H

.,.  . The 
reproducing property of RKHSs is defined as: 

( ) ( )xfxkf
H

=⋅,,  for all Ω∈x  and Hf ∈ . 
and Gaussian kernel was used in this case where the 
kernel function is defined as: 

( ) ( )22
2121 2/||||exp, σxxxxk −−=   

D. Support Vector Machine (SVM) to Train a 
Classifier as Predictor 
Support Vector Machine (SVM) is a supervised 

learning method for classification and regression 
analysis. SVM was applying in many problems in 
bioinformatics [21], [22] due to the characteristic of 
robustness with respective to the sparse and noisy data. 
We apply Support Vector Machines (SVM) to build a 
classifier using the reduced dimension space as 
predictor for the validation set with 10-fold 
cross-validation. Then, the support vectors those to be 
found by SVM will be use to find subgroup on various 
clinical data. Refer to [21] regarding support vector 
machines for microarray data classification. 

III. SUPERVISED-KDR ALGORITHM 
The proposed procedure to predict patient survival 

can be summarized in the following steps: 
1. Input gene expressions and patient survival time    

data. 
2. Apply Cox proportional hazards regressions to  

select small sets informative N genes with p-value 
less than threshold. Note that N≤ number of 
patients.  

3. Apply 2-Means Clustering to discover two groups 
patients. 

4. Apply Kernel Dimensionality Reduction (KDR) 
to reduce the relevant genes into low-dimensional 
subspaces. 

5. Apply Support Vector Machines (SVM) to train a  
classifier in the reduced space and then classifying 
the groups into subgroups. 

6. Compare survival curves using log rank test with  
Kaplan-Meier Graph.  
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IV. EXPERIMENTAL RESULTS 

A. Data Pre-processing 
In many cases, the DNA microarrays data collected 

may have a number of missing entries due to several 
reasons such as blemishes on the DNA microarrays, 
insufficient resolution, image corruption or dust in 
slides [8], [23]. This incompleteness data problem may 
cause the difficulties to apply commonly used 
clustering techniques such as K-Means. To solve this 
problem, we apply the recent well-defined imputation 
method, which is called K-NN algorithm. The detail of 
the algorithm can be learned from [23]. This 
imputation method will be applied to fill in the missing 
entries of the data those obtained from experiment in 
[2]. 

B. Subtypes Identification 
We apply Cox's proportional hazards regression 

model to identify relevant genes to the clinical data and 
consider only which exceed threshold such that p-value 
less than 0.01. From our computation, we found 65 
relevant genes exceed the threshold. After having these 
informative genes, then we apply 2-Means clustering 
on them to determine patients group. Fig. 1 shows the 
scatter plot of principal component of two clusters 
which consists of 65 and 31 patients respectively. After 
this, we reduced the number of dimension of this 
informative genes using Kernel Dimensionality 
Reduction (KDR). Next, we apply Support Vector 
Machine (SVM) to train a classifier using the reduced 
dimension space as predictor with 10-fold 
cross-validation. We repeated this step using different 
number of dimension of effective subspaces (K) (For 
example, we reduced the number of dimension of the 
informative genes to K=10, 5, 2 and 1) to find the best 
dimension.  

 
Fig. 1. The patient’s groups found by 2-Means Clustering which 
consists of 65 and 31 patients respectively. 

C. Patient Survival Analysis 
Based on our experiments, we found that the Kernel 

Dimensionality Reduction (KDR) reduced the 
informative genes to dimension of effective subspace 
K=2 produced the best result for the training of SVM 
method. We successfully find two subgroups, called as 
Subgroup-1 and Subgroup-2. According to Fig. 2, 

there is highly significant different patient survival, 
p-value = 2.2755e-007, within group tumor. 

 

 
Fig. 2. Comparison of the Survival Curves of the “Subgroup-1 
Tumor” and “Subgroup-2 Tumor” Groups. 
 

1) The Existence of Metastasis: Following results 
from [2], we also interested to discover the existence of 
metastasis based on comparison of survival curves of 
the two groups as shown in Fig. 3a. Further analysis, 
we also unveil two subgroup for each group that found 
from Fig. 3a. For the first group (see Fig. 3b), called as 
subgroup-0, we could find two subgroups with highly 
significant p-value = 3.2447e-006. The second 
subgroups also are found (see Fid. 3c), called as 
subgroup-1, with highly significant p-value = 
4.6547e-006. 

 
Fig. 3a. Comparison of the Survival Curves of the “Metastasis-0” and 
“Metastasis-1” Groups. 
 

 
Fig. 3b. Comparison of the Survival Curves of the “Subgroup-1” and 
“Subgroup-2” in “Metastasis-0”. 
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Fig. 3c. Comparison of the Survival Curves of the “Subgroup-1” and 
“Subgroup-2” in “Metastasis-1”. 
 

2) The Existence of Lymphnode Metastasis: We also 
interest to discover the existence of lymphnode 
metastasis using our informative genes. As shown in 
Fig. 4, there is significant different survival time with 
p-value 0.0051 between group-0 and group-1 (see [2] 
about those group-0 definitions). However, our 
proposed method fails to unveil the rest of groups (the 
results are not shown in the paper). 

 
Fig. 4. Comparison of the Survival Curves of the “Lymphnode 
metastasis-0” and “Lymphnode metastasis -1” Groups. 

V. DISCUSSION 
In the experiments, we used p-value=0.01 as 

threshold and we found 65 informative genes that less 
than 96 patients number. When applying 2-Means 
clustering, the centroid of cluster should be maintained 
[9] in order to produce consistent cluster groups. We 
apply KDR to reduced the informative genes to 
dimension of effective subspace K=2. For applying 
supervised learning method (SVM) to determine 
subgroups, we perform 10-fold cross-validation to 
determine the performance of the predictor. And we 
keep the support vectors those to be found to find the 
subgroups on various subtypes of tumor such as 
metastasis and lymphnode metastasis in the group of 
patients. The results show that, in general our proposed 
model is successfully discovering the subtypes of 
clinical colorectal carcinoma. The partly success is 
only on lymphnode clinical parameters that we can 
unveil the different survival patient time in 

“lymphnode-0” and “lymphnode-1”. 

VI. CONCLUSION 
We propose methods to predict patient survival 

among subgroups on various clinical colorectal cancer 
parameters. The results show that our proposed 
methods successfully unveil subgroup on various 
colorectal carcinoma parameters. The only partly 
success is on lymphnode parameter that our proposed 
method successfully identifies different survival time 
on lymphnode-0 and lymphnode-1 with significant 
p-value.  
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Abstract— A problem with feature selection 
algorithms used to produce continuous predictors 
of patient survival is that they fail to explain the 
model uncertainty. With thousands of genes and 
only tens to hundreds of samples, it often happens 
that a number of different models describe the 
data about equally well. Bayesian Model 
Averaging combines the effectiveness of multiple 
models by taking the weighted average posterior 
distribution instead of choosing a single model and 
proceeded  as if the data were generated from it.   
In this paper, Bayesian Model Averaging method 
is evaluated to select a subset of genes for cancer 
patient survival analysis using microarray data.  
Results of experiments show that Bayesian Model 
Averaging consistently identifies a small number of 
predictive genes,  and the posterior probabilities of 
the selected genes and models are available to 
facilitate and easily interpretable summary of the 
output.   

I. INTRODUCTION 

With a vast number of genes information produced 
by microarray, informative gene selection is needed to 
increase the efficiency in detecting the disease.  With 
the current gene selection methods, they tend to find 
the “best-model” and fail to account model 
uncertainty.  The current methods ignore that with 
thousand of models that some of the models might 
describe the data equally well.  With this problem the 
researchers are having difficulty in analyzing the 
accuracy of the survival rate of a patient.  In the paper, 
the Bayesian Model Averaging method, introduced by 
[1] for patient survival analysis will be evaluated.  

II. RELATED WORKS 
There are many existing methods in gene 

selection for survival analysis, the methods which will 
be discussed are the Cox Proportional Hazards Model, 
Support Vector Machine – Recursive Feature 
Elimination (SVM-RFE) and iterative Bayesian Model 
Averaging (iBMA). 

Cox Proportional Hazards Model is a sub-class of 
survival models in statistics. Cox proportional hazards 
model [2], is the most popular method for analyzing 

survival data which is often focus on modeling the 
hazard rate.  As stated in [3] Cox proportional hazards 
modeling tends to select informative variables.  The 
typical approach is to look for the ‘best’ model.  
However this approach ignores uncertainty about the 
model itself, and so uncertainty about quantities of 
interest can be underestimated. 

SVM-RFE is one of a group of recently described 
algorithms which represent the state-of-the-art for 
gene selection. Just like SVM itself, SVM-RFE was 
originally designed to solve binary gene selection 
problems.  Several groups have extended SVM-RFE 
to solve multiclass problems using one versus- all 
techniques.  However, the genes selected from one 
binary gene selection problem may reduce the 
classification performance in other binary problems. 
SVM-RFE conducts feature selection in a sequential 
backward elimination manner, which starts with all 
the features and discards one feature at a time [4]. 

III. PROPOSED METHODS 
In the paper, Bayesian Model Averaging method is 

implemented for gene selection. Firstly, to select 
specific collection of variables  

 
λ(t|xi) = λ0(t) exp (xi

Tθ)                    (1) 
 

Hazard rate for subject i with covariate vector xi 

where λ0 is the base-line hazard function at time t and 
θ is a vector of unknown parameters. 

 
PL(θ) = Πn

i=1 {exp(xi
Tθ/∑lЄRi exp(xl

Tθ))wi        (2) 
 

Estimation of θ is commonly based on partial 
likelihood. Ri is the risk set at time ti and wi is an 
indicator for whether or not subject i is censored. 
Next, Leaps and bounds algorithm takes a user-
specified input “nbest” and efficiently return top nbest 
models of each size. 

 
A = {Mk : maxi{pr(Mi|TD)} / pr(Mi|TD) ≤ C}   (3) 
 
Occam’s window can eliminate any model whose 

posterior probability is below the cutoff point C in 
relation to the best model. The cutoff point C can be 
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varied but the default is 20, the models which receive 
less support from the data than their simple 
counterparts are excluded. 

Following by estimation of the value of prediction 
distribution of the quantity of interest given Training 
Data (TD) and model Mi requires an integration over 
the vector of regression parameters θi: 

 
Pr(Ψ|TD,Mi) = ∫ Pr(Ψ|θi,TD,Mi)Pr(θi|TD,Mi)dθi.  (4) 
 

Maximum likelihood estimate (MLE) is used as an 
approximation due to that the integral has no closed 
form solution for most censored survival models. 

 
Pr(Ψ|TD,Mi) ≈ Pr(Ψ|θi,TD,Mi).             (5) 
 

Finally, calculation of the posterior probability of 
model Mi given the training data TD involves an 
integral whose value is impossible to evaluate exactly. 
Bayes’s theorem yields the following equation which 
represents the posterior probability of model Mi given 
TD: 

 
Pr(Mi|TD) α Pr(TD|Mi)Pr(Mi) 

Pr(TD|Mi) = ∫ Pr(TD|θi,Mi) Pr(θi|Mi)dθi.   (6) 
 

Pr(TD|Mi) is the integrated likelihood of model Mi, 
and θi is the vector of regression parameters of model 
Mi. BIC derived by Schwarz (1978) can be used to 
approximate the integral in the equation. 

 
log Pr(TD|Mi) = log Pr(TD|θi,Mi) – (ki/2)log n +     
O(1)                 (7) 

 
n represents number of records in the data, ki is the 

number of regression parameters in model Mi, and 
O(1) is the error term. 

IV. EXPERIMENTAL RESULT 
 
 The BMA method is applied to two datasets, breast 
cancer and DLBCL (Diffuse Large B-Cell 
Lymphoma). The validation method for this paper will 
be the p-value. If the p-value obtained from the 
research is less than 0.001, the p-value agreed that 
there is a very strong evidence for an effect, if the p-
value is less than 0.01 it will lead to the effect being 
called highly-significant, if the p-value is less than 
0.05 it is meant that the effect is significant and if the 
p-value is less than 0.06 the p-value is marginally 
significant. The lower the p-value is, it is used to 
assume that the null hypothesis is false.  The null 
hypothesis of this research is that the genes have no 
effect on patients’ survival rate.This validation will 
output the Kaplan-Meier graph as the final result, Fig. 
2 and Fig. 3.  

The validation process is repeated by using 
different n-best and different cut-point.  N-best is the 
value that specifying the number of models of each 

size returned.  Cut-point is the threshold percent for 
separating high-risk from low-risk groups.  The result 
will be represented in a graph where x-axis is the 
survival time in year and the y-axis is the probability 
of survival. The results obtained from different 
combination of parameters will be listed in Table I 
and Table II. 

TABLE I 

RESULTS OBTAINED FROM DIFFERENT PARAMETERS FOR 
BREAST CANCER DATASET 

 
 
 

 
Fig. 1.  Overview of the BMA method. 

 
TABLE II 

RESULTS OBTAINED FROM DIFFERENT PARAMETERS FOR 
DLBCL DATASET 

 

 
 

From Table I, the best result of breast cancer 
dataset is with n-best 50 and cut-point 70.  The p-
value is 1.805e−07. The maximum likelihood estimate 
coefficients of the 11 selected genes and the posterior 
probabilities of the 16 selected models were used to 
compute the predicted risk scores of the 295 patients 
in the validation dataset.  The 70 percent cutoff point 
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is used as the risk scores of the patients in the training 
set, and the test samples with predicted risk scores 
under the cutoff point were placed in the low-risk 
group. The patients whose risk scores exceeded the 
cutoff point were designated as high-risk. 

 
Fig. 2. Kaplan-Meier graph for breast cancer dataset 

 

 
Fig. 3. Kaplan-Meier graph for DLBCL dataset 

 
Since the overall prognosis for breast cancer is 

fairly promising relative to other types of cancer, 216 
patients (73.2%) were still alive at the conclusion of 
the study. The BMA algorithm assigned 180 patients 
to the low-risk category and 115 to the high-risk 
category. Of the 216 patients that survived, 150 
(69.4%) were placed in the low-risk group, while 62 
percent (49/79) of the patients that succumbed to their 
disease were high-risk members. 

  Fig. 2 shows the Kaplan-Meier survival analysis 
curve in which the proportion of surviving patients 
from each risk group is plotted against time and the 
highly significant associated p-value (< 0.0001) show 

that BMA method assigned the validation patient 
samples to relatively distinct risk groups. 

From Table II, the best result obtained by DLBCL 
dataset is with n-best 60 and cut-point 50.  The p-
value is 0.0396.  The maximum likelihood estimate 
coefficients of the 45 selected genes and the posterior 
probabilities of the 109 selected models were used to 
compute the predicted risk scores of the 80 patients in 
the validation dataset.  The 50 percent cutoff point is 
used as the risk scores of the patients in the training 
set, and the test samples with predicted risk scores 
under the cutoff point were placed in the low-risk 
group.  The patients whose risk scores exceeded the 
cutoff point were designated as high-risk.   

Of the 80 samples in the validation dataset, 44 were 
assigned to the high-risk category while 36 were 
deemed low-risk.  As many as 13 patients in the high-
risk group were still alive at the final follow-up visit, 
while 17 low-risk patients survived to the research's 
conclusion.  The majority of patients in the DLBCL 
validation dataset did not survive (50/80 = 62.5%), 
which explains the relatively large number of dead 
patient samples assigned to the low-risk group which 
is 19 patients out of 50.  Of the 30 patients who were 
alive at the final visit, 13 patients (43.3%) were placed 
in the high-risk category.   

Fig. 3 shows the Kaplan-Meier survival analysis 
curve in which the proportion of surviving patients 
from each risk group is plotted against time and the 
significant associated p-value (< 0.05) show that 
BMA method assigned the validation patient samples 
to relatively distinct risk groups. 

V. CONCLUSION 
A method for gene selection by BMA method has 

been presented in this paper. This research has 
contributed some useful information for the future 
works that are BMA method is proved that can obtain 
significant results and the models graph which is 
created by the BMA method will be a help for related 
fields for estimating the probability of survival rate of 
cancer patients in the future. 

In this research, the BMA algorithm is only used 
for gene selection. It is to test the accuracy of this 
algorithm. The results which are obtained from the 
algorithm are satisfying.  This research can be 
improved by using parallel computing when reading 
the input data as there is limitation on this method 
when the variables are more than 45. In addition, 
parallel computing can fasten the calculation process 
and yield a better result since all the variables are 
taken into consideration. 

Besides, this research can be extended to highlight 
the experiments with a few improvements.  Parameter 
for specifying the number of models of each size 
returned and the threshold percent for separating high-
risk from low-risk groups can be more varied. This 
BMA algorithm can be applied in other survival 
analysis, as an example that a person’s habits will lead 
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to the illness.  With more information, the doctor can 
provide the patients with more proper treatments and 
advice. 

Lastly, in this gene selection for survival analysis 
research, BMA method is proven that it can 
successfully select the related genes and produce 
significant result for the experiments in shorter time.  
The results obtained from BMA method proved that 
BMA is an appropriate method to use in gene 
selection. 
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Abstract— Epitope is an important component in the 

development of vaccines. Several prediction methods 

have been proposed to obtain an effective epitope, but 

found many weakness on methods that used, including 

in terms of prediction accuracy, the weakness in the 

representation of data that can represent the 

characteristics of binding proteins that are formed, and 

the type of epitope that can be predicted. This research 

proposes the use of expert system for identifying the 

location conformational epitope based on crisp sets. 

Input data are represented in a knowledge 

representation that is formed from the characteristics of 

proteins and the bonds between proteins such as 

polarity, charge  and hydrophobicity. Expert system 

based on crisp set will be used to identify multiple 

locations of conformational epitope on the protein 

surface.The plenary of this research is location 

conformational epitope in protein that can be predicted. 
 

Keywords- conformational epitope, characteristic  protein, 

crisp, expert system 

I. INTRODUCTION 

esearch on the epitope was still focused on 

epitope prediction generally. Epitope 

identification in particular by looking at the linear and 

conformational epitope structure is needed to locate the 

best epitope on the protein surface. Epitope 

conformational and linear store important information 
that useful for disease prevention [1], diagnosis [2,3] 

and cure of disease [5-9]. 

Some structure-based epitope prediction algorithms 

available for no one has shown satisfactory 

performance. These studies have been done 

previously associated with epitope largely discussed 

in a particular protein epitope prediction. 

Identification of epitope structure on the proteins is 

needed to produce an analysis of the linear epitope 

and conformational epitope especially that associated 

with characteristic features of epitope to support the 

identification of epitope location. 

In previous research, a number of advantages 

compared with conformational epitope and continuous 

(linear) epitope in drug design and vaccine open 

opportunities development more accurate prediction 

method with a simplified computing by adapting to 
the method excels in the continuous epitope 

prediction [10] 

This research will be developed expert system for 

identification epitope structure based on Crisp Set. 

The data consist of characteristic proteins and the 

bonds between proteins such as polarity, charge and 

hydrophobicity that will be represented in a 

knowledge base by using crisp. Expert System based 

Crisp Set would be very suitable for identifying the 
structure of the protein epitope so it can be seen in a 

sequence of conformational location. 

In the next chapter in this paper will be discussed 

some of the methods which used for epitope 

identification and structure prediction then 

experiments that carried out and the analysis results. 

At the end will be given conclusion and innovation to 

know what else can be done to further research. 

II. EPITOPE IDENTIFICATION METHOD 

A. Conventional Method 

Several methods that has been used to identify the 

epitope is to study the composition, structure and size 

of the integrals epitope (inherent) of a determinant 

hapten imunogen through three approaches: 

1. Cross reaction 

Reaction between the antibody with an 

antigen other than causing an immune 

response that produce these antibodies. For 

the identification is carried out cross-

reaction with antibodies that has been 

identified.  

2. Disposals of Epitope from Antigen 

Antigen containing epitope want to be 
identified degraded (broken down) in the 

hope that there are between fractions antigen 

epitope. Furthermore, epitope between 

fractions will be identified with isolation. 

3. Precipitation Reaction 

In this reaction can be used natural antigens, 

synthetic antigens or synthetic hapten that 

reacted with antibody which has a known 

specificity, then by  inhibition was measured 

amount of precipitation that arise as well as 

measuring the amount of epitope.  

This method has proven to provide the most 

productive results in revealing the identity of 

the epitope antigen. 

 

The problem is these methods require many time 

and high cost, and requires laboratory that have 
special expertise. 

R 
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In bacteria / viruses there are various types of 

imunogen / antigen derived from the enzyme, sheath, 

the plasma in various forms, such as proteins, 

carbohydrates, nucleotides, and so forth. Each of 

these has imunogen epitope that amount is not 

necessarily the same. For example, a bacterium X has 

10 imunogen genius, and every imunogen have an 

average of 5 types of epitope, the bacterium X will 

have a 10 x 5 or 50 different types of epitope. 
 

 

 
Figure 1 Discontinous (Conformational) Epitope and 

Continous (Linear) Epitope 

 

B. Artificial Neural Networks (ANN)  

Artificial neural networks have been developed as 

generalizations of mathematical models of biological 

nervous systems, especially to predict continuous  
(linear) epitope.  

Various hybrid version of the NN method has been 

developed for epitope prediction, among others, is 

(Morten Nielsen et al, 2003). The combination of 

several NN are derived using different encoding 

sequence of sparse encoding, Blosum encoding and 

input derived from HMM has better precision than 

the other NN methods. NN architecture used is a feed 

forward architecture with an input layer consisting of 

180 neurons, a hidden layer with 2-10 neurons and a 

neuron in the output layer. 180 neurons in input layer 

encode 9 amino acids in a peptide strand in which 

each amino acid is represented by 20 neurons. 

In a simplified mathematical model of the neuron, 

synapses are represented by connection weights that 

modulate the effect of the associated input signals, 

and the nonlinear characteristic exhibited by neurons 
is represented by a transfer function.  

There are many transfer functions developed to 

process the weighted and biased inputs, among which 

four basic and widely adopted in the field transfer 

function 

The behavior of the neural network depends largely 

on the interaction between the different neurons. The 

basic architecture consists of three types of neuron 

layers: input, hidden, and output layers. 

In feed-forward networks the signal flow is from 

input to output units strictly in a feed-forward 

direction. The data processing can extend over 

multiple (layers of) units, but no feedback 

connections are present, that is, connections 

extending from outputs of units to inputs of units in 

the same layer or previous layers. 

Recurrent networks contain feedback connections. 

Contrary to feed-forward networks, the dynamical 
properties of such networks are important. In some 

cases, the activation values of the units undergo a 

relaxation process such that the network will evolve 

to a stable state in which these activations do not 

change anymore. 

 

C. SVM for Epitope Prediction 

SVM is a statistical learning method that can 

handle data linear and non-linear. Each peptide can 

be expressed by a vector of dimension n which 

representate composition, hidrophobicity, polarity, 

charge, bulkiness and solvent accessibility. Input 

vectors are mapped into high dimensional feature 

space and the model would make the dividing line 

between epitope and non-epitope with an optimal 

separating hyperplane. 

Strength SVM separating hyperplane in the form 
determined by the kernel function used. A number of 

kernel functions that have been used, among others, is 

the kernel for the peptides and the kernel for the 

alleles. Kernel for peptides include linear kernel and 

polynomial kernel. 

 

III. PROPOSED METHODS 

A. Conformational Epitope Prediction Method 

To identify the epitope structure, then made a 

prediction of Epitope at first. The approach is very 

appropriate for the characteristic of conformational 

epitope that positioned adjacent to the protein 

structure in 3D. Some prediction methods that can be 

used including CEP method [11] and the consensus 

scoring method [12]. 

CEP methods make predictions based on solvent-

accesbility with 3D structure approach. If tested by 

using X-Ray Crystalography, this method has 

accuracy around 75%. While the method of scoring 

performed Concensus structure approach with a 

number of features characteristic of epitope residue 

propensity, conservation score, side chain energy 

score, contact number, surface planarity score 
composition and secondary structure [12] 

In this study proposed to use an expert system 

based on crisp sets with three characteristics of the 

protein used as a reference for conformational epitope 

identification in this method  is Hydrophobicity, 

charge and polarity. 

Data reference (knowledge base) used to create a 

rule base on this method are shown in Table 1 
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TABLE 1 
DATA AMINO ACID (Wikipedia, 2010) 

 

Amino Acid Hydro
phobi

city 

Polarity Charge 

Name 

Alanine Ala A N nonpolar neutral 

Cysteine Cys C Ho polar positive 

Aspartic Acid Asp D Hi polar negative 

Glutamic Acid Glu E Hi polar negative 

Phenylalanine Phe F Ho nonpolar neutral 

Glycine Gly G Hi polar negative 

Histidine His H N polar neutral 

Isoleucine Ile I Ho nonpolar neutral 

Lysine Lys K Hi polar positive 

Leucine Leu L Ho nonpolar neutral 

Methionine Met M Ho nonpolar neutral 

Asparagine Asn N Hi polar positive 

Proline Pro P Hi nonpolar neutral 

Glutamine Gln Q Hi nonpolar neutral 

Arginine Arg R Hi nonpolar neutral 

Serine Ser S Hi polar neutral 

Threonine Thr T Hi polar neutral 

Valine Val V Ho nonpolar neutral 

Tryptophan Trp W Ho polar neutral 

Tyrosine Tyr Y N nonpolar neutral 

 

From Table 1 can be formulated three variables that 

will be used as a reference which is then represented 
by a value as follows: 

𝑃𝑜𝑙𝑎𝑟𝑖𝑡𝑦  
1 
 0 

    

Note  :  

1=polar ; 0= nonpolar 

𝐶ℎ𝑎𝑟𝑔𝑒  
1
0
−1

  

Note  : 

1=positive ; 0=neutral ; -1=negative 

𝐻𝑖𝑑𝑟𝑜𝑝ℎ𝑜𝑏𝑖𝑐𝑖𝑡𝑦 
1
0
−1

  

Note  : 

1=Hi; 0=N ; -1=Ho 

.From the variables then created a Rules as shown 
in Figure 2. 

The next method is to calculate the value of CE1 

(Candidate Epitope 1), CE2 (Candidate Epitope 2) 

and CE3 (Candidate Epitope 3), especially on each 9-

mer protein, where the 9-mer strand of protein that 

has the greatest percentage was that in the prediction 

as the location conformational epitopes. 

If p=1 and c=1 and H=Hi then CE1 

 If p=1 and c=1 and H=N then CE2 

If p=1 and c=1 and H=Ho then CE3 

If p=1 and c=0 and H=Hi then CE1 

If p=1 and c=0 and H=N then CE2 

If p=1 and c=0 and H=Ho then CE3 

If p=1 and c=-1 and H=Hi then CE1 

If p=1 and c=-1 and H=N then CE2 

If p=1 and c=-1 and H=Ho then CE3 

If p=0 and c=1 and H=Hi then CE1 

If p=0 and c=1 and H=N then CE2 

If p=0 and c=1 and H=Ho then CE3 

If p=0 and c=0 and H=Hi then CE1 

If p=0 and c=0 and H=N then CE2 

If p=0 and c=0 and H=Ho then CE3 

If p=0 and c=-1 and H=Hi then CE1 

If p=0 and c=-1 and H=N then CE2 

If p=0 and c=-1 and H=Ho  then CE3 

Figure 2 Rules Variables 

The protein strands are identified as having 
Percentage CE1 Conformational Epitope more than 
50%. Rule that indicates this is shown in Figure 3. 

 

If pCE1 > 50 % then Epitope Conformational 1 

If pCE1<50% and pCE2 >50% then Epitope  
Conformational 2 

If pCE1<50% and pCE2<50% and pCE3>50% then 
not Epitope Conformational 

If pCE3>50% then not Epitope Conformational 

Figure 3 Rules Epitope  

Conformational Epitope Prediction Model is shown 
in Figure 4. 

Conformational epitope prediction  model explain 
the stage of proposed method. Input data obtained 
from epitope database or any protein strand. Then 
each strand from epitope/protein must be extraction 
based on their  characteristic. Expert system will 
analyze and predict all input data to predict 
conformational epitope location. 
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Figure 4 Conformational Epitope Prediction Model 

 

If translated, the stages that must be done to identify 
the location of Conformational epitope in the protein 
are as follows: 

1. Identify the characteristics of each strand of 
protein to see its structure. 

2. Comparing the structure of the protein in a 
strand on each 9-mer  strand (not applicable 
absolute) 

3. Identify CE1, CE2 and CE3 for each strand of 
the protein with the existing rules. 

4. Determining the value of CE1, CE2 and CE3 

5. Determining the location of epitope based on 
calculation CE1, CE2 and CE3 with the proviso 
that the strand CE1 identified as epitope 
conformational  has more than 50% percentage 

6. Showing epitope sequences identified as 
conformational  and displays them visually. 

 

B. Data Collection 

The data will be used in this study were taken from 

the Gene Bank, CED (Conformational Epitope 

Database) and IEDB. Of the few data available on the 

online database was taken a few strands of proteins 
that are considered representative for then identified 

the structure and characteristics of the epitope on the 

protein strands that are available. 

Epitope is available in this database can be 

classified into 4 main categories: data-oriented, such 

as T cell MHCPEP, SYFPEITHI, FIMM, MHCBN, 

EPIMHC; data-oriented, such as B cells and 

Epitomne Bcipep; data-oriented pathogenic organism 

such as HIV Molecular Immunology Database and 

HCV Immnunology Molecular Database; 

multifaceted databases such as AntiJen and IEDB. 

IEDB still under development. Epitope 

conformational  more difficult weeks to be identified 

experimentally, so that CED is more focused on 

conformational  epitope data. 

C. Crisp Set and Expert System  

Crisp Set 

In contrast to the fuzzy sets that the level of 

membership does not only 0 and 1 but can be all real 

numbers are located on the interval [0,1]. 

Fuzzy set is a set without a crisp, clearly defined 

boundary. It can contain elements with only a partial 

degree of  membership . 

A Membership Function (MF) is a curve that 

defines how each point in the input space is mapped 

to a membership value (or degree of membership) 

between 0 and 1. The input space is sometimes 

referred to as the universe of discourse. 

Membership of an object on the set of crisp an object 

has only two possible membership of the association 
members or not members of the set. So if defined a 

level of membership in the crisp set then the level of 

membership an object that becomes the set element is 

1 and the degree of membership of an object which is 

not a set element is 0. When the level of membership 

sets (crisp sets) A expressed by a universal set of 

functions A with domain U and range {0.1} then 

the function A can be stated as follows: 
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Expert System 

Expert system is a field that is characterized by 

knowledge-based systems (Knowledge Base System), 

which allows the computer to think and draw 
conclusions from a set of rules [13]. Meanwhile, 

according to Turban and Aronson [14], expert system 

is a system that uses knowledge in the computer to 

solve a problem, which usually can only be done by 

an expert. 

The main components in the structure of expert 

systems [15] include: 

1. Knowledge Base 

Knowledge base is the core of an expert 

system, namely the representation of expert 

knowledge. Knowledge base consists of 

facts and rules. 

In this research, the knowledge base is 

obtained by using the techniques of 

representation in the form of logic, namely 

the set of crisp, especially in the grouping 

characteristics of the protein. 
2. Inference Engine 

One of the features of an expert system is 

the ability to make inferences or draw 

conclusions from a premium (statement). 
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And to be able to run the process, the expert 

system requires inference engine. 

Inference engine in this research are used to 

process rules that will identify the location 

of the alleged conformational epitope. 

3. Database 

The database consists of all the necessary 

facts, which facts were used to fulfill the 

conditions of the rules in the system. 
Database in this study is the protein 

sequence obtained from Gene Bank and then 

adjusted with data from the CED and IEDB. 

4. User Interface 

This facility was used as an intermediary for 

communication between users with the 

system. 

IV. EXPERIMENT AND ANALYSIS RESULTS 

Experiments will be conducted on the strand of 

Lysosome Protein C obtained from Gen Bank. 

Lysosome Protein strand C is shown in Figure 5. 
 

 

MRSLLILVLCFLPLAALGKVFGRCELAAAMKR
HGLDNYRGYSLGNWVCAAKFESNFNTQATNR

NTDGSTDYGILQINSRWWCNDGRTPGSRNLCNI

PCSALLSSDITASVNCAKKIVSDGNGMNAWVA

WRNRCKGTDVQAWIRGCRL 

 
Figure 5 Lysosome Protein strand C from chiken 

(Gen Bank) 

 

Results Identification of conformational epitopes 

on the protein strands are shown in TABLE 2 and 
TABLE 3. 

 

TABLE 2 
IDENTIFICATION OF CONFORMATIONAL EPITOPE ON 

LOCATION 1 

 

Protein D N Y R G 

Polarity 1 1 1 1 0 

Charge -1 0 0 1 0 

Hydrophobicity Hi Hi N Hi Hi 

Prediksi CE3 CE1 CE2 CE1 CE1 

Protein Y S L G  

Polarity 1 1 0 0  

Charge 0 0 0 0  

Hydrophobicity N Hi Ho Hi  

Prediksi CE2 CE1 CE3 CE1  

CE1 55.56%     

CE2 22.22%     

CE3 22.22%     

TABLE 3 
IDENTIFICATION OF CONFORMATIONAL EPITOPE ON 

LOCATION 2 

 

Protein N R C K G 

Polarity 1 1 0 1 0 

Charge 0 1 0 1 0 

Hydrophobicity Hi Hi Ho Hi Hi 

Prediksi CE1 CE1 CE3 CE1 CE1 

Protein T D V Q A 

Polarity 1 1 0 1 0 

Charge 0 -1 0 0 0 

Hydrophobicity Hi Hi Ho Hi N 

Prediksi CE1 CE1 CE3 CE1 CE2 

Protein W I R G C 

Polarity 0 0 1 0 0 

Charge 0 0 1 0 0 

Hydrophobicity Ho Ho Hi Hi Ho 

Prediksi CE3 CE3 CE1 CE1 CE3 

Protein R L    
Polarity 1 0    
Charge 1 0    

Hydrophobicity Hi Ho    
Prediksi CE1 CE3    

CE1 58.82%     
CE2 5.88%     
CE3 35.29%     

 

At the first observation of 9-mer strand to see the 

results very much different from the two previous 

observations. In Table 4 can be seen that the strand 

polarity 9-mer first protein is dominated by the 

nonpolar, while the charge tends to neutral in the 

domination number 0. Hydrophobicity of the strands 

is also very low, so the percentage is very low even 

CE1 no value CE2. Therefore, it can be ascertained 

that the strands of this protein did not reveal any 

conformational epitope. 

Generally can be seen that the percentage of CE1 at 

locations identified as conformational epitope has a 
higher value than the other strands. 

This indicates that the location of the alleged 

conformational epitope always have hydropbobicity 

value, polarity and charge relatively high compared to 

other strands. Epitope conformational also have a 

tendency to have a neutral charge value with variation 

of positive and negative values in it. This can be seen 

in table 2 or 3 where despite a negative value but 

there are positive values that it becomes neutral, 

while the strand without the epitope can be seen that 

although charge neutral, there were no variations in 

the value of positive and negative. 
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TABLE 4 

RESULT EXPERIMENT 9-MER ON LYSOSOME C 

Protein M R S L L 

Polarity 0 1 1 0 0 

Charge 0 1 0 0 0 

Hydrophobicity Ho Hi Hi Ho Ho 

Prediksi CE3 CE1 CE1 CE3 CE3 

Protein I L V L  
Polarity 0 0 0 0  
Charge 0 0 0 0  

Hydrophobicity Ho Ho Ho Ho  
Prediksi CE3 CE3 CE3 CE3  

CE1 22.22%     
CE2 0.00%     
CE3 77.78%     

V. CONCLUSION 

From this study concluded that the 3D structure 
approach to predict the epitope conformational can be 

done by analyzing the three fundamental 

characteristics of proteins namely, Hydrophobicity, 

polarity and Charge using expert system 

In the future research, can be used different -mer 

number of epitope strand in identification process of 

epitope, for example  use 3-mer,4-mer or 5-mer 

strand. Type of Viruses/Protein from epitope also can 

be identified if the the character  of location and 

length of epitope found. 

This research has not observed hydrophobic 

Estimated Effect, Solvent Exposed Area and Residue 

Non-Polar Surface Area in the protein that may be 

used in viewing similarity the 3D structure 

conformational epitope. In subsequent studies the use 

of some characteristic above with Fuzzy System 

modeling is expected to produce more accurate 
results. 
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Abstract— This paper presents our research
1
 

that aims to extend the utilization of services 

provided by the Language Grid project to provide 

linguistic annotations for various documents using 

the ISO-GrAF standard. The Language Grid is a 

large collaboration with international scope that 

seeks to define standards for the provision of 

linguistic services over the web. The GrAF 

standard is an implementation of the Linguistic 

Annotation Format (LAF), which seeks to provide 

a standard and extensible annotation scheme for 

linguistic data. We argue that the two initiatives 

therefore provide a perfect match, but to the best 

of our knowledge no work has yet been done to 

address this issue. In this paper we propose 

introducing web service wrappers for existing 

Language Grid services that produce GrAF-

compliant output. Various design and technical 

issues will be discussed, and a prototype 

implementation of a GrAF wrapper for a 

morphological analyzer is presented. 

I. INTRODUCTION 

ESEARCH work on the development of a 

standard linguistic annotation scheme for 

documents within large corpora is growing rapidly. 

This is due to the need to annotate vast amounts of 

primary documents to do substantial research. With 

widely-used standards for corpus and annotation 

metadata, researchers can share, compare, and 

collaborate on their research work, findings, and 

methods with others. 

Much has been done in an attempt to standardize 

the annotation, one of which is the Language 

Annotation Framework (LAF) [1,2]. LAF provides the 

conceptual idea of how the annotation standards can 

be achieved, whereas GrAF is one of the annotation 

formats that apply the concepts and principles 

stipulated in the LAF [3].  

On the other hand, standardized NLP services and 

 
 

resources such as POS taggers, parsers, bilingual 

dictionaries, parallel corpora, machine translators, 

morphological analyzers, and so on are also being 

developed. The Language Grid is an infrastructure that 

has the aim to combine various Natural Language 

Processing (NLP) services and resources from any 

language to build composite language services for the 

community [4]. However, the development of the 

Language Grid is not intended for providing standard 

linguistic annotations on corpus documents, thus the 

resulting output has not yet followed the standard 

annotation that has been developed. In this paper we 

propose introducing web service wrappers for existing 

Language Grid services that produce GrAF-compliant 

output. In Section 2 we introduce the Language Grid, 

and in Section 3 we introduce the Linguistic 

Annotation Framework and its reference 

implementation, GrAF. Finally, in Section 4 we 

discuss our proposal for integrating the two standards, 

before providing a short summary in Section 5. 

II. THE LANGUAGE GRID 

A. The Language Grid Project 

The Language Grid was developed in early 2005 

involving many researchers from the National Institute 

of Information and Communication Technology 

(NICT), universities and research institutes around 

Kyoto [4]. The aim of the development of the 

Language Grid is to overcome the language barriers 

that often inhibit communication between people who 

have different languages. Many knowledge sources 

available on the Internet are written in different 

languages. This happens because there is no standard 

language used on the Internet: even English only 

accounts for 35% of the total Internet content [5]. At 

the beginning of the development of the Language Grid 

was built machine translation which includes five 

languages: Chinese, Malaysian, Japanese, Korean, and 

English.  
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Researchers in various countries have developed 

language tools for the purposes of their own language, 

but unfortunately these resources are often not 

accessible to the public. In addition, these separate 

resources are only usable as atomic services that can 

only be used for a particular language. Therefore, the 

Language Grid seeks to combine resources that 

already exist for various languages so that they can be 

used by parties who need to combine them to become 

an integrated service. A simple example of integrated 

service is as follows. Imagine there are two language 

services for machine translation, Japanese - English 

(and vice versa) and Chinese - English (and vice 

versa). If both atomic services are deployed onto the 

Language Grid, it will be possible to construct a new 

service, i.e. Japanese - Chinese machine translation 

and vice versa by using English as an intermediary 

language. 

There are two types of services on the Language 

Grid; the first is called the horizontal Language Grid, 

which combines existing language services using web 

services technology. The second is called the vertical 

Language Grid, which combines the language services 

on the horizontal language grid to support inter-

cultural activities. An example of the vertical language 

grid is making a parallel text in the medical field to 

assist foreign patients at local hospitals [4]. 

To support maximum interoperability on the 

Internet, the Language Grid relies on web services 

technology, in which there is WSDL, UDDI, and 

SOAP. The Language Grid has also been equipped 

with support services such as OWL ontologies, so the 

Language Grid has supported the Semantic Web and 

has been providing services for search and automatic 

configuration of the composite services. 

Currently, the Language Grid already has a lot of 

services, including: Bilingual Dictionaries, 

Morphological Analyzer Services, Machine 

Translation, etc. The process of deploying and 

combining the language services that have been 

developed on the Language Grid is by the wrapping 

mechanism of the language resource so that it becomes 

a web service that can be accessed via a SOAP 

protocol. Rules and standards to perform the wrapping 

is already regulated and established by the Language 

Grid project through standard wrapping libraries. Until 

now the wrapping standard allows developers to do 

wrapping into a Java-based web service only using 

JAX-RPC library. 

Universitas Indonesia has also contributed to the 

Language Grid project, by providing language 

resources and services such as a morphological 

analyzer, bilingual dictionary and conceptual 

dictionary (i.e. the Indonesian WordNet). Tables 1 and 

2 illustrate some of the services and resources that 

already exist on the Language Grid. 

 

B. Language Grid Wrappers 

To combine language resources that are already 

available, the first step is to conduct the wrapping of 

language resources. A wrapper is a program that makes 

language resources accessible through a web service, 

by adjusting the input and output specifications of the 

NICT Language Service Interface [6]. Thus, language 

resources can be registered as a language service on the 

Language Grid. 

After the wrapper of the language resource has been 

completed, the wrapper is then deployed to a Language 

Grid Service Node, or a so-called server service 

 
TABLE 1 

EXAMPLE OF LANGUAGE GRID RESOURCES 

Resource Name  Resource Type Provider 
An Introduction to 

Schools in Japan: 

School Guidance 

for Foreign 

Guardians 

Parallel Text 
Language Grid 

Operation Center 

Atsugi City School 

Life Starts Here 
Parallel Text 

Language Grid 

Operation Center 

 

Aya and Musashi's 

Textbook: 

Japanese-Learning 

Aid 

Parallel Text 
Language Grid 

Operation Center 

Bahasa Indonesia 

Morphological 

Analysis 

Morphological 

Analyzer 

Information 

Retrieval Lab, 

Faculty of 

Computer Science, 

University of 

Indonesia 

Bilingual Dictionary 

With Longest 

Matching Cross 

Search Service Java 

Bilingual Dictionary 

Ishida and 

Matsubara 

Laboratory 

BLEU 
Similarity 

Calculator 

Language Grid 

Operation Center 

 
TABLE 2 

EXAMPLE OF LANGUAGE GRID SERVICES 

Service Name  Service Type Provider 

CaboCha Dependency Parser 
Language Grid 

Operation Center 

Chiba Prefecture 

Letters From 

SchoolParallel Text 

Parallel Text 
Language Grid 

Operation Center 

Dictionary of New 

Edition Mieko-san 

no Nihongo 

Bilingual 

Dictionary With 

Longest Match 

Search 

Language Grid 

Operation Center 

An Introduction to 

Schools in Japan: 

School Guidance 

for Foreign 

Guardians 

Parallel Text 
Language Grid 

Operation Center 

Atsugi City School 

Life Starts Here 
Parallel Text 

Language Grid 

Operation Center 
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provider, and will receive requests from a Language 

Grid Core Node or the so-called client service 

requester. Figure 1 shows an illustration of the data 

flow using the Language Grid wrapper. 

 

 
Fig. 1.  Configuration diagram of Wrapper [3]. 

 

 

From Figure 1 above we can see that when there is a 

request from a Language Grid Core Node, the 

Language Grid Service Node can access the language 

resources that have been wrapped or access another 

available language resource on another server using 

conventional HTTP and SOAP protocols, then return 

output according to a predetermined format. 

III. LINGUISTIC ANNOTATION FRAMEWORK 

A. Review of LAF 

The Linguistic Annotation Framework (LAF) is a 

standard that provides the architecture for the creation, 

provision of annotation, and manipulation of linguistic 

resources so that encoders and annotators have the 

discretion to determine the format of annotation and 

facilitate the reuse of existing annotation. LAF was 

developed by ISO TC37 SC WG1-1. The two main 

objectives to be achieved by LAF are [2]: 

 

1. Providing tools to utilize and reuse linguistic 

data from a variety of applications at all levels 

of linguistic description. 

2. Facilitate the maintenance of a cycle of 

documents through various stages of the 

process and allowing the addition of 

information on existing data. 

 

In order to become a valid and useful standard, the 

LAF is designed to meet the following requirements 

and principles [2]: 

 

Requirements: 

 

1. The Linguistic Annotation Framework should 

enable users to display data and annotations in 

various formats according to their own choice. 

2. The Linguistic Annotation Framework should 

accommodate all types of annotation and data. 

3. The Linguistic Annotation Framework should 

be easy to use, so that people will use it. 

 

Principle: 

 

1. The separation between data and annotations. 

Language data can only be read and not allowed 

to change its contents (read-only) and contains 

no annotations. All the annotations are 

contained in a separate document which is 

connected to the primary data (related 

documents). This approach is often called 

stand-off markup. 

2. The separation between user annotation formats 

and a globally understood exchange, or „dump‟, 

format. Users can use any format for 

annotations (XML, LISP, etc.). The only 

requirement is that the format should be 

mappable to the structure of data in the dump 

format. 

3. The separation between the structure and 

contents of the dump format. 

 

The Overall LAF architecture is illustrated in Figure 2. 

 

 
Fig. 2.  LAF architecture [2]. 

B. GrAF 

The Graph Annotation Format (GrAF) is one of the 

formats that implement the conceptual standard 

annotation of the Language Annotation Framework 

(LAF). GrAF utilizes graph theory to model the 

linguistic annotation that can provide the flexibility to 

create, represent, and incorporate some annotations 

into a single and integrated annotation. By utilizing a 

pivot LAF (dump) format, the user annotation can be 

transformed into a graph format. With the ability of 

transformation, GrAF can combine two or more 

annotations into a single unitary representation of 

annotation. To prove the concept, there have been 

some experiments conducted using several different 

annotation formats on the Wall Street Journal corpus 

[3]. 

GrAF itself is an XML file that follows the general 

structure for the annotation that has been specified by 

the LAF. A GrAF document represents the structure of 

an annotation by two XML elements: <node> and 

<edge>. Either element, whether <node> or <edge>, 

can be labeled in accordance with the annotation 

information.  

Annotations are saved in a separate graph from 

primary data. When the annotation is stored in GrAF 

format, then the process of merging annotations of the 
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same primary data or annotation of the annotation 

reference to the primary data can be combined with 

existing graph merging algorithms that have been 

developed.  

Besides the ease to the process of merging graphs, 

there are many other benefits obtained by the use of 

graph theory in the GrAF format, since a lot of 

software is readily available for graph manipulation, 

for example to show the relevance between node and 

edge visualization, graph traversal, as well as adding 

information in the graph. 

 

C. GrAF Segmentation 

One important part of GrAF is segmentation. 

Segmentation needs to be done because the primary 

data is separated from the annotation. Segmentation is 

performed on primary data to divide the primary data 

into smaller elements to be annotated. Segmentation in 

the primary document will eventually form a set of 

nodes and edges that form the basis of GrAF. Multiple 

segmentation documents can be defined over the 

primary data, and multiple annotation documents may 

refer to the same segmentation document [1]. 

There is no limitation or standard to perform 

segmentation. Segmentation in text documents are 

generally made to divide the document into a word or 

phrase. The word or phrase itself can still be 

segmented into smaller elements in the form of 

characters that form a word or phrase.  

In its implementation, the text document 

segmentation is done by forming edges linking some 

contiguous tokens (characters) in a document. This is 

done by determining the position of tokens in a 

document. Then, the edge will be considered as a node 

(in this case it can be a word or phrase). The GrAF 

format requires the specification of the primary data 

location (i.e. URL) in order to interpret the 

segmentation information (see Figure 5 for an 

example). Figure 3 illustrates an example of 

segmentation and construction of GrAF in a sentence. 

IV. INTEGRATION OF LANGUAGE GRID AND GRAF 

A. Langrid to GrAF Wrapper 

This project was developed to facilitate the 

integration between the services that are available on 

the Language Grid to provide a standard annotation in 

a corpus repository. The Language Grid has been used 

because many NLP services are already provided and 

already has many members from various countries. On 

the other hand, the advantages of using GrAF are 

many, such as: 

 

1. GrAF applies the concepts and principles 

stipulated in the LAF which is the standard 

conceptual guidelines for the annotation 

format. 

2. GrAF is an approved ISO standard that has 

been widely used as a standard annotation, 

especially for text documents. 

3. GrAF uses XML so that the annotation that has 

been generated can be processed easily using 

existing XML tools. 

 

In this project the primary data will be taken from 

the Indonesian corpus repository that has been 

developed previously [7]. Figure 4 presents a draft 

model of the use of GrAF and the Language Grid for 

the Indonesian Corpus Repository annotation. 

As shown in Figure 4, an additional layer that will 

be made on this project has two main tasks, namely (i) 

segmentation and (ii) generation of the GrAF XML 

document. Segmentation is performed on the 

documents contained in the Indonesian Corpus 

Repository to sort out the document into smaller 

elements. This layer is also responsible for recording 

the segmentation for matching the generation of GrAF 

XML document to the native segmentation of the 

wrapped Language Grid service. After segmentation is 

completed, the additional layer will send each element 

of segmentation results to obtain annotation from the 

existing services on the Language Grid. The Language 

Grid output generated will then be used to fill the 

GrAF XML document. 

 

 
 

Fig. 3.  Segmentation and Construction of GrAF [1]. 
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Fig. 4.  Integration of Language Grid and GrAF. 

 

This additional layer will be developed into a web 

service so it is expected easily to be integrated into the 

Language Grid, and with the web services technology, 

this additional layer will be easily used for the 

development of the Indonesian Corpus Repository. 

One additional layer will correspond with one service 

on the Language Grid; and this is to facilitate 

modularity and the reusability of additional layers in 

other applications. In the future, we envisage that these 

additional layers can be viewed as being part of an 

extended LAF-compliant Language Grid. 

 

B. Implementation 

The development of additional layers to combine 

services on the Language Grid with a standard GrAF 

annotation is done by using Java SOAP web services 

technology, but this does not rule out the possibility of 

an additional layer development using RESTFul web 

services technology. This additional layer service 

<edge id="t1" ref="e1"> 

 <fs type="token"> 

  <f name="lemma" sVal="gempa"/> 

  <f name="pos" sVal="noun"/> 

 </fs> 

</edge> 

 

<edge id="t2" ref="e2"> 

 <fs type="token"> 

  <f name="lemma" sVal="tektonik"/> 

  <f name="pos" sVal="adjective"/> 

 </fs> 

</edge> 

 

<edge id="t3" ref="e3"> 

 <fs type="token"> 

  <f name="lemma" sVal="jadi"/> 

  <f name="pos" sVal="verb"/> 

 </fs> 

</edge> 

 

<edge id="t4" ref="e4"> 

 <fs type="token"> 

  <f name="lemma" sVal="di"/> 

  <f name="pos" sVal="unknown"/> 

 </fs> 

</edge> 

 

Fig. 6.  Example of GrAF Annotation Results. 

<graf:header> 

  <graf:primaryData 

loc="http://bahasa.cs.ui.ac.id/corpusR

epository/cr_data/input.txt" 

type="text/txt"/> 

 

</graf:header> 

 

<graf:edgeSet xml:id="Text 

segmentation"> 

 <edge id="e1" from="0" to="5"/> 

 <edge id="e2" from="6" to="14"/> 

 <edge id="e3" from="15" to="22"/> 

 <edge id="e4" from="23" to="25"/> 

 <edge id="e5" from="26" to="30"/> 

 <edge id="e6" from="31" to="39"/> 

 <edge id="e7" from="40" to="45"/> 

 <edge id="e8" from="46" to="51"/> 

 <edge id="e9" from="52" to="56"/> 

 <edge id="e10" from="57" to="63"/> 

 <edge id="e11" from="64" to="71"/> 

</graf:edgeSet> 

 

Fig. 5.  Example of Segmentation Results. 
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receives the URL of a document as input and will 

generate a GrAF XML document. This additional layer 

development is done in three phases, namely 

development of the document segmentation process, 

communication with web services on the Language 

Grid, and the last stage is mapping the Language Grid 

service output to the initial segmentation. 

The first stage, document segmentation, is the most 

crucial stage, because this segment will link the 

information between the primary data with the 

secondary data, i.e. the Language Grid-produced 

annotations. The segmentation is performed for the 

text documents by splitting the document into single 

words, where one word will be inserted into a single 

token that is marked with an edge tag. Each token has 

information about the beginning and end index 

positions relative to a particular document. 

The second stage is communication with the web 

services on the Language Grid. As an early 

development, this layer has been tested against an 

existing service in the Language Grid that is the 

Indonesian Morphological Analyzer service [8,9]. This 

service will identify a word by parsing the lemma (base 

form) and POS (part-of-speech) tag of the word. In our 

early design, communication is done by sending each 

individual word from the segmentation stage, one-by-

one. However, the cost of communication overhead 

becomes too high, even for relatively short documents. 

The Language Grid service becomes overloaded and is 

unable to return the result. Therefore, the 

communication process is done by sending the entire 

document to the Language Grid service. Figures 5 and 

6 illustrate examples of segmentation and GrAF 

annotation results respectively given an input 

document that consists of the single Indonesian 

sentence, “Gempa tektonik terjadi di Nusa Tenggara 

Timur (NTT) pada Selasa petang”. 

Because the communication stage transmits the 

entire contents of the document in one step; it requires 

the third stage that is the mapping of the Language 

Grid service output to the initial segmentation. In our 

example case, the Indonesian Morphological Analyzer 

web service will return an array of morphemes that 

each contains the initial word, lemma, and POS tag. 

This output is a standardized format as determined by 

the Language Grid specification, and more technically, 

consists of an array of Java objects that are instances 

of the Morpheme class. Mapping is then done by 

comparing the sequence of initial words of the 

morphemes that are generated by the web service and 

the sequence of words from the segmentation results 

that have been done during the first phase. 

This mapping needs to be done to maintain 

consistency in document segmentations. Many 

whitespace characters such as space, enter, tab, etc. as 

well as non-alphanumeric characters like date format 

and brackets that are contained in a word will be 

removed during the native tokenization and 

segmentation process from the Morphological 

Analyzer web service. Tokens produced by the 

Morphological Analyzer web service that cannot be 

recognized, or does not match with the list of tokens 

that exist in the initial segmentation results, will not 

be recorded in the eventual GrAF annotation section. 

Thus, the consistency of segmentation of primary data 

and annotation results from the Morphological 

Analyzer web service will remain intact. 

V. FUTURE WORK 

In this paper we have presented a proposal to extend 

web services available on the Language Grid project to 

provide linguistic annotations for various documents 

using the ISO-GrAF standard. This is achieved by 

introducing an additional layer of wrapper web 

services that handle segmentation of the primary data, 

communication with the Language Grid web service, 

and production of GrAF-compliant output. In the 

future, we envisage that these additional layers can be 

viewed as being part of an extended LAF-compliant 

Language Grid. 
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Abstract—This work investigated the non factoid 
Question Answering (QA) system for Bahasa 
Indonesia. The non factoid questions include 
definition-type, why-type and how-type questions 
as these are the most common questions in 
understanding things. This work is the pioneer one 
for Indonesian QA system of non factoid questions. 
The QA system is devided into three components 
such as question analyzer, passage retriever and 
answer finder. In question analyzer, the component 
employs a rule based system to define the expected 
answer type and question keywords. The passage 
retriever component retrieves passages using a 
basic keyword searching. The answer finder 
locates answer using pattern of several special 
keywords mostly found in passages containing 
answer. In the answer finder, we found that using 
the non-stemmed keywords along with the 
stemmed keywords is better than using only the 
non-stemmed keywords or only the stemmed 
keywords. By using 90 questions, collected from 10 
Indonesian natives and 61 source documents, the 
experiments achieved MRR of 0.7689, 0.5925, 
0.5704 for definition type, why type and how type,  
respectively.  

I. INTRODUCTION 
HERE are several QA types based on its returned 
answer which include factoid questions, non 

factoid questions, yes-no questions, list questions, 
opinion questions, etc. For Indonesian, the existing 
QA system is the factoid questions which focus on the 
exact short answer of person, location, organization, 
date, numeric and other answers[2]. Until now, there 
is not any Indonesian QA system that aims for the non 
factoid questions. This work is our first attempt to 
focus on a non factoid QA system considering that 
non factoid questions are the most used questions in 

 
Novi Yusliani is with Bandung Institute of Technology, School 

of Electrical Engineering and Informatics, Ganesha 10 Bandung, 
Indonesia (phone: 022-2508135; fax: 022-2500940; e-mail: 
if28044@students.if.itb.ac.id).  

Ayu Purwarianti is with Bandung Institute of Technology, 
School of Electrical Engineering and Informatics, Ganesha 10 
Bandung, Indonesia (phone: 022-2508135; fax: 022-2500940; e-
mail: ayu@stei.itb.ac.id).  

understanding things.  
Recent studies about non-factoid QA system, 

divided non-factoid questions into several classes. In 
[4], there are six categories of non-factoid question 
such as definition-oriented question, reason-oriented 
question, method-oriented question, degree-oriented 
question, change-oriented question, and detail-
oriented question. Another work of [1] classified the 
question into why-type, definition type, and how type. 
In [3], the questions are classified into four categories 
such as definition-types, why-types, how-types, and 
other types. In our work of non-factoid Indonesian 
QA, we classified the non factoid questions into three 
categories which follow the definition of [1]: 
definition-type, why-type, and how-type. 

The QA data sets for all non factoid QA we 
mentioned above[1][3][4] are using Japanese as the 
language. Japanese is one of the language which has 
rich resources to develop QA system, whereas 
Indonesian has lack of language resources that can be 
used to build an adequate QA system. Bahasa 
Indonesia itself is a language used by more than 260 
million people of Indonesia. Bahasa Indonesia is also 
understood by people of neighborhood countries, such 
as Malaysia and Brunei. Therefore, there will be an 
increasing of technology need in Indonesian natural 
language, including QA system. Thus, this research 
uses Bahasa Indonesia as the processed language. The 
system accepts questions in Bahasa Indonesia as the 
input, and then uses Bahasa Indonesia documents as 
information resources in order to find the answer of 
the question. We found that for the non factoid 
questions, most answer can be defined as paragraph 
[3][7]. Therefore, in our research, we extracted 
paragraph based on keywords from an input question 
and output it as the desired answer.  

The rest of the paper is organized as follows. 
Section 2 explains about the characteristic of non 
factoid Indonesia questions. Section 3 presents our 
method to build the Question Answering system 
includes the question analyzer component, the passage 
retriever and the answer finder component. Section 4 
shows the experimental results for each component in 
question-answering system whereas section 5 
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summarizes the conclusions. 

II. CHARACTERISTIC OF NON FACTOID INDONESIAN 
QUESTION 

Table 1 shows typical categories of non factoid 
question used by many researches [1][3][4]. Table 1 
also shows Bahasa Indonesia examples of writing 
styles or typical patterns of question and answer.  

 
 TABLE 1. PATTERN OF QUESTION AND ANSWER PASSAGE FOR NON 

FACTOID QUESTION 

Category Examples of Typical Pattern 
Question Answer 

definition-
type 

“Apa … - X”           
“Apakah … - X” 
(What is-X) 

“X adalah …” 
(X is …) 
“… disebut X” 
(…. called X)  
 

reason-type  “Mengapa - X”    
“Kenapa - X” 
(Why - X) 
 
 
 

“…menyebabkan X” 
(… causing X) 
“X terjadi karena …” 
(X could be happened 
cause …) 

how-type “Bagaimana - X”           
“Bagaimanakah - X ”   
(How - X) 
 

“Langkah-langkah X 
adalah…..” 
(The procedure of X is 
…) 

III. METHOD OF NON FACTOID INDONESIAN 
QUESTION ANSWERING (QA) SYSTEM 

A. General Framework of Indonesian QA System 
We adopted the framework used in [2] on the 

general framework of Indonesian QA system. 
Although the question types are different, but the 
general framework is similar. The framework in 
Figure 1 shows that there are three important 
component of a QA system such as question analyzer, 
document retriever, and answer finder. The question 
analyzer component processes question input into 
question keywords and EAT (Expected Answer 
Type). The output of question analyzer is the used by 
the passage retriever the find the most relevant 
passages that may contain the answer. The passages 
resulted by the document retriever along with the 
question keywords resulted by the question analyzer 
are then used by the answer finder component to 
locate the best answer. The method used for each 
component are described in the following sections 

B. Non Factoid Indonesian Question Analyzer 
The first component of QA system is the question 

analyzer. It determines the keywords and the expected 
answer type (EAT). In this research, keywords are 
determined by extracting all words in the question 
sentence. The procedure to extract the keywords from 
the sentence question is as follows: 
1. Tokenize the sentence question 
2. Remove all stop-words in the sentence  
3. Stemmed all words after removing stop-words 

4. Extract all stemmed words and non stemmed 
words as the question keywords 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1. Framework of Question Answering 
 

EAT is determined by analyzing interrogative word 
in the question. As already mentioned in the previous 
section, there are three question types: definition-type, 
why-type and how-type. In Bahasa Indonesia, if the 
question sentence begins with ‘apa … or ‘apakah …’ 
(what is…), then the question is classified as 
definition-type. If the question sentence begins with 
‘mengapa…’ or ‘kenapa…’ (why…) then the question 
is classified as why-type. The question sentence is 
classified as how-type if the question begins with 
‘bagaimana…’ or ‘bagaimanakah…’. Table 2 shows 
the example of each question category.  

 
TABLE 2. EXAMPLE OF EACH QUESTION CATEGORY 

Category Question 

definiton-type 

Apakah yang dimaksud dengan Osmosis? 
(What is osmosis?) 
Apa yang dimaksud dengan AIDS? 
(What is AIDS?) 

why-type 

Mengapa makhluk hidup membutuhkan 
makanan? 
(Why living thing needs food?) 
Kenapa gaya yang ditimbulkan karet katapel 
disebut gaya pegas? 
(Why the force of katapel is defined as 
resilience?) 

how-type 

Bagaimana proses terjadinya pernapasan 
dada pada manusia? 
(How is the process of respiration of a 
human?) 
Bagaimanakah proses aerob secara umum 
terjadi? 
(How is the aerob process generally 
happened?)  

 
TABLE 3. RULES FOR DEFINING EAT CANDIDATE 

Interrogative EAT Candidate 
Apa  Definition 
Apakah Definition 
Mengapa Why 
Kenapa Why 
Bagaimana How 
Bagaimanakah How 
 

Indonesian Question

Question 
Analyzer 

Indonesian 
Text Corpus 

Answer 
Finder 

Document 
Retriever 

Indonesian Answer 
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In this research, system only accepts six 
interrogative words, which include ‘apa, ‘apakah’, 
‘mengapa’, ‘kenapa’, ‘bagimana’, dan 
‘bagaimanakah’. System only accepts the sentence 
question which interrogative word is in the beginning 
of the sentence question. By above assumptions, to get 
the interrogative word, we only extract the first word 
in the sentence question after the tokenization process. 
After that, we analyzed the interrogative word by 
using a set of rules to define the EAT. The complete 
rules are shown in Table 3. 

C. Document Retriever 
The document retriever retrieves relevant 

documents given a set of stemmed keywords. It 
retrieves 15-top documents which has the biggest 
cosine similarity value, see equation (1).  
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where wij is weight of term-i in document j, equation 
(2) shows how to get the wij value. Whereas, wiq is 
weight of term-i in query, equation (3) shows how to 
get the wiq value. In equeation (2) and (3), tf is term 
frequency of term-i in document j (tfij) or in query 
(tfiq), and idfi is inverse document frequency for term-
i. 

D. Answer Finder 
To select the best answer among the retrieved 

documents, the answer finder component matches 
word pattern of a sentence with several patterns that 
we defined earlier. The sentence patterns with the 
example are shown in Table 4. In these patterns, we 
used word snippet. The word snippet is a list of words 
that usually exist in the answer for a given non factoid 
questions. The word snippet of each question category 
is shown in Table 5. The complete procedure of the 
answer finder component is as follow:  
1) Check for stemmed keyword in all sentence in 

each retrieved document 
2) Calculate the sentence weight based on the 

number of stemmed keyword contain in the 
sentence 

3) Calculate the paragraph weight by sum up all 
sentence weight in the paragraph 

4) Ranked the paragraph based on the weight if the 
EAT are why and how. Then, retrieved 75-top 
paragraph. For definition, we ranked the sentence 
based on the weight and retrieved all non-zero 
weight sentences. 

5) Check the pattern of each sentence. If the pattern 
of the sentence matches with one of the pattern 
in Figure 2, then add a constant value and the 
number of non stemmed keyword in the weight 
of the sentence. A constant value for rule number 
1, 2, 3 is higher than rule number 4 and 5. 
Whereas, a constant value for rule number 6 is 
the smallest. Then, calculate the new weight for 
each sentence which matches with one of the 
pattern using equation (4):  

 
               SentenceScore = nsK + sK + K        (4) 
 

nsK is the number of non stemmed keyword 
found in sentence and sK is the number of 
stemmed keyword found in sentence. K is a 
constant which we found to be useful in 
increasing sentence rank based on the similarity 
with the answer pattern. We had tried several 
scenarios in experiments such as using only the 
non stemmed keywords or only the stemmed 
keywords. We found that the best result was 
achieved by using the combination of non 
stemmed keywords and stemmed keywords. We 
assumed that using only the stemmed keywords 
will cause incorrect sentence (sentence 
containing keywords with similar stemmed 
keywords but different intension) retrieved by 
the QA system. And using only the non-
stemmed keywords will cause the correct 
sentence not being retrieved the system. 

6) All sentences are then ranked based on their new 
weight. These ranked sentences are used to 
retrieve their corresponding paragraph as the 
answer of the given question. For the how type, 
we extract five paragraphs from the same 
document. The first paragraph is the paragraph 
that contains the retrieved sentence, the rest are 
the succeeding paragraphs. 
 

Rules are based on the sentence pattern 
1. … + word snippet + one or more non stemmed keywords 
2. one or more non stemmed keywords + word snippet  + … 
3. one or more non stemmed keywords 
4. … + word snippet + one or more stemmed keywords 
5. one or more stemmed keywords + word snippet  + … 
6. one or more stemmed keywords 

Fig. 2. Rules in Answer Finder Component 
 

IV. EXPERIMENTS 

A. Experimental Data 
In this research, we used 61 articles for the article 

source and asked 10 Indonesian natives to write non-
factoid questions along with the answers based on the 
selected articles. Each user was required to write 
about 10 question for three EATs (definition, why, 
and how). After eliminating questions which are not 
suitable with the non-factoid question category, we 
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got 90 questions, 30 questions for each EAT. The 
examples on Indonesian non-factoid questions are 
shown in Table 6. 

 
 

TABLE 4. SENTENCE PATTERNS AND EXAMPLE 
Category Example 
Pattern: 
… + word snippet + one or more question keywords 
definiton Question: 

Apa yang dimaksud dengan benda netral? 
(What is neutral things?) 
Answer: 
Benda dengan jumlah proton dan elektron sama disebut 
benda netral. 
(Things those have proton as many as electron) 

why Question: 
Kenapa membran sel bisa dikatakan bilayer fosfolipid 
? 
(Why cell membrane could be called bilayer 
fosfolipid?) 
Answer: 
Karena itu, membran ini dinamakan fosfolipid lapis 
ganda (bilayer fosfolipid). 
(Therefore, this membrane called bilayer fosfolipid) 

how Question: 
Bagaimanakah cara melakukan pengobatan saat terjadi 
patah tulang ? 
(How to cure fracture?) 
Answer: 
Cara yang dilakukan saat terjadi patah tulang meliputi: 
(Step by step when fracture happened are as follows: ) 

Pattern: 
one or more question keywords + word snippet  + … 
definition Question: 

Apa yang dimaksud dengan satelit? 
(What is satellite?) 
Answer: 
Satelit adalah benda-benda yang berputar mengelilingi 
suatu planet. 
(Satellites are objects which revolve around a planet.) 

why Question: 
Mengapa logam bisa berkarat? 
(Why a metal can be corroded?) 
Answer: 
Perkaratan terjadi karena adanya reaksi antara logam 
dan oksigen. 
(Corrosion could be happened because of the reaction 
between the metal and oxygen.) 

Pattern: 
one or more question keywords (without any word snippet) 
why Question: 

Mengapa akar kaktus umumnya panjang? 
(Why the cactus root is generally long one?) 
Answer: 
Akar kaktus umumnya panjang. Akar seperti ini 
memungkinkan kaktus mencari air sebanyak mungkin 
(Cactus root generally is a long one. This long root 
make the cactus capable to find water as many as 
possible.) 

how Question: 
Bagaimana proses terjadinya peredaran darah pada 
amphibia? 
(How is the process of the blood flow in amphibian?) 
Answer: 
Katak dan amphibia lainnya memiliki sistem peredaran 
darah tertutup, yakni darah beredar melalui pembuluh 
darah. 
(Frog and others amphibian has a closed blood flow 
system, that is blood flows within the blood vessel) 

 

B. Experimental Result 

B.1 Experimental Result of Question Analyzer  
By using some defined rules based on question 

interrogative words, the question analyzer component 

can classify the expected answer type (EAT) correctly 
with no mistake. It should be noted that the EAT 
classification of our question analyzer is a simple one 
with rules such as defined in the method section, 
shown in Table 3.  
 

TABLE 5. WORD SNIPPET FOR EACH QUESTION CATEGORY 

Category 
Word Snippet 

Before Keyword After Keyword 

definition 
disebut, dikenal, 
dinamakan, 
mendefinisikan 

adalah, yaitu, ialah, 
merupakan, diartikan 

why 

karena itu, oleh sebab 
itu, jadi, itulah 
sebabnya, 
memungkinkan adanya, 
karenanya, dengan 
demikian, maka, 
menyebabkan, 
dikatakan, tujuan, 
penyebab terjadinya, 
sehingga, mengapa, 
dengan, walau 
demikian, namun 
demikian,  

sebab, disebabkan, 
karena, bertujuan, 
terjadi karena 

how cara, untuk, proses  

 
TABLE 6. EXAMPLE OF COLLECTED INDONESIAN NON-FACTOID 

QUESTIONS 
No Question EAT 

1 
Apakah yang dimaksud dengan 
Protoplasma ? 
(What is protoplasm?) 

definition 

2 

Kenapa membran sel bisa dikatakan 
bilayer fosfolipid ? 
(Why the cell membrane can be called 
bilayer fosfolipid?) 

why 

3 

Bagaimana proses terjadinya peredaran 
darah pada amphibia? 
(How is the process of the blood flow in 
amphibian?) 

how 

B.2 Experimental Result of Document Retriever  
In document retriever component, we used equation 

(1) to retrieved 15 documents. The accuracy shown in 
Table 6 indicates that our approach is adequate for our 
question answering task. In Table 6, there are three 
values are used to evaluate the document retriever 
accuracy. Recall is defined as the number of relevant 
documents retrieved by a search divided by the total 
number of existing relevant documents (see equation 
2), while precision is defined as the number of 
relevant documents retrieved by a search divided by 
the total number of documents retrieved by that search 
(see equation 3). Whereas F-Score is defined as a 
single measure that trades off precision versus recall, 
which is the weighted harmonic mean of precision and 
recall, see equation 4. In equation (4), r is recall and p 
is precision. 

 
 #   

#  
           (2) 
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TABLE 6. PASSAGE RETRIEVER ACCURACY 
Prec Recall F-Score 

Definition-type 
0.067 1 0.125 

Why-type 
0.067 1 0.125 

How-type 
0.067 1 0.125 

B.3 Experimental Result of Answer Finder 
In this research, system output is paragraph which 

contains a retrieved sentence from the procedure we 
have already explained in III.D. The retrieved 
sentence is a sentence which has the highest value of 
SentenceScore (equation (4)) among the sentence 
candidates.  

MRR (Mean Reciprocal Rank) score is employed to 
evaluate our question answer system. MRR is the 
average reciprocal rank (1/n) of the highest rank n of a 
correct answer [2]. In this evaluation, we retrieved 20 
paragraphs for each question. We used 90 questions to 
evaluate the system containing 30 questions for 
definition-type, 30 questions for why-type, and 30 
questions for how-type. The MRR score is 0.6389. 
The MRR score for definition-type is 0.7689 and 
0.5925 is MRR score for why-type. Whereas how-
type, the MRR score is 0.5704. 

 
Question: 
Apakah yang dimaksud dengan Osmosis ? 
EAT: definisi (definition) 
Interrogative Word: apakah 
Query: osmosis 
Retrieved Sentence (AnswerQAs): 
Osmosis adalah perpindahan zat pelarut melalui membran 
selektif permeabel dari konsentrasi zat pelarut tinggi menuju 
konsentrasi zat pelarut rendah. 
Paragraph: 
Osmosis. Selain berlangsung secara difusi, molekul zat dapat 
pula bergerak secara osmosis. Osmosis adalah perpindahan zat 
pelarut melalui membran selektif permeabel dari konsentrasi zat 
pelarut tinggi menuju konsentrasi zat pelarut rendah. Zat pelarut 
ini dapat keluar masuk melewati membran secara bebas. Hanya 
saja zat terkecil merupakan zat yang sudah terseleksi. 
Answer Ranked: 1 
 
Question:  
Kenapa membran sel bisa dikatakan bilayer fosfolipid ? 
EAT: alasan (why) 
Interrogative Word: kenapa 
Query: membran, sel, bilayer, fosfolipid 
Retrieved Sentence (AnswerQAs): 
Karena itu, membran ini dinamakan fosfolipid lapis ganda 
(bilayer fosfolipid). 
Paragraph: 
Membran sel tersusun atas molekul yang disebut lipoprotein. 
Lipoprotein merupakan senyawa kimia yang terdiri atas lemak 
fosfolipid dan protein. Letak molekul lemak berada di tengah 
membran. Karena itu, membran ini dinamakan fosfolipid lapis 
ganda (bilayer fosfolipid). 

Answer Ranked: 1 
 
Question: 
Bagaimana proses terjadinya peredaran darah pada burung? 
EAT: metode (why) 
Interrogative Word: Bagaimana 
Query: proses, edar, darah, burung 
Retrieved Sentence (AnswerQAs): 
Proses peredaran darah burung dimulai saat darah yang 
mengandung karbon dioksida dari seluruh jaringan tubuh 
menuju jantung tepatnya ventrikel kanan. 
Paragraph: 
Proses peredaran darah burung dimulai saat darah yang 
mengandung karbon dioksida dari seluruh jaringan tubuh 
menuju jantung tepatnya ventrikel kanan. Oleh jantung, 
kandungan karbon dioksida dalam darah dipompa menuju paru-
paru untuk dilepaskan, sedangkan gas oksigen diikat paru-paru. 
Kandungan oksigen dalam darah ini dialirkan menuju ke jantung 
lagi, selanjutnya masuk ke atrium kiri, dan akhirnya ke ventrikel 
kiri. Peredaran yang demikian ini dinamakan peredaran darah 
kecil. Setelah dari ventrikel kiri, darah yang mengandung 
oksigen akan diedarkan menuju seluruh sel tubuh. Pada sel-sel 
tubuh ini, kandungan oksigen dalam darah dilepaskan, sementara 
gas karbon dioksida sebagai sisa metabolisme diikat. Kemudian, 
darah yang mengandung karbon dioksida ini dialirkan menuju 
jantung. Peristiwa ini akan terjadi berulang-ulang dan dinamakan 
peredaran darah besar. 
Answer Ranked: 1 
Fig. 3. Example Of Questions, Correctly Answered By The QA 

System 
 

Figure 3 shows the example of correct answer 
returned by the QA system. QA system gives the 
paragraph containing the answer sentence. Figure 4  
shows the example of incorrect answer returned by the 
QA system. Whereas, Figure 5 shows the example of 
correct answer retrieved by the QA system not in the 
first rank.  We analyzed that there are several reasons 
for the phenomena shown in Figure 4 and 5 such as: 
1. Keywords are too specific or too general, thus the 

correct sentence is failed to be retrieved because 
the keyword TFxIDF score is lower than other 
sentences with higher keyword TFxIDF score or 
sentence having equal keyword number with the 
question,  

2. The correct paragraph has a spread keywords 
among several sentences in the paragraph which 
cause the sentence having lower score than other 
sentence with higher number of keywords, 

3. There are incorrect sentences containing pattern of 
correct answer and higher keyword score.  

V. CONCLUSION 
In our study of non factoid Indonesian QA system, 

we found several interesting conclusions. Such as 
mentioned, our QA system employed a most common 
approach on building a QA system which consists of 
three components: question analyzer, document 
retriever, and answer finder. Using only several 
defined rules is adequate in the question analyzer for 
non factoid Indonesian questions. In the answer finder 
component, a ranking score employing stemmed, non-
stemmed keywords, and a constant value is better than 
only using the stemmed one or the non-stemmed.  
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In the experiments, our QA system achieved a nice 
MRR score considering that there were no high 
precision NLP (Natural Language Processing) tools 
involved in the process. The incorrect answer returned 
by our QA system is caused of several reasons such as 
the keyword is too specific or least specific, the 
keywords in the correct paragraph are spread among 
sentences in the paragraph, and the incorrect sentences 
contain patterns of correct answer.  

Question: 
bagaimana proses terjadinya peredaran darah pada reptilia? 
EAT: metode (how) 
Interrogative Word: bagaimana 
Query: proses, edar, darah, reptilia 
Retrieved Sentence (AnswerQAs): 
Proses peredaran darah burung dimulai saat darah yang 
mengandung karbon dioksida dari seluruh jaringan tubuh menuju 
jantung tepatnya ventrikel kanan 
Correct Answer: 
Saat darah reptilia beredar, darah yang mengandung karbon 
dioksida (CO2) dari seluruh jaringan tubuh dialirkan menuju sinus 
venosus. Setelah itu, darah menuju atrium kanan, dan dilanjutkan 
ke ventrikel. Berikutnya, darah mengalir menuju arteri pulmonalis 
dan akhirnya masuk ke paru-paru. Di dalam paru-paru, kandungan 
gas karbon dioksida (CO2) dalam darah dilepaskan, sementara gas 
oksigen (O2) diikat. 
 
Question: 
Mengapa pada saat kita memakan sesuatu misalnya nasi, terasa 
manis? 
EAT: alasan (why) 
Interrogative Word: mengapa 
Query: makan, nasi, manis 
Retrieved Sentence (AnswerQAs): 
Adanya tumbuhan akan menjadikan suatu daerah memiliki 
berbagai organisme pemakan tumbuhan dan organisme lain yang 
memakan pemakan tumbuhan tersebut 
Correct Answer: 
Saat makanan dikunyah dalam mulut, makanan dibasahi oleh air 
liur. Makanan menjadi licin dan mudah ditelan. Selain itu, air liur 
mengandung enzim ptialin atau amilase. Enzim ini berfungsi 
untuk mencerna zat tepung (amilum) secara kimiawi menjadi zat 
gula. Itulah sebabnya, saat mengunyah nasi dalam waktu lama kita 
akan merasakan manis. Pencernaan seperti ini merupakan contoh 
pencernaan kimiawi. 

Fig. 4. Example Of Incorrect Answer Returned By The QA System 
 

Question: Apa yang dimaksud dengan hormon? 
EAT: definisi (definition) 
Interrogative Word: apa (what) 
Query: hormon  
Retrieved Sentence (Answer QAS): 
1. Hormon merupakan suatu zat yang dihasilkan oleh suatu 

bagian dalam tubuh  
2. Hormon merupakan zat yang berfungsi untuk 

mengendalikan berbagai fungsi di dalam tubuh. 
3. Hormon merupakan zat spesifik berupa zat organik yang 

dihasilkan oleh suatu bagian tumbuhan untuk mengatur 
pertumbuhan dan perkembangannya. 

Answer from the data we have: 
Hormon merupakan zat spesifik berupa zat organik yang 
dihasilkan oleh suatu bagian tumbuhan untuk mengatur 
pertumbuhan dan perkembangannya. Hormon juga dapat 
menghambat pertumbuhan dan perkembangan tumbuhan. 
 
Question: Apa yang dimaksud dengan gen? 
EAT:  definisi (definition) 
Interrogative Word: apa  
Query: gen 
Retrieved Sentence (Answer QAS): 
1. Gen merupakan substansi yang berfungsi membawa sifat  

2. Gen adalah unit genetis yang terdapat di dalam kromosom  
3. Oleh karena itu, gen adalah nama fungsional, sedangkan 

DNA adalah nama strukturalnya 
Answered from the data we have: 
Gen adalah unit genetis yang terdapat di dalam kromosom. 
Dalam satu kromosom terdapat ribuan  
bahkan puluhan ribu gen. 

Fig. 5. Correct Sentence Not In The First Rank 
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Abstract—In this paper we present OWLizr, a 
system that constructs formal knowledge 
representations using the Web Ontology Language 
(OWL) from natural language text in bahasa 
Indonesia. The design of OWLizr is mainly 
concerned with the representation of knowledge 
about real-world events using the reification 
technique. Such knowledge, which is commonplace 
in naturally occurring texts, is not typically 
handled by logics for ontologies such as 
Description Logic. OWLizr consists of four 
modules: the NLP Semantic Analyzer, KB 
Generator, KB Reasoner, and SPARQL Query 
Generator. We also developed an ontology to 
support the knowledge representation and 
reasoning process in the KB Generator and KB 
Reasoner. The NLP Semantic Analyzer reuses the 
semantic analyzer program developed by 
Mahendra [2]. Our system supports question-
answering (QA) on the knowledge base using the 
SPARQL Query Generator module. 

I. BACKGROUND 
ANY sources of knowledge can be found 
available as natural language text. One primary 

example is the wealth of information available on the 
Web. The Semantic Web research agenda aims to 
create similar resources that can also be processed and 
reasoned with by software agents. Naturally, one way 
to populate the Semantic Web is to develop an 
automated system that is capable of processing natural 
language text on the Web and convert it into formally 
represented knowledge using Semantic Web standards 
and tools. Such a system should be able to retrieve 
knowledge from a textual document and perform 
automated reasoning on the extracted knowledge. 

A. Previous Work 
 There are several previous research works about 
how to process natural language text, specifically 
those written in bahasa Indonesia, into semantic 
representations. Two examples are the works done by 
 
 

Larasati [1] and Mahendra [2]. Both of these works 
mainly focused on linguistic aspects, i.e. building the 
syntactic and semantic apparatus that affords the 
transduction of logical representations. 

Larasati [1] presents a model of deep syntactic and 
semantic processing to support QA in Bahasa 
Indonesia. The model uses a unification-based 
grammar and specifies lexical semantics for each 
lexeme and semantic attachment rules for each 
grammar rule using lambda-calculus notations. The 
model implementation is in Prolog language and the 
output knowledge is in the form of a set of 
conjunctively-interpreted first order logic literals. 

Mahendra [2] extended the model by adding a 
number of axioms designed to encode useful 
knowledge for answering questions, thus increasing 
the inferential power of the QA system. The axioms 
broadly fall into two categories, NLP axioms and 
world knowledge axioms. The model also adopts a 
simple ‘flat’ semantic representation [3], where a 
logical expression is simply a conjunction of first 
order logic literals.  

B. NLP and Event Representation 
One specific type of knowledge is event knowledge, 

which concerns representation of events and 
occurrences. Such knowledge, which is commonplace 
in natural language texts, is not typically handled by 
logics for ontologies such as Description Logic. There 
are in fact many techniques to represent events. One 
such technique is by using reification, which treats 
events as objects. There exists a well-known 
knowledge representation model based on this 
reification, the so-called Neo-Davidsonian approach 
[4]. It represents arguments of events with thematic 
roles, e.g., agent, patient, theme, time, and location. 
Figure 1 shows an example of semantic analysis using 
the Neo-Davidsonian approach. 

. 

 
Fig. 1. Neo-Davidsonian Semantic Analysis 
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Our research calls on the fields of Natural Language 
Processing (NLP) and Description Logic (DL) as its 
foundations. NLP is a field in which text is parsed and 
processed, so that machines can understand its 
meaning. The information sources for NLP are the 
lexicon, grammar, and corpus. One popular NLP 
technique is syntax-driven semantic analysis. It is 
based on Frege's principle of compositionality, which 
states that the meaning of a linguistic constituent is a 
mapping function from the meaning of its parts  [5]. 
The implementation of this technique was proposed 
by Montague using lambda calculus with beta 
reduction. Our research’s position is in the middle 
between NLP (Septina [1] and Mahendra [2] works) 
and DL (Franconi’s work [8]), acts as a bridge that 
connects them. 

C. Description Logic 
Description Logic (DL) is a very promising 

knowledge representation language. It has many 
advantages over previous knowledge representation 
languages, such as semantic networks and frames [6]. 
One of the implementations of DL is the Web 
Ontology Language, or OWL specifically the OWL-
DL variant. OWL is a web ontology language 
recommended by W3C, and is designed to support the 
Semantic Web vision [7]. Our research utilizes OWL-
DL as the main language for knowledge 
representation and reasoning. OWL-DL consists of 
two main components, the TBox and ABox. The TBox 
contains class and property definitions and axioms, 
whereas the ABox contains concept and property 
assertions. 

In previous research, there is KODIAK, a 
knowledge representation language for lexical 
semantics using relation-based DL [8]. KODIAK 
contains syntactic types such as Relations, Aspectuals, 
and Absolutes, and basic operators such as Manifest, 
Dominate, Instantiate, and Disjointness. For example, 
the representation for the sentence “Giotto paints the 
Sermon to the Birds” is shown in Figure 2. 

 

 
Fig. 2. KODIAK Knowledge Representation 

 
The relation paint manifests two aspectuals, Painter 
and Painting. They are dominated by absolutes 
PERSON and THING, which are disjoint with each 
other. paint-1 is the instantiation of paint and 

manifests the instances giotto, which is the Painter, 
and sermon-to-the-birds, which is the Painting. 

II. OWLIZR KNOWLEDGE REPRESENTATION 
OWLizr mainly uses event as the knowledge 

representation of a declarative sentence. We treat 
events as objects. This is called reification. An event 
can have an agent, patient, action, or location retrieved 
from appropriate phrases in a sentence. For example, 
“Budi buys a car” or “Budi membeli mobil” will have 
“Budi” as an agent, “membeli” as an action, and 
“mobil” as a patient. This approach is similar with the 
Neo-Davidsonian approach, which represents 
arguments of event as thematic roles. 

OWLizr is also able to represent background 
knowledge of events. The thematic roles such as agent, 
person, location, or attribute can have background 
knowledge, i.e., the underlying knowledge that 
explains the definition of the objects. For example, an 
agent or patient could be a person, or a non-living 
object. Then, as we can see from the example above, 
“Budi” will be defined as a person, and “mobil” will 
be defined as a vehicle, which is a non-living object. 
This approach is similar to the knowledge 
representation of KODIAK, which from the example 
above, states that giotto is a person and sermon-to-the-
birds is a thing [8]. OWLizr must be able to express 
the knowledge representation of an event and the 
background knowledge of every argument of that 
event. This knowledge representation is implemented 
in the OWLizr base ontology, which is shown in 
Figure 3. 

 

 
Fig. 3. OWLizr Base Ontology 

 
DL knowledge is formed by a collection of classes, 

properties, and instances. From the example, we know 
that “Budi” is an instance from class “Person”. In 
turn, the class “Person” itself is a subclass of the 
“Living” class, where its definition is the class of 
living things, such as animals, plants, or people. The 
class can be built by using logical operators among 
classes, such as intersection, union, or negation. Then, 
the definition of “Living” or “LivingPhysicalObject” 
class will be: 
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There are also various other classes, each of which has 
its own definition, e.g., Time, Process, AbstractTerm, 
Manner, Attribute, Quality, Quantity, Grade, and 
Intensity. Together they form all the classes in the 
base ontology. 
 Next, we build properties on the ontology according 
to the thematic roles of events. The technique is rather 
straightforward: we designate a specific DL property 
for every thematic role. The properties on DL can 
have domain and range. For example, the property 
“hasAction” has class “Event” for its domain and 
class “Action” for its range. For some properties, 
there are also inverse properties. For example, the 
property “hasAction” has as its inverse property 
“isActionOf”. The list of properties in the ontology is 
shown in Table 1. 
 

TABLE 1. DL PROPERTIES 
Property Domain Range 
hasAction Event Action 
hasAgent Event PhysicalObject, 

AbstractTerm, 
Process 

hasPatient Event PhysicalObject, 
AbstractTerm, 
Process 

hasLocation Event, 
PhysicalObject 

Location 

isActionOf Action Event 
isAgentOf PhysicalObject, 

AbstractTerm, 
Process 

Event 

isPatientOf PhysicalObject, 
AbstractTerm, 
Process 

Event 

isLocationOf Location Event, 
PhysicalObject 

III. OWLIZR ARCHITECTURE 
OWLizr consists of four modules, i.e. the NLP 

Semantic Analyzer, SPARQL Query Generator, KB 
Generator, and KB Reasoner. Each module works 
interdependently with each other. The NLP Semantic 
Analyzer acts as a text processing tool, extracts the 
semantic notations (also called canonical 
representations) from natural language text. The KB 
Generator transforms semantic notations into 
knowledge form using OWL-DL and the KB 
Reasoner discovers implicit knowledge from the 
knowledge base. Finally, the SPARQL Query 
Generator converts semantic notations from 
interrogative sentences into a SPARQL query and 
executes that query on the knowledge base. The 
system itself has two modes of operation, i.e. 
knowledge assertion mode and query mode. The 
difference between the two modes is in the modules 
which are invoked to process the semantic notations. 

For the knowledge assertion mode, the modules 

involved are the NLP Semantic Analyzer, KB 
Generator, and KB Reasoner, whereas query mode 
involves only the NLP Semantic Analyzer and 
SPARQL Query Generator. The process on 
knowledge assertion mode works sequentially as 
follows: First, the text is processed by the NLP 
Semantic Analyzer, parsed and translated into 
semantic notations using syntax-driven semantic 
analysis. Next, the semantic notations are used as 
references for the KB Generator to assert knowledge. 
Finally, the KB Reasoner infers new sound knowledge 
from the asserted knowledge. The process on both the 
KB Generator and the KB Reasoner is highly 
dependent with the ontology model used by the 
system. 

On the other hand, the process on the query mode 
works as follows: The question in natural language is 
processed by the NLP Semantic Analyzer, producing 
semantic notations which are divided into a question 
variable and conditional variables. The SPARQL 
Query Generator then translates the question variable 
into a SELECT clause and the conditional variables 
into WHERE clauses of the query. Finally, the query 
is executed and we can obtain the answer for the 
question. 

 

 
Fig. 4. OWLizr Architecture 

 
The KB Generator and KB Reasoner cannot be set 

apart from the ontology for representing knowledge. 
We developed the OWLizr ontology as two 
components: the base ontology and the domain 
ontology. The base ontology is an ontology that 
contains base and general terms (see Section 2). The 
vocabulary concerns events, qualities, quantities, 
actions, and so on. The next component is the domain 
ontology. A domain ontology is an ontology that 
represents knowledge of some specific domains, such 
as economy, education, military, and many more. The 
base ontology acts as an upper ontology for the 
domain ontology. The base ontology can be extended 
with one or more domain ontologies. The ontology is 
represented in OWL-DL and developed using the 
Protégé-OWL editor with a top-down approach. 

A. NLP Semantic Analyzer 
The NLP Semantic Analyzer module reuses the 

semantic analyzer program in previous research [2]. It 
is used to parse the natural language text. Next, the 
parse results are used to produce semantic notations. 
The technique used is syntax-driven semantic analysis 
with lambda-calculus. The implementation is in the 
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Prolog language. The module is divided into four 
parts: lexicon, grammar, lexical semantics, and 
semantic attachment rules. The lexicon contains a 
word list and relevant linguistic information of the 
words. The grammar specifies how to build sentences 
by structures and constituents via syntax. The lexical 
semantics stores semantics conveyed by individual 
words in the lexicon. Lastly, semantic attachment 
rules are instructions to build semantic representation 
based on the grammar rules. 

The NLP Semantic Analyzer works in two modes, 
knowledge assertion mode and query mode. In the 
knowledge assertion mode, the input is the declarative 
sentence. The arguments of the semantic notations 
produced by this mode are defined completely without 
the question variable. For example, the result from 
semantic analysis on the sentence “Pabrik 
memproduksi mobil” or “The factory produces the 
car” is the following semantic notation: 

 
[location(x5,pabrik), event(x1,memproduksi), 
agent(x1,x5), patient(x1,x6), objectx(x6,mobil)] 

 
On the other hand, question answering mode 

involves interrogative sentences as the input, and 
produces semantic notations with one question 
variable inside an “ans” predicate. The question 
variable is usually reserved for an agent or patient. For 
example, the semantic notation for “Apa yang 
memproduksi mobil?” or “What produces the car?” 
is: 

 
[ans(x8), objectx(x2,x8), event(x4,memproduksi), 
agent(x4,x2), patient(x4,x1), objectx(x1,mobil)] 
 

B. KB Generator 
The next module is the KB Generator. This module 

parses and transforms semantic notations from the 
NLP Semantic Analyzer into knowledge as OWL. The 
resulting knowledge form is very dependent with the 
ontology model of the system, i.e., the base ontology 
and domain ontology. The KB Generator is 
implemented using Java language and developed 
using the Eclipse IDE. There are two functions of the 
KB Generator, instance assertion and property 
assertion. Instance assertion is the process of asserting 
instances from semantic notations such as person, 
object, attribute, quality, and so on. Property assertion 
is the process of asserting properties that link two or 
more instances. The subset mapping from semantic 
notations into its knowledge form is shown in Tables 
2 and 3. 

The KB Generator asserts knowledge based on 
semantic notations. The notations are processed based 
on the predicates. The KB Generator has two types of 
predicate lists according to their functions, one for 
instance assertions and the other one for property 

assertions. Instance assertion is executed first before 
property assertion. The processes are different 
between instance assertion and property assertion. The 
instance assertion process reads predicates and 
arguments of the notations, differentiates between 
person, event, location, object, or other instance 
assertion predicates, invokes instances into the 
knowledge base, and then adds each instance in a hash 
table with the first argument as the key. This hash 
table is used as an index to maintain predicate-
argument structur. For example, the expected result 
for the semantic notation 
[location(x5,pabrik), event(x1,memproduksi), 
agent(x1,x5), patient(x1,x6), objectx(x6,mobil)] is: 
Factory(factory_1), Event(event_1), Car(car_1) 

Next, property assertion processes the predicates 
and arguments of predicates, differentiates between 
agent, patient, theme, or other property assertion 
predicates, and then invokes properties between 
instances in the knowledge base based on the hash 
table content by first and second arguments. The 
process of the property assertion is shown in Figure 5 
below. 

 

 
 

Fig. 5. Property Assertion Process 

C. KB Reasoner 
The KB Reasoner has two main uses; consistency 

checking and reasoning about implicit knowledge. 
There is the possibility that the knowledge asserted is 
not consistent. For example, “Mobil membeli radio” 

TABLE 2. INSTANCE ASSERTION MAPPING TABLE 

Semantic Notations Knowledge Form 

event(x, ActionName) Event(event_ID), 
hasAction(event_ID, 
ActionName_action) 

person(x, ID) Person(ID) 
objectx(x, ClassName) ClassName(ClassName_ID) 
attribute(x, AttributeName) AttributeName(AttributeName_ID) 
location(x, ID) Location(ID) 
location(x, LocationName) LocationName(LocationName_ID) 

 
TABLE 3. PROPERTY ASSERTION MAPPING TABLE 

Semantic Notations Knowledge Form 

agent(x, y) has Agent(x, y) 
patient(x, y) hasPatient(x, y) 
theme(x, y) hasTheme(x, y) 
attrib(x, y) hasAttribute(x, y) 
di(x, y) hasLocation(x, y) 
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or “The car buys the radio” will produce an error 
because the domain ontology states that a car cannot 
buy something – a reflection of so-called common 
sense knowledge, often referred to as a selectional 
restriction. If we insist to assert this knowledge, the 
knowledge base will be inconsistent. The consistency 
checking is implemented using the Protege OWL API 
computeInconsistentConcepts() function. The module 
will check consistency after each property assertion 
has been invoked on the knowledge base.  

The second feature is reasoning. After the 
knowledge assertion process, the KB Reasoner will 
perform its function to obtain inferred knowledge. The 
inference type is similar to instance checking on 
Description Logic. The module reuses the function 
getIndividualsBelongingToClass() from the Protégé-
OWL API. Finally, the output, which contains 
knowledge from the text with inferred knowledge, is 
successfully produced by OWLizr. Both consistency 
checking and reasoning functions are executed on 
Pellet, a free OWL DL Reasoner implemented on 
Java. 

D. SPARQL Query Generator 
The SPARQL Query Generator module translates 

semantic notations into SPARQL query, which is 
formed by two components, a SELECT clause and a 
WHERE clause. The SELECT clause lists the 
variables to appear in the query results, and the 
WHERE clause provides the basic graph pattern to 
match against the data graph [9]. The module reuses 
the Protégé-OWL API function, i.e., 
executeSPARQLQuery() to execute the query. The 
whole process specifically works as follows: 

1) The module translates semantic notations from 
the NLP Semantic Analyzer. The results from the 
NLP Semantic Analyzer consist of a question variable, 
which is inside the “ans” predicate, and conditional 
variables, which is inside other predicates other than 
the “ans” predicate. Next, the question variable is 
translated into a SELECT clause and the conditional 
variables into the WHERE clause. 

2) The module concatenates both SELECT clause 
and WHERE clause, and then executes it. The results 
will be given according to the query. Then, the query 
process from the example in Section 3A is shown in 
Figure 6. 

IV. EVALUATION RESULTS 
Our evaluation serves as a proof-of-concept for the 

architecture, tests the ability to assert knowledge from 
natural language text and to infer knowledge from 
various ontological features. We developed a domain-
specific ontology for our evaluation process. The topic 
is about simple economic activities. We chose this 
domain because it is common and rather easy to 
understand. 

The domain ontology is developed iteratively and 

manually by listing some terms of the domain, such as 
"price" or "harga", "expensive" or "mahal", "buy" or 
"membeli", "sell" or "menjual", "buyer" or "pembeli", 
and "shop" or "toko", and then, implementing those 
terms in OWL DL form. The domain ontology 
extends the base ontology. Our domain ontology was 
also carefully designed to highlight the inferential  
power of OWL DL. We implemented ontology 
features such as subclass, intersection, union, and 
other features on class and property definitions. For 
example, a buyer is a person who buys something. So 
we define the buyer in the ontology as: 

 
Buyer = Person and (isAgentOf some (hasAction some 
Buy)) 

 
A. Knowledge Assertion Mode 
After that, we tested the system to process natural 

language text. The knowledge retrieval process 
consists of two stages, assertion and inference. For 
example, the retrieval process for the sentence “Anto 
buys the car in the shop” or “Anto membeli mobil di 
toko” are shown in the points below. 

1) The NLP Semantic Analyzer processes the 
sentence. The output is the following semantic 
notation: [person(x6,anto), event(x4,membeli), 
agent(x4,x6), patient(x4,x3), objectx(x3,mobil), 
di(x4,x1), location(x1,toko)]”. 

2) The system then processes the output from the 
NLP Semantic Analyzer module. After this, there will 
exist pairs [(x6, Person(anto)), (x4, Event(event_1)), 
(x1, Shop(shop_1)), (x3, Car(car_1))] in the hash 
table. The program will then produce the instance 
assertion output on the console, as follows: 

 
ASSERTED KNOWLEDGE: 
Instance 

 
Person(anto) 
Event(event_1) 
Car(car_1) 
Shop(shop_1) 

 

 
Fig. 6. Query Process on OWLizr 
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3) Next, the system asserts the properties. The 
consistency checking function is also executed after 
each assertion. There is no error, so the system will 
produce the following output: 
ASSERTED KNOWLEDGE: 
Property 
 
hasAction(event_1,buy_action) 
hasAgent(event_1,anto) 
hasPatient(event_1,car_1) 
hasLocation(event_1,shop_1) 
 

4) Lastly, the KB Reasoner infers some new 
knowledge: 
AbstractObject(event_1), Buyer(anto), 
Product(car_1), PhysicalObject(anto), 
PhysicalObject(shop_1), 
PhysicalObject(car_1), Store(shop_1), 
AutomotiveStore(shop_1), 
NonLivingPhysicalObject(shop_1), 
NonLivingPhysicalObject(car_1), 
Location(shop_1), AutomotiveProduct(car_1), 
LivingPhysicalObject(anto), Thing(event_1), 
Thing(anto), Thing(car_1), Thing(shop_1) 

  The inferred knowledge is acquired by 
processing the ontology features with the asserted 
knowledge. From the result above, the instance 
“anto” can be included in the class “Buyer”, 
“LivingPhysicalObject”, “PhysicalObject”, and 
“Thing”. There are reasons for these cases. “anto” 
is in the “Buyer” class because “anto” is a person 
who has action “Buy”. Thus, it satisfies the 
intersection of “Person” class and “(isAgentOf 
some (hasAction some Buy)” anonymous class. 
“anto” is also included in the 
“LivingPhysicalObject”, “PhysicalObject”, and 
“Thing” classes because the “Person” class in 
which “anto” resides is the subclass from those 
classes. So, the ontology features used are 
intersection and subclass reasoning. 

B. Query Mode 
When we have executed assertion and knowledge 

reasoning, we can now ask questions by operating 
query mode. For example, if the question is “Siapa 
yang membeli mobil?” or “Who buys the car?”, the 
process will be: 

1) The NLP Semantic Analyzer processes the 
question. The input is “Siapa yang membeli mobil?” 
and the given output is the semantic notation of the 
question, i.e., [ans(x7), person(x5,x7), 
event(x4,membeli), agent(x4,x5), patient(x4,x2), 
objectx(x2,mobil) ]”. 

2) The SPARQL Query Generator then translates 
the notation into SPARQL query form. The module 
transforms “ans(x7)” into SELECT clause, i.e., 
“SELECT ?x7”, and the rest of the notation into the 
WHERE clause, i.e., “WHERE { ?event :hasAction 
:buy_action . ?event :hasAgent ?x7 . ?event 
:hasPatient ?ins . ?ins rdf:type :Car }”. Next, the query 
is concatenated and then executed. Finally, the system 
returns the output "x7:Anto". 

V. CONCLUSIONS 
This research combines Natural Language 

Processing (NLP) and Description Logic (DL) to build 
OWLizr, a system to retrieve knowledge from texts 
written in bahasa Indonesia. The value of this research 
is not more on the experimental side, but rather 
formalization attempt to natural language text. The 
system can produce inferred knowledge by processing 
ontology features, such as subclass, equivalence, 
intersection, union, and negation, on the asserted and 
inferred knowledge. The final result of the retrieval 
process will be represented in the form of an OWL DL 
knowledge base. The system also supports natural 
language question-answering, and uses SPARQL for 
querying the facts on the knowledge base. For future 
work, we plan to implement TBox assertion, so that 
we can construct a domain ontology automatically 
from natural language texts. We also consider 
integrating existing ontologies, e.g., SUMO, Cyc, or 
DOLCE, in order to be implemented on OWLizr. For 
the sake of expressivity, we can also increase the 
ontology features up to OWL 2. 
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Abstract— In this paper, we present our work on 
Indonesian language real-time automatic speech 
dictation application. We define automatic speech 
dictation as the process to record and transcribe 
speech into textual form automatically. Speech 
dictation extends the capability of real-time speech 
recognition with some additional adjustments to 
cover dictation issues we identified i.e. voice 
command and OOV. For the former case, a voice 
command checking will take place toward 
decoding output. For the latter one, the strategy is 
simply to use spelling for OOV words. In order to 
address these issues, voice command model and 
alphabet model are added into dictionary and 
trained in n-gram language model. For the testing, 
we evaluated the Indonesian ASR as the system 
core and the implementation of dictation task 
solution. The result showed that accuracy of 
developed ASR is above 70% on average for real-
time utterances. Experiments of dictation 
application showed perfect result for all voice 
commands, while the spelling test showed that only 
around 20 of 26 letters are correctly recognized. 

Key Words—dictation application, Indonesian 
Automatic Speech Recognition, voice command, 
word spelling. 

I. INTRODUCTION 
UTOMATIC Speech Recognition (ASR) 
technology has been developed since 1930s and 

has been evolving from responding to simple sound to 
recognizing continuous human speech. This system 
currently is being applied in wide area of life e.g. data 
entry, voice dialing, dialogue systems, direct voice 
input in vehicles and other machines.    

One of the applications of ASR is dictation. 
Conventional dictation system can be described as a 
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person dictates or records some notes, usually in a 
tape, and another person transcribe it by playing it 
back. The two processes are done separately with 
different tools. This system is mostly used by lawyers, 
medical officers, and scientists to record journal. 

On the other hand, digital dictation can be defined 
as advanced dictation process which record speech in 
certain digital audio format and subsequently 
transcribe it into textual format using ASR. The main 
idea of this system is to talk instead of typing and this 
would be easier and more efficient way to make 
transcriptions. Besides, it is also an aid for disabled 
people [1]. 

In our knowledge, development of ASR application 
for Indonesian language, including speech dictation, 
has been going rather slowly compared to other 
popular languages. Several researches for Indonesian 
ASR have achieved satisfactory results, for example 
Indonesian LVCSR [2,4] and Indonesian ASR for 
OOV detection [3]. Although using standard 
Indonesian ASR as a real time dictation system is 
possible but there are some weaknesses such as the 
risk of misrecognized word of voice command and the 
handling of OOV words. For this reason, in this paper, 
we tried to augment the standard ASR system in order 
to build a real-time dictation system for Indonesian 
language. Here, we analyzed issues regarding speech 
dictation such as the usage of voice command and 
handling OOV words. We built a voice command 
model to recognize voice command remarks. For 
OOV problems, we utilized spelling strategy using 
alphabet model to write the unknown word. These 
issues would be our main focus in the application 
development.  

II. AUTOMATIC SPEECH RECOGNITION 
An automatic speech recognition system is 

designed to recognize speech utterances and generates 
response based on the result. Modern ASR system, 
which supports continuous speech recognition, 
consists of front-end interface to extract features from 
speech signal, acoustic model, language model, 
dictionary, and decoder [5].  

Implementation of Indonesian Real-Time Speech 
Dictation Application 
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First, an unknown utterance, as depicted in Figure 
1, is received on the front-end. Here, feature 
extraction process to signal input will take place to 
generate set of feature vector. We used MFCC (Mel 
Frequency Cepstral Coefficients) technique for the 
extraction method. 

This feature vector then will be decoded to produce 
the most likely word sequence. Decoding process uses 
acoustic model, language model, and phonetic 
dictionary to generate output search graph. 

A. Acoustic Model 
Acoustic modeling aims to calculate probability of 

given feature vector for some word sequence. In most 
large vocabulary ASR, acoustic model is Hidden 
Markov Model (HMM) that represents phonemes. 
Word model, which is defined in dictionary, can be 
composed by concatenating corresponding phoneme 
models.  

HMM has two important elements: hidden states 
and observable feature vector. Every hidden state has 
transition probability to jump to another state and 
observation probability to estimate feature vector 
segment.  

To generate observation probability, less complex 
HMM-based ASR uses discrete output probability 
function with vector quantization while more efficient 
ASR uses continuous density distribution, normally 
mixture of Gaussian. 

Acoustic model can be trained in form of 
monophone, which represents single phoneme, or 
tied-state N-phone. Tied-state N-phone is context-
dependent model that utilizes preceding and/or 
succeeding phoneme e.g. 2-phone (biphone) and 3-
phone (triphone). The difference between them is 
shown in Table 1.  

B. Language Model 
The function of language model in speech 

recognition is to estimate the probability of a 
hypothesized words sequence. This probability along 
with probability from acoustic models will limit the 

search space towards the word sequence with 
maximum likelihood.  

Language model can be built with rules-based 
approach that make use of static grammar. Another 
approach is based on statistics that provides word 
order probability.  

Popular statistical language model which is simple 
yet effective is N-gram model. This model assumes 
that a word occurrence depends only to its N-1 
previous words (priori likelihood). N-gram language 
model gives the probability of, for example, word pair 
in bigram or series of three words in trigram.  

III. SPEECH DICTATION 
The dictation application extends the capability of 

ASR system by dealing with real-time speech 
dictation specific issues. These phenomena are voice 
command, OOV words, filler, and noise. We only 
cover first two issues as the filler and noise handling 
requires complex filler model analysis and noise 
suppression technique, respectively. 

The aim of voice command usage is to control and 
perform specified functions of the application. In 
dictation, voice command is mostly needed for 
correcting misrecognized words, editing, and adding 
punctuation. To recognize voice command, we 
inserted voice command models into dictionary and 
trained them in the N-gram language model. Voice 
command models consist of all words and whole 
phrase of the commands therefore ASR can recognize 
them with or without interval. Decoding output 
checking and the action are carried out at the 
application level. 

For OOV words, we used spelling strategy to 
compose the word then display it on the application 
screen. Using this strategy, we opted to utilize a 
simple alternative way to obtain OOV word. This 
method requires alphabet model, which is all of 26 
alphabet letters and its phonetic transcription. 
Alphabet model will be inserted into dictionary and 
trained in the N-gram language model.  

IV. IMPLEMENTATION 
A. ASR Implementation 
In order to be fully developed for dictation purpose, 

the ASR has to be able to deal with continuous 
speech, must be speaker independent, and have rather 
big vocabulary size. 

In implementing ASR, we used TREC formatted 
Kompas newspaper and Tempo magazine text corpus. 
This corpus is the main substance for language model 
and dictionary. The text corpus was preprocessed to 
remove tag, convert text into lower-case, remove all 
punctuation marks, convert numeral, date, and time to 
its pronunciation (e.g. “100” to “seratus”), correct 
unneeded whitespace and newline, add tag <sil> and 

 
Fig.  1.  General Scheme of ASR 

 

Table I 
Example of Acoustic Modeling Types 

Monophone s E n a ng 
Left-biphone s-E E-n n-a a-ng ng 
Right-biphone s s+E E+n n+a a+ng 
Triphone s-E s-E+n E-n+a n-a+ng a+ng 
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</sil> as marks of the beginning and ending of a 
sentence. Perl shell script was made to perform these 
tasks. After that, manual examination was conducted 
to fix incorrect words, merge short sentences, and split 
long sentences. 

We used CMU-Cambridge SLM toolkit to train 2-
gram and 3-gram language model as required by the 
decoder. To build dictionary, we used Perl shell script 
to extract and sort all unique words then wrote the 
words phonetic transcription manually. 

To train the acoustic model, we used 18 native 
speakers from speech corpus. Each speaker records 
300 sentences in noise-free environment. We used 
HTK 3.4.1 to train phoneme based triphone acoustic 
model. The procedure of training acoustic model is 
explained in [6]. List of all phonemes used for the 
acoustic model is provided in Table II. 

We used Julius version 4.1.4 from [7] as the 
decoder with live microphone input configuration. 
The detail result of ASR system implementation is 
shown in Table III. 

In this research, our aim is to augment the LVCSR 
system with components to handle a real time 
dictation system, thus we did not focus on the LVCSR 
system in the speech recognizer accuracy. The data 
size of our ASR system implementation is smaller  
than the previous existing Indonesian LVCSR [2,4]. 
In [2], the text corpus size is 600,000 sentences, the 
perplexity score is 87 and the dictionary size is 41,000 
words. The LVCSR accuracy was between 69%-90%. 
In [4], the text corpus size is 160,000 sentences, the 
perplexity score is 67 and the dictionary size is 40,000 
words. The LVCSR accuracy was about 92%. 

B. Speech Dictation Implementation 
There are 18 voice commands defined totaling 32 

words of voice command model for dictionary entries. 
These entries comprise composing words and the 
whole phrase (without space/pause between words) of 
the voice commands. Voice command model was also 
trained in 2-gram and 3-gram language model.  

For spelling, alphabet model of all 26 letters plus 
non-vowel phonetic transcription (e.g. ‘be’, ‘ce’, etc.) 
must be listed in dictionary. Alphabet model was also 
trained in both language models.  

After decoding finishes, the dictation application 
will use the output for further dictation related 
processing. First, it checks if the system is in normal 
or spelling mode. Then, it checks if the word sequence 
is voice command, moreover whether that is a spelling 
command or not. Spelling command will set the 
system into spelling mode, which filters decoding 
output for alphabet model only. The general workflow 
of dictation application is described in Figure 3. 

V. TESTING 

A. Testing on ASR  
The testing was conducted using speech from both 

audio files and live input. Each test attempted 25 same 
sentences, spoken by male and female in noise-
minimum environment. Some of the testing sentences 
set were taken from speech corpus transcriptions 
which were used in training. 

There were 3 types of testing: 
1) Using audio files from speech corpus. These 

testing data possess speeches from different 
speakers than those used in the training. 

2) Live input speech which was spoken full-
continuously, that is utterance of sentence from 
start to finish without break on the midway. 

3) Live input speech which was spoken semi-
continuously, that is utterance of sentence but 
divided into parts of speech (some words or 
clauses), especially long sentence. 

The test result was then analyzed to calculate word 
accuracy rate. The complete ASR test result for all 
types and speakers is shown in Table IV.  

<sil> lima orang tewas dan sekitar seratus tiga puluh cedera 
serius </sil> 
<sil> api bermula seetengah jam setelah awal milenium baru 
</sil> 
<sil> … </sil> 
 

Fig. 1. Result of Text Corpus Processing

Table II 
List of Phonemes 

Vowels a, e, E, i, o, u 
Diphtongs ai, au, oi 
Semi-vowels w, y 
Plosives b, p, d, t, g, k, kh 
Africatives j, c 
Fricatives f, z, s, sy, h 
Liquids l, r 
Nasals m, n, ng, ny 
Silence sil, sp (inter-word silence)

Table III  
Result of ASR Implementation 

 Total 
Text Corpus 8100 sentences 
Perplexity (LM) 134.93 
Dictionary 9473 words 
OOV Rate (LM) 11.9% 
HMM context-dependent triphone 
Decoder Julius 4.1.4

Fig.  3. Speech Dictation Application Workflow 
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B. Testing on Speech Dictation 
Voice command testing was done with live input in 

noise- minimum environment by two different 
speakers, male and female. The success parameter of 
voice command test was the right action executed by 
the dictation application. Testing of voice command 
showed perfect result (100% accuracy) for both 
speakers. This meant ASR could recognize all voice 
commands and consequently delivered the right 
action. 

Spelling testing was carried out in the same manner 
voice command testing. All 26 alphabet letters were 
tested after the system was set into spelling mode. The 
result for male speaker showed there were 6 inputs the 
ASR was unable to recognize (a, g, j, n, s, t) while for 
female speaker, there were only 2 misrecognized 
inputs (s, t). 

VI. EVALUATION 
There are two things evaluated in this chapter, the 

result of ASR test and the speech dictation test. 
Based on the result of ASR testing, there were two 

points that can be deduced. First, live input testing is 
more accurate than audio files testing, with possible 
cause such as sensitivity and input volume of 
microphone which was set at maximum that brought 
clearer voice, also noise in the middle of some audio 
files, mainly the speaker’s breath sound. Second, 
semi-continuous input is better than full-continuous 
ones. This infers that the longer an input, the bigger 
probability of misrecognition occurred.  

Furthermore, several things that can lead to ASR 
inaccuracy are described as follow: 
1) Different speed and intonation of the speech. 

Speech in audio files, which is relatively slower 
and more dynamic than the live speech which 
produced more misrecognized words. 

2) Similar pronunciation of some phonemes or 
phonemes combinations e.g. ‘kh’ and ‘h’, ‘au’ 
and ‘a w’, ‘ai’ and ‘a y’. Fixing the dictionary can 
be solution to this problem. 

3) Regional dialect and accent of speakers can make 
some word utterances misrecognized. 

4) Incorrect word segmentation, typically 
determining if a word has role as prefix or 
preposition e.g. “dimulai” was misrecognized as 
“di mulai”. 

In ASR live input testing, we also measured the 
efficiency of the ASR system. The decoding output 
was came out almost as real-time (lag in ± 1 second 
range), soon after the sentence was completely 
uttered. This proves that Julius decoder perform quite 
well for real-time recognition. 

As for the speech dictation testing, we found that 
using voice command model in dictionary and 
language model deals effectively to recognize voice 

command while spelling strategy has not yet met the 
expectation as not all of the alphabet are correctly 
recognized. This unsatisfactory result is greatly 
affected by usage of triphone acoustic model that is 
disadvantageous for single context-less letter 
recognition. 

VII. CONCLUSION 
This paper has described our attempt in building 

Indonesian real-time speech dictation application. The 
testing result showed that the speech recognition 
process using live input was able to achieved decent 
accuracy rate which is over 70%. As for the dictation 
specific task, voice command recognition succeeded 
by addition of voice command model in dictionary 
and language model, while spelling strategy for 
unknown words gave yet relatively unsatisfactory 
result as not all alphabet letters were correctly 
recognized. 

Some concerns for future works includes evaluation 
of dictionary to anticipate multi-pronunciation words, 
improve the spelling strategy or assessing different 
approaches to tackle OOV problems such as new 
word learning. We will also make attempt to deal with 
rest of dictation issues i.e. filler and noise. 
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Abstract—Reinforcement learning is one of the 

machine learning which is often used for actual 

machines. On reinforcement learning, robots learn 

based on reward. But learning based on reward has 

some problems. In reinforcement learning, change of 

reward can be occurred. This change of reward is 

caused by change of environment or change of purpose 

that robots should achieve. So there is a problem not to 

be able to cope with changing purpose that the robots 

should achieve quickly. And in dynamic environment, 

it takes much time to lean. In this study, we pay 

attention to the information that robots can use in long 

term even if a reward change. We propose this 

information as reward – independent knowledge. And 

we aim at letting a robot cope with various purposes 

and change of environment by using proposed 

knowledge.  In this paper, we will perform two 

experiments with simulation for showing utility of 

proposed knowledge. One of the experiments is 

performed in static environment. Another is 

performed in dynamic environment. 

I. INTRODUCTION 

OW, robots play an active part in many fields 

[1]. Various studies about robot are studied 

[2]-[5]. Especially for the study that robots learn by 

themselves [6], it is thought that it becomes 

important in future. The real environment where 

robots face is very complicated and dynamic. In such 

environment, it is desirable that the robots act 

perpetually by learning. So, the various studies about 

machine learning have been studied. Now there are 

some general techniques about machine learning, for 

example, neural network [7], genetic algorithm [8] 

and reinforcement learning [9]. Reinforcement 

learning attracts attention as technique which is often 

used in actual machines. In this study, we pay 

attention to reinforcement learning. 

Reinforcement learning pays attention to result of 

an action that robot took in a situation. In 

reinforcement learning, robot learns based on 
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reward. Reward expresses a purpose that robot 

should achieve. And reward expresses the value for 

result of an action. Robot has a learning space for a 

purpose. Learning space expresses the value about 

all combination of states and actions. Robot leans to 

get better reward by searching in learning space. 

Robot has knowledge expressing the value of states 

and actions for purpose in learning space. So robot 

can achieve a purpose by selection of action based 

on learning space. 

This learning based on reward has an advantage 

that can treat unknown environment. But 

reinforcement learning has a fault that it takes much 

time when the reward changes. The causes that 

reward changes are change of environment or 

purpose. Normally in reinforcement learning, if 

purpose changes to another purpose, the time for 

re-learning becomes enormous even if it was 

purpose that robot experienced once. This reason is 

that result of learning for previous purpose has 

influence on learning for new purpose. Therefore the 

robot can’t cope with changing purpose quickly. In 

real environment, taking more time for learning is 

not desirable. 

There are studies that robot has some learning 

space to cope with various purposes [10], [11]. In 

this method, the robot cope with various purpose by 

preparing for learning space every purpose. So each 

learning of purpose has learning efficiency as same 

as normal reinforcement learning and it is possible to 

learn various purpose. But the robot must have much 

learning space in same environment in such method. 

In this study, we pay attention to information that 

is unrelated to the reward. So we propose reward – 

independent knowledge. We get high learning 

efficiency by using proposed knowledge. So we aim 

at coping with various purposes quickly by using 

proposed knowledge. We show that robot can cope 

with change of purpose and environment without 

using plural learning space. And we also show robot 

can learn taking less time. 

In this paper, at first we describe a summary and 

problems about reinforcement learning. Secondly 

we define reward - independent knowledge and 
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propose how to adapt this proposed knowledge to 

reinforcement learning. In addition, we adapt 

proposed knowledge to Q-learning that is major 

technique of reinforcement learning. Finally we 

apply this system to maze problem with simulation 

and show that the robot can cope with changing 

purpose and environment by using proposed 

knowledge.  

II. PROBLEM OF REINFORCEMENT LEARNING 

A. Framework of Reinforcement Learning 

The reinforcement learning is a learning technique 

to adapt environment by trial and error. The main 

elements constituting the reinforcement learning is 

the following elements. And we show a conceptual 

diagram of the reinforcement learning consists of 

these elements in figure 1. 

・ Learner 

・ Environment 

・ Reward function 

・ Value function 

・ Learning part 

・ Choosing action part 

 

 
The learner takes an action based on result in 

choosing action part. The learner can get the reward 

and state that the learner faces changes to another 

state. Then the learner learns based on reward in 

learning part. Usually in reinforcement learning, the 

learner evaluates a pair of a state and an action. The 

learner uses reward to evaluate this pair for purpose. 

Reward is a scalar value and expresses how good a 

pair of a state and an action is. The learner learns to 

get more reward. Therefore, it is necessary to set the 

reward correctly so that the learner achieves a 

purpose. Information evaluated by reward is saved 

as knowledge in value function. The learner chooses 

an action based on value function in choosing action 

part and takes action. The learner can achieve 

purpose by repeating this cycle. 

The learner has value function. And value 

function expresses the result of learning based on 

reward. And the learner has learning part and 

choosing action part. In learning part, the learner 

updates the value function by reward. In choosing 

action part, the learner decides the action by value 

function. There are some techniques each part. For 

example, Q-learning is famous technique in learning 

part, and greedy method is famous technique in 

choosing action part. 

B. Problem Caused byReward 

The problem we paid attention to is that it takes 

much time to learn when reward changes. Change of 

reward is caused by change of purpose and change of 

environment. In reinforcement learning, the result of 

learning is directly affected by the setting of reward. 

Therefore the learner may ignore some information 

that is not shown by the reward. 

Because the learner takes actions based on the 

result of last purpose, the learner takes much time to 

re-learn for new purpose when the purpose changed. 

In addition, when the purpose changed into a 

purpose that does not resemble the last purpose, the 

problem becomes remarkable. In the case that 

purposes are totally different, because the 

knowledge that the learner get by learning is 

completely different, the learner cannot utilize the 

knowledge for the new purpose effectively. 

When the learner takes an action that unrelated to 

a purpose, the learner evaluates the action as low 

value.  And the learner holds this information as 

knowledge which is low value. However, it is 

possible that this knowledge is the useful 

information, when the purpose changed. Especially 

for the case of environment with a few changes, there 

is effective information in another purpose. 

So we paid attention to the information that can 

use various purposes. 

III. DEFINITION OF THE REWARD – INDEPENDENT 

KNOWLEDGE 

In reinforcement learning, there is a problem that 

the learner cannot cope with changing of a purpose 

quickly. Especially for the case that purpose changes 

frequency, we think the learner cannot learn for a 

purpose. Therefore we think that it is necessary to 

pay attention to the information which is unrelated to 

the setting of reward. So we pay attention to using 

common information in various purposes, because 

this information does not depend on the reward. In 

this study, we pay attention to the environment 

where the learner is put, for the reason that the 

environment is not influenced of the setting of 

reward. In particular, we pay attention to the 

transition of state that the learner recognizes. 

In this study, we define the information of 

transition of state as the reward - independent 

knowledge. Concretely, we treat the reward - 

independent knowledge as follows. 

 

  ) (  , statenextactionanstatea   

 

  And we adapt the reward - independent knowledge 

to reinforcement learning, and aim the learner can 

cope with various purpose quickly. 

 
 

Fig. 1. The conceptual diagram of reinforcement learning. 
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We show the conceptual diagram of proposed 

system in figure 2. In this study, the learner learns for 

purpose by reinforcement learning, and learns for the 

environment by the reward - independent 

knowledge. In this system, the learner uses the 

reward - independent knowledge, when the purpose 

changes. So we let the learner can cope with various 

purpose quickly. 

 

 

IV. GETTING OF PROPOSED KNOWLEDGE 

The learner has a knowledge table for holding the 

reward - independent knowledge. The knowledge 

table is as figure 3. One proposed knowledge is 

stored in a line. In this study, the learner can expand 

the size of knowledge table. And the learner does not 

lose the knowledge that the learner got. 

And then, nothing owns the reward - independent 

knowledge in the initial state and the learner can get 

it when the learner really acts. 

The learner gets the reward - independent 

knowledge at every action. And it is added in the 

knowledge table as shown figure 3. Hereby, the 

learner learns the environment autonomously 

separately from learning to the purpose. 

 

 

V. THE USE OF PROPOSED KNOWLEDGE FOR 

CHANGE OF ENVIRONMENT 

 

We think that the learner can cope with change of 

environment quickly by using proposed knowledge. 

When environment change, the learner need to learn. 

And it takes much time for learning. Proposed 

knowledge is information of environment and 

expresses transition of a pair of a state and an action. 

So we propose that the learner recognizes change of 

environment by comparing a proposed knowledge 

with a result of an action. When the learner takes an 

action an in a state st, a state that the learner 

recognizes is change to st+1. Then the learner 

searches a proposed knowledge about a pair of st and 

an in knowledge table. When there is the proposed 

knowledge about a pair of st and an , the learner 

compares st+1 with a transition s’t+1 that proposed 

knowledge expresses. If st+1 is not same as s’t+1, the 

learner recognizes change of environment. 

If environment change, the learner need to learn 

about a changing part. We propose to initialize value 

function about the changing pair of a state and an 

action. The reason is that the learner can learn 

smoothly by initialize value function. 

VI. THE USE OF PROPOSED KNOWLEDGE FOR 

CHANGE OF PURPOSE 

By getting the proposed knowledge, the leaner 

learns for the environment where the learner is put. 

We adapt the result of this learning of the 

environment to reinforcement learning. In proposed 

system, the learner uses the reward - independent 

knowledge to cope with changing purpose quickly. 

So if the learner recognizes the changing of the 

purpose, the learner is supported the learning by 

using proposed knowledge. This process is the 

prediction how the learner should acts for the 

purpose. Therefore, the learner can predict for the 

purpose, and it takes less time to learn. 

The learner can recognizes the purpose by getting 

reward. Therefore, the learner can recognizes 

changing purpose by recognition of changing 

reward. If the learner recognizes change of purpose, 

the learner uses the reward - independent 

knowledge. In proposed system, when the learner 

uses the reward - independent knowledge, the 

learner updates value function. In reinforcement 

learning, the learner decides the action based on 

value function. Therefore the learner can predict the 

action for purpose by updating value function. So the 

learner can cope with changing purpose quickly. 

This update is based on the reward that the learner 

gets and the reward - independent knowledge. So the 

learner set the appropriate initial value of value 

function for new reward function. Hereby, the 

learner can predict how the learner should act for 

purpose. Especially for the case that the learner has 

the reward - independent knowledge enough for the 

size of environment, this update is more effective. 

We show the flow of using reward - independent 

knowledge in figure 4. 

 

 
 

 

Fig. 2.  The conception diagram of proposed system. Value 

function and reward – independent knowledge are knowledge 

that the learner has. 

 
 

Fig. 3.  The getting of reward - independent knowledge. When 

the learner takes an action, the learner adds the information of 

the transition of state to the knowledge table. 
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In the stage of update by using proposed 

knowledge, value function is updated by (1) and (2). 

In this paper, we use Q-learning in learning part. So 

(1) is based on updating equation of Q-learning. 

   d

d
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Here,  Q is value function and sd is the state that 

the number of the step from state that the learner got 

reward is d. And d expresses the shortest step in the 

knowledge table. γ is the same as discount rate used 

in Q-learning.  And r expresses the reward that the 

learner got. In addition, f is parameter expressing 

reliability of the reward - independent knowledge 

( 10  f ). The influence of using proposed 

knowledge becomes big so that f is big. And SG(sd) 

equals 1 when sd is in series of initial state and state 

that the learner got reward. In other case, SG(sd) 

equals 0.5.  

Value function is updated by (1) and (2) when the 

learner gets reward. But update is only one time for 

the same state while the learner gets same reward. In 

other words, in same purpose, value function 

corresponding to the proposed knowledge can be 

updated only once till the purpose changes. The 

learner updates about all proposed knowledge in 

knowledge table. 

VII. EXPERIMENT 

 

A. Summary and Setting of Experiment 

In this paper, we show that the learner can cope 

with changing purpose and environment by using the 

reward - independent knowledge. 

We perform two experiments by simulation. One 

of the experiments is in static environment. And 

another is in dynamic environment. At first, we show 

the effectiveness of using proposed knowledge in 

static environment. Second, we show that proposed 

knowledge is also effective in dynamic environment. 

We apply the maze problem which has change of 

goal for one agent. In maze problem, a goal 

expresses a purpose. So this maze problem has 

changing purpose. 

In this maze problem, there are four selectable 

actions about one state; going up, down, right and 

left. 

The agent is returned to the initial position 

automatically whenever the agent reaches a goal, and 

we define this cycle as 1 trial. 

In this experiment, we adapt Q-learning to 

learning part in reinforcement learning because the 

Q-learning is popular method in reinforcement 

learning. In Q-learning, the learner uses value 

function as Q-value. Q-learning update Q-value 

every action. The updating equation is expressed in 

(3) 
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 Here, Q(st,at) expresses Q-value about action at in 

state st. And st+1 is the next state. And rt+1 is reward 

which the learner can get in st+1. As for α and γ, α is 

learning rate ( 10  ), γ is discount rate 

( 10   ). 

In addition, we use ε-greedy method to choosing 

action part. ε-greedy method is the method that 

chose a random action in probability of ε or choose 

an action of max value of Q-value in probability of 

1-ε. 

We prepare the three agents for comparison. 

Agent-A does not use proposed knowledge, so 

agent-A has only reinforcement learning. Agent-B 

and agent-C use proposed knowledge. Agent-B has 

parameter f that equals 0.5. Agent-C has parameter f 

that equals 1.0. 

 

A. Simulation in Static Environment 

In this simulation, we show that agent can cope 

with various purposes by proposed system. We set 

that a goal changes every constant trial, because we 

show that the agent can cope with changing purpose. 

We decide the pattern that a goal changes 

beforehand to perform the experiments for fairness 

and comparison. This pattern is made at random by 

the computer. 

 

1) Setting: The size of the maze is 64×64, and the 

number of all states is 4096. Figure5 is the maze 

used in this experiment. The start position is always 

the same place; it is upper left as for figure 5. We set 

reward only goal state. In addition, a goal changes at 

every 200 trials. So the reward is reset at new goal 

state. The positions with black point are goal pattern. 

In this simulation, goal is only one at the same time. 

We show setting of parameter in table 1. 

 

 
 

Fig. 4.  The flow of using proposed knowledge. The upper part 

of the figure is a process of the reinforcement learning, and the 

lower part of the figure shows proposed process. In this system, 

if the learner can use the reward - independent knowledge, the 

learner updates the value function before reinforcement . 

learning. 

ICACSIS 2010 ISSN: 2086-1796

286



 

 

 

 
 

 
2) Result: We show the result of the simulation in 

figure 6. Figure 6 (a)-(c) show the number of the 

action for reaching the goal every trial. X-axis 

expresses the number of the trials, and y-axis 

expresses the number of the actions that agent took 

to reach a goal. And we set the upper limit of the 

y-axis on 80000 for being easy to look. In these 

graphs, the number of the actions decreases 

expresses that the agent learns. 

Fig 6 (d) expresses the total of the number of the 

actions in 1000 trials. 

 

 

 
 

3) Consideration: These results of the simulation 

show that the reward - independent knowledge is 

effective on learning. 

In figure 6 (a)-(c), the number of the actions 

increases suddenly every 200 trials, because the 

agents suffer from change of goal. However as for 

agent-B and agent-C, correspondence to new goal 

after changing goal  is quickly in comparison with 

agent-A. Especially for agent-C, the number of the 

actions is less than others. So when parameter f is 

big, agent has less number of the actions. This reason 

is the number of search about environment is less so 

that parameter f is big. 

In figure 6 (d), the number of the actions for 

agent-B and agent-C are less than agent-A. 

So the proposed system can cope with change of 

goal. In static environment, agents use proposed 

knowledge effectively for change goal. Therefore we 

say that agent can cope with various purposes by 

proposed system. 

We described about this simulation in detail in 

“Use of the Knowledge which is independence on 

reward in Reinforcement Learning” [12]. 

 

B. Simulation in dynamic environment 

In this simulation, we show that agent can 

recognize change of environment by using proposed 

knowledge and cope with change of environment 

quickly. So a goal does not change in this simulation 

and there are few changes in environment that agents 

face. Especially for environment, we thought about 

the environment where a part of environment 

changed because environment that has heavy change 

is not suitable for learning. 

1) Setting: The size of maze is 16×16, and the 

number of the state is 256. In this simulation, the 

maze changes every constant trial. There are some 

obstacles in the maze. The change of environment is 

caused by change of position of obstacles. Agent 

cannot move to state that is set obstacle. We define 

the dynamic environment in this simulation by 

change of obstacles. We set that the number of the 

obstacles is 51. This number is about 20% of number 

of all states. Figure 7 is maze used in this simulation. 

A position with black point is a goal and start 

position is upper left state in figure 7. We show 

setting of parameter in table 2. 

 

 
 

TABLE I 

SETTING FOR STATIC SIMULATION 

Reward (only a goal) 100 

Total of trial 1000 

Number of trial for change of goal 200 

Initial value of Q-value 0.001 

The size of maze 64×64 

α 0.5 

γ 0.8 

ε 0.05 

 

 
 

Fig. 5.  The maze for static environment. 

  
(a) Result about agent-A   (b) Result about agent-B 

 

  
(c) Result about agent-C   (d) Comparison of all agents 

 
Fig. 6.  The result of the simulation. Fig 6 (a)-(c) express the 

number of the actions for reaching a goal every trials. Fig. 6 (d) 

expresses the total of the actions in 1000 trial. 

 
 

Fig. 7.  The maze for dynamic environment. 
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2) Result: We show the result of the simulation in 

figure 8 like figure 6. 

3) Consideration: For figure 8 (a)-(c), in trial that 

the number of trial is less than 30, agents learn for 

reaching a goal. In this part, tendency of learning is 

same as static simulation’s result. 

The points to attention are around 30
th

/ 60
th

/ 90
th

 

trials. In these parts, change of environment occurs. 

Therefore the route that agents learned can be 

unusable. So the number of the actions increases for 

any agents. At 

 
 

30
th

 and 90
th

 trials, influence of changing 

environment is comparatively small. This reason is 

that a few obstacles appeared on route which agents 

learned.  So agents cope with change of environment 

by little time. However at 60
th

 trial, we can see that 

the influence of changing environment is big. This 

reason is that many obstacles appeared on route 

which agents learned. So it takes much time to find 

the route to reach a goal. In any case, agents using 

proposed knowledge can cope with change of 

environment quickly than agent that does not use 

proposed knowledge. This reason is that learning to 

the part which changed is performed smoothly by 

recognizing change of environment. 

And in figure 8 (d), the total of the actions is less 

by using proposed knowledge. So we can see that 

proposed knowledge is effective for change of 

environment. 

By these result of simulation, we can see that the 

number of the actions for learning is less by using 

proposed knowledge. Therefore we can say that the 

reward - independent knowledge is effective for 

environment with few changes. 

VIII. CONCLUSION 

In this paper, we proposed the reward - 

independent knowledge. At first, we defined how to 

get a reward - independent knowledge. Secondly, we 

defined how to recognize changes of environment. 

We proposed that agent compare a result of an action 

with a proposed knowledge that own has. Finally, we 

defined how to use proposed knowledge when a 

purpose changes. When an agent recognizes change 

of purpose, an agent predicts how to act for new 

purpose by using proposed knowledge. And we 

suggested the learning system having proposed 

knowledge with reinforcement learning. 

We showed utility of proposed knowledge by two 

simulations. In simulation with static environment, 

we showed that agent can cope with change of 

purpose quickly. And in simulation with dynamic 

environment, we showed that agent can cope with 

change of environment quickly. By these results, we 

showed that proposed knowledge is effective for 

change of purpose and environment. 

This system also has some problem. For example, 

there is a problem of quantity of proposed 

knowledge that robot has. In real environment, there 

are many states that the robot recognizes. So the 

quantity of proposed knowledge becomes enormous. 

But it is impossible to hold all of proposed 

knowledge. And there is a problem of ability that 

robot recognizes environment. In actual robot, robot 

may recognize different states as same state by 

ability of recognition of robot. In the future, we pay 

attention these problems, and we want to improve 

the system from the view point of using proposed 

knowledge. 

Moreover, we want to apply this system to actual 

robot. In real environment, there is time to take 

actions. So in actual robot, we think that there is 

more effective than simulations, because the number 

of the actions is less to achieve purpose.  

And we think that the reward - independent 

knowledge can apply to various machine learning. 

The proposed knowledge is general information 

about the environment, and it is not intrinsic 

information of the reinforcement learning. We think 

the proposed knowledge is common information in 

various machine learning. In this paper, we use 

reinforcement learning. The reason is that we want to 

adapt proposed knowledge to actual machines. 

Therefore we use reinforcement learning that is often 

used in actual machines. We pay attention to other 

TABLE II 

SETTING FOR STATIC SIMULATION 

Reward (only a goal) 100 

Total of trial 100 

Number of trial for change of goal None 

Number of trial for change of environment 30 

Number of obstacle 51 

Initial value of Q-value 0.001 

The size of maze 16×16 

α 0.5 

γ 0.8 

ε 0.05 

 

  
(a) Result about agent-A   (b) Result about agent-B 

 

  
(c) Result about agent-C   (d) Comparison of all agents 

 
Fig. 8.  The result of the simulation. Fig 8 (a)-(c) express the 

number of the actions for reaching a goal every trials. Fig. 8 (d) 

expresses the total of the actions in 100 trials. 
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learning techniques and want to think that we treat 

proposed knowledge as open knowledge in the 

future. 
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Abstract—The rapid growth of tropical diseases 

in Indonesia had led to countless number of 

victims. Experts had tried to overcome the problem 

by monitoring the spreading and collecting useful 

information regarding these diseases. Web mining 

is one technique to collect data information from 

the Internet. Spatio-temporal data of tropical 

diseases can be collected by using web mining so 

the useful information can be extracted for further 

analysis. The main objective of this study is to 

create a text classification system which classified 

the web document using several learning methods 

including naïve Bayes, nearest neighbor, decision 

tree and support vector machine (SVM) with 

Sequential Minimal Optimization algorithm. The 

classification is intended to construct a spatio 

temporal analysis for documents classified into 

health. The result showed that naïve Bayes and 

SVM-SMO achieves good performance (naïve 

Bayes: 95% and SVM-SMO: 92%). Multinomial 

distribution of naïve Bayes is able to normalize the 

length of document while SVM-SMO performed 

well in high-dimensional data. 

I. INTRODUCTION 

HE rapid growth of tropical diseases in Indonesia 

had led to countless number of victims and this 

become particular problem. Experts had tried to 

overcome this problem by monitoring the spreading 

and gathering useful information regarding these 

diseases. The internet can be utilized as main source 

for collecting the useful information. Textual 

Indonesian document from relevant source i.e. news 

could provide various information to help experts in 

taking proper action. Web mining is one of the 

techniques to gain information from data in the 

Internet [1]. By using web mining, spatio-temporal 

information of tropical diseases will be collected and 

extracted for further analysis. 

The main objective of this study is to create text 

classification system, which classified the relevant 

Indonesian textual data gathered from the Internet. 

This study is part of web mining project conducted by 

Agency for the Assessment and Application of 

Technology (BPPT), Indonesia [2].  

 

 
 

Fig. 1. Illustration of the Web Mining Project. 

 

The web-mining project that is conducted by BPPT 

team aims in monitoring the growth of tropical 

diseases in Indonesia. In the system, web mining is 

used to capture spatio-temporal information regarding 

the tropical disease from the Internet. The web mining 

system is developed in three parts. The first part is 

web crawler using open source software. The second 

part is spatio-temporal information extraction using 

text mining and the last part is visualization using 

Google Earth. The details of this web-mining project 

can be found in [2]. 

Study on text classification had been conducted by 

many researchers through years. Experiment based on 

probabilistic description-oriented representation and 

k-nearest neighbor had been conducted by Goevert 

[3]. Lewis and Ringuette evaluated the performance of 

text classification using Bayesian classifier and 

decision tree learning algorithm [4]. Apte, Damerau 

and Weiss stated in [5] that machine generated 

decision rule able to compete with human 

performance in text categorization, whereas Joachims 

stated in [6] better result is achieved using Support 

T 
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Vector Machines. Also, in the previous study [7] 

Support Vector Machine was able to give good 

performance outperforming other classifiers.  

In this study, the datasets is increased in total of 

1050 articles while in previous study there were only 

360 articles used as datasets. The new datasets will be 

converted into two types of vector, binary and term-

frequency, aiming to evaluate the performance of both 

vectors. In addition, classifier with several parameters 

will also be tried on both datasets.  

The next section will briefly recall the data 

preprocessing step as well as the detail of vector 

generation step. The result and analysis will be 

explained in section 3 while section 4 will summarize 

the study. 

II. METHODS 

 

A. Data Preprocessing 

The data preprocessing step is initiated with 

tokenization process. Tokenization aims to fracture 

the stream of characters into tokens [8]. It is done by 

breaking the sentence into tokens while all non-

alphabet characters are omitted. Furthermore, all 

capital letters are converted into lower case so that can 

be ordered alphabetically.  

The next step is stemming the words with affixes to 

root words [8]. In this study, however, stemming is 

done manually since Bahasa Indonesia is relatively 

tricky. Stemming deals mostly with numerous rules of 

affixes, variation of writings and adaptive words. 

Stemming is initiated with eliminating redundant 

words which occur in every category leaving words to 

be occurred in one or at most two categories only. 

Then the words are labeled with number, which 

identifies each root words. Giving index intends to 

reach a root form with no derivational affixes. 

Indexing is able to reduce the size of dictionary from 

over 11,000 words to 3713 distinct words that next 

will be used for vector generation.  

B. Vector Generation 

After creating the lookup table, the next step is 

generating vector that represents the article. Vector 

generation aims to ease classifier for prediction. There 

are two types of vectors that are generated in this 

research, namely binary vector and term-frequency 

vector.  

Binary vector is the simplest model. It stores the 

presence or absence of words in document 

corresponding to the lookup table. The entries will 

have ones or zeros, depending on whether the words 

are encountered in the document. The steps in creating 

binary vector are as followed: 

1. Open the document and read on line at a time. 

Returns null if the end of file is reached, else 

returns the characters. Check whether the 

character is alphabet or not. Tokenized the 

sentence into words and keep tokenizing until 

end of file is reached. 

2. Check the word to the lookup table whether it is 

encountered or not. If the word is present, attain 

its index number. Discard the words if they are 

not encountered in the lookup table. 

3. Insert the index number into linked list. Check 

whether the index already exist in the list. Insert 

the index to the list if it is not exist and set the 

frequency to 1. Discard if the index already 

exists in the list. Do until all words are checked 

and sort the linked list.  

4. Print the frequency stored in linked list. For 

index number whose words are not exist in the 

document, set the frequency to 0. 

Binary vectors can work effectively when using 

large dictionary. However frequency can hold useful 

information for prediction [9]. Instead of zeros or 

ones, the actual frequency of occurrences of the words 

is used as the entries to the vector. The steps in 

generating term-frequency vector are almost the same 

with the binary one, except the third step. Instead of 

discarding the index, words frequency is incremented 

by 1. The rest steps are performed exactly the same 

with the binary vector construction.  

III. RESULT AND ANALYSIS 

In the experiment, both binary and term-frequency 

datasets were evaluated using naïve Bayes classifier 

[10], decision tree classifier [10], k-Nearest Neighbor 

classifier [10] and Support Vector Machine with 

Sequential Minimal Optimization algorithm [13]. The 

total instances for each datasets were 1050 articles that 

are divided into 700 articles as training set and 350 as 

testing set. The dataset was divided into seven 

categories namely Economics, Defense & Security 

(Def. & Sec.), Education, Health, Sports, Politics and 

Other. The performance of each classifier was 

measured using generalization error rate and 

precision-recall breakeven rate [12].  

Figure 2 shows the classifier performance for 

binary vector. The lowest error rate is obtained by the 

modification form of naïve Bayes, called multinomial 

naïve Bayes. Meanwhile, the highest generalization 

error is achieved by nearest neighbor classifier. As 

expected, SVM-SMO able to compete with naïve 

Bayes with 7.71 % of error. Moreover decision tree as 

the representation of rule learner algorithm attains its 

performance moderately with 23.71 % of error. 

High precision/recall-breakeven (PRBE) rate 

showed that the generated model was good while low 

PRBE rate indicates that the model was bad. The best 

model was generated by multinomial naïve Bayes 

while nearest neighbor classifier only produced 

moderately good model with only 73.1 %. SVM-SMO 

was also able to compete with multinomial naïve 
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Bayes since its PRBE rate was almost equal.  

 
 

Figure 2. Classifier performance comparison for binary 

representation. 

 

Since binary vector was simple, it worked 

effectively despite large size of dictionary. Words 

were treated as Boolean attributes making complicated 

computation could be avoided by classifier to find 

patterns for prediction. Therefore converting the 

article into ones and zeros vector gave advantages in 

classifying document.  

Though binary vector gave advantages in its 

simplicity, words occurrences were potentially useful 

when determining the category of a document. 

However, not all learning algorithm could deal with 

continuous attributes and sparse vector. As observed 

in figure 3 nearest neighbor attained the highest 

generalization error with 58% while multinomial 

naïve Bayes succeed the task with only 4.57%. In 

contrast to binary vector, linear SVM-SMO performed 

better than non-linear SVM-SMO when dealing with 

frequency. Linear SVM-SMO was able to attain 

generalization error of 10.57%. Again, decision tree 

algorithm worked moderately with 20.57% of error.  

 

 

 
 

Fig. 3. Classifier performance comparison for term-frequency 

representation. 

 

Using term-frequency vector, naïve Bayes attained 

the highest PRBE rate meaning that it produced the 

best model. However, PRBE rate of SVM-SMO 

decreases to 89.7% showing that complex vector may 

lead to complex classifier computation. The 

improvement of performance was also attained by 

decision tree with increase to 80.2%. Nonetheless, 

nearest neighbor performed the worst, only 51.2%, 

with indication of overfitting in the generated model. 

Both results show that SVM-SMO was 

underperformed by naïve bayes in binary and term-

frequency representation. This is contrast to what 

Joachims showed in his paper [6] that SVM was able 

to outperform other learning algorithms in high 

dimensional vector space. The use of Bahasa 

Indonesia instead of English as dataset may give 

impact to performance of the learning algorithms used 

in this experiment. Unlike English, Bahasa had several 

unique characteristics that make it relatively tricky to 

be categorized. In Bahasa there was usage of affixes, 

adaptive words and abbreviations that had not been 

standardized yet and hardly found in Kamus Besar 

Bahasa Indonesia (Big Dictionary of Bahasa 

Indonesia). 

Moreover, multinomial naïve Bayes gave the best 

performance since it normalizes the length of 

document which often leads to better performance. 

The term-frequency vector achieved slightly better 

than binary vector since word frequencies could be 

accommodated using multinomial naïve Bayes. 

Although Support Vector Machine had shown 

excellent performance on text classification [6], SMO 

is  still outperformed by multinomial naïve Bayes. The 

large size of dictionary resulted in a few number of 

words that lies on the wrong-side of hyperlane. SVM-

SMO may be able to give better performance if the 

size of dictionary is reduced leaving only distinctive 

words from each category. Moreover, dictionary size 

also mades nearest neighbor classifier to produce high 

generalization error. There were several number of 

words which could be classified into two or more 

categories making it redundant.  

 

 
 

Fig. 4. Term-frequency representation confusion matrix using 

multinomial naïve Bayes. 

 

Word occurrences offered its advantages as well as disadvantages. Using word frequency as attributes 
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might provide better calculation for prediction. Also it 

may yield to more compact solutions since the 

additional frequency was included to the same 

solution space as the binary data model. However it 

also produced more complex model, which led to 

longer computation time. Moreover the size of 

dictionary that was too large could also be restriction 

for some learning algorithm. Reducing the size of 

dictionary might improve the predictive performance 

and better training model.   

The distribution for each class label can be seen in 

figure 4, which shows the confusion matrix. Class 

label Health and Politics were able to correctly 

classify all test articles. Class label Economic, Def. & 

Sec., Education and Sports share similar words since 

there were articles that are misclassified into each 

other. Furthermore, class label Other only able to 

classify 42 articles out of 50 articles showing that 

words from class label Other are vague to words from 

other class label. 

IV. CONCLUSIONS 

The text classification system developed in this 

study is for web mining based spatio-temporal 

analysis of the spread of tropical diseases. This system 

is intended to classify downloaded Indonesian textual 

document so then the information regarding tropical 

diseases can be extracted. 

The result shows that binary dataset able to give 

better performance than term-frequency dataset. 

Simple representation of ones and zeros help the 

learning algorithm for prediction. Additional 

frequency was also useful for prediction yet it 

produces more complex model. However, for some 

learning algorithms, frequency of word occurrences 

provided slightly better result. 

Among all learning algorithms, multinomial naïve 

Bayes achieved the best performance in both datasets. 

Normalization of the length of a document helped in 

classifying the document. Support Vector Machine 

with Sequential Minimal Optimization also showed 

very good performance since it had the capability to 

generalize well in high dimensional feature space. On 

the other hand, heavy over fitting was occurred when 

using nearest neighbor classifier leading to low 

generalization performance. The last algorithm used, 

decision tree, is only able to give moderate 

performance compare to other methods. 

In the future the study may be focused on reducing 

the size of dictionary. Selecting keywords for every 

category and ranks the frequency of word occurrences 

also can be taken into account. Automation of word 

stemming with appropriate stemming algorithm for 

Bahasa Indonesia may substitute the usage of lookup 

table. Meanwhile implementing feature selection 

techniques may improve the data pre-processing 

performance, which then can be combined with the 

appropriate stemming algorithm for Bahasa Indonesia. 

Furthermore, the classification system will be 

integrated with Disease Spreading Monitoring System 

to complete the web-mining project. 
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Abstract—This research is addressed the 

implementation of Hidden Markov Model (HMM) 
dedicated to identify the star fruit sugariness.  This pixel 
based identification transforms the  RGB (Red-Green-
Blue) image into the total dissolved solids (TDS) for each 
pixel by using a linear regression equation, and 
categorized them into one of the six available Class. Then 
the sequence of pixels with one out of six available symbols 
becomes the input sequence. Based on this sequence, we 
identify the star fruit sugariness into one of the three 
categories by using HMM. Number of hidden state is 
varying from 3 until 8.  This research shown that is a 
positive correlation between TDS with the Red component, 
and negative correlation with Green component. There is 
non significant correlation between TDS with the blue 
component. The best regression model that relating TDS 
with the RGB component is TDS=f(R,G) with 0.85 as 
determination coefficients (R2).  The accuracy of the HMM 
is varies from 69% to 75 %, with 73.5% as average. It seen 
that the classification is tend to the low class.  It means, the 
misclassifications occur from class 2 classified into class 1, 
and class 3 classified into class 2.  All objects in class 1 are 
classified into appropriate class. 

I. INTRODUCTION 
orting fruit based on the condition that the consumer 
interest is part of post-harvest process, which 
classifies fruits that are relatively uniform in one 

group and the fruits of which differ greatly in other 
groups. The process helps in determining prices and 
distribution in accordance with the type of consumers 
who become the target sales. In general, consumers 
prefer the taste of star fruit sweet than sour. Fruit 
sweetness level is determined by the dissolved solid 
content, the higher content of dissolved solids, then the 
fruit is more sweet. This substance can be detected 
through laboratory testing. Normally, star fruit with a 
dominant red color will be much sweeter than the less 
red color. Therefore, the image color of the fruit is often 
used as a basis for sorting fruit.   

 
. 

In the automatic sorting fruit process, the RGB image 
of a certain fruit is read  pixel by pixel and for each 
pixel is given a score of R, G or B according to the most 
dominant color. Furthermore, fruit classification 
determined by the number of pixels with a dominant red 
color, [1]. By this way, the position of pixels with a 
dominant red color ignored in the process of 
classification. Therefore, in this research the 
classification of fruits is done by considering the value 
of pixels as well as its position. The suitable technique 
for this approach is Hidden Markov Model. In this case 
each pixel is labeled based on RGB values. By using the 
sequence of the label, we construct HMM model for 
each class, which will then be used as a reference in 
identifying the level of sweetness for the new object.     

The remainder of this paper is organized as follows: 
Section 2 presents the data preprocessing and 
experimental setup.  Section 3 the principle of the 
HMM.  Result and discussion is presented in Section 4, 
and finally, Section 5 is dedicated to the conclusions of 
this research.  

II. DATA PREPROCESSING AND EXPERIMENTAL SETUP  

A. Data Preprocessing  
This research uses the RGB image data of star fruit 

(Averrhoa Carambola L) that consists of 3 classes, 
namely class with the sweetness of less (class 1), the 
class with the sweetness of moderate (class 2), and class 
with high sweetness (class 3). Each class consists of 45 
images of size 192x256 pixels, and has known the value 
of total dissolved solids (TDS) through laboratory tests. 
The higher content of TDS, the star fruit is more sweet 
and vice versa, the lower the TDS content, the fruit is 
more or less sweet (sour). Table 1 presents the range of 
total dissolved solids value of each class.  While Figure 
1 presents the boxplot of TDS content. 
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Tabel 1. Distribution of TDS content for each class 

Class of  sweetness TDS Content  
 

Class 1 (less) TDS<8.18 
Class 2 (moderate) 8.18≤TDS≤9.70 
Class 3 (high) TDS>9.7 

 
In this research, 75% (33 image for each class) of the 

data are used as training data and the remaining (25%, 
12 image for each class) as testing data.  The first stage 
of preprocess is resizing the image size with a value of 
1 / 25 of the original by using the technique described in 
[2], such that the image size of 11x8 pixels. The next 
stage is to convert RGB values from 0-255 into 0-1 at 
each pixel with these formulas: 
(1)

BGR
Rr

++
= , (2) 

BGR
Gg

++
= , and (3) 

BGR
Bb

++
=  

For each star fruit calculated the average r, g and b from 
a number of 11x8 = 88 pixels. Then, we develop the 
best regression model that connects the TDS as 
response variable with the average r, g and b as the 
predictors, TDS = f (r, g, b), using the existing image of 
star fruit in the training set.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1. Boxplot of the TDS content of the 3 classes of star fruit 
 

Regression equation obtained from the above steps 
will then be used to map each pixel to the TDS domain, 
which then categorized into a symbol. Figure 2 presents 
the categorization of a pixel into one symbol of the 6 
existing symbol. 

B. Data Preprocessing  
Figure 2 shows the flow diagram of the research.  

There are 4 stages, i.e. data preprocessing, regression 
modeling, HMM training parameters, and class 
identification.  Detail process of the data preprocessing 

has been described in 2.A above.  In this stage, we 
resize the image size and converting the RGB image 
into labeling image.  It means, we give a label (1, 2, 3, 
…, or 6) to each pixel based on the TDS contents that 
predicted using regression equation with r, g and b as 
predictors.  Then, we have a sequence of symbol 1, 2, 3, 
…, or 6 for an image.  This process is done for all 
images in the training set (33 images for each class) and 
in the testing set (12 images for each class). 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2. The process of pixels labeling 
 
The 33 sequences in the training set for each class are 

combine together into one vector of  33x8x11=2904 
symbols. Then, we use the vector to predict the HMM’s 
parameters for each class, i.e. HMM1, HMM2, and 
HMM3 for class1, class2, and class 3, respectively, by 
using  Baum-Welch Algorithm, [3].  In this research, we 
use the left-right HMM with number of hidden state are 
3, 4, 5, …, 8.  Finally we have 3x6=18 HMM.  Due to 
the type of HMM, the training algorithm will predict the 
transition probability matrix (A) and the observation 
probability matrix (HMM) of the model. The stopping 
criteria is the absolute difference between elements of 
the matrix parameters for iteration t by iteration t +1.  
The algorithm will stop if the value smaller than 
0.00001.   The next stage is to validate the model using 
the testing data with the forward algorithm, [3]. 
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TDS Prediction Symbol 

TDS<5.4667 1 

7.6250≥TDS≥5.54667 2 

9.7883>TDS≥7.6250 3 

11.9417>TDS≥9.7833 4 

14.1000>TDS≥11.9417 5 

TDS≥14.1000 6 
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III. THE LEFT-RIGHT HIDDEN MARKOV MODEL 
Hidden Markov Model (HMM) is a temporal 

probability model that describes the relation between 
state variables (hidden state) in the successive time 
index, and between state variables with observable 
variables.  Visually, this model can be described using a 
finite state automata.  There are two kinds of model, i.e. 
ergodic HMM and left-right HMM.   

 
 
 
 
 
 

 
 
 
 
 
 
 
 

Figure 3. Left-Right HMM with 3 hidden state 
 
Figure 3 presents the left-right HMM with 3 hidden 

state. The parameters for the model, i.e. A, and B are: 
 
 
 
 
 
 
The initial parameter, Л, for the model is [1 0 0].  In 

order to simplify the mathematical formulation, 
following are the notations on the HMM, [4]:  

A: matrix with elements aij=P(qt+1=j|qt=Si), the 
probability in state Sj at time t+1, given at time t 
was in state Si. 

B: matrix with elements bj(k)=P(VK at time t|qt=Sj), 
the probability of appearance of a symbol VK, 
given the hidden state is Sj. K is the number of 
symbol in the observable set.  

Л: vector with element лi=P(q1=i), the probability in 

the early stage is in state i. In this case ∑
=

=
N

i
i

1
1π , 

N is the number of hidden state.  
 
There are three problems with the HMM, i.e. 

evaluation, decoding and learning.  In this research, we 
use forward algorithm to evaluate the probability of a 
given observable sequence, and the Baum-Welch 
algorithm to train the HMM.  Detail explanation of the 
HMM could be found in [3] and [4]. 

IV. RESULT AND DISCUSSION 
Figure 4 presents the pattern of the relationship 

between TDS with color intensity (r, g and b). From the 
pictures can be seen that the intensity of green and red 
colors have a coefficient of determination 0.8584 (or 
correlation above 0.9) and 0505 (or correlation above 
0.7), respectively. This shows that the intensity of the 
two colors can be used to predict the TDS content, 
which shows the level of star fruit sweetness. In this 
case the higher the intensity of the green, then the lower 
the TDS fruit, with a decrease of about 230 units for 
each increase of 1 unit of green intensity. The opposite 
occurs for red color. With the higher intensity of red 
color, the higher the TDS content, which increased by 
125 times for every increase of 1 unit of red intensity. 
From the picture is also seen that the range of red and 
green intensity (34% - 39%) were more dominant than 
blue intensity (26% - 33%).  The figure also shows the 
fact that the relationship between the intensity of blue 
color with the TDS is not as strong with two other 
colors (red and green). 
 

 
 
 
 
 
 
 
 
 
 

 
 

Figure 4.  TDS relationship patterns with color intensity 
 

By considering the three patterns between TDS 
content and the intensity of color presented by Figure 4, 
then the predictors in linear regression models to 
estimate the value of TDS are the intensity of red color 
and intensity of green color. The regression equation is 
as follows: 

grTDS 2677.90.99 −+=  

The coefficients determination of the regression model 
is 85.9%.  Based on the regression equation, the TDS 
content prediction is then performed for each pixel. 
Then the pixels are labeled by using the boundaries as 
given in Table 1. After that, we identify the class of 
each star fruit on the test data by using the HMM. 
Figure 5 presents the accuracy of the identification of 
star fruit with a number of hidden state 4, 5, 6, 7, and 8.  
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Figure 5. the accuracy of the system at different number of hidden 

state 
 

Figure 5 presents the accuracy of the system at 
different number of hidden state of the HMM. The 
average accuracy is ranging from 69% to 75%. From 
the picture we can see the fact that more and more 
number of hidden state, does not guarantee the accuracy 
higher. The optimum number of hidden state is 4 or 7. 
This is around 9% over the accuracy obtained in [5], 
which only reached 66.9%. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 6.  the accuracy of the system at class 1, class 2, and class 3 
 
Based on the accuracy for each class, we see that 

class 1 (class who have low TDS content) can be 
identified 100%. While class 2 and class 3 the average 
accuracy for each was 66.7% and 52.8%, as shown in 
Figure 6. From the picture is also seen that the system is 
less able to identify the fruit with moderate to high TDS 
content. It is also shown in Table 2. From the table 
shows that the wrong classification is to class with TDS 
content of one level below it, ie class 2 are classified 
into class 1 (33%), class 3 was detected as a class 2 
(42%). 

Tabel 2. Confussion Matrix for HMM with 8 hidden 
state (number of objects for each class is 12) 

Class Classification 
1 2 3 

Observation 
1 12 0 0 
2 4 8 0 
3 0 5 7 

 
The facts can be explained by using Figure 7 which 

presents a scatter plot between the predicted TDS 
content (using the regression function) with the 
observation from the laboratory.   The picture shows 
that the prediction is overestimate for the class 2. In this 
case the predicted value is greater than the true value. 
As for grade 3, in general, the prediction value is 
smaller than the true value (underestimate). These facts 
indicates that the error classification was not due to 
HMM model as a classifier, but in the feature 
extraction. There are two parts in feature extraction 
process, the first is a regression function that converts 
RGB values into the TDS content. The second is the 
boundaries in categorization the TDS content into the 
labels of 1, 2, 3, ..., or 6. 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

  
Figure 7.  Scatter plot of Predicted TDS with Observation TDS 

Content 
Figure 8 presents the dotplot of TDS observations 

and predictions as well as class boundaries and TDS 
boundaries for the state categorization. It appears that 
the boundaries of TDS for state catogorization did not 
follow the pattern of distribution of  the TDS 
observation. From the pictures can be seen that there is 
overlapping between the TDS results of prediction for 
the class 2 and class 3. This has become one of the 
reasons why errors occur between the two classes. 
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Figure 8.  Dotplot of the TDS observation and prediction combined 

with the boundaries 

V. CONCLUSIONS 
Based on the experiment, we can conclude several 
things:  

a. Correlation between the r (red) and g (green) 
intensity with the content of TDS are 0.71 and 
0.93 each for the red and green intensity, 
respectively.  Then, we use r and g intensity to 
predict the TDS content of the star fruit.  

b. The best regression model with r and g as the 
predictors, TDS content as the response variable 
has a high coefficients of determination, i.e. 
0.859.  But, the model is not good enough. 
Because, the prediction is underestimate for the 
moderate TDS and overestimate for the high 
TDS.  

c. The system accuracy is 75% in the average with 
number of hidden state of the HMM are 4, 7, or 
8.  It is caused by at least two problems in the 
feature extraction process, i.e. a regression 
function that predicting the TDS content based 
on the r and g intensity, and categorization 
boundaries that convert the TDS level to the one 
of the existing 6 symbols.  

In order to increase the system accuracy, for future 
word, we will focused on the feature extraction process.   
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State 1 State 2 State 3 State 4 State 5

State 6
5.4667 7.6250 9.7883 11.941 14.100
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Abstract—This research is focused on the development 

of statistical downscaling model using principle component 
analysis (PCA) as feature extraction cascade with 
multivariate regression  as model prediction. Sea Surface 
Temperature (SST)  and the General Circular Model 
(GCM) derived from 18 ensemble members of ECHAM5 
model under A1B scenario are used as predictors, and the 
September, October, November, and december (SOND) 
rainfall in each station in Indramayu as the response 
variables.  SST domains were reduced using the PCA  that 
explain 80%, 85%, and 95% of the data variability, which 
were divided into three sets, namely SST lag 1 (August), 
lag 2 (July), and lag 3 (June). GCM domain-sized 5x5 with 
2.8x2.8 km resolution is reduced by PCA. The number of 
components that are taken are such that the variables 
must still explain 90% of original data variability.  The 
new variables yielded by PCA are then take as the input of 
the multivariate regression with 13 observation data (from 
13 station) as the output.  The regression parameters are 
estimated by using the least sum of square error criteria.  
By assigning 0.4 as the correlation boundary to select the 
domain SST, the SST lag 3 (June) yields the best 
regression model with a correlation of about 0.7.  But if 
the limit is increased to 0.55, only the SST lag 1 (August) 
that meet, and produce a model with a correlation above 
0.7. 

I. INTRODUCTION 
acts indicated that agriculture system productions 
are influenced significantly by climate conditions. 

There are many model have been developed that related 
climate variables with the agriculture system.  There are 
usually two main obstacles, first is the limitation of 

 
. 

historical climate data with a sufficiently long series, 
and second is the need of future climate projections 
(under certain scenarios), especially in the   study the 
impacts of climate change.  

General Circulation Model (GCM) provides a 
solution to this problem and the data has been widely 
used for climate change studies. However, due to its 
coarse resolution, that is about 2x2 degrees, or about 
200x200 km, the model is unable to capture local 
variability that is needed in the analysis of a smaller 
coverage area, such as district level. Therefore there is a 
gap between the GCM output and the observed data. In 
this case, the GCM is only able to capture the pattern of 
average, whereas variability mainly influenced by local 
factors is not accommodated.  

This research is addressed to develop a methodology 
of statistical downscaling model using a PCA cascading 
with multivariate regression. This model links the 
rainfall data from GCMs and Sea Surface Temperature 
(SST) with the observational data to predict rainfall 
intensity in Indramayu district. Downscaling techniques 
will be applied to estimate the total rainfall on SOND 
(September, October, November, and December) 
season. With 24 time periods of data, an 8-fold cross 
validation technique is implemented to evaluate the 
methodology.   

The remainder of this paper is organized as follows: 
Section 2 presents the principles of statistical 
downscaling.  Section 3 describes the data and 
experimental setup.  Section 4 is addressed to explain in 
brief the concept of principle component analysis and 
multivariate regression technique.  Result and 
discussion are presented in Section 5, and finally, 
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Section 6 is dedicated to the conclusions of this research 
study. 

II. STATISTICAL DOWNSCALING  
Downscaling is defined as an effort to connect 

between global-scale (explanatory variables) and local 
scale climate variables (response variables), [1]. Figure 
1 illustrates the process of downscaling.  There are two 
approaches for downscaling, using regional data 
(obtained from a regional climate model, RCM), or 
global data (obtained from the general circulation 
models, GCM). The first approach is known as 
statistical dynamical downscaling, while the second is 
known as statistical downscaling (SD). Statistical 
downscaling based on the relationship between coarse-
scale grid (predictor) with local-scale data (response) is 
expressed by a statistical model that can be used to 
translate a global scale anomalies which became an 
anomaly of some variables of local climate (Zorita and 
Storch 1999, in [2]). In this case the SD is a transfer 
function that describes the functional relationship of 
global atmospheric circulation with elements of the 
local climate, which is formulated as follows:  
 )( ,,,, gsptqt GfR =  

where :  
 R  :  Local climate variables as the responds  
 G  :  global climate variables (provided by GCM 

model), as the predictors 
 t  :  time period 
 q  :  dimension of R 
 p :  dimension of G  
 s :  layers in the atmosphere 
 g :  GCM domain 

Until now the SD models that have been developed 
are generally categorized into five, i.e., i) based on 
regression techniques or classification, ii) based on 
linear or non linear model, iii) based on parametric and 
non parametric, iv) based on projection and selection, 
and v) based on model-driven or data-driven 
techniques. Nevertheless, an SD model can be included 
in the combination of the five categories, for example 
PCR (principle component regression) that were 
categorized as regression-based methods, linear, 
parametric, projections and data-driven. In this research, 
we developed multivariate regression model for 
statistical downscaling using data from the GCM and 
sea surface temperature as explanatory variables. The 
use of SST data is specifically intended to capture the El 
Nino phenomenon, so the model is expected to produce 
better prediction results. 
 

 
 
 
 
  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1.  Illustration of the downscaling (Source : [3]) 

III. DATA AND EXPERIMENTAL SETUP 

A. Data   
The research involved three types of data, i.e. i) 

precipitation data from GCM model (with the A1B 
scenario, ECHAM5 model (with 18 members and 
2.8ox2.8o resolution), ii) SST data (with 2ox2o 
resolution), and iii) rainfall data from 17 rain gauge 
stations in Indramayu.  All datasets have the time period 
from 1979 to 2002 (24 periods).  

B. Experimental Setup   
Generally, the experiment divides into four steps as 

presented in Figure 2, i.e.: 
a. Preprocessing : This process consists of (1) checking 

the rainfall observation data (validity and 
consistency) using the method described by [4]; (2) 
calculating the  SOND season climate variables  
(rainfall observation of all stations, GCM for all 
ensemble members). Especially for the SST, the data 
is divided into three months, i.e. June (lag 3), July 
(lag 2) and August (lag 1); and (3) calculating the 
normalization of SOND data for rainfall observations 
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and GCM data, and the normalization of SST for each 
lag.   

b. SST domain selection: for every point in the SST 
domain, calculates the correlation coefficient between 
normalize SST in the point with the observation 
rainfall in the existing station, and then take the 
average correlation.  If the average correlation is 
greater than 0.4, we put the point to the SST domain 
that gives a significant influence to the observation 
rainfall.  In order to reduce the number of point, we 
applied PCA to the domain and take a number of 
coefficients that explain the original variability of the 
data around 90%.          

c. GCM data reduction: In this research we use 5x5 grid 
of the GCM data, and the dimension is reduced by 
using PCA.  We take a number of coefficients that 
contribute around 90% of the original data variability.   

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Figure 2. The flow diagram of the experiments 

d. Modeling and testing multivariate regression model: 
the  models has a number of predictors that yielded by 

step 2 and 3, and the responses variables are 
normalize observation rainfall from the consistence 
station yielded by step 1.  Multivariate regression 
parameters are estimate by using the least squares 
error criteria as described in [5].  A considered factor 
in this experiment is the lag time of the SST data, i.e. 
the SST in June (lag 3), July (lag 2), and August (lag 
1). Then we use an 8-fold cross validation to test the 
model by comparing the predicted data with the 
observed. 

IV. PRINCIPLE COMPONENT ANALYSIS AND 
MULTIVARIATE REGRESSION 

A. Principle Component Analysis   
The fundamental idea of the PCA is as follows: Let x 

is a vector with m elements of a random variables:  
 x=(x1, x2, ..., xm)T,  

then we defined a new vector, y, consist of n new 
elements :  

 y=(y1, y2, ..., yn),   
where, yj, j=1, 2, 3, …, n, as a linear combination of the 
m elements in the vector x : 

y1 = a11x1 + a12x2 + ... + a1mxm = a1
Tx 

y2 = a21x1 + a22x2 + ... + a2mxm = a2
Tx 

......................................................... 
yn = an1x1 + an2x2 + ... + anmxm = am

Tx 
The problem is how to decide the coefficients vectors,  
aj such that the new variables could capture the 
variability of the original variables (x). In other word, 
the vector aj have to  maximized the variance of the yj, 
j=1, 2, 3, …, n, that formulated as Var(yi)= 2

iyσ = aj
TΣ aj, 

where Σ is the covariance matrix of  vector x.  
In geometrical aspect, the new variables generate a 

vector space with aj as the axis.  Without change the 
meaning, we can constraint the vectors aj as follows: 
aj

Taj=1 and  cov(ai,aj)=0 for i≠j, i,j=1, 2, 3, …, n. Then, 
the problem is transformed to the maximization with 
contraint, and formulated as follows :    

Maximize  :  Variance(yj)= aj
TΣ aj 

Constraint :  aj
Taj=1 and cov(ai,aj)=0 for i≠j, 

i,j=1, 2, 3, …, n 
By using the Lagrange multiplier technique, aj is the 
characteristis vector of Σ corresponding to the largest 
characteristic roots j, λj.    

B.  Multivariate Regression  
Multivariate regression analysis is an input-output 

system that transforms p input variables into q 
responses variables, i.e.:  

q responses variables : z1, z2, …, zq  
p predictor variables  : x1, x2, …, xp  

Preprocess : 
1. Consistency checking for 

each rainfall station 
2. Compute the precipitation for 

SOND (Observation and 
GCM data). 

3. Normalization for the 
observation rainfall, GCM 
and SST data (subtracted the 
value by their average and 
divide by the standard 
deviation).  

Start 

SST domain 
selection 

Principle 
component 

analysis to the 
GCM data  

Experiment : 
1. Multivariate Regression  

modeling  
input  :  SST and GCM 
output  :  observational 

rainfall for all  
station combined 
together 

2. lag of SST : lag 3 (June), lag 
2 (July), lag 1 (August).  

3. Validation : 8-Fold cross 
validation 

Observational rainfall 
data 

GCM (18 members 
and   2.8ox2.8o 

resolution 
 

SST 
(June, July, August, 

2ox2o resolution) 

Evaluation 

Stop 

Principle 
Component 

Analysis
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Each respond variable, zi, formulated as follows:  

  z1 = β01 +  β11x1 + … + βp1 xp+ ε1  
  z2 = β02 +  β12x1 + … + βp2 xp+ ε2  
  ……………………………….  
  zq = β0q +  β1qx1 + … + βpq xp+ εq 

For simplify in the mathematical formulation, suppose 
we have r observations, then we have some matrix 
notation:  

⎥
⎥
⎥
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢
⎢
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Z
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⎥
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⎦
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⎢
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rpr

p

p

prx

xx

xx
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X
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1

221
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)1(
 

Whereas, the regression parameters matrix and the error 
matrix are:  

⎥
⎥
⎥
⎥
⎥
⎥

⎦

⎤

⎢
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11211
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Then, the regression model is formulated as follows:  
  rxqxqpprxrxq XZ εβ += ++ )1()1()(  

With some assumptions:  
  0)( =iE ε , and ICov ikki σεε =),( , for i,k:1, 
2, … p 

By using the least of square error (LSE), the regression 
parameters, xqp )1( +β , are formulated as follows, [5]:   

  ZXXX TT
xqp

1
)1( )(ˆ −

+ =β  

Then, the observation could be predict by the formulae 
as follows:  

 ZXXXXXZ TT 1)(ˆˆ −== β  

V. RESULT AND DISCUSSION 
Consistency analysis on 17 rainfall stations in 

Indramayu found that four stations are inconsistent. 
Those stations are Losarang, Indramayu, Bulak 
Kandanghaur, and Tugu. These are indicated by the 
values of F statistics that are greater than the F threshold 
(4.3248) at 95% confidence level as shown in Figure 3.  
 

 

 

 

 

 

 

 

 

Figure 3. Pattern F statistic values for 17 stations. 

More clear illustration of the inconsistencies is shown in 
Figure 4. The figure shows that the SOND rainfall 
inconsistent in 1993-1994. Based on the results above, 
the four stations are not included for further analysis, 
which mean that only 13 stations will be analyzed in 
this study. 

Based on the 3393 grid points of the SST domain, the 
correlation distribution skew to the right (Figure 5).  We 
can see that the number of points in the SST domain 
that has a high correlation is increase started from June, 
July and August.  We put the point with correlation 
greater than 0.4 as the SST domain included in 
downscaling modeling. 
 

 

 

 

 

 

 

 

Figure 4. SOND rainfall pattern for Indramayu station 
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Figure 5. Dotplot of the domain based on the correlation between SST 
with the observation rainfall 

Based on the SST domain which its correlation 
greater than 0.4, and 5x5 GCM data, the regression 
model give the predicted SOND rainfall with similar 
distribution to the one for the true value (Figure 6 and 
Figure 7).  It mean, the model have a good prediction 
for the value around the center.  But for an extreme 
condition, the prediction is to far from the true value.  

However, if we investigate the correlation between 
observations and predicted values, showed that SST in 
June to provide the best prediction model. The 
correlation value is 0.70, 0.57, and 0.59 each for the 
SST in June, July and August, respectively.  One of the 
reasons why the SST in July and August produces 
models that are relatively less good than the model 
yielded by using SST in June is more grid in the SST 

domain included in the model building.  This causes 
increased variability prediction, and ultimately 
correlation between prediction with the observation 
goes smaller. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 6.  Boxplot of the observation SOND rainfall and the 
prediction with PCA 80%, 85%, and 90% 

By determining the correlation of 0:55 as the 
threshold in  selecting the SST domain, SST lag 1 
produces the best model, the correlation between 
observations and predictions slightly above 0.7. It also 
demonstrated with the fact that the regression equation 
between the predictions and the  observations by using 
SST lag 1 looks better (Figure 8) compare with the 
three model before as presented in Figure 7. The 
gradient of the equation closer to 1 (0.97) and the 
intercept closer to 0 (9.15), as presented in figure 8.   
Meanwhile, the gradient for the relationship between 
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analysis 
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predictions and observations for the three previous 
models are 0.87, 0.70, and 0.75, each for SST lag 3, lag 
2 and lag 1, respectively.  And, the intercept are far 
from 0, i.e. 66.14, 147.08, and 112.83, each for SST lag 
3, lag 2 and lag 1, respectively. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 7.  Scattered plot of the observation vs. prediction (SST lag 3, 
lag 2 and lag 1) 

   

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 8.  Scattered plot of the observation vs. rediction (SST lag 1, 
with 0.55 as the threshold of the correlation in the SST domain 

selection) 

VI. CONCLUSIONS 
Based on the experiment, we can conclude several 

things:  

a. SST domain influencing the observations at a 
particular station varies temporally, the smaller 
the lag, the more points in the domain that 
correlates higher with the observation. The 
maximum correlation increase from 0.52, 0.58 
and 0.63, each for SST lag 3, lag 2, and lag 1, 
respectively.    

b. If the SST domain selection using 0.4 as cut of 
point, SST lag 3 (June) give the best model with 
correlation between the observation and the 
prediction is 0.70.  Whereas, the such value are 
only 0.57 and 0.59, each for SST lag 2 and lag 1, 
respectively. 

c. If the cut of point is increased to 0.55, the SST 
lag 1 is the only one that can generate the SST 
domain for further analysis.  The model yielded 
by this domain look better than before.  Its 
correlation is slightly above than 0.7, and the 
prediction more closely to the true value.  

In order to increase the system accuracy, for future 
word, we will focus on the SST selection that 
appropriate to the individual station.     

 

SST Lag 3 (June)

Pred = 0.8741Obs + 65.142
R2 = 0.483

0

100

200

300

400

500

600

700

800

900

0 100 200 300 400 500 600 700 800 900

Observed

Pr
ed

ic
tio

n

SST Lag 1 (August)

Pred= 0.7529Obs+ 112.83
R2 = 0.3445

0

100

200

300

400

500

600

700

800

900

0 100 200 300 400 500 600 700 800 900

Observed

Pr
ed

ic
tio

n

SST Lag 2 (July)

Pred= 0.7016Obs + 147.08
R2 = 0.3234

0

100

200

300

400

500

600

700

800

900

0 100 200 300 400 500 600 700 800 900

Observed

Pr
ed

ic
tio

n

SST Lag 1 (August, domian>0.55)

Pred = 0.9743Obs + 9.1547
R2 = 0.4904

0

100

200

300

400

500

600

700

800

900

0 100 200 300 400 500 600 700 800 900

Observed
Pr

ed
ic

tio
n

ICACSIS 2010 ISSN: 2086-1796

304



 

ACKNOWLEDGMENT 
This research is part of Bogor Agricultural University’s IM-
HERE B2c Project, which is funded by the National 
Government under contract number: 7/13.24.4/SPP/I-
MHERE/2010.  The authors thank to International Research 
Institute (IRI), Columbia University for their permission to 
access the GCM datasets and to BMKG for providing the 
rainfall data. 

REFERENCES 
[1] Wilby, R.L. and T.M.L. Wigly.  Downscaling General 

Circulation Model Output : a Review of Methods and 
Limitations.  Progress in Phisical Geography 21, 4, pp. 530-548, 
1997. 

[2] Wigena, A.H.  Pemodelan Statistical Downscaling dengan 
Regresi Projection Pursuit untuk Peramalan Curah Hujan 
Bulanan : Kasus Curah Hujan Bulanan di Indramayu.  PhD 
Dissertation, Department of Statistics, Graduate School, 
Bogor Agriculture University, Bogor 2006. 

[3] Sutikno.  Statistical Downscaling Luaran GCM dan 
Pemanfaatannya untuk Peramalan Produksi Padi.  PhD 
Dissertation, Department of Meteorology, Graduate School, 
Bogor Agriculture University, Bogor. 2008. 

[4] Boer, R. Metode untuk mengevaluasi Keandalan model 
Prakiraan Musim.  Climatogy laboratory, Departement of 
Meteorology, Facultu of Mathematics and Natural Sciences, 
Bogor Agriculture University Bogor. 2006. 

[5] Johnson, R.A., and D.W. Wichern.  Applied Multivariate 
Statistical Analysis.  Fifth Edition, Prentice-Hall, Inc., New 
Jersey. 1998. 

Agus Buono, graduated Bachelor and Master of statistics from IPB in 
1992 and 1996. Master's and Doctoral degree in Computer Science got 
from University of Indonesia in 2000 and 2009. Currently, he is as 
Lecturer at the Department of Computer Science, Bogor Agricultural 
University. The main research areas of interest are intelligent model 
for climate modeling, intelligent systems for automation control in 
biosystem, speech signal modeling.  
  

ICACSIS 2010 ISSN: 2086-1796

305



Topic
Image Processing & Pattern Recognition



 



Reversible Watermarking Based On Wavelet Transform 
and Utilization of Virtual Border for Storing Original 

Difference 
Nova Hadi Lestriandoko, Ekasari Nugraheni, Taufiq Wirahman, Nuryani, Devi Munandar 

Research Center for Informatics, Indonesian Institute of Sciences 
Kompleks LIPI Bandung, Jl. Sangkuriang-Cisitu No.21/154D Bandung, West Java, Indonesia 40135 

Email: ryan@informatika.lipi.go.id, iin@informatika.lipi.go.id, taufiq@informatika.lipi.go.id, 
nuryani@informatika.lipi.go.id, devi@informatika.lipi.go.id  

 
Abstract— Reversible watermarking is a 

watermarking technique that has a special feature to 
restore the original image. It is usually used to protect 
the image from tampering and usually used in some 
specific domain that any loss on images are not allowed, 
like in medical and military images.  In this method, 
watermarking can be done by embedding a watermark 
in the wavelet transform coefficient using LSB. The 
reversibility can be obtained from adding virtual border 
to store the last bit of original difference. The 
authentication is needed to ensure the image 
authenticity. Our experimental results shows that the 
using of virtual border to store the last bit original 
difference and wavelet transform to embed the 
watermark can make a small changes and a better 
image quality on watermarked-imaged.  

I. INTRODUCTION 
Digital watermarking for multimedia has become 

one of the widely used digital image protection. 
Digital image have some characteristics like digital 
data. These are easily to copied, easily distributed and 
changes that are not easily perceived by some human 
visual system [1][3]. Digital watermarking techniques 
can be used to protect digital image especially related 
to information hiding, issues of ownership and 
copyright and the issue of forgery [2]. Digital 
watermarking can be defined as a process that embeds 
data called a watermark, tag or label into a 
multimedia object such that watermark can be 
detected or extracted later to make an assertion about 
the object [4]. 

Watermarking can be classified by various 
categories [4]. According to the robustness, there are 
two watermarking techniques: fragile watermarking 
and robust watermarking. The using of these methods 
depends on the objectives. If we want to protect the 
authenticity of image, we use fragile watermarking. If 
we want to add the copyright or ownership in the 
image, we can use robust watermarking that can 
counter the non-malicious attack and malicious attack. 
According to working domain, watermarks can be 
applied in spatial domain and frequency domain [1]. 
In spatial method, watermark is inserted into the 
image pixels. The advantage of this method is cheap 
(fast) and its disadvantage is fragile to image 
manipulation. LSB (Least Significant Bit) and 
Bender-Nikolaidis-Pitas are example for 

watermarking method in spatial domain. More robust 
method for watermarking can be improved in 
transform domain. In this method, watermark is 
inserted into transform coefficient (frequency for the 
example). Watermarking method in transform domain 
is usually used are DFT (Discrete Fourier Transform), 
DCT (Discrete Cosine Transform), and DWT 
(Discrete Wavelet Transform). This transform domain 
watermarking is robust to cropping manipulation and 
geometry operation (scaling, rotation, or shifting). 

There were much wavelet implementations until 
now. Tian [3] embeds a watermark in the expandable 
wavelet coefficient that was defined before. This 
technique needs lossless compression to store the 
location map. The using of MSB give a significant 
change, even the human visual can not perceive the 
difference. Liang [5] proposed the using of histogram 
modification in integer wavelet transform domain. 
Chang-Tsun Li [17] proposed the fragile 
watermarking scheme using  XHHL subband wavelet 
coefficient. This technique is sensitive to all kinds of 
manipulations and has the ability to localize the 
tampered regions. The others proposed wavelet based 
watermarking are Al-Hunaity et al[6],  Woo et al [7], 
and else. 

In this paper, we proposed a fragile watermarking 
method in the wavelet transform domain, especially 
using LSB of wavelet transform coefficient, to protect 
the image authenticity. The reversibility can be 
obtained from adding virtual border that has been 
introduced by trichili et al [8], to store the last bit of 
original difference that will be used to embed a 
watermark. This method is similar with our other 
proposed method that stored the original pixel value 
and it’s coordinate. It is more efficient and better in 
PSNR (Peak Signal to Noise Ratio) result. PSNR is 
used to compute the peak signal-to-noise ratio 
between two images. The unit is decibels (dB). It is 
often used to measure quality of original image and 
compressed image [9]. The higher the PSNR, the 
better the quality of image. Before computing the 
PSNR, it needs to calculate Mean Square Error 
(MSE). It represents the cumulative squared error 
between the compressed and the original image. The 
lower the value of MSE, the lower the error [9].  
When the two images are identical, the MSE will be 
equal to zero, resulting in an infinite PSNR [10]. 
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This paper is organized as follows. The related 
works to this paper mentioned in Section II. Our 
proposed watermarking technique including 
watermark embedding and watermark reading are 
presented in session III. Our experimental results are 
shown in Section IV and finally, conclusion is drawn 
in Section V. 

II. DISCRETE WAVELET TRANSFORM 
The discrete wavelet transform (DWT) is 

commonly used for watermarking purposes. The 
basic idea of DWT for one-dimensional signal briefly 
described. The original signal is denoted by x[n] is 
split into two parts, the low pass filter is denoted by 
g[n] and high pass filter is denoted by h[n].  This 
splitting is called decomposition. The edge 
components of the signal are largely confined to the 
high frequency part. The low frequency part is split 
again into two parts of high and low frequencies. [12].  

This decomposition  to further increase the 
frequency resolution and the approximation 
coefficents decomposed with high and low pass filters 
is continued until the desired level is reached. The 
maximum number of levels depends on the length of 
the signal [11].  Figure 1 shows the decomposition is 
represented by a binary tree with nodes representing 
sub spaces with different time frequency localization. 

 

 
Fig 1. DWT for one-dimensional signal 

 
At each level in the above diagram the signal is 

decomposed into low and high frequencies. Due to 
the decomposition process the input signal must be a 
multiple of 2n, where n is the number of levels [13]. 
The outputs of the high pass and low pass filters are 
called DWT coefficients and by these DWT 
coefficients the original image can be reconstructed.  

For Example, the wavelet transform will be the 
average and difference calculation as  
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where li  is the average that represent the g[n] 
function and hi is the difference that represent the h[n] 
function.  

 
Fig. 2 The original image 

 

 
Fig. 3 The example of wavelet transform 

 
Figure 3 shows an example of the 1D discrete 

wavelet transform. The original image, shown in 
figure 2, is high-pass filtered, yielding the three large 
images, each describing local changes in brightness 
(details) in the original image. It is then low-pass 
filtered and downscaled, yielding an approximation 
image [13].  

Most image watermarking schemes operate either 
in the Discrete Cosine Transform (DCT) or the 
Discrete Wavelet Transform (DWT) domain. Several 
reasons indicate DWT domain is more suitable for 
image watermarking than the DCT and other 
transform domain is: 

1. The DWT is very flexible: there are infinitely 
many wavelet filters. The multitude of possible filters 
and filter bank configurations enables highly 
customized processing of individual images. The 
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flexibility in the choice of wavelet filters can also be 
exploited to increase the security of the watermarking 
schemes operating in the wavelet domain [14]. 

2. The DWT offers excellent space-frequency 
localization of salient image features such as textures 
and edges. Specifically, the high-frequency content of 
an image corresponds to large coefficient in the detail 
subbands. Hence, watermark encoders operating in 
the wavelet domain can easily locate the high-
frequency features of an image and embed most of 
the watermark energy there. Such embedding will 
result in implicit visual masking of the watermark 
since the Human Visual System (HSV) has a limited 
ability to detect high frequency signals [15], 

3. The DWT provides superior modeling of the 
HVS. The dyadic frequency decomposition of the 
wavelet transform resembles the pyramid 
decomposition of the hypothetical Cortex Transform 
[16] which models the human visual system. As a 
result, the DWT allows the different perceptual bands 
of the HVS to be excited individually. 

4. The wavelet transform’s multi-resolution 
representation of images facilitates progressive 
transmission of image data and hierarchical decoding 
of nested watermarks. 

5. The wavelet transform is computationally 
efficient. The DWT can be computed in linear time, 
while the DCT has O(n •log n) time complexity. 

 

III. PROPOSED TECHNIQUE 
The proposed reversible watermarking uses the 

wavelet transform coefficient to embed a watermark. 
As known in the wavelet transform, there are two 
basic operations that be used: the differences and the 
averages.  A watermark will be embedded in the last 
bit of difference. The watermarking can be inversed if 
it qualifies as 

 
0≥ih  and  255,0 122 <≤ +ii xx   (3)  

 
The difference and mean can be calculated as formula 
(2) and (1). 

A watermark is formed by hashing of image using 
MD5 function. It produces 128 bits of binary data or 
32 characters of hexadecimal. So, it will be needed 
128 hi to store this watermark. The new difference, 
after adding one bit of watermark, can be calculated 
as  
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From formula (4) above, the new pixel values can be 
found as 

     ⎥⎦
⎥

⎢⎣
⎢ +

+=
2

1'
'2

i
ii

h
lx    (5) 

      ⎥⎦
⎥

⎢⎣
⎢−=+ 2

'
'12

i
ii

h
lx    (6) 

 
Based on theses new pixel values, a watermarked 
image has been created.  

A. Virtual Border 
Virtual border, that is the key of reversibility this 

technique, is a copy of image border that will be used 
to store the last bit of original hi. The human visual 
system won’t detect the difference of image with 
virtual border and image without virtual border. In 
this proposed technique, the horizontal virtual border 
will be used. The adding of virtual border will give a 
change to image size. For the example, the original 
image with a 128 pixels width x 128 pixels height of 
size will have a 128 x 130 pixels of size after virtual 
border adding. 

B. Embedding a Watermark 
There are three main steps for embedding a 

watermark in the image. It is shown in the figure 4. 
These are image hashing, virtual border making, and 
watermark embedding. 

 

 

Fig. 4 Embedding a watermark 

 
The first step is image hashing to get a 128 bit code 
that will be become a signature. It use the standard 
hashing method calling MD5, that has been provided 
by javaTM technologies. The code to hash an image is 
shown below. 
 

        Hashing msgDigest = new Hashing(arrData, "MD5" ); 
        String strDataHex = msgDigest.getHexaOutput(); 
        String strDataBin = msgDigest.getBinaryOutput(); 
        jTextArea1.setText(strDataBin); 
        jTextArea2.setText(strDataHex); 
 

An array of data, it is derived from image’s pixel, is 
used as input for Hashing class. The output is a 
message digest in the binary or hexadecimal format as 
a watermark. The second step is the making of virtual 
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border. Two horizontal virtual borders are applied in 
the original image. The top virtual border is gained 
from the copy of the first image row, and the bottom 
virtual border is gained from the copy of the last 
image row. The third step is watermarking. Before 
watermarking, the wavelet transform coefficient must 
be calculated, the mean and the difference of pixel 
pairing. The calculation must meet the requirement in 
the equation 3. To embed a watermark, the equation 4, 
5, and 6 is used. Last, it must store the last bit of 
original difference that has change. This storing only 
needs 128 bits space. 

C. Reading a Watermark 
There are several steps to inverse watermarking 

method, to get a watermark and to restore it back to 
original image. Not forgotten, the authentication will 
be done at the end of this process. The steps are: 
1. Read the watermark from the image starting from 

the second row until the last row minus one. 
• Calculate the difference of pixel pairing if it 

satisfies the equation 3. 
• The last bit of this difference is a watermark 

2. Restore the original image 
• Read original data from the last bit of horizontal 

image border. 
• Create new image by eliminate the horizontal 

image border. 
• Calculate the difference of pixel pairing if it 

satisfies the equation 3. 
• Override the last bit of this difference with the 

original data. 
3. Authentication 
• Hashing the original image that has been restored. 
• Compare the message digest with the watermark, 

if they are different, the image has been tampered. 
The flow of watermark reading and authentication is 
shown in figure 5 below. 

IV. RESULT 
 The original images used in this paper are in the 
RGB color format and in the “png” file format. The 
images are downloaded from any links shown in the 
table 1. Majorities are medical images. 
 The size of watermarked image will be increased 2 
point in height. It is caused by adding virtual border 
as embedding media. Image signature is generated 
from hashing image using standard hash function in 
the javaTM technology. We use MD5 for experiments. 
The output of this function is 128 bits of message 
digest. 

The storing of original difference is an 
improvement from the method we proposed before 
that has some weakness. In the previous method, it 
has to store all changes of pixel data. The size of 
virtual border sometimes is not enough to store the 
change of pixel data because the size of the change is 
too large. The changed data is formed by coordinate 
pixel and its value in the binary form. The maximum 

space to store it in the virtual border is 6 x image 
width. We assume that each pixel in the virtual border 
can store 3 bit, and an image has 2 row of virtual 
border. For the example, image waterfall with virtual 
border has size 400x302. Row 1 and row 302 are 
virtual border that has 400 pixels for each row. The 
maximum space can be calculated as 400x2x3=2,400 
bits. If the changed data has size more than 2,400 then 
it will not be accommodated and causes the 
watermarking failed. The result of this method is 
shown in the table 2. Watermarking cannot be applied 
into the waterfall image. 
 

 
Fig. 5 Reading a watermark and authentication 

  
The storing of the last bit of original difference is 

more efficient because it only need 128 bits space. It 
can be applied into all of images. The other effect is 
the better image quality. It can be seen in the table 3, 
the PSNR value is bigger than the PSNR value in the 
table 2. 

The example of image watermarking result is 
shown in figure 6 and 7. Figure 5 is original image 
with size 606 x 599 and figure 6 is the watermarked 
image with size 606 x 601. These have PSNR 

ICACSIS 2010 ISSN: 2086-1796

309



87,6518 dB and the sum of differences are 122. The 
images are resized for publication needed. 

TABLE 1 

THE IMAGE SOURCE 

No Filename Source 
1 Bone http://en.wikipedia.org/wiki/File:Nl_

bone_scan2.jpg 

2 Petct http://en.wikipedia.org/wiki/File:Nl_
petct.jpg  

3 Abnl http://en.wikipedia.org/wiki/File:Abn
l_petct.jpg  

4 Saddle http://en.wikipedia.org/wiki/File:SA
DDLE_PE.JPG  

5 Keosys http://en.wikipedia.org/wiki/File:Vie
wer_medecine_nucleaire_keosys.JPG 

6 Brain http://gallery.hd.org/_c/brain_scan/br
ain-scan-orig-DHD.jpg.html  

7 Mri http://en.wikipedia.org/wiki/File:Brai
n_Mri_nevit.svg  

8 Fetal http://gallery.hd.org/_c/medicine/_m
ore2008/_more04/sonogram-human-
foetal-fetal-ultrasound-scan-at-10-
weeks-mono-2-ANON.jpg.html  

9 Head http://en.wikipedia.org/wiki/File:Hea
d-3D.jpg  

10 Waterfall http://www.travelblog.org/Wallpaper/
pix/waterfall_desktop_background-
1600x1200.jpg  

11 Wind http://commons.wikimedia.org/wiki/
File:Windbuchencom.jpg  

 
TABLE 2 

THE PSNR OF WATERMARKED IMAGE  WITH DATA CHANGES 
STORED 

No Filename Size1* Size2** 
sumOf 
Diff PSNR 

1 Bone 593x600 593x602 1154 77.8064 
2 petct 606x599 606x601 992 78.5503 
3 abnl 694x599 694x601 1334 77.8527 
4 saddle 721x600 721x602 1448 77.6696 
5 keosys 800x500 800x502 1130 78.4091 
6 brain 432x538 432x540 1206 75.7673 
7 mri 446x599 446x601 1262 76.1735 
8 fetal 931x624 931x626 1241 79.6195 
9 head 640x496 640x498 1202 77.137 
10 waterfall 400x300 400x302 failed failed 
11 wind 400x301 400x303 1181 73.0145 

*Size of original image    
**Size of watermarked image   

 
 
 
 
 

TABLE 3 

THE PSNR OF WATERMARKED IMAGE WITH ORIGINAL DIFFERENCES 
STORED 

No Filename Size1* Size2** 
sumOf 
Diff PSNR 

1 bone 593x600 593x602 130 87.289 
2 petct 606x599 606x601 122 87.6518 
3 abnl 694x599 694x601 94 89.373 
4 saddle 721x600 721x602 130 88.1379 
5 keosys 800x500 800x502 135 87.6366 
6 brain 432x538 432x540 118 85.8619 
7 mri 446x599 446x601 141 85.6919 
8 fetal 931x624 931x626 143 89.0038 
9 head 640x496 640x498 130 86.7966 
10 waterfall 400x300 400x302 149 81.9908 
11 wind 400x301 400x303 117 83.0551 

*Size of original image    
**Size of watermarked 
image    

 
 

 
Fig. 6 The “petct” original image  

V. CONCLUSION 
There are several conclusions we get from this 

experience. The reversible wavelet based 
watermarking can be used to prevent illegal 
modification of image by authenticate the signature 
with the hashing of original image. The using of 
difference of pixels pairing to embed image signature 
can make a small changes, so it can be used to 
watermark a sensitive image. Based on experimental 
results, the PSNR values are high, that the 
watermarked-images have a good quality. The storing 
of the last bit of original difference is more efficient 
than the storing of data change because it only need 
128 bits space and has better image quality. The 
development of this method is still needed to increase 
the strength and watermarked image quality. 
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Fig. 7 The watermarked image 
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Abstract—In this paper we propose a novel method
based on multiresolution analysis to detect blocking arti-
facts in compressed digital images. Compressed digital
images are prone to coding artifacts that may arise
when images are encoded with generally high compres-
sion ratios. We focus on blockiness distortion which
is considered significant in many block-based digitally
compressed images. In our work, we used Haar Wavelet
Transform to decompose an image and analyze its edge
characteristics. Based on the decomposition, we derived a
framework for detecting blocking artifacts by analyzing
the resulting wavelet coefficients. The experimental result
of our method using LIVE image database will also be
presented.

I. INTRODUCTION

Image compression is one of the most important
part in image processing. Its purpose is to lower the
storage and bandwidth requirements by reducing the
size of the image [1]. This is very essential especially
when we are dealing with video which can be modeled
as a sequence of image. Without compression, video
data can take up a lot of storage and is extremely large
in terms of bit rate.

It is also important that compression method is able
to reduce the storage and bandwidth requirement of
images/video without compromising the visual quality
of the resulting compressed data. A very common
compression method used nowadays relies heavily on
block-based processing using Discrete Cosine Trans-
form (DCT) followed by some lossy compression
techniques such as quantization. Block processing is
used to remove the influence of neighbourhood blocks.
Distortion in the image, such as detail loss, is mainly
due to the lossy part of the compression method or
quantization. Since lossy compression method con-
tribute most to the reduction of image/video bit rate,
distortion in the image is an unavoidable tradeoff
for any compression methods. In a DCT-based JPEG
encoding the distortion commonly comes in form of
blocking artifact [1], [2].

Image quality assessment method can be used to
evaluate image compression technique. A good com-
pression method will not only reduce the size of the
image but also maintain the quality of the compressed
image. A priori knowledge of the coding and the
distortions that may have been introduced to the im-
age/video signal by the coding process is critical in the
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Fig. 1. (a) Basic Astep edge structure, (b) Basic Roof edge structure

quality evaluation method. Thus, a blocking artifact
detection scheme will have a very important role in
helping quality assessment process.

In this paper, we present a novel method to detect
the blocking artifacts in compressed digital images.
Using edge classification method proposed by [3], we
modeled the blocking distortion as a certain type of
edge structure (Astep edge structure in [3]) having a
low-to-moderate intensity variations. We observed that
when we apply the Sobel operator to detect the edge
of the image, this particular type of edge structure will
transform into another type of edge structure, namely
Roof edge structure[3], also having low-to -moderate
transition. The Roof edge structure in the edge detected
image can be used to characterize blocking artifacts
in the block-based compressed digital image. Figure
1(a) and 1(b) illustrate a basic Astep and Roof edge
structure respectively.

Our proposed method is based on Haar Wavelet
Transform that was originally used in [3] for blur as-
sessment of digital image. By using a similar principle
that was introduced in [3] we successfully modify the
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algorithm so that it can be used for detecting blocking
artifacts in compressed digital image such as those
encoded with JPEG coding.

This paper is organized as follows. Section I pro-
vides the reader with some basic introductions and
overview of our method. Section II reviews some
of previous works related to ours. In Section III we
will describe our proposed method. Section IV gives
the detailed experimental results of our experiments.
Finally, in Section V we will give some conclusions
and describe any possible future works that can be
conducted with regard to our method.

II. RELATED WORKS

Blocking is typically found in the JPEG coded im-
ages as well as in most block-based video compression
systems such as H.263 or MPEG-2. It is characterized
by the visibility of the underlying block structure in
the encoding process as a result of coarse quantization.
Blockiness appears as visible discontinuities at the
boundary of adjacent blocks of 8 × 8 pixels, as well
as sudden intensity changes in uniform region. For
example, such artificial block boundaries might appear
in the images at low bit rates. It often appears due
to coarse quantization of spatial frequency compo-
nents during encoding as well as the absence of low
frequency AC components. To measure the degree
of the degradation, various blockiness quantification
methods have been proposed either in spatial domain
or frequency domain. Spatial domain mostly relies
on prior knowledge of DCT boundaries; without this
prior knowledge, the method would fail to function
properly. The downside of using such a spatial domain
calculation is the sensitivity of the method to the DCT
boundaries; any spatial misalignment must be compen-
sated prior further processing, thereby increasing the
complexity of the model. Frequency domain methods
get around this problem by exploiting the pseudo-
periodic nature of blockiness to remove its dependency
to spatial offset of blocking artifacts. However, many
of these methods still rely on the full availability of the
original (reference) image. It is therefore interesting
to see whether we can use a different approach in the
absence of any references whatsoever.

Previous research on blocking artifacts detection in
images using the frequency domain approach has been
reported in [1] which modeled a blocking image as
a non-blocking one interferenced with pure blocking
signal. By checking the image indepedently in both
vertical and horizontal direction, [1] modeled an im-
age as 1-D signal and used the FFT (Fast Fourier
Transform) to help detecting the blocking artifacts in
image. In [4], a perceptual approach was proposed
by measuring local characteristics of the image in
spatial domain and incorporating a HVS system. Both
methods measure the blocking artifacts as a metric to
calculate the blockiness score without finding the exact
location of the blocking artifact in image.

Another approach proposed in [2] uses DCT ap-
proach modeled with Laplacian probability function
and measure the relative quantization error. However,
this model may be rather difficult to be integrated with
human visual masking system to model the perceptual
blocking artifact detection.

In this paper, we present a wavelet-based model
for detecting blocking artifacts in image and pinpoint
their locations on the image. Our method can be
easily integrated with HVS properties, such as texture
masking, which is used for removing some of the
blocking edges visually masked by strong textured
edges; this is also known as spatial masking effect.
Our system incorporates the basic principles described
in [3] which was originally used for blur assessment
of digital images.

III. PROPOSED METHOD

In JPEG images, an encoding process causes the
loss of detail corresponding to the high frequency
component in the image due to lossy quantization
process. A heavily compressed image usually has
no detail or a very low detail. A JPEG encoding
process also incorporate a distinct 8x8 blocks process
in the image. This will cause the information from
other blocks disappeared. Thus blocking artifacts will
usually happen due to above-mentioned cause. For a
JPEG encoded images we can assume that a blocking
artifact will commonly happened in a 8x8 block in
image.

A blocking artifact can be modeled as Astep edge
structure [3] with low-to-moderate transition in intensi-
ties. We observed that when an edge detection process
is applied to the image, the Astep edge structure will
transform into Roof edge structure. By observing this
properties, it is possible to perform an edge structure
analysis using Haar Wavelet Transform [3] to char-
acterizes this kind of edge structure in digital images
which represent a blocking artifact. Thus, an algorithm
for detecting blocking artifact in an digital image can
be derived using this type of analysis.

Unfortunately, in a natural image, the structure of
the edge in a block can be very varied. Therefore
it is more comfortable to do the detection process
using the edge of the image. We can achieve this
by applying Sobel operator to the original image and
compute the intensities then convert the intensities into
a 8-bit grayscale image.

The Sobel operator [5], each for horizontal and
vertical direction, are :

Hoperator =

−1 0 1
−2 0 2
−1 0 1

 (1)

Voperator =

 1 2 1
0 0 0
−1 −2 −1

 (2)
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The intensities of the edge image is computed using

E(i, j) =
√

Gx(i, j)2 + Gy(i, j)2 (3)

where Gx (i , j ) are the intensities of the images after
applying the horizontal operator and Gy(i , j ) are the
intensities of the images after applying the vertical
operator.

We can easily classify the low-to-moderate edge
point in the image which corresponds to the blocking
artifacts. A strong edge will usually hides the blocking
edge from human vision due to its characteristics.
Therefore, a masking to a strong edge and its vertical
neighbourhood is mandatory before the algorithm are
applied. The masking process, in our algorithm, will
also mask three pixels in both direction of vertical
neighbourhood of the corresponding pixels.

We observe the characteristics of 2-Dimensional
basic Astep and Roof edge structure to characterized
the blocking edge in images. From our observation,
a blocking edge will have a very low minimum dif-
ference in Emaxi matrix [3] at each level of decom-
position. Above-mentioned characteristics can be used
to classify blocking area in digital images. Note that
for detecting blocking artifacts, the detail coefficients
used for constructing the edge map are the horizontal
(H) and the vertical (V) detail coefficients, different
from [3] which use horizontal, vertical, and diagonal
(D) detail coefficients for constructing the edge map,
which shown by the following equation:

Emap(k, l) =
√

H(k, l)2 + V (k, l)2 (4)

This is due to a basic principles that a blocking
artifacts will not exists in a diagonal direction.

A concern lies in textured structures in images.
From our observation and experiments, we found that
several textures in images, such as ripples from the
ocean or sea, can have a similar characteristic as a
blocking edge due to its randomness. This can lead to
detection error. Our method uses the help of entropy of
a block to classify a texture structure from an image.
The entropy itself was derived using histogram of the
block. A texture structure in a block will usually have a
higher entropy compared to a blocking edge in a block.
The characteristics of the textures itself is similar to
a strong edges in terms of hiding the blocking edge
from the visibility of human eyes.

By using entropy, we can differentiate textured
area from edge images. Note that in common JPEG
encoding, the size of the block is 8x8, so we will
perform the texture detection using 8x8 pixels block
to increase the accuracy whilst supressing the error
in classifying. We then used an additional 8x8 pixels
block as masking grid for texture detection which is
shown in figure 2. The block entropy will be calculated
after all the pixels in block boundary is zeroed. This is
due to principles that a blocking edge will commonly
incorporate the position X in the masking grid. The
block boundary is represented as X in figure 2. A

X X X X X X X X
X O O O O O O X
X O O O O O O X
X O O O O O O X
X O O O O O O X
X O O O O O O X
X X X X X X X X

Fig. 2. 8x8 masking grid

Edge DetectionBlocked JPEG Image Strong Edge Masking

Texture Masking
Compute 3-Level 

Haar Wavelet Coefficient
Calculate Emax Matrix

Measure the Difference

between Emax in each level

decomposition

Classify Flat Area Classify Blocked Area

Fig. 3. Block Diagram of Wavelet Based Blocking Detection
Algorithm

threshold for the entropy can be used to differentiate
textured area.

The entropy itself is calculated from the histogram
of the block using

E = −
∑

p(I) ∗ log2p(I). (5)

where p(I ) is the normalization of number of non-zero
intensities distribution to total number of pixels in the
block.

Flat area is also a concern because it can also have
a minimal differences which can be falsely detected as
a blocking area in the algorithm. However usually in a
flat area, based on our observation, the Emaxi matrix
will have a very low value in all level of decompo-
sition. A flat area can be identified by measuring the
very low Emaxi value that below a certain threshold.

A block diagram of our algorithm is shown in figure
3. Our detailed algorithm is as follows :

1) For a color image I, convert to grayscale image
L, apply Sobel Operator to detect the edges
intensities of the image. Convert the intensities
into a grayscale image representing the edge
image E.

2) Define a strong edge threshold, flat area thresh-
old, entropy threshold and blocking edge differ-
ence threshold.

3) Set all of the edge intensities above the edge
threshold to zero along with its vertical neigh-
bourhood about 3 pixels.

4) Perform texture masking using entropy in a 8x8
block size to remove texture from the edge image.

5) –Optional, perform median filtering to remove
final noise after texture masking.
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6) Compute the 3-Level decomposition of the edge
image using Haar Wavelet Transform.

7) Compute the edge map at each level of de-
composition using horizontal and vertical detail
coefficient.

8) Derive the Emax(edgemax) matrix from local
maxima of the edge map at each level of de-
composition. At level 1 use 8x8 window, level 2
4x4 window and level 3 2x2 window. With this
size of window, an Emax value will correspond
to 16x16 block in the original image.

9) Calculate the difference between Emax level 1
and 2, level 2 and 3 and level 1 and 3.

10) Calculate the minimum difference between Emax
at different level.

11) Construct binary mask F for flat area. Mark the
mask as 1 when Emax at level 1,2, and 3 are
below the flat area threshold (Flat Area).

12) Construct binary mask B for blocking area.
Mark the mask as 1 when the minimum differ-
ence between the corresponding Emax are below
the blocking edge difference threshold.

13) Perform logical AND between F and B to con-
struct the final mask M.

14) Expand mask M for mapping to the original
image.

15) Mask the original image using expanded mask
M.

The minimum comfortable block size for detection is
16x16, corresponding with Emaxi [3]. This is due to
characteristics of blocking artifacts in most of JPEG
image will happen in every 8x8 grid.

IV. EXPERIMENTAL RESULT

We tested our algorithm using LIVE JPEG image
database release 2 [6]. Our algorithm has shown
satisfying results with a considerable low error rate.
Main cause of error is due to some misclassification
of textured area as a blocking edge. We test every
233 images in LIVE JPEG Image Database Release
2, ranging from less blocked image (good quality)
to heavily blocked image (bad quality). To support
our argument, we also tested our algorithm using
228 images of LIVE JPEG2000 Image Database. The
image encoded with JPEG2000 encoding will likely to
have blur distortion, with low or almost no blocking
artifacts. If we tested our algorithm to JPEG2000
images, since there are almost no blocking artifacts
are present, the algorithm should be able to clarify
this. From our test, our algorithm successfully clarify
above-mentioned arguments as expected.

We need to define the parameters for our algorithm,
which are edge difference threshold, flat area thresh-
old, strong edge threshold and entropy threshold. We
run our test with edge difference threshold 20, flat area
threshold 15, strong edge threshold 150, and entropy
threshold 0.25. The result can be varied through this
parameter. However, from our observation, the best

result is achieved using several parameters mentioned
above.

An example of our detection to blocking images
taken from LIVE JPEG Image Database Release 2 are
shown in figure 4(a), 4(b), 5(a), 5(b), 6(a), and 6(b)
respectively.

Figure 4(a) shows original ”Lighthouse” image
taken from LIVE JPEG Image Database Release 2.
On the figure, we circled some of the blocking area
we interpret visually with red color while we cir-
cled the some of flat area in the image with yellow
color. Note that our algorithm assume a blocking
area as a boundary between two ”blocked” different
color. Usually a flat area will follows some blocking
area. Our algorithm will not consider flat area as
a blocking area. Figure 4(b) illustrate the blocking
artifacts detected, circled with red, in the image using
our algorithm. We can clarify that the location of
blocking artifacts detected using our algorithm, which
is represented as the non-black area in the image,
correlate well with our perceived view. Figure 4(c)
shows another ”Lighthouse” image taken from LIVE
Image Database Release 2. However, the image was
taken from JPEG2000 database which encoded with
JPEG2000 encoding. The image will likely to have
distortion in forms of blur instead of blocking artifacts.
Our algorithm was able to clarify this, illustrated in
figure 4(d) which almost no area detected in the image
as blocking artifacts. However there are still minor
misclassification error, shown in figure 4(d) which are
circled with white color.

Another example using ”Parrots” image was given
in figure 5(a) and figure 5(b). Figure 5(a) shows the
original ”Parrots” image with blocking artifact taken
from LIVE JPEG Image Database Release 2. We also
circled some of blocked area we interpret visually
with red color while we circled some of the flat
area we identified in the image with yellow color.
The detected blocked area are shown in figure 5(b)
and some are circled with red color. Again, we can
clarify this visually using our perceived view. For
comparison, figure 5(c) shows another original blurred
”Parrot” image taken from LIVE JPEG2000 Image
Database. Figure 5(d) show the detection result from
our algorithm. Again, we can clarify our argument
that our algorithm was able to distinguish blur and
blocking artifact properly with a very low error rate.
White circle area shown in figure 5(d) locate the
misclassification error. Another case is illustrated in
figure 6(a) and 6(b) which is the original ”Cap” image
taken from LIVE JPEG Image Database Release 2 and
the detected blocking area from our algorithm. Figure
6(c) and 6(d) illustrate another original ”Cap” image
taken from LIVE JPEG2000 Image Database Release
2 and the detected blocking area of original image
respectively. We present the latter as a comparison to
support our argument.
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(a) (b)

(c) (d)

Fig. 4. (a) Original Image (taken from LIVE JPEG image database), (b) Detected Blocking area of (a), (c) Original Image (taken from
LIVE JPEG2000 image database), (d) Detected Blocking area of (c) - Experiments 1 using ”Lighthouse” image. Red circle represent some
of blocking area in (a) and some detected blocking area in (b), while yellow circle represent some of flat area in (a). Red circle in (c)
represents some of blurred area interpreted visually, while white circle represent some of misclassification error occured in (d)

V. CONCLUSION AND FUTURE WORKS

In this paper we discuss the algorithm for detecting
blocking artifact in digital images using Haar Wavelet
Transform and edge structure analysis. Experimental
results taken from various compressed image using
JPEG2000 and JPEG encoding from LIVE image
database show a very satisfying result with low error
rates. Some improvement is still open to improve
the performance and efficiency of the algorithm since
some of the process in the algorithm incorporate a
complex computation, especially in texture masking
that involves entropy calculation. A future research can
also be conducted to measure the metric of blockiness
in a digital images for objective quality assessment. By
integrating a HVS masking system to this algorithm, a
perceptual objective quality assessment can be derived.
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(a)

(b)

(c)

(d)

Fig. 5. (a) Original Image (taken from LIVE JPEG image database),
(b) Detected Blocking area of (a), (c) Original Image (taken from
LIVE JPEG2000 image database), (d) Detected Blocking area of (c)
- Experiments 2 using ”Parrots” image. Red circle represent some of
blocking area in (a) and some detected blocking area in (b), while
yellow circle represent some of flat area in (a). Red circle in (c)
represents some of blurred area interpreted visually, while white
circle represent some of misclassification error occured in (d)

(a)

(b)

(c)

(d)

Fig. 6. (a) Original Image (taken from LIVE JPEG image database),
(b) Detected Blocking area of (a), (c) Original Image (taken from
LIVE JPEG2000 image database), (d) Detected Blocking area of (c)
- Experiments 3 using ”Caps” image. Red circle represent some of
blocking area in (a) and some detected blocking area in (b), while
yellow circle represent some of flat area in (a). Red circle in (c)
represents some of blurred area interpreted visually, while white
circle represent some of misclassification error occured in (d)
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Abstract—In recent years, the research on eye 
detection has attracted many researchers to 
develop eye detection based applications. 
Simultaneously, the systems which are adaptive 
with environmental circumstances such as 
changing illuminations, low illumination intensity, 
etc, are essential to be developed. This study, thus, 
proposed a method to improve the performance of 
eye detectioning systems by introducing a filtered 
algorithm obtained from the experiment.  Several 
face images which have different conditions were 
first captured by webcam and were then used to 
evaluate the performance of the proposed method. 
The result showed that the proposed method gave 
better accuracy rate for detecting eye location than 
the conventional approach. 

I. INTRODUCTION 

ye detection is one of many attractive research in 
the area of computer vision and pattern 

classification. Currently, there are several applications 
which use eye as information, such as biometric [1, 2], 
HCI (Human-Computer Interaction) [3, 4], driver 
fatigue detection [5, 6] and e-learning [7, 8].  

Eye detection also plays an important role in 
eye-gaze tracking systems. To detect eye-gaze first the 
system has to locate the users eye. Failure in this step 

 
 

will make the system unable to track the user’s 
eye-gaze and will affect the accuracy of this system. To 
do so, robust eye detecting systems are required to be 
developed for tracking eye-gaze. Some researchers 
have attempted to develop several approaches to solve 
the problem in hand [9-11]. And based on the literature, 
the eye detection methods can be classified into 3 
categories, i.e., template-based methods [20, 21], 
feature-based methods [22] and appearance-based 
methods [23]. 

Among of the several approaches, this study focused 
on evaluating and improving the eye detection 
algorithms proposed by Joanie Li et. al. [11] and 
Abdulhossein Fathi [12].   In the papers, first a skin 
color detection to find the area of the face was 
performed. Then to detect the eye, Joanie Li [11] 
proposed a gray-level and gradient integral projection 
method while Abdulhossein Fathi [12] proposed the 
use of binarization and eye variance filter to locate the 
eye.  However Joanie Li’s method [11] suffered with 
changing illuminations if the area of the face has 
different illuminations while Abdulhossein Fathi’s 
method has low detection rate in low intensity image. 
Thus, in this study, the filtered algorithms and the new 
parameters were then developed to improve the 
performance of eye detection. 

The rest of the paper is organized as follows.  
Section II will describe the proposed method in this 
research. Section III will describe the experiment 
conducted. The results of experiments and its analyses 
will be given in Section IV. Finally the conclusion will 
be given in Section V. 

II.  METHODOLOGY 

A. Face Detection 
In this system, the video images were first captured 

by web camera. The obtained images in RGB color 
space as shown in Fig. 3a were converted to the YCbCr 
color space and HSV color space. The transformation 
formulas from RGB to HSV and RGB to YCbCr are 
described in Eq. 1 and Eq. 2, respectively. 
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Fig. 1 Skin pixels plotted in HS-space. Hue (H) being the angle 

and range of Saturation (S) is from 0.0 to 1.0 
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The face detection method was then performed 
before the eyes locations were detected. In this study, 
skin color information proposed by Joanie Li, et. 
al.[12] was adopted to detect the face detection .  
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The threshold values of Hue (H) and Saturation (S) to 
extract the skin color from HSV image is described as 
below. 
 

6°< H < 36°& 0.0 < S < 0.3 ……….. (3) 
 

In this study, the threshold values of Saturation (S) was 
derived from experiments while the Hue (H) values 
was obtained based on skin color analysis proposed by 
Jamie Sherrah and Shaogang Gong [13]. The range of 
human skin color information was shown in Fig. 1. 

In the YCbCr color space, skin-region pixels exhibit 
chrominance similarity across different human race. 
Skin color is shown in certain clusters in the YCbCr 
space [14-15]. Dual-space and skin color model can be 

derived from the values of Cb and Cr. Thresholding 
values of Cb and Cr which was used in this method is 
shown below. 

132 < Cr < 165 & 115 < Cb < 125 ……… (4) 
 
The range can be adjusted accordingly, depending 

on the experiment which is performed. The parameters 
range shown in Eq. 4 has been tested in experiments 
and the results show that the range is robust for 
conditions in which image have significant intensity 
difference.  

The overall process of eye detection was shown in 
Fig. 2, in which Fig. 2b, Fig. 2c, and Fig. 2d showed the 
difference between the conventional method and the 
proposed method, respectively. 

This study extracted the skin color on input image 
from combination of HSV and YCbCr color spaces as 
shown in Fig. 3b. By using the morphological 
operations, the numbers of candidate regions were 
reduced to find the face area and then the facial skin 
component was obtained. This method was designed 
for eye-gaze tracking system where the input was 
limited for one face only. Hence, this study assumes 
that the face is the largest skin area which will be 
extracted from Fig. 3b. Morphological operation was 
then implemented to the extracted skin area as shown 
in Fig. 3c.   

Measurement left and right boundary of face was 
applied by calculating the x-projection of face region in 
Fig. 3c. Then height of the face is calculated by using 
ratio of width-height (1:1.2), as described in [12]. The 
result of face detection is shown in Fig. 3d.

a) b) d) c) 
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eye region
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Find the best 
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Fig. 2 Block diagram of conventional method and proposed method: a) face detection;  b) eye detection of conventional 
method 1 [11]; c) eye detection of conventional method 2 [12]; d) eye detection of proposed method 
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B. Proposed Eye Detection 
Before applying the binarization process, a 

Gaussian-like filter was employed to filter the 
grayscale face images. Applying this filter makes the 
system quite robust even in different light conditions. 
The transfer function of a Gaussian-like filter is given 
by 
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where σ is the standard deviation. However, in this 
study we set σ = 0.4 for every case of illumination 
conditions. This filter will enhance the brightness of 
face image so that the low-intensity regions (i.e. iris, 
eyebrow, hair) and high-intensity regions (i.e. face) 
can be separated easily as shown in Fig. 4a. Then, 
simple binarization process was applied to extract the 
eye candidates with threshold value th = 1. The result 
of this process was illustrated in Fig. 4b.  

Based on the assumption that the shape of a human 
face is elliptical, this study then employed elliptical 
filter to generate the previous result. The purpose of 
this operation is to eliminate other eye candidates 
which might appear caused by background image 
conditions. The result of elliptical filter processing is 
shown in Fig. 4c. 

A labeling procedure is applied to recover the 
number of connected components in the binary image. 
To find the eye candidates, filtering unlikely eye pair 
is applied. This procedure is based on the computation 
of six parameters for each components pair: the width 
and height of each of the two components and the 

    
 

 
Fig. 5 Face and eye location image 

 
horizontal and vertical distance between the centroids 
of two components.  

To construct the unlikely eye pair filter, this study 
uses 50 face images with different orientations from 
different persons as a training image set, the ratio 
between the face width and the component pair was 
then calculated according to these images. In some 
cases, a pair of eyebrow was also detected as a pair of 
eye candidate. When faced with such condition, the 
system will then select a candidate which has a 
position under the other candidate. The result of this 
operation is shown in Fig. 4d and the example result of 
a detected pair of eye is shown in Fig. 5. 

III. EXPERIMENTAL RESULTS 
The system was developed and evaluated using 

MATLAB 7.1 on Windows XP PC running with an 
Intel Pentium IV 2.8 GHz processor and 1.5 GB 
RAM. Sample videos were captured with Logitech 
web-camera C600 at 15 frames per second with size 
320 x 240 pixels. Each video has 200-300 frames.  

In order to measure the detection accuracy rate, all 
the participants were seated in front of the computer, 

Fig. 4 Illustration after face detection: a).output of 
Gaussian-like filter; b) binary face image; c) after 
masking with elliptical filter; d) eye candidate 

a) b)

c) d)Fig. 3 Illustration of face detection procedures: a) RGB image; 
 b) skin region; c) detected face region; d) detected face 

a) b)
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approximately 40 cm away from the camera. The 
participants were also asked to act naturally but were 
instructed not to make sudden head moves. 

 Experiments show that the average detection rate 
of proposed method is approximately 96.75% while 
conventional method 1 only achieved around 79.5% 
and conventional method 2 only achieved around 
88.75%. Fig. 6 showed the performance of the 
conventional and the proposed approach.  Fig. 6a and 
6b showed that the conventional and the proposed 
approach succeeded in detecting the eye location. 
While Fig. 6c and 6d indicate that the conventional 
approach failed to detect the eye location but the 
proposed approach successfully detected the eye 
location. 

To evaluate the proposed system robustness, this 
study divided the illumination conditions into four 
cases: uniform illumination, non uniform illumination, 
bright condition, and dark condition as shown in Fig. 
7.  

From the experimental results as shown in Fig. 8, 
the proposed method was quite robust to detect eye 
locations, even if subjected with different illumination 
conditions. This shows that the proposed method 
achieved better detection rate if compared to the 
conventional methods. Fig. 8 also indicate that even 
under dark condition, the performance of the proposed 
method is up to 90.5%, while the conventional method 
1 and conventional method 2 were just able to reach 
around 18% and 71.5% of eye detection rate. Based on 
the results, the proposed method was able to detect the 
eye location in various lighting conditions with 
detection rate up to 90%.  

IV. DISCUSSION 
This study is attempting to detect eye location by 

introducing a filtering algorithm and new parameters 
set. Based on the results, the proposed method was 
able to detect successfully the eye location in various 
lighting conditions. The proposed method can still 
detect user’s eye location even when the users move 
gradually. However, sudden movement generated a 
poorly detection performance. 

The proposed system also failed to detect eye 
location if the image input meets condition as 
described in Fig. 9, i.e., blur image (Fig. 9a), a 
narrow-opening eye (Fig. 9b), skin color-likely 
background (Fig. 9c), and shadow on eye (Fig. 9d). 

 To overcome this problem, a webcam with high 
resolution and high frame rates is suggested to be 
used. 
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Fig. 8 Detection rate in four illumination condition. 

 

a) b) c)

d) e) f)

Fig. 7 Video sample in various illumination conditions: 
a) uniform illumination; b) non uniform illumination; 
 c) bright condition; d) dark condition 

a) b)

c) d)

Fig. 6 Example result from conventional method and proposed 
method: a) ,b), c) conventional method and proposed method 
succeed detect eye; d), e) conventional method failed detect eye; 
f) proposed method succeed detect eye 
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V.     CONCLUSION 
This paper has proposed eye detection method by 

verifying each eye separately based on skin color face 
detection and eye localization with Gaussian-like 
filter. By using this filter, illumination changes will 
not affect to the result of the binarization and eye 
candidate still can be extracted from grayscale image. 
Based on the results, the proposed method showed a 
robust performance even under various illumination 
conditions.  

However, this method failed to detect eye in some 
condition, such as, fast movement, narrow-opening 
eye, and skin color-likely background that include 
input image. More robust eye detection algorithm 
should be further developed 
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Abstract—Forensic identification can be 

conducted by analyzing parts of human body, 

especially those organs that are not easily 

destroyed, or decayed due to certain condition 

such as fire, natural disaster, etc. One of them that 

is suitable for identification is tooth. Generally, 

forensic scientists manually compare tooth sample 

of postmortem to that of ante mortem by 

recognizing tooth features and manually match 

them. This technique needs time and human 

expertise. This paper proposes an automatic dental 

classification based on dental radiographs. The 

method proposed consists of two steps. Firstly, we 

perform dental radiograph segmentation in order 

to extract each single tooth in the radiograph. 

Secondly, we classify each single tooth into one of 

two cases, i.e. Molar and Premolar. Our support 

vector machine based classification achieved an 

average accuracy rate of 82.25%, increasing from 

our previous research which used the k-Nearest 

Neighbor (k-NN) and achieved 74.67% of average 

accuracy rate.   

I. INTRODUCTION 

UMAN identification is needed for identifying 

victims of natural disaster or massive tragedy 

such as bombing, fire, etc. More than fifty percent of 

the Bali bombing victims in 2002 have been 

successfully identified using teeth data [1]. Moreover, 

about 2/3 of Garuda Airline crash victims in 

Yogyakarta have also been successfully identified 

using teeth [2]. 

Teeth are parts of human organ that are not easily 

decayed, located inside mouth and thus they are more 

protected from decaying after human’s death. Teeth 

will get rotten on 200 Celsius degree and will become 

ash on 450 Celsius degree [3]. Therefore, teeth based 

identification is one of reliable tools for identification. 

In addition, it is impossible that there are two 

people whose teeth condition are identical, because 

the probability that two people have identical teeth 
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condition is only one out of two million [3]. On 

average, human has 32 teeth; each tooth has five 

surfaces, meaning that inside a mouth there are 160 

tooth surfaces with various conditions.  However, 

manual matching of ante mortem with post mortem 

data needs time and some expertise.  

Identification using teeth can be automated by 

applying existing image processing and artificial 

intelligence techniques on dental radiographs [4]. 

Instead of manually match the victim’s dental 

radiographs with the ante mortem data; we automate 

the identification process using dental segmentation 

and classification.  

There are three kinds of dental radiographs: 

bitewing, panoramic, and periapical. In literatures [5-

7], bitewing images are usually used for identification. 

However, in this paper, we tested our method to 

panoramic radiographs.  

Automated dental based identification consists of 

extracting dental features and feature matching itself. 

In this paper, the dental feature used for identifying 

human is the arrangement of Molar and Premolar 

teeth. In order to have this arrangement, we have to 

classify each tooth in a radiograph into Molar or 

Premolar. But first, we have to extract the tooth using 

several image processing techniques. One of them is 

image segmentation.  

The rest of the paper is organized as follows. 

Section 2 gives an explanation of the segmentation 

process used in this research. Section 3 explains about 

the classification process. Experimental work on our 

test images is described in Section 4. In Section 5, we 

present the conclusion and future works. 

II. DENTAL RADIOGRAPH SEGMENTATION 

Segmentation is the crucial process in identifying 

person using dental radiographs. This process aims to 

extract each tooth image presented in a radiograph. 

High accuracy segmentation process will increase the 

whole performance of the identification system.  

In this paper, we use the following steps for the 

segmentation: 

1. Normalization 

This step aims for equalizing the brightness 

level so that there is no pixel that has very 
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high intensity level compare to its neighbors. 

This usually happens to dental fillings. 

2. Contrast enhancement 

Generally, dental radiographs have low 

contrast. In order to facilitate process of 

tooth separation with the background, we 

increase the contrast using morphological 

operation and top-hat and bottom-hat 

operator [8]. After that, we perform local 

histogram equalization which is called 

Contrast-Limited Adaptive Histogram 

Equalization (CLAHE) [8]. 

3. Binarization 

This step will produce the tooth object 

separated from its background. In this paper, 

we use the Otsu thresholding for binarization 

[8]. In order to remove noise, we perform 

image smoothing afterward. 

4. Tooth separation 

This step aims for extracting single tooth in 

the radiograph. There are two stages in 

separating teeth in dental radiographs, i.e. 

separating maxilla and mandible, and then 

separating teeth in the same side (maxilla or 

mandible). The first stage involves the 

horizontal integral projection (HIP) method, 

whereas the second stage involves the 

vertical integral projection (VIP) method [9]. 

III. MOLAR AND PREMOLAR CLASSIFICATION 

In this paper, the classification machine used is 

two-class classifier. This is because we want to 

classify each tooth extracted from the segmentation 

process into two classes, Molar and Premolar.  

A. k-Nearest Neighbor (kNN) 

kNN is the simplest classification method which 

can be used for binary classification problem. This 

algorithm classifies objects based on closest training 

data [10]. Given an object to be classified o, and a 

positive integer k, we would like to classify o into the 

class most common amongst its k nearest neighbors. 

The training phase consists of storing the feature 

vectors and class labels of the training data. In 

classifying a tooth, we use its area and ratio as the 

feature vector. The class labels have been collected 

from an expert.    

B. Support Vector Machine (SVM) 

SVM is a famous binary classification method. 

Given a set of training data, each marked as belonging 

to one of two classes, an SVM training method 

creates a model that predicts a new data is in one class 

or the other [10]. An SVM model is a representation 

of all data as points in space and a clear gap that 

separate data into two categories. This clear gap is 

often called as a hyperplane. This hyperplane is built 

as wide as possible. New testing data are then mapped 

into the same space and predicted as a member of a 

class based on which side of the hyperplane they fall 

on. 

IV. RESULTS 

A. Segmentation  

All radiographs for both training step and testing 

step are first segmented into two categories: tooth and 

background. As mentioned in Section 2, we use 

several preprocessing techniques followed by image 

thresholding in order to produce binary images. Fig. 1 

shows a sample image which was originally a 

panoramic radiograph which then cropped into an 

area that covers back part of the teeth, i.e. it covers 

only molar and premolar teeth.  

After performing dental radiograph segmentation as 

mentioned in Section 2, the sample image is 

transformed into a binary image shown in Fig. 2.  

Then we perform tooth separation and the result is 

shown in Fig. 3. The horizontal line shows the 

separating line of maxilla and mandible. The vertical 

lines are for those lines separating each tooth from its 

neighbors. After we get areas of each tooth, we 

combine the result of binarization (see Fig. 2) with 

each tooth area in order to get the border of each tooth 

in each tooth area. Then, we are ready to classify each 

tooth into Molar or Premolar class. 

B. Classification 

For the training of our classification methods, the 

training data consist of 18 Molar teeth and 17 

Premolar ones. All class labels of the training data 

were identified by an expert. Fig. 4 shows plot of 

training data represented by its two features, i.e. ratio 

and area, known class labels (M for Molar and P for 

Premolar), and a hyperplane resulted from SVM 

training process.  

 
 

Fig. 2.  A binary image resulted from segmentation process. 

 
 

Fig. 1.  A sample input image. 
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The classification results of the sample input image 

(Fig. 1) using kNN and SVM are shown in Fig. 5 and 

Fig. 6 respectively. Using the kNN method, the 

arrangement of the sample input image (Fig. 1) would 

be “MMPP-MPMPP”. Whereas, using the SVM 

method, the arrangement would be “MMPP-MPPPP”. 

The arrangement should be “MMMM-MPPPP”. This 

means that using the kNN, there are three 

misclassified teeth. Whereas, using the SVM, there 

are two misclassified teeth. Table 1 shows accuracy 

rate of the kNN compare to SVM applied for ten 

images. The average accuracy rate increases from 

74.67% resulted from kNN method to 82.25% 

resulted from SVM method.  

V. CONCLUSION AND FUTURE WORKS 

In conclusion, our SVM method has successfully 

increase the accuracy rate of dental classification 

process. However, since the segmentation results 

show several errors in separating each tooth which 

then affect the classification process, we suggest some 

improvement in the segmentation process for future 

works. The features used for classification may be 

added by other features such as crown or pulp 

location.  
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Fig. 4.  SVM hyperplane of training data. 

 
 

Fig. 5.  Classification result using kNN method. 

TABLE I 

CLASSIFICATION RESULT ACCURACY RATE 

No Image Filename 
Accuracy Rate (%) 

kNN SVM 

1 kasus_pan1_Left.tif 93.75 100.00 

2 kasus_pan1_ Right.tif 83.33 77.78 

3 kasus_pan25_Left.tif 80.00 88.89 

4 kasus_pan25_Right.tif 75.00 80.00 

5 kasus_pan34_Left.tif 81.25 100.00 

6 kasus_pan34_Right.tif 66.67 80.00 

7 kasus_pan50_Left.tif 55.56 88.89 

8 kasus_pan50_Right.tif 55.56 62.50 

9 kasus_pan70_Left.tif 77.78 77.78 

10 kasus_pan70_Right.tif 77.78 66.67 

 Average Rate 74.67 82.25 

 

 

 

 
 

Fig. 6.  Classification result using SVM method. 

 
 

Fig. 3.  Result of tooth separation of the binary image in Fig. 2. 
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Abstract—Melanoma is a dangerous skin cancer. 

One effort in improving the disease diagnosis is the 

determination of a lesion image as melanoma or 

non-melanoma image. Using computational 

method, we construct a melanoma classification 

model. The classification model performs three 

processes: preprocessing image, feature extraction 

and classification. While preprocessing image aims 

to remove the small object in the image, the feature 

extraction captures the ABC features of the images 

(Asymmetry, Border and Color). The ABC 

features that are represented into vector are then 

classified by Support Vector Machine (SVM) 

model. In order to improve the accuracy of the 

SVM model, we perform filtering using Principal 

Component Analysis (PCA). The usage of PCA 

could improve the accuracy of SVM model about 

4-5%. This accuracy improvement is expected to 

improve the diagnosis of melanoma disease, and 

thus it can aid the doctor in saving patients live.  

I. INTRODUCTION 

ELANOMA is a dangerous skin cancer. Since the 

case number of melanoma is increasing, the 

improvement of melanoma diagnosis is important to 

save human lives.  Dermatologists usually diagnose 

melanoma using ABCD features (Asymmetry, Border, 

Color, and Diversity of structure) [1- 2, 10-13].  

Several previous studies attempt to aid the 

diagnosis process by classifying lesion image as 

melanoma or non-melanoma [3, 4, 5]. Generally, the 

classification process consists of two steps. The first 

step is the extraction of the ABCD feature from the 

image of melanoma lesion. The second one is the 

classification of the extracted features as melanoma or 

non-melanoma. For classification purpose, previous 

studies utilize a variety of Machine Learning methods 

such as Decision Tree [3], Artificial Neural Network 

[4], and Support Vector Machine (SVM) [5]. Those 

previous studies reported promising result. However, 

still there is a space for improvement.  

In this study, we propose a classification model to 

differentiate melanoma from non-melanoma image. 

 
 

The model is built using Principal Component 

Analysis (PCA) algorithm and SVM. The PCA 

perform data filtering before it is processed by SVM. 

While PCA is chosen because of its robustness in 

extracting relevant information in a dataset, SVM is 

chosen because of its high generalization 

performance. This proposed model is named PCA-

SVM. Indeed, this study is an enhancement of our 

previous study [14].  

In our previous study, we perform three procedures 

in the classification model. The first procedure is the 

preprocessing of the images. The preprocessing step 

aims to remove small objects which are not lesion. 

The step involves filtering, contrast enhancement and 

image segmentation. The second one is the feature 

extraction. The result of the feature extraction is 

feature vectors. The last process is the classification of 

feature vectors as melanoma or non-melanoma feature 

vectors. Because features ABC are features that are 

utilized by dermatologists, in this study we also 

employ such features to discriminate melanoma from 

non-melanoma. Therefore, the preprocessing and 

feature extraction procedures in this study are the 

same as the procedures in our previous study [14]. 

However, compare to our previous study, in this study 

we employ different classification model. While in our 

previous study we use Total Dermatoscopic Value 

(TDV) model [14], in this study we use SVM-based 

model.  

The aim of the usage of SVM-based model is to 

obtain the higher accuracy than TDV model. 

Furthermore, we also attempt to improve the SVM-

based model by implementing PCA filtering, since 

PCA is a well-established filtering method. Note that 

our focus is on the improvement of TDV model using 

SVM and PCA filtering, not on the exploration of the 

filtering method itself.   

According to the focus of our current study, we 

compare the performance of the TDV model with the 

performance of SVM model and PCA-SVM model. 

However, we can not compare directly between the 

performance of our current study with the 

performance of previous studies [3, 4, 5, 14]. The 

reason is because they use different dataset than our 

current dataset. Even, the dataset in our previous study 
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[14] is different to dataset in our current study. Our 

current dataset is larger than previous dataset and the 

images in current dataset have the same resolution. 

Hence, we expect more accurate validation in current 

study. For the sake of simplicity, we validate the 

current model with current dataset only.   

The rest of this paper is organized as follows: 

Section II explains the image preprocessing; Section 

III describes the feature extraction process; Section IV 

defines the building of the classification model 

followed by result description in Section V and the 

last section is conclusion and discussion. 

II. IMAGE PREPROCESSING 

A. Data 

The image data that is used for model validation is 

partly obtained from Zagrouba et al. [6]. The data 

consist of 25 melanoma images (positive) and 25 non-

melanoma images (negative). The size of each image 

is 150x150 pixels. 

B. Preprocessing of Images 

The preprocessing aims to prepare the images for 

feature extraction process. It consists of three 

processes. The first process is thin hair removing. In 

order to remove the thin hair, the image is filtered 

using median filtering method. Using this method, all 

pixels are ordered based on intensity value and then 

median value is defined in those ordered pixels. 

Subsequently, the value of the centre region of the 

processed image is replaced with the median value 

[7]. Figure 1 illustrates this process. In order to 

perform the next process, the resulted image is 

transformed into grayscale image.  

 

 
 

Fig. 1 Illustration of thin hair removing process 

 

The second process is the contrast enhancement 

using mapping technique. In this technique, intensity 

values of the pixels are mapped into gray level range 

with particular threshold (minimum and maximum) 

[7]. Input of this process is grayscale image that is 

resulted from the median filtering process. Figure 2 

illustrates this process. 

 

 
 

Fig. 2 Illustration of contrast enhancement 

 

The third process is image segmentation using 

thresholding and flood filling techniques. The purpose 

of the image segmentation is to isolate the object 

(lesion) from the background image. While 

thresholding technique converts the grayscale image 

into black and white (binary) image, flood filling 

technique remove the isolated pixel. Figure 3 

describes this process. 

 

 
 

Fig. 3 (A) Thresholding technique convert the grayscale image into 

black and white image (A left). Subsequently, the color of lesion 

(black) is converted into white and the back ground is converted 

into black. (B) Isolated white pixel in the image is convert into 

black pixel using flood filling technique. 

 

The image that is resulted from the segmentation 

process is prepared for the feature extraction process. 

The detail of the process will be explained in the next 

section. 

III. FEATURE EXTRACTION 

The purpose of the feature extraction process is to 

obtain the features related to melanoma lesion. As 

described in the introduction section, in general the 

melanoma features are Asymmetry, Border, Color, 

and Diversity of structure (ABCD). However, the 

diversity of structure is not involved in this proposed 

model because our investigation shows that feature 

does not contribute significantly in the performance of 

the model. Thus, this section describes the extraction 

of ABC features only. 

A. Asymmetry 

The first feature of the melanoma lesion is 

asymmetry. Asymmetry feature is involved in the 

diagnosis because the form of melanoma lesion is 

asymmetry. On the contrary, a non-melanoma lesion 

generally has symmetry form. Two parameters is 

quantified for asymmetry measurement. Those 

parameters are Asymmetry Index (AI, see equation 1) 

and Lengthening Index (Å, see equation 2) [6]. 
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Where the k is the index of principal axis (major & 

minor), ΔAk is the related non overlapping area of the 

folded lesion and AL is the area of lesion [6]. 
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Where ccc mmm
110220

,, are standard product moment, 

quadratic moment with respect to the horizontal 

Cartesian axis, and the quadratic moment with respect 

to the vertical Cartesian axis respectively. 

B. Border 

The second feature is border irregularity. This 

feature is exploited because malignant melanoma 

tends to have irregular shape. Five features are 

quantified to represent the border irregularity [6]. 

Those features are Compactness Index (CI, see 

equation 3, Fractal Dimension (fd, see equation 4), 

Edge Abruptness (Cr, see equation 5) and Transition 

of Pigmentation (me and ve,, see equation 6 & 7). 

Those five features are defined in the following 

formula [6]. 

 

L

L

A

P
CI

4

2

  (3)  

Where PL defines the perimeter of the lesion. 

 

 fdr  1  (4)  

While   and r define length and ruler size 

respectively,  and fd define scaling constant and 

fractal dimension respectively. 
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Here, d2 is the boundary points, GL is the centroid and 

md is the mean of the distance d2 and GL 
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In Equation 6, me defines the mean of the gradient 

magnitude values e(k) and ve in Equation 7 define the 

variance of  the gradient magnitude values e(k). 

C. Colour  

In order to quantify the colour feature, two 

parameters are utilized. Those two parameters are 

colour homogeneity and correlation between geometry 

and photometry (Cpg, see Equation 8). Colour 

homogeneity is defined as the number of transition of 

clearer zone to darker zone and vice versa when the 

lesion is scanned vertically and horizontally [6]. 
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D. Feature Representation 

Based on ABC feature that is extracted from a data 

image, as explained in previous paragraph, all of the 

features are represented in a vector. The vector 

consists of 9 digits of the real number. The first two 

digits are asymmetry index and lengthening index 

which are represented the Asymmetry feature. The 

third digits to the seventh digit are compactness index, 

fractal dimension, edge abruptness, mean and variance 

of gradient magnitude values. Those features represent 

the Border feature. Subsequently, the last two digits 

are color homogeneity and correlation between 

geometry and photometry. In the next stage, the 

feature vectors of melanoma images are labeled with 

positive (melanoma). The similar way is performed 

for the feature vectors of the non-melanoma images. 

Subsequently, all of the features vectors are utilized in 

the classification model.  

IV. CLASSIFICATION 

For the purpose of classification model building, we 

employ Principal Component Analysis (PCA) and 

Support Vector Machine (SVM). While PCA is 

employed for extraction of relevant information in 

feature vectors dataset, SVM is employed for 

performing classification task. Further explanation of 

the PCA and the SVM will be provided in the next 

paragraphs. 

A. Principal Component Analysis (PCA) 

The purpose of PCA is to reduce the noise and 

discover the important pattern in the dataset. To 

address the purpose, PCA transform the data into 

smaller dimension but still captures the variability of 

the data. Using covariance approach, the original data 

(X) is projected by the Principal Component vector 

(PC) into new data (Y) [9], see Equation 9.  

 

 XPCY '.  (9)  

 

The PC vector is an eigenvector of the covariance 

matrix of the normalized original data. Note, the 

eigenvector that is employed is the eigenvector with 

the highest eigenvalues. This eigenvector is assumed 

to project the data into the direction of largest 

variance.  

B. Support Vector Machine (SVM) 

In this study, each image data is represented as 

),( yx where 
Xxx n ,,1 

are feature vectors of the 

images and 
}1,1{,,1 nyy 

are label for each image. 

An SVM is trained to find the most optimum linear 

function (see equation 10) in separating positive data 

from negative data. 
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In the Equation 9, w is weight vector and b is offset  

parameter. The most optimum linear function is a 

function with maximum margin. Since margin is 

defined as ||||/2 w , the margin maximization is similar 

to minimize |||| w  [8]. In order to minimize |||| w  and 

to separate non-linear data, the formula for margin 

maximization is defined in the Equation 11 [8].  
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In the Equation 10, C is penalty parameter and  is 

slack variable. The dual form of Equation 10 is 

Equation 12 [8]. 
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(12)  

Variable   in Equation 11 is Lagrange multiplier. 

The values of   are obtained from SVM training 

process. Subsequently, parameters that are obtained 

from the training process are utilized for performing 

the classification of feature vectors that represent data 

image. The linear function that is employed for 

classification task is defined in Equation 13 [8].  
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The computation of dot product in Equation 12 is 

replaced by a kernel function, thus Equation 12 could 

be defined as Equation 14 [8]. 
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Kernel Function 

Kernel function is a function that computes the 

similarity value between two objects. The larger the 

value, the more similar those two object [8]. The 

utilization of kernel function depends on the type of 

data that is calculated. Because the melanoma and 

non-melanoma images are represented as vectors, we 

use vectorial kernel function. In this study we use 

three different kernel function, Radial Basis Function 

(RBF) kernel, Linear kernel and Polynomial kernel. 

Radial Basis Function (RBF) Kernel 

The RBF kernel computes the similarity between 

two vectors x and 'x  using Gaussian function of 

quadratic of Euclidean distance between those two 

vectors. With Gaussian width   parameter, the 

formula of RBF kernel is defined as Equation 15 [8]: 
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Linear Kernel 

Linear kernel computes similarity of two vectors, 
x and 'x  by performing dot product between those 

vectors. Formula of Linear kernel is defined in 

Equation 16 [8]: 
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Polynomial Kernel 

Polynomial Kernel computes similarity between 

two vectors  x  and 'x  using formula in Equation 17. 

In the equation, d represent the order of the dot 

product computation  [8]: 
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C. Setting of SVM Model  

The performance of SVM model is measured using 

accuracy of 10-fold cross-validation, repeated 5 times. 

Accuracy is defined in Equation  18 
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Where TP and TN are True Positive and True 

Negative, respectively. 

Since the performance of the SVM model depends 

on the C parameter and parameter of each kernel. 

Several C parameters are investigated in this study 

such as 0.1, 1 and 1. Several parameters for RBF 

kernel () are also examined such as 0.1, 1 and 10.    

When SVM model is combined with RBF kernel, 

the best accuracy is achieved when C=1 and =1. In 

addition, when SVM model is combined with Linear 

kernel, the best accuracy is achieved for C=10, and 

when SVM is combined with Polynomial kernel, the 

highest accuracy is gained for C=1. 

V. RESULT AND DISCUSSION 

In order to evaluate the performance of the model, 

we perform two scenarios of the experiment. Firstly, 

the PCA-SVM model exploits a variety of kernel 

function; Linear kernel, Polynomial kernel and RBF 

kernel. This evaluation aims to discover which type of 

kernel function that has the best performance. 

Secondly, we compare the performance of PCA-SVM 

model with the performance of SVM model. It is 

expected the filtering process by PCA will improve 

the accuracy of the PCA-SVM model. In addition, the 

performance of PCA-SVM will also compare to the 
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performance of TDV model. 

The result of the first scenario is describes in the 

Table 1. Compare to the other two kernels, the Linear 

kernel achieves the highest accuracy when employed 

by the PCA-SVM model. It followed by the RBF 

kernel that achieves accuracy about 86.8%. The 

Polynomial kernel achieves the lowest accuracy 

compare to the Linear and RBF kernel. 

 
TABLE 1 

 THE PERFORMANCE OF THE PCA-SVM MODEL THAT EMPLOY 

VARIOUS KERNEL FUNCTION 

Kernel Function exploited by PCA-SVM Accuracy (%) 
RBF Kernel 86.8 

Linear Kernel 87.2 

Polynomial Kernel 84.8 

  

The result of the second scenario is describes in the 

Table 2. In general, the performance of the PCA-SVM 

is higher than the performance of the SVM only 

model. The smallest and the highest performance of 

the PCA-SVM model are 84.8% and 87.2% that is 

achieved by PCA-SVM combined with the 

Polynomial kernel and Linear kernel respectively. As 

the comparison, the smallest and the highest 

performance of the SVM only model are 78% and 

83.6% that are achieved by the SVM that employ 

Polynomial and RBF kernel respectively. In addition, 

the performance of PCA-SVM is much higher than the 

performance of the TDV model that achieves only 

about 60%. 
 

TABLE 2 

THE COMPARISON OF THE PCA-SVM PERFORMANCE WITH THE 

PERFORMANCE OF SVM AND TDV. 

Kernel Function 
Accuracy (%) 

PCA-SVM SVM TDV 

RBF Kernel 86.8 83.6 - 

Linear Kernel 87.2 81.2 - 

Polynomial Kernel 84.8 78 - 

   60 

 

According to the result description in Table 1 and 

in Table 2, the performance of the PCA-SVM model 

is superior compare to the performance of the SVM 

only model and performance of TDV model. The filter 

process of PCA seems to improve the accuracy. The 

probable explanation is caused by the process of the 

noise reduction that is performed by PCA. In addition, 

the performance of the SVM model is also influenced 

by the usage of the kernel function. 

VI. CONCLUSION 

According to the experiment result, the feature 

extraction capable in extracting features that can be 

utilized for melanoma classification. This capability is 

shown by the successful of the both PCA-SVM and 

SVM only model. Therefore, the classification model 

can be utilized to assist the preliminary diagnosis of 

the melanoma disease. 

When comparing the performance of the PCA-SVM 

with the performance of the SVM only model, the 

prior model achieves higher accuracy than latter 

model. This shows that the PCA that is employed in 

the PCA-SVM model capable in reducing noise and 

hence it can improve the performance of the model. 

In order to improve the result that we already 

obtained, future work still can be performed. Another 

area that we have not explored extensively is the 

method for noise reduction that probably has a better 

performance than PCA. With a better method, it is 

expected the performance of the classification model 

can be improved into further.  
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Abstract— The purpose of this study is to find 

optimal features and classifier's model selection for 

sleep apnea detection using ECG signals. We want 

to determine whether a set of unknown ECG 

signals (test data) is from heavy apnea, mild apnea, 

or healthy categories. We examine two recent 

approaches of features selection: an approach 

proposed by Chazal et al. (2004), which is based on 

the RR-interval mean and time-series analysis; and 

an approach proposed by Yilmaz et al. (2010), 

which is based on the RR-interval median. We also 

examine cross validation and random sampling 

method in the classifier's probability model 

selection. We evaluate the approaches using three 

classifiers: k-Nearest Neighbor (kNN), Naive-Bayes 

and Support Vector Machine (SVM). In addition, 

we use a self organizing map (SOM) clustering or 

preprocessing to provide better sample that can 

represent the entire training data. Our experiment 

using ECG data from PhysioNet shows that 

classification results using only 3 features as 

proposed by Yilmaz et al. (2010) gives about 3.59% 

gain on overall classification accuracy (CA) and 

7.5% gain on area under ROC-curve (AUC) on 

than the classification accuracy using 8 features  as 

proposed by Chazal et al., (2004). 

I. INTRODUCTION 

UMANS spend approximately one-third of his 

life to sleep. Sleep is one of the basic needs of 

human beings, just as important as air, food, and 

beverages. Sleep function is vital because regeneration 

of damaged body’s cell, growth hormone production, 

formation of the immune system, refreshing unused 

memory in the brain, resting on the part of the brain 

that controls emotions, decision-making process and 

social interaction occurs during sleep. Someone who 

experience sleep disorder cannot optimally utilize this 

sleep function. As a result,  people who have sleep 

disorders will experience decreased immune system, 

can not concentrate properly, unable to perform 
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physical activity well, also increased the risk of 

stress[1]. 

Many studies have shown that sleep disorders can 

be fatal. According to the National Institute in 

Neurogical Disorders and Stroke, a person 

experiencing sleep disorders showed poor driving 

performance when tested on the simulator. Driving 

fatigue is one of the main causes of traffic accidents. 

Data from the National Highway Traffic Safety 

Administration, USA estimates more than 100,000 

traffic accidents and 1,500 deaths annually. According 

to International Labour Organization (ILO) in 2004, 

4% of GDP in the world is spent on handling the 

problem of work accidents. In 2001, Indonesia has 

reached 100 thousand work accidents, where 40% of 

them caused by sleep disorders. 

To date 84 kind of sleep disorders have been 

discovered, where insomnia, sleep apnea, narcolepsy, 

and restless leg syndrome is having the highest 

prevalence.  Sleep apnea is one type of sleep disorder 

characterized by reduction (hypoapnea) or cessation 

(apnea), breathing during sleep. Although sleep apnea 

can be treated, it can cause side several effects and 

complications in symptoms such as heart attacks, 

strokes, high blood pressure, reduced productivity, 

and sudden death in chronic stadium[1], [2]. 

Polysomnography (PSG) has become standard in 

diagnosing sleep disorders, including sleep apnea. 

Polysomnography include recording of breath airflow, 

respiratory movement, oxygen saturation, 

electroencephalogram (EEG), electromyogram 

(EMG), electrooculogram (EOG), electrocardiogram 

(ECG) for heart activity, as well as body position. 

PSG performed in the laboratory for a full night sleep 

under doctors and nurses supervision [3]. Although 

PSG has been recognized as the golden standard for 

diagnosing sleep apnea, PSG got many criticisms from 

some researchers. This is due to several reasons, first: 

the patient feels uncomfortable because of the large 

number probe (about more than 16) to be attached to 

the body during sleep; second: high cost, we need to 

provide a number of expensive sensors and also pay 

some expenses for the supervision of doctors and 
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nurses during patient sleep; three: laboratory 

availability that has the PSG facility is still limited so 

that the patient must be willing to wait in line 

diagnosis for 6 months or more for single diagnosis 

[4].  Therefore a need for simpler technology that has 

the same reliability with PSG that doesn’t require 

special laboratory. 

ECG recording is one of the simpler and efficient 

technologies in sleep disorders detection. In 1984, 

Guilleminault proposed a test against the RR-interval 

derived from ECG signal could be used for the 

screening of sleep apnea [5]. In 2000, PhysioNet held 

a contest to detect and quantify sleep apnea based on 

the ECG (Detecting and quantifying sleep apnea based 

on the ECG: A challenge from PhysioNet and 

Computers in Cardiology 2000). Since then, this issue 

becomes one of a major topic in sleep research. 

In 2004, Chazal et al, suggested an obstructive 

sleep apnea detection using ECG signal. Features used 

in these studies are the statistical measurement of 

variables derived from RR-intervals and ECG-derived 

respiratory signal (EDR). Classification by linear 

discriminant analysis give 90% accuracy rate [4]. In 

2010, Yilmaz et al. conducting research for the sleep 

stages classification and apnea using a single lead 

ECG. They used three features derived from the RR-

interval, i.e. median, inter-quartile range (IQR), and 

the mean absolute deviation (MAD) values. 

Classification is done by: kNN, Quadratic 

Discriminant Analysis (QDA), and Support Vector 

Machines (SVM). Results of classification based on 

QDA and SVM give the best accuracy rate that is 

94.5% [5]. 

The aim of this study is to examine the two 

approaches to find optimal features and classifier's 

probability model estimation (k-fold cross-validation 

and random sampling compared to a test on training 

data) in validating the classifier training and testing. 

We use features from extracted RR-interval based on 

Chazal et al., and also features suggested by Yilmaz et 

al. Performance assessment of each features and and 

model selection is done by measuring the the 

classification performance (CA and AUC) in 

determining the presence of apnea both on training 

data and also test data sets. 

II. METHODOLOGY 

Schematic diagram of the system used in this study 

is shown in Fig. 1. To get the RR-interval, the ECG 

signal is processed by QRS detection using  

PhysioToolkit Library [10]. 

The output of the QRS detection in the form of beat 

to beat annotation provides information regarding 

when the heart beat is happened. RR-interval can be 

calculated based on the beat to beat annotation, but 

not all RR-intervals are processed because the RR-

interval whose value is beyond the limits of human 

physiology (smaller than 0.5 or greater than 1.5) will 

be eliminated [6]. 

The next stage is feature extraction. In this study, 

we examine two appraoches in selecting the optimal 

features, first the approaches using the features 

suggested by Chazal et al. [4], and secondly the 

features suggested by Yilmaz et al. [6]. Features 

extraction is performed for each epoch with 1 minute 

duration. This value was chosen to synchronize each 

epoch data with the reference data i.e apnea 

annotation at the end of every minute ECG signal. 

To test the training data, we use cross validation 

with the number of folds = 15, and random sampling 

with repeat train/test = 10 where the proportion of 

validation test and training data is 2 to 8. Next, we 

apply self organizing map (SOM) or Kohonen 

network [11] clustering to select the most 

representative data from training set. This is done by 

choosing first five cluster with the largest number of 

member.  

Classification is done for each epoch by kNN, 

Naive-Bayes, and SVM to determine whether the 

epoch in apnea (A) or non-apnea (N) category. The 

number of epochs that belong to a class of apnea from 

each record will be used as the basis for determining 

whether the subject is a person with sleep apnea, 

borderline/mild apnea, or normal. Classification 

assesment is done by calculation of Classification 

Accuracy (CA) and Area Under the ROC (AUC). 

 
 

 

Fig. 1. Schematic diagram of the system 
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A. Subjects 

The database of ECG signals used in the 2000 

Computers in Cardiology Conference Challenge was 

used in this study. It consists of 70 recordings, 

containing a single ECG signal digitized at 100 Hz 

with 12-bit resolution, continuously for approximately 

8 hours (individual recordings vary in length from less 

than 7 hours to nearly 10 hours). Each recording 

includes a set of reference annotations, one for each 

minute of the recording, indicate the presence or 

absence of apnea during that minute. These reference 

annotations were made by human experts on the basis 

of simultaneously recorded respiration signals. 

The subjects of these recordings are men and women 

between 27 and 63 years of age, with weights between 

53 and 135 kg (BMI between 20.3 and 42.1); AHI 

ranges from 0 to 93.5. For classification purposes we 

divide 70 record into two groups, training data (A01-

A35) and testing data (X01-X35), each consist of 35 

records with 20 records with AHI> 15 (Category A: 

patients with sleep apnea), 5 records with 5 ≤ AHI ≤ 

15 (category B: patients with borderline / mild apnea), 

and 10 records with AHI <5 (category N: normal).  

B. Sleep Apnea 

Sleep apnea is a sleep disorder characterized by 

abnormal pauses in breathing or instances of 

abnormally low breathing, during sleep. Each pause in 

breathing, called an apnea, can last from a few 

seconds to minutes, and may occur 5 to 30 times or 

more an hour. Similarly, each abnormally low 

breathing event is called a hypopnea. Apnea-

Hypoapnea Index (AHI) is the parameter 

recommended by the American Academy of Sleep 

Medicine (AASM Task Force, 1999). AHI was 

calculated based on the frequency of occurrence of 

sleep disordered respiration (apnea or hypoapnea) 

within one hour. AHI values> 15 are categorized as 

sleep apnea, AHI value range 5-15 included in the 

category of borderline or mild apnea, while AHI <5 

categorized as normal or control. 

There are three types of sleep apnea: central (CSA), 

obstructive (OSA), and mixed sleep apnea which is a 

combination of CSA and OSA. Prevalence of sleep 

apnea are 0.4%, 84%, and 15% respectively. CSA 

occurs when the brain does not send enough signals to 

the breathing muscles, so that the breathing muscles 

suffered paralysis. This usually occurs in infants or in 

adults with heart disease, cerebrovascular disease, or 

hereditary diseases/congenital abnormalities, can also 

be caused by drug poisoning. On Obstructive sleep 

apnea (OSA), the muscle tone of the body ordinarily 

relaxes during sleep, and at the level of the throat the 

human airway is composed of collapsible walls of soft 

tissue which can obstruct breathing during sleep. 

C. ECG 

ECG is a graph produced by an electrocardiograph, 

which records the heart's electrical activity within a 

certain time. Besides being used for the diagnosis of 

heart disease, ECG also useful for diagnosing 

pulmonary embolism, hypothermia, and sleep 

disorders. ECG graph of the healthy subject cycle 

consists of  a P wave, a QRS complex and a T wave. 

A small U wave is normally visible in 50-75% in the 

ECG. Fig. 2 shows a typical example of an ECG 

signal. The duration of a heartbeat is the time interval 

from one R wave to next R wave, also known as RR-

interval. 

D. Feature Extraction 

For each epoch following feature were calculated:  

 mean and standard deviation RR-interval 

 the NN50 measure (variant 1), defined as the 

number of pairs of adjacent RR-intervals where 

the first RR-interval exceeds the second RR-

interval by more than 50 ms 

 the NN50 measure (variant 2), defined as the 

number of pairs of adjacent RR-intervals where 

the second RR-interval exceeds the first RR-

interval by more than 50 ms 

 two pNN50 measures, defined as each NN50 

measure divided by the total number of RR-

intervals 

 the SDSD measures, defined as the standard 

deviation of the differences between adjacent 

RR-intervals 

 the RMSSD measure, defined as the square 

root of the mean of the sum of the squares of 

differences between adjacent RR-intervals 

 median of RR-interval 

 inter-quartile range, defined as difference 

between 75th and 25th percentiles of the RR-

interval value distribution 

 mean absolute deviation values, defined as 

mean of absolute values obtained by the 

 
 

Fig.  2. Typical example of an ECG signal 
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subtraction of the mean RR-interval values 

from all the RR-interval values in an epoch. 

The first eight features are proposed by Chazal et 

al. (2004) [4], while the three latter feature are 

proposed by Yilmaz et al (2010) [6] who claimed that 

RR-interval mean, standard deviation, and range are  

sensitive to outliers, and thus classification 

performance deteriorates when theses features are 

included. In this study, we try to determine which 

features set could provide the most optimal results. 

E. kNN Classification 

kNN has been used in many different application in 

science and engineering because of its relatively 

robust performance[6]. kNN is a method for 

classifying objects based on closest training examples 

in the feature space. kNN is a type of instance-based 

learning, or lazy learning where the function is only 

approximated locally and all computation is deferred 

until classification. An object is classified by a 

majority vote of  its neighbors, with the object being 

assigned to the class most common amongst its k 

nearest neighbors. Usually Euclidean distance is used 

as the distance metric, other metrics preferred in the 

literature are Minkowski or Manhattan distance. In 

this study we choose Euclidean distance as the 

distance metric and k=5. 

F. Naive-Bayes Classification 

A Naive-Bayes classifier is a probabilistic classifier 

based on Bayes' theorem (from Bayesian statistics) 

with strong (naive) independence assumptions. Naive 

Bayes classifier assumes that the presence (or 

absence) of a particular feature of a class is unrelated 

to the presence (or absence) of any other feature. 

This classification method relies on transforming the 

discrete decision labels output by the individual 

matchers into continuous probability values. Let jCM  

be the MxM confusion matrix for the j
th

 matcher. The 

(k,r)th element of the matrix jCM  (denoted as j

krcm ) 

is the number of instances in the training data set D 

where a pattern whose true class label is k  is 

assigned to the class r  by the jth matcher. Let the 

total number of data instances in D be N and the 

number of elements that belong to class k  be Nk. 

Let cj be the class label assigned to the test sample by 

the j
th

 matcher. The value 
k

j

ck Ncm
j
/,

can be 

considered as an estimate of the conditional 

probability P(cj| k ) and Nk/N can be treated as an 

estimate of the prior probability of class k . Given 

the vector of decisions made by R matchers c = 

[c1,...,cR], we are interested in calculating the 

posterior probability of class k , i.e., P( k |c). 

According to the Bayes rule, 

)(

)()|(
)|(

xP

PcP
cP kk

k


   (1) 

where k = 1,...,M. The discriminant function for class 

k  is 

)()|( kkk PcPg   (2) 

The Bayes decision technique chooses that class 

which has the largest value of discriminant function 

calculated using equation (2). The decision rule is 

known as Naive-Bayes rule and P(c|



 k ) is computed 

as 





R

j

kjkRk cPccPcP
1

1 )|()|,...,()|(   (3) 

G. Support Vector Machine 

Support vector machines (SVMs) are a set of 

related supervised learning methods that analyze data 

and recognize patterns, used for classification and 

regression analysis. The standard SVM is a non-

probabilistic binary linear classifier, i.e. it predicts, for 

each given input, which of two possible classes the 

input is a member of. Since an SVM is a classifier, 

then given a set of training examples, each marked as 

belonging to one of two categories, an SVM training 

algorithm builds a model that predicts whether a new 

example falls into one category or the other. 

A support vector machine constructs a hyperplane 

or set of hyperplanes in a high or infinite dimensional 

space, which can be used for classification, regression 

or other tasks. A good separation is achieved by the 

hyperplane that has the largest distance to the nearest 

training data points of any class (so-called functional 

margin), since in general the larger the margin the 

lower the generalization error of the classifier [13]. 

For some training data D, a set of n points of the 

form 
n

ii

p

iii cRxcxD 1}}1,1{,|),{(   (4) 

where the ci is either 1 or −1, indicating the class to 

which the point xi belongs. Each xi is a p-dimensional 

real vector. We want to find the maximum-margin 

hyperplane that divides the points having ci = 1 from 

those having ci = − 1. Any hyperplane can be written 

as the set of points x satisfying w.x-b=0. The vector w 

is a normal vector: it is perpendicular to the 

hyperplane. The parameter b/||w|| determines the offset 

of the hyperplane from the origin along the normal 

vector w. We want to choose the w and b to maximize 

the margin, or distance between the parallel 

hyperplanes that are as far apart as possible while still 

separating the data. These hyperplanes can be 

described by the equations 
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1. bxw  (5) 

 

and 

 

1. bxw  (6) 

we can select the two hyperplanes of the margin in a 

way that there are no points between them and then try 

to maximize their distance. The distance between 

these two hyperplanes is 2/||w||, we want to minimize 

||w||. To prevent data points falling into the margin, the 

following constraint added: 

niforbxwc ii  1  ,1).(  (7) 

The optimization problem is to minimize  ||w|| (in 

w,b) subject to (for any i=1,…,n) ci(w.xi - b)  1. The 

optimization problem can be solved by substituting 

||w|| with ½||w||
2
 without changing the solution. This is 

a quadratic programming (QP) optimization problem, 

minimize ½||w||
2
 (in w,b) subject to (for any i=1,…,n) 

ci(w.xi - b)  1. The previous problem can be 

expressed by means of non-negative Lagrange 

multipliers αi as: 

]}1) .([
2

1
{max min

1

2

,




bxwcw i

n

i

ii
bw




 (8) 

This problem can now be solved by standard 

quadratic programming techniques. The solution can 

be expressed by terms of linear combination of the 

training vectors as 





n

i

iii xcw
1

  (9) 

only a few αi will be greater than zero. The 

corresponding xi are exactly the support vectors, 

which lie on the margin and satisfy ci(w.xi - b) = 1. 

From this one can derive that the support vectors also 

satisfy w. xi –b = 1/ ci = ci  b = w. xi - ci which 

allows one to define the offset b[14]. 

Multiclass SVM aims to assign labels to instances 

by using support vector machines, where the labels are 

drawn from a finite set of several elements. The 

dominating approach for doing so is to reduce the 

single multiclass problem into multiple binary 

classification problems. Each of the problems yields a 

binary classifier, which is assumed to produce an 

output function that gives relatively large values for 

examples from the positive class and relatively small 

values for examples belonging to the negative class. 

Two common methods to build such binary classifiers 

are where each classifier distinguishes between (i) one 

of the labels to the rest (one-versus-all) or (ii) between 

every pair of classes (one-versus-one). Classification 

of new instances for one-versus-all case is done by a 

winner-takes-all strategy, in which the classifier with 

the highest output function assigns the class. For the 

one-versus-one approach, classification is done by a 

max-wins voting strategy, in which every classifier 

assigns the instance to one of the two classes, then the 

vote for the assigned class is increased by one vote, 

and finally the class with most votes determines the 

instance classification 

III. RESULTS 

QRS detection process give an average accuracy of 

RR-interval 99.54%. A number of 0.46% of the RR-

interval should be eliminated because its value is less 

than 0.5 and greater than 1.5. SOM clustering process 

produces sample sizes 54.9% of training data. The 

percentage of epochs with annotations apnea (A) on 

the sample training data is 33.1%, while the remaining  

66.9% with no-apnea annotations (N). Table I shows 

the results of testing on the training data based on 

cross validation and random sampling. It can be seen 

in the table that experimentally the model selection 

depends on the classification method used, the cross 

validation is almost the same to random sampling for 

kNN method compared to test-on-training data, while 

the best models for Naive-Bayes method and the SVM 

is random sampling that is almost as good as the test- 

on-training data.  

The process of classification with kNN method, 

Naive-Bayes, and SVM using Chazal et al. and 

Yilmaz et al. features is presented in Table II. Because  

TABLE I 

PERFORMANCE ASSESMENT ON TRAINING DATA 

Model Method 
CA AUC 

Chazal Yilmaz Chazal Yilmaz 

CV kNN 0.7035 0.6843 0.7567 0.7374 

 N-Bayes 0.6808 0.7021 0.6879 0.7247 

 SVM 0.7445 0.6664 0.7668 0.5337 

 Mean 0.7096 0.6843 0.7371 0.6653 

RS kNN 0.7202 0.6749 0.7588 0.7318 

 N-Bayes 0.7506 0.7076 0.695 0.7365 

 SVM 0. 6813 0.6660 0.775 0.6037 

 Mean 0.7137 0.6823 0.7429 0.6907 

TT kNN 0.9371 0.8205 0.9640 0.8806 

 N-Bayes 0.6823 0.7023 0.6905 0.7249 

 SVM 0.7461 0.6664 0.7676 0.5672 

 Mean 0.7885 0.6985 0.8074 0.7242 

 

CV: Cross validation, RS: Random sampling, TT: Test on 

training  

data 

TABLE II 

PER-EPOCH PERFORMANCE ASSESMENT ON TESTING DATA 

Method 
Apnea 

Category 

CA AUC 

Chazal Yilmaz Chazal Yilmaz 

kNN A 0.6903 0.7233 0.6798 0.7923 

 B 0.7214 0.7470 0.6199 0.7650 

 N 0.8573 0.8847 0.4460 0.7057 

 Mean 0.7563 0.7850 0.5819 0.7543 

N-Bayes A 0.8381 0.8570 0.8748 0.9114 

 B 0.8127 0.8561 0.6610 0.8318 

 N 0.9913 0.9914 0.8870 0.7597 

 Mean 0.8807 0.9015 0.8076 0.8343 

SVM A 0.8446 0.8434 0.8785 0.4294 

 B 0.8496 0.8525 0.7057 0.5115 

 N 0.9509 0.9992 0.9952 0.9614 

 Mean 0.8817 0.8984 0.8598 0.6341 
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the number of subjects included in the category of 

borderline/mild apnea (B) are only three records, to 

get balanced distribution we chose the same number 

of records for subjects with apnea category (A) and 

normal (N). So that the amount of data that we tested 

is 9 records. On overall Naive Bayes method and 

SVM give better accuracy than kNN method. While 

the accuracy of Naive-Bayes method is almost 

comparable to SVM. All classification methods 

showed the best acuracy for classification of subjects 

in the N class, followed by subject in the class B, and 

class A, respectively. 

Performance measurement for each subject 

classification (is it fall into A, B, or N category) was 

done by counting the number of apnea classification 

results per epoch. Based on the number of epochs 

included in the category of apnea, we could estimate 

AHI value for each subject. Predicted AHI value of 

each subject then compared with the categorization in 

accordance with AASM recommendations. Table III 

shows the average prediction results of each method 

based on the category Chazal et al. and Yilmaz et al. 

features. 

IV. DISCUSSION AND CONCLUSION 

Based on the experiment results, Naive-Bayes and 

SVM method gives better accuracy in classification 

per epoch than the kNN. Classification based on 

Yilmaz et al. feature gives better accuracy than Chazal 

et al. feature. The number of features on Chazal et al. 

features more than Yilmaz et al. (8 versus 3), this led 

to longer classification process time. Thus, the 

selection of Yilmaz et al. features more efficient, 

because it can gives better accuracy with a lower 

number of features, hence can avoid the 'curse of 

dimensionality' problem. Quantitatively, the 

classification results using only 3 features as proposed 

by Yilmaz et al. (2010) gives about 3.59% gain on 

overall classification accuracy (CA) and 7.5% gain on 

area under ROC-curve (AUC) on than the 

classification accuracy using 8 features  as proposed 

by Chazal et al., (2004). 

Classification using Chazal et al. and Yilmaz et al. 

feature produce the best performance in subjects with 

a category N, and the worst in the category A. This 

can be caused by the distribution of data from the 

SOM clustering result is not optimal for all cases. In  

the future, we plan to improve this clustering by 

employing learning vector quatization (LVQ) that is 

supervised  learning to improve the codebook or 

cluster's center position using class information 

obtained from the SOM. Further study is required to 

discover the most optimal method for optimal sample 

selection of training data. This could improve the 

classification performance for subject in all category 

(e.g., not only in one or two categories) 

Per subject classification performance also has not 

shown good accuracy for both features are used. 

Further research can be focused to design a 

classification method that is specifically designed to 

determine the categories of apnea of the subject. This 

method uses 3 target classes, i.e., apnea, 

borderline/mild apnea, and normal. 
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Abstract—We present a method for developing a 

data governance role-function structure for an 
institution. The method is problem or issue-
oriented in that it custom-builds the structure that 
fits the institution’s needs, but takes into the 
consideration the institution’s organization 
structure. In the case study presented here, the 
data governance framework is devised to improve 
and maintain the quality of the institution’s data. 
Starting from data quality problems that the 
institution is currently facing, we identify the 
governance artifacts such as rules, standards, 
architecture documents, etc. that are required to 
control the problems; identify the activities 
required to produce and maintain such artifacts; 
identify the roles and functions involved in the 
activities; and finally, map the roles to the existing 
organizational structure of the institution. We 
demonstrate that the resulting structure is 
comparable with a structure constructed from 
theoretical frameworks, but with a more detailed 
specification about who can assume the roles in the 
resulting structure.  

I. INTRODUCTION 
According to the Data Governance Institute, data 

governance is a system of decision rights and 
accountabilities for information-related processes, 
executed according to agreed-upon models which 
describe who can take what actions with what 
information, and when, under what circumstances, 
using what methods [2].  In its implementation, 
according to Russom [9], data governance is usually 
manifested as an executive-level data governance 
board, committee, or other organizational structure 
that creates and enforces policies and procedures for 
the business use and technical management of data 
across the entire organization. Russom further stated 
that the common goals of data governance are to (1) 
improve data’s quality, (2) remediate its 
inconsistencies, (3) share it broadly, (4) leverage its 
aggregate for competitive advantage, (5) manage 
change relative to data usage, and (6) comply with 
internal and external regulations as well as standards 
for data usage. In essence, data governance is an 
organizational structure that oversees the broad use 
and usability of data as an enterprise asset [9]. While 
a variety of data governance frameworks can be found 
in many publications, there is yet any standard or 

globally accepted best practice for data governance. 
Data governance has been touted to be the cure to 

many data quality problems faced by organizations. 
According to Olson [8], for data to be of high quality, 
it should be: (1) accurate, (2) timely, (3) relevant, (4) 
complete, (5) unambiguous and (6) trusted. Lee [6] 
stated that there are 10 major factors that affect the 
quality of data, namely: (1) multiple data sources, (2) 
subjective judgment in data production, (3) limited 
computing resources, (4) security accessibility trade-
off, (5) coded data across disciplines, (6) complex 
data representations, (7) large volume of data, (8) 
input rules too restrictive or bypassed, (9) changing 
data needs, and (10) distributed heterogeneous 
systems. The presence of such factors imposes data 
quality risks to the organization. 

One important aspect in the implementation of data 
governance is the design of a structure that specifies 
the roles and functions responsible for carrying out 
the data governance processes. As with information 
technology (IT) governance, organizational structure 
is one of the important aspects, in addition to 
leadership and processes [5], in data governance. 
Without a well defined roles and responsibilities, it is 
hard to assure that the governance processes are 
carried out regularly and properly. Many data 
governance frameworks such as that of the Data 
Governance Institute only require the formation of 
Data Governance Council with diverse membership 
representing relevant stakeholders [2]. 

In this work, we develop a method for developing a 
data governance structure that defines roles and 
functions involved in governing the way an 
organization manages the quality of its data. The 
approach relies on a best practice document for IT 
governance, i.e. the Control Objectives for 
Information and Related Technology (COBIT) 
version 4.1 from the Information Technology 
Governance Institute [4]. COBIT specifies control 
objectives for organizations to assure that their IT and 
organization’s strategies are aligned with each other 
such that the (business) values of IT can be realized 
and the risks of IT can be managed.  In COBIT, the 
control objectives are implemented by IT 
management processes (procedural mechanisms) 
consisting of activities that involve functions (IT and 
non-IT) in the organization. 

We demonstrate the use the method in a case study 
at the Indonesian Tax Service Office, known as the 
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Directorate General of Tax, under the Ministry of 
Finance. The institution is one of Indonesia’s largest 
government institutions with nearly 40 thousand 
employees, and around 330 branch/regional offices 
spread throughout the country. The institution 
administers the data of over 18 million tax payers, 
individuals and companies, as well as tax payments 
data. With such a large amount of data, compounded 
with highly heterogeneous systems and multiple data 
sources, data quality has been a big issue at the Tax 
Service Office. 

II. THE PROPOSED METHOD 

In this research, we propose a method for 
developing a function-role structure that defines data 
governance roles and functions which suits a specific 
organization’s needs, but takes into consideration the 
organization’s organizational structure. We develop 
the method based on our assumption about a 
necessary, but not sufficient, condition for effective 
governance. The assumption is that effective 
governance relies on the availability of a governance 
artifact or artifacts which are formulated through 
processes that involve relevant stakeholders. The 
method is problem-oriented in that the design of the 
structure is rooted from problems or issues that are 
faced by the target organization. First, we identify 
data related issues or problems that the organization is 
facing. Next, we identify, based on COBIT [4], any 
governance artifact or artifacts (policies, rules, or 
reference architectures) that are commonly used for 
controlling the problems or resolving the issues. We 
then identify the processes (procedural mechanisms) 
that are required by COBIT to produce and maintain 
such artifacts. The proposed organizational structure 
is then constructed from the responsibilities and 
functions involved in the activities of the processes. 
Figure 1 depicts the flow of the governance structure 
development method. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1.  The proposed data governance role and function 
structure development method. 

One important part of the method is the mapping 
from functions and responsibilities involved in the 
required data governance process, as specified in 
COBIT, into roles and function in the target data 
governance organizational structure. COBIT defines 
34 IT management processes belonging to four 
different process domains, namely: Planning & 
Organization (PO), Acquisition & Implementation 
(AI), Delivery & Support (DS), and Measurement & 
Evaluation (ME). For each process, COBIT defines a 
set of control objectives that govern how the process 
is to be performed, as well as a set of key activities 
that the process must include to satisfy the control 
objectives. For each of the key activities, COBIT 
defines the organization’s functions involved in the 
activity using a RACI (Responsible – Accountable – 
Consulted - Informed) chart [4]. Each organization’s 
function involved in the activity is assigned with an 
involvement type. The possible involvement types are 
as follows: 
• Responsible - this position does the work to 

ensure that the activity is carried out. 
• Accountable - this position is ultimately 

responsible for ensuring completion of the 
activity, but may delegate responsibility to 
another. Only one position should be 
accountable for every activity. 

• Consulted - This position is involved prior to 
the activity’s taking place. 

• Informed - This position is told of an outcome 
of an activity afterwards. 

Based on the definition of the involvement types, 
we developed a set of rules for mapping the COBIT 
functions and responsibilities into a functional 
relationship structure. The rules are as follows: 
• The responsible party which is assigned to the 

task is positioned under the accountable party 
which assigns the task. If the accountable party 
is also responsible for the activity then the 
party reports to the informed party/parties. 

• Consulted parties are grouped based on the 
area or domain with which they are concerned. 
In the data governance case, there are two 
groups, namely business domain and 
information technology domain. This is done 
to maintain focus within each group and to 
promote coordination among similar tasks 
throughout the organization. Each group 
produces artifacts that are taken as input to the 
activity. 

• Informed parties are grouped along with the 
accountable party to form a committee or 
council whose responsibility is to communicate 
and assure the adoption of the activity’s result 
throughout the organization. 

• Each committee is named according to the type 
of governance artifact/artifacts with which it is 

  Identify data related problems/issues 

Identify data governance artifacts to control 
the problems/issues 

Identify governance activities to develop and 
maintain the governance artifacts 

Identify roles and functions involved in the 
governance activities 

Map the data governance structure and 
assigned existing organization functions to the 

data governance roles 
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concerned. 
• A compliance, audit, risks and security unit is 

required to be independent and to report 
directly to the top level executive, therefore, it 
is not to be grouped with other functions to 
form a council. 

To measure the validity of the role and function 
structure that we produce in this case study, we 
compare the structure with a theoretical structure [1] 
formulated mainly based on work by Dyche & Levy 
[3], and analyze the similarity/difference between the 
two structures. The theoretical framework stipulates 
that a data governance organizational structure 
consists of at least the following roles: (1) Data 
Governance Council, (2) Corporate Data Steward, (3) 
Business Data Steward, and (4) Source System Data 
Steward; whose structural relationship can be 
modeled as depicted in Figure 2. 
 

 
 
 
 
 
 
 
 
 
 

 
Fig. 2.  A theoretical data governance structure. 

 
Table 1 describes the responsibility of each role in 

the theoretical data governance structure. 

TABLE 1 

THE FUNCTIONAL RESPONSIBILITY OF EACH ROLE IN THE 
THEORETICAL DATA GOVERNANCE STRUCTURE. 

Role Responsibility 
Data Governance 
Council/Committee 

Defines and establishes high 
level policies (rules, 
procedures) and standards 
related to corporate data  

Corporate Data 
Steward/Management 

Manages corporate data 
policies (rules, procedures) 
and standards 

Business Data 
Steward 

Defines the detailed standards 
and policies within each 
business domain 

Source System Data 
Steward 

Defines detailed standards for 
data formats, data sources, 
and flow of data among 
application systems 

 

III. APPLYING THE METHOD 
From interviews with two head officials of units 

that own the institution’s main business processes, we 
obtained a list of problems that contribute to some 

instances of poor data quality [1]. Table 2 shows the 
list of problems and the COBIT-based governance 
artifacts and their use to control the problems. 

TABLE 2 
REPORTED DATA QUALITY PROBLEMS AND THE GOVERNANCE 

ARTIFACTS FOR RESOLVING THEM BASED ON COBIT. NOTATIONS 
WITHIN BRACKETS INDICATE THE COBIT’S CONTROL OBJECTIVE 

THAT DISCUSSES THE ARTIFACT. 
No Problem Governance 

Artifact 
1.  Unavailability of external 

data with appropriate 
structure for validating 
organization’s tax payers 
data 

Enterprise 
Information 
Architecture 
(PO2.1) 

2. Lack of coordinated data 
structure consistency 
amongst institution’s 
disparate main 
applications 

Enterprise Data 
Dictionary (PO2.2) 

3. Lack of institution-wide 
metadata

Enterprise Data 
Dictionary (PO2.2)

4. Lack of automated 
mechanisms for 
controlling input data 
validity 

Optimized Business 
System Plan (PO2.4) 

5. Insufficient business data 
owner’s participation in 
the design of data 
processes 

Optimized Business 
System Plan (PO2.4) 

6. Insufficient business 
process (domain) 
knowledge among IT 
system analysts 

Optimized Business 
System Plan (PO2.4) 

 
Using COBIT guidelines for process “Define the 

Information Architecture” (PO2) we obtained the 
description of activities involved in producing and 
maintaining the governance artifacts. Table 3 list the 
activities and the organization functions involved in 
the activities. 

Based on the involvement types of the functions 
involved in the activities, we draw a relationship 
structure using the method explained earlier, resulting 
in a structure as depicted in Figure 3. 

 
 

 
 
 
 
 
 

Fig. 3. The relationship structure of roles involved in the data 
governance. 

 
Using the description of the control objectives for 

PO2.1, PO2.2, PO2.4 in COBIT, we can formulate the 
functional responsibility of each role. Table 4 
describes the functions of each of the data governance 
roles. 

  Executive 

Data Governance Council 

Corporate Data Steward 

Source Systems 
Data Steward 

Business Data 
Steward

Users 

IT Unit(s)  Business Unit(s)

  Data Governance Council 

Enterprise Data Architect 

Data Dictionary 
(Metadata) Manager 

Business Data 
Architect

IT Systems Data 
Architect

Compliance 
Auditor 

ICACSIS 2010 ISSN: 2086-1796

340



 
 

TABLE 3 

ACTIVITIES FOR PRODUCING AND MAINTAINING THE NEEDED 
GOVERNANCE ARTIFACTS AND THE ORGANIZATION ROLES 

INVOLVED. A INDICATES ACCOUNTABLE, R INDICATES RESPONSIBLE, 
C INDICATES CONSULTED, I INDICATES INFORMED INVOLVEMENT 

TYPE. 

Artifact Activities Roles 
Enterprise  
Information 
Architecture 

Create and 
maintain 
corporate/ 
enterprise 
information 
model 

CIO (A), Chief 
Architect (R), 
Business Process 
Owner (C), Head of 
Development (C), 
Head of IT 
Administration (C), 
Compliance-Audit-
Risks-Security (C), 
CFO (C), Business 
Executive (I) 

Enterprise 
Data 
Dictionary 

Create and 
maintain 
corporate data 
dictionary(ies) 

Chief Architect 
(A/R), Head of 
Development (R), 
Business Process 
Owner (C), 
Compliance-Audit-
Risks-Security (C), 
CIO (I) 

Optimized 
Business 
Systems 
Plan 

Utilize the 
information 
model, data 
dictionary and 
classification 
scheme to plan 
optimized 
business systems 

CIO (A), Chief 
Architect (R), 
Business Process 
Owner (C), CEO 
(C), CFO (C), 
Compliance-Audit-
Risks-Security (I), 
Business Executive 
(I) 

TABLE 5 

DATA GOVERNANCE ROLES AND THE TAX SERVICE OFFICE’S 
ORGANIZATION OFFICIALS AND UNITS ASSIGNED TO EACH ROLE. 

Name Members 
Data 
Governance 
Council 

Director of IT Development/ 
Transformation, Director of IT 
Operation, Director of Business 
Process 
Development/Transformation 

Enterprise Data 
Architect 

Sub-directorate of Information 
Systems Analysis & Evaluation 
(Systems & Procedures Design 
Section) 

Data Dictionary 
(Metadata) 
Manager 

Sub-directorate of Application 
Development (Informational  
Application Development Section) 

IT Data 
Architect 

Sub-directorate Infrastructure 
Development (Database 
Management Section) 

Business Data 
Architects 

Sub-directorate Service 
Development (all sections) 

Compliance 
Auditor 

Sub-directorate of Internal 
Compliance (Compliance Evaluation 
Section) 

 

As can be seen, there is some similarity between 
the resulting data governance roles and functions and 
those of the theoretical framework described in Table 
1. The resulting structure is more detailed in terms of 
role membership and the functional responsibility. 
This advantage makes the resulting structure easier to 
implement in a real organization. Table 5 shows the 
memberships of the data governance roles as applied 
to the Indonesian Tax Service Office, based on a 
mapping between COBIT’s functions to the 
equivalent functions (having similar responsibilities 
according to the official job descriptions [7]) in the 
institutions. 

TABLE 4 

THE DATA GOVERNANCE ROLES, THEIR MEMBERSHIP AND 
FUNCTIONAL RESPONSIBILITIES. 

Name Members Responsibility 
Data 
Governance 
Council 

Business 
Executives, CIO 

Define policies to 
ensure the integrity 
and consistency of 
all data stored in 
electronic form, 
such as databases, 
data warehouses 
and data archives. 

Enterprise 
Data 
Architect 

Chief Architect Establishes and 
maintains an 
enterprise 
information model 
to enable 
applications 
development and 
decision-supporting 
activities, 
consistent with IT 
plans 

Data 
Dictionary 
(Metadata) 
Manager 

Head of 
(Application) 
Development 

Maintains an 
enterprise data 
dictionary that 
incorporates the 
organization’s data 
syntax rules. 

IT Systems 
Data 
Architect 

Head of 
(Database) 
Administration 

Establishes and 
maintains IT 
systems’ data 
models 

Business Data 
Architects  

CFO, Business 
Process Owners 

Establishes and 
maintains business 
data models 

Compliance 
Auditor 

Compliance, 
Audit, Risks and 
Security 

Audits units’ 
compliance with 
the defined data 
policies and 
standards. 

 

IV. CONCLUSION 
We have described a method for developing a data 

governance role and function structure. The method 
has been shown to produce a detailed framework that 
is easier to implement in a real organization than a 
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more theoretical framework. 
We believe that a similar approach can also be 

applied to governance structures other than data 
governance. However, this method may or may not 
produce structures that accommodate processes other 
than governance artifacts (policies and standards) 
development in which parties interact with one 
another to achieve alignment and coordination. For 
instance, policy enforcement processes may involve 
parties other than those involved in the policy’s 
development. 
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Abstract—Along with the development of 
hospitals and information technology, Hospital 
Information Systems (SIRS) RAA Soewondo 
deemed unable to meet the information needs. 
Implementation of SIRS got rejection from the 
employees. These limitations make the 
management plans to replace their SIRS. 
Therefore, in order to get success in the 
implementation of new SIRS, it is necessary to 
conduct change management process that will help 
RAA Soewondo in preparing its organization in the 
new environment. To achieve that, we conduct a set 
of data collection through disseminating 
questionnaires and conducting interviews and 
observation. The data are analyzed to obtain 
SWOT matrix as a base for us in analyzing the 
strengths and weaknesses of the organization as 
well as its opportunities and threats. Results of 
SWOT analysis are grouped to formulate 
necessary strategic change management. In this 
research, we use Anderson and Anderson Nine 
Phase Model to guide us in formulating required 
change management. Our research showed that 
employee resistance is the most influencing factor 
that inhibits the implementation of SIRS. To 
overcome this, some actions need to be done in 
accordance with changes management such as 
management support as part of the leadership, 
unified organization vision and mission, design 
changes with respect to the affected divisions, do 
the replacement with a parallel cutover method, 
gave awards to employees who join this program, 
as well as create new policies for existing policies to 
be permanent. The final results showed that the 
employees agree to succeed the implementation of 
SIRS. 

I. INTRODUCTION 
AA Soewondo hospital has a vision to be the best 
health care center in the area of Pati and also to 

be the pride of the community and its employees in 
2015. Its mission is to provide qualified health 

 
 

services, professional, affordable and imbued morals 
and ethics for the sake of community satisfaction. To 
achieve this vision and mission, RAA Soewondo 
needs the help of information technology. 

Hospital information systems (SIRS) of RAA 
Soewondo currently is less able to meet the 
information needs to support business processes. 
Existing SIRS is implemented using Windows DOS 
Foxpro 2.0 which is a client-server application and 
operating through a Local Area Network (LAN) of the 
hospital. SIRS maintenance cost becomes expensive 
because it has become a unique and legacy systems at 
this time. Improvement and development of SIRS 
needs to be done soon. Therefore, RAA Soewondo 
plans to migrate its existing SIRS into the desktop-
based hospital information systems that enables the 
hospital to operate and maintenance it easily in its in 
internal environment. 

In the process of implementation of the SIRS in 
early 2005, RAA Soewondo experienced many 
obstacles. One of the main reasons for the cause of 
failure in project implementation is the lack of 
implementation of change management process, not 
only in the information technology but also in the 
entire organization [1]. 

This study aims to determine the level of employee 
resistance to the new hospital information systems. In 
addition, this study also aims to find suitable change 
management strategies to implement the hospital 
information systems at RAA Soewondo Pati. The 
analysis used in this research is quantitative analysis 
as well as qualitative analysis, taking into account the 
internal and external state of hospital. 

II.  RELATED RESEARCH 
Several studies related to the topic of this paper 

have been done before. Research by Jick dan 
Peiperl[2] conclude that change initiative need to be 
done  by  project manager to make the project runs 
successfully. Levinson[1], by his research concludes 
that  one main reason for  the cause of failure in 
project implementation is the lack of implementation 
of change management process, not only in IT scope 
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but also in the whole organization. The research 
method used in this study was following the same 
method held by Mutholib, E.A[3].  

Similarities exists above the three studies with this 
study is the using of change management process to 
overcome the system change.  

III. THEORETICAL BACKGROUND 

A. SWOT Analysis 
SWOT Analysis includes Strengths, Weaknesses, 

Opportunities and Threats. Strength and Weakness are 
internal factors within the organization. Meanwhile, 
Opportunity and Threats are factors that come from 
outside the organization. Obtained SWOT results can 
be used to formulate a systematic strategy of the 
organization [4]. In this case, the results of the SWOT 
analysis will be used as a strategy of change in the 
implementation of the new SIRS. 

B. Resistance Factors of Change 
Resistance usually arises when the change occurs. 

Resistance can be clearly seen (explicit) or implied 
(implicit). Rejection factors can be divided into 2, 
namely the rejection of individual and organizational 
resistance [5]. Individual resistance factors, namely: 
security, economic factors, perception, uncertainty and 
habit. While the factors causing organizational 
resistance there are 6, namely: the impact of 
widespread change, group inertia, the threat of 
resource allocation, power threat, the threat of 
expertise, and structural inertia. 

C. Change Management 
Change management is an approach in planning, 

designing, implementing, measuring and maintaining 
the process of change in business activity or 
employment [6]. According [7], strategy changes 
include 3 things: 
1) Contents which consist of areas within the 

organization and technical aspects that must be 
changed. 

2) People which consists of mindset changes, 
behaviors and culture that are required in the 
change. 

3) Processes which are the actions to be taken to plan, 
establish, and implement all changes in an 
integrated and comprehensive manner. 

D. Methods in Information Systems Replacement 
There are several methods in the replacement of 

information systems in the organization namely [8]: 
1) Immediate Method Cutover: This method replaces 

immediately the old system by the new system. 
This method has the highest risk of failure but fast 
in its implementation when replacing the old 
system. Thus this method requires the lowest IT 
investment. 

2) Cutover parallel method: This method has low risk 
in implementation failure. In its implementation, 

this method maintains 2 systems (old and new) 
that run at the same time. Termination of the old 
information systems is performed when the user 
is ready and accustomed to the new system. This 
method requires a high IT investment because 
they have to provide 2 systems running. 

3) Cutover phased method: This method is a merger of 
two previous methods. Replacement of the old 
system is made per phase. For example, the 
replacement is applied in a certain business unit 
first, and the rest can be applied after the first 
implementation gets its success.  

E. Anderson and Anderson Nine Phase Change 
Process Model  

This model contains 9 phases of change. Each 
phase consists of several activities and tasks that can 
be followed for planning, designing, and 
implementing change. The nine phases of this model 
are: 
1) Prepare to lead the change. 

In this phase, key people leaders are determined. 
The identification of key people leaders aims to 
prepare leaders who will control the change. 

2) Create organizational vision, commitment, and 
capacity. 
This phase aims to develop understanding, 
commitment, momentum and capacity to change. 

3) Assess the situation to determi`ne design 
requirements. 
This phase aims to look at the circumstances and 
situations that exist in the organization to make 
realistic design changes. 

4) Design the desired state. 
This phase helps organization to design state of 
the desired changes. 

5) Analyze the impact 
This phase assesses the effects of changes in the 
organization, people and habits. 

6) Plan and organize for implementation 
This phase is aimed to identify what steps needed 
to implement towards the desired state. 

7) Implement the change 
This phase implements change within the 
organization. 

8) Celebrate and integrate the new state 
Celebrating victory over the results obtained from 
changes in the new circumstances. 

9) Learn and course correct 
This phase creates a mechanism to continue to 
improve the situation has changed and make it 
permanent. 

IV. METHODOLOGY 
This research uses case study in organizations 

engaged in health care. The method used is 
combination between quantitative and qualitative 
approach. The quantitative method is used to assess 
employee perception on SIRS. The qualitative method 
is performed by interviewing the management to 
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collect data needed to formulate change management. 

A. Data Collection Method 
There are two types of data collected in this study, 

primary data and secondary data. Primary data are 
data taken directly from employees and management 
of RAA Soewondo. While secondary data are data 
collected from documents owned by the RAA 
Soewondo. 

Primary data obtained in the following manner: 
1) Interview 

Interviews were conducted at the director and 
some hospital officials associated with SIRS. 
Interviews were conducted to find out the 
problems during the implementation of new 
SIRS.  

2) Observation 
Observation is conducted to observe the hospital 
environment in daily activities. This method is 
used to determine the situation on the ground to 
the process of implementing new SIRS. 

3) Questionnaire 
Questionnaire is given to hospital employees, 
especially in the divisions that have funds and 
information flow. We made three categories of 
questions in this questionnaire, namely: 
knowledge on organizing hospital, tasks and 
functions of information technology, and 
computer skills of respondents. 

The secondary data obtained from the existing 
documentation. Data was also taken from reference 
books and journals related to the purpose of research. 

B.  Stages of Research Process 
The research stages at the RAA Soewondo can be 

explained as follows: 
1) Problem identification as basis of research. 
2) Literature review to obtain information and data 

required for preparation of research. 
3) Data collection, both primary and secondary data. 
4) Analysis of change resistance. This analysis 

produces factors that caused the rejection of 
SIRS. 

5) SWOT analysis to assess the strengths, weaknesses, 
opportunities, and threats related to SIRS 
implementation.  

6) Define strategies of change management based on 
defined SWOT. 

7) Grouping the change management strategies 
according to Anderson and Anderson's change 
management model. This grouping aims to 
classify the act of changing into a set of change 
management action. 

V. DISCUSSION AND ANALYSIS 

A.  The current IS/IT Condition at RAA Soewondo 
Hospital information systems (SIRS) has been 

implemented in RAA Soewondo on less than 5 years. 
It is developed by using FoxPro 2.0 LAN Network 

Novel. SIRS runs under Disk Operating System 
(DOS). Database, that is used to record transaction 
and patient data, uses internal database structure of 
FoxPro (dbf and fxp files). The database size is 1-2 
Gb. Patient datas are recorded in the database by using 
an unique patient registration number, e.g. 01896209, 
which the last 2 digits indicate the year. Registration 
number can be used to access different databases.  

SIRS runs in client-server system. Client system has 
no hard drive. It should be booted by the floppy drive 
to connect it to the server system. The specifications 
of the main server are Pentium 4 2.6 GHz processor, 1 
GB memory, 40 GB hard disk, Gigabit LAN, and 
DVDRW optical drive. 

SIRS system consists of several sub systems 
developed for each division in RAA Soewondo. 
However, the database of each sub system is 
integrated to central database server. SIRS consists of 
the following sub systems: 
1) Payment sub system 
2) Registration sub system 
3) Logistics sub system  
4) Pharmacy sub system 
5) Outpatient sub system 
6) Inpatient sub system 
7) Nursing sub system 
8) Medical record sub system 

RAA Soewondo hospital also has some other 
information systems, which is run separately from 
SIRS, for example human resources information 
systems (SIMDA) which is connected to the Local 
Government of Pati, funds mobilization system which 
is connected to the Central Java of Regional Banks, 
ASKES system which is connected to PT. ASKES, 
and the health insurance for the poor people system 
(JAMKESKIN) which is connected to the Department 
of Health. 

B. Advantages and Disadvantages of current SIRS 
In order to develop new SIRS and prepare 

necessary change management, we need to identify 
the strengths and weaknesses of current SIRS. 
Weaknesses in the current system are: 
1) Shared database violation 

FoxPro fitures does not allow the same data records 
modified at the same time. It causes a transaction 
should wait other transaction that currently 
accesses the data.  

2) SIRS created in FoxPro 2.0 programming language 
that can not be run on a Pentium 4 processor or 
above. 

3) The client PC must be booted with a floppy diskette 
to make a connection to SIRS. The availability of 
diskettes is now rare. 

4) SIRS menus are very complex. In order to go to the 
initial menu, the users should go through several 
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menus. This process is very time-consuming 
compared to the drop-down menu model which 
usually exists at current desktop applications. 

5) FoxPro 2.0 applications are no longer supported by 
Microsoft. 

 
While the advantage of FoxPro 2.0 based SIRS are: 
1) The size of the program is small. Thus it requires 

diskless clients and low computer resources. 
2) The main server has a backup server that serves to 

replace the main server in the event of damage. 
3) SIRS connect to clients via a local network cable to 

almost all parts of the hospital. 

C. Improvement on Current Information Technology 
The current hospital information system  will be 

replaced with the new system. The process of 
employee remuneration that is transparent and 
accurate is a major concern for this improvement. 
Current remuneration system still uses the employee 
position level and long term of work in this hospital. 
New information systems will use different references 
that are the unit cost, unit investment and services. 
People who provide health care services will get 50% 
of the revenue from the transaction of health services, 
while 50% remaining will be incorporated into the 
renumeration postal funds. Remuneration postal funds 
will be distributed to all hospital employees based on 
points of each employee. This point is divided based 
on position, the risk of employee’s job, and how long 
the employee works for the hospital. However, they 
have agreed that the new SIRS will use the 
applications that run on desktop, not on DOS. 

D. The Result of Research 
Total respondents of this questionnaire are 78 

people. They are divided into 2 major parts, 34 
respondents (44%) in Administration and Finance 
section, and  44 respondents (56%) in the Service unit. 
Administration and Finance Section includes the sub-
section Courses and Management Information System, 
Finance, and Administration. Service Unit includes 
Services Section, Nursing and Supporting (lab, 
pharmacy). Questionnaire respondents mostly are 
subdivision of staff, pharmacists, information service 
staff and  human resource staff. The following results 
are: 
1)   The Usability of SIRS 

These are respondent's answer to question about 
usability of SIRS. 80% respondent said that SIRS 
can be operated easily, 16% of respondents said 
that SIRS is quite difficult and 3 respondents said 
that SIRS is difficult to be operated. 
  

2)   Replacement of the old SIRS 
These are respondent's answer to question about 
replacement of the old SIRS. 74% of them agree to 
replace it, 16% of them is disagree, and another 
10% are abstain. 
Some of the suggestions given by respondents who 
answer agree are:  

1) They agree that the old SIRS is replaced by the 
new one if the new SIRS’s usability is better 
than before.  

2) Data processing can be more quick and 
accurate than before. 

3) They agree to add new programs, but the older 
programs do not have to be replaced. 

4) Replacement of SIRS is suitable with the 
development of computerization era. 

Respondents who disagreed with the change of  
SIRS give reasons: 
1) Current SIRS is sufficient and does not need to 

be replaced. 
2) Current SIRS only need to be improved without 

having to be replaced.  
 
3)   The Role of SIRS in Achieving Vision, Mission 

and Objectives 
From 78 respondents, 93% said that SIRS can 

help to achieve vision, mission and objective of the 
hospital, 5% said that it can help a little, 1 
respondent did not know and 1 respondent did not 
fill out the form. 

In the terms of computer use, 92% of them said 
that they use computers in their jobs everyday, 
meanwhile, 8% do not.  

About SIRS function in accelerating the work, 
94% said that SIRS can speed up their work and 
only 6% of respondents who answered SIRS do 
not speed up their daily work.  

E. Analysis 
1) Analysis of Resistance Factor 

Only 16% of the total respondents who refuse 
to replace current SIRS. They argued that the 
current SIRS is reasonable and just need to be 
improved. From the observation, we know that 
users are familiar with current SIRS operational 
conditions. They can enter and change data 
quickly.  

There are no employee training provided by the 
SIM to learn about SIRS. There is only operational 
learning process of SIRS from supervisor to staff. 
When there is a change of SIRS then supervisor 
would give  more training to their staff. Hospital 
staff consider that training provided by the SIM is 
still general and less detailed in their section. It 
causes the resistance of new SIRS  
implementation. Although this resistance is small,  
it still must be considered. Some solutions that are 
offered are : 
1) Give more socialization activity to hospital 

employee. 
2) Give SIRS operational training according to 

each unit service 
 

2)  SWOT Analysis 
Strength that exist at hospital are: 
1) Hospital has supervisor whose role is to give 

the recent information to staff regularly.  
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2) The high willingness of employees to learn 
new applications. 

3) High level of employees compliance of SIRS 
change.  

4) The sharing information habit among 
employees. 

5) Hospital has enough time for doing 
socialization and  SIRS implementation 
activity.  

6) The existence of clear standard operating 
procedures (SOP). 

7) The existence of activity review by 
supervisors. 

 
Weaknesses that exist at  hospital are:  
1) The frequency of training activity  is too rare 

(once a  month).  
2) There are only 5 IT staffs  
3) The current vission and mission is not suitable  

to the new SIRS . 
4) There are not IT training for new employees. 
5) The current SIRS cannot upgrade its 

performance. 
6) There are application and maintenance that are 

not under management of information system 
authority.  

 
Opportunities that exist in the hospital are:  
1) There are a lot of patients who visit hospital. 
2) The hospital has forefront position in Pati 

regency.  
3) SIRS improved performance of hospital in 

each unit.  
4) Having integrated information system is a 

competitive advantage. 
5) The cooperation with third parties such as 

ASKES, BANK JATENG, and Jamkesmas.  
 
Threats that exist in the hospital:  
1) Some service application units are not 

integrated with SIRS. 
2) The using of old SIRS 
3) Budget for changes and implementation 

process of the new SIRS is not so large 
compared to other government hospitals in 
Central Java. 

4) A lot of private hospitals in Pati Regency. 

F. Perform Change Management 
After doing SWOT analysis, changes actions should 

be done. Changes actions are determined by 
formulating strategies based on strengths-
opportunities, weaknesses-opportunities, strengths-
threats and weaknesses-threats as can be seen in Table 
II. These changes action are not sequential, so it will 
be difficult to determine the order of execution. 
Ordering actions should be changes in a systematic 
model. The actions that obtained from SWOT analysis 
then be grouped into Anderson and Anderson's Nine 
Phase Change Process Model. 

G. Discussion of Step Change Management Strategy 
In implementation of the new SIRS, strategic steps 

that must be taken are:  
1)  Prepare to  lead the change 

Management and supervisor leadership is very 
important in leading the change. The role of 
supervisor in each departement can speed up SIRS 
implementation. Supervisor can monirtor when 
SIRS implementation execute. 

TABLE II 
THE CHANGE OF ACTIONS BASED ON SWOT MATRICES 

Strengths-Opportunities 
 

- Maintain supervisor and 
management for support  
change process 

- Socialize changes 
- Evaluate periodically the 

implementation of the new 
SIRS 

- Training new SIRS 
gradually 

- Empowering the role of 
manager to succeed the 
implementation of the new 
SIRS. 

- Conduct  reviews of 
implementation 
periodically 

- Perform analysis of the 
impact of the 
implementation for each 
units. 

Weaknesses-Opportunities 
 
- Increase the number and 

quality of IT personnel 
- Conduct meeting in 

management level for 
unified vision and purpose. 

- Increase the frequency of 
meetings in each unit. 

- Expand  the responsibility of 
SIM division. 

- Make clear the rules about 
the use of SIRS 

- Enter the ability of 
operational knowledge 
application in the assessment 
of employee. 

- Surveys and interviews to 
obtain information about the 
desired changes. 

- Choose  the proper method 
of replacing SIRS. 

Threats-Strengths 
 
- Closure the old SIRS 

access and utilization  
- Looking for a good vendor. 
- Monitor performance of 

vendors in the making and 
implementation, 

- Keep the change process 
runs on time 

- Choose  the right 
programming language. 

- Use open source 
information technology for 
the manufacture of SIRS. 

- Conduct testing of new 
SIRS. 

- Complete the SOP in 
accordance with the new 
SIRS 

- Interconnection of separate 
applications with the new 
SIRS 

- Conduct the comparison 
study SIRS with other 
hospitals 

Threats-Weaknesses 
 
- Give  awards to employees 

who support the successful 
implementation of SIRS 

- Replace the old Foxpro 
SIRS 

- Stop support for old SIRS 
- Prepare of SOP SIRS that is 

easily understood. 
- Development of 

performance-based 
employee remuneration 
system 

- Inform all employees that 
the implementation of the 
new SIRS runs successfully. 

 
2) Create organizational vision, commitment and 

capability 
Management level meeting need to be done for 
sharing vision and comitmnet of the new SIRS. 
Socialization activities regarding SIRS change 
to all employees need to be done, so all of the 
hospital layers have same vision and 
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commitment. Socialization activity is expected 
to suppress employee resistance. Change 
implementation process also have to pay 
attention to hospital capacity that included the 
ability of human resources, budget, and time. 

3) Assess the situation to determine design 
In this step, user surveys and interviews is 

taken to find out more details of new SIRS 
components change that they want. The ultimate 
goal of the new SIRS is a system that can relieve 
and speed up users work.  

4) Design the desire state 
The design changes SIRS should be clearly 

defined in this step. The system built should not 
use programming language that is rarely used. 
New SIRS will be expected to connect the 
hospital with special applications such as 
SIMDA, ASKES, Assurance and laboratory 
equipment that uses a computer. 

5) Analysis the Impact 
SIRS change Impact analysis on hospital care 

units, need to be done before implementation 
process. It is intended during the process of 
change, hospital services did not decline. SIRS is 
need to be tested before implemented as a whole 
system in hospital.  

6) Plan and organize for implementation 
Before the implementation of SIRS done, a 

comprehensive plan on socialization, training, 
and purchase software and hardware need to be 
made. It is intended that the implementation of 
SIRS can be run on time. 

7) Implement the change 
The method chosen for implement the new 

SIRS is parallel cutover. This method was chosen 
because the risk is small. Be sides that, by using 
this system, the hospital management can ensure 
users do not see difficulties. Users can adapt and 
learn to operate the new system freely. Selection 
of parallel cutover method also due to the old 
SIRS are tight-coupled with applications within, 
so it can’t use phased cutover method. 

8)  Celebrate and integrate the new state 
The award should be given to employees who 

have good performance and contribute to the 
implementation of new SIRS. The way of 
thinking, works, and habits of employees will be 
motivated to change with this celebration. 

9.  Learn and course correct 
The process of change is a dynamic process 

and must be constantly studied and improved. 
New regulation of new SIRS need to be made 
and improved in accordance with hospital’s  
conditions and state. This is need to be done so 
that the process of change that have occurred 
become permanent in RAA Soewondo hospital.  

VI. CONCLUSIONS 
Our research is aimed to formulate suitable change 

management for RAA Soewondo Pati in 

implementing its new Hospital Information Systems 
(SIRS). Based on our research, we can conclude the 
followings:  
1)    There are individual resistance that is relatively 

small (16%) on the implementation of the new 
SIRS.  

2)    Appropriate change management needs to be 
used to improve the success of SIRS 
implementation project. The changes actions are 
formulated through the mapping of strengths 
and weaknesses over opportunities and threats in 
the SWOT matrices. Our research had 
formulated 31 necessary changes actions for 
RAA Soewondo.  

3)    To group changes actions into more ordered 
actions, we use Anderson and Anderson's Nine 
Step Change Process Model.  
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Abstract -The Directorate of Communications 
and Information Technology Transformation 
(CITT Directorate) have a task in realizing the 
strategic plan of the General Directorate of Taxes 
through the modernization of the IS / IT efficiently 
and optimally. To assess the level of efficiency and 
optimizing the use of IT, the measurement process 
is required on an ongoing basis. In this research, 
the measurement of the level of support for the IS / 
IT at the CITT Directorate, so the CITT 
Directorate can fix the things that were deemed to 
be weak. The instruments used are the IT 
Balanced Scorecard, developed by Grembergen 
based on the concept of Balanced Scorecard. In 
addition, writer also used indicators derived from 
U.S. Governance Accountability Office (U.S. 
GAO). These indicators are used as material to 
assess the level of IT support is done by 
distributing questionnaires to the staff of the CITT 
Directorate. Based on the IT Balanced Scorecard 
measurements performed showed that the level of 
IT support to the Directorate of Communications 
and Information Technology Transformation on 
the perspectives of 49% company contribution, 
user orientation perspective by 73.8%, the 
perspective of organizational improvement by 
68.3% and future-oriented perspective 25.6%.  
 
Keywords: Information Technology, Measurement 
support for IS / IT, IT-Balanced Scorecard, U.S. 
GAO. 
 

I. INTRODUCTION 

he Indonesia‘s social, political, and economic 
condition has been growing very fast. Currently, 

there are various demands on government agencies, 
including the General Directorate of Taxes. The 
demands arise such as accountability, tax law 
enforcement efforts, economic recovery, and 
independence of state financing. These demands 
appear because of the important role of tax revenue as 
the basis for realizing the independence of state 
funding and can affect the success of the government 
in restoring economic conditions.  

In the meantime, information systems are basic 
tools which are vital to support core business 
processes and provide excellent service to customers, 
in this case the taxpayer. General Directorate of Taxes 
should be able to utilize advanced information and 
communication technology to build a standard 
operating procedure to hold taxes management system 
and service model that is believed to be 
public. General Directorate of Taxes actually has 
made a strategic plan to implement the modernization 
of communications and information technology 
effectively and efficiently. 

Generally, some core systems that are still running 
at the General Directorate of Taxes such as Taxes 
Information System, Integrated Tax Administration 
System, and Information Systems Directorate of 
Taxes, still running in parallel and have different 
infrastructure platforms and not yet fully 
integrated. Given these problems, it is feared will lead 
to organizational goals that have been poured in the 
organization's strategy will be difficult to achieve, 
especially things related to information technology 
support.  

It is necessary for measuring IT support to the 
Directorate of Communications and Information 
Technology Transformation (CITT Directorate), 
against the strategic plan of the General Directorate of 
Taxes. 

II. RELATED WORKS 
Several studies related to the topic of this paper 

have been done before. Research by Purnomo [1] 
used an IT Balanced Scorecard as a basis for 
measuring the level of support for the IT division in 
an educational institution. Robbi [2] assessed the 
maturity level of strategic alignment and IS/IT to 
organizational strategies in South Kalimantan 
Regional Police refer to the IT Balanced Scorecard 
and COBIT Maturity Model 4.1. Kelana [3] used the 
IT Balanced Scorecard in measuring results and 
performance of the IT development 
process. Hartawan [4] produced a model of 
integration of IT Balanced Scorecard and Six Sigma 
to improve the management of the Information 

T
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Technology Division at PT XYZ. Prasetya [5] 
conducted performance measurement of IT 
application development management. Prasetya used 
the IT Balanced Scorecard methodology as a key 
gauge of performance measurement and management 
framework, COBIT and ITIL as an additional 
measurement.  

Similarities exists above the five studies with this 
study is the using of IT functions Balanced Scorecard 
as a tool to measure IT performance.  

III. THEORETICAL BACKGROUND 

A. Portfolio Matrices 
McFarlan and McKenney theory [6] classifies 

information technology based on aspects of the 
business functionality dependent upon IT and IT 
aspects of development for competitive advantage. 
According to them, there are four types of roles which 
are the strategic, high potential, key operational, and 
support as shown in Figure 1. 

 
  
 
 
 
 
 
 
 
 
 

Fig. 1. McFarlan’s Application Portfolio [6] 
 
B.  IT Balanced Scorecard 

In 1997, Van Grembergen and Van Bruggen [7] 
adopted the Balanced Scorecard (BSC) for using in 
the Department of Information Technology. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2. Perspective in IT Balanced Scorecard [8] 

Below are the explanations of four perspectives in 
the IT Balanced Scorecard as can be seen in Figure 2. 

1) Measurement of Business Contribution: This 
perspective evaluates the contribution of IT 

performance based on the views of executive 
management. 

2) Measurement of User Orientation: This 
perspective evaluates the IT performance based on 
user perspective. 

3) Measurement of Operational Excellence: This 
perspective assesses the performance of IT based on 
IT management perspective, including the parties 
relating to the audit. 

4) Measurement of Future Orientation: This 
perspective assesses performance based on the 
perspective of the IT department itself that are 
implementation, practitioners and professionals there. 

 

C. U.S. Governance Accountability Office (U.S. 
GAO) 

In March 1988, U.S. Governance Accountability 
Office issued an article on IT performance 
measurement, which has four perspectives [9]. 

1) Strategic IT perspective: In this perspective there 
are four objectives. They are company's mission 
objectives, management and portfolio analysis, 
financial performance and investment, and the using 
of IT resources.  

2) IT User Perspective: In this perspective there are 
three objectives. They are the cooperation and 
involvement of users, user satisfaction and support 
business processes.  

3) Internal Business Perspective IT: In this 
perspective there are four objectives. They are 
maintenance and application development, project 
performance, availability of infrastructure, and 
implementation of enterprise architecture standards. 

4) Innovation and Learning Perspective of IT: In 
this perspective there are four objectives. They are 
development and competence of the workforce, the 
use of advanced technologies, methodologies used 
and the reference staff satisfaction. 

IV. METHODOLOGY 

A. Research Framework 
First, we derived the IT vision and mission to 

become the IT strategies. We also made a portfolio of 
applications needed in the form of IT Strategic 
Grid. Once the IT strategy finished, we developed the 
IT Balanced Scorecard. Of the four things that should 
be generated, only strategic measures and strategic 
objectives which are relevant to this study as they are 
needed to adopt the IT Balanced Scorecard as a 
function of measurement.  

We also used an additional instrument of the U.S. 
GAO to make strategic measures in several strategic 
objectives. This technique is also used by Purnomo 
[1] in measuring the level of support for the IT 
division at an educational institution. 

B. Research Steps  
In order to measure the level of IT support, we 

conducted several stages as follows: 
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1)   Formulating problem: At this stage, we carried 
out the problems faced by the CITT Directorate.  

2) Literature Review: We reviewed some literatures 
to examine several instruments that can be used to 
help solving research problems.  

3)   Framework Selection:  IT Balanced Scorecard 
is considered the most appropriate way to solve the 
problems. Therefore we use it as our main framework. 
We also used some of supporting instruments such as 
the U.S. GAO, McFarlan IT Strategic Grid and the 
cause effect analysis in making the IT Balanced 
Scorecard.  

4) Questionnaire Design: A questionnaire is 
constructed from the strategic measures of constructed 
IT Balanced Scorecard which is equipped with 
guidance from the U.S. GAO. The questionnaire used 
Likert scale with the scale of 1-5.  

5) Data Collection: We collected primary and 
secondary data. Primary data were collected by 
distributing questionnaire and observaing existing 
conditions. The secondary data were obtained by 
studying the documentation of IT projects that have 
been completed, personnel documents, budget 
operational documents of CITT Directorate, as well as 
document of internal monitoring system and hardware 
applications.  

CITT Directorate employs 100 people, from the 
staff level to Echelon II.  We distributed a 
questionnaire to 25 respondents randomly. The 
questionnaire was not delivered to the top 
management of the CITT Directorate. Among 25 
questionnaires distributed, we got feedback from 20 
respondents. The selection of questions on the 
questionnaire of this research is based on research 
conducted by Purnomo [1], with additional 
measurements from the U.S. strategic 
GAO. Basically, the questionnaire included four 
perspectives of the IT Balanced Scorecard.  

6) Analysis of Result: Once the questionnaire is 
established, the authors do tabulation, then the results 
were analyzed.   

7) Conclusions and Recommendations:  
Conclusions are based on the analysis of measurement 
results. Suggestions will be provided by examining 
the research results to improve the level of IT support 
to the General Derectorate of Taxes.  

V. ANALYSIS 

A. Formulating Vision, Mission and IT Strategy of 
CITT Directorate 

First we align Vision and Mission to the IT 
Strategy. The vision of General Directorate of Taxes 
is to be government institution that organizes modern 
tax administration system effectively, efficiently, and 
is trusted by people with high integrity and 
professionalism. The mission is to collect state tax 
revenue based on taxation law that can realize the 
independence of the state budget financing through 

effective and efficient tax administration system. The 
strategies are: 
1) Increase domestic income that supports the 

independence of government funding based on 
the tax bill to the level of effectiveness and high 
efficiency. 

2) Support Government policy in overcoming the 
national economic problem with tax policies that 
minimize distortion and increase economic 
growth. 

3) Support the process of autonomy and financial 
balance between central and local governments in 
the framework of the democratization process of 
the nation. 

4) Constantly renew themselves, in harmony with 
the aspirations of the community and technocracy 
sophisticated tax administration. 

5) Provide professional services to the taxpayers to 
run the affairs of taxation for easy, fast, 
convenient, and cheap. 

Based on the vision and mission above, we made 
the formulation of Vision, Mission and IT 
Strategy. The Vision of IT is an Integrated 
Information Systems Development by using 
appropriate technology, produce high quality 
information and a means of supporting the success in 
achieving excellence service activities, operations and 
management of the General Directorate of Taxes. The 
mission is to perform the function of the role and 
responsibilities of the Information System as outlined 
by the General Directorate of Taxes which includes 
electronic data processing, service and support 
information technology, and management information 
systems. The IT Strategies include: 
1) Developing and refining organizational 

Information Systems to improve the validity, 
consistency, security, and up-to-date of taxation 
data. 

2) Providing electronic services facilities to 
facilitate taxpayers in order to do their rights and 
obligations of taxation. 

3) Complementing and refining the necessary 
organizational Information Systems in the 
General Directorate of Taxes in carrying out its 
duties. 

4) Providing quality information (on time, accurate, 
valid) to serve the information needs of 
management of the General Directorate of Taxes 

 
Second we formulated the cause and effect 

relationship. We use the standard model of the IT 
Balanced Scorecard to formulate this relationship [7]. 
To make personnels of CITT Directorate gain 
strategic expertise in the development and 
maintenance of applications and infrastructure used 
by the General Directorate of Taxation, we need to 
prepare training and research on the latest technology 
intensively. Strategic expertise will influence the 
efficiency of technological transformation, time and 
resources in the development and maintenance of IT 
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services. It also will increase the speed of the 
computing process by applying the technology.  
 

TABLE I 
INFORMATION SYSTEM ARCHITECTURE OF TAXATION 

Name of 
Application 

Functionality 

E-Registration 
 
 

Online taxpayer registration system to 
facilitate getting taxpayer number 
(NPWP). 

E-Portal Information systems that provide 
practical guidance on tax issues. 

System on tax 
examination  

The systems are capable of automating 
the tax examination process such as 
application of examination assignment 
letter, application of human resources, 
warrant application, application of tax 
calculation, etc. 

Tax 
information 
systems/Gener
al Directorate 
of Taxes 
information 
systems 
 

Information systems that facilitate 
interaction between the taxpayer and 
the tax office. It includes registration, 
payment and tax reporting. It is also 
able to supervise every obligation of 
every taxpayer, since it gives warnings 
automatically if the taxpayer were late 
or underpayment of taxes. 

e-filling Online system for tax announcement. 
Monitoring on 
tax reporting 
and payment 

Online system for monitoring and 
controlling tax revenue. 

Human 
resources 
information 
systems 

Suporting application, particularly for 
managing employees in General 
Directorate of Taxes. 

Office 
automation 
systems 

Supporting application for automating 
office environment in the General 
Directorate of Taxes. 

 
Third we developed IT Strategic Grid by examining 

existing Information Systems of Taxation as can be 
seen in Table 1. The produced IT Strategic Grid of 
CITT Directorate can be seen in Table 2. Formulation 
of IT Strategic Grid aims to calculate the percentage 
of applications coming into the strategic quadrant as 
one strategic measure used in measuring the level of 
IT support. IT Strategic Grid is prepared by using the 
theory McFarlan & McKenney [6]. 

 
TABLE II 

IT STRATEGIC GRID OF CITT DIRECTORATE 
Strategic High Potential 

  
Key Operational Support 
• Taxation information 

systems  
• General Directorate 

of Taxes information 
systems 

 

• E-Registration. 
• E-Portal. 
• Human resources 

information systems 
• Office automation systems 
• System of taxes checking 

 
Last, we develop strategic objectives and measures. 

Based on the analysis of causal relationship, we are 
summarized the strategic objectives for each 

perspective in the IT Balanced Scorecard as can be 
seen in Table 3. 

TABLE III 
IT BALANCED SCORECARD OF CITT DIRECTORATE 

User Orientation Business Contribution 
• Product quality 
• Produk effectiveness 
• User satisfaction 

• Business value of IT 
function 

• Controlled IT investment 
cost  

• Utilization of asset 
Operational Excellence Future Orientation 
• Efficiency in application 

development 
• Efficiency in computin

process 
• Efficiency in service 

functions 

• Service on IT personnels 
• Expertise of IT personnels 
• Research on current trend 

of technologies  

 
The next step is determining the strategic measures 

of each strategic goal and mapping strategic measures 
from the U.S. GAO. Strategic measures used are 
mostly taken from the IT Balanced Scorecard [7] with 
some additions from the U.S. GAO [8]. The result of 
mapping on the strategic measures from the U.S. 
GAO was the basis in preparing the research 
instrument and data collection, both through 
questionnaires and other secondary data collection. 
  
B. Measuring the level of IT support using the IT 
Balanced Scorecard 

1) Business Contribution  

The first strategic goal in this perspective is the 
business value of IT functions. Based on the IT 
Strategic Grid data above, there is no application in 
the strategic quadrant, so it can be concluded that the 
percentage of capacity development to meet strategic 
project is 0%. 

 The second strategic goal is to control IT 
costs. The measurement is performed by calculating 
the deviation percentage of the IT budget. From the 
examination of the 30 IT project documents in 2009, 
there were 10% deviation of the IT budget.  

The third strategic goal is to recover the asset. Here 
are the results of measurements of the three strategic 
measures for this strategic goal which is done through 
direct observation over a period January 2010 - April 
2010:  
• Percentage of resources shared between the units 

used on average by 55%.  
• Percentage of databases and applications used 

with the inter-unit is 100%.  
• Percentage of hardware and software with 

interoperability capability is 100%.  

2) User Orientation 

 The first strategic goal in this perspective is the 
quality of the product. The assessment was conducted 
by measuring the percentage level of ease of use of 
the existing applications. Data were obtained by 
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questionnaire. The measurement results show the 
index of ease of application by 77.1%. 

 The next strategic goal is the effectiveness of the 
product. The measurement results of the three 
strategic measures of this strategic goal are:  
• Percentage of automated processes with manual 

process which is obtained from the questionnaire 
shows a figure of 62.2%. This percentage shows 
how much the application can speed up the work 
than manual work.  

• Application functional index shows a numbers of 
68.8%.  

• Percentage of training new IT applications to 
users is 100%. This data are also confirmed by 
the findings in any project documents that require 
third parties to provide training before the user 
using a new application.  
 

The last strategic goal is the satisfaction of 
users. The four strategic measures of this strategic 
goal are obtained through questionnaires and show the 
following results: 
• The percentage of satisfied users on IT products 

is amounted to 67.8%.  
• The percentage of satisified users on IT solutions 

is amounted to 69%.  
• The percentage of satisfied users on IT support 

and services is amounted to 69.1%.  
• The percentage of satisfied users on IT training is 

amounted to 76.8%.  

3) Operational Excellence 

 The first strategic goal in this perspective is the 
efficiency of application development. The 
measurement results on the three strategic measures 
of this strategic goal are carried out through direct 
observation in the period January 2010-April 2010, 
which show the following facts: 
• The average increase in off-budget expenses is 

amounted to 3%. From the result of examining 
the IT project documents found that only one 
project out of 30 IT projects in fiscal year 2009 
behind schedule.  

• Percentage of projects using the SLA (Service 
Level Agreement) is 100%.  

• Index of user involvement in application 
development is 59.6%. This number is obtained 
based on the results of the questionnaire.  

The second strategic objective is the efficiency of 
computing process. Results of measurement on five 
strategic measures of this strategic objective through 
direct observation and questionnaire within the period 
January 2010-April 2010 show that:  
• The percentage of server availability is 99%.  
• Percentage of network availability is 95%. From 

the research, the General Directorate of Taxes 
installs new infrastructure in the new building, 
which caused a decrease in the level of network 
availability.  

• The percentage application availability is 
97.5%. This result is the average percentage of 
availability of applications and servers with the 
assumption that the availability of applications 
depends on the availability of server and network 
availability.  

• The average response time of applications for 
each user is 69.5%.  

• Percentage of fast processing time, with 
assumptions that considered fast processing time 
is 30 minutes - 1 hour, is 88.8%.  

The third strategic goal is the efficiency of service 
functions. The measurement results on the three 
strategic measures of this strategic goal are obtained 
through the questionnaire, which show the following 
results: 
• Percentage of maintenance activities is 

30.2%. The average check is done once in a 
month. 

• The average time to repair the problem by IT 
personnel is 40% which is about 1-2 days.  

• Percentage of problems resolved quickly by an 
average of 69.7%. Average of 50% - 75% of 
problems can be resolved within 1-2 hours.  

4) Future Orientation 

The first strategic goal is to continue training for 
IT personnels. The measurement results of two 
strategic measures of this strategic goal, which is done 
through direct observation and examining documents 
held by the General Directorate of taxes within the 
period January 2010-April 2010 are:  
• Percentage of IT budget used for training is 

0.2%. Of the 500 billion IT budget is allocated in 
fiscal year 2009, the direct allocation of training 
are budgeted at 1 billion.  

• Percentage of IT personnel who are trained to use 
new technology is 5%. Each year, the CITT 
Directorate budgeted to conduct training in the 
use of new technologies to 5 from a total of 100 
of their staffs. 

The second strategic goal is the expertise of IT 
personnel which is measured by the age pyramid of IT 
personnels. Assuming that the productive age in the 
range of 20-35 years, there are 93 of 100 (93%) 
Personnel CITT Directorate in productive age.  

The third strategic goal is the study of emerging 
technologies. Measurement results of two strategic 
measures of this strategic goal are:  
• Percentage of IT budget used for the research is 

0.2% with the assumption that the allocation of 
funds for research is taken from the training 
budget.  

• Percentage of IT personnel who are experts in the 
field of advanced technology is 30%, assuming 
that the reference is the mastery of advanced 
technology and web-based application 
technology, blade server technology, and 
Business Intelligence technology.  
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C. IT Balanced Scorecard Measurement Results  
From the results of measurements in business 

contribution, there are two strategic measures that 
need attention. On cost control, there are 10% of IT 
projects managed by the CITT Directorate in fiscal 
year 2009 using the allocation of funds which are 
lower than the budget provided. On the percentage of 
unused resources among units, we saw that many 
printers listed resources as assets in the year of 2000 
to 2005. It is estimated that if the strategic measures 
in this perspective explored deeper, will increase the 
percentage of IT support to the CITT 
Directorate. Based on data from the study, the level of 
IT support of CITT Directorate on this perspective has 
an average rate of 49%.  

User orientation perspective based on data obtained 
at the Directorate level IT support CITT obtained an 
average rate of 73.8%.  

The level of IT support in CITT Directorate on 
operational excellence perspective has an average rate 
of 68.3%. 

Perspective of future orientation has the smallest 
average figure among other perspectives, which is 
25.6%. This value is due to the low IT budgets for 
training and research conducted by the CITT 
Directorate. Based on the IT project documents in 
fiscal year 2009, more than 90% allocation of funds 
expended for the purchase of hardware and 
software. While training costs are inserted into each 
of these IT projects.  

VI. CONCLUSIONS AND SUGGESTIONS 
Based on our measurement of IT support in CITT 

Directorate in the General Directorate of Taxes, it can 
be drawn several conclusions. First, it can be 
concluded that the IT Balanced Scorecard can provide 
a snapshot in measuring the level of IT support on 
CITT Directorate, the General Directorate of 
Taxes. Second, level of IT support at the CITT 
Directorate in the perspective of business contribution 
is amounted to 61.2%, user-oriented perspective by 
66.3%, the perspective of organizational excellence 
by 68.3% and future orientation perspective by 

25.6%. Future orientation perspective gets the lowest 
assessment level, which means that the IT 
preparations in anticipating the future needs of the 
CITT Directorate are still low.  

We propose some suggestions to the CITT 
Directorate to increase the level of IT support in the 
future, which are: controlling IT budgets better, 
increasing the use of shared resources between units, 
increasing the frequency of application maintenance 
and the speed of IT troubleshooting, and increasing 
budget for training and research 
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Abstract—One of the key pillars or domains of 
Information Technology (IT) Governance is IT 
investment. Therefore, the strategy to manage IT 
investment is essential to support the successful 
implementation of IT Governance. Companies 
need to know the maturity level of IT investment 
management that can help them manage the IT 
investment properly. This research measures the 
increase of IT investment management maturity 
level of a state-owned company in Indonesia 
(BUMN) after applying the Financial Feasibility 
Study based on Ranti's Generic IS/IT Business 
Values in each IT investment stage as well as 
improving IT organization structure by forming 
IT Steering Committee. The result of this study 
indicates that the level of IT investment 
management maturity has increased from level 1 
to level 3. 

I. INTRODUCTION 

NFORMATION Technology (IT) has a strategic 
role in business process which can be seen from 

the alignment between business and IT strategies. The 
alignment can be measured through the ability of 
organization or company to get benefits or values 
from IT investment in the forms of increasing 
business performance, increasing productivity, 
creating efficiency, increasing market, creating 
service innovation and new products for customers, 
and increasing the ability of company to integrate 
business processes within the company [1].  

To ensure that IT investment produces the expected 
business values, the company should pay attention on 
IT investment management [4]. There are important 
questions that need to be answered known as the ”4 
Ares”, i.e., (a) Are we doing the right things?; (b) Are 
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we doing them the right way?; (c) Are we getting 
them done well?; and (d) Are we getting the benefits? 
[6]. The answers from the above questions will be 
used as a reference in building the integrated IT 
investment process phases through pre-selection or 
requirement identification, selection, control, and 
evaluation phases. 

One way to measure the success of IT investment 
management is by measuring the maturity level of IT 
investment management of the company. The 
Information Technology Investment Management 
(ITIM) developed by the United States Government 
Accountability Office (GAO) is a framework or tool 
to measure the actual IT investment process phase as 
well as to define needed improvements to the existing 
processes [3].   

The use of Financial Feasibility Study (FFS) in IT 
investment management process can increase its 
maturity level significantly. FFS is basically the IT 
cost-benefit analysis. Considering that the cost is 
easier to measure than the benefit, in this paper, FFS 
is focused on the benefit or business value of IT. One 
method to support FFS is the so-called Ranti’s 
Generic IS/IT Business Values [9] which was mainly 
developed to ease the identification process of IT 
business values using. 

This paper discusses how FFS based on Ranti’s 
Generic IS/IT Business Values is used in every IT 
investment management stage to increase the IT 
investment management maturity level of a company. 
As a case study, the result of ITIM assessment in a 
state-owned company (BUMN) is used. 

All of the following information about the BUMN 
was taken from unpublished sources. This large 
BUMN spends in average more than 20 millions USD 
yearly for IT capital and operational expenditures. 
The funding comes from external and internal 
sources. That sizeable amount of IT investment 
definitely attracts the attention of top management 
everywhere not only in this company. IT investment 
is expected to produce economic benefits not only for 
the company but also for the government as the major 
shareholder. 
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For this BUMN, together with Operational 
Feasibility Study (OFS), FFS becomes a corporate 
policy for all projects not only for IT initiatives. The 
main problem is how to write a comprehensive and 
structured FFS which is easy not only for the project 
proposal writer to make, but also for the manager or 
management to approve, and the auditor to do post-
audit. All of the involved parties in preparing, 
executing, and controlling the IT investment will have 
the same method to increase the effectiveness in 
managing IT investment of the company.  

II. IT INVESTMENT MANAGEMENT 

A. IT Governance and IT Investment 
IT Governance is part of Good Corporate 

Governance. According to Grembergen [4], the focus 
of IT Governance is in how the organization 
perceives, manages, and optimizes the IT resources in 
supporting company’s objectives. The following two 
well-known references in IT Governance elaborate the 
mentioned resources.  

Weill and Ross [11] proposes 5 main pillars or 
domains of IT Governance: (a) IT Principles which is 
the high-level statement about how IT is used in the 
business; (b) IT Architecture; (c) IT Infrastructure; (d) 
Business Application Needs; and (e) IT Investment 
and Prioritization which is the decision about how 
much and where to invest in IT including project 
approvals and justification techniques. 

The IT Governance Institute (ITGI) [6] also 
recommends 5 main domains of IT Governance: (a) 
Strategic Alignment; (b) Performance Measurement; 
(c) Resource Management; (d) Risk Management; and 
(e) Value Delivery which deals with value creation 
and ensures that IT investment gives business values. 

Both Weill and Ross and ITGI emphasize the 
importance of IT investment justification. It is in line 
with the research result conducted by Grembergen [5]. 
In 2009, Grembergen surveyed senior business and IT 
management from 22 financial companies in Europe 
which are high in IT utilization. The research 
identifies 33 IT Governance mechanism which relates 
to the alignment between IT and business strategies. 
The end result shows that the need of IT Steering 
Committee to evaluate and prioritize IT investment is 
at top priority. At the 2nd and 3rd priorities are matters 
related to the application and the management of IT 
investment portfolio including FFS which covers 
business case, information economics, ROI, and 
payback.  

B. IT Investment Management Maturity Level 
The IT investment maturity level can be measured 

with the ITIM framework or method. According to 
ITIM, the life cycle of IT investment process has 3 
stages: (a) Selection stage to define the most suitable 
project(s) to be funded; (b) Control stage to ensure 
and control the IT investment process; and (c) 

Evaluation stage to evaluate whether the IT 
investment has fulfilled the expectation or not. 

ITIM framework has 5 maturity levels, 14 critical 
processes and 93 key practices which are spread over 
each of the maturity level of IT investment 
management as shown in Figure 1. 

 

 
Fig. 1.  Critical Processes in ITIM Framework 

 
Each critical process has key practices which are the 

indicator of IT investment management maturity 
level: (a) the organization commitment to ensure the 
management that critical process is done; (b) pre-
requisite to guarantee that the implementation of 
critical process is running well; and (c) activities 
which support the application of critical process.   

Over [7] has developed an IT investment 
management model by adding one stage to ITIM 
stages that is the Pre-Selection stage which identifies 
the alignment of IT investment plan with business 
strategy as shown in Figure 2.  

 

 
Fig. 2.  Over’s IT Investment Management Stages 

 

C. Financial Feasibility Study 
Feasibility study is done after identifying user 

requirement and is used throughout the project life 
cycle [8]. Dennis [2] divides feasibility study into: (a) 
Operational Feasibility Study (OFS) which measures 
how IT is used in the company; (b) Technical 
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Feasibility Study (TFS) which measures the 
practicality of techniques and technology solutions 
offered; and (c) Financial Feasibility Study (FFS) 
which measures the economic impact of IT project 
through cost-benefit analysis. FFS is the focus of this 
paper. As explained earlier, the FFS that is meant by 
the authors in this paper is the FFS based on Ranti’s 
Generic IS/IT Business Values.  

 
TABLE 1 

RANTI’S GENERIC IS/IT BUSINESS VALUE 
 

Categories Sub-categories
1. Reducing Cost 1. Telecommunications cost  

2. Travelling cost 
3. Staff/operator/employee cost  
4. Meeting cost 
5. Service failure cost 
6. Delivery cost 
7. Training cost per employee 
8. Returning cost for incorrect delivery 
9. Cost of money 
10. Office supplies and printing cost 
11. Subscription cost  
12. Space rental cost 
13. Device rental cost 
14. Inventory cost 
15. Research failure cost 

2. Increasing Productivity 16. Restructuring job function 
17. Accelerating mastering product knowledge 
18. Ease of analysis 
19. Increasing employee satisfaction 

3. Accelerating Process 
 

20. Production process 
21. Stock procurement process 
22. Report making process 
23. Data preparation process 
24. Request/Order checking process 
25. Debt payment process 
26. Transaction process 
27. Decision making process 

4. Reducing Risk 28. Price miscalculation 
29. Unrecoverable claim 
30. Inventory lost 
31. Rejected goods 
32. Data lost 
33. Incorrect data 
34. Penalty 
35. Losing potential employee 
36. Forgery 
37. Administration fraud 
38. Incorrect payment 
39. Asset mismanagement 

5. Increasing Revenue 40. Increasing business capacity 
41. Increasing report quality 
42. Increasing customer trust  
43. Widening market segment 
44. Increasing other incomes 

6. Increasing Accuracy 45. Billing 
46. Analysis 
47. Data  
48. Planning 
49. Decision 

7. Accelerating Cash-in  50. Accelerating billing dispatching 
8. Increasing External 
Services 

51. Reducing order cancellation 
52. Knowing customer’s problems 
53. Adding point of services 
54. Personalized services 
55. Customer satisfaction 

9. Increasing Image  56. Increasing service quality 
57. Offering substantial discounts 
58. Complying with regulations 
59. Using branded systems 

10. Increasing Quality 60. Supplier/vendor management 
61. Work result 
62. Services 
63. Products 

11. Increasing Internal 
Services 

64. Shared services 
65. Matching employee’s right and responsibility 
66. Employee services 
67. Proper schedule and training material 

12. Increasing 
Competitive Advantage  

68. Forming business alliances 
69. Accelerating the execution of new business 
opportunities 
70. Increasing switching cost 

13. Avoiding Cost 71. Reserved fund 
72. Maintenance cost 
73. Lost and delay cost 

 
Ranti’s Generic IS/IT Business Values was the 

research result of Ranti using hermeneutic 

methodology based on 60 IT implementation cases of 
various software applications/systems in various 
industries in Indonesia. Ranti’s Generic IS/IT 
Business Values was intended especially to ease and 
standardize the identification (the naming) of IT 
business values without being too much concern on 
the (in)tangibility factor of IT business values. Ranti’s 
Generic IS/IT Business Values consist of 13 
categories and 73 sub-categories of IT business values 
in which each of them shows the objective of IT 
investment in a company as shown in Table 1 [9].  

The identification of IT business values from this 
table will be used as the basis to determine the 
measurement or quantification of IT business value. 

III. METHODOLOGY 

 
Fig. 3.  Research Phases 

 
This research uses a case study approach based on 

research phases as shown in Figure 3 with the 
following brief explanation: 

Phase 1 – Measurement of IT Investment 
Management Maturity Level. 93 key practices are 
questioned to capture the existing maturity level [3].  

Phase 2 – Implementation of Financial Feasibility 
Study. Over’s IT investment stages [7] are used as the 
basis and IT Steering Committee has been set up to 
follow Grembergen’s research result [5]. 

Phase 3 – Re-measurement. After the company has 
implemented FFS and provided IT investment 
management function in their organization, the 
measurement is redone.  

IV. DISCUSSION AND ANALYSIS 

A. Measurement of IT Investment Management 
Maturity Level 

The initial measurement result shows that there are 
22 key practices done by the BUMN. According to 
ITIM framework, the IT investment management 
maturity level is level 1 as shown in Figure 4, i.e. ad 
hoc, unstructured, and not well-managed. Each 
project is executed separately without any lesson 
learned from one project to another project. 

Based on this result then there is a need to improve 
IT investment management process by applying FFS 
and improving the IT investment organization in order 
to increase the maturity level.  
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Fig. 4.  The Initial IT Investment Management Maturity Level 
 

B. Strategy for Applying FFS in IT Investment 
Management Process 

Figure 5 shows the mapping of FFS to Over’s IT 
investment stages. Applying FFS in Pre-Selection 
stage (FFS-01: Identification) is aimed to ease the 
identification process of IT investment according to 
business requirements. The objective of Pre-Selection 
stage is to get investment case which contains cost, 
benefit, and risk potential of proposed IT investment. 
Ranti’s Generic IS/IT Business Value can be used to 
identify IT business values which align with business 
strategy.  

In Selection stage (FFS-02: Selection), FFS is used 
as a standard guideline to evaluate and approve the IT 
investment portfolio. 

 

Pre-Select

Select

Control

Evaluate

FFS - 01 :
Identification

FFS - 02 :
Selection

FFS - 03 :
Control

FFS - 03 :
Evaluation

Strategic Planning 
Process

 
Fig. 5.  Applying FFS in IT Investment Stages 

 
In Control stage (FFS-03: Control), FFS is used to 

ensure that the on-going IT investment process is 
being controlled. This stage is indicated by decision 
and action to continue, modify, or even stop the on-
going IT investment process. 

In Evaluation stage (FFS-04: Evaluation), the IT 
investment result is compared against the initial plan. 
The role of FFS is as a standard guideline in IT 
investment post-audit process. 

 

C. Organizing IT Investment Management Process 

Based on IT investment management framework, 
another strategy besides applying FFS is to set up IT 
Investment Board or IT Steering Committee at 
strategic level as shown in Figure 6. This committee 
has responsibilities to define policies related to IT 
investment from Pre-Selection stage down to 
Evaluation stage. FFS will be the instrument for IT 
Steering Committee to implement the policies in 
every IT investment stage. 

 

IT Investment Board or IT 
Steering Committee 

 
Fig. 6.  IT Steering Committee Function at Strategic Level 

  

D. IT Investment Management Maturity Level after 
Applying FFS and IT Steering Committee 

The re-measurement result shows the increase of 
key practices from 22 to 65 done by the BUMN. 
According to ITIM framework, the IT investment 
management maturity level is level 3 as shown in 
Figure 7. The application of FFS [10] is able to fulfill 
critical processes in: (a) Capturing Investment 
Information in which FFS is able to provide relevant 
IT cost and benefit information; (b) Providing 
Investment Control in which the above same 
information provided by FFS can be used as criterion 
to monitor or track the IT investment performance; (c) 
Selecting an Investment in which FFS is used as a 
framework for selecting IT investment strictly; (d) 
Meeting the Business Needs in which FFS represents 
the business needs in the form of IT business value; 
and (e) Conducting Post-Implementation Reviews in 
which FFS as a framework is used to compare the real 
and expected results of IT investment. 

Meanwhile, the presence of IT Steering Committee 
contributes in: (a) Instituting the Investment Board in 
which the presence of IT Steering Committee is the 
institutionalization of the IT investment management 
function whose function is to select, control, and 
evaluate IT investment; (b) Creating the Portfolio in 
which IT Steering Committee defines the IT 
investment portfolio to be selected; (c) Defining the 
Portfolio Criteria in which IT Steering Committee 
develops and maintains the selection criteria of IT 
investment portfolio aligned with company’s business 
strategy; and (d) Evaluating the Portfolio in which IT 
Steering Committee measures the performance of IT 
investment portfolio and adjusts the allocation of 
resources needed for IT investment.  
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Fig. 7.  IT Investment Management Maturity Level after Applying 
FFS and IT Steering Committee 

 
Figure 8 shows the recapitulation of all the 

processes that have been explained before in order to 
increase IT investment management maturity level 
from level 1 to level 3. There are 3 major components 
that play an important role in increasing the IT 
maturity level in this regard, i.e., ITIM framework to 
measure the maturity level, FFS based on Ranti’s 
Generic IS/IT Business Values to become the 
standard guideline in every IT investment stage, and 
improved IT organization structure/function by setting 
up IT Steering Committee.  

 

 
 
Fig. 8. Processes to Increase IT Investment Management Maturity 

Level 

V. CLOSING REMARKS 
Applying a standard guideline such as FFS based on 

Ranti’s Generic IS/IT Business Values consistent and 
continuously can definitely increase the IT investment 
management maturity level. It seems logically 
obvious but the key differentiator of our proposed 
FFS compared with “ordinary” FFS is in the use of 
standardized framework, i.e., the Ranti’s Generic 
IS/IT Business Values. This framework is used 
consistently throughout the whole IT investment 
stages, from Pre-Selection stage down to Evaluation 
stage.   

Another key component that also plays an important 
role in this regard is the presence of IT Steering 
Committee or other similar function in IT 
organization structure. The IT Steering Committee 

will use FFS based on Ranti’s Generic IS/IT Business 
Values as a valuable framework to help them manage 
the whole IT investment process life cycle. 

Of course further empirical and theoretical studies 
need to be done to increase the maturity level of FFS, 
especially the Ranti’s Generic IS/IT Business Values 
as well. The more this framework is used and 
improved, the more valuable it becomes to IT 
professionals, especially to today’s top management 
who are very demanding to see the potential returned 
values of IT that they have invested in enormous 
amount. 
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Abstract--This paper reports our work on image 

diversity using  various textual and visual search 

methods, including stemming, query expansion and 

clustering method. Experiments focus on the use of 

post-retrieval process to improve the diversity 
without sacrificing precision. The results show that 

textual local query expansion, textual clustering and 

visual clustering does indeed work in increasing 

diversity in image search result. 

I. INTRODUCTION 

Image retrieval is part of Information Retrieval that 

accepts queries either text or image. In the past years, 

image retrieval intends mainly to provide users with 
relevant images. Nowadays, image diversity in search 

result (considering query as a topic) become important 

issue because in most cases, users cannot describe their 

requests accurately by only using a few keywords. For 

instance, users usually find top retrieval results are 

dominated by a set of closely related images. Those 

images represent some specific subtopics which give too 

limited subtopic coverage for users to meet their various 

needs. These problems occur either when users refer to 

ambiguous topics or topics with broad subtopics 

coverage, whereas top search results definitely become 

more useful if it contains subtopics as much as possible. 

 

 
Figure 1 Search Result for Ambiguous Query without Diversity 

Employed 

 

 
Figure 2 Search Result for Ambiguous Query with Diversity 

Employed 

For example, Figure 1 represent some search result 

with ambiguous query, “jaguar”, that does not employ 

diversity concept, so it come up with jaguar-branded car 

images only which is still relevant but give too small 

subtopics coverage. Figure 2 represent search result that 
employ diversity concept, so it give more broad 

subtopics coverage than in Figure 1. 

 

 
Figure 3 Search Result for Rich-Subtopics Query without Diversity 

Employed 
 

 
Figure 4 Search Result for Rich-Subtopics Query with Diversity 

Employed 

Another example, Figure 3 represent some search 

result with rich-subtopics query, “tropical fruit”, that 

does not employ diversity concept, so it come up with 

images of several tropical fruit which is still relevant but 

give small subtopics coverage because it contain some 

redundancy. Figure 4 represent search result that employ 

diversity concept, so it give much more broad subtopics 

coverage than in Figure 3 as it contain images of 

different fruit. 

Image diversity is a challenge topic in ImageCLEF 

Photo Retrieval Task 2009 [1]. When it is given a set of 

queries, participants were asked to finding not only 
relevant images, but also generating ranked list that 

promote diversity. 

There are many different approaches to improve 

diversity in image search result. Most of the approaches 

try to achieve diversity through post-retrieval process. 

Hare, Dupplaw and Lewis [2] built a baseline retrieval 

system using only textual captions, then applied re-

ranking algorithm to lower down the rank of visually  
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Figure 5 System Overview 

similar images among top ranked images. Granados et 

al. [3] improve the image diversity using the 

combination of content-based and text-based techniques. 
They develop different merging algorithms  in order to 

combine different results lists from textual/visual search, 

different textual indexes, cluster level results into a 

unique topic level result.  

Zhu and Inkpen [4] investigate the effect of 

clustering documents by employing K-means clustering 

algorithm on 50 top retrieved documents based on the 

10 most frequent terms in each document. Gao and Lim 

[5] apply name entity recognition concept on  query 

expansion to reduce query ambiguity. El Demerdash, 

Bergler and Kosseim [6] reports intermedia pseudo-

relevance feedback technique by using semantic 

selectional restrictions. Furthermore, Garcia-Cumbreras 

et al. [7] use clustering technique to re-arrange most 

relevant documents in search result so that documents 

belong to different clusters are promoted to the top of 

the list. 
In this work we apply query expansion and 

clustering technique to get for the image diversity. Our 

approach uses post-retrieval processing, whereas 

baseline search results are basically been re-ordered so 

that the results contain much more diverse subtopics. 

II.  IMAGE DIVERSITY 

For the experiments, a customized Java system 

(shown at Figure 5) is built to handle baseline image 
search based on text or image query, and perform 

several methods such as stemming, query expansion and 

clustering. The system is used to index annotations and 

images, search for text or image query, merge several 

search result lists, and several post-retrieval 

processing.The merging methods are similar to 

Granados et al. [3]. Briefly, the system consists of four 

main modules which are: 
1. Merging-Module :  

Briefly, this module consist of two merging 

algorithm to merge several search result lists into 

one search result list : 

a. Merge-all: it merges different search result lists 

that consider the result document to be in the 

same level of priority, document by document 

equally in interleaved way.  

b. Merge-weight: it merges different search result 

lists produced by different modality or different 

level of priority. It determines one list as 

primary or main list, other lists act as support 

list. If a document appear in both lists, the 

relevance score of this document in the primary 

list will be re-calculated. The formula to 

calculate the score is: 

 (score in primary list x α)+(score in support list 

x (1-α) 
 

where α is an adjustable parameter. Every document 

appears in support lists but not in the primary list, will 

be added at the end of the primary list. The proper 

relevance score is also calculated with assumption 

relevance score of the document in primary list is zero. 

 

2. TextualBasedRetrievalModule : text-based search 

subsystem, using Lucene API [8] as the underlying 

textual indexing and retrieval system. This module 

can perform standard baseline text-based search and 

several techniques:  

a. Stemming : English stemmer is activated to 

stem the captions in indexing process and 

also the query before retrieval process. 

ICACSIS 2010 ISSN: 2086-1796

361



b. Global Query Expansion : perform query 

expansion by adding similar terms using 

WordNet synonym database. This function 

implementation is already in Lucene API, it 

automatically look up the synonyms for every 

word in the query and add them to the query, 

weight of term being added is the only 

parameter that can be adjusted. 

 

c. Extended local query expansion : do post-

retrieval processing of the existing search result 
provided, which top 100 of baseline text-based 

search results are extracted to find 10 most 

frequent terms (at most 5 subsequent words) 

that also contain all original query’s terms, then 

use it as new queries to obtain 10 new search 

result lists. Afterward, merge baseline result 

with those new results to establish final result 

with Merge-all algorithm, considering baseline 

result as primary list. 

 

d. Shallow Clustering : do post-retrieval 

processing of the existing search result 

provided, nearly act like classification method, 

whereas 9 most frequent terms (at most 5 

subsequent words) that contain all original 

query’s terms extracted from top 100 of 

baseline text-based search results. Afterward, 
classify each document in the search results to 

a corresponding term. Search result will be 

divided into 10 clusters, whereas 9 clusters 

based on extracted terms, and 1 cluster act as 

the other cluster. At last, merge all cluster in 

interleaved way with Merge-all algorithm. 

 

3. VisualBasedRetrievalModule  
 Visual-based search subsystem, using Lire 

(Lucene Image Retrieval) API [9] as the underlying 

textual indexing and retrieval system. This module 

can perform standard baseline visual-based search 

and also contain visual-based clustering function to 

cluster image search result using 2-dimensions K-

Means clustering algorithm. This clustering 

function do post-retrieval processing of the baseline 

search result provided. At first step, visual feature 

of 100 top ranked images in the baseline search 

result list are extracted. For each image, extraction 

process done by a visual feature extractor resulting 

a set of values (x1, x2,…,xn), then calculate the 
Euclidean Norm of those values : (||X|| = 

x1
2
+x2

2
+…+xn

2
) to obtain a single value that 

represent the image itself uniquely. Afterward, a 

pair of extraction values from different visual 

feature is used to cluster visually similar images. 

Every image represented as a point in 2-dimensions 

space with the two extraction values as coordinates 

for the two axis, then K-Means clustering algorithm 

[10] is used to cluster them.  

 
Then merge all cluster in interleaved way with 

Merge-all algorithm. This research uses pair 

combinations of three visual features for clustering 

purpose, which  are AutoColorCorrelogram, CEDD and 

FCTH feature. 

III. EXPERIMENTS 

We use image database provided by Image-CLEF 

organizer [1] obtained from Belga - Belgian news 

agency. Belga image collections consists of 498.920 

images with English-only annotations describing the 

content of the image. The annotations in this collection 

are presented in an unstructured way. 

TABLE 1 EXAMPLE OF AN IMAGE AND ITS ANNOTATION 

 

Annotation : 

613|Formula 1 World 

Champion Michael 

Schumacher sits in the new 

Benetton-Renault car 

surrounded by Dutch pilot 

Jos Verstappen (L) and 

English pilot Johnny 

Harbert (R) presented in 

Ponzano Veneto 30 

Jan.(Colourkey :yellow 

Bitburger) 

 

Based on search query logs from Belga, 50 topics 

were released as two query types. First type of query 

contain information including title, cluster title, cluster 

description and example image. Whereas second type of 

query only contain information about title and 3 

example images. 

The evaluation is measured by precision and cluster 
recall at top 10 of search result, denote by P10 and 

CR10 [1]. F measure is used to help comparing retrieval 

performances with a single measure. F is a harmonic 

mean between P10 and CR10 value, which  formula is :  

 

F = (2xP10xCR10)/(P10+CR10) 

 

 In addition, the percentage of F value improvement (^F)  

is compared to the corresponding baseline search result. 

TABLE 2 AN EXAMPLE OF QUERY PART 1 AND 2 

Query Part 1 Query Part 2 

<top> 

<num> 6 </num> 

<title> vandeurzen </title> 

<clusterTitle> jo vandeurzen 

</clusterTitle> 

<clusterDesc> Relevant images 

<top> 

<num> 27 </num> 

<title> anderlecht </title> 

<image> 

belga46/08969010.jpg 

</image> 
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will show photographs of Jo 

Vandeurzen by himself. Images 

showing Jo Vaunderzen and other 

people are relevant if he is shown 

in the foreground. Other images 

which show Jo Vandeurzen in the 

foreground are irrelevant. 

</clusterDesc> 

<image> belga30/06133842.jpg 

</image> 

<clusterTitle> vandeurzen leterme 

</clusterTitle> 

<clusterDesc> Relevant images 

must show both Yves Leterme 

and Jo Vandeurzen. Images 

showing only one of the two are 

considered irrelevant. 

</clusterDesc> 

<image> belga28/05983576.jpg 

</image> 

</top> 

<image> 

belga33/06236957.jpg 

</image> 

<image> 

belga5/01087148.jpg 

</image> 

</top> 

 

 

 

 

 

IV. RESULTS 

Table 3 shows the result with text-only modality, in 

which run number-1 is the baseline for text-base search 

result, other run results can be considered as further 

processing of this result. Run with Shallow clustering 

technique achieved best F value (0.6594) and highest 

improvement of F value (11.46%). Extended Local 

Query Expansion method evidently can improve 
performance of search result, it works well because the 

added local terms broaden the scope of subtopics in 

search result. Meanwhile, the use of stemmer and global 

query expansion technique decrease the retrieval 

performance. Stemming causes the lost of important 

terms that shouldn’t be stemmed at all, while Global 

Query Expansion bring in similar standalone-meaning 

but irrelevant terms to the contextual-meaning of 

original terms.  
 The results on Table 4 are runs result with image 

only modality. Run number 1 is the baseline for text-

base search result, other run results are considered as 

further processing. All runs achieve low F value (the 

highest is 0.1229) compared to those runs of text only 

modality. 

Runs results with mixed modality are shown on 

Table 5. These runs basically use baseline text-based 
search result for further post-retrieval processing based 

on image’s visual clues, so the baseline run of text only 

modality also became the baseline of these runs. The 

results show that visual clustering technique can 

improve the retrieval performance, regardless of visual 

features used. Run with visual clustering technique 

based on AutoColorCorrelogram and CEDD feature 

achieved the best F value (0.6690) and highest 

improvement of F value (13.09%). Visual clustering 

method shown good result, probably because technique 

employed to extract image features give an adequate 

basis to distinguish one image to another, which is 

already provided by Lire API. 

TABLE 3 RUNS RESULT WITH TEXT ONLY MODALITY 

No Run Name  P10 CR10 F 

^F 

(%) 

1 TXTOnly 0.7500 0.4884 0.5916 0.00 

2 TXTOnly_Stemming 0.7440 0.4804 0.5838 -1.31 

3 

TXTOnly_GlobalQuery 

Expansion 0.7040 0.4996 0.5844 -1.20 

4 

TXTOnly_ 

ExtendedLocal 

QueryExpansion  0.7420 0.5420 0.6264 5.89 

5 

TXTOnly_ShallowTextua

lClustering 0.7500 0.5883 0.6594 11.46 

 
Run Description : 

a. TXTOnly : This run is the textual baseline run, 

standard textual search without any additional 

processing employed. 

 

b. TXTOnly_Stemming : This run applies English 

Stemmer algorithm (see section 2.2). 

 
c. TXTOnly_GlobalQueryExpansion : This run applies 

global query expansion technique for a given query 

(see section 2.2). 

 

d. TXTOnly_ ExtendedLocalQueryExpansion  : This 

run applies extended local query expansion technique 

as post-retrieval processing for the textual baseline 

search result (see section 2.2). 

 

e. TXTOnly_ShallowTextualClustering : This run 

employs shallow textual clustering technique as post-

retrieval processing for the textual baseline search 

result (see section 2.2).  

 

TABLE 4 RUNS RESULT WITH IMAGE ONLY MODALITY 

No Run Name  P10 CR10 F 

^ F 

(%) 

1 IMGOnly 0.0800 0.2652 0.1229 0.00 

2 

IMGOnly_VisualClus

tering(AutoColorCorr

elogram-CEDD) 0.0800 0.2027 0.1147 -6.67 

3 

IMGOnly_ 

VisualClus 

tering(AutoColorCorr

elogram-FCTH) 0.0800 0.1909 0.1128 -8.27 

4 

IMGOnly_ 

VisualClustering(CE

DD-FCTH) 0.0800 0.1805 0.1109 -9.81 

 

 

Run Description : 

-IMGOnly: This run is the visual baseline run, standard 

textual search conducted without any additional 

processing. 
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-IMGOnly_VisualClustering(AutoColorCorre-logram-

CEDD): This run applies visual clustering technique 

(see section 2.3) as post-retrieval processing for the 

visual baseline search result, using 

AutoColorCorrelogram and CEDD as discriminating 

visual features. 

 

-MGOnly_VisualClustering(AutoColorCorrelogram-

CEDD): This run applies visual clustering technique 

(see section 2.3) as post-retrieval processing for the 

visual baseline search result, using 
AutoColorCorrelogram and CEDD as discriminating 

visual features. 

 

-IMGOnly_VisualClustering(AutoColorCorrelo-gram-

FCTH): This run also employed visual clustering 

technique (see section 2.3) as post-retrieval processing 

for the visual baseline search result, using 

AutoColorCorrelogram and FCTH as discriminating 

visual features. 

 

-IMGOnly_VisualClustering(CEDD-FCTH) : This run 

also employed visual clustering technique (see section 

2.3) as post-retrieval processing for the visual baseline 

search result, using CEDD and FCTH as discriminating 

visual features. 
 

TABLE 5 RUNS RESULT WITH TEXT-IMAGE MODALITY 

No Run Name  P10 CR10 F 

^ F 

(%) 

1 

TXTIMG_VisualClu

stering (AutoColor 

Correlogram-CEDD) 0.7500 0.6038 0.6690 13.09 

2 

TXTIMG_VisualClu

stering (AutoColor 

Correlogram-FCTH) 0.7500 0.5529 0.6365 7.60 

3 

TXTIMG_VisualClu

stering (CEDD-

FCTH) 0.7500 0.5805 0.6545 10.63 

 

 
 
Run Description :  
 

-TXTIMG_VisualClustering 

and(AutoColorCorrelogram-CEDD) : This run 

employed visual clustering technique (see section 2.3) as 

post-retrieval processing for the textual baseline search 

result, using AutoColorCorrelogram and CEDD as 

discriminating visual features. 

 

-TXTIMG_VisualClustering (AutoColorCorrelogram-

FCTH) : This run applies visual clustering technique 

(see section 2.3) as post-retrieval processing for the 

textual baseline search result, using 

AutoColorCorrelogram and FCTH as discriminating 

visual features. 

 

-TXTIMG_VisualClustering (CEDD-FCTH) : This run 

applies visual clustering technique (see section 2.3) as 

post-retrieval processing for the textual baseline search 

result, using CEDD and FCTH as discriminating visual 

features. 

V. CONCLUSION AND FUTURE POSSIBILITIES 

Based on the experiments, clustering techniques are 

the best methods to obtain good retrieval performance, 

in terms of diversity and precision of image search 

result. Clustering can be done based on textual and 

visual clues. In this research Shallow clustering 

algorithm suitable enough for textual clustering, while 

visual clustering with 2-dimensions K-Means algorithm 

evidently can improve retrieval performance. Visual 

features including AutoColor Correlogram, CEDD and 

FCTH, are shown to give good basis to distinguish one 
image from another, with combination of 

AutoColorCorrelogram and CEDD as the leading edge. 

Related to methods with text only modality, 

Extended Local Query Expansion shows to be quite 

promising technique, which can broaden subtopics 

diversity. Beside stemming process, we would like to 

make use of natural language processing technique to 

detect named entities. Another approach of global query 

expansion also might be worth to explore, so that it can 

expand the diversity as well as retaining the precision. 

For future work, we would like to try other algorithm 

for textual and visual clustering, as well as using other 

visual features for visual clustering. Furthermore, image 

only or visual-based only retrieval definitely need 

improvement and some re-ranking technique also might 

be fruitful to try for.  
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Abstract— Visual impairment is a vision loss 
caused by trauma, disease, and congenital or 
degenerative conditions.   This disability condition 
makes visual impairment people difficult or even 
could not understand the textual information at all. 
The objective of the research is to develop 
“TextReader”, an intelligence system to help people 
with visual impairment in Indonesia to increase their 
accessibility on textual information. “TextReader” 
combines Optical Character Recognition (OCR) and 
Text–to-speech Synthesizer (TTS) which converts 
image input  –as scanning result of the textual 
document- into character symbols, then from 
character symbols into voice. All the systems were 
developed based on Free Open Source Software 
policy thus can be used by the visual impaired at no 
cost. Preliminary experiments demonstrated the 
performance of “TextReader” by perfectly 
recognized two documents in Bahasa Indonesia and 
converted the result into audio format. 

Keywords—OCR, TTS, Visual impairment, Bahasa, Open 
source 

I. INTRODUCTION  
Visual impairment is one of national problem in 

Indonesia with the ratio 1.5% of the population  as 
reported in the survey conducted by the Ministry of 
Health in 1993-1996. People belongs to this category 
has very limited access to the information. Braille 
characters could be considered as the only way to access 
the textual information. However, only few of the 
literatures are provided in Braille thus their accessibility 
to the information is still very limited. To help these 
people, various research and development of supporting 
systems have been conducted in modern countries [1]. 
Examples of such equipments are Optical Braille 
Character Reader (OBR), virtual sound based 3D 
information visualization [2]. This system is however 
still relatively expensive, and not accessible for the 
visual impaired in Indonesia. Nevertheless, only few 

activities found in Indonesia to help the people with 
visual impairment. One of such efforts is e-book reading 
invitation which is initiated by Mitra Foundation [3] but 
yet still not optimal since it requires great effort and 
involving large number of people. This situation 
motivated us to develop an intelligent system to improve 
the accessibility to the textual information of the 
visually impaired in low cost and accessible by the 
community in Indonesia. “TextReader” is the system 
developed in this study by combining a self-customized 
Optical Character Recognition (OCR) and Text To 
Speech Synthesizer (TTS), thus converting the 
information from analog to digital image by OCR, then 
it is converted into voice signal by Indonesian TTS. 
With TextReader system,  in the future the visual 
impaired people will not depend on the Braille anymore 
to access the information written in book, newspapers, 
and even the text in outdoor environment. 

This paper is organized as follows: Sec.2 described the 
architecture of “TextReader” system, Sec.3 reported the 
experimental results which will be summarized and 
concluded in Sec.4.   

II. SYSTEM ARCHITECTURE 
“Text reader” consists of five central components: (i) 

pre-processing, (ii) segmentation, (iii) character 
classification, (iv) post processing and (v) text to speech 
synthesizer, as shown in Fig.1. 

(i) Preprocessing 
Preprocessing is conducted by a series of standard 

image processing procedures to remove the noise, image 
enhancement making the image easier to be processed 
by the subsequent modules. 

(ii) Text Segmentation & Normalization 
Text Segmentation aims to extract text area of an 

image, removing the non text area. This module is 
simply based on histogram analysis of the intensity of 
the pixels. The first step is analyzing the image intensify 
horizontally, find the line area from the histogram. 
Assumed that the text is using common font size, the 
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line will have almost similar height. Image has 
distinguished histogram characteristics compared to the 
line, that it has wider range and deviates from the 
average height of the lines.  Once line has been extracted, 
the same histogram is generated over the line, thus each 
of the character is extracted individually.  

 

image Preprocessing Preprocessing 

Text segmentation & normalizationText segmentation & normalization

Classification & word extractionClassification & word extraction

Lexicon based post processingLexicon based post processing

Text to Speech SynthesizerText to Speech Synthesizervoice

image Preprocessing Preprocessing 

Text segmentation & normalizationText segmentation & normalization

Classification & word extractionClassification & word extraction

Lexicon based post processingLexicon based post processing

Text to Speech SynthesizerText to Speech Synthesizervoice

 
Fig. 1. Flowchart of TextReader 

 
In this study, we assumed that the text is written in 

Indonesian that uses Roman alphabet. Roman alphabet 
is constructed by single segment and its segmentation is 
much easier compared to multi-segment type such as 
Japanese Kanji characters, which required complex 
processing [4]. However, some character fonts are not 
easy to segment, due to the variety of its width and in 
some cases to adjacent characters are connected. Here 
we used Courier font that has occupies the same amount 
of horizontal space, thus the problem is simplified and 
the study will be focused on the development of the 
system prototype.  After the character is extracted, it will 
be normalized into 12x12 mesh, creating a 144-
dimensional vector representation of the characters. The 
normalized image will be used as a feature in 
classification module 

(iii) Character classification and word extraction 
Classification module is implemented by Multilayer 

Perceptron Neural Network which is trained by Back 
propagation algorithm. The neural network has three 
layers: input, hidden and output layer. Each layer has 
144, 50 and 36 neurons respectively. The output of the 
classification is  26 Roman alphabets and 0-9 numeral 
characters. The character result of classification process 
will be grouped into a word by detecting a white space 
in the original image, that significantly exceeded the 
average character width. 

(iv) Lexicon based Post processing 

The goal of lexicon based post processing component 
is to correct the output word from classification 
component by referring to a dictionary. The word 
searching process is implemented using linear search, 
and the words similarity is measured using Longest 
Common Subsequences (LCS) algorithm [5]. LCS is a 
dynamic algorithm which used to find similarity and 
dissimilarity between two or more string. LCS is 
commonly used to find similarity and a consensus 
among DNA sequences.  The pseudocode of the 
algorithm is depicted in Fig. 2. 

 

 
 

 
 
   
 

 

  

 

 

 

 

 
Fig. 2. Pseudocode of Longest Common Subsequences 

First, fill in the entire column and row 1 with the 
number 0 (zero) because the row and the column did not 
related to the same character. Furthermore, to resolve 
column 2 row 2, compare the figure in column 1 row 1, 
column 2 row 1, column 1 and row 2. The greatest 
number among those three cells are selected and written 
into column 2 row 2. But if the corresponding column 
and row have the same character, the number in the cells 
is incremented. The same process is conducted 
throughout the rest cells. The similarity between the two 
strings is found in the bottom right corner cell. The score 
is then processed by the following equation: 

 for  i ← 0 to n 
 Si,0 ← 0 
 for j ← 1 to m 
 s0,j ← 0 
 for  i  ← 1 to n     
 for j ← 1 to m 
 

⎪
⎩
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lengthwordcorrected
lengthwordrecognizedLCSoutputscore

__
__×

=  

(1)                           
 
The corrected character is then converted into 

phoneme code consists of phoneme, duration, and pitch, 
e.g.  

 
The string above is an input to MBROLA Text to 

Speech Synthesizer to produce “a” voice character during 
51 ms, and to put a pitch of 114 Hz at 25% of said 51 ms. 

(v) MBROLA Text to Speech Synthesizer (TTS) 
MBROLA system is used to convert the phoneme 

command script into sound format (.wav) using 
Indonesian voice database that have been created by 
Arry Akhmad Arman. MBROLA is a text to speech 
synthesizer system (TTS) which are free and open 
source. In addition, the voice, that produced by 
MBROLA, should be intelligible and natural. There is a 
fundamental difference between TTS and any other 
talking machine (for example: cassette player). In the 
TTS it can automatically generates new sentences. 
Moreover, TTS isn’t used for record all words of the 
focus language and that the biggest difference between 
TTS and particular talking machine such as voice 
response systems (Example: announcement arrival 
machine) which use a record of a word of focus 
language. Figure 3 shows a simple but general TTS 
system functional general diagram based on the work of 
Dutoit [6]. 

Natural Language Component converts digital text 
into phoneme code that contains a phoneme, pitch, and 
duration. Digital signal processing section will receive 
input of phoneme codes as well as pitch and duration 
generated by the previous section and based on these 
codes, the generator will produce speech sounds or 
speech signals corresponding to spoken sentences. 
Conversion from text to phonemes is influenced by the 
prevailing rules in a language (narrow phonetic 
transcription). In principle, this process is the conversion 
of textual symbols into phonetic symbols that represent 
the smallest unit of sound in a language. The way to read 
and pronounce text is very specific to each language. 
This causes the implementation of a text to phoneme 
converter unit becomes very specific to the language.  To 
get more natural speech, speech that produced must have 
an intonation (prosody). Prosody is a conversion pitch 
value (basic frequency) during articulation process. After 
conversion in natural language component, digital signal 
processing component will receive input of phoneme 
codes as well as pitch and duration generated by the 
previous section and based on these codes, the generator 

will produce speech sounds or speech signals 
corresponding to spoken sentences. 

III. EXPERIMENTAL RESULTS 
The experiments conducted to evaluate the system by 

using two documents written in Bahasa Indonesia, 
which was printed out at resolution 300 dpi. The 
documents were “Pembukaan UUD 1945” and “Sumpah 
Pemuda”.  

In preprocessing phase, noises around the image edges 
caused by the scanner were eliminated. The process of 
elimination worked by checking edges of images based 
on the width and the height. If black pixels below 
threshold were found, they will be eliminated, vice versa.  
After line extraction completed, the pixels were be 
enhanced. In many cases the enhancement supported the 
segmentation result. It supported the segmentation, if the 
target contained blurred pixel which was often found in 
characters: “h”,”m”,”n”. However, we did not obtain the 
benefit  if the blurred pixels were those belong to noises. 
The result of character segmentation is shown at Tab.1 

 
Fig. 3. A simple but General TTS system functional diagram 

TABLE 1  CHARACTER SEGMENTATION RESULT 

 Pembukaa
n UUD 

Sumpa
h Pemuda 

Normal 1234 
(100%) 

221 
(99%) 

Num. of 
characters  

1234 
(100%) 

222 
(100%) 

Punctuatio
n  marks  

19 9 

Words 178 35 
 
 
“Pembukaaan UUD 1945” consists of 1234 characters 

and “Sumpah Pemuda” has 222 characters, including 
punctuation marks. The accuration result obtained by 
recognition module of “Pembukaan UUD 1945” was 
78% (139 words correctly classified out of total 178), 
while “Sumpah Pemuda” was 57% (20 words correctly 
classified out of total 35). The errors were analyzed and 
we found that many of them were caused morphological 
similarity such as “e” was misclassified “o” character, 
“i” was misclassified as “l”.  

V   51  25  114 
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The errors were then corrected in the next phase: 
lexicon based post-processing using LCS algorithm and 
Eq.(1) was used to calculate the final score.  Equation 
(1) makes the system to give higher score for the 
corrected word which has word length similar to the 
input word. Without Eq.(1),  post processing applied to a 
word such as “adii” will obtain higher score if it is 
corrected as “di” (LCS score 1.0) compare to if it is 
corrected to “adil” (LCS score 0.75). Equation (1) 
weighted the original score by comparing the length of 
the word before and after correction, thus LCS score 
becomes 0.5 for “di” and 0.75 for “adil”, thus “adil” is 
chosen and system produces correct choice.   

After post-processing, the accuration result obtained 
for “Pembukaan UUD 1945” was 99%, while “Sumpah 
Pemuda” was 100%.  The corrected words were inputted 
to TTS module which was implemented using 
MBROLA which resulting a voice in wav format.   

IV. CONCLUSIONS 
In this study, we developed “TextReader” system 

which combines Optical Character Recognition and Text 
To Speech Synthesizer. The system works by converting 
the image as a result of scanning to a textual documents 
into text (OCR phase), then followed by conversion from 
text to voice by TTS module. Using “TextReader” people 
with visual impairment will able to access textual 
information via voice, thus reducing their dependency to 
Braille characters.    

“TextReaders” consists of preprocessing, 
segmentation, character classification, post-processing 
and text to speech synthesizer. The first four components 
are parts of OCR, while the last part is implemented 
using MBROLA TTS.  The system was evaluated using 
two documents written in Bahasa Indonesia: 
“Pembukaan UUD 45” and “Sumpah Pemuda”, yield an 
accuracy of 78% and 57%. Lexicon based preprocessing 
was implemented using Longest Common Subsequences 
algorithm which demonstrated significant improvement 
of the system accuracy by almost perfectly classified the 
characters. Text to Speech synthesizer converted the 
phoneme command script into voice in wav format. 

Despite of the success in this preliminary study, 
various improvements should be carried out to make the 
system ready to use by the visual impaired. Segmentation 
algorithm should be modified to handle multifont 
characters. Layout analysis should be improved to 
accurately locating the position of text and ignoring the 
non text region, either in grayscale or color background 
documents. Computational complexity of the lexicon 
based post processing should be reduced, by 
implementing more efficient algorithm compared to 
currently used linear search strategy. Inclusion of word 
frequency in the score calculation of post processing will 
be evaluated. Text to Speech Synthesizer should be 
improved so as the intonation of the output voice become 

natural. Interface of the future will be improved by 
including speech recognition module, thus enable the 
users to operate the system via voice, not through 
keyboard as implemented in this prototype.  
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Abstract— An automatic welding system using 

Tungsten Inert Gas (TIG) welding with vision 

sensor for welding of aluminum pipe was 

constructed. This research studies the intelligent 

welding process of aluminum alloy pipe 6063S-T5 

in fixed position and moving welding torch with the 

AC welding machine. Neural network model for 

welding speed control were constructed to perform 

the process automatically. In training the neural 

network it needed a lot of data from experiments 

which were time and cost consuming. In this study, 

a new process to estimate and control the weld 

penetration in welding of aluminum alloy pipes 

were proposed. In this system, the penetration of 

the weld was estimated by hybrid estimating 

method using the combination of welding 

simulation and visual sensing. From the 

experimental results it shows the effectiveness of the 

control system confirmed by good detection of 

molten pool and sound weld. 

I. INTRODUCTION 

ECENTLY, arc welding process of aluminum alloys 

is very important in the automotive and maritime 

sectors, and has potential for high strength aerospace 

alloys due to lighter and cheaper structures. However, 

welding of aluminum pipe is difficult due to the 

characteristics of the welding process and aluminum 

properties. If the constant welding conditions are 

maintained over the full joint length, the bead width 

becomes wider as the circumferential welding of small 

diameter pipes progresses. Therefore, the control of 

bead width products has been very difficult to perform 

by constant welding conditions. The automation of bead 
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width control requires the ability to adjust speed of 

welding torch or control welding arc current.  

There have been many studies on welding process of 

aluminum pipe by rotating the pipe and welding torch 

was kept static [1]-[4]. Having welded pipe in fixed 

position, obviously, the excessive arc current yields 

burn through of metals; in contrary, insufficient arc 

current produces imperfect welding. In order to avoid 

these errors and to obtain the uniform weld bead over 

the entire circumference of the pipe, the welding 

conditions should be controlled as the welding 

proceeds, so that the system must be intelligent. One of 

the intelligent systems used for control is neural 

network. The difficulties to find good model of neural 

network is by training the model with good data only. 

And for aluminum pipe welding, it is difficult to find 

good data for the training. For that purpose, this paper 

proposes aluminum pipe welding using neural network 

control with the simulation of heat as the training data.  

The previous research [5] was successfully conducted 

to weld aluminum pipe, with the diameter of pipe was 

37.8 mm in diameter and 2 mm in thickness. However, a 

lot of experiments were conducted to find training data. 

In this study, a new hybrid process to estimate and 

control the weld penetration in welding of aluminum 

alloy pipes were proposed. In this system, the 

penetration of the weld is estimated by hybrid 

estimating method using the combination of welding 

simulation and visual sensing. With the proposed 

technique, fewer experiments were needed to find 

training data for neural network model.  

II. WELDING SYSTEM 

A. Pipe Welding System 

The pipe welding system developed in this study is 

shown in Fig. 1. The system consists of a 

circumferential welding manipulator, CCD camera and 

the image board (256×220pixels, 8bit), the personal 

computer (CPU: 1.2MHz), A/D board to measure arc 

current and voltage, TIG welding machine, and motor 

Simulation-based Neural Network Control for 

Aluminum Pipe Welding 
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board to control three stepping motors which are used 

for the revolution, longitudinal movement of the 

welding torch and arc length control.  

  

B. Image Processing Algorithm 

A mirror with the size of 29 x 20 mm was set with 60
o
 

about the horizontal axes reflected the backside molten 

pool image into the CCD camera as shown in Fig. 2 (a). 

The mirror rotates along the welding torch during the 

pipe welding process. Backside image of molten pool is 

shown in Fig. 2 (a). 

Fig. 2 (b) - (g) presents the results of image 

processing algorithm. According to the low brightness 

of aluminum’s molten pool due to the low melting point, 

the stable and robust image processing algorithm must 

be constructed as follows [5]. 

1. The image of molten pool was captured by CCD 

camera, then obtained the center of image and rotated it 

along the center of image to get uniform image.  

2. Edge detection was performed on the differential 

value of brightness distribution. Histogram analysis was 

performed to find the edge detection’s range consists of 

top and bottom threshold values. Edge position was 

determined within this range.  

3. The vertical scanning along the set window 

captured the maximum and minimum position of edge. 

And the horizontal scanning determined the left and 

right edges.  

4. Finally the width of molten pool, w was 

determined as a largest width of the left and right edges. 

III. WELDING SIMULATION 

A. Simulation Model  

In this experiment, hybrid estimating method using 

welding simulation and visual sensing was conducted. 

The welding simulation will estimate the back bead 

width as input of neural network training data. After 

constructing the neural network, it will be applied to the 

real-time operation which is used CCD camera to 

monitor back bead width and input this parameter into 

the neural network. 

The schematic of pipe simulation is shown in Fig. 3. 

Welding torch will be rotated on the fixed pipe. The arc 

distribution was in Gaussian form. The parameters of 

rotation angle, radius from center point of pipe and 

transversal distance were notated as , r and z, 

respectively. There were two simulations that have been 

conducted which were simulation of molten pool and 

arc distribution.  

For simulating the pipe during welding process, heat 

distribution modeling was used. Eq.1 gives the model of 

heat distribution. . 

3 Motors
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Fig. 1.  Schematic of pipe welding system 
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Fig. 2.  Monitoring of molten pool 

 

 

 

 

TABLE 1 

MATERIAL PROPERTIES AND WELDING CONDITIONS 

  

Base metal Al-6063S-T5 

Diameter of pipe (mm) 37.8  

Thickness of pipe (mm) 2.0 

Density (g/cm3) 2.69 

Melting point (oC) 615-655 

Thermal conductivity (W/m.K at 25oC) 209 

Welding machine AC 

Electrode 2% Th-W ( 

2.4 mm) 

Nominal arc length (mm) 1.5 

Welding current, I (A) 50 ~ 70 

Welding speed, v (cm/min) 7 ~ 25 

Shielding gas 100% Ar  

Shielding gas, q (l/min) 8 ~ 15 
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Where: 

 = density 

c = thermal conductivity 

K =  specific heat 

T = temperature 

The boundary condition of simulation used 3 

conditions which are 1) upper side, 2) lower side and 3) 

edge side of workpiece. The equations for describing the 

upper side, lower side and edge side of workpiece are 

shown in Eq. 2, 3 and 4, respectively. 

evapradiconvarc qqqq
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     (3) 
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        (4) 

Where: 

qarc   = heat input from arc source 

qconv   = heat loss because of convection 

qradi   = heat loss because of radiation 

qevap   = heat loss because of evaporation 

 

For modeling the form of arc heat source, Gaussian 

distribution form of heat source was used as shown in 

Eq. 5.  
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  (5) 

Where: 

V   = arc voltage 

I   = arc current 

v   = welding speed 

   = heat efficiency  

   = heat source distribution parameter  

Figure 4 shows the change of heat distribution of arc 

in different value of  . If the value of   is small, the 

heat distribution of arc will be sharp and the welding 

penetration will be deeper as shown in Fig. 5.  

In this simulation, the grid size of z and  are 0.5 mm 

and 0.04 rad, respectively.  For simulating different heat 

source parameters, the value of  =0.8 - 1.2 with the 

increment of 0.1 were used. Material properties of 

aluminum pipe are shown in Table 2. Aluminum alloy 

A6063-T5 was used. The welding speed used in this 

 
 

Fig. 3.  Schematic of pipe simulation 

 

 
 = 0.8           = 1.0          = 1.2 

 

Fig. 4.  Change of heat distribution of arc in different value of  

 

 
 = 0.8           = 1.5          = 2.3 

 

Fig. 5.  Change of welding penetration of the workpiece in different value 

of  

 

TABLE 2 

MATERIAL PROPERTIES OF ALUMINUM 

   

Thermal conductivity    

Ｔ<673[K]  238  [J/(m･sec･K)]  

673[K] Ｔ<933[K]  611－0.554Ｔ  [J/(m･sec･K)]  

Ｔ  933[K]  94  [J/(m･sec･K)]  

Specific heat  1085  [J/(kg･K)]  

Density    

Ｔ<933[K]   [kg/m
3

]  

Ｔ 933[K]  2560  [kg/m
3

]  

Melting point  933  [K]  

   

 

TABLE 3 

WELDING SPEED  

Rotation angle () 
Welding Speed (v) 

(cm/min) 

0
o
 – 90

o
 12 

90
o
 – 180

o
 15 

180
o
 – 270

o
 17 

270
o
 – 360

o
 19.5 

  

 

TABLE 4 

Simulation Result of Different  

σ 

(mm) 

Back bead width (mm) 

90° 180° 270° 360° 

0.7 4.6 4.4 4.3 4.9 

0.8 5.1 5.0 4.9 4.9 

0.9 5.4 5.3 5.3 5.3 

1.0 5.2 5.5 5.5 5.5 
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experiment is shown in Table 3. The speed was constant 

in 4 range of rotation angle and increased from 12 - 19.5 

cm/min.  

B. Simulation Results 

Simulation results of aluminum welding in different 

 is shown in Table 4 and Fig. 6. It is shown that higher 

value of   , wider back bead width occurs. This result 

will be used and selected according to the appropriate 

experimental result. The comparison between 

simulation and experimental results is shown in Fig. 6. 

The error of simulation is in range of 0.1 - 0.6 mm with 

the average of 0.2 mm. The error of simulation of 

rotation angle before 90
o
 was big, since the arc still was 

unstable. This result was still tolerable since the 

experiment with control was started from the rotation 

angle of 90
o
. This data will be used for training the 

neural network model.  

C. Neural Network  

Figure 7 shows the neural network model used as 

welding controller which was used back propagation 

neural network model. The input data from simulation 

were used to train the process and outputted the weight 

of neural network. There were three layers structure 

consisted of six units in the input layer, eleven units in 

the hidden layer, and two units in the output layer.  

At the constant welding current of 60 A, the welding 

speed was controlled by the input data of welding torch 

rotation angle (), welding speed (v), heat input (Q), and 

back bead width (W). With the training data from 

simulation, the process calculated the change of welding 

speed (∆v) for every 4.5
o
 of rotational increment using 

linear regression or second degree of polynomial 

regression of the data. The output of neural network ∆v 

was inputted directly into the motor control to rotate the 

welding torch. 

IV. RESULTS AND DISCUSSION 

In this experiment, target of back bead width was 

51mm. Welding control started from   = 90
o
 to get 

stable arc during welding process. CCD camera 

TABLE 5 

SIMULATION RESULTS IN  = 0.7 

Angle(°) 
Back bead width (mm) 

Error (mm) 
Simulation Experiment 

45 4.0 4.6 0.6 

90 4.6 4.7 0.1 

135 4.5 4.4 0.1 

180 5.0 4.9 0.1 

225 4.8 4.5 0.3 

270 5.1 5.1 0.0 

315 5.3 5.2 0.1 

360 5.2 5.2 0.0 

 

 
 

Fig. 6.  Result of pipe simulation 

 

 
Fig. 7.  Neural netwok model 

 

 
Fig. 8. Welding speed 

 

 
Fig. 9.  Back bead width 

 

 
 

Fig. 10. Appearance of back bead  
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captured the backside of molten pool and processed it 

with image processing algorithm to find back bead 

width as welding parameter. This value was inputted to 

the neural network control to accelerate or decelerate 

the welding torch. The comparison of experiment results 

between control and without control is shown in Fig. 8 – 

9. The welding speed is shown in Fig. 8. At  = 0
o
 – 180

o
, 

the welding speed in linear form. However, from  = 

180
o
 increased from 12 – 23 cm/min to prevent the back 

bead width not greater than 6 mm.  

Figure 10 shows sound weld of back bead. 

Accordingly, by proper control of welding speed, it will 

produce excellent back bead width. In general, the 

proposed simulation-based neural network control for 

aluminum pipe welding produced sound weld. 

V. CONCLUSIONS 

Main results obtained by the investigation are 

summarized as follows. 

1) An automatic welding process of aluminum pipe 

welding system using simulation-based neural network 

control was constructed. Hybrid method for estimating 

and control of back bead width was proposed using heat 

simulation model and visual sensing. 

2) Simulation of pipe welding process using molten 

pool calculation and different form of heat source of arc 

were conducted. This simulation determined back bead 

width used for neural network training data. It is shown 

that simulation results conform to experimental results.  

3) Using simulation-based neural network model as 

welding speed control, it was confirmed that control of 

back bead width were performed effectively.  
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Abstract— The computing sites have their own 
specific softwares installed and researchers or 
engineers may need several softwares to work in 
cooperation. A user may login one computing site 
to use a necessary software and work, then the user 
logout the computing site and login another site to 
use next necessary software. In this work the user 
could use various softwares from their computing 
sites, despite the user are not in the computing site. 
A Web interface is developed for common use in a 
number of software of confederate computing sites. 

I. INTRODUCTION 
HE Web services are capable of complicated 
operations composed of Java, PHP, or ASP so that 
most of client-server applications are served on the 

Internet these days. Those Web services often 
incorporate servers with softwares to process specific 
requests for processing particular data, i.e. 
experimentation data for engineering. Most of those 
software demands their legacy client interfaces for 
running the software. However this is restrictive to the 
engineers or scientist that are out of the site in their 
experiments. In this work, a Web-based interface of 
application client is presented in the manner a number 
of engineering software routinely adheres. 

It is supposed that, in the computing site the 
application servers are placed, all the required 
including necessary softwares are equipped with the 
system except the input file to be processed. Only a 
Web browser is necessary to the application client. 
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Fig. 1.  Conceptual structure to Use Distant Application Servers 
 

The application servers receive the file to be 
processed and the information such as configuration 
for the processing. The client selects its software that 
determines which application server would receive the 
request, after user authentication to the confederate 
computing site. In this work processing requests with 
analysis software is described for distant usage out of 
the site. The conceptual structure of the system is 
depicted in Fig. 1. The composition of the Web 
interface and its major functions  are depicted in Fig. 2 
with counter parts of the application server. 

 

 
Fig. 2. Processing the analyses requested 
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II. RELATED WORKS 
Because of the cost, complexity and size of 

computing sites, they are typically located at HPC 
centers and shared among user groups, with 
batch-scheduling to coordinate executions. Users 
submit their jobs to a queue with a request for number 
of processors and maximum execution time. This 
information is used to determine when to schedule the 
job. If the time estimate is too low, the job will be 
preemptively terminated; if it is too high, the job will 
wait in the queue longer than necessary. 

Since these systems are shared resources, 
researchers are physically remote from the computers 
they use. Thus, potentially useful tools that were 
designed to be interactive become unusably slow and 
are soon discarded, because they are not designed to 
take into account the long latency times of remote 
connections. Unfortunately for researchers, using the 
system of a computing site typically means interacting 
with the batch queue[1]. Thus there has been a 
necessity for developing a user-friendly user-interface 
for the system and hence the Web interface in this 
work. 

The major parts of works the researchers submit to 
the computing site is an analysis against gathered data 
from their experiments in this work. A Grid-style 
solver system extended RPC-type remote execution for 
a similar objective[2]. But they incorporated a 
proprietary method in the client interface that is not a 
generic one despite of their efforts in installing a new 
service or software maintenance for ease of use. A 
specific client is required to use the solver system. For 
better ease-of-use, Web components are wove into the 
client interface in this work. The weaving framework 
is a less complicated one than described in [3]. 
Definitions, procedures and algorithms are explained 
for composition of Web services with software agents 
working for the services. Less formalized process is 
introduced in this work, focusing on better ease-of-use 
by the Web interface, for maximizing scientific output 
not just the system performance as described in [1]. In 
addition to remote execution the data transmission to 
the computing site is an issue for computing sites 
including Grid. In the case of data-intensive work, a 
supplementary work could be adopted as described in 
[4], as the management of such a large file is not dealt 
in this component-based Web interface. 

III. PROCEDURE FOR WORK SUBMISSION 
The application servers are consolidated into a 

computing site[5] and those sites are potentially be a 
confederate computing sites similar to Grid. In such a 
system, traditionally a separate storage server is 
equipped at the computing site so the application 
server is free in preserving the large data files[6]. As 
the data tends to become larger by the software a 
technique developed in [7] is employed in the 
computing site for dependability. For the concurrency 

of executing jobs the computing site could operate 
multiple application  servers for one software running 
in a fashion similar to that presented in [8]. 

In the process of analyzed data input illustrated by 
① in Fig. 2, method of inputting and managing the 
result file could be entered hard-coded by user as an 
analysis software, Abaqus for example, or 
automatically assigned by the software as in 
Ls-Dyna3D for example. Therefore, the method 
should be edited accordingly by the analysis software 
used. Step ① is finished when an input file (for 
analysis) saved in user’s computer is selected, and sent 
to ② after inputting the title of an analysis, a 
description, etc. But this process must be checked, 
such as one shown in the Fig. 3, to verify integrity of 
the inputted data by checking whether individual 
analysis information is entered correctly. 

 
function NullChk() { 
 if (document.form1.INPUT_FILE.value == '') { 
  alert('Select the input file!');       
 document.form1.INPUT_FILE.focus(); 
  return false; 
 } 
 if (document.form2.LOG_FILE.value == '') { 
  alert('Select the log file!');     
  document.form1.LOG_FILE.focus(); 
  return false; 
 } 
 if (document.form2.JOB_NAME.value == '') { 
  alert(' Enter the title of the task!');      
  document.form1.JOB_NAME.focus(); 
  return false; 
 } 
… 
 

Fig. 3. JavaScript function for the data integrity check 

IV. SELECTING AN APPLICATION SERVER 

Step ② in Fig. 2 can be run as internal frame of the 

source (iframe) when “Run” button in ① is clicked, 

and acts to submit ① to the step ③ through process of 
selecting the analysis server, creating the serial number, 
and saving the analyzed information. If “Run” button 
is clicked twice, then an error message is displayed and 
the title of button changes to “Analysis in Progress”. 
During the analysis server selection process, the server 
that has not reached its maximum task capacity is 
selected after comparing each server’s current number 
of tasks (Fig. 4) to “maximum task capacity” assigned 
by the administrator in administrator mode. 

Also, serial numbers are created to assign a unique 
id to each analysis task. They are used either as key 
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values when reviewing analyzed tasks or as names of 
folders when creating paths for analyzed tasks. 
Likewise, while saving analyzed information, inputted 
analysis information from step ① in Fig. 2 is saved to 
the database along with selected analysis server and 
created serial number. 

 
function running_count (svrnm)      
 SQL1 = "SELECT COUNT(SEQ) R_COUNT  FROM 
JOB_LOG " 
 SQL1 = SQL1 & " WHERE STATE_GBN = '1' " 
 SQL1 = SQL1 & " AND JOB_SERVER ='"& svrnm &"' "  
 set RS1 = DbCon.Execute(SQL1)          ‘ compare to 
inputted server name 
 running_count = RS1("R_COUNT") 
 RS1.Close 
 Set RS1 = Nothing 
end function 

Fig. 4. ASP function for inquiry of the number of running tasks at the 
corresponding server 

 
Starting from step ③ in Fig. 2, the source of the 

analysis server selected from step ② would run. It 
takes serial numbers from the previous step, and 
creates folders in the server in the form described 
below. 

Analysis task path: it is saved under [(address of 
analysis server)/data], in form of 
“jobdate_serialnumber.” For example, it could be 
displayed as [http://192.168.1.10/data/20050101_9/], 
and result file would also be saved under the same 
folder if an input file is uploaded to the path and 
another task is run. As described in Fig. 5 and Fig. 6, 
upload component employs FreeASPUpload class - 
that uses windows API which is an open source – and 
thus is well compatible with asp, a web development 
source. Moreover, it can minimize the management 
since there is no license fee nor upgrade cost. 

Fig. 5 shows the part that is attached and called by 
Fig. 6 as a reference. It employs ADODB.Stream 
component as method of submission, and http protocol 
that is not blocked by a firewall. However, since 
FreeASPUpload does not support the Korean code 
conversion from ADODB.Stream, it can only submit 
files named in ASCII format. 

Class FreeASPUpload 
… 
 Public Sub Save(path) 
  Dim streamFile, fileItem 
  if Right(path, 1) <> "\" then path = path & "\" 
  if not uploadedYet then Upload 
  For Each fileItem In UploadedFiles.Items 
   Set streamFile = 
Server.CreateObject("ADODB.Stream") 
   streamFile.Type = 1 
   streamFile.Open 
   StreamRequest.Position=fileItem.Start 
   StreamRequest.CopyTo streamFile, 
fileItem.Length 
   streamFile.SaveToFile path & fileItem.FileName, 
2 
   streamFile.close 
   Set streamFile = Nothing 
   fileItem.Path = path & fileItem.FileName 
   Next 
 End Sub 
 Private Sub Upload() 
… 

Fig 5. FreeASPUpload 
 

<!--#include virtual="/inc/freeaspupload.asp" -->  
<!—freeaspupload source attachment function --> 
<% 
 Set Upload = New FreeASPUpload 
… 
 '****Folder creation 
 upload_path = Server.MapPath("/data") & "\" & 
JOB_DATE &"_" & SEQ 
 'response.write upload_path 
 Set fso = CreateObject("Scripting.FileSystemObject") 
 If (fso.FolderExists(upload_path)) Then 
  response.write "<script>alert('Upload error. Cancel 
the current task and try it again!');historyback();</script>" 
  response.end 
 End If 
 fso.CreateFolder(upload_path) 
 Set fso = Nothing 
 
 '****INPUT FILE uploading 
    Upload.Save(upload_path) 
 
 ' If something fails inside the script, but the exception is 
handled 
 
    SaveFiles = "" 
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    ks = Upload.UploadedFiles.keys 
    if (UBound(ks) <> -1) then 
        for each fileKey in Upload.UploadedFiles.keys 
            SaveFiles = SaveFiles & 
Upload.UploadedFiles(fileKey).FileName 
         next 
    else 
        SaveFiles = "Upload failed!" 
    end if 
Fig 6. Analysis task folder creation and input file upload process 

V. MONITORING RUNNING APPLICATIONS 

When uploading is finished in the step ③, step ④ 

and ⑤ is executed almost at the same time. At this time, 

④ executes analysis command from batch command 
by individual analysis software using ASPExec, a free, 
open-source server-side ASP component, in form of as 
shown in Fig. 7. While analysis process is executed, 
step ③ proceeds to step ⑤ and periodically  monitors 
the result. 

During the final process of analysis, step ⑤, the 
creation of result file is checked periodically while 
state value (STATE_GBN) from Fig. 8 is “1” 
(Processing). 

The time interval that checks the creation of result 
files as selected in step ① is initially 3 seconds, then 10 
seconds before 1 minute passes. After 1 minute, the 
interval is every one minute. When selected result file 
is created, it is placed under batch command using 
server component (ASPExec) as illustrated as Fig. 9. It 
is then archived using file names assigned in step ①, 

and saved under the task folder created in step ③. At 
the same time when the file is archived, STATE_GBN 
would be changed to “2”(task done) before being 
saved to the database, and the result page will show the 
time elapsed along with the download link to the result 
files. Also, there is a share button in the result page so 
that the result could be shared with other users. 

The works finished are listed so the client is able to 
receive its results. The results are zipped and ready for 
download after running the software with monitoring 
its state as shown in Fig. 10 and Fig. 11. Related 
processing information is also provided. The Web 
server and application servers are summarized in Table 
I. 

 
 

 jobmsg = request("JOB_SW") & "_asp.bat " & 
request("JOB_FOLDER") & " " & 
request("INPUT_FILE") & " " & 
request("LOG_FILE") 
' jobmsg = batch execution command, 
request("JOB_SW") = analysis software  
 Set Executor = 
Server.CreateObject("ASPExec.Execute") 
 Executor.Application = "cmd"    ‘  run command 
prompt 
 Executor.Parameters = "/C " & jobmsg 
 strResult = Executor.ExecuteDosApp ‘  Dos 
command type Application execution  method 
 Set Executor = Nothing 

Fig. 7. Analysis command execution process using server component 
 
 

  select case STATE_GBN 
   case "0" 
    STATE_GBN_NM = "<font 
color=gray>Ready</font>" 
   case "1" 
    STATE_GBN_NM = "<font 
color=green>Busy</font>" 
   case "2" 
    STATE_GBN_NM = "<font 
color=blue>Done</font>" 
   case "5"        ‘  shared state 
    STATE_GBN_NM = "<font 
color=blue>Done</font>" 
   case "9" 
    STATE_GBN_NM = "<font 
color=red>Delete</font>" 
   case else 
    STATE_GBN_NM = "etc" 
  end select 

Fig. 8 State values for the task 
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jobmsg = "zip_asp.bat " & JOB_DATE &"_" & 
SEQ & " " & INPUT_FILE & " " & 
split(LOG_FILE,".")(0) 
   Set Executor = 
Server.CreateObject("ASPExec.Execute") 
   Executor.Application = "cmd" 
   Executor.Parameters = "/C " & jobmsg 
   strResult = Executor.ExecuteDosApp 
   Set Executor = Nothing 
   'Response.Write "<pre>" & strResult & 
"</pre>" 
  End If 
  Set fso = Nothing 
 End if 

Fig. 9. Result archive process using server component 

VI. CONCLUSION 
Dozens of application servers supply numerous 

processing capabilities from server farm, and the 
storage server supply integrated storage volume with a 
number of disks. In the computing site, load balancing 
is harsh since each software shows different 
popularities. Preparing adequate number of application 
servers for the software is still a skill of the 
administrators. This work is oriented to service 
analysis work for distant clients but the other software 
could be also serviced. Among the other software, 
CAD is one not serviced yet, because of the running 
environment requirement for transmission of the 
screen in rapid change. The number of simultaneous 
usages is limited by the amount of network traffic due 
to the change. 

 

 
Fig. 10. Front page of the computing site 

 

 
Fig. 11. Monitoring page with related processing information 
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TABLE I 
SPEC. OF THE WEB SERVER AND APPLICATION SERVERS 

Server Processor Main, Auxiliary Memory 
and NIC 

Web 
Server 

Xeon 3.0GHz / 
533MHz – 2 CPUs 

2GB SDRAM DDR 
U320 SCSI Disk – 3 Drives 
Gigabit NIC 

App. 
Server 

Xeon 2.8GHz / 
533MHz – 1 CPU 

1GB SDRAM DDR 
U320 SCSI Disk – 1 Drive 
Gigabit NIC 
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Abstract—For user data is to be accessible at 
most of working places, it is required the network 
resources are available around the user’s location 
so the user data is relayed from the source location. 
The distributed computing systems including Grid 
and Cloud are capable of the accessibility in wide 
area. The storage subsystem that provides remote 
nomadic devices with storage spaces of their owns. 
This work would contribute in developments of 
pervasive computing in the respect that this 
subsystem transmits user data to the nomadic 
devices of remote locations. An implemented 
module for nomadic devices are evaluated with a 
Windows-based client in Wireless LAN. 

I. INTRODUCTION 
OBILE devices for pervasive computing are 
developed these days in support of ubiquitous 
networking such as wireless data 

communications. Using these devices, commonly two 
essential entities a user manipulates are the software 
and user data. Most of user’s data are usually placed in 
the user’s private storage. Wherever the software is 
located, user data need be delivered to the software 
unless the software moves for execution near user data, 
suchlike application streaming. Pervasive Storage 
suits well to this necessity. The industry of storage 
devices including VERITAS, EMC, and Hitachi 
officially predicated the definition[1] and their 
definition aims for use with mobile devices. However 
the pervasive storage could be utilized not only for the 
case of mobile applications but also for the case of 
distributed computing including clusters, Grids, or 
emerging Cloud computing. 

Traditional Grid data management have been 
developed on the supposition that the network 
bandwidth is unconstrained with dedicated broadband 
network lines and the storage space is enough for 
storing replicas. The supposition is not practical at all 
the computing sites, indicating shortcomings in both 
performance and resource utilization. This paper 
proposes a storage service for distributed computing 
with the strategy to lessen the shortcomings, by 
adopting the concept of pervasive storage into the 

distributed computing. 
Computing cluster is a resource pool of powerful 

hardware and specific softwares for science and 
engineering. Specific softwares, for scientific 
simulations or analyses for engineering, are 
increasingly engaging faster processing speed, larger 
memory area and more storage space. Most of these 
softwares require powerful hardware, which has 
superior processing unit, huge main memory and vast 
auxiliary storage. These characteristics make those 
softwares unmovable, and any user, at other site, who 
needs those softwares may use them through the 
Internet. Many computing sites including computing 
cluster sites are gathering to form a Grid computing 
environment. Many of the previous storage services 
have adopted GridFTP[2] to transfer user data to a 
computing site in Grid computing environment. Since 
the applications require processing large amounts of 
data, in the case that the objective is a challenging 
issue, the storage services previously proposed have 
used dedicated broadband network lines. However 
dedicated broadband network lines are still not general 
equipment of most computing sites due to its high cost. 
Further there are much more applications processes 
much less amounts of data as usual cases. In this paper 
we propose a storage service that focuses on 
cooperative computing with small amounts of data in 
distributed computing environment. 

In our recent knowledge, there has not been any 
approach similar to our goal in Grid computing, since 
proposed storage subsystem supply remote storage 
space to an application server as virtually ‘local’ disks 
by automatic data transfer among storage subsystems. 
Although this work is not for building an entire Data 
Grid, the service has characteristics such as a model of 
Federation (which is peer-to-peer) in organization, a 
function of Overlay network, a security of 
Authentication, a transfer mode of Stream in data 
transport, and an application class of Workflows, a 
scope of Individual, a data replication of Decoupled, a 
locality of Spatial in scheduling, according to the 
taxonomy of [3]. 
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II. PERVASIVE STORAGE IN DISTRIBUTED COMPUTING 
SYSTEMS 

The official definition of pervasive storage was 
predicated in [1] as follows; 
 
Pervasive storage is about pervasive access to 
information which must support “disconnected” as 
well as connected operation. 
 

It was not determined “disconnected for how long” 
but this should not mean ‘never connected’, since it 
negates ‘access to information’. In this work, the 
wireless connection is not considered, and it is 
presumed the wired connection is always available. 
From the definition, we learn pervasive storage is the 
accessibility to information stored in somewhere 
anytime, than that to the storage device in which the 
information is stored. Hence two new terms are 
introduced in the draft, the first one is Storage Cell and 
the second one is Interconnected Storage Farms. 
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Dispatching 
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(a) Loading from HOME   (b) Saving to HOME 

Fig. 1.  The storage server near serves the nomadic device with user 
data transferred from the far storage server. 

 
Storage Cell is a cache located close to the user 

accessing data located remotely, thus makes the 
latency in accessing the data. Interconnected Storage 
Farms is ‘home’ location of the data, constituted by 
storage farms, with support for storage cell. Integrated 
storage farm is appropriate for distributed computing 
sites with their storage subsystems. On the other hand, 
storage cell is adequate to ubiquitous networking for 
caching the data.  In Fig. 1(a), a storage server  serves 
the nomadic device with a storage cell near the remote 
location is called Dispatching Surrogate Away. The 
user data is transferred from the other storage server at 
its source location, called Dispatching Surrogate 
Home. The data saved by the application is stored in 
the dispatching surrogate away and then transferred to 
the dispatching surrogate home. The same happens 

when the application ends as shown in Fig. 2(b). If the 
dispatching surrogate is changed when the application 
is still running, the dispatching surrogate home 
transfers the user data that the previous dispatching 
surrogate away had to the new dispatching surrogate 
away so the new one has the same updated file. 

Fig. 2 shows the concept of Pervasive Storage for 
Nomadic Device. The data is stored in the disks of the 
storage server. Those data are accessed via an access 
point and through Internet from the storage server.  In 
the case the distance from the storage server is not far, 
i.e., the nomadic device and the storage server are 
located in the same Metropolitan Area Network, the 
bandwidth available in the wired network (Internet) 
would be larger than that in the wireless LAN. The 
layout of Fig.2 could suffice the nomadic device with 
the respect to the speed of data access, however in the 
case the distance from the storage server is far, another 
storage server near should be necessary to relay the 
data transported from the far storage server to the 
nomadic device. Otherwise, the speed of data access 
could be much slower than that in only the wireless 
LAN, as the bandwidth available in the wired network 
(Internet) might be smaller than that in the wireless 
LAN. Once receiving of data by another storage server 
would prevent the data transport from become 
lingering such as time out in the protocol. 

 
Fig. 2.  The data of a storage server is transported through wired 
network toward the access point around a nomadic device in wireless 
network. 

III. RELATED WORKS 
Almost all of applications connecting to Internet use 

the TCP/IP protocol. ISCSI is the protocol to deliver 
the data on SCSI disks over Internet. Since the iSCSI 
protocol can make clients access the SCSI I/O devices 

ICACSIS 2010 ISSN: 2086-1796

381



 
 

of a storage server over IP network, a client can use the 
remote storage of other computing site transparently 
without the need to pass through the remote storage 
server’s file system[4]. The user’s sharable storage is 
recognized as the application server’s local storage by 
a particular network device driver[5]. Once the 
application requests a file to the device driver, iSCSI 
Initiator in the figure, it relays the request to the other 
network device driver, iSCSI Target, of the storage 
server. The storage server starts to transfer the file to 
application server via the network device drivers. 
When the application server transfers data to the 
storage server, data blocks are delivered via iSCSI 
Initiator and iSCSI Target. For performance 
consideration, block I/O was adopted[6] that provides 
necessary blocks of an opened file to the application 
server and updates corresponding blocks when 
modification occur. Block I/O outperforms file I/O and 
moreover it does not adhere to a certain file system. 
Storage Management module integrates its disk spaces 
and partitions the integrated volume for home spaces. 
The disk spaces can be interleaved to speed up the 
transfer, suchlike RAID(Redundant Array of 
Inexpensive Disks)s. 

 
Fig. 3.  Multiple streams of the data are transmitted in the wireless 
LAN. 

 
In Fig. 3, the storage management of the storage 

server transmits multiple streams of the data to the 
block device driver of the storage client. The block 
device driver supports an application with data 
recombined with these multiple streams. 

IV. EVALUATION OF PERVASIVE STORAGE 
SUBSYSTEM 

The storage subsystem is composed of the storage 
server and clients, with iSCSI target and iSCSI initiator 
as respective network device drivers. The storage 
server is implemented and evaluated through Gigabit 
Ethernet concatenated to Wireless LAN. For 
evaluation of the subsystem, only one storage server 
exists on Gigabit Ethernet and only one client exists on 
Wireless LAN. The client is a Pentium M laptop with 
RAM of 512MB, an internal disk drive of IDE type, 
and a network interface of 802.11b. The storage server 
is a Xeon workstation with RAM of 1MB, an internal 
disk drive of SCSI type, and a network interface of 
Gigabit Ethernet. 

For various software of Windows2000 the client 
declares NTFS onto the device mounted from the 
Linux storage server. The files of three sizes are 
transmitted and the wireless-link usages are measured 
along the cluster sizes as shown in Fig. 4. The graphs 
of two kinds depict the wireless-link usage and elapsed 
time. The transmission times extend by file sizes. A 
tendency is shown that the smaller file gets the higher 
bandwidth usage. The cluster size does not seem 
affecting the wireless-link usages and the transmission 
times. The bandwidth of wireless LAN would 
dominate the transmission time despite the superior 
bandwidth of Gigabit Ethernet. 
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Fig. 4. Evaluation result of the pervasive storage subsystem 

 

The wireless-link usages are measured 
approximately. They are between 540kB/s and 
560kB/s in the case the file size is 72.8MB, and 
530kB/s and 550kB/s in the case the file size is 
35.8MB. In the case file size is 6.6MB it is nearly 
560kB/s. The elapsed times are proportional to the 
wireless-link usage. Attaining the higher link usage is 
the primal consideration in functionality of the 
pervasive storage in wireless LAN. 

V. SUMMARY 
A nomadic device is able to access its data 

regardless its locations using the distributed computing 
resources  of Grid computing system established or 
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Cloud computing service to be established. In the case 
of Grid, each computing site is demanded to equip with 
its broadband network links however it is not in reality. 
In this work a subsystem provides the user data to the 
nomadic device where wireless LAN is serviced and 
contributes the development of pervasive computing. 

The evaluation result shows 10sec., 1min. 10sec. 
and 2min. 20sec is elapsed in transmitting files in sizes 
of 6.6MB, 25.6MB, and 72.8MB, respectively. These 
are transmission times to transfer the whole files and 
the startup time of the applications could be earlier 
than these times and further the whole files might not 
be necessary by the sorts of the applications and thus 
the waiting time the user experiences is expected 
almost the half of these times. In the future, the 
applications running are also entities stored on disk 
drives and therefore the application streaming could be 
another issue in the wireless LANs of wider 
bandwidths. 
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Abstract - This paper aims to develop a new 

method for roughing process. Roughing is one of 

manufacturing processes, which goal is to eliminate 

unuseful material from a raw one as fast as 

possible to reach shape of material that closely 

similar to the model. Roughing is conducted before 

smoothing (finishing) process. There are several 

techniques which can be used in roughing process, 

i.e. parallel method, rotation, modified copying, 

etc. In this study, an enhancement of modified 

copying method is presented. In the previous 

method, there are some unnecessary tool 

movements that can be avoided. This unuseful 

action can cause inefficiency in roughing process 

when the actual process is conducted in CNC 

machine. Therefore the method has to be modified 
to fasten and reduce the cost of roughing before 

implemented into the real process. The 

visualization of the result shows, this method is 

good and reliable to be applied in the real roughing 

process. 
 

Key words: roughing, modified copying, enhanced 

modified copying, faceted model, manufacturing 

process. 

 
I. INTRODUCTION 

OUGHING is part of manufacturing process. It 

should be done before finishing process. The 

goal is to create a formed material that is closely 
similar to the model which has been designed in CAD 

system as fast as possible by eliminating the unused 

material from a raw material.  

After a model is designed using CAD (Computer 

Aided Design) System, it is transferred into CAM 

system before CNC machine can make a real one. 

CAM system will provide appropriate configuration 

for CNC machine and a guidance for the tool to cut 

the material in order to form the material same to the 

designed model.  

 

There are several processes in CAM system. Some 

of the important processes in CAM system are 

creating tool path for roughing and creating for tool 

path for finishing. In the CAM system being 

developed, it is enhanced with feature identification 

for 3D model, segmentation process, automatic 

configuration, simulation and visualization. Moreover 

in the finishing process, gouging elimination is 

enhanced with bucketing to increase gouging 

elimination and tool path finishing speed [4,5,7,8].  

Roughing process, as one of the most important in 

CAM system, has been intensively studied. There are 

several techniques related to this method, i.e, parallel 

technique, Z-level contour offset, modified copying, 

etc. All of them are used for many kind of model. 

There is no best roughing method for all model case. 

A method might work well for some model, but it can 

be worse for other model.  
The study that has been done by [5] explores z-

level contour offset and modified copy finishing 

method, or in this paper simply called modified 

copying. In z-level contour offset method, roughing 

paths are generated based on the offset of contour of 

the model in a z-level. It slices the model for every z-

level. The paths are then created on every slice which 

has been made. The weakness of this method is if the 

model is plain, or there are some parts in the model 

which are plain, the method can not create a proper 

slice, thus a good roughing path on a plain area can 

not be well generated. Moreover step-by-step cutting 

process from one layer into another is harder to be 

designed than other method which has usually 

included the layer-by-layer cutting process.  

Other study about roughing process is conducted 

by [3]. It applied parallel roughing. This method runs 

by first doing contour offset to create “islands” on the 
model, then the shore line (of the island) is used as the 

point where the tool has to move up as for interference 

avoidance before straightly cutting the model. 

However, this method makes material cuttting a bit 

heavy.. This produces a jagged material. If this kind of 

material continues to the finishing process, the cutting 

energy of the tool will unstable in every cutting point. 

When the tool cuts high volume material part, the 

energy is increased, as well as the cutting sound. On 

R 
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the other hand, when it cuts low volume material, the 

energy reduced, and so does the sound. The energy 

used by the tool during machining process can be 

represented with sound. It will be heard as high and 

low sound volume occurred alternately. This shows 

that the tool cuts the material unstably. It can greatly 

reduce quality of manufacturing product which must 

be avoided as much as possible. 

In [5], modified copying method is presented. 

Unlike parallel roughing, it does not need z-level 

contouring method before applying modified copying 
technique. After creating cutter contact-point (cc-

point) and generating tool paths, the tool paths 

themselves are copied in z-direction. This method can 

make a smooth roughing path, which lead to stability 

tool energy in finishing process. However, there occur 

several inefficiency tool movements. The tool moves 

in the area where no material exists. Besides wasting 

time for roughing process which can be made shorter, 

it makes instability in the process, since the energy is 

less used when the tool cuts no material area, and the 

energy is more used when the tool cuts material area. 

It will be explained clearer in the next section.  

This paper will explain an enhancement of 

modified copying method. In section 2, cc-point and 

tool path generation is described as the preprocessing 

of enhanced modified copying method, and then in 

section 3 a brief explanation of previous method is 
presented. Section 4 will be the part where 

enhancement of modified copying method is described 

in detail as well as the visualization of roughing path. 

The overall overview and conclusion is provided in 

section 6.  

 

II.  PATH GENERATION 

Path consists of many points on the surface that the 

tool will pass through. It is guidance for the tool when 

the tool moves along the surface. There are several 

types of tool path, i.e. parallel tool path, circle, spiral, 

z-segmented, etc. But in this study, only parallel tool 

path is concerned. It is made by first deciding step 

over between each path. Suppose that the tool moves 

along y axis, then the step over will be created for a 

distance along x axis. 

The path is created based on points that the tool 

has to pass through. These points are called cutter 

contact points (cc-points). They are generated on 

every vertex or edge of the triangles which are passed 

by the cutting line. 

Cutter contact points are generated based on the 

the cutting line. Cutting line is determined based on 
the tool direction and tool step over. Assume that the 

direction of tool is along y axis, and the step over 

distance is denoted as dy. The first line of tool paths 

will be at the left of the model, which start from x=0, 

or one can start from x=dx/2 for fairer case. Then 

create a line starting from y=0 and go up until the 

upper most part based on y axis in that line reached. A 

point is placed when the line encounter an edge or 

vertex. The points should be placed in order based on 

the process of line drawing from start point to end 

point. 

 

 
Figure 1. Tool moves along y axis and change track based on x axis. 

 

 
Figure 2. Points are connected to create paths 

 

 

 

 
Figure 3. Points has to be sorted based on tool movement 

 

The step of generating path is first decide the 

initial point. Initial point can be defined as the point in 

the position of x axis = dx/2 and the lowest point 

position of y axis in the related x axis. To get this 

point, one has to check all triangles in some part of the 

surface. If the triangle is passed the line, then find the 

edge / vertex which interference with the line. 

 

y 

x 

 

z 

Tool 

movement 

direction 

Step over 

ICACSIS 2010 ISSN: 2086-1796

385



 
Figure 4. A line passes a triangle 

The intersection between line and triangle may 

occur in 2 conditions, first is intersection between 

edge of triangle and the line, and second is 

intersection between vertex of triangle and the line. 

For the first case, to find the precise position of the 

intersection, one of the value (x,y,z) in the intersection 

position has to be known. Since for the first path the 

value of x is dx, then the unknown value that has to be 

found is y. Using line formula, y value can be 

calculated, as well as the z value. Assume that the end 

to end points of the edge are  111 ,, zyx  

and  222 ,, zyx , then the points along that line can be 

illustrated as a line formula below, 
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Using equation (1), by knowing the value of x, the rest 

element can be found by calculating n value as 

described in the following formula, 
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The values of y and z are then calculated using the 

following equation, 
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After getting all the points along the x=dx area, next is 

sort the points based on y value, starting from the 

lowest point until the highest points. Once the points 

have been sorted, create lines between one point to 

another according to the point position. Points in one 

line will create a path. The paths generated from this 

step are used for roughing process. 

 

III.  MODIFIED COPYING METHOD 

 

Modified Copying method uses tool paths which have 

been generated from previous process. The paths 

created are inside the bounding box. Bounding box is 

a representation of the minimum material needed in 

order to create a product which similar to the model 

designed. To know how many times the tool has to 

move in roughing process, the maximum distance 

between the lowest position in generated path and the 

height of the bounding box has to be found. This is 
done by finding the maximum distance for each point 

to the point of the in the ceiling of bounding box 

which has the same (x,y) value. 

 )(___maxmax_ ixyi zboundboxceilzvertexdz  (4) 

Where max_dz is maximum height, izvertex_  is 

position of i
th

 vertex and )(_ ixyzboundbox  is z 

element of a vertex in the bounding box ceiling which 

has the same (x,y) with i
th

 vertex. 

 

 
Figure 5. Maximum heights between path and bounding box ceiling 

However, in the real case, an accurate size of material 

is hardly found. Therefore an estimation of additional 

height must be considered. The standard maximum 

height between the lowest point in the path with the 

ceiling of bounding box is no longer used. Before 

calculating the maximum distance, an estimation of 

additional height first has to be added to the bounding 
box height, and then the maximum distance is 

calculated using equation 4 (figure 6). 

 

 
Figure 6. Maximum heights between path and bounding box ceiling 

after adding some height 

After determining maximum height, a number of 

vertically copied path created is calculated using the 

following equation. 

tooldz

dz
n

_

max_
     (5) 

Where n is the number of vertically copied path, and 

dz_tool is maximum height that the tool can cut 

effectively. Dz_tool is determined by the user. 

Number of copy shows how many times that the tool 

has to move down cutting the material from the 

highest position.  
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Next is creating other paths which are copied from the 

original cc-points to the z elements as far as dz_tool 

using the following equation.  

tooldzzz oldnew _    (6) 

Model of the paths are shown in figure 7. 

 

 
Figure 7. Tool path created using modified copying technique 

 
The visualization of modified copying method can be 

seen in figure 8. They show a model and the paths that 

the tool must follow to cut the material in roughing 

process. 

 

 
 

 
 

 
 

 
Figure 8. Visualization of some modified copying method results 

 

IV.  ENHANCED MODIFIED COPYING 

METHOD 

Modified copying method is good enough to create a 

high quality roughing product. Since the material is 

cut layer by layer, and cutting process is smooth, 

following the path created by cc-points, makes the 

roughing result become much similar to the finishing 

product. 

However, there is still inefficiency in the roughing 

process. There is some area where the tool moves in 

waste. It is the area where no material is cut at all as 
shown in figure 9. If the tool does not move in this 

kind of area, cutting time can be reduced since the tool 

moves more efficient. Instead of moving up-down 

without material being cut, it is better to move 

straight.  

To create such roughing path, when copying the path 

upward, one has to consider z-position after copying 

for every point in the path. If the point position after 

copying is higher than bounding box ceiling added by 

estimation height range, then the point is placed on the 

ceiling with appropriate (x,y) element as illustrated in 

figure 10. This way, the tool will not do such waste 

action. By eliminating the action, roughing time 
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estimation must be smaller, and efficiency tool 

movement is increased several percent. 

 

 
Figure 9. Unnecessary tool movement that can be eliminated to 

fasten the process 

 

To create such roughing path, when copying the path 

upward, one has to consider z-position after copying 

for every point in the path. If the point position after 

copying is higher than bounding box ceiling added by 

estimation height range, then the point is placed on the 

ceiling with appropriate (x,y) element as illustrated in 

figure 10. This way, the tool will not do such waste 

action. By eliminating the action, roughing time 

estimation must be smaller, and efficiency tool 

movement is increased several percent. 
 

 
Figure 10. Roughing path after unnecessary tool movement 

elimination 

 

V.  IMPLEMENTATION AND 

VISUALIZATION 

 
The result of new method can be seen in figure 11. 

Different from the old one, paths that appear in the 

picture do not exceed bounding box ceiling added by 
estimation value.  

The experiment models are sculptured surfaced 

and the method runs on 3 axis CAM system 

environment. They show a good result. The 

smoothness of the path and the step-by-step process 

are described well, makes the method is appropriate to 

be implemented into the real case. 

I. CONCLUSION 

An enhancement of modified copying technique 

for roughing process has been implemented. It shows 

a good result based on the visualization of the model 

and the path after processing. It is part of 3 axis 

roughing method. It first runs like a standard modified 

copying method. It begins with creating cc-point, 

continued by generating path, and ends with copying 

the path to the z axis where the number of the copy is 

based on the maximum height from the lowest cc-

point position and bounding box ceiling after adding 

by estimation height range.  

However, in the old method, the tool still moves in 

some empty are which is considered as an unnecessary 

action. Moving up-down without material being cut 

wastes much time compared to run straight directly to 

other part of raw material. Moreover it causes 

instability of the energy used for tool cutting. When 

cutting part of material the tool consumes much 

energy, but when the tool find an empty area, the 

energy used is suddenly reduced in a high range.  
By enhancing the modified copying method, such 

action can be eliminated and it gives faster roughing 

process as well as stability to the process. The 

enhancement is conducted by bounding the copied cc-

point, so that it does not exceed the added bounding 

box ceiling. This method gives a good result, and it is 

appropriate to be implemented in the real case. 
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Figure 11. Enhanced Modified Copying path 
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Abstract—TLA+ is a temporal based specification 

language to build specification of a system. In this paper, 

we will describe our ongoing research, about formalizing 

TLA+ language in HOL theorem prover. To do the 

formalization, we take the Shallow Embedding method, 

and conduct a case study of buffer communication using 

FIFO (First in First out) specification. We expect that 

our work will contribute to combine theorem prover and 

model checker as a verification support for TLA+. 

I. INTRODUCTION 

LA+ is one of language to build system 

specification. TLA+ specification model checker 

is available. On the other hand, proof checker for 

TLA+ specification has not exist. To build the proof 

checker, formalization of TLA+ in a theorem prover is 

needed. If a proof checker for TLA+ is available, we 

will try to combine model checker and proof checker 

to support verification of TLA+ specifications. 

The formalization of TLA in Isabelle theorem prover 

is presented in [2]. The temporal formulas of TLA are 

defined on transition formulas which are evaluated on 

the movement of a state to its successor state. A state 

is represented as a function that maps variables. The 

formalization defines theory of state function, theory 

of action function, and the syntax of temporal logic. 

Theory of state function describes base variable (a 

single variable) first. Then, it defines pair or list of 

variables to represent state. Theory of action describes 

transition of pair of states. It also defines unlifting 

functions to support reasoning in higher level 

abstraction. 

II. CURRENT WORKS 

A. Case Study about Specification Manual Proving 

Our research is motivated by a case study of 

CompositeFIFO module, a TLA+ specification from 

[1]. The specification describes a buffer 

communication using FIFO. The specification has 

some component specifications: Sender specification, 

Buffer specification, Receiver specification, 

 
This works is partially fund by CVT (Component-based 

Verification Technology) research of Faculty of Computer Science 

Universitas Indonesia, granted by Menristek Indonesia. 

InChan (channel from Sender to Buffer), and 

OutChan (channel from Buffer to Receiver). 

Sender communicates with Buffer through InChan. 

The Sender will send message to InChan, and 

InChan will forward it to Buffer. Buffer represents 

the queue (denoted by variable q) of the FIFO buffer 

communication. Buffer communicates with 

Receiver through OutChan. Buffer will forward 

messages to Receiver through OutChan. 

To do reasoning of CompositeFIFO module, we 

need to proof that that module can be derived from its 

sub-modules (component modules). A specification in 

TLA+ usually uses Spec as the specification’s main 

formula. We take the component modules as premises 

in our reasoning, and take the Spec of 

CompositeFIFO module as conclusion that we want 

to reach. Then, we can do manual proving using 

“equational” method. 

We would rather need an automated proving method 

than the manual one. Besides that, we need a proof 

checker. Before automating the proving method, we 

have to build formalization of TLA+. We use HOL 

theorem prover as host logic of the formalization. 

 

B. Simple Specification Proving in HOL Theorem 

Prover 

 

Here we specify a simple specification. To make the 

specification, we simplify or reduce the 

CompositeFIFO specification. Assume that we have 

following simple component specifications as 

premises: 

 
 InChan ≡ a1 Λ (send1 V rcv1) 

 OutChan ≡ a2 Λ (send2 V rcv2) 

 Sender ≡ r1 Λ v1 Λ send1 

 Buffer ≡ buf Λ ((rcv1 Λ q) V send2) 

 Receiver ≡ rcv2 

 

and take following specification as conclusion: 

 
Spec  a1 Λ a2 Λ Sender Λ Buffer Λ Receiver 

In HOL theorem prover [5] we can prove 

automatically that Spec can be derived from 

conjunction of InChan, OutChan, Sender, Buffer,  
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and Receiver. 

A. Formalization of TLA+ in HOL Theorem Prover 

To formalize TLA+ in HOL using Shallow 

Embedding method [3], there are three main steps: 1) 

Identifying the semantic domain of TLA+, 2) 

Describing the semantic detail and encoding it in 

HOL, and 3) Representation and verification of 

inference rules. In this paper, we will report our works 

on the first two steps. 

1) Identifying the semantic domain of TLA+ 

We use axiomatic semantic to identify the semantic 

domain of TLA+. What we define are data structure 

and functions. We will define only one data structure: 

variable. Some HOL built-in functions from 

Temporal Logic library are used, for example NEXT 

and ALWAYS. We currently define some functions: 

State, predicate, stuttering, and assignment.  

Before defining semantic domain of stuttering 

function, we need to give an example of stuttering step 

in TLA+. Consider a formula below. 

InnerBuffer  BufferInit Λ [BufRcv V 

BufSend]<in.ack, q, out.val, out.rdy> 

The formula allows step that leaves all the mentioned 

variables (in.ack, q, out.val, out.rdy) 

unchanged. That step is called stuttering step. 

Stuttering step in TLA+ is a step that could leave all 

the module’s variables unchanged. The step [BufRcv 

V BufSend]<in.ack, q, out.val, out.rdy> allows 

behavior in Fig. 1. above. 

Variable (variable’s name) is represented as constant 

string. State  is represented as function from 

variables to values. These values mean variables’ value 

at that time. Predicate, stuttering, and assignment are 

represented as Pred, stuttering, and asg 

function. TABLE I gives our definition of semantic 

domain of TLA+. 

2) Describing the semantic detail 

Semantic detail of Pred is represented in TABLE II. 

Predicate represents formulas in TLA+. Formula in 

TLA+ is a noun [1]. It can be true or false. We define 

that Pred receives some operands. The operand will 

have value (true or false) if it is applied to a State. 

The bounded variable s in TABLE II is of type State. 

\s.  means receiving an s. /\, \/, ==>, and ~ 

respectively means conjunction, disjunction, 

implication, and negation as primitive Boolean 

operators in propositional logic. By defining Pred, we 

are defining conjunction, disjunction, implication, and 

negation in state-level.Semantic detail of built-in 

 
Fig. 1.  An example of behavior that is allowed by step [BufRcv V BufSend] <in.ack, q, out.val, out.rdy> 

TABLE I 

SEMANTIC DOMAIN OF TLA+ 

Domain Name Description 

type var = string var (typed string) 

represents variable’s name. 

type State = list 

string  list Value 

State receives list of 

var, and returns Value 

from var at that time. 

type Pred = State  

bool 

Pred receives State, 

then does computations and 

returns true or false. 

type stuttering = 

State  State 

stuttering receives 

State, then does 

computations and returns 

State. 

type asg = var  

Value  State 

asg receives var and 

Value, then changes 

var’s value for the 

successor state and return 

State. 

 

 

 

TABLE II 

SEMANTIC DETAIL OF PREDICATE IN TLA+ 

TLA+ Predicate Semantic 

p AND q (\s. p s /\ q s) 

p OR q (\s. p s \/ q s) 

p IMP q (\s. p s ==> q s) 

NOT p (\s. ~p s) 

 

 

 

TABLE III 

SEMANTIC DETAIL OF STATEMENT IN TLA+ 

TLA+ 

Statement 
Semantic 

NEXT P (\s P t. P(SUC t)) 

ALWAYS P (\s P t0. !t. P(t+t0)) 

stuttering (\s ss V. !t. (~(s = t) 

/\ (!x. ((x IN V)  

==> s x = t x)) ==> ss 

s /\ ss t)) 

asg (\s x value t0. value 

s(t0+1)) 
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function (NEXT and ALWAYS), defined function 

stuttering, and asg function are presented in 

TABLE III below. 

stuttering represents stuttering steps in TLA+. 

stuttering is applied to State s, State ss, and 

list of var V. For all state t, if all the conditions hold, 

then ss holds in s and t.The first implication states 

that for all var x, if x is an element in V then var x 

has the same value in State s and State t. If 

the first implication is true and state s and t is not the 

same state, then State ss will hold in s and in t. 

asg receives a State s, a var x, the current time 

t0, and value. value represents value that will be 

assigned to var x. asg assigns value to var x of 

State s at time t0+1. It means, the value of x will be 

changed on the successor state. 

3) Encoding semantic detail in HOL 

In this step, we translate the semantic to an ML 

script. The common form of a theory in HOL is 

presented in Fig. 2. First, we define the structure’s 

name. Load the libraries that will be needed in the 

theory. Then put the definition of data structures, 

functions, and theorem. The semantic details that we 

describe in section 3.C.2 are translated to ML script. 

They are available in the appendix of this paper. 

III. CONCLUDING REMARK 

This paper gives a preliminary formalization of 

TLA+. The identification of semantic domains and 

semantic details still needs improvements. The author 

describes some directions for future works below. 

 Formalization of other properties of TLA+. This 

paper has not explicitly covered all type of 

variables of TLA+. There is still syntax of TLA+ 

that has not been formalized. Full formalization 

of TLA+ in HOL is needed, especially to 

guarantee the consistency of the formalization. 

 Case Study about verification of TLA+ 

specification using theorem prover. After having 

formalization of TLA+ in HOL, we need case 

study to see how the formalization can be used.  

 Later we need to investigate how to combine 

model checker and proof checker to support 

verification of TLA+ specifications. 
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APPENDIX 

Formalization of TLA+ in HOL Theorem Prover. 
structure tlaTheory = 

struct 

 

(*in interactive mode use: 

app load ["stringTheory", "listTheory", 

"Temporal_LogicTheory"]; 

*) 

 

(* Creating new theorem *) 

val _ = new_theory "tla"; 

 

(*========Data Structure Definition=======*) 

(* Definition of TLA+ Variable *) 

(* Variable is defined by string var. *) 

(*-------------------------------------*) 

val variable = Hol_datatype 

 ` 

  variable = 

   variable_ of string 

 `; 

 

(*========Functions Definition=======*) 

(* Definition of TLA+ State Function *) 

(* State function is defined with parameter X. *) 

(* X represent list of variables of the state. *) 

(*----------------------------------------------*) 

val state_def = Define 

 ` 

  State X = \s. X 

 `; 

 

(* Definition of TLA+ Predicate Function *) 

(*----------------------------------------*) 

val predAnd_def = Define 

 ` 

  predAnd p q = (\s. p s /\ q s) 

 `; 

 

val predOr_def = Define 

 ` 

  predOr p q = (\s. p s \/ q s) 

 `; 

 

val predImp_def = Define 

 ` 

  predImp p q = (\s. p s ==> q s) 

 `; 

 

val predNot_def = Define 

 ` 

  predNot p = (\s. ~p s) 

 `; 

 

(* Definition of TLA+ Stuttering Function *) 

(*-----------------------------------------*) 

val stuttering_def = Define 

structure tlaTheory = 

struct 

 

app load ["stringTheory", "listTheory", 

"Temporal_LogicTheory"]; 

 

(* Creating new theorem *) 

val _ = new_theory "tla"; 

 

(* Put here: data structure definition.*) 

 

(* Put here: function definition.*) 

 

(* Put here (if any): theorem definition.*) 

 

(* Saving theorem *) 

val _ = export_theory(); 

end; 

Fig. 2.  A theory in HOL is represented as a structure definition. 

The definition begins with the structure’s name, the libraries that 

are needed, and encoding of the theory (data structures, functions, 

and theorem). 
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 ` 

  stuttering ss V = (\s. !t. (~(s = t) /\ (!x. 

((x IN V) ==> s x = t x)) ==> ss s /\ ss t)) 

 `; 

 

(* Definition of TLA+ Assignment Function *) 

(*-----------------------------------------*) 

val assignment_def = Define 

 ` 

  assignment x value = \s t0. value s(t0+1) 

 `; 
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Abstract—When developing framework-based applica-
tions, application developers have to extend frameworks
into the specific tasks. Many online articles are provided
to support framework extension tasks. Those online
articles are one of the major resources that application
developers can get help with. Commonly many examples
are demonstrated in different viewpoints in those articles.
Application developers have to adapt those examples to
their specific framework extension tasks. During example
adaptation, more detailed information is still needed
to be abstracted from documents of many different
types. Searching for those documents takes application
developers a lot of efforts. In this paper, an approach
is proposed to eliminate the efforts by providing direct
document links between articles and documents. Besides,
a tool named ExDoc4U is developed to implement the
approach. The evaluation shows that the approach is
effective to provide direct document links for framework
extension tasks.

I. INTRODUCTION

Frameworks have been proven to provide develop-
ment advantages, such as improving software quality
and increasing software productivity, for application
developers using frameworks [1]. Because of those
advantages, many application developers build their
applications by using frameworks. For the two most
well-known frameworks, Eclipse and Firefox, there
have been more than 1000 Eclipse plug-ins which are
developed based on Eclipse and officially collected in
the Eclipse Marketplace [2]. More than 10,000 Fire-
fox add-ons are built based on Firefox and officially
released on the web site [3].

Applications which are developed by extending
frameworks are called f-extenders in this paper. F-
extenders (e.g. Eclipse plug-ins, Firefox extensions,
and Firefox plug-ins) are built by extending framework
slots, which are designed to allow future framework
extension. For example, extension points are frame-
work slots for Eclipse plug-ins [4], merge points are
framework slots for Firefox extensions [5], and plug-
in methods are framework slots for Firefox plug-ins
[6]. The tasks of extending framework slots are defined
as framework extension tasks in this work.

During framework extension tasks, one of the major
resources that f-extender developers can use is online
articles about f-extender development [7], [8]. These

articles often contain illustrative examples which f-
extender developers need to perform their framework
extension tasks. The following three types of examples
are common in the articles.

Type 1: Examples of f-extender configuration.
Examples of this type are for configuring f-extenders
so that f-extenders can fit in the framework slots. Dif-
ferent types of f-extenders require different methods
to configure. For instance, Eclipse plug-ins require
a plug-in manifest file named plugin.xml as a
configuration file [4]. Firefox extensions need an XUL
Overlay document as a configuration file [5], and
Firefox plug-ins require implementation of a specific
plug-in method.

Type 2: Examples of framework API usage.
Examples belonging to this type show the mechanisms
of calling the framework APIs. F-extenders can call
framework APIs to utilize functionalities of frame-
works.

Type 3: Examples of f-extender API usage. Ex-
amples in type 3 reveal f-extender APIs that should
be exposed to frameworks to make the call back. F-
extender API is the API that f-extender developers
should implement to support the callback mechanism
of frameworks. With the implementation of f-extender
APIs, new functionalities of f-extenders can be inte-
grated into frameworks.

To perform framework extension tasks, f-extender
developers have to adapt examples belonging to these
three types. During example adaptation, more detailed
information is still needed to be abstracted from the
1) configuration documents, 2) framework API docu-
ments and 3) f-extender API documents. To get more
detailed information, f-extender developers have to
spend a lot of efforts searching for necessary docu-
ments of three types. To eliminate the efforts for f-
extender developers, an approach is proposed in this
paper to provide direct document links between articles
and necessary documents. The direct document links
are further classified in three types according to the
type of the necessary documents they connect. With
the direct document links, f-extender developers can
easily find necessary documents during example adap-
tation. Besides, a tool named ExDoc4U is developed to
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implement the approach. The tool will assist f-extender
developers during example adaptation.

II. RELATED WORK

Recommending code examples for framework
extension tasks. During framework extension tasks,
code examples are often used to help f-extender de-
velopers utilize APIs. Hence, many research works
focus on providing useful code examples. For example,
PROSPECTOR [9] and PARSEWeb [10] provide a
set of sequentially ordered APIs which demonstrates
the way to achieve the target object type given the
source object type. XSnippet [11] allows f-extender
developers to query a sample repository for code
examples which show instantiating an object of a
given object type. However, f-extender developers are
requested to use query languages that are defined in
those works mentioned above. Strathcona [12] and
FrUiT [13] release f-extender developers from the
burden of learning a query language. From the code
which f-extender developers are writing, the structure
of the code is abstracted and then considered as input
to Strathcona. The input is matched heuristically to
a repository of sample applications. Finally, the code
examples are returned by Strathcona. FrUiT provides
code examples based on reuse patterns which are
extracted from existing framework instantiation.

Recommending code examples for solving API-
evolution problems. Framework evolution may cause
API-evolution problems. When API-evolution prob-
lems occur, the f-extenders which are built on the old
framework version have to be migrated to the new
framework version. Code examples demonstrating the
mapping from old APIs to new APIs are often used to
facilitate migration. For instance, Diff-CatchUp [14]
adopts a model-differencing methodology for recog-
nizing the evolution of the APIs of frameworks. Once
the specific API changes are identified, Diff-CatchUp
provides code examples which contain plausible re-
placements for old APIs of frameworks. SemDiff [15],
[16] recommends code examples based on method call
changes. Framework usage changes are mined and
change rules are produced as results in the work of
Schäfer et al. [17]. The results can be used to solve
API-evolution problems.

As shown in Fig. 1, the current way of using
examples in framework extension tasks includes three
steps. F-extender developers have to acquire examples
in step 1, then iteratively search necessary documents
on the web in step 2, and finally adapt examples
in step 3. Most research works focus on helping f-
extender developers in step 1 by providing useful code
examples. But, f-extender developers have to spend
a lot of efforts in searching necessary documents in
step 2. In contrast, the approach proposed in this paper
focuses on helping f-extender developers in step 2 by
providing direct document links between articles and
necessary documents. As shown in Fig. 2, f-extender

Fig. 1. The Current Way of Using Examples in Framework
Extension Tasks.

Fig. 2. The New Way of Using Examples in Framework Extension
Tasks with the Proposed Approach.

Fig. 3. The Approach of Constructing Direct Document Links.

developers can acquire necessary documents via the
direct document links when the approach is applied.

III. THE APPROACH OF CONSTRUCTING DIRECT
DOCUMENT LINKS

To provide direct document links, the proposed
approach has to construct those links. In Fig. 3, the ap-
proach of constructing direct document links includes
three components. The components are Document
Information Extractor, Article Information Extractor,
and Document Link Constructor.

A. Document Information Extractor

The purpose of Document Information Extractor is
to extract document information from three documents
types (i.e., configuration documents, framework API
documents, and f-extender API documents). Thus,
document information is extracted by Document In-
formation Extractor and then stored in the Document
Information Storage. Document Information Extractor
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includes three web crawlers. Each of the web crawlers
is responsible for getting documents of one type and
extracting document information. The extracted docu-
ment information is classified into three categories.

Category 1: configuration information. The doc-
ument information extracted from configuration doc-
uments is configuration information. The document
information in category 1 contains the identifier of
the framework slot and the URL of the configuration
document.

Category 2: framework API information. Frame-
work API information is the document information ex-
tracted from framework API documents. It comprises
the identifier of the framework API and the URL of
the framework API document.

Category 3: f-extender API information. The
document information extracted from f-extender API
documents is called f-extender API information. The
document information belonging to category 3 consists
of the identifier of the f-extender API and the URL of
the f-extender API document.

B. Article Information Extractor

Taking the article URL as input, Article Information
Extractor extracts article information from the online
article. To get the online article and extract article
information, Article Information Extractor includes a
web crawler.

The article information contains keywords which
may be identifiers of framework slots, identifiers of
framework APIs, or identifiers of f-extender APIs. All
of the keywords can be extracted from the textual
description and code examples in the online article.
To extract keywords from the textual description, the
analysis of the HTML file content of the online article
is performed. The analysis result reveals that the key-
words are often enclosed by a set of particular HTML
tags, such as <pre></pre>, <code></code>, and
<em></em>, etc. Based on the analysis result, the
extraction rules are developed. More extraction rules
can be extended. Extracting keywords (e.g. identifiers
of framework APIs or identifiers of f-extender APIs)
from code examples is achieved through code analysis.

C. Document Link Constructor

After receiving the article information, Document
Link Constructor validates whether the keywords in
the article information exist in the Document Infor-
mation Storage or not. If a keyword exists in the
Document Information Storage, the keyword must be
an identifier of a framework slot, an identifier of a
framework API, or an identifier of an f-extender API.
Once a keyword passes the validation, Document Link
Constructor builds a direct document link. The direct
document link comprises the identifier and the URL of
a certain document of one type. All direct document
links are classified into different types according to
the type of documents they connect. As a result, there
are three types of direct document links. They are 1)

direct document links between articles and configu-
ration documents, 2) direct document links between
articles and framework API documents, and 3) direct
document links between articles and f-extender API
documents. The direct document links of three types
are returned to the f-extender developer as the result.

IV. TOOL IMPLEMENTATION

A tool named ExDoc4U is developed to implement
the approach. ExDoc4U is a web-based tool which
receives an article URL from f-extender developers
and returns direct document links to f-extender de-
velopers. The direct document links are classified and
appear in the sidebar of the web page of the online
article. ExDoc4U includes web crawlers to get content
of online articles and documents. Furthermore, the
web crawlers are used to extract information from
online articles and documents. The web crawlers are
implemented based on Scrapy [18], which is an open
source web scripting framework for python. Moreover,
code examples in the online articles are often provided
in the form of zipped files, so ExDoc4U automatically
download the zipped files and unzip them to get
code examples. Code analysis is performed on code
examples to extract identifiers of framework APIs and
identifiers of f-extender APIs.

V. EVALUATION

With respect to evaluation, an experiment described
in Section V-A is performed to evaluate the effective-
ness of the approach. Furthermore, a case study is
conducted in Section V-B to evaluate the usefulness
of ExDoc4U during example adaptation.

A. Experiment

The experiment setting involves the subject frame-
work, the subject f-extender, the subject necessary
documents, and the subject articles. Each of them is
described as follows:

Subject framework. Eclipse is chosen as the sub-
ject framework because it is popular and mature.

Subject f-extender. As to the subject f-extender,
Eclipse plug-ins are chosen because at least 1000
Eclipse plug-ins are developed and collected in the
Eclipse Marketplace [2].

Subject necessary documents. Necessary docu-
ments of three types (i.e., configuration documents,
framework API documents and f-extender API docu-
ments) are retrieved from Eclipse online documenta-
tion [19].

Subject articles. The articles about Eclipse plug-in
development are Eclipse articles posted in the Eclipse
Corner Articles [20]. Those articles are chosen be-
cause they are officially released articles about Eclipse
plug-in development. Hence, they are reliable and
mainly referenced by Eclipse plug-in developers.
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1) Experiment Results: In the Eclipse Corner Arti-
cles, there are 103 article topics and each article topic
has one or more articles. Totally there are 109 articles.
The result of applying the approach to the Eclipse
Corner Articles is shown in Table I. In this work,
true positive (TP) means the direct document links
which are correct and constructed. False positive (FP)
indicates the direct document links which are incorrect
but constructed. False negative (FN) is the direct
document links which are correct but not constructed.

To evaluate the effectiveness of the approach,
three metrics are used. One is precision (Precision =

|TP |
|TP+FP | ). Another is recall (Recall = |TP |

|TP+FN | ). The
other is f-measure [21], which is the harmonic mean of
precision and recall (F-Measure = 2 (precision)(recall)

precision+recall ).
As shown in Table I, the precision, recall and f-
measure are 0.98, 0.75, and 0.85, respectively. The
experiment results demonstrate that the approach is
effective to construct direct document links.

B. Case Study
In this section, a case study is demonstrated. A

framework extension task is designed for the case
study. The task description is described in Section
V-B1. A usage scenario of ExDoc4U is delineated in
Section V-B2. Finally, the summary for this case study
is presented in Section V-B3.

1) Task description: In the case study, f-extender
developers have to contribute an action to the Eclipse’s
text editor. The action has to be implemented to fulfil
the following four Interaction Requirements (IRs).

IR 1: After a string is selected in the text editor, the
action can be triggered. The selected string has to be
detected.

IR 2: The display of the triggered action has to
appear with the checked style.

IR 3: Once the action is executed, a message box
with a question icon has to be displayed to post a
question about the detected string selection.

IR 4: Using the selected string as input, perform the
rest process.

2) Usage Scenario: In the following, a usage sce-
nario of ExDoc4U is provided to demonstrate its
usefulness during example adaptation.

Step 1: Find the article which best matches
the need of f-extender developers. The Eclipse
article entitled “Contributing Actions to the Eclipse
Workbench”1 is found to best match the need of f-
extender developers. In the article, the Example 1
entitled “Example 1: Adding an action to the default
text editor” is considered the best example which
shows the mechanism of adding an action to the text
editor.

Step 2: Enter the URL of the article to ExDoc4U
to get direct document links. ExDoc4U allows f-
extender developers to enter the URL of an article.

1The article can be accessed at
http://www.eclipse.org/articles/article.php?file=Article-action-
contribution/index.html

Fig. 4. Configuration Example in the Article.

Fig. 5. Code Example in the Article.

After the URL is entered, the direct document links of
three types are returned and appear in the sidebar of
the online article.

Step 3: Understand and run the configuration
example and code example provided by the article.
The Example 1 in the article provides a configuration
example, as shown in Fig. 4, in XML-based format.
The configuration example serves as examples of type
1 in Section I. From the explanation provided by the
article, f-extender developers can know the id of the
used extension point (line 1 of Fig. 4), the label for
the contributed action (line 7 of Fig. 4), and other
information about setting of the contributed action. In
addition to the configuration example, a code example
is also provided to implement the contributed action.
The code example, as shown in Fig. 5, belongs to both
the type 2 example and the type 3 example in Section I.
After the code example and the configuration example
are run, the action display of the code example in the
article is shown in Fig. 6. After the action labelled as
“Editor Action 1”, which is enclosed by an ellipse in
Fig. 6, is pressed, a message box with an information
icon appears and displays a message showing the name
of the class being executed. This is shown in Fig. 7.

Step 4: Adapt the configuration example. In this
step, f-extender developers have to adapt the con-
figuration example to the framework extension task.
For example, f-extender developers need a checked
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TABLE I
THE EFFECTIVENESS EVALUATION OF THE APPROACH

True Positive False Positive False Negative Precision Recall F-Measure
2645 42 882 0.98 0.75 0.85

Fig. 6. Action Display of the Code Example in the Article.

Fig. 7. Execution Result of the Code Example in the Article.

Fig. 8. Adapted Configuration Example.

style for the action display (i.e., IR 2) instead of
an icon for the action display. As described in the
step 3 of the usage scenario, f-extender developers
know that an extension point with id popupMenus2

is used in the configuration example. They find a direct
document link to the extension point document of
popupMenus, which plays the role of configuration
documents. After clicking on the direct document
link, f-extender developers view the extension point
document and get more detailed information about
making a checked style for the action display. Then,
they adapt the configuration example. The adapted
configuration example is displayed in Fig. 8, in which
the lines enclosed by rectangles are the adapted parts3.

Step 5: Adapt the f-extender API usage in
the code example. Fig. 7 shows the name of

2Hereafter, popupMenus is used to represent
org.eclipse.ui.popupMenus for simplicity.

3In Fig. 8, each rectangle has its own label. The “(0)” label means
that the adapted part is for f-extender specific setting, such as id and
class name. The “(2)” label means that the adapted part is to fulfil
IR 2.

the class being executed. However, IR 1 requires
to detect the selected string in the text editor.
From the code example shown in Fig. 5, f-extender
developers guess that the f-extender API named
IEditorActionDelegate4 may provide support
for getting the selected string. Hence, they find the
direct document link to the f-extender API docu-
ment of IEditorActionDelegate. After read-
ing the f-extender API document, they find that
IEditorActionDelegate interface has a method
selectionChanged, which supports getting the se-
lected string. As a result, they adapt the code example
to get the selected string. The adapted code example
is shown in Fig. 9. The adapted part in this step is the
lines enclosed by rectangles with a “(1)” label which
means the adapted part is to fulfil IR 1.

Step 6: Adapt framework API usage in the
code example. As displayed in Fig. 7, the icon in
the message box is an information icon. However,
IR 3 requires a question icon in the message box.
From the code example shown in Fig. 5, f-extender
developers find that the message box is constructed by
instantiating an object of MessageBox5 class. Thus,
they guess that the framework API, MessageBox,
may allow change of the icon of message box. To
confirm the guess, they find a direct document link to
MessageBox framework API document. F-extender
developers read the framework API document and
know that another constructor of MessageBox class
supports displaying a question icon in the message
box. In this step, the adapted part in the adapted code,
as shown in Fig. 9, is the lines enclosed by rectangles
with a “(3)” label6 which means to fulfil IR 3.

Step 7: Run the adapted configuration example
and code example. After adapting the configuration
example and code example, f-extender developers can
run them. When running the adapted examples, f-
extender developers select a string “test file” and
trigger the action. As shown in Fig. 10, the action
display of the adapted code example appears with the
checked style (i.e., IR 2 is fulfilled). Then, f-extender
developers execute the action. A message box with
a question icon, as shown in Fig. 11, is displayed to
post a question about the detected string selection. The
execution result fulfills IR 1 and IR 3.

4Hereafter, IEditorActionDelegate is used to represent
org.eclipse.ui.IEditorActionDelegate for simplicity.

5Hereafter, MessageBox is used to represent
org.eclipse.swt.widgets.MessageBox for simplicity.

6In addition to the “(1)” and “(3)” labels explained previously,
there are also the “(0)” and “(4)” labels. The “(0)” label means the
adapted part is for f-extender specific package name and class name,
while the “(4)” label means the adapted part is to fulfil IR 4.
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Fig. 9. Adapted Code Example.

Fig. 10. Action Display of the Adapted Code Example.

Fig. 11. Execution Result of the Adapted Code Example.

3) Summary: From the usage scenario above, it
can be known that ExDoc4U is useful for f-extender
developers, during example adaptation, to acquire doc-
uments of three types via direct document links. The
usefulness of ExDoc4U is shown in this case study.

VI. CONCLUSION

In this paper, an approach is proposed to provide di-
rect document links between articles and documents of
three types. The direct document links will eliminate f-
extender developers’ efforts of searching for necessary
documents. According to the experiment results, the
approach is effective to provide direct document links

for framework extension tasks. Besides, a tool named
ExDoc4U is developed to implement the approach.
The result of the case study shows that ExDoc4U is
useful for f-extender developers to acquire necessary
documents via direct document links.
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Abstract— Small and Medium Enterprises (SMEs) in 
Indonesia contribute around 53% of the GDP. To increase 
their market competitiveness, SMEs need to be able to  
integrate and automate their business processes at least to 
a certain extent. An ERP system can be a solution for 
SMEs because of its advantages i.e. quickened information 
response time, increased interaction across the enterprise, 
improved order management/cycle, etc. Among  the 
critical issues of SMEs are limited funds availability and 
lack of Information and Communication Technology 
(ICT) capability. In order to better understand the need of 
ERP services for SMEs and to provide guidelines for 
Indonesian SMEs and to address the void of ERP 
researches in Indonesia, this paper presents the roadmap 
of ERP research agenda for SMEs in Indonesia.  

I. INTRODUCTION 
 URSUANT to the Central Bureau of Statistics and 
the Ministry of Cooperative and SME, in 2006, 

number of SMEs has reached 48.9 millions. SMEs in 
Indonesia have proven to provide 85.4 millions 
employment opportunities and contributed 1,778.75 
billion rupiahs or 53.3% of the Gross Domestic Product 
(GDP) [15]. This percentage tends to remain constant 
since 2004 [4]. However, it is expected to increase in 
the next year due to the impact of the economic crisis. 
World wide data also shows the significant contribution 
of SMEs: on average 95% of the economy of most 
countries relies on SMEs [16].   

Considering the tight competition among SMEs and 
large companies, SMEs must seek competitive 
advantages that enable them to minimize cost and 
maximize profit. One major issue of SMEs is the lack of 
human and financial resources. In addition, most of 
SMEs’ business processes are still conducted manually. 
Only a very small number of SMEs can afford business 
software and most of them operate in silos. This 
situation may not yet pose a big problem as the numbers 
of transactions in SMEs businesses are relatively small 
and the volume of data is still  manageable. However, 
the challenge of globalization necessitates a condition 
for SMEs to equip themselves with necessary tools to 
support growth and to maintain competitiveness. 

An ERP system could be one of the solutions to 
help SMEs for simplifying, integrating and automating 
their business processes. Practically, by utilizing an 
ERP system in an appropriate manner, SMEs could 
reduce operating costs and improve their performances 
e.g. giving better customer service, reduce lead time, 
etc. In other words, ERP enables and facilitates strong 
interaction between operations, sales, finance and 
marketing as everyone is ‘on the same page’ or using 
‘one version of the truth. Furthermore, using ERP 
fosters an understanding on how different business 
processes are integrated: that is, where they each own a 
piece of the system but affect each other [5]. In 
Indonesia, the awareness of the ERP concept among 
SMEs is less than 20% [9], which implies a large 
untapped market for ERP. Based on Cindy Jutras’s 
study in 2010, many  SMEs didn’t implement an ERP 
system because of [5]: 

• limited funds availability 
• SMEs have been able to function 

effectively without it in the past 
• (internal) effort to implement 
• cost of software and services 
• SMEs will be able to continue to function 

effectively without it in the foreseeable 
future 

• ERP systems are too complicated  
To date, many ERP vendors have been developed an 

ERP systems both proprietary and open source software 
for SMEs. Typically, these ERP systems are priced to 
make it affordable by SMEs and stress on ease of use. 
This trend has lowered the obstacle for ERP adoption 
among SMEs. However, prior to implementing an ERP 
system, SMEs also need to consider and plan for  the 
prerequisite infrastructure (e.g. server, network, etc).  

II. THIS PAPER DISCUSSES THE STUDY ON HOW TO 
IMPLEMENT THE ERP FOR SMES IN INDONESIA IN 
RESEARCH APPROACH. THE REST OF THE PAPER IS 

ORGANIZED AS FOLLOW. NEXT SECTION EXPLAINS THE 
PREVIOUS WORKS, WHILE THE BACKGROUND 

THEORETICAL ON ERP IS EXPLAINED IN SECTION 3.  THE 

P
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ROADMAP OF ERP FOR SMES IN INDONESIA IS 
EXPLAINED IN SECTION 4 AND FINAL SECTION DISCUSSES 

THE CONCLUSIONS AND FUTURE WORKS OF THIS 
RESEARCH. PREVIOUS WORKS 

In 2010, Cindy Jutras in collaboration with Abeerden 
Group provides an in-depth and comprehensive look 
into ERP advantages and strategies that are necessary 
needed by SMEs [5]. In addition, required actions that 
are needed for the success of ERP implementation in 
SMEs are defined in this study. Yuanqiang Xia, Peter 
Lok, and Song Yang in 2009 discussed the characters of 
ERP marketing and SMEs in China, as well the critical 
success factors (CSFs) of ERP implementation [10].  

III. BECAUSE OF EACH COUNTRY HAS DIFFERENT 
CULTURE, SEVERAL STUDIES HAVE BEEN CONDUCTED TO 

IDENTIFY THE CRITICAL SUCCESS FACTORS OF ERP 
IMPLEMENTATION. BASED ON HANDAYANI, PUSPITA 

KENCANA, REIN NUSA, AND BUDI YUWONO IN 2009 IN 
ANALYZING THE IMPLEMENTATION OF ERP IN STATE 

OWNED COMPANIES WITH CASE STUDIES ON PT. TIMAH 
(PERSERO) AND PT PLN (PERSERO), THERE ARE 

SEVERAL CRITICAL SUCCESS FACTORS IN IMPLEMENTING 
ERP I.E. HIGH COMMITMENT FROM TOP MANAGEMENT, 
MINIMIZE ERP CUSTOMIZATION, GOOD ERP PROJECT 

PLANNING (E.G. CHOOSING THE RIGHT METHODOLOGIES 
AND GOOD PLANNING OF MIGRATION DATA), 

ORGANIZATIONAL CHANGE MANAGEMENT (E.G. 
TRANSFORMATION OF WORK CULTURE), 

COMMUNICATION AND OWNERSHIP STRATEGY [11]. 
BASED ON AMPAIRATANA NATTAWEE AND 

ROTCHANAKITUMNUAI SIRILUCK IN 2008, TOP 
MANAGEMENT SUPPORT, GOOD COORDINATION AND 

COMMUNICATION BETWEEN THE PROJECT TEAM, AND 
CHANGE MANAGEMENT ARE THE MOST CRITICAL 

FACTORS FOR ERP IMPLEMENTATION IN THAI SMES 
[12]. IN 2009, SITI SHAFRAH SHAHAWAI AND ROSNAH 
IDRUS HAVE DEFINED RESEARCH METHODOLOGY FOR 
ASSESSING MALAYSIAN SMES PERSPECTIVE ON ERP 

[13].BACKGROUND 

A. Enterprise Resource Planning (ERP) 
Businesses include complex processes and a lot of 

actors in those activities. Business process is a 
collection of activities that takes one or more kinds of 
input and creates an output that is of value to customer 
[2]. In order to simplify, integrate and automate 
business processes, a company needs an ERP system 
which is a packaged business software system to 
automate and integrate the majority of business 
processes, share common data and practices in one 
database, and produce and access information in a real-
time environment. In addition, an ERP system 
introduces “best practices” which are defined as simply 
the best way to perform a process [2]. There are several 
business benefits of ERP such as [3]: 

• quickened information response time 
• increased interaction across the enterprise 
• improved order management/cycle 
• reduced financial closing cycle time 
• improved customer relationship management 
• improved on-time delivery 
• improved interaction with suppliers, reduced 

direct operating cost 
• lowered inventory level 

Beside the advantages of ERP system, there are 
other motivations to implement ERP such as [3]: 

• Replace legacy systems 
• Simplify and standardize systems 
• Ease of upgrading systems 
• Link to global activities 
• Restructure company organization 
• Pressure to keep up with competitors 

In implementing an ERP system, a company should also 
conduct change management to their personnel and 
better re-engineer their business processes.  

When a company chooses to implement an ERP 
system, they should prepare for several cost components 
such as software, hardware, consulting, training, and 
implementation team. In addition, because of ERP 
implementation investment is high, they should consider 
three main components such as people (knowledge, skill 
and behaviour), process (e.g. business events, Standard 
Operating Procedure (SOP), process workflow, etc) and 
technology (hardware and software). To implement an 
ERP system, a company could choose several options as 
follow [3]: 

• vanilla ERP implementation that adopt 
vendor’s best practices. The disadvantages of 
this technique are competitors have access to 
the same system and disruption of operations 
over 3-5 years 

• partial ERP implementation (e.g. selected 
modules) that will impact on partial changes 
in business processes 

• in-house development (custom-designed ERP 
system which will be unique from 
competitors. The disadvantages of this 
technique are long-term analysis and design 
process, and high expenses 

B. If a company chooses to implement ERP using 
vanilla or partial implementation technique, they could 
buy an ERP system from vendor (e.g. SAP, Oracle 
PeopleSoft, etc) or use an open source ERP system (e.g. 
OpenBravo, OpenERP, etc).Indonesian SMEs and IT 
Adoption 

In order to increase SMEs’ competitive advantages, 
SMEs need to utilize information technology. However, 
not all organizations particularly SMEs consider it is 
important for supporting their business, particularly in 
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small to medium organization. Study from Fathul 
Wahid and Lizda Iswari [17] on 146 SMEs in 
Yogyakarta showed that there only a small portion of 
those SMEs that have adopted information technology. 
The barriers of this adoption are mainly due to financial 
constraint and the needs for IT to support their business 
are still low. Similar findings are also shown by Budi 
Triono and Yan Rianto [18]. Survey on 151 SMEs 
showed that only 71% of those SMEs that already used 
computers and these computers are mainly used to 
support office or administrative purpose only. 

E-commerce adoption by Indonesian SMEs also did 
not show an encouraging figure as shown by Vidi Arini 
Yulimar, Asia Foundation and Yadi [19][20][21]. These 
studies also showed that the use of e-commerce raising 
the level of sales in SMEs and improving the 
performance of organization. Compatibility, top 
management support, organizational readiness, external 
pressure, and perceived benefits are among of factors 
that have significant positive effect to E-commerce 
adoption. 

Some efforts have been done to increase the use of 
IT in SMEs. For example, PT Zahir Internasional has 
developed an accounting software package for SMEs. 
They offer various price scheme and specification to 
suit the financial capability of the SMEs. In 2008, Zahir 
launched a special prepaid service package called Zahir 
Merdeka which enables SMEs to rent their system, thus 
allowing the SMEs to save on IT investments 
expenditure. Other international vendors such SAP also 
provide a cheaper version of their ERP packages. It is 

expected by having various payment and pricing 
schemes, the SMEs have higher possibility to adopt IT 
for improving the performance of their organization.  

C. SMEs and Their Needs for ERP  
Pursuant to the Indonesian Law Number  9 of  

1995, Small and Medium Enterprise (SME) is defined 
as a people economic activities having maximum annual 
sales of 1 billion rupiah and having maximum net asset 
excluding land and building of 200 millions rupiah. 
Hence, based on the Central Bureau of Statistic  (BPS), 
a small business is identical to small industry and home 
industry. BPS classified the type of industry based on 
the number of employees 

• Home industry: 1-4 employees; revenue ≤ 1 
billion Rupiah/year 

• Small industry: 5-19 employees; revenue ≤ 1 
billion Rupiah/year 

• Medium industry: 20-99 employees; revenue 1-
100 billion Rupiah/year 

• Big industry: > 100 employees; revenue ≥ 100 
billion Rupiah/year 

Figure 1 describes the distribution of SMEs in year 
2006 based on industry type or economic sectors in 
Indonesia according to the Ministry of Cooperative and 
SME. 
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Fig. 1.  Distribution of Indonesian SMEs in Year 2006 Based on Industry Type 
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IV. ROADMAP OF ERP RESEARCH FOR SMES IN 
INDONESIA 

Considering the needs of SMEs and lack of 
ERP research for SMEs in Indonesia, the e-
government and ERP Lab at the Faculty of 
Computer Science University of Indonesia has 
defined a roadmap of ERP research (Figure 2). We 
defined three ERP sub topics i.e. development of 
ERP simulation, studies on the state of ERP in 
Indonesia which includes the best practices of 
business processes, and analysis of ERP 
prerequisite infrastructure for SMEs. The result of 
this research is ERP services for SMEs.  

Before we conduct this ERP research, firstly, 
we will evaluate current works of ERP research and 
ERP implementation for SMEs which have been 
done by academics, industries and government (e.g. 
Ministry of Research and Technology, Ministry of 
Communication and Information, Ministry of 
Industry and other related government institutions). 
In this research, we start to focus more in the retail 
industry which are the second biggest line industry 
in Indonesia (Figure 1).   

Each SME has different business processes and 
lesson learned, because of that reason we start our 
preliminary activities to conduct comparison 
analysis between SMEs and generally acceptable 
best practices so that we could define the 
generalization of business processes and business 
needs/requirements which fits the retail industry 
SMEs. In this stage, we also need to address the 
issues in ERP adoption among  SMEs and main 
characteristics of Indonesian SMEs. Next, we 
analyze and define the maturity model in 
collaboration with Copenhagen school of IT. 

Next, based on our preliminary activities’ 
results, we will start to develop a prototype of ERP 
software for SMEs by customizing the existing 
open source ERP software such as OpenBravo, 
OpenERP, etc. The selected open source ERP 
software will be analyzed by observing the 
functionalities/modules and architecture of each 
software. In addition, we also plan to study to 
understand the ERP prerequisite infrastructure such 
as architecture (e.g. two/three-tier architecture, 
service oriented architecture, etc), hardware (e.g. 
server) and network.  

The most important thing that we will analyze 
in this research is the identification of tipping point 
when and in what conditions SMEs should 
implement ERP system considering the high level 
of investment for ERP implementation. In order to 
get better understanding of ERP concept to the 
company’s top level management and personnels, 

an ERP simulation software could be executed. A 
study from Pierre-Majorique Leger in 2006 shown 
that the simulation game approach has proven to be 
quite an effective and appropriate pedagogical 
strategy for teaching ERP-related concept [14].  
 

 
Fig. 2.  Classification of ERP Research 

 
V. CONCLUSION AND FUTURE WORKS 

SMEs have given higher contribution to the growth 
of Indonesian economy. In order to have 
competitive advantages amongst other companies, 
SMEs needs to manage their resources effectively 
and efficiently. An ERP system could help SMEs to 
speed up their performances. A systematic roadmap 
needs to be defined to provide ERP services for 
Indonesian SMEs. Several researches topics could 
be raised up such as the current state of ERP in 
Indonesia, ERP software development, ERP 
prerequisite infrastructure for SME and ERP 
simulation. The future works of this research will 
be identification of the state of ERP in Indonesia 
specifically for SMEs, ERP software development 
using open source software, definition of ERP 
prerequisite infrastructure for SMEs and 
development of ERP simulation environment to 
introduce ERP concepts to SMEs.  
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Abstract— Currently, internet services have been 
widely used for various purposes to enhance the 
effectiveness and efficiency of its users. The government 
also utilizes internet to provide information and services 
to the citizen. This research discusses the online services 
provided by the government to figure out the level of 
implementation conducted by the Indonesian ministry 
based on the Deloitte & Touche framework. The scope of 
this research is the ministry website and its directorates, 
framework Deloitte & Touche used to map the level of 
implementation of e-government, and government-to-
citizen (G2C) service is used as the focus of this research. 
The result of this research is the implementation of e-
government at the ministry level has reached the second 
level where official two-way transactions could be 
conducted. The ministries which have reached this stage 
among others are Ministry of Justice and Human Rights, 
Ministry of Finance, Ministry of Manpower and 
Transmigration and the Ministry of Education. 

I. INTRODUCTION 
NITED nations declares that Indonesian is one of 
development country in the world. Based on 

Heeks research in year 1999, government units’ 
performances in developing country are inefficient 
because of illegal activities such as informal charges, 
in optimal public services, unreported income and 
outcome, etc. Information Technology (IT) has grown 
faster and has benefits to automate and reengineer 
business processes more efficient. According to 
Fountain in year 2000, technology is a catalyst for 
social, economy, and politic changing in individual, 
group, and organization or institution level [6]. 
Because of the spread of IT in our daily life makes e-
commerce application start to use in people’s 
activities. Indonesian government starts to use e-
government application which is a classification of e-
commerce application to fix government bureaucracy 
structure more responsive, efficient, accountability, 
and giving better services to society [6]. The focuses 
of e-government implementation in Indonesian are 
giving transparency and war to corruption [7].  

 
 

Add of the issuance of President Instruction 
Number 3 of 2003 regarding Policy and National 
Strategy of E-government Implementation, all 
organizational units in Indonesian starts to compete in 
implementing e-government [7]. In that President 
Instruction said that government should immediately 
implement e-government to reduce bureaucracy flow, 
create transparency, and giving information 
accessibility to other related organizational unit in 
integrated system so that it could be expected that all 
elements, such as society and business people could 
use those information and receive government 
services anytime and wherever. In implementing 
integrated e-government, Indonesian government has 
defined several strategies: 

• Develop trusted and powerful service system 
and could be reach by society 

• Administer management system and 
government with regional government work 
processes holistically 

• Exploit optimally Information Technology 
• Increase business role and develop 

telecommunication and information technology 
industries 

• Develop human resources in government and 
regional government accompanied by society e-
literacy increment 

• Conduct e-government development 
systematically through realistic and measurable 
steps 

Based on Law Number 14 of 2008 regarding Public 
Information Disclosure, there is several information 
which is obligated given and announce through 
electronic and non-electronic media by government 
institution such as government institution’s profile, 
activities, laws, regulations, policies, financial report, 
etc.  

Besides that, there are three main components that 
should be considered in implementing e-government 
such as policy, application, and infrastructure. 
Currently, in Indonesian there are only 53,6% of 
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government units including ministries that have an 
official website [8]. Are those websites have already 
given enough information and services to society?  

In this paper, we propose to define the e-
government (Government-to-Citizen) implementation 
in Indonesian ministries by using Deloitte and Touche 
framework because of its detail and clear steps and 
scope in implementing e-government application. In 
Indonesian, ministries’ role is really crucial because of 
its position directly below president (as extension 
hand to the president as executive role whereby each 
ministerial task and function has been stipulated under 
the law and having important in determining the 
government policy).  To date, there is still lack of 
evaluation research of Indonesian ministries’ e-
government applications.  

The remainder of this paper is structured as 
follows. In Section 2 we present the background 
information about Indonesian government 
bureaucracy, e-government and Deloitte and Touche 
framework. In Section 3 we review related work. In 
Section 4 we present analysis of e-government 
implementation in Indonesian ministries by using 
Deloitte and Touche framework. Finally we conclude 
with a summary of our contribution and a brief 
discussion of the future work we are considering. 

II. BACKGROUND 

A.  Indonesian Government Bureaucracy 
Based on Presidential Regulation Number 47 of 

2009 article 23, Indonesian has 20 ministries (i.e. 
Ministry of Justice and Human Rights, Ministry of 
Finance, Ministry of Manpower and Transmigrastion, 
Ministry of Education, Ministry of Domestic Affairs, 
Ministry of Foreign Affairs, Ministry of Defense, 
Ministry of Mines and Mineral Resources, Ministry of 
Industry, Ministry of Trade, Ministry of Agriculture, 
Ministry of Forestry, Ministry of Transportation, 
Ministry of Oceanic and Fishery, Ministry of Public 
Works, Ministry of Health, Ministry of Social, 
Ministry of Culture and Tourism, Ministry of 
Communication and Information) which have 
different task and functions. All those ministries has 
tasks to help Indonesian President according to their 
own fields as already been defined in President 
Regulation Number 24 of 2010 regarding Status, Task 
and Function of State Ministries and Organization, 
Task and Function of First Echelon of State 
Ministries. 

B. E-Government (Government-to-Citizen) 
E-government is the use of Information 

Technology and e-commerce to provide access to 
government information and delivery of public 
services to citizens and business partners [1]. 
According to Ministries of Communication and 
Information Technology definition in year 2003, e-
government is an online application based on Internet 

and other digital equipments which is governed by 
government to distribute information from 
government to society, business people, employee and 
other organization. The goals of e-government are 
improving the efficiency and effectiveness of the 
functions of government and making government 
more transparent to citizen. 

There are three categories of e-government [1]: 
• Government-to-Citizen (G2C) includes all the 

interactions between a government and its 
citizens 

• Government-to-Business (G2B) includes 
interactions between governments and 
businesses (government selling to businesses and 
providing them with services and businesses 
selling products and services to government). 
Example of G2B applications are e-procurement 
and e-auction. 

• Government-to-Government (G2G) includes 
activities with government units and those 
between governments 

• Government-to-Employee (G2E) includes 
activities and services between government units 
and their employees 
 

TABLE 1. 
FEATURES IN INFORMATION PUBLISHING/DISSEMINATION OF E-

GOVERNMENT IMPLEMENTATION STAGE 
No Feature Comments 

1. Profile 

Organizational 
structure 
History 
Task and function 
Vision and mission 
Ministry seal 
Contact info (address 
or email) 

2. Available information 

News. 
Articles. 
Ministries’ event  
General data related 
with the scope of 
ministries functions 
Form (e.g. tax 
registration form, etc) 
Services’ guideline 

3 Online services 
Description of 
government online 
services 

4 Law and regulation 
Law, regulation and 
policy that are issued 
by ministry 

6 Link 
Related link with other 
ministries or other 
government units 

 

A. Deloitte and Touche Framework 
In implementing e-government, government needs 
several transformation steps because of its complexity. 
According to a study from Deloitte and Touche in 
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year 2000, there are six stages in the transformation to 
e-government (Figure 1) as follows [1]. 
Stage 1: information publishing/dissemination 
In this stage, individual government departments set 
up their own website that provide information about 
them (e.g. profile), range of services available, 
download documents (policy, registration form, etc), 
and contacts for further assistance (email). Table 1 
summarizes the G2C application features. 
Stage 2: official two-way transactions 
In this stage, e-government application has exploited 
digital signatures or secure website (e.g. login using 
username and password, etc). Subsequently, citizen 
could submit their personal information and conduct 
monetary transactions.  To conduct those transactions, 
firstly, the citizen should submit or upload their data 
and the e-government application will check whether 
those data have already complete and valid. If those 
data have already complete and valid, then the 
application processes those data. Finally, the 
application will give feedback (e.g. invoice or related 
documents) whether the transaction has been 
successfully processed.  
In addition, citizen must be convinced that the 
application keeps their information private and free of 
piracy. Beside that, citizen could also give critics or 
comments and recommendations online to 
government. The country that has been in this stage is 
Singapore (www.ecitizen.gov.sg) where their citizen 
could conduct online payment to government. 
Stage 3: Multipurpose portals 
Portal allows citizen to use single point-of-entry to 
send and receive information and process monetary 
transactions across multiple departments. Example is a 
South Australian government portal (www.sa.gov.au) 
which has business channel feature where citizen 
could pay bills. 
Stage 4: Portal Personalization 
In this stage, citizen can access a variety of services at 
a single website and customize their portal with their 
desired features. Government could take benefit from 
portal personalization by knowing accurately on 
citizen preference.  
Stage 5: clustering common services   
Citizens see a unified package instead of once-
disparate services. In this stage, distinctions between 
departments begin to blur and citizens will recognize 
groups of transactions instead of group of agencies. 
Stage 6: full integration and enterprise 
transformation 
Government has already an integrated system (i.e. 
Enterprise Resource Planning) across new 
government structure bridging gap between front and 
back offices. In addition, citizen can personalize its 
needs and preferences. 
 

 
Fig. 1. The Stages of E-government Based on Deloitte and Touche 

Framework 

III. RELATED WORK 
Yusuf Suwidhi in his research year 2007 ranked e-

government implementation in 11 Indonesian 
provincial governments (i.e. Aceh, South Sumatera, 
Lampung, Banten, West Java, Central Java, 
Yogyakarta, East Java, West Kalimantan, East Nusa 
Tenggara, and South East Sulawesi). He used five 
criterias to rank e-government implementation such as 
policy, institutional conditions, infrastructure, 
application and planning [2]. In addition, Monika 
Suharko ranked the websites owned by the local 
government in Indonesia [5]. Otto Kalvin’s study in 
year 2010 analyzes the effectiveness of E-government 
in the Ministry of Marine Oceanic and Fishery [4]. 
Warta Ekonomi magazine gives an award every year 
for the best regional government which has 
implemented e-government. They look to the 
application implementation (e.g. website, e-
procurement, etc) in regional government. 

IV. ANALYSIS OF E-GOVERNMENT IMPLEMENTATION 
IN INDONESIAN MINISTRIES 

To analyze the implementation of e-government in 
ministries, first, all the ministries online websites will 
be checked to identify the available features. Then, 
those features will be mapped to the stages of e-
government implementation based on Deloitte and 
Touche framework. In order to check the level of 
ministry’s e-government application, our base 
measurement is to take the result from each stage.  
Every results and findings will be confirmed through 
interview with related ministries personnel. 
Stage 1: Information Publishing 
Appendix 1 shown that all Indonesian ministries have 
an official website to provide information such as 
profile, online services, history, task and function, 
vision and mission, contacts to the citizen. Beside that, 
in that website, the citizen could also download 
related documents such as policy, standard operating 
procedures, etc. In addition, several ministries (i.e. 
Ministry of Foreign Affairs, Ministry of Law and 
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Human Rights, Ministry of Finance, Ministry of 
Mines and Mineral Resources, Ministry of 
Transportation, 
 

 TABLE 2.  
MINISTRIES ONLINE SERVICES  

Ministry Directorate Online Services 
Ministry of Law and 
Human Rights 

Directorate 
General of 
Immigration  

Pre-application 
services for online 
pasport 
application  

Ministry of Finance Directorate 
General of 
Tax 

e-Registration is a 
tax number 
registration 
services for tax 
payer  

Directorate 
General of 
Custom and 
Excise 

Importer 
registration to 
obtain Custom 
Identification 
Number  
Registration of 
Custom Services 
Entrepreneur  is 
registration 
services for 
business entity 
who conduct 
fulfillment of 
custom obligations 
for and on behalf 
of importer or 
exporter  

Ministry of 
Manpower and 
Transmigration 

 Online registration 
for transmigrant 
participant is a 
service for people 
who wants to 
register their self 
as transmigrant 
participant 

Ministry of National 
Education 

Center of 
Education 
Statistic  

Submission of 
Dapodik (Data 
Pokok 
Pendidikan) 
account is a 
service to schools 
who wants to 
register their 
school as Dapodik 
user  

Bureau of 
Planning and 
Foreign 
Cooperation  

Online primary 
scholarship for the 
students who want 
to apply for a 
scholarship  

Directorate of  
Higher 
Education 

Submission of 
new program 
study business 
license  
Evaluation on 
Undertaking of 
Program Study 

Ministry of Agriculture, Ministry of Manpower and 
Transmigration, Ministry of Public Works, Ministry 
of Health, Ministry of National Education, Ministry of 
Social and Ministry of Religion) have already 
completed or not completed features of online 
services where the citizen could conduct transactions 
such as online registration,  bill payment, and 
generating related feedback for the transaction (e.g. 
invoice, message notification that the data has already 
been saved, etc). 
Stage 2: “Official” two-way transactions 
Based on the observation of each online service in 
Ministry of Foreign Affairs, Ministry of Law and 
Human Rights, Ministry of Finance, Ministry of 
Mines and Mineral Resources, Ministry of 
Transportation, Ministry of Agriculture, Ministry of 
Manpower and Transmigration, Ministry of Public 
Works, Ministry of Health, Ministry of National 
Education, Ministry of Social and Ministry of 
Religion, it found that only four ministries i.e. 
Ministry of Law and Human Rights, Ministry of Law 
and Human Rights, Ministry of Manpower and 
Transmigration and Ministry of National Education 
that provide two-way transaction services.  
Stage 3: Multipurpose portal 
In this stage, the observation of those four ministries 
online services (Table 2) is conducted. Based on our 
observation in their website and interview with related 
ministries related personnels, by date, Indonesian 
ministries have not provided a multipurpose portal. 
Because there is no Indonesian ministries that have 
been in stage 3, the above stages of e-government 
implementation will not be checked.  
 
Based on our analysis above, it can be concluded that 
Indonesian government should increase and round off 
their e-government applications such as providing bill 
transactions features, multipurpose portal, etc in order 
to provide more responsive, efficient, accountability, 
and giving better services to society. In addition, 
Indonesian government should complete their existing 
features in their e-government applications thus 
automating their core business processes. 

V. CONCLUSION 

A. Summary of Contributions 
Based on our analysis’ result in chapter IV, we 
concluded by date as follow: 

• All Indonesian ministries have already in 
stage 1 where they have an official website 
that provide related information (e.g. profile, 
vision and mission, ministry’s structure, etc) 
and documents (e.g. policy, standard 
operating procedure, etc) 

• There are four ministries i.e. Ministry of Law 
and Human Rights with online passport 
application, Ministry of Finance with tax 
registration application  (Directorate General 
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of Tax), importer registration (Directorate 
General of Custom and Excise), Ministry of 
Manpower and Transmigration with 
transmigration applicant registration 
application, and Ministry of National 
Education with Dapodik account submission 
application, primary scholarship application 
and new program business license 
registration  (Directorate of Higher 
Education ) that have been in stage 2 of e-
government implementation. Whilst, first 
rank based on number of application made is 
held by Ministry of National Education, 
second rank by Ministry of Finance, third 
rank by Ministry of Law and Human Rights 
and Ministry of Manpower and 
Transmigration respectively.  

B. Future Work 
There are still several issues that need to be 

addressed to provide a complete and comprehensive 
result of e-government implementation level in 
Indonesian. On the framework model approach by 
Deloitte & Touche, scope of e-government only 
covers the online services that are provided by the 
government to the public whereby the government's 
web site is used as object being studied. Further 
research is expected to determine the level of e-
government implementation in Indonesia using a 
wider framework just than the online services, but 
also based on the infrastructure, application and 
planning. . 
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Abstract— Data and spatial information has been 
recognised as an important element in decision making. 
The high cost of spatial data procurement can become an 
obstacle in accessing spatial information, so that the 
spatial data held by certain institutions cannot be shared 
by other institutions that may need it. To overcome this 
problem, national government has issued policies on the 
dissemination of spatial data. This policy appoints 
several agencies to act as nodes and node connectors of a 
National Spatial Data Network. However, within this 
policy there is no reference to the architecture that is 
required to build an e-government which can support 
the use of spatial data for decision making. To build such 
an architectural model, identification and observation 
are required in every relevant Indonesian institution 
designated as nodes and connecting nodes in the National 
Spatial Data Network. To establish current best practice, 
a critical observation and comparative review will be 
completed of e-government architecture models in other 
spatially enabled countries. The results of these 
identification and observation become the basis for the 
design of an appropriate architectural model. 
Architectural models can provide a reference for 
agencies in Indonesia. Such a reference is expected to 
facilitate institutions in building the information 
technology architecture that can enable them to be 
efficient and effective in making best use of spatial data. 
 

I. BACKGROUND AND MOTIVATION 
E-government initiatives in Indonesia began in the 

early 2000s and confirmed by the issuance of 
Presidential Instruction (Inpres) No. 6 year 2001 on 
Telematics. This Presidential Directive states that 
government officials should use telematics technology 
to support good governance. The Initiative is 
expanding so that the government issued Presidential 
Instruction No. 3 year 2003 on e-government 
development policy.  

E-government development, in addition to 
improving the quality of service to the community, 
also improves the quality of data and information 
provided through the service. Data and information 
can be used as a basis for decision making, both by 
businesses, the public, or other government 
institutions.  

According to the survey results on Spatial 
Enablement of government in Australia by Geoscience 

Australia in 2007, ‘the use of spatial information will 
improve the quality of decision making, reduce 
administrative costs, improve the quality of the 
governmental activities, and improve opportunities for 
industrial development. However, this requires the 
availability of spatial data and its access that is well 
maintained to be used by most of spatially unaware 
people’ [1]. Government that provides extensive 
spatial information is referred as a spatially enabled 
government.  

From the initial literature study, the authors 
conclude that if spatial elements are embedded in e-
government, then the awareness of the use and 
dissemination of spatial data and information is 
expected to start rising. This is due to the purpose and 
nature of e-government itself, which provides access 
information to the public in a simple and accessible 
form. 

This public awareness will lead to increased 
community interest in obtaining access to spatial 
information. The high public interest is expected to 
increase the awareness of government institutions in 
the larger benefits of wider spatial data and 
information dissemination and sharing. 

II. PROBLEM STATEMENT 
Government regulations on the establishment of the 

ministries (UU No. 39 year 2008) states that each 
function of governance may not be done by only a 
particular institution or ministry. Governance 
functions which are performed by several institutions 
led to the emergence of several programs which will 
use similar data and information. About 80 percent of 
them contain elements of spatial information [2]. 

Currently, in Indonesia, the use of spatial data and 
information, both by public and government 
institutions, is still very small. The expensive 
provision of spatial data is one of the main reasons. 
Currently, each sub-directorate, which launched a 
program almost always procure their own spatial data. 
Procurement of spatial data is usually a significant 
cost of financing the overall program. The high cost 
provision of spatial data causes each institution to 
store spatial data for their own. This causes the 
provision of the same spatial data at different 
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institutions. Multiple procurements cause higher 
procurement costs for the same spatial data for the 
government as a whole. Other impacts that occur are 
the lack of awareness that spatial data use can become 
widespread, due to the tendency of not sharing data. 

Data sharing has been recognized to be a solution to 
the expensive spatial data procurement. To facilitate 
the dissemination of spatial data, the Government of 
Indonesia has established the NSDI (National Spatial 
Data Infrastructure/Infrastruktur Data Spasial 
Nasional – IDSN). Spatial data infrastructures are the 
key to the formation of a spatially enabled government 
[3]. This implementation is followed by the release of 
Presidential Regulation (Perpres) No. 85/2007 
regarding the NDSN (National Spatial Data 
Network/Jaringan Data Spasial Nasional – JDSN). 

E-Government architectural models that support 
spatial enablement assist institutions in building e-
government architecture which in turn means that 
institutions become spatially enabled and, at the same 
time, take advantage of spatial data infrastructure 
available. Because such reference model architecture 
that supports e-government usage does not exist yet in 
Indonesia, the research question to be answered by 
this study is "what is the architectural model for 
spatially enabled e-government in Indonesia." 

III. LITERATURE STUDY 
Literature review conducted on documents of 

institutions establishment, journals, articles, and 
reference books on spatially enabled government, e-
government, spatial information, spatial data 
integration, current geospatial technologies, enterprise 
architecture, and related studies have been done in the 
field of e-government.  

In Indonesia, there are 4 types of institutions; the 
State Supreme Agencies, Ministry, Ministerial Level 
of Government Institutions and Non-Departmental 
Government Institutions (Lembaga Pemerintah Non 
Departemen – LPND). Of the four types of them, there 
are 2 types of institutions designated to become the 
nodes and node connector in the National Spatial Data 
Network (NDSN/JDSN), the ministry and LPND. 

These institutions were established to carry out the 
functions of governance as in the regulation. Each of 
the governance functions is described in detail in the 
Document of e-Government Blue Print Design issued 
by the Ministry of Communications and Informatics 
(Kemenkominfo). 

Rajabifard states that a government or society is 
said to be spatially enabled when spatial information 
has been widely available for the community and 
spatial information are widely used by consumers as 
the use of non-spatial information. In developed 
countries, the use of spatial information has now 
become a common part of the e-government and 
broader government ICT strategy [1]. 

Müller estimates that about 80% of data in the 
process of governance institutions is a spatial data or 
data that relate to spatial data, so the establishment of 

spatial data infrastructure becoming a very important 
part of the processes that exist in e-government [2]. 

A. Interoperability 
Interoperability is a crucial issue in the formation of 

this spatially enabled government. One of the 
objectives of the establishment of NSDI is to address 
this issue. Sukyadi has constructed a model of e-
Government interoperability [4], but it has not 
considering the spatial dimension. Other researches on 
spatial data interoperability were conducted by Zhang 
et.al [5], Huang et.al [6], and Zheng et.al [7] on web 
service interoperability model. These researches show 
a positive result on implementation of Open 
Geospatial Consortium (OGC) standards as 
interoperability model. From the perspective of 
interoperability on spatially enabled e-government, the 
research by Sukyadi (e-government) and other four 
researches above are complementing each other. 

The interoperability models from those five 
researches became matters of literature study to form 
an integration model in enterprise architecture of e-
government. 

B. Spatial Data Infrastructure 
SDI (Spatial Data Infrastructure) is a collection of 

technologies, policies and institutional arrangements 
that facilitate access availability to spatial data [1]. 
Rajabifard states that the spatial data infrastructure is 
the key to the establishment of a spatially enabled 
government [8]. 

In Indonesia, the NSDI was formed as a consortium 
of concerned institutions for spatial data. This 
consortium is coordinated by Bakosurtanal as 
government institution that serves as a coordinator of 
the survey and mapping. The NSDI consists of 3 
components: institutional, legislation, and primary 
data. One of NSDI results is the emergence of Perpres 
No. 85/2007 regarding the NSDN (National Spatial 
Data Network). 

C. National Spatial Data Network 
To prevent the procurement of the same spatial data 

collection, the Government of Indonesia (GoI) has 
issued Perpres No. 85/2007 regarding the NSDN. This 
regulation states that NDSN administered through an 
electronic media (i.e. Internet) and serves as a means 
of exchange and dissemination of spatial data. 

This regulation specifies which parties are given the 
responsibility as a Node and Node Connector of 
NDSN. The networks consist of government 
institutions, departmental and non-departmental, 
provincial, and municipal/district. The Network Node 
Connector is played by the Coordination Agency for 
Surveys and Mapping (Bakosurtanal). The table below 
shows the institutions included in NDSN. 
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TABLE I  
AGENCIES IN NDSN 

No. Government 
Sector 

Agency 

1 Survey and 
mapping 

Bakosurtanal (Badan Koordinasi 
Survei dan Pemetaan Nasional) 

2 Land 
administration 

BPN (Badan Pertanahan 
Nasional) 

3 Internal affairs Kemendagri (Kementerian 
Dalam Negeri) 

4 Transportation Kemenhub (Kementerian 
Perhubungan) 

5 Communication 
and informatics 

Kemenkominfo (Kementerian 
Komunikasi dan Informatika) 

6 Public works Kementerian PU (Pekerjaan 
Umum) 

7 Culture and 
tourism 

Kemenbudpar (Kementerian 
Kebudayaan dan Pariwisata) 

8 Statistics BPS (Badan Pusat Statistik) 
9 Energy and 

mineral 
resources 

Kementerian ESDM (Energi dan 
Sumber Daya Mineral) 

1
0 

Forestry Kemenhut (Kementerian 
Kehutanan) 

1
1 

Agriculture Kementan (Kementerian 
Pertanian) 

1
2 

Marine and 
fisheries 

KKP (Kementerian Kelautan dan 
Perikanan) 

1
3 

Meteorology and 
geophysics 

BMKG (Badan Meteorologi, 
Klimatologi, dan Geofisika) 

1
4 

Space and 
aeronautics 

Lapan (Lembaga Antariksa dan 
Penerbangan Nasional) 

 
There are 44 types of spatial data, which is 

mentioned in NDSN regulation, which must be 
produced by institutions that have been designated as 
a node and node connector of the NDSN. Spatial data 
production process will become the basis for building 
spatial information model of each institution in 
NDSN. 

The NDSN regulation clearly states that NDSN 
must be held through an electronic-based information 
network. This assumes that technologies utilize the 
Internet as a medium of exchange of spatial data. 
Reviews of this technology include the standards of 
publication, representation, processing, and production 
of spatial data. 

Internet Map Server is one of the most common 
technologies in use today which has implemented this 
standard. For the processing and production of spatial 
data, GIS desktop applications remain a top choice so 
far, because this application provides much more 
complete spatial features than the web-based mapping 
applications. Although it’s desktop-based, the current 
applications of GIS have been able to connect spatial 
database through the Internet with the same 
communication standard used by web mapping. 

To show a simple/generic form of a spatially 
enabled e-government architecture, the authors adopt 
Ross core diagram [9]. A core diagram provides main 
points in the enterprise architecture to be a reference 
for the responsible management in developing and 

utilizing this architecture [9]. The management in this 
case is the Government of Indonesia. This diagram is 
expected to facilitate the government in the overall 
view of the architecture. 

IV. FRAMEWORK AND METHODOLOGY 
From the literature study, the author develops a 

framework which is adopted from Ross core diagram 
forming process. The framework is shown by the 
following figure. 

 

 
FIG. 1 ARCHITECTURE DESIGN FRAMEWORK 

 
Model design proceeded in three phases, namely 

the identification, creation of core diagrams, and 
testing. Model design steps are as follows: 

1)   Identification of operating model: Performed 
to get the most suitable operating model that needed to 
adopt by government agencies to be spatially enabled. 

2)   Identification of key customers: Conducted to 
see which parties are to be clients for government 
agencies. 

3)   Identification of business model: Performed 
to obtain any data/information related to business 
processes (governmental function) in this case.  

4)   Identification of information model: Results 
of business model identification are then processed in 
this activity to find what data/information that must be 
shared or disseminated, and which governmental 
function that can be linked. 

5)   Identification of application and technology 
model: This activity is performed to get the right 
technology to integrate the spatial information. 

6)   Core diagram design: Core diagram is 
formed on the basis of all the result from above 5 
steps. 

7)   Model testing: Performed by expert panel 
method. 

The reference documents in the above activities are 
UU No. 39/2008 on Ministry, Keppres No. 103/2001 
on Non Ministerial Government Agencies, Perpres 
No. 85/2007 on NDSN, Document of E-Government 
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Blue Print Plan by Kemenkominfo, and medium term 
development plan (RPJMN) 2010-2014 by Bappenas. 

To form the core diagram, the references above are 
combined with the literature study on the most current 
architecture of applications that are already 
implemented OGC standards. 

V. DISCUSSION 

The model will be designed in accordance with the 
framework mentioned above. 

A. Operating Model 
From the study of operating model, the authors 

found that in Indonesia case, the agency can simply 
choose coordination operating model to prepare the 
spatial enablement. There are three points to be 
considered: 

a) Noting the influence of the data produced by 
institutions with the interests of other 
institutions, while maintaining its own 
business processes; 

b) Following the data standardisation that has 
been established by the NSDI; only spatial 
data related that need to follow this 
standardisation; 

c) IT architecture and/or infrastructure related 
decision making are taken at institutional 
level. Implementation and technology 
selection can be decided by the units under it, 
as long as spatial data related technologies 
are referring to NSDI. 

B. Business Model 
The business model in government case is indicated 

by its services. Service model is formed by mapping 
the governance functions (which exist in the 
governmental functional system framework) with the 
institutions mentioned in NSDN. 

The output of this analysis is then summarised to a 
table, then mapped to a matrix of institution vs. 
functional block as a service model. 

 

B
ak

os
ur

ta
na

l
B

P
N

K
em

en
da

gr
i

K
em

en
hu

b
K

em
en

ko
m

in
fo

K
em

en
te

ria
n 

P
U

K
em

en
bu

dp
ar

B
P

S
K

em
en

te
ria

n 
E

S
D

M
K

em
en

hu
t

K
em

en
ta

n
K

K
P

B
M

G
LA

P
A

N

6.1 Governance
6.2 Zoning
6.3 Social
6.4 Facilities & Infrastructures

7. Information Publication & Government Services

1. Institutional Support & Services
2. Politics & Legislation
3. Defense & Security
4. Laws, Regulations, & Legislation
5. Monetary & Fiscal

6.
 N

at
io

na
l 

D
ev

el
op

m
en

t

 
FIG. 2 SUMMARISED OF SERVICE MODEL MATRIX OF INSTITUTIONS 

IN NDSN 

The shaded parts in the matrix above show: 
a) Governance function that is performed by the 

agency in its column above.  

b) That governance function is coordinate by 
the agency in its column above. 

c) Other agencies that may perform the same 
function have to refer to the procedure or 
standards set by the agency in its column 
above. 

The matrix above will be used in the mapping 
process between service model and information 
model, which is focused on function of national 
development. The considerations to choose it are: 

a) The function of institutional support and 
service is an internal function of each 
institution. Therefore, no inter-institutions 
relationship patterns are identified in this 
function. 

b) The function of politics and legislation and 
the function of defence and security, from the 
scope of this thesis (NDSN), are only 
performed by Kemendagri. 

c) There is no institution mentioned in the 
NDSN regulation that is performed function 
of laws, regulations, and legislations, and the 
function of national monetary and fiscal. 

d) Though performed by all institutions, the 
function of information publication and 
government service is not related to other 
institutions because the information is only 
related to each institution itself. 

Although focused on the function of National 
Development, but on the core diagram to be 
constructed, the seven governance function will be 
listed. Governance functions 1, 4, and 5 will be listed 
on the first level only, while the functions of 
governance 2, 3, 6, and 7 will be listed until the first 
sub-levels. 

C. Information Model 
Identification information model is performed by 

map the outputs with basic needs of spatial 
information in each of the agency in NDSN. The 
result is then summarised to see the overall 
relationship between the functional classifications of 
spatial data with the institutions concerned. This 
summary is shown in the matrix below. 

D. Integration Model 
Web-based technology is chosen as integration 

technology with the use of Internet Map Service. 
Integration model adopted from the model of 
application architecture, web-mapping applications 
that have implemented OGC standards. Models of 
spatial data integration for publication can be seen in 
Fig. 4. 

Production, processing, and management of spatial 
data are performed by using desktop GIS applications. 
For spatial data management, web-mapping 
applications can be used, but today, tools for 
production and processing spatial data in desktop 
applications are still have much more complete 
features than in web-mapping applications. Features of 
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spatial analysis on a desktop application are also more 
sophisticated than web-mapping. 

 

 
FIG. 3 AGENCY IN NDSN OUTPUT AND SPATIAL INFORMATION 

NEEDS 

In data integration, these desktop GIS applications 
use the same communication standard with a web-
mapping, which uses OGC standards. Figure below 
shows the model of integration of spatial data through 
desktop GIS applications. 

 
Through the database connection layer, GIS 

application connects to all required spatial data, vector 
files, and raster files. All spatial data that have been 
connected are processed, analysed, and/or combined 
to produce new spatial data. Cleaning process at each 
connected spatial data topology must be done before 
performing spatial analysis. RS applications or 
extensions are used to perform data mining process in 
raster files of satellite imageries or aerial photos. 

These process results are vectors that can be processed 
or analysed further by GIS application. The final 
output is then stored into a spatial data warehouse. 
Spatial data stored in a data warehouse are (has to be) 
already topologically clean. This would be very useful 
for other institutions that will use this spatial data, 
because it will reduce time of topology cleaning 
significantly. 

 

 

FIG. 4 INTEGRATION MODEL IN SPATIAL DATA PUBLICATION 

 

 

FIG. 5 INTEGRATION MODEL IN SPATIAL DATA PRODUCTION 

Both integration models above are then combined 
to form an overall integration model (Fig. 6). 
Agencies producing spatial data will access spatial 
data required via database connection. It is strongly 
recommended to use the Internet channels with 
specific security levels that can only be accessed by 
government agencies.  

 

FIG. 6 INTEGRATION MODEL OF SPATIAL INFORMATION 
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E. Architectural Model of E-Government 
In accordance with literature studies on Ross core 

diagram, the analysis then mapped onto the core 
diagram forming process. The mapping can be seen in 
the following table. 

TABLE II  
MAPPING OF ANALYSIS RESULTS WITH CORE DIAGRAM 

Process Analysis Result 
Shared customers Public, business, and other 

government institutions. 
Shared data All spatial data mentioned in 

NDSN regulation.
Integrating 
technologies 

The use of Internet Map 
Service and GIS applications 
which are already 
implemented OGC standards. 

Linked processes Governance function in 
governmental functional 
framework. 

 
From the analysis of each of the above process, the 

e-government architecture formed as shown in the Fig. 
7 below. 

 

 
FIG. 7 E-GOVERNMENT CORE DIAGRAM 

As shown in the core diagram, there are 2 main 
layers, the interface layer, and system layer. Interface 
layer is the layer that connects between the systems 
with potential data users (in this case, the general 
public, businesses, and government institutions). 
Interface layer is separated into two types to 
differentiate its services, to the general public and 
business community, and to government institutions. 
Layer consists of database systems, spatial database, 
data processing applications, and integration. XML, 
GML and SVG primarily are the choices of 
technology for this integration. 

F. Sample Implementation 
The authors make an example of architecture 

implementation if applied in Ministry of Public Works 
(Kementerian PU). Kementerian PU produces six 
types of spatial data using nine types of base spatial 
data in four different agencies. This example is shown 
in the Fig. 8 below. 
 

 
FIG. 8 SAMPLE IMPLEMENTATION IN KEMENTERIAN PU 

The six types of spatial data in the spatial data 
warehouse (1) are the result of analysis using GIS 
and/or RS (2). Analysis is performed on base 
data/base map from other agencies (3) which then 
overlaid with some spatial data (4) or additional 
rasters (6). If necessary, the result is then stored into a 
local database (5) so then it can be analysed further 
before generating the final spatial data which are then 
stored into spatial data warehouse (1). Data that have 
been stored in a data warehouse can then be used by 
other institutions (8) to produce the required spatial 
data. 

Spatial data in a data warehouse are then published 
through the IMS (7) for use by decision-makers (9) 
either within the ministry itself, or in other 
agencies. Referring to the role of Kementerian PU in 
the national development function, the spatial data are 
used to make decisions related to the function of 6.1 
governance, 6.2 zoning, and 6.4 facilities and 
infrastructure. 

G. Proposed Solution 
Proposed implementation of solutions on the 

institutions integration model of spatial data are 
mapped in Fig. 9 as follow.  

 
FIG. 9 MAPPING OF PROPOSED SOLUTION 

As seen on the proposed implementation above, 
there are two important parts on the integration 
model. The first part (1) is a production process which 
includes GIS (overlay, spatial analysis, network 
analysis) and RS (georeferencing, image 
classification, digitisation). This production process 
can retrieve data from a local database (4) and the end 
result is stored into a spatial data warehouse (3). The 
second part (2) covers the process of publication; 
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publication is only performed on spatial data stored in 
spatial data warehouse (3). 

 

FIG. 10 SAMPLE SOLUTION FOR SPATIAL DATA PRODUCTION 

1)   Sample solution for spatial data production: 
There are three activities in the production process 
spatial data, namely topology cleaning, image 
processing, and GIS processing. An example of the 
proposed solution is shown in Fig. 10. 

Other solution examples for the production of 
spatial data can be seen in Table III below. This table 
also contains some proprietary solutions, apart from 
open source solutions. 

 
TABLE III  

SAMPLE SOLUTION FOR DATA SPATIAL PRODUCTION 

Sample Solution Topology 
Cleaning 

Image 
Processin

g 

GI
S 
Pr
oc
es
si
ng 

Open Source 
GRASS GIS 
grass.itc.it ■   

OSSIM 
www.ossim.org  ■  

Quantum GIS 
www.qgis.org   ■ 

Ilwis 
www.ilwis.org  ■ ■ 

Proprietary 
ArcGIS 
www.esri.com ■ ■ ■ 

Erdas Imagine 
www.erdas.com  ■  

Idrisi 
www.clarklabs.org  ■ ■ 

Manifold 
www.manifold.net ■  ■ 

GeoMedia 
www.intergraph.com ■ ■ ■ 

2)   Sample solution for spatial data publication: 
There are three layers in the publication of spatial 

data, the server layer, application layer, and web 
servers, as seen in Fig. 11. 

 

FIG. 11 SAMPLE SOLUTION FOR SPATIAL DATA PUBLICATION 

Other solution examples for the production of 
spatial data can be seen in Table IV below. This table 
also contains some proprietary solutions, apart from 
open source solutions. 

TABLE IV  
SAMPLE SOLUTION FOR SPATIAL DATA PUBLICATION 

Sample Solution 
Map 
Serve

r 

Applicatio
n/ 

Framewor
k 

Web 
Serve

r 

Map 
View

er 

Map 
Catalo

g 

Open Source 
MapGuide Open 
Source 
mapguide.osgeo.org

■ ■  ■  

MapServer 
mapserver.org ■ ■  ■  

GeoServer 
geoserver.org ■ ■  ■  

OpenLayers 
openlayers.org  ■    

CartoWeb 
www.cartoweb.org  ■  ■  

Apache 
httpd.apache.org   ■   

GeoNetwork 
sourceforge.net/pro
jects/geonetwork/ 

    ■ 

Proprietary 
ArcGIS Server 
www.esri.com ■ ■  ■ ■ 

Manifold IMS 
www.manifold.net/i
nfo/ims.shtml 

■ ■  ■  

GeoMedia WebMap
www.intergraph.co
m 

■ ■  ■ ■ 

IIS (Windows 
Server) 
www.microsoft.co
m/servers 

  ■   

3)   Sample solution for database and data 
warehouse: Currently, open source databases have not 
been able to use as a data warehouse because, 
currently, the maximum data size that is 
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accommodated by open source solutions is 4 
Gigabyte. Data warehouse, especially for storing 
spatial data, should be able to accommodate larger 
data sizes, with no size limit. 

TABLE V  
SAMPLE SOLUTION FOR DATABASE AND DATA WAREHOUSE 

Sample Solution Spatial 
Database 

Spatial 
Data 

Warehouse 
Open Source 
Postgres+PostGIS 
www.postgresql.org 
postgis.refractions.net 

■  

MySQL Spatial 
www.mysql.com ■  

Proprietary 
Postgres Plus 
www.enterprisedb.com ■ ■ 

Oracle Spatial 
www.oracle.com ■ ■ 

Cubewerx CubeSTOR 
www.cubewerx.com ■ ■ 

H. Implication of Architecture Implementation 
There are several implications of the adoption of 

this spatially enabled e-government architecture. 

1)   Management: To ensure the integration of 
spatial data in the architectural model, the government 
should establish a policy to choose a georeference 
standard for all agencies in Indonesia. On the other 
hand, the application of spatial data warehouse means 
necessary enforcement of SOPs from every production 
process in the use of spatial data and data cleaning. 

2)   System: Open source applications for GIS 
and web mapping is now approaching features of 
proprietary applications, so the cost of purchasing and 
updating applications can be suppressed. Because the 
integration of the proposed architecture is built upon 
the network (Internet), then the government needs to 
establish a special channel of data communication 
between agencies. This data communication lines can 
be a WAN or MAN. Implementation of spatial data 
warehouse will minimise data inconsistency. 

3)   Academic perspective: From the academic 
side, the implications of the adoption of e-government 
architecture which spatially enabled are: 

• Study on the implementation of this spatially 
enabled architecture at agencies that have not 
been included in NDSN. 

• Research on ICT governance for the 
implementation of architecture that is spatially 
enabled. 

• Research on the communication security 
between agencies in the implementation of this 
architecture. 

• Study on spatial data acquisition speed 
improvement for decision making on the 
implementation of the architecture. 

• Study on the improvement in term of speed and 
accuracy of interventions for the decision based 
on the use of spatial data. 

VI. CONCLUSION AND SUGGESTION 

A. Conclusion 

1)   Model of data spatial integration can be done 
by implementing the OGC standards, whether for 
publication or for the production and processing. 

2)   Open source applications already have a 
fairly complete feature in the publication of spatial 
data, while for the production, processing, and spatial 
data management, use of open source applications still 
need to be combined with the use of proprietary 
applications. 

3)   Results of expert panel shows that the 
proposed architectural model has been considered to 
be a national benchmark or reference for the 
development of spatially enabled e-government. 

B. Suggestion 
a) The government should issue a policy to 

choose a georeference standard for all 
agencies in Indonesia that produce spatial 
data. 

b) Each agency should issue, enforce, and 
supervise the implementation of the SOP on 
spatial data production processes. 

c) Government and the agencies producing 
spatial data need to assess the utilization of 
open source applications, both on the 
production and publication processes. 

d) Government should consider the 
establishment of the government service 
provider to provide electronic channels 
(Internet) for communication between 
government agencies, to ensure the security 
and speed of delivery and exchange of 
information, especially spatial information. 

e) Each agency needs to ensure the 
implementation of spatial data warehouse 
concept, to maintain the validity of data. 

C. Further Research 
Conduct further research or study on: 

a) The implementation of this spatially enabled 
architecture on other agencies that are not yet 
designated as NSDN nodes; 

b) The proper ICT governance for the 
implementation of a spatially enabled 
architecture; 

c) Security factor in communication channel 
(Internet) between agencies to accommodate 
the integration in this spatially enabled 
architecture; 

d) The increase of speed in spatial data 
acquisition for decision making on the 
implementation of the architecture;  
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e) The speed and accuracy of intervention upon 
the decision based on the use of spatial data. 
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Abstract— The development of information and 
communication technology (ICT) in the 
Indonesian government has brought a new 
paradigm shift in the methods and processes of 
interaction among government, society, business, 
and intergovernment. Various international 
surveys (United Nations, Waseda University, and 
Economist Intelligence Unit) show that the 
implementation of e-government in every country 
is significantly increased, and it brings impacts on 
government and community relationship which is 
conducted from conventional to digital-based 
forms.  However, many challenges and problems 
come up during the implementation of e-
Government, especially in developing countries 
such as Indonesia. For Indonesia, the survey 
results can be used as a barometer for improving 
the services because the position of Indonesia in 
the study results is still far from expectation. The 
challenges and problems faced by the Indonesian 
government can be categorized into technical and 
non technical factors. This paper, therefore, will 
explore and map the problems of the E-
government implementation in Indonesia by using 
a fishbone analysis to discover the problem roots 
holistically. This study proposes a socio-technical 
approach to overcome the problems in 
implementing E-government in Indonesia. By 
developing a socio-technical model, the behavior of 
e-Government application users and the design 
standards of technology quality will be able to be 
measured so that the implementation of E-
government in Indonesia can be more effective. 

I. INTRODUCTION 
he rapid development of e-Government in 
Indonesia cannot be separated from the influence 

of globalization and internationalization, in which 
Indonesia becomes a part of the world community. 
Since early 1990, various countries have had to 
initialize the use of information and communication 
technologies (ICTs) to transform the government's 
relationship with the community, industry and other 
 

 

government agencies. With ICT, the government can 
directly provide services to the community, interact 
with the world of business, create an image of good 
government, increase government revenues, and 
reduce corruption as more transparent. There are at 
least eight e-Government models namely: 
Government to Citizen (G2C), Citizen to Government 
(C2G), Government to business (G2B), Business to 
Government (B2G), Government to employees 
(G2E), Government to government (G2G), 
Government to Non-Profit (G2N) and the nonprofit to 
Government (N2G) [1].  

Along with the development of E-government 
model, many research organizations perform world 
ranking research on the E-government 
implementation, such as the United Nations (UN), the 
Waseda University, and  the Economist Intelligence 
Unit (EIU). The methodologies used in those studies 
employed a number of  indicators, in which the study 
results were then categorized and compared 
(benchmarked) for various countries.  

II.  E-GOVERNMENT BENCHMARKING WORLD STUDY  
The methodology used is benchmarking, which 

means measuring the comparative performance of e-
Government in various departments of state and 
government. There are three  organizations (the 
United Nation (UN), the Waseda University Institute 
of e-Government, and the Economist Intelligence 
Unit) that are considered consistent, and publish the 
reference in the assessment of e-Government in the 
world. For the year of 2010, the research has been 
changed significantly by considering financial and 
economic crisis. The top 10 ranking  of the year 2010 
are the Republic of Korea, The United States of 
America, Canada, United Kingdom, The Netherlands, 
Norway, Denmark , Australia, Spain and France. This 
result indicates that the top ten positions are 
dominated by developed countries. For Southeast 
Asia, Singapore is ranked as the first or 11th in the 
world ranking. In this region, Indonesia is ranked at 
109th,  below Thailand, The Philippines, and Vietnam. 
There is a decline as Indonesia was ranked 106 in the 
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year of 2008.  
The UN Web Measurement Assessment classified 

the Websites into four categories, namely Emerging 
information services, Enhanced information services,  
Transactional services,  and Connected services[2] 

A. E-Government Survey of the  Waseda University. 
In the year 2010, this institution provides records of 

e-Government role because it is associated with the 
global financial crisis. Number of countries that 
become participants grew from 34 countries to 40 
countries. In 2010,  the top ten are occupied by 
Singapore, followed by the United Kingdom, USA, 
Canada, Australia, Japan, Korea, Germany, Sweden, 
and Taiwan. Singapore is ranked at the first in 
succession since 2009. In 2010, Indonesia was ranked 
at 32 out of 40 countries in the survey. It is lower than 
the results of 2009 in which Indonesia was 23 out of 
34. There is a significant decrease in score, which was 
62.02 in 2009 to 48.4  in 2010. As a comparison, in 
the last five years, the Waseda University ranked the 
top ten as follows: [3] 

TABLE I 
E-GOVERNMENT SURVEY RANKED VERSION WASEDA 

UNIVERSITY (2006-2010) 
Rank  2010 2009 2008 2007 2006 

1 Singapore Singapore USA USA USA 
2 United Kingdom USA Singapore Singapore Canada 
3 USA Sweden Canada Canada Singapore 
4 Canada United Kingdom Korea Japan Japan 
5 Australia Japan Japan Korea Korea 
6 Japan Korea Korea Australia Germany 
7 Korea Canada Japan Findland Taiwan 
8 Germany Taiwan Hongkong Taiwan Australia 
9 Sweden Finland Australia United Kingdom United Kingdom 
10 Taiwan & Italy Germany & Italy Finland Sweden Findland  

The assessment indicators for the year 2010 are as 
follows network preparedness, required interface-
functioning applications, management optimization, 
national portals, chief information officer (CIO) in 
government, e-government promotion, and E-
participation. [3] 

B. E-Government  Survey  Version The Economist 
Intelligence Unit (EIU) 

Since 2000, the Economist Intelligence Unit (EIU) 
has conducted a survey that focuses on identifying the 
capacity of world countries in utilizing ICTs for 
economic and social interests. The results of this 
survey are used as the basis for investment for other 
countries that make ICT as a fundamental factor of 
economic growth.  In 2010, the EIU made a lot of 
adjustments in line with the role of ICT in the world 
economy.  The six categories,  individual criteria, and 
their weights in the model are described connectivity 
and technology infrastructure, business environment, 
Social and cultural environment, Legal environment  
Government policy and vision and Consumer and 
business adoption. [4] 

Results of the Digital economy rankings in 2010 
show that the first rank is occupied by Sweden, while 

Denmark down to be ranked number two, followed by 
the United States, Finland, Norway Netherlands, 
Hong Kong, Singapore, Australia, and New Zealand. 
For Asia countries, Hong Kong and Singapore are the 
best, while Indonesia is ranked 65th out of 70 
countries, which is the same rating as in 2009. 

C. Comparison of e-Government Survey 
Those studies show that the top 10 was dominated 

by developed countries like USA, Sweden, Danish, 
Australian, United Kingdom, Finland, Netherlands, 
Korea, and Singapore. 

From e-Government value chain perspective, the 
developed countries have entered the phase of e-
Government Impact since it has been introduced in a 
long time, and the services provided by the e-
Government are in a variety of forms and their 
impacts are felt by the community. In Asia, Korea and 
Singapore becomes an icon of the best countries in 
implementing e-Government. (UN, Waseda 
University and EIU) e-Government is Hong Kong, 
Korea, Taiwan and Japan. 

TABLE II 
THE COMPARISON OF E-GOVERNMENT SURVEY 

2010 2008 2010 2009 2010 2009
1 Republic of Korea Sweden Singapore Singapore Sweden Denmark
2 United States Denmark United Kingdom USA Denmark Sweden
3 Canada Norway USA Sweden United States Netherlands
4 United Kingdom United States Canada United Kingdom Finland Norway
5 Nethelands Netherlands Australia Japan Netherlands USA
6 Norway Repulic of Korea Japan Korea Norway Australia
7 Denmark Canada Korea Canada Hongkong Singapore
8 Australia Australia Germany Taiwan Singapore Hongkong
9 Spain France Sweden Finland Australia Canada
10 France United Kingdom Taiwan & Italy Germany & Italy New Zealand Finland

109. Indonesia (109106. Indonesia (106/182) 32. Indonesia (32/40) 23. Indonesia (23/34) 65. Indonesia (65/70) 65. Indonesia (65/70)

UNITED NATION
Rank

Waseda University The Economist Intelligence Unit

 
 

Some notes in connection with the activities in e-
Government benchmarking can be summarized as 
follows [5]: 
1. Benchmarking purposes is to offer benefits to 

stakeholders both for research purposes or as 
information for development of e-Government 
(state-of-the-art) from year to year.  

2. The focus of the benchmarking study changes 
from year to year. This indicates that the existence 
of priorities and issues are tailored to the needs 
and level of implementation of e-Government that 
happened in the world. At the beginning of th year 
2000 the topic level implementation of e-
Government readiness into the spotlight of the 
world later in the year 2001-2004 is transferred to 
the level of service availability and uptake rate, 
last year 2006 until now more focus to the 
expected impact [6]. For each level, if associated 
with e-Government value chain, the indicators are 
used as input and outcome. The Preview of e-
Government in the value chain is as follows: 
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Fig 3: e-Government  Value Chain 

 
3. Information technology (hardware, 

applications, and brainware) become tools as 
enablers that allow the achievement of goals 
with e-government are held for each country.  

4. Findings of e-government survey in 2010, 
namely:  
a. Trend framework 2.0 [3] and the definition 

of connectivity is more directed to the 
broadband quality, 3G and 4G mobile quality 
.[4]. 

b.  Web 2.0 and social networks (Facebook, 
twitter, myspace etc) change the interaction 
patterns of government. [4] .  

c. Implementation of green ICT.[3]. 
d.  Roles of social, cultural environment, and 

education have become the determinant 
factor for the successful implementation of 
the fundamental portions of e-government 
[4] 

III. MAPPING THE PROBLEMS OF E-GOVERNMENT 
IMPLEMENTATION IN INDONESIA 

A. Problems of Implementation of  e-Government in 
Indonesia  

For the year of 2010, Indonesia is categorized as 
not satisfactory. From the United Nations study, 
Indonesia has experienced rank decline from 106 to 
109. Assessment of the Waseda University shows that 
Indonesia decreased from 23 to 32 ratings. Finally, 
the assessment of Intelligence Economist Unit 
indicates that although there was an increase from the 
score 3,51 into 3.60, ratings remains the same, 
namely, Indonesia is still in rank 65 out of 70 
countries.   

 In addition, the implementation of e-government in 
the developing countries faces many failures. In fact, 
35% of the failure of e-government research are 
categorized as  total failure, 50% as partial failures, 
and while 15% as  succeed. [8].The cause of the 
failure was due to the existing gap between technical 
and non technical factors. For E-government in 
Indonesia, an estimated contribution of non technical 
factors is around 80% and 20% technical factors [9]. 

In order to explain the problems and challenges in 
implementing e-government in Indonesia, this study 

employes the framework of thinking. The idea is to 
identify problems of e-government implementation in 
Indonesia done by examining the results of the 
surveys conducted by research organizations (UN, 
Waseda, and EIU). The problems are then mapped 
into precursor stages of the e-government value chain. 
Systematic formulation is illustrated as follows:    

 
 
 

 
 
 
 
 
 
 
 
 
 
 

 
Fig 5: Systematic Formulation  (Mapping Probelms E-Government 

in Indonesia) 

This fact indicates the need of special attention on 
implementation of e-Government in Indonesia. To 
explore the problems of e-Government 
implementation in Indonesia, we need to record all of 
the problems holistically. There are seven aspects 
used in E-government value chain: Data systems, 
Legal, Institutional, Human, Technological, 
Leadership, and driver/demand translated in the 
Cultural aspect. These seven aspects are parts of 
precursor stage in e-Government value chain. Based 
on experiences, observation, and the various writings 
it can be concluded as follows: [9], [10], [11] 
1. Data Systems. 

a.  Platforms of diverse applications and databases 
that are used in application development that 
make it difficult to do the integration.  

b. Website is not updated even though some have 
been expired. This is because of the lack of 
technical guidance and supervision of the weak 
domain for go.id. 

c. There is no clear agenda on the national 
framework as to which is accepted as 
standardization in providing a national database. 

d.  There is lack of standardization of ensuring the 
security of data and information. 
 

2. Legal (policy) 
a. Regulations do not support.  
b. There is lack of regulation on e-Government 

promotion. 
c. Legal framework for interaction and transaction 

in the virtual world is unclear. Information and 
electronic transactions (UU ITE) law is actually 
counterproductive in some aspects.  

Survey result of benchmarking of e-government (2009 – 2010) 

United Nations Waseda University 

 
 
 
 

 
The root of the problem of e-Gov implementation in Indonesia 
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d. E-Government is still considered a project that 
depends on regional leaders who are in power. 

e. Cyber crime threats requires handling of a 
comprehensive law. 

3. Institutional 
a. The main program of DeTIKNas (National ICT 

Council is poured into 16 flagship Programs, but 
in fact the presence of this legislation raises 
many problems.  

b. Organization structures do not support the 
implementation of e-government, especially in 
the region.  

c. A partnership that is formed is not optimum, 
especially in local government. 

d. There is gap between needs and analysis of e-
government solutions that deliver.  

e. Results of Peringkatan E-goverment Indonesia 
(PEGI) is not followed up by each institution. 

4. Human  
a. Civil servants who are using ICT to serve the 

community are incompetent.   
b. There is no measurable competency readiness, 

which measures the level of competence in a 
government institution.  

c. Community as consumers are not getting 
adequate training about the advantages of of e-
Government and how to use it. 

5. Technological 
a. Constraints in collaborating and integrating 

databases that include the central government, 
regions, institutions and other relevant 
government agencies.  

b. ICT infrastructure has not been adequate and 
evenly distributed throughout Indonesia (digital 
divide). 

c. There is no government that adopted technology 
that supports e-government implementation, 
such as implementation of web 2.0, social 
networks, and mobile government.  

d. There is no analysis of technology readiness, 
which measures the extent of readiness of the 
technology in the E-government 
implementation.  

e. User Interfaces of government websites are not 
attractive.  

f.  ICT convergence in the multimedia form  such 
as chat, video, video conferencing are 
unavailable. 

g. Social networks applications such as Facebook, 
twitter, and others become more familiar for 
public use. 

6. Leadership 
a. Initiatives from local leaders about e-

government model are sporadic and adhoc. 
b. Regional autonomy provides negative impacts 

in which there will be possible conflicts between 
central and local budget allocations, and it will 
weaken coordination for ICT projects.  

c. Standardization among central, regional, and 
government agencies are lacking. It  gives the 
freedom for local government in implementing 
e-Government. 

d. There is no political leadership, in which it 
generally occurs when regional leaders were 
replaced, and  then the e-Government program 
is also likely to end. 

e. There is no special education (certification) for 
regional leaders to understand e-government and 
ICT development. 

7. Driver/demand (culture). 
a. Change management is needed nationally and 

followed by local governments, agencies, and 
other government agencies.  

b. Paradigm shift from manual to electronic job is 
to bring cultural changes. 

c. There is no willingness for sharing data and 
information among government agencies. 

d. There is no measure of organizational readiness, 
which measures the level of organizational 
readiness in using technology.  

e. There is still culture of corruption, collusion and 
nepotism in the bureaucracy in government.  

f.  The use of computer for formal communication 
is so low  that it is still necessary to 
communicate face to face. 

B. Mapping the problems of e-Government 
Implementation using Fishbone Analysis 

To view the problems of e-Government  
implementation holistically in Indonesia fishbone 
analysis is used. The description of the problem of 
mapping the application of e-government in Indonesia 
is depicted in figure 6. 

IV. PROPOSED SOLUTIONS 
Based on the e-government value chain, precursor 

stage is the beginning of the successful 
implementation of e-government. Every aspect of 
precursor stages has a strategy that is designed to 
overcome existing problems. Strategies can be 
divided in terms of technology, policy, and people. 
The technology and policies are related to provision 
of hardware, software, and infrastructure. Policy is 
related to a regulation and the enforcement of law in 
the interaction between government and stakeholders, 
Whereas strategy for the people is related to increased 
skill, competence, training, and certification. 
Previously, many solutions are given emphasis to 
technical factors in the solution, and ignore social 
factors such as measurement of the behavior of the 
user's e-government applications. Availability of 
financial resources, infrastructure, and regulations are 
not fully guarantee the success of the use of e-
government applications. 
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Fig 6: Mapping Probelms E-Government in Indonesia  using 

Fishbone analysis 

 
In this paper, the proposed solution is to overcome 

the problems of implementing e-government in 
Indonesia focusing more on socio-technical approach. 
Socio technical approach is a study that focuses on 
the social impacts arising from the presence of 
technology. Basic assumption of this approach is any 
process of implementation of information technology 
is always going to have an impact on the social 
aspects. Therefore, a comprehensive study needs to be 
done by considering a variety of social factors to 
ensure successful implementation of information 
technology. This approach could  be a solution to 
minimize the failure of implementing e-government in 
Indonesia.  

A. The Socio-Technical System Approach. 
The focus of the socio-technical system approach is 

that there is a gap between the presence of technology 
and the user's environment. The gap that occurs due 
to misalignments between the technological aspects 
with the social, institution (rules) and human aspects 
(group, organization, communities, and society). 
Socio-technical system design is needed as a bridge 
that can make alignment between technological 
aspects with social aspects, human, and institutions.  
Relationship between the three aspects are seen as 
follows [12] 

 

 
Fig. 7: Three Interrelated analytic Dimensions. 

 
Original scheme showing the synthesis of socio-

technical approach and its components are as follows: 
[13] 

 
Fig. 8:  Socio Technical Framework 

In its development, Socio technical approach has 
been renewed by including aspects of human-
computer interaction (HCI). Aspects of human 
computer interaction (HCI) become important, in 
which it uses psychological concepts like attention 
and usability in web applications, and organizational 
computing [14]. It leads to the socio-technical 
concept, based on general systems theory where one 
system type emerges from another as software data 
flows arise from hardware circuits [15] as follows: 
1. Hardware systems based on physical exchanges of 
energy. 
2. Software systems based on information exchanges 
emerge from hardware systems. 
3. HCI systems based on semantic exchanges of 
meaning emerge from software systems. 
4. Socio-technical systems based on community 
normative exchanges emerge from HCI systems to 
face problems like mistrust, unfairness and injustice. 
As the discipline of computing becomes social, the 
new “user” of computing is society itself. 
As shown in the Fig 9, the software cannot exist 
without hardware. Hardware is associated with 
physical requirements, and software is related to 
information requirements. Information exchanges 
allow human meaning, and human meaning allows 
the norms, culture, and identity of communities. Each 
level emerges from the one below it, then its nature 
changes the entire system’s nature. The social level is 
the most complex, not only because it also contains 
more lower levels, but also because any social unit set 
can form a larger social unit ( family, village, city 
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state, nation and so on. A socio technical system 
occurs when people interact via technology to create a 
community, as a socio physical system arises when 
they do the same physically [15]. 

 
Fig. 9: Socio Technical System Levels 

B. The Socio-Technical Model for E-government 
In regard to finding solutions, it is necessary to 

design a socio-technical model tailored to the findings 
of the problems of e-government in Indonesia. Socio-
technical model is proposed as a solution as follows: 

 
Fig. 10: Proposed Socio Technical Model for E-Government  

 
Stages and explanation of socio-technical model  

are as follows:  
1. Findings of implementing e-government problems 

in Indonesia (such as human, leadership, 
institutional, cultural, technological, and data 
system) are mapped into two categories: social and 
technical problems. Technical problems consist of 
technological and data systems, while social 
problems are categorized into human-interaction 
aspects for human, leadership, institutional, 
cultural, and legal (policy). 

2. The next stage is conducting gap analysis by 
comparing current conditions with the criteria 
tailored to the methods used. Each criterion will be 
analyzed by creating a questionnaire and 
distributed to participants. 
a. For human-computer interaction aspects, three 

theories are interrelated, i.e., Theory of 
Reasoned Action (TRA), Theory of Planned 
Behavior (TPB), and Theory of Acceptance 

Model (TAM). TRA specifies that behavioral 
intention is a function of two determinants: a 
personal factor termed attitude toward 
behavioral, and person’s perception of social 
pressures termed subjective norm. [16]. TPB 
extends the TRA for conditions in which 
individuals do not have full control over the 
situation. According TPB, people actions are 
directed by three kinds of considerations: 
behavioral beliefs about the likely outcomes of 
the behavior and the evaluations of these 
outcomes; normative beliefs about the normative 
expectations of others and the motivation to 
comply with these expectations, and control 
beliefs about the resources and opportunities 
possessed (or not possessed) by the individual 
and also the anticipated obstacles or 
impediments toward performing the target 
behavior [17]. TAM adapts the framework of 
the TRA and hypothesizes that a person’s 
acceptance of a technology is determined by 
user’s voluntary intention to use that 
technology. Intention, in turn, is determined by 
person’s attitude toward the use that technology 
and user’s perception concerning its usefulness. 
Attitudes are formed from the beliefs a person 
holds about the use of the technology. The 
attitude components consist of perceived 
usefulness and perceived ease of use. Perceived 
usefulness is the user’s subjective probability in 
which using a specific application system will 
increase user’s performance, and perceived ease 
of use is the degree to which the user expects the 
target system to be free of efforts. [18] 

b. For legal (policy) aspects, gap analysis is 
conducted by holding focus group discussions 
and asking for expert opinion. Gap analysis is 
undertaken by performing benchmarking 
regulations of the countries that have 
successfully implemented e-government, the 
extent of support from the legal side to support 
the successful implementation of e-government. 

c. For the technical aspects, theory of DeLone and 
McLean Model is used. This model is able to 
explain the quality standards that must be owned 
by a hardware, software, and data system. 
Quality standards are referred to information 
quality, system quality, and service quality. 

3. Results from the gap analysis provide a readiness 
level of the organization (social and technical 
aspect). Furthermore, the readiness level is 
designed as proposed solutions. The proposed 
solution is the result of analysis of e-government 
readiness level, and the analysis of the TRA, TPB, 
and TAM, which produce behavioral intentions 
and behavioral measures in the use of E-
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government. More detail, proposed solutions 
consists of four action that are  new development 
for new solutions, upgrades program for solutions 
that already exist but are not maximized yet, 
deployment program for solutions that have been 
tested and will be used as a pilot model, and 
elimination program to factors that should not be 
necessary. 

4. Expectations with the proposed solution will bring 
positive changes and impacts that will affect the 
use of e-government stakeholder (individuals and 
communities). 

5. Finally, changes in the behavior of the users will 
bring net benefits in the long term, such as 
achievement of the Millennium Development 
Program (MDP). 

V. CONCLUSIONS 
The world survey results indicate that e-

government implementation shows significant results 
both in quality and quantity. The successful 
implementation of e-government applications not only 
depends on the side of information technology, but 
also on user behavior that becomes the deciding factor 
of how big the impact and benefits posed by the 
existence of the e-government. 

The continuation of this paper is the development 
of the questionnaires to each of the seven attributes 
mentioned above, adjusted for the application to be 
examined based on the characteristics of the 
application and then to be disseminated to the users of 
e-Government application in an area. The focus of the 
e-Government users may be divided into three parties, 
i.e., developers, administrators (operators) and end-
users (community). After the questionnaire results are 
obtained, they can be used as information which 
represents the level of readiness of the institutions and 
people. Based on the results of these questionnaires, 
decision makers can make the program priorities to 
overcome the problems in every aspect, so it can 
make the successful implementation of e-
Government.  
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Abstract— Science and Technology (S&T) 

development as an integral part of the national 

innovation system and competitiveness 

enhancement need coherent (aligned and 

coordinated) policies. Formally, there are 

regulations related to the S&T development in 

Indonesia, namely Law No. 18/2002, Midterm 

Development Plan, Strategic Policy on S&T, and 

S&T Vision. In order to achieve the common goals 

of enhancing the S&T development, those policies, 

certainly must complement each other. This paper 

tries to analyze the coherence level among those 

policy documents. In addition, this paper also 

illustrates some methodological tools to define and 

measure policy coherence, namely the content 

analysis. This approach of analysis, despite its 

limitation, could help identifying the specific policy 

areas where more can be done and extra efforts 

need to be directed. 

I. INTRODUCTION 

EVELOPMENT of science and technology is a 

source of innovation climate that forms the 

foundation for the growth of creative human resources 

(HR), which in turn can become a source of economic 

growth and competitiveness. In addition, science and 

technology determines the level of effectiveness and 

efficiency of resource transformation process into a 

new, more valuable resource. Therefore, the 

development of science and technology as an 

important part in the innovation system and improving 

competitiveness requires a coherent policy (consistent 

and coordinated with each other). Science and 

technology policy coherence is needed to (1) reduce 

the level of duplication, (2) reduce the fragmentation 

of initiatives, (3) reduce the burden on parties who 

have limited resources, and (4) collect resources more 

efficiently in order to achieve common goals 

(Duraiappah and Bhardwaj, 2005). 

In term of formal legislation, there are several 

regulations in Indonesia that supports the development 

of science and technology, namely the Law No 18 of 

 
 

2002 regarding the National System of Research, 

Development and Application of Science and 

Technology (Sisnas P3Iptek), Act No 25 of 2004 

concerning National Development Planning System, 

Presidential Regulation No. 7 year 2005 on RPJM 

(Medium Term Development Plan), particularly book 

ii chapter iv on S&T, Jakstranas Iptek (National 

Strategic Policy on S&T), and S&T Vision. There 

must be coherence among those legislations so that the 

goals of science and technology development, namely 

increasing competitiveness and prosperity, can be 

realized. 

This paper attempts to analyze the level of policy 

coherence in the form of a formal document that 

supports the development of science and technology, 

such as Sisnas P3Iptek, RPJM, Jakstranas and S&T 

Vision. 

 

II. LITERATURE REVIEW 

A. Policy Coherence 

There are several definitions of policy coherence. 

Geerling and Stead (2004) stated that policy coherence 

could be interpreted as a coherence of policy 

formulation, policy coordination, policy integration 

and holistic governance. While the OECD-DAC 

(Development Assistance Committee) defines policy 

coherence as a systemic campaign of the policy of 

mutual supports among department and government 

agencies that create synergies to achieve the goal. 

Taufik (2005) also stated that the coherence of policy 

innovation is basically related to the integration and 

harmonization, mutual complement and strengthening 

especially among economic policy, industry and 

technology, both at national and regional levels, and 

so as not to clash, contradictory and confusing. 

Brissalous (2004) further asserted that the 

integration policy can be achieved vertically (between 

levels) and horizontally (at the same level). Two 

policies are integrated if their goals, objectives, 

procedures and instruments are explicitly interlinked. 

In other words, the policies could be called integrated 
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if their goals have some similar aspects, such as the 

same scope or a similar way in solving the problem. 

Both policies also called integrated if they have the 

same actors that are interrelated both formally and 

informally, and the relationship is collaborative. In 

Addition, those actors must share values, vision and 

common goals. 

Duraiappah and Bhardwaj (2005) had a similar 

conclusion when they found that policy coherence is 

needed to reduce duplication and fragmentation. 

Furthermore, they stressed the need for coherence 

vertically and horizontally, between the instruments 

and institutions, and organizations. Horizontal 

coherence means coherence between policies at each 

level (national, international and local), whereas the 

vertical coherence integrates the instruments, 

institutions and organizations.  

Some other experts also gave a similar category of 

coherence. Geerling and Stead (2004), for example, 

illustrated four types of policy integration (coherence), 

namely: vertical integration, horizontal integration, 

inter-territorial integration (between the nearest 

authority or those who have similar interests), and 

intra-sectoral (inter-section in organization). Hertin 

and Berkhout (2004), also provided four components 

to achieve the integration of policy, namely: the 

sectoral integration, horizontal communication, 

sectoral capacity building and policy learning between 

sectors. 

From several definitions of policy coherence as 

mentioned above, Duraiappah and Bhardwaj (2007) 

noted that there are some similar features, namely: (1) 

integration of objectives without compromising the 

integrity of each objective, (2) integration of 

institution, administration and organization through 

the integration of legal procedures, infrastructure, and 

decision-making across sectors, and (3) integration 

among the actors responsible for policy 

implementation. 

B. Content Analysis 

Content analysis is a method for summarizing any 

form of content by counting various aspects of the 

content. Kimberly A. Neuendorf (2002, p. 10) defined 

the content analysis as a summarizing, quantitative 

analysis of messages that relies on the scientific 

method and it is not limited as to the types of variables 

that may be measured or the context in which the 

messages are created or presented. 

Thus, content analysis is a quantitative method 

which gives the results of numbers and percentages. 

This counting serves two purposes, that is to remove 

much of the subjectivity from summaries and to 

simplify the detection of trends. The content that is 

analysed can be in any form to begin with, but is often 

converted into written words before it is analysed.  

To conduct a content analysis on any such text, the 

text is coded, or broken down, into manageable 

categories on a variety of levels such as word, phrase, 

sentence, or theme, and then examined using one of 

content analysis' basic methods, namely conceptual 

analysis or relational analysis. 

In conceptual analysis, a concept is chosen for 

examination, and the analysis involves quantifying and 

tallying its presence. The focus in this phase is on 

looking at the occurrence of selected terms within a 

text or texts, although the terms may be implicit as 

well as explicit. Conceptual analysis begins with 

identifying research questions and choosing a sample 

or samples. Once chosen, the text must be coded into 

manageable content categories. The process of coding 

is basically one of selective reduction. By reducing the 

text to categories consisting of a word, set of words or 

phrases, the researcher can focus on, and code for, 

specific words or patterns that are indicative of the 

research question. 

Meanwhile, relational analysis, like conceptual 

analysis, begins with the act of identifying concepts 

present in a given text or set of texts. However, 

relational analysis seeks to go beyond presence by 

exploring the relationships between the concepts 

identified. 

The method of content analysis enables the 

researcher to include large amounts of textual 

information and systematically identify its properties, 

such as the frequencies of most used keywords by 

locating the more important structures of its 

communication content. Furthermore, Neuman (2000: 

296-298) mentioned the steps in researching the 

content analysis methods, namely (1) determine the 

unit of analysis (for example, the amount of text 

designated as a code), (2) determine the sampling (3) 

determine the variables, (4) develop coding categories, 

and (5) draw conclusions. 

The assumption in this analysis is that words and 

phrases mentioned most often are those reflecting 

important concerns in every communication. 

Therefore, quantitative content analysis starts with 

word frequencies, space measurements, time counts 

and keyword frequencies. 

III. METHODOLOGY 

The method used in measuring science and 

technology policy coherence in this paper was 

previously developed by Duraiappah and Bhardwaj 

(2007), called the content analysis. In their work, 

Duraiappah and Bhardwaj (2007) measured the policy 

coherence among MEAs (Multilateral Environmental 

Agreements) documents, namely the the Convention 

on Biological Diversity (CBD), The United Nations 

Convention to Combat Desertification (UNCCD), The 

Convention on Wetlands (Ramsar), and the United 

Nations Framework Convention on Climate Change 
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(UNFCCC). 

This method calculates the frequency of a word or 

concept contained in the documents, books or printed 

text. The next phase uses quantitative techniques to 

convert the qualitative information obtained from 

content analysis into the numerical size. Content 

analysis is a research tool to determine the presence of 

certain words or concepts within a text. To analyze the 

content of the text, keywords and concepts must be 

determined first in order to be sought later in the text. 

These searches may require a very long time if done 

manually. Currently, there are several programs that 

can help search and view the sentence in which 

contains those keywords. In this study, the tools used 

are TextSTAT, a freeware that can be used to see how 

many words are referenced in a document.  

In this paper, evaluation is limited to conceptual 

analysis since this analysis is sufficient at this stage as 

it has incorporated the three criteria of policy 

coherence, namely the integration of goals, institutions 

and actors. This content analysis evaluates policy 

coherence and provides some initial observations on 

the degree of policy coherence among S&T 

regulations. 

These are some steps in content analysis conducted 

in this study: 

Step 1. Identifying the subject or topic that will be 

analyzed. In this paper, the subject is the policy 

documents relating to science & technology 

development in Indonesia. 

Step 2. Identifying organizations or actors that play 

a role in implementing organizational goals and the 

main document that outlines goals and policy 

instruments. Furthermore, keywords or concepts in the 

document are selected based on three categories 

(objectives, instruments, and actors). This keyword 

selection is a very important part of the analysis 

process.  

Keywords that represent the document content are 

identified manually. For example, a sentence 

“achievement of institutional strengthening of science 

and technology to improve efficiency and productivity 

of R&D in Indonesia” is represented by keyword 

“institutional strengthening”. Hence, there could be 

bias in the real contents and their corresponding 

keywords.  

For a comparison, automatic keyword extraction is 

also employed to perform co-word analysis between 

two documents. For example, the sentence in the 

previous paragraph will yield “achievement, 

institutional, strengthening, science, etc.” as the 

keywords. Even though this individually extracted 

keyword is less meaningful but it is more objective 

compared to the manually identified one. 

Step 3. Checking keyword referenced in the main 

document. For example, examine the keywords 

identified in Sisnas P3Iptek in the document of 

Development Plan (RPJM), Jakstranas, and S&T 

Vision. This examination was repeated to see if 

keyword in one document is referenced in other 

documents. The number of referrals is then tabulated 

in a matrix, which is called the Coherence Policy 

Matrix (PCM).  

Step 4. Normalizing the number of referrals in the 

PCM so that it has a value between 0 (zero) and 1 

(one). Zero describes no reference at all and one 

shows a full reference. The largest number is used as a 

normalization factor, meaning that the numbers have 

to be divided by the largest numbers. Normalization 

procedure is necessary in order to know the level of 

coherence of a policy, whether it is fully coherent, 

incoherent at all, or in between. It should be noted also 

that using the largest number as criteria of 

normalization factor can make the calculation becomes 

very relative (arbitrary). However, there is no other 

more precise information that can be used as a basis 

for comparison, and using the largest number as a 

normalization factor is the best available criteria.  

Step 5. Calculating the Degree of Policy Coherence 

(DPL). The nature of the PCM matrix is always 

square. The level of policy coherence in this paper is 

calculated using the formula adopted from Duraiappah 

and Bhardwaj (2007),  as shown below: 


i j

ijadpl   and  0 ≤ aij ≤ 1   (1) 

where i and j designate the size of rows and columns. 

The level of full coherence has a value of dpl = 1, 

while no coherence has the dpl = 0. 

IV. EXPERIMENTAL RESULTS 

This paper seeks to calculate the level of coherence 

of policies that support the development of innovation 

systems. Policy documents to analyze are the Law 

18/2002 on Sisnas P3Iptek, RPJM 2010-2014 book ii 

chapter iv (S&T), Jakstranas 2010-2014, and Vision 

S&T 2025. Meanwhile, the actors/institutions that play 

a role include the Ministry of Research and 

Technology, Department of Industry, Research 

Council (DRN  & DRD), and R&D Institutions. 

The main keywords used in each documents 

referenced by other documents can be viewed in the 

appendix. The number of referred keywords are 

tabulated in the matrix PCM (Table 1). The results of 

normalized CPM from the matrix can be seen in Table 

2. Furthermore, calculation of DPL is done by 

normalizing the value of each element, and then 

summing up these values. The total value obtained is 

3.88 (number of columns "total row" in table 2). If all 

the elements were fully coherent, its value would be 12 

(1 multiplied by 12 elements). 

Thus, the level of coherence of innovation policies 
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analyzed are 5.81 or 48.4 percent (5.81 divided by 

12). While the degree of incoherency is 51.6 percent. 

 
TABLE I 

POLICY COHERENCE MATRIX 

 Sisnas RPJM  Jakstr Visi Ipt 

Sisnas X 1591 102 32 

RPJM 2122 X 194 14 

Jakstr 165 186 X 62 

Visi Ipt 42 37 27 X 

 
TABLE 2 

NORMALISATION AND CALCULATION OF DPL (DEGREE OF POLICY 

COHERENCE) 

 Sisnas  RPJM  Jakstr Visi 

Ipt 

Row 

Total 

Rank 

Sisnas 0 0.75 0.48 0.15 1.38 3 

RPJM  1.00 0 0.92 0.07 1.98 1 

Jakstr 0.78 0.88 0 0.29 1.95 2 

Visi-

ipt 

0.20 0.17 0.13 0 0.50 4 

 
Based on the calculations of DPL in Table 2, it can 

be seen that RPJM and Jakstranas have the highest 

level of coherence, while the Science and Technology 

Vision document has the lowest level of coherence. 

The highest coherence is interpreted that these 

materials are the most widely referenced by keywords 

of other documents. 

In addition, the DPL calculated using the co-word 

between documents yield better result, which is 68.3 

percent. The PCM (Policy Coherence Matrix) and its 

DPL (Degree of Policy Coherence) are shown in Table 

3 and Table 4. This fact can be attributed to the fact 

that all the words (excluding the stopwords) are used, 

whereas the previous manually selected keywords are 

those words that are fallen into goals, instrument and 

actors category. 
TABLE 3 

PCM USING CO-WORD 

 Sisnas RPJM  Jakstr Visi Ipt 

Sisnas X 5053 5211 4161 

RPJM 3371 X 4479 3440 

Jakstr 165 186 X 62 

Visi Ipt 42 37 27 X 

 
TABLE 4 

DPL USING CO-WORD 

 Sisnas  RPJM  Jakstr Visi 

Ipt 

Row 

Total 

Rank 

Sisnas 0 0.97 1.00 0.80 2.77 1 

RPJM  0.65 0 0.86 0.66 2.17 3 

Jakstr 0.72 0.87 0 0.71 2.31 2 

Visi-

ipt 

0.27 0.34 0.34 0 0.95 4 

 

However, interpretation of the level of coherence 

that would be inferred with caution, meaning that one 

may need to evaluate the representing keyword of each 

documents. For example Jakstranas is "closer" to the 

 
1 The number of keywords in PRJM (book ii chapter iv) 

referenced by Sisnas P3Iptek. 
2 The number of keywords in Sisnas P3Iptek referenced by 

RPJM (book ii chapter iv). 

Development Plan document because they are  

implementative measures so that their number of 

reference is quite large. It is not surprising either that 

S&T Vision has quite low DPL score since it is more 

of a guidance rather than implementative measure. 

Furthermore, Duraiappah et.al. (2007) did not 

mention the effect of number of words in the main 

document. The document with a lot of  number of 

pages will  more likely to contain a given keyword. 

For comparison, the number of words of each 

document is shown in table below. 

 
TABLE 3 

THE NUMBER OF WORDS IN DOCUMENTS 

Document Word count 

Sisnas P3Iptek 9277 

RPJM (book ii ch. iv) 9378 

Jakstranas 8518 

S&T Vision 3668 

 

From the table above, there could be other reasons 

why the Jakstranas becomes the most coherent 

document. The number of words in that document is 

the largest. In other words, Jakstranas may not be the 

most coherent document when the number of words 

(or the thickness of the pages) is evenly divided across 

the data sample. Similar conclusion can be drawn for 

RPJM and S&T Vision which have a lower coherence 

level because of their smaller number of words 

referred. 

Another calculation is then performed to account 

the number of words in each document, which means 

dividing the “Row Total” in Table 2 by the number of 

words. For example, the “Row Total” for the “Sisnas” 

becomes 1.40 (1.38/(9277/9378)). The documents are 

then ranked as Jakstranas (2.14), RPJM (1.98), Sisnas 

(1.40), and Visi-Iptek (1.28) in descending order. 

Even though this calculation does not alter much about 

the ranks of the documents, but it shows that Visi-

Iptek is not far behind the other documents. 

Lastly, it would have been fruitful to compare this 

calculated numbers with the real opinions of experts 

on the subject area of science and technology.  

However, there has not been a published report on this 

coherence level of these documents, even though 

several experts expressed their concern over the 

coherence of innovation policies (for example, Taufik 

(2005)).  

To make more senses on this calculated DPL, we 

shall see the result of DPL computed by Durraiappah 

and and Bhardwaj (2007) on MEAs (Multilateral 

Environmental Agreements) documents. They found 

out that the policy coherence among MEAs is 48 

percent. Thus, the finding of coherence on S&T 

documents in this paper is about the same (48.4) as 

that of MEAs by using manually selected keywords, 

and a bit better (68.3) by using automatically extracted 

words.  
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V. CONCLUSIONS 

The results presented in this paper shows that the 

level of coherence of some innovation policy is still 

not as expected. In addition, it is realized also that the 

methods used can be seen as minimum criteria to 

determine the degree of coherence. This analysis also 

did not include instruments that could be conflicting 

with each other. In this study, it is assumed that the 

existence of similar goals will have implications for 

the coherence of the final goals. However, with all the 

limitations of the methodology used, this paper is 

expected to help identify problems in science and 

technology development and efforts to overcome 

them.  

For future works, a more comprehensive analysis 

needs to use relational analysis, in addition to 

conceptual analysis, which can record both positive 

and negative impacts. Furthermore, to get more 

comprehensive view of the S&T/innovation policy 

coherence level, the types of document to compare not 

only regulations but also programs and activities 

carried by the leading institutions in innovation. To 

validate the result of this calculation of coherence 

level, it is also very crucial to get the opinion from the 

experts on the field of science and technology. 

 

APPENDIX 

Table A.1 below shows the number of keywords in 

PRJM (book ii chapter iv) referenced in Sisnas 

P3Iptek using manually selected keywords. The 

number of automatically extracted keywords for the 

same documents in shown in Table A.2. 
 

TABLE A.1 

COUNT OF REFERENCED KEYWORDS 

Keywords Count 
Goals  

 penguatan kelembagaan  iptek 22 

 Sumber daya [iptek]3 14 

 Jaringan 20 

 pengembangan, penguasaan, dan 

penerapan  iptek 

62 

 relevansi kegiatan riset 11 

Instruments  

 Penguatan Sistem Inovasi  Nasional 

(SIN) 

0 

 [ketahanan] pangan 3 

 energi [baru dan terbarukan] 0 

 transportasi 0 

 informasi [dan komunikasi] 12 

 pertahanan dan keamanan 0 

 kesehatan, obat 1 

 material maju 0 

 Biologi molekuler, bioteknologi, dan 

kedokteran 

1 

 Ilmu pengetahuan alam 0 

 Ilmu kebumian dan perubahan iklim 0 

 
3 Keywords referenced is “sumberdaya”, assumed to be  

“sumberdaya iptek”. 

Keywords Count 
 Ilmu pengetahuan sosial dan 

kemasyarakatan 

9 

 Litbang ketenaganukliran dan 

pengawasan 

3 

 Litbang penerbangan dan antariksa 1 

Institutions  

 Ristek  

 LIPI, BPPT, BATAN, BAPETEN, 

BAKOS, LAPAN, BSN 

 

Total 159 

 
TABLE A.2 

COUNT OF REFERENCED KEYWORDS OF RPJM IN SISNAS P3IPTEK 

Keywords Count 

 teknologi 271 

 ilmu 242 

 pengetahuan 241 

 ayat 154 

 pemerintah 109 

 lembaga 104 

 pasal 98 

 penelitian 93 

 unsur 91 

 pengembangan 88 

 serta 87 

 negara 63 

 kegiatan 62 

 kelembagaan 61 

 sistem 59 

 dimaksud 59 

 penerapan 58 

 daerah 56 

 nasional 54 

 … 

  

The same pattern is used for other tables, such as 

for the number of keywords in: 

 S&T Jakstranas referenced in Sisnas P3Iptek, 

 S&T Vision referenced in Sisnas P3Iptek, 

 Sisnas P3Iptek referenced in PRJM, 

 S&T Jakstranas referenced in PRJM, 

 S&T Vision  referenced in PRJM, 

 Sisnas P3Iptek referenced in S&T Jakstranas, 

 PRJM referenced in S&T Jakstranas, 

 S&T Vision  referenced in S&T Jakstranas, 

 Sisnas P3Iptek referenced in S&T Vision,   

 PRJM referenced in S&T Vision, and   

 S&T Jakstranas referenced in S&T Vision.   
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Abstract— This paper describes an evaluation of 
redocumentation approaches and tools in software 
maintenance. The evaluation is based on the 
selected knowledge representation criteria to 
access the knowledge base in the redocumentation 
process. This paper also presents the overview of 
the software redocumentation and the main 
components involve in the redocumentation 
process. Consequently, highlight several 
approaches and tools in the context of aiding 
understanding to support the software evolution. 
Finally the evaluation identified some aspects of 
the approaches and tools can be used to document 
the source code for better program understanding. 

I. INTRODUCTION 
oftware redocumentation is one of the approach 
used as aiding for program understanding to 

support the maintenance and evolution. According to 
Elliot, J.C. et. al. “Redocumentation is a creation or 
revision of a semantically equivalent representation 
within the same relative abstraction level”[1]. In other 
words, redocumenting code is a transformation from 
code (and other documents and stakeholder 
knowledge) into new or updated documentation about 
code. It becomes an aid for the recovery and 
recording of software comprehension. Since software 
comprehension is the most expensive part of software 
maintenance, redocumentation is the key to software 
maintainability. The main goals of the software 
redocumentation process are threefold[2]. Firstly, to 
create alternative views of the system so as to enhance 
understanding, for example the generation of a 
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hierarchical data flow[3] or control flow diagram  
from source code. Secondly, to improve current 
documentation. Ideally, such documentation should 
have been produced during the development of the 
system and updated as the system changed. This, 
unfortunately, is not usually the case. Thirdly, to 
generate documentation for a newly modified 
program. This is aimed at facilitating future 
maintenance work on the system – preventive 
maintenance. Therefore, understanding on software 
system by the system maintainer is important for 
software evolution. However, the people involved in 
the software system mostly did not participate in the 
development of the system. The maintainer did not 
have domain knowledge of the software system and 
have an effect on the effectiveness and efficiency of 
the software maintenance. At presents most of the 
solutions is only emphasis the redocumentation on 
source code or design level rather than domain level.  

In this paper, we highlight several approaches and 
tools in the context of aiding program understanding 
for better software maintenance.  The evaluation 
based on the knowledge representation criteria will 
help to identify the quality of knowledge presented by 
the knowledge based in approaches and tools 
specifically. 

The remainder of this paper is organized as 
follows. Section 2 describes the process for software 
redocumentation. It followed by section 3 which 
offers the approaches and tools for redocumentation 
process. Section 4, provides evaluation of these 
current approaches and tools based on a set of criteria 
and finally section 5 concludes this paper. 

II. SOFTWARE REDOCUMENTATION PROCESS 
Basically, the redocumentation process using the 
reverse engineering architecture to produce the 
documentation. The basic model for reverse 
engineering provided by Robert Arnold of the 
Software Productivity Symposium[1]. In addition, the 
model has been restructured to show detail structure 
on knowledge based. Mainly, the redocumentation 
process viewed as a knowledge rescue process[4] as 
shown in Fig. 1. The process consist of 5 main 
components namely software work product, parser, 

An Evaluation of Redocumentation Approaches and 
Tools Using Knowledge Representation Criteria 

N.Sugumaran, S.Ibrahim  
Service Computing Research Group (SECORG), 

Advanced Informatics School (AIS), 
University Technology Malaysia. 

Email: sugumaran@utar.edu.my, suhaimiibrahim@utm.my 

S

ICACSIS 2010 ISSN: 2086-1796

432



 
 

system knowledge base, view composer and software 
documentation.  

 

 
FIG. 1 REDOCUMENTATION PROCESS 

A. Software work product (SWP)  
 SWP can be source code, configuration files, build 

scripts or auxiliary artifacts. Auxiliary artifact can be 
a data gathering, manuals, job control and graphic 
user interface which help to understand the source 
code. The author in [5], explain the approach for 
redocumentation process and emphasis on the 
important of the software work product to produce 
documentation for different type of information.  

B. Parser 
Parser used to extraction necessary information 

from SWP and store into the repository or system 
knowledge base. The important of the parser is to 
return the relevant information such as parser used in 
[6] to produce the documentation. Most of the parser 
used to extract the information from specific language 
source code.  

C. System Knowledge Based  
 According to [7], knowledge based is a collection 

of simple fact and general rules representing some 
universe of discourse. The purpose of this component 
is to store extracted information from the SWP in 
order to describe the context of information. This 
component becomes heart of the system to allow the 
tools accessing the required information. In other 
words, all parts of the model able to access and 
organizes the information from the knowledge based. 
There are researches only focus on the knowledge 
based to make sure the knowledge retrieved support 
the most for program understanding. Knowledge 
based work closely with the knowledge processing to 
analysis the source code. This is important to extract 
needed artifacts documented the various relationships 
implicit in the SWP are recovered and revealed[4]. 
The processed knowledge represented in different 
type of form such as data modeling and procedure or 
function. The basic of knowledge processing applied 
in many reverse engineering tools such as Rigi using 
the RSF file as a repository and present the 
knowledge presentation in procedural [8].   

 
 

D. View Composer  
Knowledge produced from the knowledge based 

used by the composer to search and select the 
knowledge that is not presented explicitly. Generally, 
view composer used as a management tool to identify 
needed component to produce new software work 
product. 

E. Software Documentation  
Finally the processed knowledge presented in 

various form of documenting to the user ( developer, 
maintainer , software engineer or end user) such as 
directed graph, annotation, visualization, metrics or in 
documentation. The software components extracted 
including modules, procedures, classes, subclasses, 
interface, control flow, composition and enslavement 
among the component. The software documentation 
can be categorized into Textual and Graphics. Textual 
documentation ranges from inline style which is 
written in an informally, to personalized views 
dynamically generated from a document database[9]. 
HTML or XML considered as a more flexible form of 
textual documentation which allow to automate the 
indexing and create hyperlink between document 
partitions or sections [10, 11].The least mature type of 
graphical documentation is a static image, which may 
use non-standard representations of software artifacts 
and relationships[12]. The most advanced graphical 
documents are editable by the user, better enabling 
them to create customized representations of the 
subject system. Software visualization technique used 
to present graphical documentation which helps the 
maintainer to understand.  

III. CLASSIFICATION OF REDOCUMENTATION 
APPROACHES  

This section will present recent state-of-art 
approaches and tools that have produced solution for 
redocumentation process. Most of approaches and 
tools developed for reverse engineering generally 
compare to redocumentation process. However, we 
have identified some significant approaches and tools 
which can contribute to the further development of 
quality documentation from redocumentation process. 
The following redocumentation process classified 
based on approaches and tools. 

A. Approaches 
Following are the approaches used in 
redocumentation process to create various type of 
documentation. 

1) XML Based Approach [13]: XML based 
approach is one of the common redocumentation 
approaches used to generate the documentation. It 
contains structured information that extracts the 
content and the meaning of the documentation. XML 
reassemble from HTML to make it more useful for 
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program documentation. By using XML the technical 
writer or software engineer can create their own 
format, such as <CONSTRANT>, 
<TASK>,<FILE>,<VARIABLE> and<FUNCTION>.  
This feature helps to identify the implicit semantic to 
the document. The nature of XML shows the 
information in hierarchical help to understand the 
program more easily. It also validates the data 
captured from the program to make sure the data can 
be exchange between different software systems.The 
researcher in [13], used the XML based to 
redocument the program. In the research, every level 
(inputs, automations specialized process, design 
models and maintenance histories[5]) in the 
redocumentation framework required minor 
techniques and integrated together to produce high 
quality documents[13] .  In the first level, SWP 
captured the data from source code and blended with 
other resources (manual, programmer, and software 
documents) to have more data sources. Following 
that, commercial or specific parser used to extract the 
structure in the extraction process. In the level 2, 
captured structure or data from various SWP merge 
into one repository to facilitate for knowledge 
processing.  One of the important activities in the 
level 2 is to uncovering important information hidden 
in the gathered data[13]. Finally, in the level 3, 
generated documentation can be viewed in both 
textual and graphical representation. The output 
produced can be used back in the next iteration of 
data gathering phase to refine the information 
contained in the repository. 

2)Model Oriented Redocumentation [14]: Model 
Oriented Redocumentation approach used to produce 
models using Model Driven Engineering (MDE) 
technique from existing systems and documentation 
generated based on the models. The main objective of 
the MDE is to raise the abstraction level in program 
specification and increase the automation in program 
development. The MDE concept suited the 
redocumentation process, specifically to produce 
higher level of abstraction in the final documentation. 
Basically, the MDE concept merged with the Model 
Driven Architecture (MDA) in general and fastened 
with the Technological Spaces(TS) [15].  The first 
step is to transform the legacy system into formal 
models. These formal models are written using a 
formal language and transform into TSs. Generated 
TSs stored in repository and produced documentation 
in a uniform way. To support the framework, the tool 
called Maintainer Integration Platform(MIP) 
developed and supported by Wide Spectrum 
Language (WSL) to present high and low level 
abstraction[14]. 

3)Incremental Redocumentation [16]: One of the 
common issues in maintaining the system is to record 
the changes request by customer or user occur in the 

source code. Often, the program comprehension is not 
stored and integrates in a single location which is 
done the programming team. The team having code 
ownership will overwork some of the programmers 
and leaving others unutilized. Incremental 
Redocumentation approach used to rebuild the 
documentation incrementally once changes done by 
the programmer. As a first step, the change request 
will be collected which is normally received from 
customers. Next, the collected change request will be 
analyzed and will be assigned to the programmer to 
implement the change request. The programmer will 
do the changes accordingly and confirm the 
correctness of the system. Finally, using the PAS tool 
the program comprehension achieved during the 
change request implementation is recorded. The PAS 
help to store the information either top-down or 
bottom-up, complete or partial, or also whether 
confirmed or tentative[17]. The advantage of PAS 
using the hypertext in the style of World Wide Web, 
there is no any limit the number of partitions or their 
contents. The main partition is domain partitions 
which is important to understand the application 
domain. 

4) Island Grammar Approach [6]: Grammar 
definition language SDF [18] used as a parser to 
define the island grammar. Basically it will return 
parse tree in Java object which encoded in aterm 
format[19]. The result can be written to a repository 
which can be join, queried and used in the process of 
document generation. The filtering data process 
started during the analyses phase. The output can be 
abstracted in different layer depends on the 
documentation requirement. The author in [6], using 
Cobol system to generate hierarchy associated with 
documentation requirements. On the other hand, 
author in [20], explain in detail the supporting tool for 
island grammar approach called Mangrove. 

5) DocLike Modularized Graph(DMG)[21]: 
According to [22], DocLike Modularized 
Graph(DMG) approach presents the software artifacts  
graphically module by module document like manner 
and visualize the software abstraction. According to 
[22], DMG provides the template to present the 
artifacts extracted as a software design 
documentation. The user able to update basic 
description related to each specific design using 
Description Panel. The Content Panel focus on the 
representation of modules and associated graph is 
displayed accordingly in Graph Panel. Description 
Panel used to describe the associated section 
manually.The DocLike Viewer Prototype Tool system 
can be expressed using the redocumentation 
framework. As an input, they used C source code and 
using the existing parser provided by Rigi. In the later 
section the author going to discuss on this tool in 
details. DocLike Viewer using the existing storage 
provided by Rigi and filters the data by selecting only 
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required information to be visualized in DocLike 
Viewer. 

B. Tools 
Following are the tools developed to redocument the 
source code to generate documentation. 
1)Rigi[23]: Rigi using a reverse engineering approach 
to extract the artifacts from the SWP, organizing them 
into medium level abstractions, and show the output 
graphically[12]. There are three types of methodology 
used in Rigi, which are rigireverse, rigiserver and 
rigiedit[24]. Rigireverse is a parser that support C and 
COBOL language and also parser for Latex used to 
analyze the documentation. [24]. The main function 
of Rigiserver is to store the information extracted 
from the source code in the repository. The rigiedit is 
an interactive, window-oriented graph editor to 
manipulate the program representations. 

In Rigi, the first phase involves parsing the source 
code and storing the extracted artifacts in the 
repository in Rigi Standard Format (RSF) file. There 
are two types of Rigi Standard Format (RSF) files. 
First is an unstructured Rigi Standard Format (RSF) 
file which may contain duplicate tuples. The other is 
structured Rigi Standard Format (RSF) files used for 
displaying graphical architecture. Files contain 
information about the nodes (e.g., functions, 
variables, data structures, etc.) and arcs (e.g., function 
to function calls, or function to the variable calls). 
There is a tool called sortrsf which converts 
unstructured file into structured file. 

Once a C programming input file is being parse by 
the Rigi parser, a RSF file is produce and it is send to 
Rigi editor for further processing. Rigi editor is a 
graph editor which using windows based interface.  It 
is developed using a Tcl scripting language[15]. Rigi 
editor used for architecture display, traverse, and 
modify the graphical model. The second phase 
involves cluster functions into subsystems according 
to rules and principles of software modularity to 
generate multiple views called Simple Hierarchical 
MultiPerspective view[23], layered hierarchies for 
higher level abstractions. Finally the Rigi Editor 
assists the maintainers in understanding, the structure 
of large, integrated, evolving software systems[25]. 
2)Scribble [26]: Scribble focus on generating library 
documentation, user guides and tutorials for PLT 
scheme. It combines all of these threads producing a 
scribble language or tool that spans and integrates 
document categories. Scribble was built using PLT 
Scheme technology, which is builds based on 
academic and also on practical tradition[27]. It is 
suitable to use for tasks related to application 
development, including GUIs, web services and 
supports the creation of new programming languages 
through a rich, expressive syntax system. The features 
in PLT schemes help to develop Scribble system more 
easily and Scribble just an extension of the PLT 
schema. So, the main input and the parser in the 

documentation process is the PLT Scheme itself. 
Central PLanet package repository used to store the 
libraries. The final output produced in HTML form 
which consists of libraries with the guides and 
tutorials. In fundamentals, the basic concept is to 
construct representations of documents using Scheme 
functions and macros. 
3)Haddock Tool for Haskell Documentation[28]: 
Haddock Tool is a tool for generating documentation 
from the source code automatically. Haddock 
primarily focus on generating the library 
documentation from the Haskell source code. 
4)Universal Report [11]: Universal Report is a tool 
used to analysis the source code and documents the 
software system. The main objective of this tool is to 
analyse and generate the structured and well 
formatted document of from various type of 
languages such as C++. Visual Basic, Ada, Cobol, 
Fortran, Java, Assembler,Perl, PHP, Python and many 
others. It using pattern matching algorithm and 
compilation techniques to extract the information 
from the source code and generate the documentation 
in HTML, Latex and plain text files[11]. The HTML 
output have a lot of features includes search the script 
for text over the entire documentation, an online 
commenting and annotating system, a dynamic 
flowchart, routine call graph,  screenshots from form 
files , detailed analysis and dynamic compositition of 
each routine. In addition, the Universal Report also 
can read the database files and generate the detailed 
report of the structure and elements such as table, 
fields and reports. However, the featured in Universal 
Report tool emphasis redocumentation of source code 
in the implementation level only. It doesn’t focus on 
higher abstraction level such as design or 
specification level. 

IV. COMPARATIVE EVALUATION 
This section provides comparative evaluation based 
on knowledge representation criteria. The main 
objective using knowledge representation criteria is to 
identify the program comprehension level provide by 
each of the software redocumentation approaches and 
tools highlighted in this paper. The number of criteria 
used to access namely effectiveness, explicitness, 
accessibility and understandability.  

1) Effectiveness (C1): Knowledge can be 
presented according to different type of users or 
different type of projects. In other words, user able to 
search and choose the information needed. As 
example, the presentation able to view from different 
group of users such as developer, maintainer, 
software engineer and customer or different projects 
such as procedural or object-oriented development. 

2) Explicitness (C2): The representation schema 
able to show more detailed description related to 
knowledge selected. As example, if the representation 
schema shows the classes, the user able to view in 
detail its properties, implementation and the 
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subclasses. The main reason for having this criteria is 
to able the user identify the risk if do any changes in 
the system. 

3) Accessibility (C3): Able to perform in different 
environment and can be accessible through electronic 
and print out copies. These criteria appropriate for the 
tools used for redocumentation. As example, object 
oriented can be shown in different application such as 
in HTML or specific software (Rational Rose or 
Visio). 

4) Understandability (C4): Able to understand the 
representation schema. In other words, the main 
purpose of these criteria is to make sure that the user 
understands the output of the presentation. As 
example, the representation schema able to describe 
the functions produced. 

Based on the evaluation criteria above, the 
approaches and tools have been evaluated. The 
evaluation results show in Table I for approaches and 
Table II for tools. 

Overall the evaluation for model oriented approach 
shows better and other approaches and tools results 
need to be improved to increase the knowledge level 
or understanding of the software documentation 
produce. Rigi and Universal tool shows better 
representation of the schema but other criteria need to 
be improved. The evaluation for the tools shows that 
the solutions more emphasis on low level abstraction 
(source code and low level design). It will be useful 
for the programmers or developers of the system but 
not as overall people involve in the process of the 
system development. As a conclusion, the model 
oriented able to extract the domain knowledge in 
higher level of granularity compare to others. This is 
important for the maintainer to understand the 
semantic relationships among the component from the 
real world domain point of view especially if the 
maintainer is the new member in the program domain.            

V. CONCLUSION 
This paper described an evaluation of the 
redocumentation approaches using knowledge 
representation criteria. The main issues need to be 
addressed here is to present the domain component 
presentation and describe the relevant concept to 
establish the semantic relationship among the 
component. This will assist the maintainer to find the 
relevant information within a reasonable time frame 
by querying the knowledge base. Subsequently, the 
software documentation produced from 
redocumentation process improves the quality of the 
documentation to support the program comprehension 
in software maintenance. The benefits not only realize 
by the maintainer but also other personnel such as 
programmer, software engineer and technical 
manager to use the generated documentation as a 
communication tool. 

VI. FUTURE WORK 
The work described in this paper is a part of the initial 
requirements gathering phase that focuses on 
constructing framework to present the knowledge 
from the source code through the redocumentation 
process in higher level compare to existing approach 
as discuss in previous sections. The knowledge 
presented must able to share the conceptualization of 
a domain of interest. The maintainer should able 
query the semantic relationships among the 
components and help to take decision more efficiently 
during the maintenance of the software system. The 
next step is to perform additional studies on the 
redocumentation process to produce the standard 
documentation from the source code. Finally, this 
work represents one small step towards identifying 
the better approach on presenting the domain 
knowledge in the software maintenance. 

TABLE I 
AN EVALUATION OF REDOCUMENTATION APPROACHES USING 

KNOWLEDGE REPRESENTATION CRITERIA 
 

Approaches C1 C2 C3 C4 

XML Based 
Approach 3 2 3 2 

 
Model 
Oriented 

 
3 

 
2 

 
3 

 
3 

 
Incremental 

 
1 

 
2 

 
2 

 
2 

Island 
Grammer 

 
1 

 
2 

 
2 

 
1 

DocLike 
Modularized 
Graph

 
2 

 
2 

 
2 

 
2 

 
1: Criteria applied but inadequate; 2: Criteria applied but can be 
improved; 3: Satisfactory 

TABLE II 
AN EVALUATION OF REDOCUMENTATION TOOLS USING KNOWLEDGE 

REPRESENTATION CRITERIA 
 

Tools C1 C2 C3 C4 

Rigi 2 3 1 2 

 
Haddock Tool 

 
2 

 
1 

 
3 

 
2 

 
Scribble Tool 

 
1 

 
1 

 
3 

 
1 

 
Universal Tool 

 
2 

 
3 

 
3 

 
2 

 
1: Criteria applied but inadequate; 2: Criteria applied but can be 
improved; 3: Satisfactory 
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Abstract—Glucose monitoring devices for 
disposable, inexpensive, reliable biosensors are 
particularly required for diagnosis cardiovascular 
disease and medical treatment. The majorities of 
sensors are based on electrochemical principles 
and employ enzymes as biological components for 
molecular recognition. Amperometric biosensors 
enable rapid analyses with a minimum sample 
pretreatment. Screen printing or thick film 
technology represents an attractive approach for 
the mass production of miniaturized 
electrochemical biosensors for biomedical, 
environmental and drug industries. This paper 
describes the use of thick film technology in the 
design and fabrication of glucose biosensors. The 
electrode itself consists of a silver silver chloride 
(Ag|AgCl) reference electrode, a working electrode 
and a counter electrode in a planar configuration. 
It was fabricated using thick film technology. The 
glucoce oxidase enzyme has been immobilized by 
cross linking method using graphite film. 
Characterization of the sensor has been evaluated 
and it is shown that the current output increase 
relate to 0.1; 0.2; 0.3 and 0.4 M of glucose buffer. 

I. INTRODUCTION 
A glucose test is one of many tests performed in a 

clinical laboratory. Accurate measurement of glucose 
level in blood has long been recognized as an 
important clinical test for diagnosing cardiovascular 
disease and many patients are now widely using the 
disposable-type screen-printed glucose strips for self-
monitoring their blood glucose levels. The limiting 
step for commercialization of biosensor is mainly due 
to the preparation of the transducer and to the 
immobilization procedures of the biomediator, which 
don’t fit, in the most of the cases, with mass 
production and manufacturing costs. Screen printing 
was chosen as one of the most promising technology 
which allows biosensor to be largely on the market 
[1]. 

The basic concept of a glucose sensor based on 
enzyme is refer to the glucose sensor was first 
introduced by Clark & Lyon in 1962 [2]. Since the 
pioneer work, reasonable research effort has been 

devoted to the development of glucose sensors by a 
number of research groups worldwide. Today, 
glucose and glucose sensor research is a relative 
mature and well-worked research field. The majorities 
of sensors are based on electrochemical principles and 
employ enzymes as biological components for 
molecular recognition. 

The aim of this paper is to describe the design 
and fabrication of amperometric glucose sensor using 
thick film technology. The glucose electrode itself 
consists of a silver silver chloride (Ag|AgCl) 
reference electrode, a working electrode and a counter 
electrode in a planar configuration. The enzyme 
glucose oxid (GOD) was used and deposited using 
crosslinking method on the top of graphite film. 

A glucose test is one of many tests performed in a 
clinical laboratory. The concept of a glucose sensor 
was first introduced by Clark & Lyons in 1962 [1]. In 
their article dealing with continuous monitoring of 
blood chemistry, they suggested that a thin layer of 
soluble enzyme might be retained at the surface of an 
oxygen electrode using a dialysis membrane. Glucose 
and oxygen would diffuse into the enzyme layer from 
the sample site and the consequent depletion of 
oxygen would provide a measurement of the glucose 
concentration. Since this pioneer work in the 1960s, 
reasonable research effort has been devoted to the 
development of glucose sensors by a number of 
process for fabrication of the electrode is also 
explained.  

Starting from publication of Clark and Lyons 
in 1962, the amperometric biosensors became one of 
the popular and perspective trends in biosensor. The 
amperometric biosensors measure the changes of the 
current of indicator electrode by direct 
electrochemically oxidations or reduction of the 
products of the biochemical reaction [2]. In 
amperometric biosensors the potential at the electrode 
is held constant while the current is measured.  A 
simple circuit involves a two-electrode configuration 
although more precise control of the applied potential 
can be achieved by using a potentiostat and a three-
electrode research groups worldwide. Today, glucose 
sensor research is a relative mature and well worked 
research field. The majorities of sensors are based on 
electrochemical principles and employ enzymes as 
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biological components for molecular recognition. 
Several new techniques for glucose sensing have been 
developed in clinical practice as well as in 
biotechnology and the food industry. Glucose sensors 
can be broadly classified in three main categories 
depending on the number of applications under 
investigation: (1). The first and by far the largest 
category consist of the enzyme-based needle-type 
electrochemical glucose sensors. The detection 
principle of these sensors is based on the monitoring 
of the enzyme-catalyzed oxidation of glucose. The 
category includes glucose sensors using amperometric 
or potentiometric operating principles (hydrogen-
peroxide electrode based, oxygen-electrode based, 
mediator-based and potentiometric-electrode based). 
(2). The second category consists of glucose sensors 
based on the direct electro-oxidation of glucose on 
noble metal electrodes (electrocatalytic glucose 
sensors). (3). The third category consists of glucose 
sensors based on a number of different detection or 
glucose extraction techniques. This category includes 
affinity-based glucose sensors, coated wire glucose 
electrodes, reverse ionophoresis based glucose 
sensors, suction effusion fluid based glucose sensors 
and microdialysis based glucose sensors. 

The objective of this present research is to design 
and fabricate glucose sensor using enzyme based 
amperometric sensor on glass substrate. The aim of 
this paper is to describe the design and fabrication of 
amperometric glucose sensor. The fabrication of the 
silver-silver chloride reference electrode is presented 
and the microfabrication configuration as shown in 
figure 1. To the working electrode (cathode, negative) 
is applied a potential which is constant relative to the 
reference electrode, which itself serves as a reference 
potential. As this potential is applied, the current 
between the working electrode and counter electrode 
is monitored. If there is no electroactive substance in 
the electrolyte solution then no current occur 
(essentially). Cottrell equation indicates in the 
presence of an electroactive substance a current 
ensues. The magnitude of the current is directly 
proportional to the concentration of that electroactive 
substance if all else, such area, diffusion coefficient 
and the underlying assumptions in deriving the 
equation, remain constant. The amperometric 
biosensors are known to be reliable, less critically 
dependent of an accurate reference electrode, 
typically inexpensive and highly sensitive for 
environment, clinical and industrial purposes [3]. 

 

Fig. 1. Electrode configuration (a) two electrode (b) three 
electrode. 

 

 
 
Where,  i   = current (A), D = Diffusion Coefficient, 
A = Area, C = Analyte concentration, n  = number of 
electrons involved in the electrode reaction, F = 
Faraday’s constant (96485 C/mol). 

A reference electrode is used in measuring the 
working electrode potential of an electrochemical cell 
[4]. The precision and accuracy of the measurement 
depend strongly on the effective performance of the 
reference electrode, which affects the results through 
fluctuations in its own potential and through the 
liquid-junction potential at the interface with the test 
solution. Therefore, a reference electrode should have 
a stable electrochemical potential as long as no 
current flows through it. The purpose of the reference 
electrode is to complete the measuring circuit and 
provide a stable and reproducible potential against 
which the indicator electrode is compared [5]. The 
contact is made through a liquid junction that allows 
the reference electrolyte to contact the sample. The 
silver-silver chloride electrode is the most common 
due to its ease of manufacture or simple, inexpensive, 
non-toxic, very stable and superior temperature range, 
actually usable even above 130oC. The electrode is a 
silver wire that is coated with a thin layer of silver 
chloride either by electroplating or by dipping the 
wire in molten silver chloride. In an amperometric 
enzyme electrode the function of the enzyme is to 
generate (or to consume) an electroactive species in a 
stoichiometric relationship with its substrate or target 
analytes. Amperometric biosensors are typically 
inexpensive and less critically dependent of an 
accurate reference electrode [6]. The amperometric 

ICACSIS 2010 ISSN: 2086-1796

439



 
 

biosensor allows the electrochemical reaction 
(oxidation or reduction) to proceed at the electrode 
surface, giving rise to a current. Amperometric 
biosensors operate at a fixed potential with respect to 
a reference electrode and the current generated by the 
oxidation or reduction of the substrate at the surface 
of the working electrode is measured.  This current is 
directly related to the bulk substrate concentration. It 
is important that electron transfer between the 
biological molecules and electrode material be 
facilitated. The design of amperometric biosensors 
involves several strategies. These can be divided into 
two main groups: those, which require a soluble 
enzyme and those where the enzyme is immobilized 
at the electrode surface [7]. The enzyme layer can be 
sandwiched between two permeable membranes. A 
layer-by-layer deposition technique may be used to 
optimize enzyme loading in bi-enzyme systems [8]. 
An outer cellophane, polycarbonate, or cellulose 
acetate membrane served to exclude larger molecules 
or molecules like ascorbate. The most common 
enzymes used in monoenzymatic systems are 
oxidases, which catalyze the model oxidation eraction 
Oxidases are usually flavoproteins that use O2, the 
natural electron acceptor, to regenerate the reduced 
enzyme during the reaction. New systems have 
recently been developed in which a chemical mediator 
replaces oxygen. Among them, ferrocene-ferricinium 
ion couples or derivatives are the most frequently 
employed [8, 9]. Glucose oxidase is widely used for 
the determination of glucose in body fluids and in 
removing residual glucose and oxygen from 
beverages and foodstuffs.  Furthermore, Glucose 
oxidase-producing moulds such as aspergillus and 
penicillum species are used for the biological 
production of gluconic acid. 

II. EXPERIMENT 

A. Materials and Reagents 
The sources of materials and reagents used in this 

experiment were as follows: glucose oxidase (GOD) 
Aldrich Grade; Glutardialdehyd (Merck); Phospate 
Buffer Saline (PBS) (Merck); Graphite Nanopowder 
(Merck); Carbon Paste (BQ242); Silver|Silver 
Chloride (5874) from Dupont and silver paste (H-
4567) from Shoei Chemical Research Laboratory 
(Tokyo, Japan); insulator paste was from ESL, USA); 
All aqueous solutions were prepared with deionized 
water (18 M  cm).  

 

B. Design and Fabrication of Amperometric 
Glucose Sensor  
Design and construction technology and materials 

science are intimately linked in biosensor 

development. Sensor design, including materials, size 
shape and methods of construction, are largely 
dependent upon the principle of operation of the 
transducer, the parameters to be detected and the 
working environment [3,4]. Materials used in 
electrochemical biosensors are classified as (a). 
Materials for the electrode and supporting substrate, 
(b) materials for the immobilization of biological 
recognition elements, (c) materials for the fabrication 
of the outer membrane and (d) biological elements, 
such as enzymes, antibodies, antigens, mediators, and 
cofactors [5]. 

In amperometric electrochemical processes are 
generally complex and may be considered a 
succession of electron transfers and chemical events. 
Amperometric biosensors function by the production 
of a current when a potential is applied between two 
electrodes. The overall sensor current is thus 
dependent on many factors; including charge transfer, 
adsorption, chemical kinetics, diffusion, convection, 
and substrate mass transport [6,7]. 

The understanding of the kinetic peculiarities of the 
biosensors is of crucial importance for their design. 
One of the most critical characteristics of biosensors 
is their stability. The operational stability of a 
biosensor response may vary considerably depending 
on geometry and method of sensor preparation, a 
transducer use and some other some other parameters 
[5]. Furthermore it is strongly depend on the response 
rate-limiting factor, i.e. substrate diffusion and 
enzymatic reaction rate [6]. 

In this research, the prototype of the glucose sensor 
to be constructed is shown in figure 3. The glucose 
sensor is use as disposable sensor strips and the 
dimension of glucose sensor using thick film 
technology is 5.6 mm width and 30.2 mm length. The 
sizes of each electrode are 1 mm. The reference, 
counter and working electrode were fabricated by 
means of standard thick-film technique using Ag 
paste. Ag|AgCl reference electrode was obtained by 
printing Ag|AgCl paste on the surface of Ag 
conductor, and graphite/carbon paste has been printed 
on the top of Ag working electrode. 

 

 
Fig. 2.  Step process of thick film technology 
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(a) 

 (b) 
Fig. 3. (a) Design layout of sensor; (b) The prototype of 

glucose sensor 

 
The structure of glucose sensor has shown in figure 

4. 

 
(b) 

Fig. 4.  Structure of glucose sensor electrodes 

 
C. Enzyme Immobilization 

Glucose oxidase (GOD) enzyme was 
immobilized in carbon film which is printed on 
the top of Ag working electrode by crosslinking 
method. The ChOx enzyme was deposited 
manually in graphite film, and then treated it by 
glutardialdehyde vapour (figure 5). Finally store 
the glucose electrode in coolbox or freezer to 
maintain glucose oxidase enzyme active. 

 
Fig. 5. GOD enzyme deposition process  

D. Measurements 
The glucose sensor prototype was connected to a 

potentiostat throughout a wire connector. All 
electrochemical measurements were performed in the 
three-electrode mode. For biosensors testing the 
applied WE potential was set to +1000mV versus the 
Ag/AgCl RE. After their background currents 
stabilized, their steady-state current values were 
measured when glucose standard solution was added 
to the phosphate buffer solution. The setup 
measurement of glucose sensor has shown in figure 6. 

 
Fig. 6.  Setup measurement of glucose sensor 

III. RESULT AND DISCUSSION 
In premilinary test, the sensor response to glucose 

has been carried out. Figure 7 shows the glucose 
amperometric sensor response to different 
concentration of glucose. There are three different 
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Glucose sensor fabrication:
(Electrodes, Immobilization of 

enzyme and membrane)

Electrode layout design and 
manufacture of screen

Glucose Sensor Prototype

Characterization and Development 
of Glucose Sensor

Implementation of signal 
processing circuit

Design schematic circuit

Glucose Sensor Specifications

Study literature

Glucose concentration detection 
system

Product Testing

concentrations of glucose standard solution have been 
applied in the premilinary test (50, 100, 200 mg/dL). 
The sensor exhibited that the current increase 
according to the rise of glucose concentration. 
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Fig. 7  (a) and (b). Sensor response curve obtained by 
amperometric measurement 

 

IV. CONCLUSIONS 
The limiting step for commercialization of 

biosensor is mainly due to the preparation of the 
transducer and to the immobilization procedures of 
the biomediator, which don’t fit, in the most of the 
cases, with mass production. Screen printing or thick 
film process was chosen as one of the most promising 
technology which allows biosensors to be largely on 
the market. Thick film technology is suitable for 
application where extreme miniaturisation is not 
necessary. It is especially suited for disposable sensor 
application. In this research, the development of a 
disposable glucose biosensor has been fabricated 
using thick film technology and evaluated by standard 
glucose solution. The sensitivity of the sensor system 
has been evaluated. It showed good response to 
glucose in the range 50 to 200 mg/dL. The biosensor 
developed initially to determine glucose 
concentrations in aqueous solutions, with later 
application to others analytes. The effects of  

Fig 8. Flow Chart Glucose Sensors 
 

interference ion such as ascorbic acid, uric acid and 

asetaminophen will be conducted further. 
In this present research glucose sensor using 

enzyme-based amperometric sensor was designed and 
fabricated. Microfabrication technology was used to 
fabricate the electrode. The biosensor developed 
initially to determine glucose in aqueous solutions, 
with later application to others analytes. The glucose 
electrode itself consists of a silver silver chloride 
reference electrode, a working electrode and a counter 
electrode. The intention during this research was to 
develop a miniature reference electrode that was fully 
integrated with the working and counter electrode. 
However, since silver coating cannot be made in 
PIDC – Hsinchu Taiwan and silver wire (with purity 
99.99%) is not available also, copper wire silver paste 
coated was used but with unknown purity. This raises 
question on the integrity of the results. From 
preliminary test the output potential and noises are 
observed at random times. The potential variation of 
the two reference electrodes is less then 1 mV. 
Temperature of the setup during the experiment was 
not taken into account. Due to limitation of time the 
glucose sensor developed cannot be completed. The 
enzyme coating and the performance or response rate 
of the glucose sensor cannot be done during this time. 
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