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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 System 2009 (ICACSIS 2009), we would like to extend
our warm welcome to all of the participants and speakers, in particular, we would like to
express our sincere gratitude to those who give plenary speeches.
This conference is organized by Faculty of Computer Science - Universitas Indonesia. This
conference is intended to be a first step toward an Asian-Europe conference on Computer
Science and Information System. We believe that this International Conference will give
opportunities for sharing or exchanging original research ideas and opinions amongst
members of Indonesian research communities, together with researchers from Japan,
Germany, Singapore, and Malaysia.
This conference focuses on the development of computer science and information systems.
Along with 5 plenary talks, the proceeding contains 75 papers that are presented during the
conference. This ICACSIS 2009 conference receives a total of 100 submissions from nine
different countries. Among those paper submissions, 75 papers are accepted in the conference
program.
We hope that all participants enjoy the program and gain inspiration for future research. We
would like to take this opportunity to express our sincere appreciation to the members of the
Program Committees for the careful review of the submitted papers, as well as the
Organizing Committees for devoting their time and energy in making the program fruitful
and for editing the proceeding. We would also like to appreciate the authors who have
submitted excellent papers for this conference. Last but not least, we would like to extend our
gratitude to Minister of Education and Minister of Communication and Information
Technology - Republic of Indonesia for their continuous supports, to Rector and Dean of
Computer Science Faculty of the Universitas Indonesia for their supports for the ICACSIS
2009 conference.

Mirna Adriani

R. Yugo K. Isal

Welcome Message from
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 Auditorium of the Centre for Japanese Studies,
Universitas Indonesia on the occasion of the International Conference on
Advanced Computer Science and Information Systems (ICACSIS) 2009.
I believe that ICASIS 2009 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 create a collaboration between
universities, research institutions, and companies for 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 two days, some fruitful collaborations can be established.
I would like to express my sincere gratitude to the distinguished plenary 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 Depok,
Indonesia.
Sincerely,
Professor Dr. T. Basaruddin
Dean

Welcome Message from
Rector of the Universitas Indonesia

Ladies and Gentlemen, participants and guests of the International
Conference on Advanced Computer Science and Information Systems 2009
(ICACSIS 2009), Good Day, Assalamu’alaikum Wr. Wb.
Ladies and gentlemen, let me first express my gratitude toward our honorary
chairs, Mr. Mohammad Nuh and Mr. Tifatul Sembiring, and to our honored
speakers from abroad, who have spared their valuable time to make important contributions
to this conference. I also give my best regards to our partners who, by their important
cooperation, have made this conference possible. And, also, to all of our distinguished
participants who make it here to participate, over the next two days, in academic discussions
on advanced computer science and information systems.
In today’s information age, it seems that there is no longer an aspect of life that is unaffected
by the advances of information and communication technology, or ICT. For example,
metropolitan cities such as Jakarta face problems of huge scope that can be supported by ICT,
such as provision of adequate goods & services, including e-Learning, e-Health, intelligent
transport management, as well as facilitating social communication. The Universitas
Indonesia recognizes that ICT has a huge role to play in addressing these issues and is
committed to conducting cutting-edge research on how ICT can further solve these problems.
A holistic approach is required – one that involves (i) pushing the theoretical and scientific
frontiers of computer science, and (ii) implementing practical and applied approaches to
information systems that can help society and various stakeholders. I welcome this ICACSIS
2009 event as being a meeting point of these two approaches.
In addition, such advances bring pride to the nation—to be avant garde in a progress towards
bringing welfare and freedom to its people. Universitas Indonesia has determined to be avant
garde for the nation’s development. As an institution for higher education, Universitas
Indonesia has put its mind towards becoming a world class Research University. The
distinguished criteria for considering a university to be called a research university is how the
higher education institute could make impact towards society, which by one of the oldest
consensus is measured by the capability of that university to produce scientific knowledge
that elevate people’s lives. And that could never be achieved by blind belief toward a
textbook knowledge, and on the pole, blind skepticism toward the others.
There should be a dialogue, between the nation and its contextual problem, which is done by
continuous research activity. But there should also be dialog between nations, a mutual
process of exchanging ideas which not put any nation as object, but akin to solving a puzzle
that can only be collaboratively completed when each nation brings its own piece of the
puzzle. The Universitas Indonesia, which has been the leading in academic and research
sector in the country, now moves forward to carry the Indonesian flag to play an important
role in international academic dialogue to guide the world to a better future.

Thus, this conference contains two important objectives, as for our interest toward developing
advanced computer science and information systems. First, it is to disseminate the state of the
art of research development on information and communication technology due to its
significant prospect for Indonesia’s future. Secondly, this conference is intended to provide a
media for exchanging ideas and information concerning ICT.
The Universitas Indonesia has a pool of qualified researchers and lecturers who are not only
academics, but also prominent figures who tirelessly explore ICT to be implemented for the
interest of society. I’m convinced that these scholars will bring valuable contributions to this
discipline, and they will bring relevant implementation of their tireless research in this
conference.
Finally, I want to convey my deep appreciation and gratitude to all of our distinguished
participants. I hope this conference will be enlightening for all of us, and I also hope that we
will be able to be continuously fruitful to be the flag carrier of the nation.
Rector of Universitas Indonesia
Prof. Dr. der. soz. Gumilar Rusliwa Somantri
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Steffen Hölldobler
International Center for Computational Logic
Technische Universität Dresden
01062 Dresden, Germany
Email: sh@iccl.tu-dresden.de

Abstract—To understand and to model human reasoning is
a goal that was established already by the Greek philosopher
Aristotle. With computers becoming more and more part of
our daily life and the increased effort to mechanize thought
processes, this goal becomes even more important. Until recently,
a large part of the Cognitive Science community was convinced
that logic is inadequate to model human reasoning. However,
new developments have shown that this holds only for classical
logic, whereas a non-classical, non-monotonic logic based on
logic programs, completion semantics, and semantic fixed point
operators can adequately model many well-documented human
reasoning episodes. Moreover, this logic can be implemented in
a connectionist setting, which opens up the possibility to discuss
questions concerning biological plausibility. In this paper I will
review the state of the art in human reasoning, present the
mentioned non-monotonic approach to model human reasoning
including its connectionist implementation, and discuss open
questions for future research.

I. H UMAN R EASONING AND C LASSICAL L OGIC
Human reasoning has already been studied by the Greek
philosopher Artistotle († 322 BC) and has remained in the focus of many scientific disciplines like Psychology, Philosophy,
Cognitive Science, Artificial Intelligence and Connectionism.
Within these disciplines, however, different main goals are
pursued. For example, in Artificial Intelligence the goal is to
develop systems which behave rationally, researchers in Cognitive Science try to understand the essence of rationality, and
the research in Connectionsm is driven by our understanding
of the brain and nervous systems, both with humans and with
animals. This has led to very different approaches in the past
ranging from experimental, empirical or statistical to normative or logic based approaches. Moreover, in the last decades
the development was so fast, that, while doing research in
one discipline, it was often difficult if not impossible to keep
track on the development in the other areas. I will argue in this
paper that we need to foster the interdisciplinary collaboration
in order to gain a new and better insight into human reasoning,
which in turn will help the various disciplines to improve on
their main goal. I will also argue that the interdisciplinary
collaboration shall be conducted on specific types of tasks.
In this paper I will focus on particular human reasoning
tasks involving conditionals as investigated by Byrne [6]. For
example, consider the following premises: If she has an essay
to write then she will study late in the library. She does not
have an essay to write. The first premise is a conditional,

whose precondition and conclusion shall be represented by
e and l, respectively. If modeled in classical two-valued
propositional logic, the first premise may be represented by
the implication e → l. Together with the second premise
represented by the negative fact ¬e, classical two-valued logic
does not allow to conclude ¬l although humans systematically
do so. Based on this and similar examples a large part of
the Cognitive Science community was convinced that logic is
inadequate for modeling human reasoning or, conversely, that
humans behave illogical.
But what happens if we switch to a non-classical logic?
II. H UMAN R EASONING AND N ON -C LASSICAL L OGIC
In Artifical Intelligence and, in particular, in Computational
Logic non-classical, non-monotonic logics have been developed in the last decades. In such logics, conditionals like the
premise if she has an essay to write then she will study late
in the library may be represented by implications of the form
e ∧ ¬ab → l.1 Such a rule is considered a rule of thumb
or, as discussed in [22], a licence for a further conditional:
If she has an essay to write and nothing abnormal is known
then she will study late in the library. If we additionally learn
that she has an essay to write, which can be represented by
the fact e, then we may conclude that she will study late in
the library as nothing abnormal is known. The latter can be
represented by the negative fact ¬ab which serves as a default.
If we later learn about abnormalities like, for example, the
library not being open, then this will lead to a rejection of
the previously drawn conclusion and, consequently, to a nonmonotonic behavior.
Formally, the semantics of this logic is defined by completion [7]. The completion semantics is based on the idea that
while a programmer has explicitly specified the if-half of a
definition, the only-if-half is implicit and, in order to make it
explicit, must be added. The previous example contains three
definitions: The rule e∧¬ab → l is the if-half of the definition
for l. The fact e can also be written as a rule: > → e, and, thus,
we obtain a definition for e, where > denotes an expression
which is always true. Likewise, the negative fact ¬ab can be
written as ⊥ → ab, where ⊥ denotes an expression which is
1 To avoid parenthesis I assume the following precedence hierarchy among
connectives ¬  {∧, ∨}  {→, ↔}.

always false. In order to add the only-if-halves one only has
to replace each implication sign by the equivalence sign to
obtain the completed definitions e ∧ ¬ab ↔ l, > ↔ e and
⊥ ↔ ab, from which we can conclude l, i.e., she will study
late in the library.
The example first presented in Section I can be represented
similarly by the completed definitions e ∧ ¬ab ↔ l, ⊥ ↔ e
and ⊥ ↔ ab, from which we can conclude ¬l, i.e., she will
not study late in the library. One should observe that this logic
correctly models the experimental data reported in [6].
As another example consider the following premises: If she
has an essay to write then she will study late in the library. She
has an essay to write. If the library stays open then she will
study late in the library. These premises can be represented
by the rules e ∧ ¬ab → l, > → e and o ∧ ¬ab0 → l, where o
represents the precondition that the library stays open and
ab0 is an abnormality predicate different from ab. As argued
in [22], the additional premise gives rise to an abnormality
concerning the first premise: If the liberary is not open, then
ab must hold, which is represented by ¬o → ab. Likewise,
one may argue that she will only study late in the library if
she has a reason to do so. As the only reason mentioned in this
episode is the task to write an essay, we obtain the following
abnormality concerning the third premise ¬e → ab0 . In order
to compute the completion of the definitions we first combine
the two rules with conclusion l into (e ∧ ab) ∨ (o ∧ ab0 ) → l.
Now, if we replace each implication sign by an equivalence
sign we obtain the completed definitions (e∧ab)∨(o∧ab0 ) ↔ l,
> ↔ e, ¬o ↔ ab and ¬e ↔ ab0 . One should observe
that there is no definition for o as there was no rule with
conclusion o. This form of completion has been called weak
completion in [17] and it differs from the usual completion as
defined in [7], which would add the equivalence ⊥ ↔ o. One
should also observe that from the weakly completed definitions
we can neither conclude l nor ¬l and, hence, it is unknown
whether she will study late in the library. This is exactly the
answer usually given by humans (see [6]) and it shows the
need for a third truth value U for unknown or undefined in
human reasoning. Finally, one should observe that had we used
completion as defined in [7] instead of weak completion, then
we can conclude l, i.e., she will study late in the library, an
answer which the majority of people usually rejects.
Now, lets have a look at a more formal definition of the
non-classical logic used here.
III. A L ITTLE L OGIC
A (logic) program is a finite set of rules of the form
Body → A, where A is an atom and Body is a finite,
nonempty conjunction of literals, i.e., atoms or negated atoms,
>, and ⊥. Rules of the form > → A and ⊥ → A are called
positive and negative facts, respectively. In this paper, I restrict
logic programs to propositional ones, although most presented
results extend to first-order programs as well (see [17] for
details).
Let P be a program. Consider the following transformation:

¬F
⊥
⊥
⊥
>
>
>
U
U
U

G
>
⊥
U
>
⊥
U
>
⊥
U

F
>
>
>
⊥
⊥
⊥
U
U
U

F ∧G
>
⊥
U
⊥
⊥
⊥
U
⊥
U

F ∨G
>
>
>
>
⊥
U
>
U
U

F →G
>
⊥
U
>
>
>
>
U
>

F ↔G
>
⊥
U
⊥
>
U
U
U
>

Table I
A TRUTH TABLE FOR THE THREE - VALUED Ł UKASIEWICZ SEMANTICS .

1) All rules with the same conclusion Body1 → A,
. . . , Bodyn → A are replaced by the single expression
Body1 ∨ . . . ∨ Bodyn → A.
2) If an atom A is not the conclusion of any rule then add
⊥ → A.
3) All occurrences of → are replaced by ↔.
The resulting set is called (strong) completion of P (comp(P)).
If step 2) has been omitted then the resulting set is called weak
completion of P (wcomp(P)).
Programs as well as their completion will be interpreted
under the three-valued Łukasiewicz semantics as shown in
Table I [20]. The declarative semantics of a program is
given model-theoretically. We represent interpretations by
pairs I > , I ⊥ , where the set I > contains all atoms which are
mapped to >, the set I ⊥ contains all atoms which are mapped
to ⊥, and I > ∩ I ⊥ = ∅. All atoms which occur neither in I >
nor in I ⊥ are mapped to U. The logical value of formulas can
be derived from Table I as usual. As shown in [11], the set I
of all interpretations together with the subset relation ⊆ forms
a complete semi-lattice.
An interpretation I is said to be a model for a program P iff
it maps each rule occurring in P to >. Likewise, I is said to
be a model for the strong or weak completion of P iff it maps
each formula occurring in the strong or weak completion of P
to >, respectively. As shown in [17] programs as well as their
weak completions admit least models under the Łukasiewicz
semantics. Hence, reasoning with respect to programs and their
weak completions is reasoning with respect to the least model
of these programs and their weak completions, respectively.
Let us consider the following programs, which correspond
to the examples discussed in Sections I and II:
P1
P2
P3

=
=
=

{e ∧ ¬ab → l, ⊥ → e, ⊥ → ab},
{e ∧ ¬ab → l, > → e, ⊥ → ab},
{e ∧ ¬ab → l, > → e, ¬o → ab,
o ∧ ¬ab0 → l, ¬e → ab0 }.

Their weak completions are:
wcomp(P1 ) = {e ∧ ¬ab ↔ l, ⊥ ↔ e, ⊥ ↔ ab},
wcomp(P2 ) = {e ∧ ¬ab ↔ l, > ↔ e, ⊥ ↔ ab},
wcomp(P3 ) = {(e ∧ ¬ab) ∨ (o ∧ ¬ab0 ) ↔ l, > ↔ e,
¬o ↔ ab, ¬e ↔ ab0 }.

Their least models are:
M1
M2
M3

=
=
=

h∅, {e, l, ab}i .
h{e, l}, {ab}i ,
h{e}, {ab0 }i .

Reasoning with respect to the least models shows that the truth
value assigned to l is false in M1 , true in M2 and unknown in
M3 , which corresponds precisely to the results reported in [6].
On the other hand, if we consider the strong completion of P3 ,
comp(P3 )

=

{(e ∧ ¬ab) ∨ (o ∧ ¬ab0 ) ↔ l, > ↔ e,
¬o ↔ ab, ¬e ↔ ab0 , ⊥ ↔ o},

then its least model is
M30

=

h{e, ab}, {o, l, ab0 }i

can be computed by iterating ΦP starting from the empty
interpretation h∅, ∅i (see again e.g. [8]). Moreover, as shown
in [17], the least fixed point of ΦP , lfp(ΦP ), is identical to
the least model of the weak completion of P if we consider
Łukasiewicz semantics.
Returning to the examples from the previous sections we
obtain:
ΦP1 (h∅, ∅i)
ΦP1 (h∅, {e, ab}i)

= h∅, {e, ab}i ,
= h∅, {e, l, ab}i

=

lfp(ΦP1 ),

ΦP2 (h∅, ∅i)
= h{e}, {ab}i ,
ΦP2 (h{e}, {ab}i) = h{e, l}, {ab}i =

lfp(ΦP2 ),

ΦP3 (h∅, ∅i)
ΦP3 (h{e}, ∅i)

= h{e}, ∅i ,
= h{e}, {ab0 }i

= lfp(ΦP3 ).

under which l is mapped to false. In the experiments reported
by Byrne in [6] several people, although not the majority, did
in fact draw this conclusion. The difference between the strong
and weak completion may explain this observation. After
adding the additional negative fact ⊥ → o to program P3 ,
the least model of the completion and the weak completion of
the extended program is M30 .
But how can the least model of the weak completion of a
program be computed?

One should observe that the least fixed point of ΦP is
only obtained, if the iteration of ΦP starts upon the empty
interpretation. What happens if we drop this condition? For
example, consider the program

IV. C OMPUTING L EAST M ODELS

which in turn admits the empty interpretation as least model.
Depending on the initial interpretation the iteration of ΦP4
yields:

In Logic Programming, there is a standard approach to
compute least models based on the seminal work of Apt
and van Emden [3]. Among other results, they specified a
semantic operator associated with (a class of) logic programs2
and showed that the least fixed point of this operator is equal
to the least model of the program under classical two-valued
semantics. The idea was later picked up by Fitting [11],
who specified a semantic operator for the class of programs
considered in this paper, but with a different three-valued
semantics.3 In particular, he showed that the least fixed point of
his operator coincides with the least model of the completion
of a program. The operator, which I will discuss here is a
variation of the Fitting operator and is due to Stenning and
van Lambalgen [22].
Let I be an interpretation, I be the set of all interpretations
and P a program. The operator ΦP : I → I is defined as
follows: ΦP (I) = J > , J ⊥ , where
J > = {A | there exists Body → A ∈ P with I(Body) = >}
and
J ⊥ = {A | there exists Body → A ∈ P and
for all Body → A ∈ P we find I(Body) = ⊥}.
ΦP is monotone on the complete semi-lattice (I, ⊆). Hence,
due to the Knaster-Tarski fixed point theorem it admits a least
fixed point (see e.g. [8]). For finite propositional programs
as considered here ΦP is also continuous. Hence, due to the
Kleene fixed point theorem it admits a least fixed point which
2 So-called
3 Kleene’s

definite programs, where only atoms appear in the body of rules.
strong three-valued semantics with complete equivalence [19].

P4 = {p → q, q → p}.
Its weak completion is
wcomp(P4 ) = {p ↔ q, q ↔ p},

ΦP4 (h∅, ∅i)

=

h∅, ∅i

ΦP4 (h{p, q}, ∅i)
ΦP4 (h∅, {p, q}i)

= h{p, q}, ∅i ,
= h∅, {p, q}i ,

ΦP4 (h{p}, {q}i)
ΦP4 (h{q}, {p}i)

= h{q}, {p}i ,
= h{p}, {q}i ,

ΦP4 (h{p}, ∅i)
ΦP4 (h{q}, ∅i)

=
=

h{q}, ∅i ,
h{p}, ∅i ,

ΦP4 (h∅, {p}i)
ΦP4 (h∅, {q}i)

=
=

h∅, {q}i ,
h∅, {p}i .

= lfp(ΦP4 ),

The first line shows the desired result. In the second and third
line we obtain a fixed point, albeit not the least one. The
remaining lines show infinite loops. On the other hand,
ΦP3 (h{o, l, ab0 }, {e}i = h{e, ab0 }, {l, ab}i ,
ΦP3 (h{e, ab0 }, {l, ab}i) = h{e, l}, {ab0 }i ,
ΦP3 (h{e, l}, {ab0 }i)
= h{e}, {ab0 }i
= lfp(ΦP3 ).
In fact, whatever initial interpretation is selected, the iteration
of ΦP3 will always terminate with least fixed point of ΦP3 .
Under which conditions can such an effect be achieved?
V. C ONTRACTIONAL S EMANTIC O PERATORS
In 1922, Stefan Banach formulated the by now famous
contraction mapping theorem: A contraction mapping f on a
complete metric space has a unique fixed point; the sequence
x, f (x), f (f (x)), . . . converges to this fixed point, where x is
an arbitrary element from the metric space (see e.g. [24]). Let

P be a program. If we could show that ΦP is a contraction on
an appropriate complete metric space, then applying Banach’s
contraction mapping theorem would ensure that there is a
unique fixed point which can be computed by iterating ΦP
starting with an arbitrary initial interpretation. This idea was
first expressed in [12]. One should observe that because
ΦP4 admits several fixed points, it follows from Banach’s
contraction mapping that it is not a contraction. On the other
hand, we suspect ΦP3 to be a contraction. But how does an
appropriate complete metric space look like?
Let P be a program. A level mapping is a mapping l from
the set of atoms to the set of natural numbers. It is extended
to negative atoms by defining l(¬A) = l(A) for each atom
A. P is said to be acyclic if there exists a level mapping l
such that for each rule Body → A occurring in P the level of
each atom or negative atom occurring in Body is less than the
level of A. Now, consider the following distance function dl
between interpretations I and J: If I = J then dl (I, J) = 0;
otherwise dl (I, J) = 21n , where n is the natural number such
that I(A) = J(A) 6= U for all A with l(A) < n and I(A) 6=
J(A) or I(A) = J(A) = U for some A with l(A) = n. As
shown in [21], the metric space (I, dl ) is complete.
As shown in [16], if a program P is acyclic then ΦP is a
contraction. Returning to the programs P1 - P3 and using the
level mapping
l(e) = l(o) = 1, l(ab) = l(ab0 ) = 2, l(l) = 3
it is obvious that these programs are acyclic. Hence, ΦP1 ΦP3 are contractions.
But is the class of acyclic programs the largest class admitting contractional semantic operators? In Logic Programming
and under a different semantics4 often the larger class of socalled acceptable programs5 is considered. It is beyond the
scope of this paper to show that
P5 = {r ∧ q → p, r ∧ p → q}
is acceptable. Unfortunately, ΦP5 admits two fixed points
h∅, ∅i and h∅, {p, q}i, and, thus, is not a contraction.
To sum up, to each program P a semantic operator ΦP
is attached, which is monotonic, continuous and, for acyclic
programs, also contractional. Moreover, human reasoning
episodes can be adequately modeled by firstly computing the
least fixed point of ΦP , which happens to be the least model
of the weak completion of P, and secondly reasoning with
respect to this least fixed point. Can all this be done in a
connectionist or artificial neural network setting?
VI. A C ONNECTIONIST R EALIZATION
Funahashi has shown in [13] that three-layer feed-forward
networks can approximate continuous funtions arbitrarily well.
Because ΦP is continuous for any program P considered
4 Kleene’s
5 See

strong three-valued semantics with complete equivalence [19].
[2] for a formal definition.
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Figure 1. The stable state of the feed-forward core for ΦP1 . Active and
passive units are depicted in grey and white, respectively. The number depicted
in a unit is its threshold. All depicted connections have weight w ∈ R+ ;
connections with weight 0 are not shown. Mutually inhibitory connections
between the units labeled e and ¬e, l and ¬l as well as ab and ¬ab in the
input layer ensure that only one unit of these pairs is active.

in this paper, ΦP can be approximated by three-layer feedforward networks as well. In fact, as I consider only propositional programs, the networks compute ΦP . If the input layer
of such a network is activated by an interpretation I at time t
then at time t + 2 the activation pattern of the output layer
represents ΦP (I). Connecting the output layer to the input
layer, the network iterates ΦP until a stable state is reached.
According to the results presented in Sections IV and V a
stable state is reached if a network is initialized with the empty
interpretation or any interpretation, respectively. Moreover, the
stable state correspond to the least fixpoint of ΦP , which is
the least model of the weak completion of P.
This method was first presented for two-valued propositional programs in [15] and later called the core method [5] for
connectionist model generation using recurrent networks with
feed-forward core. In [18] it is adapted to the three-valued
programs considered in this paper. Rather than describing
this adaptation in detail, Figure 1 shows the three-layer feedforward network called core for ΦP1 . The input as well as the
output layer is used to represent interpretations. For each atom
A each layer contains two threshold units labeled A and ¬A,
respectively. In addition, the input layer contains two more
threshold units labeled > and ⊥. An interpretation I > , I ⊥
is represented by the input and output layer as follows: The
unit labeled A is active (depicted in grey) iff A ∈ I > ; the
unit labeled ¬A is active (depicted in grey) iff A ∈ I ⊥ .
The connections and units between the input and output layer
encode the rules of the program. If recurrent connections with
weight 1 between corresponding units in the output and the
input layer are added, then the stable state shown in Figure 1
is computed in finite time.
One should observe that until now I have assumed that the
input layer of a network is initialized by an interpretation
I > , I ⊥ . Because by definition I > ∩ I ⊥ = ∅, units A> and
A⊥ in the input layer are never activated at the same time for

all atoms A. By construction of the network it is guaranteed,
that for all atoms A the units A> and A⊥ in the input as well
as in the output layer are never activated at the same time
while the network settles down to a stable state. However, if
the network is initialized by an arbitrary activation pattern,
then for all atoms A mutually inhibitory connections must
be added between the A> and A⊥ units in the input and
output layer. Such a situation arises if the network is part
of a larger ensemble, where the input pattern is obtained from
observations in the real world. In such a case it is quite likely,
that the ensemble gathers some information for A> as well as
for A⊥ . The inhibitory connections serve as a winner-take-all
network, where for each pair A> and A⊥ only the unit which
receives the higher initial action remains active, whereas the
other one is de-activated (see [22]).
VII. C ONCLUSIONS
I have shown that typical examples from reasoning with
factual and counterfactual conditionals can be adequately
modeled using a non-classical, non-monotonic logic based on
weak completion under three-valued Łukasiewicz semantics.
Least models can be generated by iterating a semantic operator
until a least fixed point is obtained, which is the least model.
Thereafter, reasoning is performed with respect to this least
model. I have also specified conditions under which the
semantic operator is a contraction and, thus, the least model is
independent of the initial interpretation on which the iteration
of the semantic operator is based. Moreover, I have presented a
connectionist realization based on the core method. This is an
intriguing example of interdisciplinary research ranging from
experimental findings in Cognitive Science via logic based
approaches in Articial Intelligence to artificial neural network
encodings in Connectionism, where the involved disciplines
mutually benefit from each other.
However, the paper concerns only particular tasks and
much more research is required to better understand human
reasoning. To the end, let me discuss some open problems.
VIII. S OME O PEN P ROBLEMS
Łukasiewicz semantics versus Kleene’s strong three-valued
semantics with complete equivalence: The idea to model
human reasoning episodes by non-monotonic logic programs
was first presented in [22] in the context of completion and
Kleene’s strong three-valued semantics with complete equivalence. However, as shown in [17], several technical results
hold only if we consider weak completion and Łukasiewicz
semantics. Is there any evidence, that humans really use
Łukasiewicz semantics? The two semantics differ in the truth
value applied to implications in case both, the precondition
and the conclusion, are unknown. How do humans handle
conditionals where the precondition as well as the conclusion
is unknown?
Completion versus weak completion: As already discussed
in Section III the presented approach adequately models
human reasoning episodes if we use weak completion instead
of completion. On the other hand, a considerable number of

people seem to use completion instead of weak completion.
This raises several questions: Under which conditions do
humans prefer a particular form of completion? Are they
switching among the forms of completions and, if so, under
which conditions are they switching? Can this be modeled in
the connectionist realization?
Abduction: The class of human reasoning episodes considered in this paper is quite limited. In [6] additional episodes
are discussed which can be modeled in the logic programming approach if abduction is considered (see [22]). As
discussed before, [22] develop their results under Kleene’s
strong three-valued semantics with complete equivalence. How
can abduction be added to the appproach presented in this
paper, which is based on the Łukasiewicz semantics? How
can the connectionist realization be extended to incorporate
with abduction? There are some connectionist approaches to
abduction (see e.g. [9], [1]), but they need to be adapted to
the approach presented herein.
Attention: Abduction is usually realized as systematic
search through the space of all possible explanations in order
to find a best or minimal explanation for a given observation.
The systematic search realized by state-of-the-art AI systems
seems to be hardly the way humans solve such problems. Does
attention (see e.g. [23]) play a major role here and, if so,
how can models of attention be incorporated into the existing
approach?
Contraction: In Section V I have discussed the case of
contractional semantic operators, which admit a unique fixed
point and, consequently, reasoning with respect to this fixed
point will always lead to the same conclusions independently
of the given initial information. In the presented case, the
initial information can be regarded as a set of positive or
negative facts. Do humans exhibit a behavior which can be
adequately modeled by such contractional semantic operators
and, if so, under which conditions? Is there evidence of noncontractional semantic operators in human reasoning?
Level Mappings: The problem to find a level mapping such
that a program is acyclic or acceptable is undecidable. Can we
generate appropriate level mappings by studying the behavior
of humans?
Biological plausibility: Are the connectionist networks proposed in Section VI biological plausible? Do humans use a
layered structure to compute the value of semantic operators?
Do humans use recurrent connections to iterate these computations? Do stable states corresponding to fixed points of such
operators exist and, if so, do humans draw conclusions with
respect to these stable states?
Learning: The connectionist networks presented herein are
constructed. A major open question is whether these networks
can be learned. As the cores of the recurrent networks are feedforward networks and the threshold units can be replaced by
sigmoidal ones (see e.g. [10], [4]) the networks can in principle
be trained using standard methods like backpropagation (see
e.g. [14]. However, there is no evidence whatsoever that backpropagation is biologically plausible. The only known form
of learning in biological neural networks is Hebbian learning.

Are there learning methods based on Hebbian learning which
can generate the recurrent connectionist networks used in this
paper?
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Abstract— We human beings are able to listen to
a specific sound even in multiple sound sources are
presented. Binaural hearing is one of major key
for selective listening. In this paper, some extend of
the detailsof frequency domain binaural model
(FDBM) is presented as well as its applications.

II. HEARING ASSISTANCE SYSTEM BASED ON FDBM
Figure 1 shows the block diagram of FDBM for
hearing assistance system including howling
canceler. This model consists of four sub-blocks.

I. INTRODUCTION

B

INAURAL hearing assistance systems have
become popular year by year utilizing the up-todate technologies such as a digital signal processing,
modern high-energy density batteries, and
sophisticated power management. Although those
systems utilize the two microphone inputs in order to
provide directional selectivity based on various types
of binaural hearing models, there are still problems to
be solved, especially on robust howling cancellation.
Various binaural hearing models have been
proposed since 1940's such as a coincidence-based
model by Jeffress[1]. Blauert[2] and his colleagues
were made continuous contribution[3][4] and as the
complete model, Bodden proposed the cocktail party
Processor[5] in 1993. Beside this series of activities,
there are many others related to the binaural model
and some of those are reviewed in the recently
published book edited by DeLiang Wang and Guy J.
Brown[6]. Among those approaches, the frequency
domain binaural model (FDBM) [7] has advantages
of signal segregation based on 2 dimensional
direction, i.e. azimuth and elevation, without heavy
computational load. Also for the application of
hearing aids, the FDBM has very efficient howling
cancellation method based on the maximum of
realistic interaural level differences for each
frequency bin[8].
In this paper a binaural hearing assistance system
is proposed utilizing the frequency domain binaural
model which has a simple but very robust howling
cancellation mechanism. The performance of this
system is evaluated by means of PESQ[9] which takes
into account of human perceptual.

Fig. 1. Block diagram of binaural hearing system.

A. FFT Analysis Sub-Block
Let us assume the input signals, l(n) and r(n),
observed by microphones at ear positions of human
being or a dummy-head are transformed into spectra,
L(k) and R(k), by means of FFT for each input
channel as shown in Fig.1.
B. Sub-Block for Estimating Sound Source
Directions Based on Interaural Phase and Level
Differences
The process of estimation of sound source
direction by means of the FDBM uses the interaural
phase difference (IPD) and the interaural level
difference (ILD). Figure 2 shows an example of IPD
and ILD derived from HRTFs of KEMAR Dummy
Head microphone, which are provided by MIT Media
Laboratory [10]. In low frequency range, ILD is quite
small because the low frequency components are well
diffracted by head, but the IPD changes according to
the direction of sound source in lower frequency
range. On the other hand, in higher frequency range
above 1500 Hz ILD becomes large, and IPD has an
ambiguity of direction due to a wave length againt the
dimension of head, so that ILD takes major part of
directional cues. However, above 3000 Hz, ILD

provides many candidates of sound source
direction due to the complex shape of pinna.

(a) Inter-aural phase difference

(b) Inter-aural level difference
Fig. 2. IPD and ILD at elevation 0 degree of KEMAR dummyhead
HRTF database provided by MIT Media Laboratory.

For lower frequency bands, the sound source
direction of each frequency bin is obtained by IPD.
IPD is calculated through a cross spectrum Clr (k),
defined as
Clr (k) = L(k)R(k)*,
where * the denotes complex conjugate.
IPD, θlr(k), in a frequency bin k is also obtained by
the cross spectrum as
θlr(k) = tan( Im[Clr (k)] / Re [Clr (k)] ).
ILD, ξlr (k), for each frequency bin is obtained as
ξlr (k)=20 log(Clr (k)/ Cll(k))
where Cll(k) represents a power spectrum of signal
l(n), and it is defined as L(k) L(k) *.θlr(k) andξlr (k)
are utilized to determine the sound source direction
by comparing them with IPD map and ILD map,
respectively.
The sound source direction obtained from IPD and
ILD for each frequency bin is combined based on
frequency bin.

C. Howling Canceler Sub-block Embedded in
Segregation Filter
As well known, the howling control for hearing
aids is very important, also it is still under discussion.
Robust howling canceller for FDBM is introduced in
[8]. Basic concept of this howling canceler can be
described as follows.
If we can assume that the howling will not occur
for both of left and right channels at exactly
simultaneous timing, we can say that howling occurs
if ILD is larger than the maximum ILD in the
database. This means that if the howling occurs, the
signal level of the specific frequency bin will exceed
the maximum. Based on the detected information, we
can easily find out the occurrence of howling and also
we can control the howling cancel filter according to
the detected information. Figure 2 shows the
maximum ILD threshold ξmax (k) constructed from
HRTFs of 96 subjects[11], to distinguish whether
howling occurs or not.
Once howling is detected, howling cancel filter
works as illustrated in Fig. 4. Let's assume that a
power spectrum of observed signal is shown in Fig. 4
(a) when the howling occurs. Howling cancel filter is
set as shown in Fig.4 (b) according to the detected
information, and Fig. 4 (c) is the controlled power
spectrum after the howling cancel filter is applied.

Fig. 4. Block diagram of feedback model in simulation.

Fig.5. The prototype of headset for hearing assistance system.

Fig.3. ILD threshold for howling cancellation obtained from 96
HRTFs.

D. Segregation Filter Sub-block
The segregation filter is set based on the estimated

direction in each frequency bin and it applied to both
channel signals in frequency domain. A pair of
segregated signals is obtained by means of inverse
FFT of filtered signals. Note that the binaural
information in the segregated signal is preserved.
III. PERFORMANCE EVALUATION OF THE PROPOSED
HEARING ASSISTANCE SYSTEM
A. Howling Canceler
In order to evaluate performance of the proposed
howling canceler, simulations using a feedback model
represented in Fig. 4. are performed. Simulation is
designed asssuming a prototype hearing assistance
system depicted as Fig. 5. in which the microphone is
attached on the consumer headphone.
The model of feedback path is used to simulate
amplification and signal leakage from the
loudspeaker into the microphone and feedback loop
attenuation α is set to 15 dB. In simulation, the
cancellation algorithm is confirmed using pink noise
with a simulated feedback path designed for every 1
kHz interval between 2 kHz up to 7 kHz.
Figure 6 shows the spectra of signals when the
amplifier gain for the hearing assistance system is set
to 5.8 dB. A frame length of FFT to detect a howling
is set to 32. The spectrum of signal without feedback
is shown in Fig. 6 (a) while Fig. 6 (b) is a spectrum of
left channel signal when howling is occurred, and the
Fig. 6 (c) represents the one after howling
cancellation. As shown in this result, it is confirmed
that the proposed algorithm can control multiple
frequencies simultaneously.

B. Quality of Enhanced Speech Signal
In this subsection, the quality of enhanced speech
signal obtained by hearing assistance system is
examined by means of PESQ. The range of PESQ
score is defined as -0.5 to 4.5 and 4.5 means that the
observed signal is exactly the same as the original
signal. The observed signals at ear position are
generated based on the transfer functions measured by
the microphones of hearing assistance system instead
of ordinary HRTF between the original signals and
the segregated ones for each channel. The target is set
at (0, 0) [degree] in azimuth-elevation coordinate
while the interference is set at (60, 0) [degree]. Male
speech is used as a target signal, and female speech is
used as an interference. The SNR corresponding to
the target of the interference “input SNR” is varied
from -30 to 30 dB.
Figure 7 shows PSEQ score. The abscissa shows
over all SNR defined as the power level ratio of target
signal against interference, labeled as input SNR For
all input SNR condition, PESQ score is improved,
even if input SNR is higher than 20dB. Also like
SNR, PESQ scores of segregated left and right
channels are almost the same while ones of inputs are
different depending on the input SNR.

Fig. 7. Evaluation results at left and right channel signals, when the
target and the interference are male and female speeches, respectively.
(a) Spectrum of input signal to hearing assistance system

(b) Spectrum of left channel input signal under howling condition.

IV. CONCLUSIONS
In this paper, a binaural hearing assistance system
is proposed utilizing the frequency domain binaural
model which has a simple but very robust howling
cancellation mechanism. Also evaluation of the
system performance is performed both for howling
cancellation and segregation quality. Results show the
sufficient performance for howling cancellation,
however, the quality of segregation needs to be
improved.
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Abstract
One of the most fundamental issues in Distributed Autonomous Systems (DAS) is how
globally coordinated behavior can be realized for a given task environment based on
the local interactions among system components that include robots and devices. DAS
is required to exhibit resilience against unknown change of the environment and some
mild system failures. Self-organization is a key principle to deal with such an emergent
adaptive property and structural stability.
In this talk, we overview a general design principle of self-organizing systems, and
applications from abstract model to concrete engineering system will be introduced
including evolutionary graph, traffic signal network, communication timing control for
ad-hoc sensor network, and multi-robot coordination etc.
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Abstract— We present an overview of the
various sampling algorithms of the reservoir
family: algorithm R, algorithm Z, random pairing,
resizing samples, biased sampling, simple window
sampling and chain window sampling. We also
present a novel, effective and efficient, yet
extremely simple algorithm for the sampling of
sliding windows. The algorithm, called ﬁrst in ﬁrst
out window sampling, maintains a near random
sample of a sliding window with just enough
memory to hold the sample. It involves minimal
computation. In order to illustrate the performance
of the various algorithms we present the results of
an empirical comparative evaluation for the case of
sliding windows.
I. INTRODUCTION

S

AMPLING is a utility task used in diverse
applications such as data mining [6, 9, 11], query
processing [2], and sensor data management [4, 10]. It
is rather straightforward to eﬀectively build a random
sample of a ﬁxed dataset. There are many different
algorithms whose efficiency varies and depends on
how data is stored and accessed. It is however less
obvious to incrementally maintain a random sample
when the dataset is updated. This is for instance the
case when dealing with data streams. Reservoir
sampling [12] is a family of algorithms, algorithm R
and algorithm Z, precisely able to do so. A data stream
is an append-only dataset. Therefore a generalization
of the problem considers both insertions and deletions.
The algorithms in [5], random pairing and resizing
samples, cater for such updates. Users may also be
concerned by the freshness of data. They may need to
focus on most recent data or consider that data is
expiring. The algorithm in [1], biased sampling,
allows a bias towards recent data. The algorithms in in
[3], simple window sampling and chain window
sampling, sample from a sliding window. Data outside
the window, older data, expire. We proposed in [8] an
algorithm, first in first out window sampling, or FIFO
window sampling for short, that is biased towards data
in a sliding window and therefore provide an eﬀective
approximation of a sliding window random sampling.

We present in the next section an overview of the
above algorithms. In Section 3, for illustrative
purposes, we present the results of an empirical
comparative evaluation for the case of sliding
windows. Finally, we draw our conclusions in Section
4.
II. SAMPLING ALGORITHMS FOR DATA STREAMS
A. Reservoir Algorithms
A reservoir sampling algorithm incrementally
maintains a random sample of ﬁxed size of an appendonly data set. Reservoir sampling algorithms are not
only useful for dynamic datasets such as data streams
but also allow a one pass progressive sampling of
large static datasets. Reservoir is the name given to the
incrementally maintained sample. The two main
reservoir sampling algorithms are algorithm R and
algorithm Z.
Algorithm R Let us call t the index reﬂecting the
order of arrival of data on the stream. Let us call n the
ﬁxed size of the random sample that we wish to
maintain. Clearly, until t = n all data must enter the
sample (and it is not possible to have a sample of size
n until t = n). At t = n we have a random sample of
size n of the stream; indeed the entire dataset so far is
in the reservoir.
For subsequent t we need to decide whether the
newly arrived data should be put in the sample and, if
so, which data already in the sample it should replace.
It is shown in [12] and reported [7] that if one includes
the tth data with probability n/(t) and randomly
(uniformly) replaces a data from the reservoir, the
reservoir is a random sample of the current dataset.
It might seem counter intuitive that the probability
of being put in the sample is decreasing with time (as t
increases) but this is balanced by the fact that the
probability to be removed from the reservoir increases.
Surprisingly this leads to every data arrived so far
having the same probability to be in the last reservoir
N at t = N). The sample is equi-probable but also
random.
At time t = N the running time of Algorithm R is
O(N) as every data must be processed. The average

number of data that transited in the reservoir is equal
to the following, where Hk denotes the kth harmonic
number:
n
N  , (1)
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Algorithm Z. Algorithm R needs to make a
decision for every single data from the data stream.
Instead, Algorithm Z ([12] and [7]) computes how
many data can be skipped before selecting a new data
for inclusion into the sample.
The number of data to be skipped is represented by
a series of random variables S n t  . To compute S n t 
for a given t , the problem is then to ﬁnd the smallest
S such that U  F  s  . Where U is a uniform
F  s  is the probability
distribution Pr ob S n t   s  . This can be done is in

random variable and

almost constant time. The technique reduces the
number of data to be processed and therefore the
number of calls to a random function.
B. Dealing with Insertions and Deletions
Reservoir algorithms only work for append-only
datasets. In [5], two algorithms, random pairing and
resizing samples are proposed that deal with both
insertions and deletions. Random pairing performs
well when the datasets size are stable, as it is the case
with sliding windows, while resizing samples caters
for grow- ing datasets. We do not summarize here
further details of the resizing samples algorithm.
Random Pairing. As the name suggests, the idea
behind random pairing [5] is to compensate deletions
by insertions (and vice versa). The algorithm
maintains two counters c1 and c 2 , which respectively
record the numbers of uncompensated deletions in the
sample S and outside the sample. If a data is deleted
from S , c1 increases by one. If a data not in S is
deleted, c 2 increases by one. On the other hand, if a
new data is inserted into S and c1 = 0, c1 decreases
by one to indicate that one previous deletion has been
compensated. c 2 changes its value according to
insertions outside S in a similar way. The size of the
sample n is an upper bound since the sample can
shrink when deletions are not compensated.
Initially c1 and c 2 are both set to 0. When a new
data is inserted into R , if c1  c 2  0 , the algorithm
follows reservoir sampling (where t is now the size of
the dataset). Otherwise, when c1  c 2  0 , that is, one
or more previous deletions have not been
compensated, the new data is included in the sample
with probability c1 / c1  c 2  . c1 and c 2 are updated
accordingly.

C. Sliding Windows
In application in which data expire, sampling from
sliding windows is needed. w is the size of the
window.
Simple Algorithm. At ﬁrst the problem of sampling
from a sliding window seems simpler since the size for
the data set is now known. To some extent this is true.
It is possible to statically determine a sample design
and repeat it over tumbling windows. This is the idea
of the simple algorithm [3]. The authors propose to
use reservoir sampling for the ﬁrst window
(until t  w ) and then repeat the sample design by
replacing immediately data in the sample when they
expire. The random pairing algorithm degenerates to
simple window sampling when each deletion is
immediately followed by an insertion (simulating the
sliding window).
Unfortunately, repeating the same sample design
periodically makes it predictable and unsuitable for
certain applications that could be subject to malicious
attacks.
Fig. 1 shows the probability distribution of simple
algorithm over a data stream.

Fig. 1. Probability distribution for simple algorithm. t is the
number of processed data in the stream

Chain-sample Algorithm. The idea of chain
sampling is to maintain chains of replacements for the
data in the sample. This avoids repeating the same
sample design but necessitate more memory.
When the t t h data arrives, it is selected to be the
sample with probability of Min i , w  . If the data is
w
selected, the index of the data that replaces it when it
expires is also calculated. The index is uniformly
chosen from i  1 to i  w . When the data with the
selected index arrives, the algorithm puts it into the
sample and calculates the new replacement index, etc.
Thus, a chain of elements that replace the outdated
data is built by the algorithm.
D. Biased Sampling
Another solution to favor recent data is to sample

with a bias. The resulting samples are not simple
random sample anymore.
Biased Reservoir Sampling Biased reservoir
sampling [1] produces a biased sample by deﬁning a
bias function to ensure that recent data have higher
probability to be selected for the reservoir. The
functions deﬁning the bias associated with the r th
data at the arrival of the t th data  r  t  are as
follows, with λ, the bias parameter between 0 and 1.
f r , t   e   t  r  ,

(2)

When a new data arrives it is added to the reservoir.
The bias function deﬁnes the probability that the new
data replaces an existing data in the reservoir or is
simply added (in which case the reservoir size
increases).
E. FIFO Window Sampling
FIFO window sampling is a bias sampling algorithm
that tries and approximates sliding window random
sampling algorithms. The algorithm does not produce
true random samples of the sliding window and may
contain expired data. However it can be parameterized
to produce almost random samples. It is possibly the
most efficient algorithm as it relies on a simple queue
data structure.
The idea of FIFO sampling is to select the next data
from the stream with a ﬁxed probability p and, if
selected, to insert it into the sample which is managed
as a queue. Namely when a data item is selected for
insertion into the sample the oldest element in the
sample is discarded.
The complete algorithm is given in Algorithm 1.

Fig. 2. Probability distribution for varying p.

III. PERFORMANCE EVALUATION
The experiment that we are presenting here has been
chosen for illustrative purposes among a large number
of experiments that we have conducted and reported
elsewhere (e.g [8]). We chose to report the comparison
of performance of the above algorithms for the
sampling of a sliding window.
We use here a synthetic dataset consisting of
1,000,000 data whose values are natural numbers
between 1 and 10. The distribution of the value is
controlled by a Zipﬁan. The distribution is shuﬄed
every 100,000 data. The sample size is ﬁxed to 1,000
and the window size is 50,000.
We measure the Jensen-Shannon divergence to
quantify the diﬀerence between the distribution of the
data in the window and the distribution of the data in
the sample (how representative the sample is) for the
successive windows and their corresponding samples.
The results are shown as Fig. 3. The most eﬀective
algorithms are the simple window sampling, the chain
sampling as expected but also FIFO window sampling.
This is interesting because FIFO window sampling
does not have a predictable sample design unlike
simple window sampling and requires a ﬁxed amount
of memory unlike chain sampling.

Of course, the main question is to ﬁnd the right
value for p . We ﬁnd empirically and analytically that
p should be taken near n / w . Fig. 2 shows the
probability distributions of FIFO algorithm for
diﬀerent values for p over a data stream.

Fig. 3. The Jensen-Shannon divergence values of successive
samples and sliding windows.

[11] H. Toivonen. Sampling large databases for association rules.
In Proc, pages 134–145. VLDB, Morgan Kaufmann, 1996.
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Transactions on Mathematical Software, 11(1):37–57, March
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Fig. 4. Comparison of FIFO and simple algorithm, 10
datasets of value range from 1 to 10.

IV. CONCLUSION
We have presented a survey of incremental
sampling algorithms for data streams from reservoir
algorithm to sampling over sliding windows on data
streams. The presentation included a novel simple yet
eﬃcient and effective algorithm called FIFO window
sampling.
These algorithms are potential building blocks for
many modern applications. The dynamic nature and
the volume of data are increasing with the
pervasiveness of data collecting devices and data
sources and the ubiquity of Internet access.
Applications compel incremental summarization
techniques such as the sampling algorithms that we
have discussed here.
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Abstract–In robotics the tactile sensation is
important to perform manipulation as well. Since
tactile sensors inevitably keep contact with
object, some problems arise from the contact in
marked contrast to the other sensors such as
non-contact vision and audio sensors. It is very
difficult to realize ideal tactile sensors, if a
breakthrough on material science is not
occurred. In the last one decade, however, tactile
sensors have been progressed with a stratagem of
focusing on limited use instead of general use. As
the result, practical tactile sensors have
appeared gradually. In this paper, after
conventional tactile sensors are summarized to
analyze merits and demerits of conventional
tactile sensors, the author describes advanced
tactile sensors such as new MEMES base tactile
sensors, PVDF tactile sensors, a stick-slip tactile
sensor, a wireless tactile sensor, an advanced
conductive rubber type tactile sensor and image
data base tactile sensors.
I. INTRODUCTION

H

UMAN beings obtain important information from
tactile sensation to manipulate objects. If we
loose tactile sensation of hands, we cannot button our
shirt. From this, we can understand the importance of
tactile sensation. In robotics the tactile sensation is
important to perform manipulation as well. Especially,
in the recent robotic research related to cooperative
working of robots and human beings, the tactile
sensation is required to prevent from accidental
contact between them. Consequently, robotic
researchers have demanded robotic tactile sensors [1][14].
Since tactile sensors inevitably keep contact with
object, some problems arise from the contact in
marked contrast to the other sensors such as noncontact vision and audio sensors. One of the problems
is fracture caused by the contact. In design of tactile
sensors, robust structure is required to prevent from
the fracture. The other is fitness of sensing surface for
object surface. If the sensing surface does not possess
enough flexibility, the tactile sensor cannot measure
faithfully pressure distribution caused by the contact.
The abovementioned problems are hindrances in

development of the tactile sensor for long time.
The importance of tactile sensors was first
emphasized in 1982 by Harmon [14]. In his survey
paper, human hand-like properties were desired in
addition to functions of distributed logic array. Based
on questionnaires of robot engineers, he summarized
such specifications of tactile sensors as a 10 × 10 array
size, 1 – 2 mm distance between adjacent sensor
elements, 1 – 10 ms response time, a wide dynamic
range of 1:1000, linearity, and a skin-like surface.
Although two decades of years have spent after
Harmon’s survey, robot engineers still demand almost
same specifications of tactile sensors summarized by
Harmon. The tactile sensor satisfying the
specifications has not been developed yet. In the last
one decade, however, tactile sensors have been
progressed with a stratagem of focusing on limited use
instead of general use. As the result, practical tactile
sensors have appeared gradually in Japan.
In this paper, after conventional tactile sensors are
summarized to analyze merits and demerits of
conventional tactile sensors, advanced tactile sensors
in Japan are described.
II. CONVENTIONAL TACTILE SENSORS
A. Physical Properties Acquired by Tactile Sensors
Although tactile sensors and force sensors are
sometimes classified as the same category, in this
paper the tactile sensor is treated as different sensors
from the force sensor. This is because, the tactile
sensor plays a role of a skin-like sensor, while the
force sensor is usually attached on a robotic wrist and
measures 6-axis force acting on the wrist. Since skin
accepts external stimulus caused by the touch, abilities
capable of sensing contact, pressure and slippage are
requested. Corresponding to these three sensations,
three types of sensors have been developed as the
following.
First, tactile sensors should act as contact sensors,
which sense time event of touch and contact position
caused by handling an object. Since the contact sensor
can be consisted of on-off switching elements such as
micro switches, it has been utilized from an early stage
of this research realm. The contact sensors, however,

cannot evaluate precisely status of grasping objects,
and on-off information is obtained from threshold
processing on distributed pressure as well. They are
gradually replaced by pressure sensors described in the
follows.
Second, tactile sensors should possess pressure
sensing ability. Indeed, tactile sensors provided into
this research realm so far are almost the pressure
sensors. Time derivative of pressure is used as contact
information, and pressure distribution is used for
stable grasping stratagem. As described in the next
section, several physical phenomena are applied to
sensing principle. In the design of pressure sensor,
small sensing elements are arranged to an array. The
density of sensing elements in the array is requested to
be increased as possible.
Slippage information is important for handling
stratagem to prevent a robotic hand from dropping a
grasped object. A ball or roller is incorporated in a
robotic finger surface to act a slippage sensor. The
slippage is evaluated by the rotation according to
slippage occurring on the finger surface. Since the
slippage sensor is usually designed to detect the
slippage only, it is attached on a robot together with
the pressure sensor.
B. Principle of Tactile Sensors
So far, various tactile sensors have been developed
on the basis of several physical phenomena, such as
the piezoelectric effect, the resistance variation of
conductive rubber, magnetic variation, and the optical
effect. Physical phenomena applied to classical tactile
sensors are shown in the following sections.
1) Resistance Variation of Conductive Rubber
Tactile sensors used this phenomenon is able to be
designed as thin structure using FPC (Flexible Printed
Circuit) [2]. Air gap is existed between two FPCs. If
external force is applied to the sandwich structure of
two FPCs, capacitance between FPCs is changed
according to the external force. However, since
capacitance between FPCs is affected by
circumferential condition, electric noise fluently is
mixed with signal. Moreover, FPC itself does not have
softness like rubber.
2) Static Electricity
The tactile sensor based on this phenomenon is
composed of three layers: an elastomer layer including
carbon particles is sandwiched between two flexible
conductive layers acting as electrodes [1]. In this
sensor, resistance between the conductive layers
decreases with increase of applied pressure due to
condense of carbon particle density. Although it has
excellent flexibility and fragile resistance, it has
spontaneous electronic noise and hysteresis caused by
contact of carbon particles distributed in rubber
medium.

3) Piezoelectricity
Since ceramics of PZT (Lead Zirconate Titanate)
and plastics of PVDF (Polyvinylidene Fluoride) are
known as piezoelectric material, tactile sensors used
these material have been developed [3][4].
Piezoelectric material generates voltage, if it accepts
time difference in applied force. Due to this, an
integral circuit is required to obtain DC output. Since
electric characteristic of piezoelectric material is
similar to capacitance, it has same noise problem.
Although this type of tactile sensor has problems as
abovementioned, it is very effective for special
application such as hardness sensing as described in
the next chapter.
4) Magnetism
This tactile sensor includes magnetic dipoles in an
elastomer sheet, which is put on a substrate forming an
array of magnetic sensors [5]. If normal force is
applied to the sensor, distance between the dipole and
the magnetic sensor is reduced to increase the output
of the magnetic sensor. If shearing force is applied to
the sensor, horizontal displacement of magnetic dipole
is measured by difference between two adjacent
magnetic sensors. As the result, this sensor detects not
only normal force but also shearing force. Since it
requires two arrays of magnetic dipole and magnetic
sensor, it seems to be difficult to enlarge the array size.
And, it is easily affected by circumferential
magnetism.
5) MEMS (Micro Electronic Mechanical System)
Silicon base MEMS has been applied to tactile
sensors of silicon tip. Silicon has excellent linearity,
no hysteresis and high speed response [6]-[8].
Additionally, integration of tactile sensing and data
processing are easy because IC (Integrated Circuit)
can be incorporated into the silicon tip. Although
tactile sensors developed by MEMS possess excellent
characteristics as aforementioned, they are very
fragile. However, they are very attractive because
extra high density is possible. Advanced MEMS base
tactile sensors are shown in the next chapter.

Fig. 1. Optical wave guide type

6) Optical Waveguide
This tactile sensor is comprised of an optical
waveguide plate, a rubber sheet and a light source as
shown in Fig. 1 [9]-[13]. The light is directed into the
plate remains within it due to the total internal
reflection generated because the plate is surrounded by
air. The rubber sheet featuring an array of conical
feelers is placed on the plate to maintain array surface
contact. If an object contacts the back of the rubber
sheet and produces contact pressure, the feelers
collapse, and at the points where these feelers
collapse, light is diffusely reflected out of the reverse
surface of the plate. Although it possesses excellent
characteristics such as soft sensing surface and
robustness against external impact force, it is very
difficult to design it as thin structure because it
requires a lens system and an image sensor.
C. Summary of Conventional Tactile Sensors
The abovementioned discussion is summarized in
Table 1. As shown in Table 1, every tactile sensor has
both merits and demerits. For example, although
MEMS base tactile sensors utilizing the
piezoresistance effect possess good linearity and can
internally incorporate data processing functions with
IC technology, they are fragile. Such fragility is fatal
since tactile sensing intrinsically requires contact
between the finger surface and an object. While
conductive rubber-type tactile sensors possess such
excellent characteristics as large detective area and
skin-like soft surface, they emit spontaneous noise
generated by the chattering of carbon particles
distributed in the rubber medium and also have
hysteresis.
III. ADVANCED TACTILE SENSORS
It is very difficult to realize ideal tactile sensors
described by Harmon, if a breakthrough on material
science is not occurred. In the last one decade,
however, tactile sensors have been progressed with a
stratagem of focusing on limited use instead of general
use. As the result, practical tactile sensors have
appeared gradually as shown in the following.
A. New MEMS Base Tactile Sensors
Both of pressure sensing elements and PZT ceramic
actuators are incorporated into a silicon tip to detect
not only pressure distribution but also hardness of a
target object [15]. Using PZT ceramic actuators the
tactile sensor can apply trial force on the object
surface to obtain the hardness.
On the other hand, very thin membrane can be
produced in MEMS technology. Using this technology
a fabric tactile sensor is developed [16]. Electrical
resistance between two conductive fibers is measured
in this sensor. It is expected to be applied to entire
body of a robot.

Since MEMS technology possesses high potential to
produce high density tactile sensors, we should pay
attention on this technology. In the future,
breakthrough on material will progress the MEMS
base tactile sensors.
B. Tactile Sensor of Piezoelectric Film
If PVDF film base tactile sensor is oscillated and
obtained sensor output is compared to the input
oscillation, target hardness is calculated. The
oscillation is generated by the piezoelectric bimorph
strip [17]. Since hardness of prostate cancer is
different from hardness of prostatic hypertrophy, this
sensor is applied to a detector of the prostate cancer. It
is very effective to make a diagnosis on the prostate
cancer.
C. Stick-slip Detecting Tactile Sensor
According to tribology, stick-slip phenomenon is
caused by repeating stick and slip on surface. Human
being possesses a finger print, and the stick-slip is
caused on its ridge portion [18]. The stick- slip is not
caused entire finger surface but is initially caused on
circumferential part of contact area. The stick-slip
propagates into inside of contact area with increase of
magnitude of shearing force. Human being controls
grasping force to prevent from complete slippage.
In order to mimic the abovementioned human
grasping, the artificial finger equipped several ridges.
The finger possesses several strain gauges, which are
inclined with 45 degree to the horizontal datum. These
strain gauges detect shearing force generated by
bending deformation of the ridge caused by the stickslip. This sensor is applied to a robotic hand capable
of grasping an object without slippage.
D. Wireless Tactile Sensor Using Two-dimensional
Signal Transmission
In order to develop a tactile sensor possessing
stretchable large sensing area, two-dimensional signal
transmission technology is applied to three layered
tactile sensing structure, which is comprised of two
conductive layers and a dielectric layer [19]. The
dielectric layer is sandwiched with the upper and
bottom conductive layers, and includes sensor
elements. Changes in capacitance and reactance of the
sensing element are measured through microwave, and
are retrieved to an outside circuit through resonant
proximity contactors.
E. Advanced Conductive Rubber Type Tactile
Sensor
The aforementioned conductive rubber type tactile
sensor has been progressed to be mounted on robotic
fingers [20]. The tactile sensor has a three-layer
structure composed of two conductive films
sandwiching a layer of silicone rubber interspersed
with carbon particles as described in the previous

section. This tactile sensor can detect pressure gravity
center using PSD (Position Sensitive Device). In the
recent study, it is found that detected pressure
degreases temporally according to slippage. This
sensor can detect slippage in terms of the temporal
decrease of pressure. Consequently, the robotic hand
can grasp and hold an object without dropping it.
F. Image Data Base Tactile Sensors
Although optical effect type tactile sensors possess
several defects as described in the preceding chapter,
they can be easily produced using simple equipment
and CCD (Charge Coupled Device) cameras and
image data processing, which are mature techniques.
On the other hand, according to continuum
mechanics, traction caused on an object surface
possesses three components of stress vector, while
stress tensor is generated in the inside according to
Cauchy’s principle. Therefore, three components of
force vector should be detected, if we want to evaluate
faithfully contact phenomenon.
There are two projects to develop three-axis tactile
sensors using image data processing. One is a tactile
sensor of transparent gel (it is called gel sensor). The
shape of sensor is similar to a human finger. On the
finger surface several colored dots are drawn. If an
external force is applied to the surface, positions of
these dots are changed by the finger’s deformation.
Every dot is recorded with a CCD camera attached
on the back side of the finger. Three-axis force
distribution is calculated according to the movement
distribution of the dots [21].
The other is a three-axis tactile sensor based on the
principle of the optical tactile sensor as shown in the
preceding chapter. As shown in Fig. 2, the tactile
sensor is comprised of an acrylic dome, a light source,
an optical fiber scope, and a CCD camera [22]. The
light emitted from the light source is directed onto the
edge of the hemispherical acrylic dome through
optical fibers. The sensing elements are concentrically
arranged on the acrylic dome. The sensing elements
are made of silicone rubber and are designed to
maintain contact with the conical feelers and the
acrylic dome and to make the columnar feelers touch
an object. The light emitted from the light source is
directed into the acrylic dome through the optical
fiber. Contact phenomena are observed as image data,
acquired by the CCD camera through a fiberscope, and
transmitted to the computer to calculate the three-axis
force distribution.
IV. AUTHOR’S RECENT ACHIEVEMENTS ON THREEAXIS TACTILE SENSOR
The author continues experiments using a robot
equipped with the three-axis tactile sensors shown in
Fig. 3 to indicate that tri-axial tactile data generate the

Fig. 2. Optical three−axis tactile sensor

Fig. 3. Two hand robot equipped with optical three−axis tactile
sensors

trajectory of the robotic fingers [23]. Since our tactile
sensor can detect higher order information compared
to the other tactile sensors, the robotic hand’s behavior
is determined on the basis of three-axis tactile data.
Not only three-axis force distribution directly obtained
from the tactile sensor but also the time derivative of
shearing force distribution is used for the hand control
program. If grasping force measured from normal
force distribution is lower than a threshold, grasping
force is increased. The time derivative is defined as
slippage; if slippage arises, grasping force is enhanced
to prevent fatal slippage between the finger and an
object. In the verification test, the robotic hand rotates
a bottle cap to close it. Although input finger
trajectories were a rectangular roughly decided to
touch and turn the cap, a segment of the rectangular
was changed from a straight line to a curved line to fit
the cap contour. Therefore, higher order tactile
information can reduce the complexity of the control
program.
V. CONCLUSION AND FUTURE WORKS
Tactile sensing is important for both robots and
human beings. So far, several tactile sensors have been
designed according to human skin sensation
mechanism. These trail tactile sensors are not
successful, because specifications for ideal tactile
sensor demonstrated by Harmon are very severe for

engineers.
In the last one decade, however, tactile sensors have
been progressed with a stratagem of focusing on
limited use instead of general use. As the result,
practical tactile sensors have appeared gradually, such
as new MEMES base tactile sensors, PVDF tactile
sensors, a stick-slip tactile sensor, a wireless tactile
sensor, an advanced conductive rubber type tactile
sensor and image data base tactile sensors. If these
tactile sensors will be progressed, combined design
seems to be presented to compensate their demerits
each other in the future.
Cooperative working of robots and human beings
will be common situation. Since the tactile sensation is
required to prevent from accidental contact between
them, importance of tactile sensor will increase year
by year.
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Abstract—One of the frequently encountered
problems in photography is the appearance of
motion blurring effect due to either object
movement or camera motion associated with the
speed of the camera (shutter speed) when pictures
are taken. This Paper presents a novel but simple
method of detecting unwanted motion blur effects
that appear local within an arbitrary area on a
digital image. The proposed method uses various
size block-based discrete cosine transform (DCT)
calculations on the distorted image. The outcome of
this detection are then subsequently used to
improve the quality of the image by means of pixel
correlation based deblurring method applied to the
specific area identified by our motion blur
detector. Subjective experiment to evaluate the
quality of the resulting enhanced image is then
conducted and objective evaluations using several
published image quality metrics are also computed.
Experimental results show that the quality of the
enhanced images produced by the chosen
deblurring method is better when local motion blur
detection is employed than those without blur
detection. Out of various block sizes used in the
experiment, block size of 32 x 32 pixels produce
better perceived quality.
Index Terms— motion blur, deblurring, Discrete
Cosine Transform, pixel correlation.
I. INTRODUCTION

sense of fast movement of the object and
photographers use this to produce dramatic effect to
the picture taken for more image appeal. Some
examples of motion blur effect on picture are
illustrated in Fig. 1. Motion blurring in Fig. 1(a) is an
example when the effect may be desired by the
photographer; the effect is created by choosing slower
shutter speed camera settings Fig. 1 compared to the
object’s movement. The blur distortion in Fig. 1(b) is,
on the other hand, may be unwanted since it has
rendered the picture unclear. This unwanted effect
may appear as a result of imperfect image scanning or
camera shake. Notice how the global motion blur in
Fig. 1(b) is different from the local motion blur in Fig.
1(c) where distortion appears only at some regions on
the picture. The perceived quality of these two
pictures, however, may not be that far.

(a)

(b)

B

LURRING efect is a very common distortion
artifact in the photography field. Blur could come
up due to various reasons, including out-of-focus
camera lens, very extreme light intensity, lenses
physical imperfection causing optical deviation, and
relative movement of the object with respect to the
camera lens. The latter are known to cause motion blur
distortion in which the details of the object captured
on the image have shifted in position resulting in an
unclear appearance of both the texture and edges of
the object. Motion blur could also be produced unintentionally by imperfect digital image capturing
process when the capturing device is in slight motion
during the acquisition. On the other hand, motion blur
effects may deliberately be introduced to create a

(c)
Fig. 1. Some examples of different motion blur effects on picture:
(a) deliberate/desired motion blur to create a sense of fast
movement; (b) unwanted motion blur on the whole image; (c)
unwanted local motion blur.

Quality enhancement of global blur distorted
pictures has been reported in [1] where pixel
correlation method is proposed to mitigate both the
gaussian and motion blur. Unfortunately, since the

method works globally on the image, it may be
sometimes counter productive because every areas on
the picture are subjected to the procedure. This
unnecessary handling of clear areas (ie, those where
distortion is absence) should be avoided. Our
proposed method presented in this Paper aims at
improving the method of [1] by detecting local motion
blur on the picture. The result of this detection is used
as a basis for selecting the distorted areas for further
processing (eg, deblurring, for example).
The rest of the paper is organised as follows. In
Section II, we will review some theoretical
backgrounds and previous works related to ours. Our
proposed method is described in Section III, whilst the
results of our experiments and its analyses will be
given in Section IV. We conclude the paper with some
conclusions in Section V.
II. BACKGROUND
A. Blur Artifact
Blurring is reduced sharpness of edges and spatial
details [2]. It can be modelled as a shifting towards
lower frequencies component on the frequency
domain. It may also be introduced by applying low
pass filter to the image when high frequency
components are filtered out [3]. Considered as
distortion, it might happen as a result of an imperfect
image acquisition process such as uniform linear
motion between the image and the sensor [4]. In a
compressed image, blurring is typically found in low
bit rates JPEG/MPEG compressed image/video,
particularly when coarse quantization is used [5].
Motion blur on digital image can be modeled as a
convolution between the image and the motion blur
kernel having point spread factor (PSF) distribution
equals to the angle of the blur [1]:
K1

H(x, y) f mmK f (x  K cos, y  K sin)


K0

(1)

with K and  is the coefficient and the direction of
shifting angle, respectively. An example of motion
blur kernel with blur length of 7 and angle of 45 is
shown in Fig. 2.
Blurring distortion can be detected through several
different methods. Methods in [6] and [7] work in
spatial domain and effective for gaussian blur.
Methods working in frequency domain based on
Fourier transform are also available [8; 9], but these
methods require some sort of references (which can be
full frame picture or its reduced form) for successful
operation and are more focus on the quality assesment
of image/video sequence rather than blur detection.
Blur detection of [6] requires no reference at all, but in
addition of working in the spatial (pixel) domain, it is
also a global blur metric. More complicated methods
based on PSF estimation have been reported by many;

see a detailed review of such methods in [10]. The
main drawback of these methods is its complexity
which can hinder their use for practical applications.
A more logical approach to this problem is to use
DCT coefficients for estimating the amount of blur.
The rationale of this approach is the availability of
such DCT coefficients from today’s abundant images
which are already in compressed form. The DCT

Fig. 2. Motion blur kernel with blur length = 7 and angle = 45o

coefficient of JPEG compressed images are deeply
related to the image content. The methods proposed by
[11] and [12] follow this idea. Their methods based on
extracting DCT coefficients from the compressed
image or MPEG bitstream. However, their approaches
have several drawbacks [12]: first, the method by [11]
requires DCT computation on the largest possible set
of data, ideally on the whole image (for example, an
image of size 256 x 256 pixels must be transformed
into a 256 x 256 DCT matrix). Second, in addition to
that, this method involves a lot of computation to
manipulate DCT coefficients and detect some absolute
minima. Third, the method by [12] depends on the
classical 8x8 DCT blocks. Unfortunately, today’s
advanced encoding based on H264/AVC uses various
block sizes, which obviously limits the applicability of
this method. This method also uses histograms of nonzero DCT occurrences, computed directly from
MPEG/JPEG compressed images. Since it is used to
measure image quality, the blur is characterized
globally. Last but not least, since this method relies on
extracting the DCT coefficients from the compressed
domain, it implies that the image should be in
compressed format, which may not be applicable for
some applications.
B. Discrete Cosine Transform
Discrete cosine transform (DCT) coefficients of an
image reflect the frequency distribution of an image
[12]. It also posses compaction property by which
image information may be distributed across as few
transform coefficients as possible. On a digital image,
the two-dimensional version of DCT can be computed
as:

(2)
where A is the input matrix of size N x M, and Bpq is

the DCT coefficients of A. The input matrix A can be
chosen as full image; but in principle, this matrix can
also be chosen from any subset areas on the image.
For practical reasons, the size of input matrix A is
usually chosen as power of 2.
DCT is reversible transform. The inverse DCT can
be computed as:

(3)
The least equation implies that the output image can
be regarded as a linear combination of the following
DCT basis functions:
(4)

C. Pixel correlation for deblurring image
Correlation shows a linear association between two
random variables. It is computed by pairing the two
variables and calculate their product-moment
coefficient. Correlation values may range from -1 to 1.
The sign of the values implies the ‘direction’ of the
association; e.g., negative correlation means that
relatively high values on one variable are paired with
relatively low scores on the other variable, and vice
versa for positive correlation. Weak agreement
between the two random variables is shown by
correlation values close to zero.
Pixel correlation on a 2D image is illustrated in Fig.
4. It can be seeen that correlation values are related to
the angle/direction of the pixels and the nature of the
data [1]. Correlation between pixels depends on the
slope of the data, the linear (or non-linear) trends
between them, and the degree of noise that contains in
it.
On motion blurred images, pixel correlations can be
used to estimate the amount of angle and pixel shifts;
i.e., the kernel of the motion blur. Based on this
estimated kernel, image enchancement through
deblurring process [1] can be performed.
III. METHOD

Fig. 3. DCT basis functions for 8x8 matrix

Fig. 4. Correlation coefficients of various patterns
[1]

Fig. 5. Images with different amount of motion blur and their
corresponding DCT coefficients: (a) no blur with DCT computed
on the whole image; (b) global motion blur with DCT computed on
the whole image; (c) local motion blur with DCT computed on a
block-by-block basis of 8x8 pixel.

From (2), (3), and (4), it is clear that Bpq acts as a
weighting coefficient for each DCT basis function. For
a coefficient matrix of size 8x8, the basis function is
illustrated in Fig. 3. Different matrix size would
produce different basis functions from Fig. 3.

A. Overview
Our motion blur detection method relies on the
observation that motion blur shifts the frequency
content of the blurred areas into lower frequency
components, such as explained in Section II.A. In
terms of its DCT coefficients distribution, motion blur
can be marked as areas on image where higher
frequency DCT coefficients are more significant in
number than the lower frequency components, but at
the same time showing much less energy than on
image without blur.
This basic idea is illustrated in Fig. 5. Three images
with different amount of motion blur giving rise to
various DCT coefficient distributions are depicted in
this figure. Image having no blur distortion (Fig. 5(a))
shows a typical distribution on the DCT domain; i.e.,
some energy is stored on lower frequency components
whilst some other is distributed amongst higher
frequency components albeit with less strength
(amplitude). Note that although these higher frequency
components bear lower amplitudes than their lower
frequency counterpart, higher frequency components
are responsible for image texture, spatial details, and
general sharpness of the image. Changes in the
frequency content of the image are imminent when
global blur is introduced (Fig. 5(b)); higher frequency
components are more supressed whilst lower
frequency components are enhanced dramatically.
Note also that since the global blur injected to the

image is of motion type bearing certain direction, this
is reflected in the DCT content of the image itself.
However, although global DCT computation such as
this example shows some promises in detecting global
motion blur, nothing is said much about the location
where motion blur occur. Recall our earlier illustration
on Fig. 1(a) where motions blur only appears on some
parts of the image (partial blur). Global DCT
computation does not give any useful information
here. Instead of using global DCT computation, we
use DCT computed on smaller block size on many
areas on the image and examine the results of each
computation. This is exactly what we show in Fig.
5(c). By performing local DCT computation, motion
blurred areas and their location can be detected.

blurred areas. However, since flat regions such as
blocks containing no edge structures as well lowcontrast regions also exhibit similar characteristics,
such simple identification may not be reliable enough
to distinguish blurred areas from homogeneous areas
(flat or low-contrast regions). This problems is
reported by [13] and had caused errors in their
detection method resulting in low, unsatisfactory
performance in terms of its accuracy rate. We propose
to mitigate such problem by introducing second
computation to identify homogeneous areas through
each blocks’ standard deviation. Areas with low
standard deviation are marked as homogeneous areas.
This is illustrated in Fig. 7.
Note that a block may be identified as both
potentially blurred area (due to low amplitude of
higher frequency components) and homogenous area
(due to low standard deviation). If this is the case, then
we have to ignore this block and count it as non-blur
area. We implement this by means of a masking
process to eliminate homogeneous areas from the
potentially blurred areas. The result of this masking
operation is a collection of areas on image where
motion blur really occurs.

Fig. 6. Proposed local motion blur detection

C. Deblurring
Once the areas where motion blur appears have
been identified by our method described in Fig. 6,
selective deblurring through pixel correlation method
can be performed. We use the deblurring method
presented in [1] for this purpose.

Fig. 7. DCT coefficient profile for different areas on image: (a)
image containing blurred as well homogeneous areas; the local,
block-by-block DCT coefficients are shown in (c). Block DCT of
blurred and homogenous areas are depicted in (b) and (d),
respectively.

B. Local motion blur detection
Based on the observation we have explained in the
previous section, we developed our local motion blur
detection method as depicted in Fig. 6. First, the
partially motion-blurred image is converted into
luminance image prior to DCT computation. This
conversion is used since we do not really need colour
information to detect blurred areas from DCT
coefficients. We compute these coefficients on each
partitioned blocks, take their absolute values, and then
round them towards zero. Various block sizes are
used: 8x8, 16x16, 32x32, and 64x64 pixels.
The subsequent process involves two separate
computations. First, we identify areas with
significantly low amplitude of higher frequency
components to mark them as potential candidate for

D. Evaluation
Evaluation to the proposed method are performed
through objective and subjective assessments. We
compare the quality of the resulting deblurred images
with the input to observe how much improvement have
been injected to the input to increase the quality of the
final images.
Several objective assessment methods are chosen
for our experiments; i.e. methods based on structural
similarity [14], correlation and contrast similarity [15],
and block activity [16]. The first two assessment
methods are relative metric with respect to a reference
image. Usually, this reference is taken from the
original image having no distortion. However, since in
our experiment the original image is unknown, we use
the input image (i.e. the partially motion blurred
image) as reference. In this way, we measure how
much different is the (partially) deblurred image
compared to this input. The structural similarity
between the recovered deblurred areas and the motion
blurred areas should be moderately low to indicate that
these areas have been properly identified by our
proposed method and have subsequently gone through
the selective deblurring process. When the deblurring
process fails (e.g. no areas are selected by our method
hence no deblurring), the final output of the image
would be very similar to the input, resulting in a very
high similarity index. On the other hand, when

deblurring process is applied to all areas regardless
whether these areas contain motion blur artefacts or
not, we can expect that in general the final image is
completely different from the input, resulting in a
significantly low similarity index.
The third objective metric we have chosen to assess
our method is based on block activity on image. The
activity is measured using two factors: the average
absolute difference between in-block image samples,
and the zero-crossing rate of the pixels [16].
We also perform subjective experiments in which
viewers are asked to rate the quality of the deblurred
images using several different settings on our method
(i.e. different block sizes, different standard deviation
values). Subjective experiments data were collected
from 30 observers. The MOS (mean opinion score) are
then compiled and averaged for all images.
To evaluate the accuracy of the proposed method,
we also compare its detection results with the results
of manual blur identification. Manually identified
blurred areas that were not detected by the proposed
method contributed to lower accuracy. Conversely,
areas selected by the proposed method that were not
part of those identified manually would also contribute
to lower accuracy of the proposed method. We expect
that areas identified manually would match those
detected by the proposed method.
IV. RESULTS AND DISCUSSIONS
A. Experiments on block size
The results of our experiments using various block
size are given in Fig. 8. We can see that smaller block
size (i.e. 8x8) results in finer detail of detection, but in
some images also exhibit less accuracy; i.e. there are
false detections of local motion blur in addition to the
method failing to detect blurred area at all. Large
block size (i.e. 64x64) produces smaller resolution of
detection; e.g. the detected blurred areas are smaller
than the actual ones.
Fairly best results were produced by moderate block
size; e.g. 16x16 pixels. By using this block size, the
sizes of the detected blurred areas are very close to the
actual ones.
B. Objective assessment
Block activity-based objective metric index for
standard deviation threshold of 25 is given in Fig. 9.
No-reference image quality metrics based on [16] on
image with local motion blur detection (our method)
and no-detection/global deblurring of [1]. On the other
hand, similarity-based metric of the deblurred images
resulting from a series of experiments involving local
motion blur detection followed by deblurring method
is given in Fig. 10.
Fig. 9 shows that the index of the deblurred images
with our local detection method is larger than that of
the deblurred images without detection method for
block size larger than 32x32. This result suggests that

selecting the appropriate block size for local detection
method could further improve the quality of the
resulting deblurred image compared to a method that
globally deblur the image without any selection
criteria for detecting motion blur on image.

Fig. 8. Experimental results on motion blur detection using various
block sizes with block standard deviation threshold of 25.

Fig. 9. No-reference image quality metrics based on [16] on image
with local motion blur detection (our method) and nodetection/global deblurring of [1].

Fig. 10. SSIM and UQI-based image assessment for various block
size, both for methods with local motion blur detection (ours) and
no- detection/global deblurring of [1].

Fig. 10 demonstrates a comparison between SSIM
and UQI- based indices for deblurred images with our
local detection method and that without detection such
as implemented in [1]. In general, applying deblurring
method at all areas on image containing only local
motion blur distortions would further degrade the
quality of the image. Our selection method, on the
other hand, is able to identify which areas on image
should be further processed with deblurring method
and leave the rest untouched. Therefore, whilst the
blurred areas are modified and reconstructed by the
deblurring method (and consequently would exhibit
different image structure from the blurred areas)
contributing to the lower value of SSIM/UQI indices
on that particular part of the image, the clear areas on
image still bear very close (or even identical) structure
to those of the input image contributing to higher value

of SSIM/UQI indices. The total index would be
something that is moderately low enough (or
moderately high, depending on perspective) to
separate them from the index of deblurred images
without any detection.
Notice that the less accurate characteristics of ours
using smaller block size (e.g. 8x8 pixels) such as
illustrated in Fig. 8 is confirmed by the objective
assessments given in Fig. 9 and Fig. 10; this block size
shows very poor performance in terms of block
activity-based metric and SSIM/UQI indices.
C. Subjective assessment
The results of our subjective evaluation are given in
Fig. 11. This graph supports the data we have
presented before; i.e. better perceived quality of
deblurred images pre-processed by our local motion
blur detection method is achieved when moderately
large block size (e.g. 32x32 pixels) is chosen.

Fig. 11. Averaged MOS data from 30 observers for deblurred
images and input (original) image

D. Accuracy
Fig. 12 depicts the accuracy of our proposed
method for various block sizes. It shows that accuracy
increases as block size does. We have found that using
block of size larger than 32- by-32 pixels could
increase the accuracy of the proposed method to at
least 74.55% accuracy.
Combining the results presented in Fig. 9 through
Fig. 12, we could see that as accuracy increases, so
does
quality.
This
strong relationship
is
understandable. Lower quality image is due to lower
accuracy because quality enhancement method used in
the experiment has targeted incorrect areas on the
image. If some blurred areas remain untouched
because of inappropriate selection metod, the
reconstructed image would still have the blurred
distortion. If some clear areas were incorrectly
identified as blur, the quality enhancement method
would not produce the desired results. Instead of
producing good quality image, it would only damage
the structure of these areas.

Fig. 12. Accuracy of the proposed method for various block sizes

V.

CONCLUSIONS

We have shown from our experimental results that
our method of local motion blur detection could
further increase the performance of deblurring method.
For images contaminated with local motion blur
artefacts, our method outperforms the other that
performs deblurring process globally at all areas on
image. An appropriate selection of block size for the
detection is necessary; too small of block size would
result in false detection of blurred areas or failed
altogether. Objective assessments of our method have
also been supported by subjective evaluation.
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Abstract—This paper presents a color
segmentation technique based on the normalized
RGB chromaticity diagram for extracting symbols
and characters of road sign images. The method
separates blue color of the sign’s background by
utilizing the developed histogram on the RGB
chromaticity diagram for selecting threshold
automatically. The morphology operators are used
to extract symbols and characters. From the
experiments using real scene images with varying
illumination, the proposed method could extract
symbols and characters of road sign images
properly.
Index Terms—Color
segmentation,
RGB
chromaticity diagram, objects extraction, guidance
sign.
I. INTRODUCTION

T

RAFFIC signs are used to provide useful
information to the drivers. In the driver assistance
system, an automatic signs detection and recognition
becomes an important aspect. Since colors are more
useful information for the human perception, traffic
signs are usually painted with colors contrast against
the road environments. However, color information is
sensitive to the lighting changes which occur
frequently in the real scene. Therefore a robust
algorithm is required to handle such problems.
There are many types of traffic signs, such as: a)
regulatory signs (speed limit signs, no entry sign, etc);
b) indication signs (pedestrian crossing sign, parking
sign, etc); (c) warning sign (cross road sign, road work
sign, etc); (d) guidance sign (destination and route
information sign). Each type is characterized by the
shape, color, and symbol or character contained on it.
The interpretation of information contained in the
regulatory, indication, and warning signs could be
obtained by matching or classifying the sign to the
reference signs. However, the scheme for the guidance
signs is more difficult, because of the irregular
symbols and the variation of characters. Thus it needs
to extract the symbols and characters first before

further process to interpret them.
Researches on extracting symbols and characters of
the guidance signs were proposed in [1],[2]. In [1]
they extracted characters (Japanese kanji and
alphabets) and symbols (indicating road structure) by
edge segmentation. To overcome the problem of
illumination changes, they transformed the intensity
image based on the intensity histogram of the image.
The positions or regions of the characters are found by
the histogram projection technique. Since symbols
usually form a larger region, they use size information
for separating symbols from characters. The similar
approach was employed in [2] to extract Korean
characters and symbols.
An edge-base detection method that integrates edge
detection, adaptive searching, color analysis, and
affine rectification was employed in [3] to detect text
of the road sign. The method is divided into three
stages, i.e. coarse detection of candidate text, color
properties analysis, and geometry and alignment
analysis. In the first coarse detection stage, a multiscale Laplacian of Gaussian (LoG) edge detector was
used to obtain an edge set for each candidate text area.
Gaussian Mixture Model (GMM) is used to
characterize color distribution of the foreground and
background of road signs, more specifically, for each
of the letters on the road signs. The text alignment is
used to align characters, so that letters belong to the
same context will be grouped together. The intrinsic
features (font style, color, etc.) and the extrinsic
features (letter size, text orientation, etc.) are used for
text alignment.
In [4], a
robust
connected-component-based
character locating was proposed to find characters in
scene image from digital camera. First, color
clustering technique based on the normalized RGB
color space is used to separate the color image into
homogeneous color layers. Then every connected
component in color layers is analyzed, and the
component-bounding box is computed. Then an
aligning-and-merger analysis is proposed to locate all
the potential characters. Finally, all potential
characters will be identified by heuristic rules.

Another work for extracting characters in natural
images was proposed by [5] to help visually impaired
persons and blind persons recognize signs. They
proposed an extraction method based on the Otsu’s
thresholding that is applied in all three-color channels.
To filter out the false detections, they used selection
rules based on the relative placement of connectedcomponents.
Although color is sensitive to illumination changes,
but since color contains more meaningful information,
many researchers discussed above prefer to use the
color segmentation as the initial process for extracting
symbols and signs.
In general, existing color segmentation methods
could be classified into: histogram-based method,
boundary-based method, region-based method, and
Artificial Intelligent (AI)-based method.
The histogram-based method basically fuses the
thresholds obtained from the histogram of each color
channel [6]. In the boundary-based method, edge
detection is first performed to each color channel
separately to find the boundary of objects. Then the
resulted edges are merged to obtain the final edge
image. The region-based method groups the pixels
according to the homogeneity criteria. Examples of
this method are region growing, split and merge
algorithms [7]. AI-based method performs color
segmentation by utilizing Artificial Neural Networks
[8],[9], Fuzzy Logic [10], Genetic Algorithm (GA)
[11].
In this paper, we propose a method to extract
symbols and characters of road sign images based on
the normalized RGB chromaticity diagram. The
method is simple and effective for extracting particular
colors usually used in the sign images. Furthermore
the morphology operators are employed to extract
symbols and characters of the sign images.
The organization of the paper is as follows. In
section 2, the proposed method is presented. The
experimental results and discussions are presented in
section 3. Conclusion is described in section 4.
II. PROPOSED METHOD
A. Color Segmentation
In our previous works [12] [13], we proposed color
segmentation based on the normalized RGB
chromaticity diagram for detecting red color sign [12]
and detecting human skin color [13]. Here we extend
the approach to blue color thresholding for extracting
symbols and characters of the guidance signs.
The normalized RGB chromaticity diagram is
depicted in Fig. 1, where the chromaticity coordinates
are r and g defined by

r

R
RG B

(1)

g

G
RG B

(2)

Fig. 1. Normalized RGB chromaticty diagram

Fig. 2.

g_neg histogram.

The diagonal line for extracting blue color is shown
in the figure. This line is determined by the following
equation
(3)
g   r  TB
where TB is the intersection of the line with gcoordinate. TB is calculated automatically by
analyzing the peaks/valleys of the newly developed
histogram called g_neg histogram [13]. The g_neg
histogram is created by counting pixels with the value
obtained by adding g value and r value (g + r). The
effectiveness of the histogram is that it shows
prominent peaks/valleys for easy threshold calculation.
Thus by employing
histogram
peaks/valleys
analysis, we may find the appropriate diagonal line for
separating blue color. Fig. 2 shows the g_neg
histogram with the prominent peaks, where the valley
of histogram that determines the value of TB might be
obtained easily.
From Fig. 1, it is clear that the blue color could be
extracted by the following rule:
If g  r  TB then pixel is BLUE (4)

B. Extraction of Symbols and Characters
The guidance sign used in the research contains
three kind of information, i.e. characters (Japanese
Kanji and/or Alphabet) indicating the city name or
location; symbols indicating the road structure, and
number indicating the route as illustrated in Fig. 3.

(a)

Fig. 3.

Guidance sign.

As shown in Fig. 3, the symbols and characters are
painted with white color in the blue background. Thus
by employing the blue color segmentation as discussed
above, we may separate the foreground (symbols and
characters) from the background. The next step is to
extract three kinds of objects (symbols of road
structure, route number, and city name/location.
By observing Fig.3, the area of blue color of
background inside the “small box” of route number is
the largest one among the others, i.e. the ones inside
the numbers or characters (Kanji and Alphabet). Thus,
we may use the size information to find the region
containing the route.
If we perform the connected component analysis to
the extracted symbols and characters, i.e. the white
color, we could find that the area of the symbols
indicating road structure is the largest one. Thus we
may use this restriction to extract the symbols. Finally,
the remaining objects after the above two rules
employed will be the characters.

(b)

(c)

III. EXPERIMENTALRESULTS AND DISCUSSIONS
To verify our proposed method, we tested our
algorithm using real scene sign images taken from a
camera. The algorithm is implemented using
MATLAB running on a Personal Computer (PC).
Fig. 4(a) shows the result of applying color
segmentation of image in Fig. 3 using our proposed
method as defined by Eq. (4). The histogram shown in
Fig. 2 is the g_neg histogram of image in Fig. 3.
Hence the threshold TB is obtained automatically by
peaks/valleys analysis, i.e. 0.51. The method is able to
separate blue color of the background from the
foreground properly.
Fig. 4(b) shows the extracted boundary of route

(d)
Fig. 4. (a) Extracted symbols and characters; (b) Extracted
boundary of route number; (c) Extracted symbol of road structure;
(d) Extracted Japanese Kanji and Alphabet.

numbers, where all five boundary regions of the route
numbers could be extracted from image successfully.
The result of symbols extraction is shown in Fig. 4(c),
where three arrows indicating route are extracted. Fig.
4(d) shows the extracted characters consist of Japanese
Kanji and Alphabet.

Fig. 5(a) shows the different image with the
different illumination condition. The g_neg histogram
of the image is shown in Fig. 5(b), where the value of
obtained TB (TB=0.55) differs from the one in Fig. 2
as indicated by the different location of the valley. The
symbols and characters are extracted properly as
shown in Figs. 5(c), (d), (e), (f).
Compared to the existing method proposed in [1],
our color segmentation method has two advantages: a)
It could extract symbols and characters directly from
the image without locating the road sign first; b) It
could extract route number, while in [1], they do not
extract the route number, but extract them as symbols
together with the arrow indicating road structure.
The first advantage of our method is cleary shown
from Fig. 5. If we apply the method in [1] to the Fig.
5(a), it yields a wrong result as shown in Fig. 6, since
the algorithm in [1] requires that image should be
contained only two colors (background and
foreground). Therefore, method in [1] needs to locate
road sign first before extracting the symbols and
characters.
The second advantage of our method could be
shown in Fig. 4(b) and Fig. 5(d). Hence all route
numbers, inside and outside the arrows are extracted.
In contrast, since method in [1] do not extract the
route number, but extract them together with the arrow
instead, then the route numbers outside the arrows will
be considered as characters.

(c)

(d)

(e)

(a)

(f)
Fig. 5. (a) Original image; (b) g_neg histogram; (c) Extracted
symbols and characters; (d) Extracted boundary of route number; (e)
Extracted symbol of road structure; (d) Extracted Japanese characters.
(b)

[3]

[4]
[5]

[6]
Fig. 6. Extraction of Fig. 5(a) using method in [1].
[7]

IV. CONCLUSION
In this paper, a color segmentation technique for
extracting symbols and characters of road sign image
is presented. The proposed method is based on the
normalized RGB chromaticity diagram. From several
experiments conducted, the proposed method shows a
good result in extraction the symbols and characters.
In future, we will extend the work to perform the
recognition process for recognizing or interpreting
extracted symbols and characters. Further, the real
implementation will be developed.

[8]

[9]

[10]

[11]
[12]
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Abstract—Lungs Segmentation from chest CT
images is a precursor for CAD applications. Most
of the lungs segmentation methods are scanner
dependent. We propose a fully automated machine
independent method for segmenting lungs from
CT images. The algorithm comprised of three
main steps. In the first step, gray level threshold
value has been selected by maximizing within class
similarity. In the second step, binary mask has
been developed using selected gray level threshold
value and improved by morphological operations.
In the third step, lungs have been segmented
utilizing binary mask and original CT slice
images. The method has been tested on data set of
25 slices collected from two different sources.
Results have been compared with manually
delineated lungs on CT images by a radiologist.
Mean overlapping fraction, mean precision, mean
recall and mean accuracy of 0.9929, 0.9962, 0.9966
and 0.9965 respectively have been recorded.
Index terms– Segmentation, Lungs, Threshold,
Morphology, Mask.
I. INTRODUCTION

L

ungs are constituted by masses of Alveoli and are
protected by the chest box. Alveoli are the tiny sacs at
the ends of Bronchioles. Bronchioles are smaller
airways spreading from Bronchi. Bronchioles are the major
airways. Main function of the lungs is exchange of
Oxygen and Carbon Dioxide. Lungs are tender part of the
body and target of many deadly diseases such as pneumonia,
cancer and tuberculoses.
Medical imaging has been proved to be very helpful in
diagnosis and treatment of lungs diseases for the last
century. Specially, Computer Tomography (CT) is one of
the state of the art techniques for lungs imaging. It provides
high resolution and high contrast images from which
different structure and anatomies such as parenchyma,
airways, diaphragm, vessels and trachea can be observed.
Different pathologies can be diagnosed as well.
Computed Tomography [1, 2] is a well known source of
taking images of internal structures of the human body. It
consists of an X-ray source and a detector placed on
opposite side, patient being lying in between X-ray source
and X-ray detector. The machine is set in such a way that
the X-ray beam can be rotated about an axis while the

patient is moved along that axis. Thus, X-ray images of
each section are digitally taken from many different angles.
Subsequently, tomography an algorithms derived by a
mathematical procedure, is applied to reconstruct a threedimensional matrix of the values. The matrix represents the
X-ray transmission properties in the volume occupied by the
chest.
Chest CT not only shows lungs but also other anatomical
structures as well as pathological structures. The
objective is to segment only lungs from CT slices so
that diagnose could be made more easily and accurately
by the human observers or diagnostic machines. For all
computerized analysis and diagnoses, ‘Lungs Segmentation’
is a pre-requisite.
Lungs Segmentation is the process of distributing
pixels in the chest CT image into lungs and non-lungs
classes. The lungs recognized in this way have a wide
variety of applications in medical diagnosis, research and
visualization. Segmentation [3, 4, 5, 6, 7] can also be done
for brain, heart, knee, jaw, spine, pelvis, liver, prostate and
the blood vessels.
The dataset consists of digital CT slices of chest CT
taken at ‘Lung Window’. These slices are axial images of
the entire thorax. The input to the segmentation procedure
is grayscale digital CT image. The output of the method
is the segmented lungs from other anatomical structures in
the thorax. All anatomical and pathological structures lying
on parenchyma remains as it is on the lungs.

II. RELATED W ORK
Researchers have made efforts in the field of
segmentation of the lungs from CT images and used these
segmented lungs images for diagnosis purposes. However,
discipline is not yet matured and efforts are on to make
more achievements in the field. Some of the related work is
summarized below.
Brown et al [8] purposed knowledge based automatic
method for segmentation of chest CT images. In their effort,
automatic knowledge was stored in a semantic network.
This knowledge was used to guide image processing
routines. Instead of manual intervention, Brown et al
utilized dynamic programming for searching the junction
lines automatically.
Pu et al [9] purposed adoptive Border Marching (ABM)
algorithm for lung segmentation and correction of
segmentation defects caused by juxtapleural nodule while
minimizing the over segmentation and under segmentation
relative to the true lung border. Algorithm works
automatically. The distinguishing characteristic of the

algorithm is robustly including the volume of juxtapleural
nodules of the lungs.
Itai et al [10] purposed a method in which initial contour
points are automatically given for active contour
processing by global segmentation based on threshold CT
values. Then dilation is done and thus lungs are segmented.
Li and Reinhardt [11] used statistical approach. They
composed three dimensional model which provided an
approximate segmentation of lungs. Refinement were made
by snakes to capture fine details.
Rule base techniques [12, 13, 14, 15, and 16] were used
frequently by the researcher. In these techniques volume is
found by region growing from the trachea or by using gray
level threshold. After knowing approximate volume of the
lungs along with airways volume, the next step is
separation of left and right lung and removal of trachea and
bronchi’s.
Sluimer et al [17] proposed a refined segmentation-byregistration scheme in which an atlas based segmentation
of the pathological lungs is refined by applying voxel
classification to the border volume of the transformed
probabilistic atlas. It is shown that this refinement step
introduces a significant improvement in segmentation
accuracy compared to a standard segmentation-byregistration approach.
Sluimer et al [17] proposed a refined segmentation-byregistration scheme in which an atlas based segmentation
of the pathological lungs is refined by applying voxel
classification to the border volume of the transformed
probabilistic atlas. It is shown that this refinement step
introduces a significant improvement in segmentation
accuracy compared to a standard segmentation-byregistration approach.
Gao et al [18] described a fully automatic method for
identifying the lungs in CT images. The algorithm includes
3 main steps. In the first step, the large airway was
removed from lung region by 3D region-growth algorithm
and anisotropic diffusion to smooth edges. In the second
step, optimal threshold was used to automatically choose a
threshold value and left and right lungs were separated by
detecting the anterior and posterior junctions. Finally, lung
boundary along the mediastinum was smoothed with
rolling-ball algorithm.
Method of Campilho et la [19] consists of an initial
step to segment the patient from the background of the
image, an extraction step to identify the large airways,
decomposing the lung parenchyma, and a final segmentation
step to extract the lung region.

blackish regions and one whitish region. Blackish regions
are background, left lung, right lung and trachea. In some
images bronchi may be there as blackish region. Whitish
region is almost a ring like part surrounding and separating
lungs consisting of muscle, fats etc. There is a good
contrast between the blackish and whitish region on
observation.

Fig 1. CT Image

Histogram of the image is a very good tool for image
analysis. While observing a histogram, the main aim is
analyzing the number of pixels shown vertically associated
with some frequency shown horizontally. It gives the
approximated number of objects in the image even though
visually not apparent. Histogram of the above CT Image is
shown as under;

Fig 2. Histogram of CT Image

Histogram can be equalized. In equalized histogram,
pixels are evenly spread over the available frequencies.
Equalized image is the image having equalized
histogram. In some cases equalized images provide good
analysis as equalized images display some objects on
images which are apparently not visible. The pixel
values of the pixels of these objects may be around zero
or 255. However, equalized CT Image may blend some
objects. The equalized CT Image is shown as below;

III. DATASET
Data set consists of 25 CT slices. The slices are in
‘DICOM’(Digital Imaging and Communication in
Medicine) format which is an important format in medical
imaging for storage and communication purposes. Dicom
file [20] is a raw data with ‘dcm’ extension. It has to be
processed before using. All the slices have been converted
to bitmap (bmp) format for experimentation and testing
purpose. Moreover, all the 25 slices were also acquired
manually delineated by a radiologist.

IV. ANALYSIS
On visual observation, the CT image is displaying four

Fig 3. Equalized CT Image

Equalized CT Image has clearly shown two more
objects in the CT Image. These objects are bed on which
patient was lying on, while CT scan was done and a

circular object around the patient caused due to
penetration of X-rays through air, as air is present around
the patient during scanning. Beside these two objects,
some muscle and other objects have become clear. It is
worth mentioning that no object has been blended in this
particular image. However some objects have become
blurred.

V. RESULT
Main steps in methods are threshold selection, binary
mask generation and lungs segmentation.

Thresholding CT image, problems identification,
removing background, filling gaps in region of interest,
removing mistaken objects and smoothing border cavities
are the main steps in binary mask generation.

V.2.1 BINARY MAX GENERATION
In this step CT image has been thresholded applying
calculated threshold. Gray level having values less than or
equal to threshold have been assigned values equal to 1
and gray level values of CT image having values greater
than threshold have been assigned values equal to zero.
That is;

V.1. THRESHOLD SELECTION
From the input lungs slice, minimum and maximum
intensity values have been calculated. These values are
represented by ‘Min’ and ‘Max’. Using these two values
Initial Threshold has been calculated. Initial threshold is
represented by T1. Mathematically, T1 is given by,

T1 

min  max 

(1)

2

The chest image is thresholded on the basis of T1 and
two pixel classes have been formed. One is approximated
lungs class and the other is non-lungs class Lungs class is
represented by ‘Lungs’ while the non-lung class is denoted
by ‘NonLungs’ Now, the mean value of each class is
calculated. Mean vale of lungs area is equal to sum of all
pixels values of the lungs divided by total number of pixels
of the lungs. In mathematical form,

LungsMean 

The binary mask obtained by thresholding CT image and
histogram equalized CT Image are shown below (Black
border in figure 4 is infect white. It has been shown black
just to visualize image size.);

Fig 4. Thresolded CT Image

 Values of Lungs Pixels  (2)
 Lungs Pixels 

NonLungsMeans 

 Values of NonLungs Pixels 
 NonLungs Pixels 

(3)

V.2.1 PROBLEMS

New threshold is calculated using values of LungsMeans
and NonLungsMeans from equation (2) and (3) above. This
mean value is equal to the sum of the values of the means of
the LungsMeans and NonLungsMeans. New threshold is
represented by TNew.

TNew 

Lung Means  Non Lung Means 
2

(4)

A check is imposed using T1 and TNew to stop the
algorithm this check is given by

Mod (T1  TNew )  0.5
When this check returns ‘true’ value than algorithm
stops and TNew is the final threshold value. If check
returns ‘false’ value than value of TNew is assigned to T1.
This process repeats again and again till the check returns
true value. Than TNew is the final threshold value.

V.2. BINARY MAX GENERATION

Fig 5. Histogram Equalized CT Image

Figure 4 shows thresholded CT image. There are four
problems while using thresholded binary image as binary
mask for lungs segmentation.
First, empty space around the patient in CT scan
apparatus contains air. The X-ray response while passing
through air forms a circular object around the patient.
More over patient’s built-in bed in the CT apparatus also
has a different response for X-ray and forms an object.
These two non-lungs objects are there.
Second, some portions of lungs objects are missed.
These are background like closed gaps in the left and
right lungs. These gaps are due to overlapping structures
of the lungs which have not been treated by the threshold
method. In fact, these gaps are due to inherent problem of
thresholding that it can not take locality into
consideration during thresholding process. Decisions are
made only on the basis of intensity / gray level value of the
pixels.
Third, some lungs like objects are there beside left and
right lungs. These objects have been included along lungs
but actually these are not lungs portion. Usually, these
objects are trachea, some vessels, minor objects

introduced by the image acquiring faults in CT scanners
or window size of the Hounsfield unit mapping. Fourth,
boundaries of the lungs are not smoothed. There are some
gaps, cavities and bays on the boundaries of the left
and right lungs. There are narrow breaks and long thin
gulfs as well. This particular image has only narrow breaks
on the boundary and does not have bays on it.
The solution of these problems lies in improving further
the mask and then extracting final segmented lungs.

V.2.3 BACKGROUND REMOVAL
Thresholded CT Image specially equalized CT Image
shows left and right lungs, trachea, body part surrounding
lungs and empty space around the patient while CT scan is
being done. It is infect background of the patient. In this
step, background has been removed. All Objects of the
binary image have been evaluated and object having
common points with the boundary of the image have
been removed, that is assigned zero value to all pixels
of these objects. In equation form,

Fig 7. Filled Binary Mask

V.2.5 REMOVING MISTAKEN OBJECTS
Some component such as trachea and vessels look like
lungs in the CT Slice images. Accordingly, after
thresholding and filling the initial mask, some of such
components are mistakenly included along the lungs. Now
lungs are to be extracted from these components.
Firstly, the number of components is counted on the
binary mask. If this number is less than or equal to
two, then there are no additional components to remove
and binary mask do not require this step. On the other
hand, if the number of components/objects is greater than
two then there are extra component to be removed beside
left and right lungs. So further processing for removing
these components is required.
Now area of each component is calculated using the
following formula,

Area of object   Pi

Resultant binary mask is shown below;

Fig 6. Background removed binary mask

V.2.4 BACKGROUND REMOVAL
Gaps in the mask are filled by morphological filling. A
simple algorithm for region filling using dilation,
complementation and intersection has been applied.
Beginning with a point p = 1 inside the boundary, target is
to fill the closed region with 1s. All non- boundary points
on the Binary Mask are labeled as 0s. The following
procedure than assigns value 1 to all the closed region
within the boundary.

X k   X k  SE   BinaryMask 

c

Xk is a point within the closed boundary shown on
PreMask of the objects. SE is the symmetric 3 X 3
structuring element with 1 on the centre and on the 4neighbours.
The algorithm stops at step ‘k’ when Xk = Xk-1 .
The dilation process would have filled all the area if
remained unchecked. Intersection with (BinaryMask)c at
each step forces the algorithm to fill only the inside of the
closed unfilled region on the BinaryMask.
The union of the Xk and points where BinaryMask(x,y)
= 1 gives the filled Binary Mask. In equation form,

(5)

Where Pi represents an arbitrary pixel and ‘i’ is
equal to 1, 2, 3, …, n. n is the total number of pixels
in the object. Calculated area of each object is stored
in an array namely AreasObjects. A variable ‘Count’
is introduced for check. When area of the object is
calculated, an increment is given to the ‘count’
(count = count + 1). The process of calculating area
continues until ‘count’ becomes equal to the
number of objects. Thus area of the all object has
been calculated and stored.
Array ‘AreasObjects’ is sorted in descending
order. AreasObjects(0) and AreasObjects(1) are the two
maximum area objects. In fact, these objects are the left
lung and the right lung. Beside these two objects all
objects are removed. These are, in fact, the smaller
objects mistaken for lungs. In the terminology, of the image
processing,

Extra object removed Binary Mask is shown in the figure
below,

BinaryMask  X k  BinaryMask ( x, y )  1
Fig 8. Binary Mask (Extra Object Removed)

TABLE I
Result 1
FN

V.2.6 SMOOTHING BODER CAVITIES
Still boundaries of the extracted lungs are not
smoothed. There are some breaks and bays. Morphological
closing has been used to get final Binary Mask taking
structuring element SE10, a disk having size equal to 10
pixels. Closing operation has bridged the bays and breaks
on the border.

Images
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Final Binary mask after performing close operation is
shown as below,
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Fig 9. Final Binary Mask

V.1. THRESHOLD SELECTION
Using the final Binary Mask and original image
segmented lungs are obtained. From the copy of original
image all the pixel values are made zero where
corresponding initial mask values are zeros leaving all
other values same. It has been done by pixel by pixel
multiplication.

Segmented lungs are shown in the figure as below,

Fig 10. Segmented Lungs

positives: Accuracy is the sum of true positives and false
negatives, divided by true positives, false positives, true
negatives and false negatives. Overlapping fraction,
precision, recall and accuracy of the results and graphical
representation is as under;
TABLE II
Result 2

VI. COMPARISON AND RESULT
No standard database exists for comparing results of
proposed method, as for as we know. Some researchers have
tried to validate their lungs segmentation results against
manually delineated lungs by radiologists. We have also
adopted the same methodology. Pixels have been divided
into two classes. One is the lungs class and the other nonlungs class. Lungs class contains pixels belonging to the
lungs region. The non-lungs class is the class containing
pixels that are not part of the lungs. Important
parameters for validation are True Positive (TP), False
Negative (FN), False Positive (FP) and True Negative
(TN). Experimental Results of the proposed method are as
below :
Overlapping Fraction (OF) is defined as true positives
divided by sum of true positives, false positives and false
negatives. Recall is true positives divided by sum of true
positives and false negatives. Precision is defined as true
positives divided by sum of true positives and false

Parameters
Mean Values

OF
0.992
9

Precision
0.9962

Recall
0.996
6

Accuracy
0.9995

VII. CONCLUSION
A new automatic method for lungs segmentation by
developing and using a binary mask has been
proposed. The method successfully and efficiently
segments lungs from the chest CT Slices taken at
lungs window. The system has been tested and
compared with the manually delineated lungs on CT
images by a human expert as no standard database
exists for validation and comparison of the result as
far as we know. The results of the system has been
found very encouraging, showing mean overlapping
fraction, mean precision, mean recall and mean
accuracy of 0.9929, 0.9962, 0.9966 and 0.9965

respectively.
In future, we will design and develop CAD
(Computer Aided Diagnose) system for lungs cancer
detection on the basis of lungs segmentation presented. The
system will also measure size of nodule.
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Image Classification Using Quantitative and
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Classifiers
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Abstract— This paper presents the results of a study
on Pap smear cell image classification using qualitative
features, as an effort to improve the results of the
previous study using quantitative features especially in
the performance of the case using all(7)-class category
of diseases. Three good classifiers have been chosen
and they include the Naïve Bayes (NB), Multi-Layer
Perceptrons (MLPs), and Decision Tree learning
algorithm (J48). Twenty quantitative features and seven
categories of Pap smear cell image class have been used
in this study. Three classes of which are normal cell
image class categories that include: Normal Superficial,
Normal Intermediate, and Normal Columnar, and the
other four classes are categories of abnormal cell image
class that include: Mild (Light) Dyplasia, Moderate
Dysplasia, Severe Dysplasia and Carcinoma In Situ.
The conversion of quantitative to qualitative features
and the image classification process were done with the
aid of the Weka software. The experimental study
shows that in all(7)-class classification based on the
qualitative features and using the three classifiers with
the Weka Correctly Classification Instances (CCI) and
Kappa Coefficient classification performance measures,
the Naïve Bayes classifier performs the best with the
CCI of 73.33% and the Kappa Coefficient of 0.69. If it
is compared to the results of using the quantitative
features, the Multiple Layer Perception classifier has
performed the best with the CCI of 71.43% and the
Kappa Coefficient of 0.67, while the Naïve Bayes
produced the CCI of 66.67% and the Kappa Coefficient
of 0.61. The use of qualitative features can improve the
performance of the CCI approximately 2% to 7% and
of the Kappa coefficient approximately 0.02 to 0.08.
I. INTRODUCTION

I

N the previous studies, a segmented Pap smear cell
image is used as an input to a recognition system
that will diagnose whether the Pap smear cell is
healthy or not. Jantzen et al. [1] proposed twenty
features to be extracted from the segmented Pap
smear cell image. Twenty features are a relatively
large number of features. Martin [2] has used
simulated annealing method for feature selection.
Erik Martin had used 7 categories of Pap smear cell

image class. Three classes of which are normal cell
class categories that include: Normal Superficial,
Normal Intermediate, and Normal Columnar,
whereas the other four classes are categories of
abnormal cells that include: Mild (Light) Dyplasia,
Moderate Dysplasia, Severe Dysplasia and Carcinoma
In Situ [2]. For the classification process, Jantzen et
al. [1] and Martin [2] have used least square method,
a simple classifier. Norup [3] compared nearest class
gravity center and neuro fuzzy inference methods for
Pap smear cell classification. The study reported that
the nearest class gravity center performed better than
neuro fuzzy inference.
If Amalia et al. [4] has used the quantitative
features and Adaptive Network-based Fuzzy Inference
System (ANFIS) classifier, while Giri et al. [5] has
used qualitative features and association rules, to
classify a Pap smear cell image. Their experimental
results concerning the case of all(7)-class image
classification accuracy can only reach approximately
40% correct. For applications where the classes of
content are numerous, unlimited and unpredictable,
one specific classifier can not solve the problem with
a good accuracy [6]. Many different approaches have
been developed for classifier combination, among
others entropy-based combination [7], DempsterShafer theory-based combination [8,9], Bayesian
classifier combination [10], and majority-based voting
[11]. The statistical and Multiple Classifier System
(MCS) is a powerful solution to difficult decisionmaking problems involving large sets and noisy input
because it allows simultaneous use of arbitrary feature
descriptors and classification procedures [12].
Dwiza et al. [13] has used quantitative features and
the Naïve Bayes (NB), Multi Layer Perceptrons
(MLPs), the Instance-based Learning algorithm
(IBL), Decision Tree learning algorithm (J48), and
Repeated Incremental Pruning to Produce Error
Reduction (Jrip) to classify a Pap smear cell image.
Their experimental results concerning the case of

all(7)-class image classification can reach up to
71.43% correct using the Multiple Layer Perception
classifier, and 66.67% correct using Naïve Bayes
classifier.
As a result of a further study, this paper presents a
study on classification of Pap smear cell image based
on qualitative features using MCS.

TABLE 3
QUALITATIVE DATA OF ABNORMAL PAP SMEAR CELL IMAGES.

II. DATA AND METHODOLOGY
A brief description of the experimental data sets is
given. The data is used in this case study in order to
prove the validity of the proposed approach.
A. Data Sets
Table 1 shows the number of object categories
which is to be 7 categories (Normal Superficial,
Normal Intermediate, and Normal Columnar), and
four abnormal categories (Mild or Light Dyplasia,
Moderate Dysplasia, Severe Dysplasia and Carcinoma
In Situ). The table also shows the distribution of
image data in each category of object, which a total of
917 images [2]. This study has used 30 random
instances for the image preprocessing and
classification using three classifiers.
The conversion from quantitative to qualitative
data is a descrezation process. The range of each
feature value is divided into a number of level so that
objects can be well discriminated. The number of
levels for all features is determined using the Weka
software, even though it can be done manually or
using a clustering technique. Table 2 shows the
ranges and the names of the qualitative data based on
the level division obtained from the Weka software.
Table 3 to Table 5 show the qualitative data for
abnormal images, all(7)-class (normal and abnormal)
images, and normal images, respectively.

Fig.1 shows a typical Pap smear cell image and its
qualitative features that used in this study.
TABLE 4
QUALITATIVE DATA OF ALL CLASSES
(NORMAL AND ABNORMAL) OF PAP SMEAR CELL IMAGES.

TABLE 5
QUALITATIVE DATA OF NORMAL PAP SMEAR CELL IMAGES.

TABLE 1
PAP SMEAR CELL IMAGE DATA SETS.

TABLE 2
NAMES OF THE QUALITATIVE DATA

B. Classifiers
Three different types of classifiers were chosen and
evaluated in this study. They include the Naïve Bayes

(NB), Multi Layer Perception (MLPs), and the
Decision Tree learning algorithm (J48). The
classifiers are available to be used in Weka software
package [14,15]. The classifiers were chosen based on
the results of the previous study [13]. This
experimental scheme has used the maximumclassification accuracy combination of the MCS [16].
Classification accuracy measures are used in entropy
operator
in Eq. (1).

Multiple Layer Perception classifier has performed
the best with the CCI of 71.43% and the Kappa
Coefficient of 0.67, while the Naïve Bayes produced
the CCI of 66.67% and the Kappa Coefficient of 0.61.
It shows that there is a slightly improvement in using
the qualitative features. for a conference, please
contact your conference editor concerning acceptable
word processor formats for your particular
conference.
TABLE 6. CCI VALUES USING THE THREE CLASSIFIERS

TP is True Positive and FP is False Positive. TPi j
represents the number of instances with class cj
correctly classified by classifier Ai . FPi j represents
the number of instances with class cj incorrectly
classified by classifier Ai . m is the number of
classifiers, Mi is the ith classifier and L is the number
of classes. From the previous study [13] the entropy
performance measure has the same value with the
Correctly Classification Instances (CCI) performance
value obtained from the Weka computation.
TABLE 7. KAPPA VALUES USING THE THREE CLASSIFIERS

Fig. 1. An Example of Normal Superficial Data.

III.

EXPERIMENTAL RESULTS AND ANALYSIS

Table 6 and Table 7 show the results of
classification using the three classifiers. Table 6
shows the value of the Weka Correctly Classification
Instances (CCI), and Table 7 shows the value of the
Kappa Coefficient classification performance
measures. Table 6 and Table 7 show that in all(7)class classification using the three classifiers, the
Naïve Bayes classifier performs the best. In the case
of 2-class classification, the Decision Tree J48
performs the best.
The experimental study shows that in all(7)-class
classification based on the qualitative features and
using the three classifiers with the Weka Correctly
Classification Instances (CCI) and Kappa Coefficient
classification performance measures, the Naïve Bayes
classifier performs the best with the CCI of 73.33%
and the Kappa Coefficient of 0.69. If it is compared
to the results of using the quantitative features, the

Table 8 shows the Pap smear cell classes that are
overlapping to each other. They include the class of
Normal Columnar (Kelas 3), Mild/Light Dysplasia
(Kelas 4), Moderate Dysplasia (Kelas 5), Severe
Dysplasia (Kelas 6), and Carcinoma In Situ (Kelas 7).
Further analysis based on the confusion matrix of
each classifier and using the Importance-Performance
Analysis [17] has been carried out. For each
classifier, a Cartesian coordinate system can be
constructed. The X axis represents the score of
confusion matrix for the quantitative-based
classification and the Y axis represents the score of
confusion
matrix for
the qualitative-based
classification. The origin of the coordinate system
represents the mean scores of quantitative and
qualitative-based scores. Typical Cartesian diagrams
for the three classifiers are shown in Fig. 2 to Fig. 4.

TABLE 8
CONFUSION MATRIX

Fig. 4. Cartesian diagram of Decision Tree J48
TABLE 9
QUADRANT MATRIX FOR THE THREE CLASSIFIERS

The Cartesian diagram can be divided into four
quadrants A, B, C, and D. Quadrant A explains that
the contribution of the quantitative features is not
satisfied. Quadrant B explains that the information
contribution of both quantitative and qualitative
features is optimal. Quadrant C explains that the
contribution of the qualitative features is not satisfied.
Quadrant D explains that the contribution of both
quantitative and qualitative features is superfluous, so
that the feature dimensionality may be reduced.
Using the Cartesian diagrams of the three classifiers,
a quadrant matrix of the three classifiers can be
summarized and shown in Table 9.

IV. CONCLUDING REMARKS
Table 6 and Table 7 show the following
conclusion. If the 2-class classification is required,
then the quantitative features performs the best with a
CCI of 96.67% and Kappa of 0.93 using Decision
Tree classifier; otherwise if the 7-class classification
is required, then the qualitative features performs the
best with a CCI of 73.33% and Kappa of 0.69 using
Naïve Bayes classifier.
The use of qualitative features can improve the
performance of the CCI approximately 2% to 7% and
of the Kappa coefficient approximately 0.02 to 0.08,
but it is still not too good. A further study in the Pap
smear cell image classification using a hierarchical
decision approach using both quantitative and
qualitative features has been carried out with the aid
of the confusion matrix information and the result of
the Importance-Performance Analysis.
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Abstract—A combination of a simple noise
impulse detector and a robust neuro-fuzzy (RNF)
network yields an effective filter for color image
that corrupted by impulse noise. This method
consists of 2 mode of operation, i.e. training and
testing (filtering). During training, the detector
impulse is employed to locate the noisy pixels in the
color image for optimizing the RNF network.
During testing, if a pixel is detected by the impulse
detector as the corrupted one then the trained RNF
network will output a new pixel value for replacing
the corrupted pixel.
This filter consists of two properties. First is the
use of an effective yet efficient simple impulse
detector in detecting noisy pixel in the color image
(feature selection). Second is the use of a
membership function in the adaptive RNF network
design, which makes the network robust to impulse
noise. Experimental result shows that this filter is
not only has the good ability of noise cancellation
and detail preservation but also possesses desirable
robustness and adaptive capability of filtering
noisy images with different characteristic (size and
color) from the image that is used in the training.
Index Terms-Color image processing, Multichannel
filter, Impulse noise, Neuro-fuzzy network.
I. INTRODUCTION

D

IGITAL IMAGES are often corrupted by noise
that occur during the acquisition and transmission
process. Noise in image could interfere the
information extraction from the image that lead into
false information retrieval. Because of that noise
cancellation and noise filtering are important task in
image processing, especially when the final result is
used for edge detection, image segmentation, and data
compression [8]. In recent year, some great progresses
are shown in development of noise attenuation
techniques for multichannel image [3], [4], [5], [7].
Differ from gray scale image, every pixel in
multichannel image are represented by three values
that can be considered as a vector in 3D space for
example RGB color space.
Image signals are composed by flat and drastically

changing areas, such as edges, which carry important
information in visual perception. In the case image
corruption by impulse noise, non-linear techniques
seem performing a better restoration than the linear
ones that blur the edges and degrade the lines, edges,
and other image details. A number of nonlinear
multichannel filters, which utilize correlation among
multivariate vectors using various distance measures,
have been proposed. The most popular multichannel
filters are based on the ordering of vectors [2] in a
predefined sliding window. The output of these filters
is defined as the lowest ranked vector according to a
specific ordering technique based on vectors’
directions and vectors’ magnitude. Vector median
filter (VMF) uses L1 or L2 norm for vectors ordering
based on the difference of relative distance. VMF
outputs the vector that minimizes the sum of distances
to all other vectors.
The combination of simple impulse detector and a
robust neuro-fuzzy network yields an effective
impulse noise filter for color image [1]. This method
consists of two modes of operation, training, and
testing. A simple impulse detector is employed to
locate the noisy pixel, so that the filtering process is
conducted only at location of noisy pixel. In that way,
the noise-free pixel will be remain unchanged and the
unnecessary complex computation can be avoided. In
other word, the impulse detector does the feature
selection process in the system. From the result of
experiment and the evaluation, this color image
filtering method has performed a good performance
and detail preservation and also has the desirable
robustness and adaptive ability.
The rest of this paper is organized as follows. In the
next Section, The preview of RNF network system is
described. Section 3 focuses on the simple impulse
noise detector. Section 4 presents the RNF network. In
Section 5, we provide the learning algorithm of RNF
network. Section 6 is devoted to the experiment.
Finally, main ideas,
results and future work are
summarized in the Conclusion Section.

II. BASIC CONCEPT
A. System Preview
The method that employed for filtering color image
that corrupted by impulse noise in this paper is the
combination of a simple impulse detector and a robust
neuro-fuzzy network (RNF). Based on figure 1, the
training procedure needs two images.

value to replace the corrupted noisy pixel. Otherwise,
if f ij  0 that pixel is remain unchanged.
B. Color Image and impulse Noise Model
Digital image I is an 8-bit multichannel digital
image with size r x c in RGB color space that can be
presented by a matrix that consist of vectors defined
by

xij 

where





T
xijR , xijG , xijB

(1)

 0,1,2,...,2553 is a 3x1

column vector that located in the position of (i,j) in the
Fig. 1. Training procedure

image I, and

xijR , xijG , and xijB is component in R, G,

The first image is the original training image and the
second one is the same image as the first image but in
the noisy version (corrupted by impulse noise). The
first image is used as a desirable target and the second
image is employed as an input. In the first step of
training, the impulse detector is utilized to find all
location of pixels in the noisy training image that
considered as noise. The impulse detector
will
generate a binary flag map matrix F  f ij rxc to

and B channel, respectively. The superscript T
denotes the matrix transpose operation.

indicate whether each pixel in the noisy image is noise
or not. If f ij  1 , pixel xij is corrupted by noise,

N F  (2  1) (  ,  =1,2,… assumed ND and NF are
odd) cover the image I at position (i,j) can be
represented by WD [ xij ] and WF [ xij ] as follow:

 

otherwise if f ij  0 , pixel xij is noise-free. Then, the
corrupted pixels will be the center of the filter window
for convolving the image. All of the pixels inside the
filter window that centered around xij with f ij  1 , are
used as inputs for the RNF network. The internal
parameters of RNF network will be optimized so that
its output converges to the value of corresponding
pixel in the original training image using the gradientdescent algorithm to minimize the error.

C. Detector Window and Filter Window
Detector window is a window that is used by
impulse detector when determining whether a pixel is
a noise or not. Filter window is used by RNF for noise
filtering.
An impulse window detector with size

N D  (2  1) 2 and

a

filter

window

with

size

2

(2)
where 1 ≤ i ≤ r and 1 ≤ j ≤ c, xij is the central vector
pixel in the impulse detector window WD [ xij ] or the
filter window WF [ xij ] . For convenience, the subset
pair index ij can be substituted by a running scalar
index, l  (i  1)  r  j . Hence, Eq. 2 can be rewritten
as:



WF(l )  x1(l ) , x2(l ) ,...,x N(l )

F



(3)

where NF is the number of pixel inside the filter
window with size (2  1) 2 and WF(l ) is a filter window
Fig. 2. Testing procedure

The second procedure is the testing (filtering)
procedure. As shown in figure 2, the impulse detector
is used to check whether each pixel in the testing
image is a noise or not. If a pixel is detected as a
noise ( f ij  1) the optimized RNF network through
training process will be triggered to output a new pixel

centered around pixel x(l) (i.e xij).
III. A SIMPLE IMPULSE NOISE DETECTOR
Impulse noise detector can be defined in such a
manner by noticing the prominent characteristic of
impulse noise, i.e. having the largest or the smallest
value among the other signals of each channel the
noise detection conducted by separately detecting

noise in each channel of image. For example, on
channel R from an image, the detector window

WD [ xijR ] moved in image I on channel R (the center of
signals WD [ xijR ] is xijR ) sequentially search for the
maximum

and

WD [ xijR ] window.

minimum
If

xijR equals

values

inside

to the maximum or

minimum values inside WD [ xijR ] , then xijR is assumed
as noisy pixel. In other word, mathematically, it can be
denoted as

Fig. 4. The Structure of RNF Network

B. Distance Layer
In this paper, a vector median filter (VMF) is
(4)

(l )
employed as the ideal reference signal ( xVM
), because

where, respectively, max( WD [ xijR ] ) and min( WD [ xijR ] )

it considered has a good performance in filtering color
image that is corrupted by impulse noise. Unlike the

is the maximum and the minimum values inside the

x (l )
conventional VMF, ( VM ) is the output of VMF that
minimizes the sum of distance to the other noise-free

detector window WD [ xijR ] . The noise distribution
corresponding to the channel R from the corrupted
image I can be represented by a binary matrix

 

FR  f ijR

rxc

. If f ijR equals 1, it implies that pixel

(l )
vectors. Thus, the distance between xi(l ) and xVM
, i.e.

d i(l ) can be defined as follow:

xijR is corrupted by image; otherwise, if f ijR  1 equals
0, xijR is noise-free. By observe FR, FG, and FB, if
pixel xij from any of channels from the color image is
considered as noise (in other word, f ijR or f ijG  1 or

f ijB  1 ), then pixel xij considered as noise. Noise
distribution that correspond to multichannel image I

 

can be described as F  f ij

rxc

(5)
where, the distance between the signal vector

xi(l ) and

(l )
the reference signal xVM
is denoted by . which is L2

norm
C. Membership Layer
The membership function u i(l ) denotes as follow:

, if fij equals 1, pixel xij

is corrupted by noise, otherwise if fij equals 0, pixel xij
is noise-free.
The impulse noise detector has several important
characteristics. The impulse noise detector can detect
all noisy pixel in a noisy image, but it can also
wrongly detect noise-free pixel as noisy one. The
accuracy of the detection increases as the detector
window size increases and the noise density increases.
The increasing accuracy can be seen from the
decreasing of misdetection number.
IV. ROBUST NEURO-FUZZY NETWORK
Structure of RNF network is composed of five
layers. Those layers are input layer, distance layer,
membership layer, weight layer, aggregation and
output layer. Structure of RNF network can be seen in
Figure 4.
A. Input Layer
Inputs for the RNF network are the pixel xi(l ) inside
the filter window WF centered around x(l) that has been
operated using the row-major method.

(6)
where α and β are positive constants that give shape
characteristic of the membership function, λi and ci are
scalars parameter that optimized through training.
A preview of membership function is shown in
Figure 5 with the given parameters values
  41,   7, i  1, and ci  0.
D. Weight Layer
The formula that is used to determine the weight of
each input signal to the output of RNF network is
shown below:

(7)
In weighting, there are two constraints that are
necessary to ensure the output as an unbiased
estimator has to be satisfied. The first constraint is
each weight is a positive number, wi(l )  0 ; and the
second constraint, the summation of all weights is

NF

equal to unify,

w

(l )
i

 1 , which can be considered as

i 1

(12)

a normalization step.
E. Aggregation and Output Layer
The output of RNF network is formulated as
following:
(8)
where,

(13)
(9)

 i1 and  i 2 is vector-valued parameters that are
optimized by the training process. The conclusion that
can be drawn from Eq. (8) and (9) that the output of
RNF comes from the weighting average of yi(l ) which
is a linear function from the input vector xi(l ) inside the
filter window WFi(l ) .
V. LEARNING ALGORITHM
The RNF network internal parameters  i1 and

 i 2 from Eq. (9) and, λi and ci from Eq. (6) are
adaptively optimized by the training using the
gradient-descent algorithm. The error function can be
written as follow:

(14)
where η1 and η2 are small positive numbers that are
called learning rate parameters.
The training’s output parameters  i1 ,  i 2 , λi, and ci
can be done by calculate the difference of error from
Eq. (10):
minError  E (k )  E (k  l )
(15)
if

minError  E (k )  E (k  l )

smaller

than

previous minError, then the parameters
(10)
where Yd(l ) is the desired vector in the original training
image that correspond to x (l ) and Y (l ) is the output of
RNF network. In order to minimize E (l ) ,  i1 (k ) ,

 i 2 (k ) , i (k ) , and ci (k ) are computed using the
following update equation:

the

 i1 (k ) ,

 i 2 (k ) , i (k ) , and ci (k ) are chosen as the output of
the training process. The training process will stop if
the n desired number of training iteration is reached or
when the learning process achieves satisfactory
performance (by determining threshold value for
minError, if the value of minError is smaller than the
threshold then the training process can be stopped).
VI. EXPERIMENTS

Fig. 5. The characteristic of the membership function

(11)

The conducted experiments are related to the
experiment of learning rate value, and the relation of
the variation of filter window size in training process
to the performance of the testing/filtering process.
A. Experiment of the Learning Rate
This experiment scenario is done by varying the
values of the learning rate parameters η1 and η2 in the
training process of a 256 x 256 “Lena” image. The
learning rate value is chosen in range [0.001, 0.00001]
and then we observe how the training processes run.
The training is conducted using 5x5 and 7x7 window
filter size. After several training processes, the
training process using 5x5 window filter, can be
completed when the learning rate parameters η1
and η2 equal or smaller to 0.0001. When the learning
rate value larger than 0.0001, the training process will
meet a failure. The training process using 7x7

window filter starts to work when the learning rate
parameter smaller or equal to 0.0005.

Fig. 6. Graphic of NMSE in learning rate variation experiment

Several learning rate parameters are chosen, i.e.
0.0005, 0.00025, 0.0001, 0.00005, 0.000025, and
0.00001. And then, those learning rate values were
used in training process with 7x7 window filter size
for 10 iterations. In Figure 6, all of the training
processes show that they are all converging but at the
different speed. The first learning rate, 0.0005, has a
good starting point of NMSE, but its NMSE decrease
slower than the other does. In the other hand, the last
learning rate, 0.00001, has the worst starting point
NMSE, but it has the fastest speed of converging.
From this experiment, I would suggest, it is a good
thing to find the starting point of learning rate where
the training process could be completed, then from
there try to find the learning rate values that has the
fastest speed of converging.
B. Experiment by Varying the Size of Window Filter
in the Training Process
This experiment scenario is conducted by training
4 filters with this several rules.
1. A 256 x 256 “Lena” image is used as the training
image by corrupting it with 20% impulse noise ratio.
The size of filter window used in the training is 5x5.
This filter is called L5-20.
2. A 256 x 256 “Lena” image is used as the training
image by corrupting it with 20% impulse noise ratio.
The size of filter window used in the training is 7x7.
This filter is called L7-20.
3. A 256 x 256 “Baboon” image is used as the
training image by corrupting it with 20% impulse
noise ratio. The size of filter window used in the
training is 5x5. This filter is called B5-20.
4. A 256 x 256 “Baboon” image is used as the
training image by corrupting it with 20% impulse
noise ratio. The size of filter window used in the
training is 7x7. This filter is called B7-20.
This four trained filters and a vector median filter
are employed for filtering “Lena” image with 4, 6, 8,
10, and 20% impulse noise ratio. Then the

performance of each filter is compared one to another
by calculating the NMSEs.

Fig. 7. Graphic of NMSE on Lena testing image with variation
of filter window size

From Figure 7, the experiment shows that the
VMF’s performance still inferior (it has the biggest
NMSE value) to the others RNF network based filter.
If we look the four filters from the training image they
use, they can be categorized into two categories. The
first is the filters which using “Lena” image (L5-20
and L7-20) and the second is which using “Baboon”
image (B5-20 and B7-20). Both categories show good
performance, but still the first category has the better
one. If we look the four filters from the size of
window filter they used, they can be categorized into
two categories. The first is the filters which using 5x5
window filter and the second is which using 7x7
window filter. The first category shows better
performance than the second category. And the of all
is the L5-20 filter which using “Lena” image as
training image and using 5x5 window filter. From this
experiment, the RNF network filter performance
critically depends on the training image that used in
training process and the size of window filter.
C. The Filtering
RNF network filter has a robust and adaptive
capability of filtering the impulse noise in noisy
images. The filter L5-20 from the previous subsection
is employed to filter a 256x256 “Baboon” image
corrupted by 20% impulse noise and a 640x480
“Rere” image corrupted by 20% impulse noise as seen
respectively in Figure 8 and Figure 9.
In Figure 8, the L5-20 filter showed a
good
performance with 0.017 for the NMSE and 44.406
seconds of filtering time. While the VMF got 0.0332
for the NMSE and 133.031 seconds of filtering time.
Figure 9 shows that the filtering results of L5-20 filter
and VMF nearly close with NMSE scores 0.0035 and
.0033, respectively. But still, the L5-20 filter had
shorter filtering time with 52.219 seconds,
while
VMF got 158.219 seconds. The RNF network filter
always shows faster filtering time than the VMF
because it only works on the noisy pixel that is

located by the impulse detector. So it can save much
time and avoid unnecessary complex computation.
VII. CONCLUSION
From the conducted experiment and analysing the
testing result of the filtering system for color image
that is degraded by impulse noise by robust neurofuzzy network, we can draw several conclusions. The
choosing of learning rate value is depended of several
factors, i.e.: the characteristic of the image that is used
in the training process, filter window size that is used
in the training. The learning rate value that we suggest
to used for the training process with filter window size
5x5 is [0.0001,0.00001], and for filter window with
size of 7x7 is [0.0005,0.00001].
The usage smaller size of filter window has shown a
better performance than the bigger one. This noise
filtering image has adaptive ability, although in the
training process using a varying of filter window size,
but overall it can perform a very good filtering
performance. This method
can also be used for
filtering image that has a lot of different characteristic
from the used training image.
In future this method of color image filtering based
on RNF network also can be used to filter a different
noise model like Gaussian or mixed noise. Developing
of more accurate noise detector is needed. And the
last, the usage of the better vector reference will
increase the performance of this filter.

(a)

(c)

(b)

(d)

Fig. 8. (a) original Baboon image. (b) image (a) corrupted by
20% impulse noise. (c) result of image (b) after filtered by RNF
network filter. (d) result of image (b) after filtered by VMF.

(a)

(b)

(c)

(d)
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Abstract–In this paper efforts to quantify the
surface roughness based on texture analysis will be
reported. The quantification is done using method of
grey level co-occurrence matrix (GLCM). Texture
features are extracted from GLCM, and analysed by
using statistical correlation to examine their
correlation to the particle diameter size. For
quantification purposes, a criterion of correlation
coefficient r 0.9 is determined for a maximum
correlation. Four texture features fulfilled such a
criterion, i.e. the correlation (d=5, θ=135o),
information correlation 2
(d=4,
θ=135o),
homogeneity (d=2, θ=0o), information correlation 1
(d=4, θ=135o). Among these four features, only the
first two features are the most suitable to be the best
descriptors for quantifying the surface roughness.
I. INTRODUCTION

Q

uantification of surface roughness has many
importances in many
science
and
engineering applications. Among others are in the
field of medical diagnostics and materials processing
[6, 11]. Several methods have been developed
nowadays for quantification, i.e. which are based on
phase shifting interferometry [1], atomic force
microscopy, stereo scanning electron microscopy, laser
confocal scanning microscopy [7], as well as the one
based on digital image processing.
In the digital image processing,
object’s
information of shape, color, as well as texture are coded
into changes in intensity and color information. Any
variation in intensity and color that related to textural
information is due to variation in roughness of an object
surface [5]. The intensity variation can also be described
as variation of grey levels in a neighborhood of a pixel,
where the size of the neighborhood depends on the size
of the fundamental textural element. This textural
element is generally known as a texton [13].
The analysis of textural information is known as a
texture analysis, which refers to a class of
mathematical models and procedures being used to
characterize the spatial variations within a digital
image, as a mode of information extraction [17].
Several methods have already developed for the
texture analysis
application, i.e.
statistical,
geometrical, structural, as well as a model-based and
signal processing features [18].
In this paper, quantification of surface roughness
based on statistical texture analysis will be described.
.

The method used is the grey level co-occurrence
matrix (GLCM), as one of the most well known and
widely used method in texture analysis [8].
The GLCM explains how often a gray level occurs at
a pixel located at a fixed geometric position relative to
its neighborhood pixels i.e. described as a joint
probability distribution from pair of pixels [17]. The
extracted information by GLCM will correlate to
surface roughness variability. The GLCM has several
features of extraction, known as texture features [8],
among others
are
angular second
moment/energy/uniformity, contrast, correlation,
variance, inverse difference moment/homogeneity,
sum average, sum variance, sum entropy, entropy,
difference variance, difference entropy, information
correlation measurement 1 and information correlation
measurement 2. Other features like cluster prominence
and cluster shade [16], dissimilarity, maximum
probability, inverse difference normalized, and inverse
difference moment normalized [4] would be
additionally advantageous. A statistical correlation
analysis will be used to identify the texture features
which show a maximum correlation with surface
roughness. These texture features would be the best
descriptors for quantifying the state of surface
roughness..
II. SURFACE ROUGHNESS
The terminology surface roughness is normally used
as a measure of a finer surface irregularity in the
surface texture. It is also stated as a result of the
existence of peaks and valleys in the surface [19]. As
shown in Fig 1, the surface roughness is quantified as
the arithmetic average deviation of the surface valleys
and peaks.

Fig. 1 Explanatory sketch for surface roughness

One example of material to best describe the
surface roughness is an abrasive paper. The
roughness levels of abrasive papers depend on
their size particles, and usually measured as grit.
The higher the grit value, the smoother the
surface of the abrasive paper. The CAMI, Coated
Abrasives Manufacturers
Institute
(North
America), compares the grit level with particle size
as shown in table 1.
Table 1
Comparison between grit levels with particle size

Grit
GR60
GR80
GR100
GR120
GR180
GR220
GR240
GR280
GR320
GR400
GR500
GR800

Diameter (micron)
268.0
192.0
141.0
116.0
78.0
66.0
53.5
44.0
36.0
23.6
19.7
12.3

and that of pixel (x2, y2) be of value j. P(i,j,d,a) is the
probability that grey level I and gray level j co-occur
for a given distance d and orientation θ.
The mathematical modeling/equation of the grey
level co-occurrence matrix can be written as:

where # denotes the number of elements in the set,
G is grey level. Examples of the grey level
co- occurrence matrix at distance d=1 and using four
orientations, θ = 0, 45, 90 and 135 degrees is shown
in Fig.3.

Fig. 3 Grey level co-occurrence matrix at d=1 and θ=0, 45, 90
and 135 degrees [9]

III. TEXTURE ANALYSIS
According to the Collins English Dictionary, a
texture is the structure, appearance, and feel of a
woven fabric, the surface of a material especially as
perceived by the sense of touch; the general structure
and disposition of the constituent parts of something.
Haralick [8] described texture as the coarseness,
homogeneity, and orientation of image structure.
Texture analysis is then a quantification and use of an
image for extracting texture properties. It is the basis
of many image processing operations such as
classification, segmentation and synthesis of textured
images [20]. One of the most famous methods in
texture analysis is the grey level co-occurrence matrix
[8].
The gray level co-occurrence matrix is based on
the estimation of the second-order joint conditional
probability density functions, P(i,j,d,a) [15]. Consider
a pair of pixels, (x1,y1), and (x2, y2) in a texture
image, that are separated by a distance d and angle θ
with respect to the horizontal axis, as shown in Fig. 2.

Fig. 2 Distance and Orientation of GLCM [13]

Let the gray level of pixel (x1,y1) be of value i,

From the GLCM created, several texture features
can be computed. The computation of the texture
features based on the mathematical equations (3)–(18)
which described in Haralick [8], equations (22)-(23)
which described in Soh and Tsoulis [16], and
equations (24)-(28) which described in Clausi [4].
These equations can be listed below:

Fig. 4 Images of abrasive paper with (a) Grit 120 (b) Grit 80

The original images captured are 1280 x 1024
pixels and image preprocessing is applied to all
images. These images are then transformed into grey
scale and resized into 250 x 250 pixels. The next step
would be creating the GLCM of the images based on
equation (1). The GLCM created had eight grey
levels, so there would be 8 x 8 matrices of GLCM.
Two examples of the GLCM are shown in Fig 5 and
Fig 6 respectively.

Fig. 5 GLCM of Image Grit 60 at d=1 and θ=0 degree

Fig. 6 GLCM of Image Grit 60 at d=1 and θ=45 degrees

The extraction of nineteen texture features based on
equations (3)-(28) are done for several specific
distance and orientation parameters. The orientations
used are 0, 45, 90, and 135 degrees [3], whilst values
for the distance are 1, 2, 3, 4, 5, 10, 15, and 20 [2, 10,
12, 14]. A statistical correlation analysis is the
performed (assuming that the data of extracted texture
features are linear and independent variable), and the
texture features which show a maximum correlation to
the surface roughness changes can be determined.
IV. HELPFUL HINTS

IV. METHODS
Twelve abrasive papers, as listed in table 1, are
captured using a stereo microscope Olympus SZ11 –
which integrated with a CCD Camera of Olympus
OLY-220. The magnification of the microscope
is 50x, and a constant illumination system is used.
Two sample images of them are depicted in Fig 4.

V. RESULTS AND DISCUSSION
Accomplishing the statistical correlation analysis.
on extracted GLCM texture features (at several
values of d = 1, 2, 3, 4, 5, 10, 15, and 20; as well as θ
= 0, 45, 90, and 135 degrees) to the particle diameter
size, all the correlation coefficients can be obtained.
Some features (with respective specific values of d
and θ, as well as the calculated correlation coefficient
r) are depicted in Table 2.

Table 2
Texture Features at specific d and θ
with their Coefficient Correlation

Fig. 7 Relationship of four prominent texture features with
particle diameter size

A maximum correlations are then determined by
using a criterion, i.e. that the magnitude of correlation
coefficient must be greater than 0.9. Applying such
criteria to the all of the analyzed data, the respective
features that fulfilled this criterion can be tabulated in
Table 3.
Table 3
Four Texture Features at specific d and θ
which shows maximum correlation with the surface roughness

The graphs shows how the four texture
features, which have maximum correllation
coefficients (as determined by the criterion) relate to
the particle diameter size. The gradual incremental
change of the particle diameter size will affect to the
change of surface coarsness. In general sense, the
higher the diameter size of forming particles, the
coarser will be the surface. It is also normally said
that the coarser the surface, the higher the level of its
roughness.
All of the four above feature show linearity
relationship. Among the four, only two features that
additionally show a higher slope. In terms
of measurement principle, these higher linearity
slope implies a better sensitivity. The magnitudes
of these slopes are 1.97.10-3 and 1.91.10-3 for the
respective texture features of correlation and
information correlation-2, meanwhile the other two
are 6.89.10-4 and 4.27.10-4 for texture features
of information correlation-1 and homogeneity.
In this regard, the work shows that the texture
features of correlation and information correlation-2
can be used as best descriptor in determining the
textural-coarseness (roughness) state by using the
texture analysis which is based on GLCM method.
This result is quite promising to be used as a
determining relationship in developing future texture
images based surface roughness measurement system.
VI. CONCLUSION AND FUTURE WORK

Pattern of relationship of these four texture features
to the particle size diameters can be shown in the
following graphs.

The work shows that texture image analysis can be
well implemented to determine the roughness level
of a surface. Among the texture features extracted
using the GLCM method, only two features that
most suitable (in terms of linearity and sensitivity)
for surface’s roughness quantification purposes.
They are the correlation (d=5, θ=135o) and
information correlation-2 (d=4, θ=135o).
Future work will be devoted to develop a

controlled calibration of these two features, in
order to obtain an accurate correllation with the
surface roughness variables. This
step
is
regarded important to be accomplished, prior
to implementing this roughness measurement
method to our studies in dental erosion process.
The artificial neural network and other expert
systems algorithms will be integrated to benefit
this future research.
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Application of Particle Swarm Optimization for Edge
Detection of Molten Pool in Aluminum Pipe Welding
Ario Sunar Baskoro, Rui Masuda and Yasuo Suga

Abstract–This paper proposes a study on
application of particle swarm optimization for
edge detection of image molten pool in aluminum
pipe welding. As circumferential butt-welded
pipes are frequently used in power stations,
offshore structures, and process industries, it is
requires advance technique of welding monitoring
process. The research was conducted for welding
of aluminum alloy Al6063S-T6 with controlled
welding speed and Charge-couple Device (CCD)
camera as vision sensor. Omnivision-based
monitoring using hyperboloidal mirror was
used to detect the molten pool. In this paper,
we propose optimized brightness range for
detecting molten pool edge using particle swarm
optimization. The value of the brightness range is
applied into the real time control system using
fuzzy inference system. The experimental result
shows the effectiveness of the image processing
algorithm and control process.

Fig. 1. Schematic of TIG welding process.

I. INTRODUCTION

R

ECENTLY, arc welding process of aluminum
alloys is important in the automotive and maritime
sectors, and has potential for high strength aerospace
alloys due to lighter and cheaper structures.
Automation of welding process has become
increasingly important in the need for higher weld
quality and reduced manufacturing cost. Advanced
welding technology offers the reduced manufacturing
cost, however its use requires a means of sensing and
monitoring for error in the part. Tungsten Inert Gas
(TIG) welding is one of the frequently used, primarily
because their optimums weld quality, minimum
distortion, operatively in all positions, and good
visibility because the gas around the arc is transparent
and weld pool is clean. Figure 1 shows the schematic
of TIG welding process. In welding fixed pipe as
shown in Fig. 2, the excessive arc current yields melt
down 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

Fig. 2. Schematic of pipe welding.

proceeds.
The difficulty to control arc welding process is how
to detect weld pool geometrical features, such as weld
bead width and penetration. Various efforts have been
made to sense weld pool sizes in real-time from the
topside, such as ultrasonic detection, infrared sensing,
pool image processing, and radiographic sensing to
produce weld quality control [1][2][3]. The previous
researches using the welding system with plain mirror
to reflect the backside image of molten pool has been
successfully conducted to weld stainless steel pipe [4],
and to aluminum pipe [5][6]. In this study we propose
new method of monitoring using omnidirectional
vision-based molten pool monitoring [6]. The
monitoring system was constructed by hyperboloidal
mirror and CCD camera. However, compared to the
detected stainless steel’s image, image of aluminum
molten pool has very low brightness. Therefore, new

technique of optimization in detecting edge of molten
pool was proposed in this paper.

welding machine.
A CCD camera was used for monitoring of molten
pool and sent the image to personal computer through
the image digitizer. The backside image of molten
pool was processed in the personal computer to detect
the image parameter of molten pool. Base metal used
in this experiment was aluminum alloy pipe A6063ST5. Pulsed TIG AC welding machine with squarewave current and pure argon shielding gas was used.
The material properties and welding conditions was
shown in Table 1.
TABLE 1
MATERIAL PROPERTIES AND WELDING CONDITIONS

Fig. 3. Welding experiment system.

Particle Swarm Optimization (PSO) is widely used
optimization method in evolutionary computation.
PSO [7]-[9] is a population-based search algorithm
and is initialized with a population of random
solution, called particles. Unlike the other
evolutionary computation techniques, each particle in
PSO is also associated with a velocity which is
dynamically adjusted according to the flying
experience of its own and its companions. Therefore, a
population of particles is updated on a basis of
information about each particles previous best
performance and the best particle in the population
[10]. A lot of research results have been reported in
the literature [7]-[9].
In this experiment, image processing algorithm was
conducted by transforming the original image of
molten pool into panorama image. In application of
the edge detection of molten pool, a method for
determining brightness range values for edge detection
using PSO was proposed. This new search method
could reduce the computational cost and error of
detection. Then, the brightness range values were
applied to the control system to obtain the
performance of image processing algorithm.
The rest of this paper is organized as follows; the
edge detection of molten pool is described in Section
2. Later in Section 3, the experimental results is
presented. Finally, section 4 summarized this paper.
II. EDGE DETECTION OF MOLTEN POOL

Base metal
Diameter of pipe (mm)
Thickness of pipe (mm)
Density (g/cm3)
Melting point (oC)
Thermal conductivity (W/m.K at 25oC)
Welding machine
Electrode
( 2.4 mm) Nominal arc length (mm)
Welding current, I (A)
Welding speed, v (cm/min)
Shielding gas
Shielding gas, q (l/min)

Al-6063S-T5
37.8
2.0
2.69
615-655
209
AC
2% Th-W
1.5
50 ~ 70
12 ~ 20
100% Ar
8 ~ 15

B. Monitoring of Molten Pool
In order to capture the backside molten pool image,
hyperboloidal mirror was used for acquisition of
reflected image from mirror. The schematic of
monitoring system is shown in Fig. 4 (a). The
hyperboloidal mirror reflects the molten pool image
into the CCD camera. Fig. 4 (b) presents the result
after transformation process of original image into
panorama image using proposed equation in [6][11].
Flowchart of image processing algorithm was
shown in Fig. 5. 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. The focus of the
optimization will be on the histogram analysis process.
In this step, the histogram analysis process was
conducted. The frequency of brightness value of the
image, the brightness average, gavg and accumulation
of the percentage of brightness average, pavg were
obtained by the Eq. (1) and (2), respectively [5].
i  255

A. Experiment Device
The experimental device used in this experiment, is
shown in Fig. 3. The overall system consists of the
circumferential welding system, CCD camera and
the
image
digitizer (256×220pixels, 8bit), the
personal computer (CPU: 700MHz), stepping motors
for movement of the welding torch, arc current
measurement equipment, the gearbox, and the TIG

g avg 

  f i   i 
i 0

(1)

i  255

i
i 0
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pavg 
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 f i 
i 0

 100%

(2)

Fig. 4. Monitoring of molten pool

Fig. 6. Histogram analysis for edge detection.

From Eq. (3) and (4), we can find the brightness of
outer and inner, gout and gin as shown in Fig. 6 (b).
The range between gout and gin will be defined as
brightness range for determining edge of molten pool.
Then, vertical scanning in set window was performed
to find the edge. In this study, the values of pout
and pin will be optimized using PSO to find the
minimum error of detected width.

Fig. 5. Flowchart of image processing

where:
f (i) = the frequency of brightness at i.
By adding the percentage at brightness average,
pavg, with some values which are difference
percentage
of
outer brightness (pout) and
difference percentage of inner brightness (pin), the
value of percentage of outer (pout) and inner
brightness (pin) could be determined as shown in Eq.
(3) and (4), respectively.
pout  pavg  pout (%)
(1)
pin  pavg  pin (%)

(2)

Fig. 6 (a) illustrate the image of molten pool. The
edge of molten pool is aligned between the outer and
inner brightness. The cumulative percentage of
brightness frequency is shown in Fig. 6 (b).

C. Monitoring of Molten Pool
PSO was developed by Edward and Kennedy in
1995. The process behind the algorithm was inspired
by the social behavior of animals, such as bird
flocking or fish schooling. PSO is similar to the
continuous GA in that it begins with a random
population matrix. However, unlike the GA, PSO has
no evolution operators such as crossover and mutation.
The rows in the matrix are called particles that contain
the variable values and are not binary encoded. Each
particle moves about the cost surface with a
velocity. The particles update their velocities and
positions based on the local and global

Fig. 8. Edge detection of molten pool in set window using PSO at 
= 270o and iteration is 10.

Fig. 9. Edge detection of molten pool in set window using PSO at 
= 90o and iteration is 20
Fig. 7. Flowchart of edge detection of molten pool using PSO

solutions:
old
localbest
vmnew
 pmold,n )  (5)
,n    vm ,n  1  r1  ( pm ,n
2  r2  ( pmglobalbest
 pmold,n )
,n
old
new
pmnew
,n  pm ,n  vm ,n (6)

where
vm,n = particle velocity
 = inertia weight
pm,n = particle variables
r1,r2 = independent uniform random numbers
1 = 2 = learning factors

pmlocalbest
= best local solution
,n
pmglobalbest
= best global solution
,n
The algorithm updates the velocity vector for each
particle then adds that velocity to the particle position
or values. Velocity updates are influenced by both the
best global solution associated with the lowest cost
ever found by a particle and the best local solution
associated with the lowest cost in the present
population. If the best local solution has a cost less than
the cost of the current global solution, then the best
local solution replaces the best global solution. The
particle velocity is reminiscent of local minimizers that
use derivative information, because velocity is the
derivative of position. The constant 1 and 2 is
called the cognitive parameter and the
social
parameter, respectively. The advantages of PSO are
that it is easy to implement and there are few
parameters to adjust [10].
D. Edge Detection
In order to apply PSO for edge detection, each

particle in PSO represents the percentage outer
(pout) and inner brightness (pin). The fitness function
value defined as error of edge detection is
calculated by the following equation,

w 
f  1  e   100%
(7 )
wt 

where wc and wt are the computed width and
corresponding target of width, respectively.
Therefore, the problem result is the minimization
problem. The dimensional search space for PSO is
limited to the percentage of brightness from 90% to
100% which the value of brightness values of 25 –
255 were aligned. As shown in Fig. 7, based on their
fitness, agents in population are guided by position
and speed of PSO or Eq. (5) and (6). New p out and
pin generated by PSO. The algorithm is stopped
when satisfied by two conditions: 1) Minimum
error of edge detection – the detection value
of the best agent is below the given threshold
(1x10-3%), or 2) the maximum iteration number is
reached.

III. EXPERIMENT RESULTS
A. Image Processing Optimization
This subsection presents experiment results of
image processing optimization on edge detection
using the proposed method. The experiment condition:
- Original image size is 256 x 220 pixels
- Panorama image size is 512 x 186 pixels
- Maximum set window size is 150 x 100 pixels
PSO condition:
- 1 = 2 = learning factors = 2
Figure 8 shows the comparison of experiment
results using PSO at  = 270o and iteration is 10.
PSO can determine low error of detection. The same

results also show the good detection of molten pool
edge as shown in Fig. 9. The detection was conducted
at  = 90 and iteration is 20. The method can detect
the edge with low error of edge detection.
Figure 10 (a) shows the graphics of population size
– cost of fitness function in maximum iteration is 10.
The PSO can achieve the minimum cost at 3.38% at
the population size is 16. Figure 10 (b) shows the
graphics of population size – cost of fitness function in
maximum iteration is 20. At minimum cost of 3.38%,
PSO has reached population size is 8.
Fig. 11. The generation of population average, population best and
global best at maximum iteration number is 20 and rotation angle is
270o.

Fig. 12. The result of measured back bead width from experiment,
and PSO approximation, and error of detection

detect the molten pool width with good approximation
PSO achieved the RMSE of 1 mm and the standard
deviation was 0.5 mm. The cause of the errors might
come from the detected threshold values as the
brightness range for scanning the edge of molten pool.
Very low brightness of molten pool also generated
poor detection of threshold values; therefore the edge
detection could be failed.
Fig. 10. The population size versus the fitness function cost.

From the optimization process, the result shows that
PSO can optimize the brightness range. The example
of generation of population average, population best
and global best at maximum iteration number is 20
and rotation angle is 270o in PSO is shown in Figure
11.
After optimizing 10 data of pout and pin generated by
PSO, the values of pout and pin calculated from
Eq. (3) and (4) were averaged. The average values of
pout and pout from PSO were 0.14% and 0.79%,
respectively. These values were used for the proposed
image processing algorithm. Results of detected edge
using PSO is shown in Fig. 12.
Figure 12 shows the relation between measured
back bead width and detected molten pool width.
Image resolution is 0.093 mm/pixel. It is clearly seen
that image processing algorithm using PSO could

B. Fuzzy Control
This section presents experiment with control using a
fuzzy inference system. Welding
process
was
conducted autogenously for 360o of circumference
and in fixed position of pipe. In constant welding
current of 60 A, the torch started to initiate the arc
until the initial penetration was produced. The
experiment with control was conducted using fuzzy
inference system as control system [5][6]. The output
of the image processing which is the width of molten
pool, w will become the input of fuzzy control. The
output of fuzzy control is the correction of welding
speed.
In this study, the proposed fuzzy control had two
variables to be fuzzified. One was an error (en), which
was the difference of back bead width (wn) at the
concerned time step (n) from the reference back bead
width.

Fig. 13. Fuzzy sets and decision table for fuzzy control of welding
speed.

(wr):
en = wr – wn

(8)

where wr was set at 5 mm.
The other variable was the change of an error
defined as:


en+1 = wn+1 – wn

(9)

Three kind of membership (N – Negative, Z –
Zero, P – Positive) and triangular membership
functions were used to fuzzify the inputs. Figure 13
(a), (b), (c) shows the membership functions and
ranges for each fuzzy variable. Figure 13 (d)
presents the decision table for the fuzzy control of
welding speed.
C. Result and Discussion
In control experiment, to produce stable arc
condition, the welding speed of 7 cm/min at  = 0o
– 45o was kept constant. Figure 14 shows the
experiment result using control with PSO.
The result of back bead width and welding speed
using fuzzy controller is shown in Fig. 14 (a). It is
shown that fuzzy control could determine the
correction of welding speed to keep the back bead
width in the target range of 51 mm. The result of
experiment with control has the average error is 0.3
mm and standard deviation of 0.4 mm. The back bead
width increases slightly due to the starting speed. Back
bead width is kept stable by maintaining the welding
speed around 8 – 12.5 cm/min. Back bead appearance
is shown in Fig. 14 (b).
In general, the proposed automatic welding system
produced sound weld of aluminum pipes by
monitoring backside image of molten pool using
omnidirectional camera.

Fig. 14. Result of experiment with control.

IV. CONCLUSIONS
The conclusions of this paper are summarized as
follows:
 This research proposes edge detection of molten
pool in fixed pipe welding using PSO. The
brightness range for edge
detection
was
constructed using the percentage of outer
brightness (pout) and inner brightness (pin).
 The experimental results shows that the
proposed method can detect edge of molten pool
with minimum error. The method can perform the
optimization of brightness range; reduce the
computational cost and time consumption.
 PSO optimized image processing algorithm was
applied into the real time process using
omnidirectional vision-based monitoring of
molten pool. From the experimental results using
fuzzy inference system, it shows the effectiveness
of image processing algorithm and the control
system.
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Abstract— This paper presents the results of a
preliminary study on batik texture features based on
keyblock framework, as an effort to improve the results
of the previous study on the development of contentbased image retrieval system based on Gabor filter
features for batik application.
In this preliminary
study, a codebook is built using the keyblock features
for encoding and decoding images. The encoding image
is represented in a one dimensional matrix form that is
analogous to a set of keyword in text retrieval system.
We conducted decoding image to reconstruct encoded
image. The performance measure root-mean-square
error of the reconstructed image was used to evaluate
the performance of the keyblock framework on batik
images. The pixel gray level intensity of the original
batik images ranges from 7 to 255 and 15 to 243 for the
reconstructed batik image. Their histograms consist of
ten peaks and each peak is separated from its neighbor
peak by approximately 5 to 15 gray levels. Using a
limited 44 batik sample data, an average gray level
RMS error which is between 8 and 10 depending on the
codebook size seems to be tolerable in the sense that it
relatively does not degrade the reconstructed image
quality. Preliminary results in the use of the keyblock
and codebook framework in the content-based image
retrieval system based on the simple cosine similarity
show a promising result with a precision ranges from
70% to 93% using several keyblock sizes and codebook
sizes.

texture, and shape features [2]. The actual focus of
the research in the image retrieval system based on
content is the effectiveness to obtain relevant
retrieved images.
Texture features have an important role in retrieval
system, because it belongs to the one of the main
component in human visual perception. Human
being can easily recognize textures even though it is
not easy to describe texture features compared to
other features. Unlike color feature, texture describes
a region characteristic instead of just a pixel
characteristic. Texture features can describe among
others directionality, roughness, regularity, and
contrast. Feature extraction and selection process
usually involves in the use of texture features.
This paper presents a study of batik texture features
based on keyblock framework. A codebook is built
for encoding and decoding images. The encoding
image is represented in a one dimensional matrix
form that is analogous to a set of keyword in text
retrieval system. We conducted decoding image to
reconstruct encoded image and calculate root-meansquare error of the result image to evaluate the
performance of keyblock framework on batik images.
The experiment is conducted based on MATLAB
software package and has used 44 batik images.

I. INTRODUCTION

D

IGITAL images become very important
nowadays. It is reflected by the increasing use of
digital images in the World-Wide Web. Users with
diverse backgrounds have accessed and manipulated
images that stored in the server [1]. The system
query and image database browsing based on content
are not always giving satisfied results due to the
image understanding complexity and the variety of
applications. The system should also able to satisfy
the efficiency and accuracy requirements. Image
retrieval system based on content becomes and
important research area nowadays.
If Query by example is a typical query method that
input an example image to the system, and the system
will give a list of similar images from its database.
The similarity measures are defined based on color,

II. TEXTURE FEATURES
Texture is an important feature of natural objects
such as forest and textile.
Texture contains
information of structural arrangement of a surface
and its relation to the surrounding environment. It is
easy for a human being to recognize texture but it is
difficult for a digital computer to define.
A digital image I can be represented as a twodimensional array. Let Lx = {1, 2, ..., Nx} and Ly =
{1, 2, ..., Ny} be spatial data, hence the digital image
I has a spatial resolution of Lx x Ly or has Lx x Ly
resolution cells (pixels). An image I is a function that
maps gray levels G ϵ {1, 2, ..., Ng} to each resolution
cell, I : Lx x Ly  G. Gray levels show the variations
of darkness and lightness of an image cell, while
texture values represent the statistics or the spatial

distribution of gray levels.
Texture values have a strong relation to the spatial
distribution of gray levels, but either one can
dominate each other. While a small segment of an
image has relatively small variation of gray level
values, then the dominant property is the gray level.
If the variation of gray level values increase, then
texture becomes the dominant property [3]. An
important property of texture feature is the spatial
pattern of a gray-level-pixel area. If there is no
spatial pattern and the gray-level range is wide, then
the texture is smooth. If there is a clear spatial
pattern and has more numbers of gray levels, then the
texture is rough. Various types of texture can be
obtained in [4].
III. KEYBLOCK FRAMEWORK
The concept of a dictionary and keywords has been
success in the applications of text-based retrieval
system in Yahoo, Lycos dan Google. Analogous
approach based on a codebook and keyblock has been
firstly introduced by L. Zhu et al. [5] for image-based
retrieval system in 2002. An image is divided into
the same size of image segments (blocks). Vector
quantization clustering (VQ) approach such as
Generalized Lloyd Algorithm (GLA) Pair Wise
Nearest Neighbor Algorithm (PNNA) is used to
determine keyblocks and form a codebook that
represents each block of every image in an image
database. Fig. 1 shows a block diagram of the feature
extraction process based on keyblock [5].

similar block in the codebook. Finally, all images in
the database can be replaced by low dimensional
feature vector referring to the index of keyblock in the
codebook. A reconstruction of an image can be
approximated using its feature vector (see Fig. 2).
The concept of a dictionary and keywords in the textbased retrieval system now can be generalized to a
codebook and keyblocks framework in the imagebased retrieval system [6].
IV. GENERALIZED LLOYD ALGORITHM (GLA)
Is GLA is an iteratively clustering process to obtain
an optimal vector quantifier design. The following
processes are carried out in each iteration step. The
training vector sample set is clustered based on the
nearest entry in the codebook obtained from the
previous iteration process. The values of all cluster
centroids are renewed based on the clustering result.
The codebook will consist of all centroids obtain in
the iteration stage. All of the distortions are computed
and evaluated. If the distortions are still larger then a
selected threshold, then a further iteration is required;
otherwise the clustering process is terminated.

Fig. 2. Procedure of image encoding and decoding [7].

Intended followings are the GLA steps as explained
in [8]:
Fig. 1. A block diagram of feature extraction process based on
keyblock [5].

A training image sample set has been selected from
the database. The size of image blocks is chosen.
Based on the blocks derived from the training image
sample sets, keyblocks are determined using the GLA
to form a codebook. Furthermore each image in the
database can be reconstructed based on the built
codebook.
An image to be reconstructed is decomposed into
blocks of image. An index is assigned to each block
of the image based on the entry index of the most
similar keyblock in the codebook. In this way, an
image can be represented by a feature vector with
each feature value related to corresponding most

A. Step 1 (initialization) :
1) Choose training set T = {t1, ..., tl} randomly;
2) Set a threshold value δ;
3) Initial Codebook, Cl = {c1, ..., ci , ..., cN};
4) Initial average distortion, D0 = ∞ (a large
value); and
5) Set the iteration count, m = 1.
B. Step 2 (clustering iteration)
Use Cm to find the minimum distortion partition P
= {P1, ..., Pi , ..., PN} of T based on the nearest
neighbor condition, and compute the average
distortion Dm

Dm =

.

C. Step 3 (distortion calculation)
If
≤ δ, then terminate the iteration
with the Cm as the final codebook, otherwise continue.
D. Step 4 (update codebook)
Generate new codebook Cm+1 by computing the
centroid of each partition P;

keyblock index in the codebook entry. The matrix is
converted into a vector form. The images in the
database are stored in the same feature vector
representation. The feature vector of the jth image is
the vector dj. A simple matching method can be
applied using the cosine similarity measure between
the vector qj and the vector dj. The cosine similarity
can be computed as the inner product of the query
feature vector qj and the jth image in the database
feature vector dj.
VI. EXPERIMENTAL RESULTS AND ANALYSIS

and replace the old codebook Cm with new
codebook Cm+1, set m = m +1 and go to step 2.

Fig. 3. The Original Batik Images.

Fig. 4. A typical histogram of the original Kawung Beton batik.

Fig. 5. A typical histogram of the reconstructed Kawung Beton batik.

V. CONTENT-BASED IMAGE RETRIEVAL SYSTEM
The keyblock and codebook framework can be
applied in a batik content-based image retrieval
system. Suppose vector qj is the feature vector of the
query image. The feature vector is obtained by
encoding the query image into a matrix of related

A In this preliminary study, 44 batik images were
used. The size of the batik images is 96 by 128. A
block size of 2 by 2 is chosen. A codebook size of
100, 200, and 300 entries are used. Image encoding
and decoding are applied to all images in database.
Fig. 3 shows the original images. Fig. 6 and Fig. 7
show the reconstructed images based on the
corresponding codebook.
The preliminary study shows that the codebook can
be used as the vector quantifier for the image
encoding and decoding.
The quality of the
reconstructed images is measured using the average
gray level root-mean-square error (RMS error). The
average gray level RMS errors are 12.66 and 10.71
for the reconstructed images in Fig. 6 and Fig. 7,
respectively.
The pixel gray level intensity of the original batik
image ranges from 7 to 255 and 15 to 243 for the
reconstructed batik image. Typical histograms of the
original and the reconstructed Kawung Beton batik
image are shown in Fig. 4 and 5. Their histograms
consist of ten peaks and each peak is separated from
its neighbor peak by approximately 5 to 15 gray
levels. If the codebook size increases then the average
RMS errors become 9.85, 9.29 and 8.93, for a
codebook size of 300, 400 and 500 respectively. It
shows that the average gray level RMS error
decreases as the codebook size increases, and it also
shows that the average gray level RMS error tends to
decrease insignificantly with the increasing size of
codebook. The average gray level RMS error which is
between 8 and 10 seems to be tolerable in the sense
that it relatively does not degrade the reconstructed
image quality. conference, please contact your
conference editor concerning acceptable word
processor formats for your particular conference.

Fig. 6. Image reconstruction using block size of 2 by 2 and codebook
size of 100.

Fig. 7. Image reconstruction using block size of 2 by 2 and codebook
size of 200.

Further more Table 1 and Table 2 show the query
results using the cosine similarity measure. Table 1
shows the precision based on the top 4 retrieved
images using several keyblock sizes and codebook
sizes. Table 2 shows the precision based on the top
retrieved image using several keyblock sizes and
codebook sizes.
Key
block
size
2x2
4x4
8x8

Key
block
size
2x2
4x4
8x8

TABLE 1
PRECISION OF TOP 4 RETRIEVED IMAGES
Codebo Codebo Codebo Codebook
ok size
ok size
ok size
size 400
100
200
300
75,568
76,704
75,568
82,95455
18
55
18
67,045
68,181
70,454
67,04545
45
82
55
53,409
53,409
53,409
52,27273
09
09
09
TABLE 2.
PRECISION OF TOP RETRIEVED IMAGE
Codebo Codebo Codebo Codebook
ok size
ok size
ok size
size 400
100
200
300
90,909
88,636
90,909
93,18182
09
36
09
86,363
86,363
90,909
88,63636
64
64
09
77,272
72,727
84,090
72,72727
73
27
91

Codeboo
k size
500
78,4090
9
68,1818
2
51,7045
5

batik image database, encoding and decoding image
based on the concept of a codebook and keyblocks
framework has been carried out. The experimental
results show that there is a possibility to reconstruct
the approximated images from the compressed image
data using the framework with an average gray level
RMS error of 9.85 to 9.29 for block size of 2 by 2 and
codebook size of 300 to 400. The experimental
results also show that the average gray level RMS
error tends to decrease insignificantly with the
increasing size of codebook.
The pixel gray level intensity of the original batik
images ranges from 7 to 255 and 15 to 243 for the
reconstructed batik image. Their histograms consist
of ten peaks and each peak is separated from its
neighbor peak by approximately 5 to 15 gray levels.
Using a limited 44 batik sample data, an average gray
level RMS error which is between 8 and 10
depending on the codebook size seems to be tolerable
in the sense that it relatively does not degrade the
reconstructed image quality.
Further study on content-based batik image
retrieval system has been conducted using the concept
of a codebook and keyblock framework. The
preliminary results using a limited sample data show
a promising results with the precision ranges from
70% to 90% using keyblock size of 4 and codebook
size of 300, and ranges from 82% to 93% using
keyblock size of 2 and codebook size of 400.
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Abstract—We
employ
region
growing
segmentation technique to segment the DCT image.
Based on the segmented region, we select the size of
the region in compressed domain to construct
indexing keys. By using region growing technique
on DCT image we reduce the number of region
which is segmented regions only. Based on these
regions, we then constructing the indexing keys to
match the images. Our technique will reduce the
process time of constructing indexing keys. The
indexing keys then will be constructed by
calculating the regions. Our proposed of recursive
region grow ing is not new technique but its
application on DCT images to build indexing keys
is quite new and not yet presented by many
authors.
Index
Term—DCT,
Images,
Retrieval,
Segmentation
I. INTRODUCTION

I

n the field of digital imaging, image segmentation
plays a vital role as a preliminary step for high level
image processing. To understand an image, one needs
to isolate the objects in it and find relation among
them. The process of portioning of image is referred as
image segmentation [9]. In other words, segmentation
is used to pull out the significant objects from the
image.
Deng and Manjunath [28] proposed a JSEG
algorithm to segment the image based on multiscale
‘Jimages’. The images which correspond to the
measurements of local homogeneities at different
scales are called as ‘J-images’. The system has the
ability to segment colour textured images without
supervision. First the colour inside the image is
quantized to several classes. The pixels are then
replaced b y their corresponding colour class label
which forms the class map of the image. A region
growing method is then used to segment the image
based on multiscale ‘J- images’.
Histogram thresholding is one of the common
techniques for monochrome image segmentation
[15,27]. This technique considers that an image

consist of different regions corresponding to the grey
level ranges. The histogram of an image can be
separated using peaks (modes) corresponding to the
different regions. A threshold value corresponding to
the valley between two adjacent peaks can be used to
separate these object [18]. But one of the limitations of
this method is that, it ignores the spatial relationship
information of the pixels. Guterman [4] proposed a
neural network based adaptive thresholding
segmentation algorithm for monochrome image. The
main advantage of this method is that, it does not
require a priori knowledge about number of objects in
the image.
To humans, an image is not just a random collection
of pixels; it is a meaningful arrangement of regions
and objects. There also exits a variety of images:
natural scenes, paintings, etc. Despite the large
variations of these images, humans have no problem to
interpret them. Image segmentation is the first step in
image analysis and pattern recognition. It is a critical
and essential component of image analysis system, is
one of the most difficult tasks in image processing,
and determines the quality of the final result of
analysis. Image segmentation is the process of dividing
an image into different regions such that each region is
homogeneous.
Many content-based image retrieval (CBIR) systems
have been developed since the early nineties. A recent
article published by Smeulders et al. reviewed more
than 200 references in this ever changing field [20].
Readers are referred to that article and some additional
references [2, 9, 17, 21, 24, 25, 29] for more
information. Most of the CBIR projects aimed at
general-purpose image indexing and retrieval systems
focus on searching images visually similar to the query
image or a query sketch. They do not have the
capability of assigning comprehensive textual
description automatically to pictures, i.e., linguistic
indexing, because of the great difficulty in recognizing
a large number of objects.
Many researchers have attempted to use machinelearning techniques for image indexing and retrieval
[14,26]. A system developed by Minka and Picard

included a learning component. The system internally
generated much segmentation or groupings of each
image’s regions based on different combinations of
features, then learned which combinations best
represented the semantic categories given as examples
by the user The system requires the supervised training
of various parts of the image.
The remainder of the paper is organized as follows.
Section 2 describes some of basic JPEG compression.
Section 3 discusses the method of indexing key based
on region growing segmentation. Section 4 describes
the experiment result. Section 5 as the final section, we
present conclusions and some remark for the future
work.
II. JPEG IMAGE COMPRESSION
To this point, we have defined functions to compute
the DCT of a list of length n = 8 and the 2D DCT of
an 8 x 8 array. We have restricted our attention to this
case partly for simplicity of exposition, and partly
because when it is used for image compression, the
DCT is typ ically restricted to this size. Rather than
taking the transformation of the image as a whole, the
DCT is applied separately to 8 x 8 blocks of the
image. We call this as a blocked DCT.
To compute a blocked DCT, we do not actually
have to divide the image into blocks. Since the 2D
DCT is separable, we can partition each row into lists
of length 8, apply the DCT to them, rejoin the
resulting lists, and then transpose the whole image and
repeat the process. DCT- based image compression
relies on two techniques to reduce the data required to
represent the image. The first is quantization of the
image’s DCT coefficients; the second is entrop y
coding of the quantized coefficients. Quantization is
the process of reducing the number of possible values
of a quantity, thereby reducing the number of bits
needed to represent it. Entrop y coding is a technique
for representing the quantized data as compactly as
possible. We will develop functions to quantize
images and to calculate the level of compression
provided by different degrees of quantization.
JPEG [23] is a joint CCITT and IS0 standard for
compressing images developed by the Joint
Photographic Experts Group. The JPEG scheme is
rather complex, but a brief outline is all that is needed
to understand our use of it for image retrieval. JPEG
uses a combination of spatial- domain and frequencydomain coding. The image is divided into 8 x 8
blocks, each of which is transformed into the
frequency domain using the discrete cosine transform
(DCT). Each block of the image is thus represented b
y 64 frequency components. The signal tends to
concentrate in the lower spatial frequencies, enabling
high-frequency components, many of which are
usually zero, to be discarded without substantially

affecting the appearance of the image.
The main source of loss of information in JPEG is a
quantization of the DCT coefficients. A table of
quantization coefficients is used, one per coefficient,
usually related to human perception of different
frequencies. The quantized coefficients are ordered in
a ”zig-zag” sequence, starting at the upper left (the DC
component), since most of the energy lies in the first
few coefficients. The final step is entropy coding of
the coefficients, using either Huffman coding or
arithmetic coding.
III. REGION GROWING SEGMENTATION FOR RETRIEVAL
Image segmentation is the first key process in
numerous applications of computer vision. It partitions
the image into different meaningful regions with
homogeneous characteristics using discontinuities or
similarities of image components, the subsequent
processes depend on its performance. In most cases,
the segmentation of colour image demonstrates to be
more useful than the segmentation of monochrome
image, because colour image expresses much more
image features than monochrome image. In fact, each
pixel is characterized b y a great number of
combinations of R, G, B chromatic components.
However, more complicated segmentation techniques
are required to deal with rich chromatic information in
the segmentation of colour images.
A variety of segmentation techniques have been
proposed in the literature. However, most techniques
are kind of “dimensional extension” directly inherited
from the segmentation of monochrome image [3]. The
spatial compactness and colour homogeneity are two
desirable properties in unsupervised segmentation,
which lead to image-domain and feature-space based
segmentation techniques. According to the strategy of
spatial grouping, image-domain techniques include
split-and-merge, region growing and edge detection
techniques.
The segmentation of images has always been a key
problem in computer vision. Up to the early eighties
bottom-up techniques like edge detection and splitand- merge algorithms were the primary focus of
research. However, by that time people realized that
„perfect” segmentation would not be possible without
incorporation of higher level knowledge. Thus the
focus shifted towards model based techniques like
snakes [10] and methods based on geometric models
[16].
Region growing algorithms start from an initial,
incomplete segmentation and try to aggregate the yet
unlabelled pixels to one of the given regions. The
initial regions are usually called seed regions or seeds.
The decision whether a pixel should join a region or
not is based on some fitness function which reflects
the similarity between the region and the candidate

pixel. As proposed in [1], the order in which the pixel
is processed is determined by a global priority queue
which sorts all candidate pixels by their fitness values.
This approach elegantly mixes local (fitness) and
global (pixel order) information. The algorithm
proceeds as follows:
There is an abundance of literature on image
segmentation, and a number of review articles
highlighting them [11,24]. Methods also have been
defined for post processing the low-level segmentation
to further regularize the segmentation output, such as
Markov Random Fields [13].
Automatic image segmentation is one of the primary
problems of early computer vision, has been
intensively studied in the past [19]. The existing
automatic image segmentation techniques can be
classified into four approaches, namely: thresholding
techniques, boundary- based methods, region- based
methods, and hybrid techniques.
Input : image I
create an (empty) set S of segments
stage 0: i:=0;
for all pixel P in I
create a new segment Rp of level 0 (consisting only of
P)
put Rp in S
repeat
stage i:
for all segments Ri of level I in S
repeat
find a segment Ŕj
of level j ≤ i in S
Ri
and Ŕj are neighboured and
Ri Ú Ŕj is homogeneous enough
remove Ri and Ŕj from S
redefine Ri := Ri Ú Ŕj of level i+1
until no such Ŕj can be found
add Ri to S
i:=i+1
until stage i-1 has created no new segment
Fig. 1. Region growing segmentation algorithm.

Region-based techniques rely on the assumption
that adjacent pixels in the same region have similar
visual features such as grey level, colours value, or
texture. A well-known technique of this approach is
split and merge [6, 7]. Obviously, the performance of
this approach largely depends on the selected
homogeneity criterion. Instead of tuning homogeneity
parameters, the seeded region growing (SRG)
technique is controlled by a number of initial seeds
[5,9]. Given the seeds, SRG tries to find an accurate
segmentation of images into regions with the property
that each connected component of a region meets
exactly one of the seeds. Moreover, high-level
knowledge of the image components can be exploited
through the choice of seeds. This property is very
attractive for semantic object extraction toward
content-based image
database
applications.
However, SRG suffers from another problem: how to
select the initial seeds automatically for providing
more accurate segmentation of images.

Markov chain Monte Carlo algorithm for image
segmentation has drawn considerable attention due to
its ability to integrate texture, colour, and edge
information in an optimal manner to devise a robust
labeling of the image into homogeneous regions [12,
22]. These methods still depend on the assumption that
the pixels belonging to the object of interest share a
common set of low-level image attributes, thereby
allowing the object to be extracted as a single entity. If
an object is composed of multiple regions of differing
texture or colour then the object is divided into regions
corresponding to each of these, and these sub regions
must then be re-assembled through some contextualbased post processing to segment the complete object
from the image. By employing an additional constraint
upon the segmentation that encourages it to find a
human, it would be possible to only extract the regions
corresponding to the human in the image. This
additional constraint can be provided through
information regarding the desired shape of the final
retained region.

Fig. 2. Image retrieval system on segmented image using region
growing segmentation.

The query process has been established as follows:
Firstly, user query an RGB image in the system, RGB
image then is converted to greyscale image. Secondly,
b y utilizing region growing algorithm this image will
be segmented into regions. Finally based on these
regions, the minimum distance between them will be
calculate and compare to the image regions in the
database.
IV. EXPERIMENTAL RESULTS
In our experiment we use 10,000 JPEG images
consist of 10 classes including “bear”, “bike”,
“building”, “car”,
”cat”,
”flower”,
“model”,
“mountain”, “sky”, and “texture”. We evaluate only
the top ten images ranked in terms of the similarity

measures b y using precision and recall parameters.
Precision is the ratio of the number of relevant images
retrieved to the total number of irrelevant and relevant
images retrieved. Whilst, Recall is the ratio of the
number of irrelevant images retrieved to the total
number of relevant images in the database.
numberof relevantimagesretrieved
Precision
numberof imagesretrieved
number of irrelevant images retrieved
Re call 
number of relevant images in the class

QUERY

GRAYSCALE

Table. 1. Precision and recall on greyscale and segmented images.

SEGMENTED
Class
Bear
Bike
Build
Cars
Cat
Flower
Model
Mount
Sky
Text

Gray scale images
Preci
sion
Recall
0.88
0.03
0.70
0.08
0.60
0.10
0.58
0.11
0.25
0.19
0.47
0.13
0.67
0.08
0.48
0.13
0.72
0.07
0.52
0.12

Seg.images
Preci
sion
0.98
0.92
0.88
0.93
0.78
0.72
0.70
0.68
0.53
0.33

Recal
l
0.01
0.02
0.03
0.04
0.06
0.07
0.08
0.09
0.12
0.17

RANK 0

RANK 1

RANK 2

RANK 3

RANK 4

RANK 5

RANK 6

RANK 7

RANK 8

RANK 9

Fig. 3. Illustrates precision and recall of image retrieval of ten
image classes on two methods, image retrieval on grayscale images,
and segmented images.

Fig. 5. A result of segmented images retrieved with RGB image
query.

Fig. 4. The effectiveness of Image retrieval on region and gray
images.

The excellent precision of 0.98 has been
demonstrated by region growing technique for Bear
class, and the worst precision of 0.25 for Texture
class. Interesting result, greyscale method shows the
best precision of 0.88 also for Bear, and the lowest
precision of 0.32 for Cat class as shown in Table 2.
The experimental result shows that our propose
methods on segmented images present good precision
which are higher than 0.50 on all classes except for
Texture class. For further detail can be shown in Table
1.

V. CONCLUDING REMARK
New approach has been proposed for an image
retrieval system based on region growing segmentation
on DCT compress domain. It is presented as a
different way to develop image indexing b y using of
DCT texture descriptors. The method has been carried
out for compressed images database to verify its
performance in JPEG standard stream line.
From our experiments, it could be concluded that
segmentation, while imperfect, is an essential step and
very useful in building indexing keys. In summary, this
indexing key method is a promising method for image
retrieval on segmented image on compress domain.
This new approach could be used for image indexing
by other segmentation methods.
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Abstract–Heuristic method is introduced as one
of solutions for efficient searching process in
Content Based Image Retrieval System. This
method deals with structural database which is
built in indexing phase. The structure is graphformed and also known as landscape. Each node
represents an image and each edge is labeled with
similarity value as nearness prediction between
connected nodes. The similarity value is
calculated using combination of three image
features, those are color, shape, and texture. In
retrieving phase, the heuristic searching moves
along these nodes with Breadth-First Search
mechanism under certain constraints
until
meeting stop criterion. Each visited node that
fulfills the requirements will be retrieved as
searching result. The
result
shows
that
implementation of this method might fasten
retrieval process up to nine times faster with
keeps on maintaining the relevancy of retrieval
result.
I. INTRODUCTION

T

HE current development of information media
especially in Content Based Image Retrieval
System challenges researchers in finding efficient
retrieval methods. This is one of the ways to meet
user demand for a fast and accurate search engine. For
that reason, heuristic method is proposed in this
research.
When an input query is given to the system, most of
searching process compare the query to all database
content and compute the similarity value between
them. It becomes a problem for a system with largesized database because the computation takes so much
time to explore database content entirely. This basic
idea encourages this research to implement heuristic
method to make searching process more efficient. This
method deals with structural
database,
which
transforms
database content
into
landscapes.
Landscape
is
kind
of directed graph, which
consists of nodes and edges [5]. Each node represents
an image, and between one node to others is connected
with an edge whose similarity value and nearness

prediction as its label [9]. The similarity value
between
images
itself
is computed
using
combination of color, shape, and texture feature.
When system is running, searching algorithm moves
along those graph nodes with Breadth-First Search
(BFS) mechanism and finding the relevant results
until meeting stop criterion. The searching tries to
find the most relevant query first and then continues to
the lesser ones. The result of searching process is then
showed as retrieval result.
This research uses images which are downloaded
from
http://www.fei.edu.br/~psergio/MaterialAulas/Generalist 1200.zip. These images are manually
grouped into ten classes, they are car, lion, sunset,
texture, bear, elephant, arrow, landscape, reptile, and
aircraft.
II. HEURISTIC METHOD
Heuristic comes from Greek word, heuriskein,
which means searching or finding. In studying
searching methods, heuristic might be a function that
gives an estimation value of the solution.[10].
A. The Making of Graph Structure
The graph structure is made in these following
steps:
Landscape 1
1) Node Representation
Representation of a node is described in Figure 1.
Each node is an image which consists of three
vectors of feature extraction result. Those vectors are
color vector which contains 162 elements, shape
vector contains 72 elements and texture vector
contains 7 elements.

Fig. 1. Representation of a node for landscape.

2) Similarity Measurement
The similarity values between images are computed
using cosine similarity formula:
cos ine similarity 
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Variable x corresponds to vector of image x and y
for image y. Each feature vector between two images
is computed using this formula. It obtains three results
which correspond to color similarity, shape similarity,
and texture similarity. Those results are then totaled.
The computation is carried out between the first
member of image database and all databa images. The
result is 1×n matrix with variable shows the amount
of image in database. Figure illustrates landscape 1.

B. Heuristic Process and Image Retrieving
First, query image is given. This query is also
processed for feature extraction and produces three
vectors. Color vector consists of 162 elements, shape
vector consists of 72 elements, and texture vector
consists of 7 elements. The searching process always
starts from database member number one. Next, it
moves through two formed landscapes.
Landscape 1
Each edge has been labeled with cosine similarity
value. The steps of searching process on this landscape
are explained as follow:
1 Computing cosine similarity value c1
between query image and start node.
2 Finding other node(s) whose equal or
close similarity value to c1, or cx≈c1.
3 If there exist more than one node
whose similarity value satisfies requirement in
point (2), then similarity value of those nodes
will be computed towards query image.
Searching process will choose a node with
the highest similarity value.
The result of searching in this landscape is the index
of retrieval result candidate with the highest cosine
similarity value.

Fig. 2. Illustration of landscape 1

Landscape 2
Each node also represents an image and each
edge is labeled with similarity value that is computed
using automatic weight assignment using Genetic
Algorithm (GA) based on previous research by
Pratama [8]. The weight value obtained in GA
process is always changed since initial value of the
process itself is generated randomly. Although the
difference is not too significant, however it affects
the produced final precision value. Therefore, this
similarity value is computed several times and finally
the best result is chosen to be implemented in graph
structure. This computation produces n×n matrix,
where n shows the amount of image in database.
Illustration of this landscape is showed in Figure 3.

Landscape 2
The initial node’s index on this landscape is the
index of node found in searching on landscape 1. Each
edge is labeled with similarity value, which is
computed using automatic weight assignment with
GA. Searching process moves under these following
rules:
1 Searching process starts from initial node and
moves according to the descending order of
similarity value under BFS mechanism.
2 The similarity value between initial node
and visited node is checked and its index is
saved as candidate of retrieval result.
3 The searching process keeps moving until
finding the node whose similarity is less than
0.5.
The process will be stopped if searching process
finds node that fulfills criteria above. The indexes
found in searching process which has been saved as
retrieval candidates is then sorted descending.
Finally the result is shown as retrieval result. Figure 4
illustrates searching process on both landscapes.
III. EXPERIMENT

Fig. 3. Illustration of landscape 2

By implementing this heuristic method, indexing
phase takes so much time but it guarantees that
retrieval method would be so much faster. Indexing
process is held while constructing the system. The
computation in indexing phase is invoked all

Fig. 4. Illustration of searching process on both landscapes

database content to form graph structure. Whereas in
retrieving phase, thing that system do is investigating
the values computed in previous phase. Therefore,
minimum computation process in retrieval phase
would make searching process faster.
A. Feature Extraction
The feature extraction is applied in three image’s
visual properties, those are color, shape and texture as
the result of previous research by Pebuardi [7]. It
produces three vectors consist of 162 elements of
color vector, 72 elements of shape vector, and 7
elements of texture vector.
B. Graph Structure
Landscape 1
This landscape has nodes that represent database
images and edges that represent the sum of three
values of similarity features. The higher similarity
value means the more similar those images are. The
computation time of similarity value between images
spend about 90 seconds.
Landscape 2
Each node in this landscape is also represents an
image. Each edge is labeled with similarity value with
GA automatic weight assignment which has better
performance based on previous research. This
computation invoked entire database images and
obtains 1100×1100 sized-matrix.
Research result of Pratama (2009) shows that the
process of automatic weight assignment using GA is
computed as input query is given. As the effect,
retrieval process become longer, that is about 5.96
seconds due to the influence of iteration while GA is
running. Beside, the resulted weight value is always
changed because initial value for the weight is
generated randomly.
This research uses GA automatic weight assignment
in indexing phase. The changed weight values are tried
to be determined by doing ten times trial iteration of

generating weight values using GA. Next, the chosen
weight values are the iteration that produces highest
average precision value. Those weight values would
become constant values between images in database.
The computation in this step takes about 1618
seconds.
C. Searching Process
Searching process moves along these nodes under
BFS mechanism. This system will retrieves relevant
images whose similarity exceeds the threshold 0.5 due
to assumption that similar images would have high
similarity value.
The first searching works on landscape 1 to find the
most similar image towards query. The index of found
node/image is saved and the searching is then
continued to landscape 2. The purpose of this second
searching is to find other relevant image(s) that has not
been found in previous searching. The searching
starts from initial node whose index is defined in
searching result on landscape 1. Next, the searching
process is continued to its neighborhood and visiting
each node based on descending order of similarity
value between them. The searching is stopped when it
visits the node whose similarity value less than 0.5.
IV. RETRIEVAL RESULT
The result is defined from searching process on
both landscapes. It uses entire database content as
input query. Average time obtained in this retrieval
process is about 0.66 second. The example of main
interface is shown in Figure 5, and then an
example of retrieval result is shown in Figure 6. The
figure shows that retrieval result is succeed with
retrieving top 37 similar images and all of them are
relevant towards the query.
Evaluation of Retrieval Result
The evaluation is applied using recall and precision
value. The computation uses entire database content

as input query. Recall values are defined at 0, 0.1,
0.2, 0.3, …, 1. Then the precision values at these
defined recall values are computed using maximum
interpolation with the rule shown below:

where
rj {0.0, 0.1, …, 1.0},
r0 = 0.0, r1 = 0.1, …, r10=1.0

Fig. 5. Example of the main interface

Fig. 6. Example of retrieval result

If not all relevant images could be retrieved, then
precision value at related recall value will drops to
zero [1].
The precision values shown in Table 1 are the
average precision value from entire queries. Figure 7
shows comparison chart of recall and precision value.
Precision value at level recall between 0 and 0.1 are
more than 0.5 although it decreases significantly. It

means that in average, more than half part of a
number of top retrieval results is relevant. For next
recall values, precision obtained is less than 0.5 with
non-significant decrease between levels.
Retrieval process with heuristic method runs faster
as shown in Figure 8. This retrieval time computation
uses all database content as input query to two
systems with and without heuristic method. The
average retrieval time between two systems without

and with heuristic method decreases from about 5.97
seconds to about 0.66 second, or become 9 times
faster.
TABLE I
AVERAGE PRECISION VALUE OF
RETRIEVAL RESULT

Recall
0
0.1
0.2
0.3
0.4
0.5
0.6
0.7
0.8
0.9
1
Average

Precision
1.0000
0.5746
0.4779
0.3957
0.3385
0.2929
0.2511
0.2116
0.1697
0.1159
0.0231
0.3501

Fig. 7. Comparison charts of recall and precision value

Fig. 8. Comparison chart of retrieval time

V. CONCLUSION
Heuristic method is implemented successfully and
makes average retrieval time become up to nine times
faster compared with the non-heuristic one. The
performance of this method would be better if it is
supported with good similarity values between
images. Hence, this method is promising to be used in
image retrieval system because it makes searching
process faster.
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Abstract—Previously conducted research has
exhibited the feasibility of building a content-based
image retrieval system for batik images. However,
certain types of batik cloths exhibit very distinctive
shapes and patterns that occur repetitively
throughout the design, and serves as the main
identifying feature of the cloth. Such a shape is
called the batik motif. The Generalized Hough
Transform is a well-known method for recognizing
shapes within images, and in this paper we present
initial experiments of applying this method for
identifying motifs of certain batik cloths,
particularly Jogjakarta batik. The results are quite
promising, and show that the method can
potentially be used to automate identification of
well-known batik motifs in various images.

analysis are presented in Sections 4 and 5, before
concluding in Section 6.
II. CONTENT-BASED RETRIEVAL OF BATIK
Our batik CBIR is designed using a serviceoriented architecture [1]. This kind of architecture
consists of clients and server applications which
communicate with each other via the Internet. As a
client, a mobile application receives a query image
from a user, while the server is the back-end
application which performs image processing and then
returns the results to the client.

I. INTRODUCTION

B

is a very important part of the cultural
heritage of Indonesia. As an acknowledgment of
this, UNESCO has designated Indonesian batik as a
Masterpiece of Oral and Intangible Heritage of
Humanity on October 2, 2009, and has insisted that
Indonesia preserve this heritage. Previously conducted
research at the Faculty of Computer Science,
University of Indonesia, has exhibited the feasibility of
building a content-based image retrieval system for
batik images using certain features such as the logGabor filter. However, certain types of batik cloths
exhibit very distinctive shapes and patterns that occur
repetitively throughout the design, and serves as the
main identifying feature of the cloth. Being able to
identify the occurrence of such motifs would enable a
powerful and flexible batik analysis tool.
In Section 2 a brief introduction to our contentbased batik retrieval system is presented, including the
overall web-service based architecture. Section 3
presents the Generalized Hough Transform (GHT), a
well-known method for recognizing shapes within
images, and how it can be used to recognize recurring
batik motifs. Our experimental design, results, and
ATIK

Fig.1. Batik CBIR Architecture
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Our mobile client application is implemented using
J2ME technology. On the other hand, our server
consists of web services that provide different services
to conduct various kinds of image processing. The
web services are built using Java web service
technology, whereas the image processing is
implemented in Matlab. The architecture of our system
is depicted in Fig. 1.
The Index Builder is the main web service which
controls the process to build the batik database. Via
the Internet, an administrator uploads batik data by
using a service provided by Index Builder, which in
turn consumes the Image Enhancer web service to
enhance the quality of batik images by means of
various methods according to the enhancement
techniques required. For example, the query images
are converted to binary images, which contain black
and white colors only.
Afterwards, the features of the enhanced images are
extracted using Feature Extractor web service.
Currently, the web service makes use of the LogGabor Filter to obtain the features which are stored
together with other batik data in our MySQL database.
Finally, the Batik Information Retriever is the main
web service accessed by the user, which controls the
process of retrieving information about image queries
sent through the Internet. Our system accepts query
images as examples and seeks images whose content is
similar to them. Query images can be given either by
uploading available photos or by taking life object
photos directly from our mobile client application.
A query image is treated akin to the process of
building batik database. Firstly, it is enhanced by using
Image Enhancer web service and then the features of
the enhanced query image are extracted by using the
Feature Extractor web service. Both the Image
Enhancer and Feature Extractor web services compute
image processing on a Matlab server.
The Pattern Recognizer web service provides
services to identify the pattern of a query image. It
suggests the approximate patterns for the query image
based on the features extracted from the enhanced
query image. Having recognized the approximate
patterns, our system will retrieve detailed information
about them in our local database and send all the
results to the client.
III. BATIK TEXTURE FEATURE EXTRACTION AND
PATTERN RECOGNITION

Template matching is a process to match a template
to an image, where the template is an image or a subimage that contains the pattern we are trying to find.
Accordingly, we focus the template on an image point
and find how many points in the template matched
those in the image. The procedure is repeated for the
entire image, and we are thus able to find the points

that led to the best match which has the maximum
count. The points which have maximum count are
considered to be the point where the shape (given by
the template) lies within the image.
The advantages associated with template matching
are mainly theoretical because it is difficult to develop
a template matching technique that gives satisfactory
results. The results presented here have been for
position invariance only. This can cause difficulty if
invariance to rotation and scale because the template is
stored as a discrete set of points.
One of the robust template matching methods that
could overcome the invariance of rotation and scale is
the Hough transform. The Hough transform is a
feature extraction technique used in image analysis,
computer vision and digital image processing. The
objective of this method is to find imperfect instances
of objects within a certain class of shapes by a voting
procedure. The voting procedure is presented in
parameter space and the calculation procedure
recorded in an accumulator array. The local maxima
points in the accumulator array are deemed as the
position of reference point of template image.
The classical Hough transform pertained with the
detection of lines in an image, but later the Hough
transform has been broadened to identifying positions
of arbitrary shapes. Hough transform was introduced
by Paul Hough [2] to find bubble tracks rather than
shape in image. The Hough transform was thus
implemented by Richard Duda and Peter Hart in 1972
[3] to find a line in images. In 1981, D.H. Ballard [4]
introduced the Generalized Hough Transform to detect
arbitrary shapes. This method can be used to detect the
location of arbitrary shapes with unknown position,
orientation and size.
A. Generalized Hough Transform
The classical Hough transform uses parametric
equations of shapes to effect the transformation from
image space into parameter space. However, in the
case of arbitrary shapes such as batik motifs, we do
not have a simple analytic formula to describe its
boundary. Therefore the Generalized Hough
Transform can be used to generalize the boundary of
template shape in the images.
The substantial idea of Generalized Hough
Transform is to use the lookup table to determine the
relationship between boundary coordinates and
orientation, and Hough parameters. This lookup table
could be thought of as replacing the equation curve
which is used in the classical Hough Transform. This
lookup table is called the R-Table, and its values are
computed during the training phase using template
shape.
To analyze the boundary curve, Generalized Hough
Transform defines the following parameters for
arbitrary shape:

a = {y, s, θ},
where y=(xr, yr) is a reference coordinate for the
origin shape, s=(sx, sy) is a scale factor, and θ is its
orientation. The reference origin location, y, is
described in terms of table possible edge pixel
orientations. The calculation of additional parameters
s and θ is attained by straight transformation of the
table.
The construction of R-Table is using the
information of the gradient of edge pixel for additional
direction information. The gradients of edge pixel
would make the algorithm run faster and increase the
accuracy. For example we have an arbitrary shape like
in Fig. 2 and the reference point is on the coordinate
(xc,yc). The value of α describing the direction between
the edge point and the reference point and r is the
distance between the edge point and the reference
point.

edge pixel of the image. By matching between edge
image direction and orientation, and R-table, the
location of deemed points of reference can be found.
The shape and location detection algorithm is
described below:
1. Prepare the 4D Accumulator array H(Xc, Yc, s,
θ) and initialize the value to 0
2. For each point in (X, Y), find the gradient angle
3. Using the gradient angle, retrieve from R-Table
all the indexed (r, α) values
4. For each (r, α), compute the candidate reference
points using the formula below:
Xc = X +s (r cos (α+θ))
Yc = Y+s (r sin(α+θ))
5. Increase the corresponding element in the H array
by 1
H(Xc, Yc,, s, θ) = H(Xc, Yc,, s, θ) + 1
6. All elements in H table satisfying H(Xc, Yc, s, θ)
> Th represent the reference points of the
template image.
IV. EXPERIMENT DESIGN

Fig. 2. The illustration of r and α calculation

The R-Table has a main role in the Generalized
Hough transform as the modification of the equation
of curve shape in an image. The construction of the RTable is conducted by examining the edge points and
reference points. More specifically, the R-table
construction is accomplished as follows:
1. Define the reference point (Xc, Yc) somewhere
inside the shape.
2. For each edge point (X, Y) in the edge of the
shape find the two parameters
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and the gradient direction.
3. Store the pair (r, a) of the reference point (Xc, Yc)
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As mentioned at the beginning of this paper, we are
interested in being able to recognize the appearance of
certain key motifs in batik cloths. Unlike conventional
CBIR systems which seek to retrieve the most relevant
image based on an example query image, this motif
recognition may enable a more flexible approach. For
example, some contemporary batik cloths incorporate
designs from different styles, and the GHT would be
able to recognize the appearance of several motifs in
the same image.
However, this research is still in its initial stages,
and thus in this paper we report the progress of shape
detection of repetitive motifs in a batik image. In
future research we will implement the detection of
batik motifs given various orientations and scale.
For the batik pattern database, we use several batik
pattern templates and batik fabric images as depicted
in Figures 4 and 5. Batik pattern templates 1 and 2 are
taken from kawung beton batik cloths, template 3 is
taken from a kawung picis batik cloth, and template 4
is from a lereng udan liris cloth. These templates are
used to build the R-Table. Correspondingly, we use
the source batik fabric images used as test images.
We design three experiments. The first experiment
is simply a validation experiment, where the system
1

2

3

4
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Fig. 3. The R-table form

as a function of gradient (i.e. build the R-Table)
Fig. 3 shows the form of R-Table diagrammatically.
After the R-Table is built, the arbitrary shape location
in a given image could be detected by tracing each

Fig.4. The batik motif templates used in the experiment.

Kawung Beton

Kawung Picis

Unknown batik
fabric image
Fig.5 The source batik fabric images used for testing purposes.
Lereng Udan Liris

attempts to recognize the occurrence of the “pattern”
of the entire source batik fabric image as testing
image. In other words, the template and the testing
image are exactly the same. In the second experiment,
we isolate the recurring motif pattern and attempt to
examine the repetition of this motif pattern in several
testing images. The value of the accumulator array
should indicate whether or not the motif appears
frequently in the image. For the final experiment, the
system traces the location and occurrence of a batik
motif that has been embedded in an unknown batik
fabric image.
V. EXPERIMENT RESULTS AND DISCUSSION
Overall, our experiments showed that the
Generalized Hough Transform could fairly
successfully trace the location and occurrence of batik
pattern template in a batik fabric. To exhibit this, we
present the inverted image of the accumulator array

and the average value of the top n accumulator array
values (µn), where we experiment with n = 10, 50, and
100. Firstly, the accumulator array values were
normalized within the range of 0 to 500. The inverted
images of the accumulator array were obtained by
mapping these normalized values to greyscale values,
where 0 is white and 500 is black. The images of the
inverted accumulator arrays and the µn values from
experiments 1 to 3 are presented in Tables 1 to 5. In
these tables, the dark points in the inverse accumulator
array image shows the local maxima that indicates the
location of the reference point (center point) of the
motif.
In Table 1 we see that the highest values in the
accumulator arrays are always located in the center of
the image. This is to be expected given the template is
exactly the same as the testing image. The µn values
indicates the compactness motif of batik fabric image
and the occurrence opportunity of batik pattern
template. The higher the value, the more compact the
batik pattern occurs in the batik fabric image. The
difference between µ10, µ50, and µ100 also characterize
the opportunity of local maxima occurrence. From
experiment 1, the differences between them were quite
high because the accumulator array values were very
high in some locations while very low in others.
In experiment 2 the system attempts to recognize
the recurring motif pattern in various batik fabric
images. For the successfully recognized recurring
motifs (cases 1, 4, 8, and 12) we can observe several
very dark points, indicating the location of the

TABLE 1
EXPERIMENT 1 RESULTS

No

Batik pattern
template

Batik Fabric Image

Accumulator Array Image

µn

1

µ10 = 620
µ50 =246
µ100 = 164

2

µ10 = 460
µ50 = 170
µ100 = 108

3

µ10 = 1527
µ50 = 705
µ100 = 532

reference points of the motif occurrence in the image.
Moreover, if the motif pattern is doesn‟t recognized in
the batik fabric image (cases 2, 3, 5, 6, 7, 9, 10, and
11), the accumulator array does not show very intense

dark points (local maxima). This is the consequence of
the accumulator array values being spread out and
there not being a prominent point.
In the last experiment (Table 3) we can observe that

TABLE 2
EXPERIMENT 2 RESULTS
Batik Fabric Image Tester

Batik Pattern Templates

(Number)
Inverted
Accumulator Array
Image
(1)

(2)

(3)

(4)

(5)

(6)

(7)

(8)

(9)

(10)

(11)

(12)

TABLE 3
EXPERIMENT 3 RESULTS
Batik Pattern Templates

Accumulator Array

Batik Fabric
Image Tester

(1)

(2)

(3)

(4)

given the embedded kawung beton motif in the
unknown batik fabric image, the highest µn value is
achieved by appropriate batik pattern templates
number 1 and 2. The value of µn indicates the local
maxima occurrence in the accumulator array. The
higher the µn value would give more opportunity of
local maxima occurrence in the accumulator array.
The distribution of values between µ10, µ50, and µ100 in
experiment 2 was rather diffuse due to the fact that the
batik motif pattern occurs in several locations
throughout the testing batik fabric image, thus there
are numerous local maxima. Because of that the value
of µn from recognizable batik pattern images
accumulator array was very high.
In experiment 3, we try to find the given pattern in
an „unknown‟ batik fabric image. The batik fabric
image contains one embedded batik motif. From
Tables 3 and 5 we can observe that the local maxima
TABLE 4

THE µN VALUE OF EXPERIMENT 2
Batik Fabric Image Tester
Kawung
Beton

Kawung
Picis

Lereng
Udan
Liris

1

µ10 = 302
µ50 =196
µ100 = 165

µ10 = 90
µ50 =83
µ100 = 80

µ10 =199
µ50 =192
µ100 = 190

2

µ10 = 237
µ50 =202
µ100 = 181

µ10 = 90
µ50 =84
µ100 = 82

µ10 = 215
µ50 =207
µ100 = 204

3

µ10 = 112
µ50 =105
µ100 = 102

µ10 = 301
µ50 =185
µ100 = 156

µ10 = 195
µ50 =189
µ100 = 186

4

µ10 = 105
µ50 =100
µ100 = 98

µ10 = 90
µ50 =84
µ100 = 81

µ10 = 462
µ50 =326
µ100 = 285

µ

Batik Pattern Templates Numbers

n

in Table 5 is much higher for templates number 1 and
2, indicating that there was a local maxima found and
the pattern is contained within the batik fabric image.
In other words, the GHT method could detect the
location of batik pattern template in the batik image
even though the majority of the pattern in the batik
image is not suitable with the batik pattern template. It
shows the robustness of this method to trace the
occurrence and location of a given batik pattern
template in a testing image.
VI. CONCLUSION
We have shown the design of our CBIR for batik
application which uses the web service technology in
the server side and a mobile application as a sample
client. Also, we demonstrate some results of our
experiments using Generalized Hough Transform.
The darker points in an inverted accumulator array
image indicates the occurrence of a given batik pattern
templates. Moreover, the differences between µ10, µ50,
and µ100 indicate that they could also be used as a
feature for the detection of batik pattern template
occurrence.
Based on our experimental result, the Generalized
Hough Transform method could detect the occurrence
of a given batik pattern template in a batik fabric
image, although we only examined a limited number
of batik patterns, and without variation of the normal
orientation and scale. In subsequent research, we will
apply the extension of this method to also handle other
parameters such as scale, orientation, and ill-defined
images.
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Abstract— Batik as a decorative cloth has a very
important role in many traditional ceremonies in
Java and throughout Indonesia. Previously
conducted research has exhibited the feasibility of
building a content-based image retrieval system for
batik images using certain features of the image,
namely the log-Gabor filter. In this paper we
employ the log-Gabor filter and colour histogram
feature. We devise several clustering experiments
applied to a collection of previously compiled batik
images to measure how well these features can
separate apart traditional cloths from Java with
those from outside Java, how well they can they
separate batiks from different regions, and so
forth. The results shows that increasing the
granularity of detail in the clustering task leads to
decreased results, and that the colour histogram
feature consistently performs better.
I. INTRODUCTION

B

as a decorative cloth has a very important
role in many traditional ceremonies in Java and
other islands throughout Indonesia.
In this paper, we explore how two well-known
image processing features, namely the log-Gabor filter
and the colour histogram, would characterise a
collection of batik images. Using these features, we
devised four clustering experiments applied to a
collection of previously compiled batik images [3].
For example, how well can these features separate
apart traditional cloths from Java with those from
outside Java, how well can they separate batiks from
different regions, and so forth.
In Section 2 a brief introduction to various aspects
of batik cloths is given. Sections 3 and 4 discusses
content-based image retrieval, specifically concerning
batik, and the two main features that are used
throughout this paper: the log-Gabor filter and colour
histograms. Our experimental design, results, and
analysis are presented in Sections 5 and 6, before
concluding in Section 7.
ATIK
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II. BATIK CLOTHS
Batik cloths are used extensively in many aspects of
life in an Indonesian lifestyle, such as pregnancy,
childbirth, circumsicion, weddings, and so forth.
Certain batik patterns were previously reserved for the
Javanese traditional monarchy, which lifted batik
status as not only a decorative cloth but also as a
symbol of status. As of today, such restrictions no
longer apply to the Javanese community, hence batik
is even more widely used at all social levels and
produced in many more different patterns. Even so,
until this day, batik still plays an important role in the
Javanese monarchy wardrobe. This specific type of
batik is more commonly known as the traditional
Javanese batik.
As an acknowledgment of batik as being part of
Indonesian cultural heritage, UNESCO designated
Indonesian batik as a Masterpiece of Oral and
Intangible Heritage of Humanity on October 2, 2009,
and as part of the acknowledgment, has insisted that
Indonesia preserve this heritage.
Nevertheless, batik cloth is not an exclusive product
of solely the Javanese community. Broadening the
definition of decorative cloth, other areas in Indonesia
also have their own patterned cloth. During the
development of the batik cloth culture, merchants
bringing batik cloths as their commodity around
Indonesia are to be thanked for the distribution of
batik cloths. In the meantime, batik makers are then
influenced by other cultures and art, creating more
patterns, textures and colours to the library of
decorative cloth in Indonesia. In course of the
distribution of batik culture in various places across
Indonesia, other areas have established their own
decorative batik cloths, which adds the variety to
Indonesian batik in general.
The term batik was initially a verb in the Indonesian
language, which refers to the activity of dyeing
decorative cloth with colour, after applying a resistive
technique [1]. The textile that is used to make batik
cloths is usually a natural type of fabric such as cotton
or silk, and it must be densely woven to go through the

resistive process. The first step of the batik process is
the application of a dye-resistant substance, usually
wax, using a special instrument called a canting. The
wax is applied on a certain pattern where the dye is not
desired, then the resulting cloth is then dipped into the
dye. After the colouring process has finished, and the
dye has dried, the wax is then removed manually [2].
Nowadays, the process of making batik is easier due to
the machinery that can do the process without manual
labour.
The term batik these days does not necessarily refer
to that process of manual batik making. The word
batik is more commonly used as a noun for the cloth
product itself. Moreover, these days, the term batik is
used even more generally to indicate any type of
decorative or patterned cloth, especially traditional
ones. The images of traditional cloth we use in this
experiment are not limited only to batik cloths made
by the resistive dyeing process, but in general to any
decorative Indonesian traditional cloth.

patterns, shapes, or other contents that are present in
the image.
The concept of a content based image retrieval
system is to extract certain features from the query
image, for example the Log Gabor texture feature to
extract texture properties from the image, create a
colour histogram of the colour distribution throughout
the query image as an extraction of the colour features
of the image, and many other methods. The feature
used can vary according to preference and
requirements. This feature is then treated as a vector
that represents the query image.
The extracted feature is then compared to the
feature of images in the image database. Each image
involved has its own feature vector as it’s
representative. The system then retrieves images with
the closest distance from the query image. There are
also a variety of methods of calculation, starting from
the standard Euclidean distance calculation between
each image’s feature vector.

III. CONTENT BASED IMAGE RETRIEVAL

IV. BATIK CBIR

An image retrieval system is a system that retrieves
images from an image database according to certain
parameters provided. The retrieval of images can be
done by two methods, query-by-text and query byexample [3].
Query by text is a method of image retrieval using
keywords as search parameters. A good example is
image searching using well-known search engines,
such as Google, Yahoo, and so forth. These search
engines allow the user to input certain keywords as
search criteria. The engine will then search for images
that match the query. These searches are usually textbased, and the searches to match a query of “cow” is
based on the metadata of the images in the database
that has the string “cow” in it’s name or description.
Relying on the metadata to retrieve suitable images
is not an ideal method to perform image retrieval. The
metadata for a certain image must be made manually,
which is costly and difficult. For example the words
that can be used to describe a picture of a book are
endless, starting from simply “book” to the name of
the writer, the publisher, the properties of the book,
and so on.
Hence the second method of image retrieval was
introduced. Query by example is a retrieval of images
based on an example image, also known as the query
image. The term content-based image retrieval (CBIR)
was born, indicating a method of image retrieval based
on the contents of that certain query image image. This
method is also known by the name of query-by-imagecontent (QBIC). Like its name, this method retrieves
images from an image database according to the
contents of the query images used for searching. The
contents of the images may be texture, colour,

At the Faculty of Computer Science, University of
Indonesia, there has been a previous research to build
a preliminary content based image retrieval system for
batik images. This was a project conducted as a multilaboratory research to summarize various research
results from laboratories at this faculty [4].
This project was designed to work on a mobile
platform to enable communication from a mobile
device. Images could be taken using the mobile
device, then sent to a server as queries. As a response,
the server would process the queries, performing
image processing and pattern recognition. As a result
the server will then send relevant information about
that certain batik pattern [4].
The image database on the server is built using
various pre-prepared images of batik cloths, using a
couple of web services provided on the server. The
images for the image database are processed using the
Image Enhancer webservice, and their features
extracted with the Feature Extractor. The images and
their features are then populated into the datbase using
the Index Builder webservice.
The image sent to the server will be processed using
web services provided on the aforementioned server.
The web services that are usable are used to process
each query image sent from any mobile device to the
server. The image will then be processed using the
Image Enhancer web service to enhance the image,
and Feature Extractor to extract certain images from
the image. Then the server with initiate the Pattern
Recognizer web service to do the image matching.
This whole process is controlled by the main
webservice, namely the Batik Information Retriever.
The features used in this system are the Gabor and Log

Gabor texture features, applied to grayscale images.
A. Log Gabor feature
Gabor filters are well known for their ability to cope
with multi-scale as well as multi-orientation data.
Gabor filters have been widely used for texture
analysis, such as texture segmentation and
classification and face recognition. Moreover, Gabor
filters are also commonly used for content-based
image retrieval systems, such as in [6].
Gabor filters are derived based on Gabor functions.
A two-dimensional Gabor function g(x,y) and its
Fourier transform G(u,v) can be written as [7]:
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where u = 1/2x and v = 1/2y. Let g(x,y) be a
mother wavelet, a class of self-similar functions or
children wavelets, referred to as Gabor wavelets, can
be obtained by dilations and rotations of g(x,y) through
the generating function:

g mn  x, y   a  m g ( x' , y ' ) , m,n are integers

x'  a  m ( x cos   y sin  )
y '  a  m ( x sin   y cos  )
where a  1 ,  = n/K, n = 1,2, … S, S is the total
number of scales, and K is the total number of
orientations.
The Gabor wavelet transform for a given image
I(x,y) is thus defined as

W mn ( x, y )   ( x1 , y1 ) g mn * ( x  x1 , y  y1 ) dx1 dy1
where * indicates the complex conjugate. The mean
mn and the standard deviation mn of the magnitude of
the transform coefficients are:

 mn   Wmn ( xy ) dxdy

 mn 

 W

( xy )   mn  dxdy .
2

mn

A feature vector is constructed using mn andmn as
feature components.
A variant of Gabor filter, namely log-Gabor filter,
was proposed by Field [8], who suggests that logGabor filters, which have extended tail at the high
frequency end, should be able to encode natural
images better than Gabor filters. Gabor filters overrepresent the low frequency and under-represent the
high frequency in any encoding.
A frequency response of a log-Gabor filter is
defined as



for representing the spatial-frequency responses.
Conversely, a Gabor filter fails to capture symmetry
on log axis. Therefore, Field suggests that log Gabor
filters may provide a better description than Gabor
filters.
B. Colour histograms
Another commonly used feature in image
processing is that of colour. The colour histogram of
an image essentially measures the number of pixels
that have colours in each of a fixed list of colour
ranges, that span the colour space of the image, i.e. the
set of all possible colours. In our experiments, the
intensity of each pixel in the Red, Green, and Blue
channels are computed, and the histogram serves as a
statistic that can be viewed as an approximation of an
underlying continuous distribution of colour values.
Given earlier discussion about the value of colour in
determining batik origin, this statistic can prove very
useful.
V. IMAGE CLUSTERING
Using a collection of batik images, we wish to
cluster the images according to their features and
observe the results of clustering. In the previously
developed batik CBIR system, it is desired for a
certain feature of the image to be able to represent a
class of data, for example the parang versus kawung
batik patterns.
In the process of matching, the process done is
actually a classification that will classify the input or
query image into a pre-defined class. For example we
already have 11 pre-defined classes of batik patterns in
the database, represented by example images and their
feature vectors. For each query image, the system will
categorize them into one of those 11 pre-defined
classes according to the distance of their feature
vectors.
In this new experiment reported in this paper,
instead of pre-defining the classes beforehand, we aim
to cluster batik images without labeling them, then
observe the clustering results. The desired result is for
the images to cluster themselves into their appropriate



G( f )  exp  log( f / f o ) / 2log / f o 
where fo is the centre frequency of the filter and  is a
2

2

constant [8]. A log response of a log-Gabor filter is
symmetric on a log axis, which is the standard method

Fig. 1. Automatically clustering Batik images that are known to
belong to separate classes; we then observe how well the
clusters approximate the known classes.

Fig. 3. Posited hierarchy of batik images in collection, based on
region of origin.

Fig. 2. Example of Batik images used in our experiments.

classes. We wil then analyze the results and observe
the characteristics of the images and the clustered
results, as exhibited in Figure 1.
The clustering approach that we use in this
experiment is the well-known k-means clustering,
where we aim to cluster n images into k clusters as
follows [5]:
1. Initialize the clustering by choosing k random
vectors as the initial k “means” that represent the
k clusters that are about to be developed.
2. Assign all the remaining elements to the nearest
mean, hence creating k clusters.
3. Compute the centroid of each cluster using all the
elements of the cluster done in step 2.
4. Repeat until convergence has been achieved.
VI. EXPERIMENTAL DESIGN
In the experiment that we have conducted here, we
use 17 initial classes of batik or traditonal cloth
images, as explained in Table 1. Each class of images
that we use has 10 individual images. Examples of the
images used in this experiment are shown in Figure 2.
TABLE I
CLASSES OF BATIK IMAGES USED

ID
B1
B2
B3
B4
B5
B6
B7
B8
B9
B10
B11
B12
B13
B14
B15
B16
B17

Type of Batik Cloth
Bali Batik
Cirebon Batik
Indramayu Batik
Jambi Batik
Jogja Batik
Jogja Tulis Batik
Jogja Parang Batik
Jogja Semen Batik
Madura Batik
Pekalongan Batik
Sidoarjo Batik
Solo Batik
Kalimantan Sasirangan
Palembang Tenun
Maumere Tenun
NTT Tenun
Batak Ulos

Against this collection we further posit a hierarchical
structure among the classes as governed by the region
of origins, as seen in Figure 3. The objective of the
experiment is to determine whether the log-Gabor and
colour histogram features accurately predict the
hierarchy above.
A. Experimental Setup 1
The first experimental setup was conducted as
follows: we use all 17 classes of batik images, with 10
images in each class. The k-means clustering algorithm
is used to create 17 clusters. The intention of this setup
is to observe whether the 17 initial classes will be
separated correctly into the 17 resulting clusters.
B. Experimental Setup 2
The second experimental setup was conducted as
follows: we use all 17 classes of batik images, with 10
images in each class. However, the k-means clustering
algorithm is used to create only 2 clusters. The
intention of this setup is to observe how all these
images would group using the clustering algorithm.
Our underlying assumption is that the batik originating
from Javanese culture should differ from the other
traditonal cloths from other parts of Indonesia. This
experiment measures whether our two chosen features
can reveal this distinction.
C. Experimental Setup 3
The third experimental setup was conducted as
follows: we use 7 clusters of batik originating from
traditional Javanese cultures, namely: Jogja Batik
(B5), Jogja Tulis Batik (B6), Jogja Parang Batik (B7),
Jogja Semen Batik (B8), Pekalongan Batik (B10),
Sidoarjo Batik (B11), and Solo Batik (B12). The kmeans clustering algorithm is used to create only 4
clusters. The intention of this setup is to test two
things: firstly, do the batik cloths from different
regions get assigned to separate clusters, and secondly,
do the various cloths originating from Jogja form one
cluster. The underlying assumption is that the patterns
of each Javanese batik are distinguishable enough to
separate batiks from separate regions.
D. Experimental Setup 4
The last experimental setup was conducted as
follows: we use 4 clusters of Jogja traditional batik,
which are Jogja (B5), Jogja Tulis (B6), Jogja Parang
(B7), and Jogja Semen (B8). The k-means clustering

algorithm is used to create 4 clusters. The intention of
this setup is to measure whether the unique motifs, e.g.
parang and semen, can be distinguished by the two
features used.
VII. RESULTS AND ANALYSIS
The labeling of a resulting cluster is done by
determining the initial class of the most images
assigned to that cluster. For example, if the first cluster
created was mostly composed of images of Bali Batik,
therefore the first cluster is then labeled Bali Batik,
and so forth.
The results are measured using precision and recall,
where precision is the ratio of correctly clustered
images to the total amount of elements in that cluster,
whereas recall is the ratio of correctly clustered images
to the actual number of images available for that batik
class.
We must keep in mind though, that the resulting
clusters may not have the same amount of images in
each cluster, therefore the calculation must be separate
TABLE 2
RESULTS OF EXPERIMENT 1
Log-Gabor Feature
Cluster Size
Label
Correct
Cl1
34
B5
4
ID
Label
Clustered
Cl2
4
B15
1
Cl3
5
B4
1
Cl4
28
B13
5
Cl5
2
B2
2
Cl6
10
B11
2
Cl7
25
B1
3
Cl8
1
B14
1
Cl9
9
B16
3
Cl10
5
B12
1
Cl11
3
B9
0
Cl12
13
B6
2
Cl13
17
B7
3
Cl14
1
B17
0
Cl15
7
B3
3
Cl16
3
B10
1
Cl17
3
B8
1
Average:
Colour Histogram Feature
Cluster Size
Label
Correct
Cl1
13
B17
5
ID
Cl2
10
B13
3
Cl3
7
B5
1
Cl4
16
B12
3
Cl5
3
B13
3
Cl6
9
B2
2
Cl7
12
B1
3
Cl8
1
B14
1
Cl9
25
B6
8
Cl10
6
B16
4
Cl11
5
B3
2
Cl12
12
B8
3
Cl13
14
B11
2
Cl14
11
B4
2
Cl15
15
B15
6
Cl16
7
B7
4
Cl17
4
B3
1
Average:

Prec.
0.12
0.25
0.20
0.18
1.00
0.20
0.12
1.00
0.33
0.20
0.00
0.15
0.18
0.00
0.43
0.33
0.33
0.30

Recall
0.40
0.10
0.10
0.50
0.20
0.20
0.30
0.10
0.30
0.10
0.00
0.20
0.30
0.00
0.30
0.10
0.10
0.19

Prec.
0.38
0.30
0.14
0.19
1.00
0.22
0.25
1.00
0.32
0.67
0.40
0.25
0.14
0.18
0.40
0.57
0.25
0.39

Recall
0.50
0.30
0.10
0.30
0.30
0.20
0.30
0.10
0.80
0.40
0.20
0.30
0.20
0.20
0.60
0.40
0.10
0.31

for each cluster. The labeling is done in the following
steps:
1. Assign each cluster’s label as the ID of the most
frequently occuring batik type in that cluster,
starting with the cluster with the largest amount
of images from one batik class.
2. If there should be a tie between 2 clusters to be
assigned the same batik type image, select the
batik type image with the highest ratio of
comparison between the occurrences and the
total amount of images in each cluster.
3. If there should be a tie between 2 batik type
images to be assigned to a cluster, choose the
batik type that affects the least number of other
clusters.
4. If no batik type classes apply, randomly select a
non-assigned batik type to that cluster.
TABLE 3
RESULTS OF EXPERIMENT 2
Log-Gabor Feature
Cluster
Cl1
ID
Cl2

Size
45
125

Label
NonJavanese
Javanese

Colour Histogram Feature
Cluster Size
Label
Cl1
132
Javanese
ID
Cl2
38
NonJavanese

Correct
26
Clustered
61
Average:

Prec.
0.58
0.49
0.53

Recall
0.29
0.76
0.53

Correct
64
Clustered
24
Average:

Prec.
0.48
0.63
0.56

Recall
0.80
0.26
0.53

TABLE 4
RESULTS OF EXPERIMENT 3
Log-Gabor Feature
Cluster
Cl1
ID
Cl2
Cl3
Cl4

Size
9
9
24
28

Label
Sidoarjo
Solo
Pekalonga
n
Jogjakarta

Colour Histogram Feature
Cluster Size
Label
Cl1
31
Jogjakarta
ID
Cl2
10
Pekalonga
n
Cl3
14
Sidoarjo
Cl4
15
Solo

Correct
2
Clustered
1
4
16
Average:

Prec.
0.22
0.11
0.17
0.57
0.27

Recall
0.20
0.10
0.40
0.40
0.28

Correct
21
Clustered
3
1
6
Average:

Prec.
0.67
0.30
0.07
0.40
0.36

Recall
0.53
0.30
0.10
0.60
0.38

TABLE 5
RESULTS OF EXPERIMENT 4
Log-Gabor Feature
Cluster
Cl1
ID
Cl2
Cl3
Cl4

Size
9
2
21
8

Label
Tulis
Semen
Jogja
Parang

Colour Histogram Feature
Cluster Size
Label
Cl1
6
Jogja
ID
Cl2
6
Semen
Cl3
7
Parang
Cl4
21
Tulis

Correct
2
Clustered
2
7
4
Average:

Prec.
0.22
1.00
0.33
0.50
0.51

Recall
0.20
0.20
0.70
0.40
0.38

Correct
4
Clustered
3
5
10
Average:

Prec.
0.66
0.50
0.71
0.48
0.59

Recall
0.40
0.30
0.50
1.00
0.55

A. Experimental Setup 1
The results of the first experimental setup are
presented in Table 2. Note that the cluster sizes vary,
starting from as small as singleton sets up to clusters
containing 34 images. The average precision and
recall obtained using the log-Gabor filter feature is
0.30 and 0.19, whereas for the colour histogram it is
0.39 and 0.31, indicating that the colour histogram is a
better indicator for determining region of origin.
B. Experimental Setup 2
The results of the second experimental setup are
presented in Table 3. The cluster sizes still do not
match up to the original classes, however the results
obtained are much better: 0.53 for both precision and
recall using log-Gabor filter, and 0.56 and 0.53 for
precision and recall respectively using the colour
histogram. This indicates that the 17 originating
classes are not simply random distributions, as if that
were the case one would expect the results to be
similar to the first experimental setup. There is clearly
a distinguishing factor between Javanese and nonJavanese cloths, and the two features tested in this
experiment are able to pick up on some of those
distinctions.
C. Experimental Setup 3
The results of the third experimental setup are
presented in Table 4. At least we can observe that the
Jogja cluster is always the largest, which should be the
case given there are four times as many images
contained within the collection. However, the results
obtained are not as good, indicating that Javanese
batiks bear much more resemblance with each other
than non-Javanese traditional cloths. The colour
histogram again performs consistently better than the
log-Gabor filter.
D. Experimental Setup 4
The results of the final experimental setup are
presented in Table 5. Here we see that the k-means
clustering algorithm is more successful at
distinguishng between different motifs/patterns that
derive from the same region, i.e. Jogja. This is rather
counterintuitive, given that the previous three setups
show that the finer the granularity of detail, the more
difficult it is for the clustering algorithm to correctly
cluster the batik images. This warrants further
exploration.
VIII. CONCLUSION
Using only texture or only colour as the feature that
represents a batik image is not sufficient to
differentiate the batik images according to class. The
clustering results do not present with a good accuracy
when attempting to separate 17 types of batik cloth
images according to their properties. This may be a

result of the similarity between patterns and the variety
of colours used in each batik cloth types.
Nevertheless, as we become more specific in the
clustering, going down the hierarchy of batik images,
clustering using colour and texture features become
more representative for each batik image according to
origin. The results from the second experimental setup
show the system is quite able to divide the clusters into
Javanese and Non-Javanese batik cloths, and then in
the next experimental setup we cluster the Javanese
cloths according to origin, and then in the last
experimental setup we try to differentiate the Jogja
batiks according to type. As we go down the hierarchy
and become more specific, i.e. by increasing the
granularity of detail, the results degrade, with the
exception of the last experiment.
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Abstract-Scientific research reports require a great deal
of citation, therefore automatic metadata generation
provides scalability and usability for digital library and
their collections. Due to numerous models, it is difficult to
automatically transform semi-structured citation data
into structured citations. Some Information Extraction
tasks can be approached as a classification problem where
the task is split in to tokens and each token is assigned a
class. This paper describes bibliographic extraction tasks
as a classification based method from reference part of
the document. Random Forests is a recent development in
tree based classifiers and quickly proven to be one of the
most important algorithms in machine learning literature.
This paper discusses random forests classification
approach to help extracting the correct components of
references and achieves over all word accuracy rate
96.7%.

I. INTRODUCTION
Research paper search engines such as Cite-Seer
[5] give researchers tremendous power and convenient
in their research. Therefore the information quality of
such system is very important. This quality depends on
an information extraction component that extracts
metadata such as title, author, institution, year, etc from
paper headers and references. These metadata are
further used in many components application such as
field-based search, author analysis and citation analysis.
However it is difficult for computer automatically
extract bibliographic information from citations because
there are a lot of citation format.
There have been much previous work in
bibliographic
extraction;
template
matching,
knowledge-based approach and machine-learning. In
general machine learning methods are robust and
adaptable and, theoretically, can be used on any
document set. Generating the labeled training data is
the rather expensive price that has to be paid for
learning systems. Although regular expressions and
rule-based systems do not require any training and are
straightforward to implement, their dependence on the
application domain and the need for an expert to set the
rules or regular expressions causes these methods to
have limited use. Almost previous bibliographic
extraction from references applied Sequential Labeling

based extraction methods such as Hidden Markov
Model (HMM), Maximum Entropy Markov Model and
Conditional Random Field (CRF). HMM is widely used
generative model over input sequence and labeled
sequence pairs but it is difficult to model multiple nonindependent features of observation sequence. CRF is
undirected graphical model trained to maximize a
conditional probability. The drawback of CRF is its
huge computational cost in parameter estimation .
This paper discusses a machine learning method
for automatic metadata extraction. The engine of the
method to is Random Forest classifier. It has proven be
fast, robust to noise and offers possibilities for
explanation and visualization of its output. Random
Forests is widely used in bioinformatics and medical
fields. It is also the most suitable method for multi-class
classification and high dimensional data.
The rest of the paper is organized as follows. In
section 2 discusses about the related works of other
metadata extraction methods. Section 3 presents the
background theory of Random Forest. Section 4
discusses details about system architecture. Section 5
discusses experimental results and conclusion will
follow in section 6.

II. RELATED WORK
Numerous works in extraction citation
information are reported in literature. As for
classification based approach [9, 4] makes use of
Hidden Markov Model while [7] makes use of
Conditional Random Field. A method for extracting
bibliographic attributes from reference strings captured
using Optical Character Recognition (OCR) and an
extended hidden Markov model was discussed in
[4].This model has advantages in reducing the cost of
preparing training data, a critical problem in rule-based
systems. A simple method for extracting metadata fields
from citation [9] achieves levels of precision and recall
greater than other HMM-based method. Authors F.
Peng & A. McCallum [7] employed CRF for the task of
extracting various common fields from the header and

citation of research papers. Both of theses two methods
tested upon the Cora dataset of labeled citation [6].
Random Forests-based classification methods have
been widely used in many applications. Balanced
Random Forests (BRFs), algorithm, used to extract
definitions from written texts [2]. Authors F. Schroff,
A. Criminisi and A. Zisserman [8] described the
random forest-based face classification method. They
utilized different training/test image ratios in each
experiment: 50/50, 20/80 and 80/20. They achieved
lowest classification error (0.0%) by the random forestbased method with 255 numbers of trees grown and 9
numbers of variables at each split for the 400 face
images. In another application [3], Random Forest was
applied in 3 different areas such as determining the
identification of a Turkish document’s author,
classifying documents according to text’s genre and
identifying a gender of an author, automatically. They
used Naive Bayes, Support Vector Machine, C 4.5 and
Random Forest as classification methods and the results
were given comparatively.
This paper investigates to use Random Forest
because of it success in handling high dimensional data
spaces for classification problems in biomedical and
image classification without over-fitting.

III. BACKGROUND THEORY OF RANDOM FORESTS
Random Forests is one of the most successful treebased classifier [1]. Essentially, Random Forests is
ensembles of weak, weakly-correlated decision trees
that vote on the correct classification of a given input.
Because the decision trees are weak, they minimize the
risk of over fitting the training data set, a significant
and well-known problem with individual decision trees.
The random forests algorithm for classification is
as follows:
Let Ntrees be the number of trees to build
for each of Ntrees iterations
1. Select a new bootstrap sample from
training set
2. Grow an un-pruned tree on this
bootstrap.
Predict new data y aggregating the predictions of
the Ntrees trees (i.e., majority votes for classification)
An estimate of the error rate can be obtained,
based on the training data, by the following:
1. At each bootstrap iteration, predict the data not in the
bootstrap sample (what Breiman calls “out-of- bag”, or
OOB, data) using the tree grown with the bootstrap
sample.

2. Aggregate the OOB predictions. (On the average,
each data point would be out-of-bag around 36% of the
times, so aggregate these predictions.) Calculate the
error rate, and call it the OOB estimate of error rate.
Random forest uses the gini index from the CART
learning system to construct decision trees. The gini
index of node impurity is the measure most commonly
chosen for classification- type problems. If a Dataset T
contains examples from n classes, gini index, Gini (T)
is defined as
n

Gini(T) = 1-  (Pj)2
j=1

Where, Pj is the relative frequency of class j in T.

IV. SYSTEM ARCHITECTURE
There are three main steps in this system. The
engine of this system is Random forests classifier. In
order to achieve dependency, apply the features of
previous and next tokens.

4.1. Tokenization
In this step the input citation string is
tokenized into short pieces to be classified to associated
fields. The citation strings is fragmented by using
delimiters such as comma, period etc. In this work,
space is not used as delimiters.

4.2. Feature extraction
After tokenization, the features used to classify
the fragments are defined. Wise choice of features is
always vital the performance of any machine learning
solution. In this system, the features are divided into
three categories local features, layout features and
external lexicon features. Table 1 describes the list of
features used in the system.

4.3. Classification
In this final stage Random Forest classifier
receives the sequence of feature vectors from previous
stage to classify the tokens to its appropriate meta-field.
The final result is produced by the combination of tree
predictors such that each tree depends on the values of a
random vector sampled independently and with the
same distribution for all trees in the forest.

Feature name

Description

V. EXPERIMENTAL RESULTS

Local features
Incap

Start with capital letter

Allcap

All characters
capitalized

Containdigits

Contains at least one
digit

Alldigit

All characters
digits

Containdots

Contains at least one
dot

Containdash

Contains at least one -

SingleCapital

Single capital letter

IsEds

Is words Eds or editors

IsVol

Is words vol or volume

Isissue

Is words iss or issue

IsPgs

Is words pages or pp

are

are

Layout features
Line_start

At the beginning of the
line

Line_in

In the middle of a line

Line_end

At the end of a line

External lexicon features
IsName

Match word in name
lexicon

IsDate

Words likes Monday,
Friday

IsMonth

Words likes Jan,Feb

Affiliation

Words like institution,
Labs etc

Table1. Lists of features used

The reference dataset used in this system is the
Cora dataset (A. McCallum 2005), which contains 500
references categorized into 13 fields: author, title,
editor, book title, date, journal, volume, tech,
institution, pages, location, publisher, and note.
However, this paper only discusses about the extraction
of author, title, date, volume, book title, institution,
pages.
The evaluation measured used was precision,
defined as the number of correctly classified labels
divided by the total number of labels and over all
accuracy, the percentage of words whose predicted
labels equal their true labels. Table 2 shows the
precision and overall accuracy obtained in the
experiments. From this one can see that Random
Forests perform better than single decision tree.

Table2. Extraction results compared with decision
tree

author
title
book title
date
volume
institution
pages
over all
accuracy

Decision
Tree
97.33%
90.55%
90.3%
98.6%
90%
97.1%
96.5%
90%

Random
Forest
99.4%
95%
94.71%
98.8%
95.5%
97.65%
99%
96.7%

VI. CONCLUSION
The current work proposes the automatic
bibliographic extraction system to extract information
from the references portion of the research papers. The
implemented system deployed the machine learning
technique, Random Forests and achieved high degree of
precision. The most commonly contained fields in most
of the paper are extracted by using only word specific
features in this work.
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Abstract—The interest in scientific research in Indonesia, has dramatically increased. Therefore, there is a need
to build a system that can analyze the popularity of
certain scientific literatures’ citation. The assessment to
analyze scientific literatures is called Citation Analysis.
In this research, the system has a various methods and
advantages in autonomously finding PDF electronic document, based on its scientific citation. The methods are
Web Mining, Information Retrieval, Information Extraction, Link Analysis, and Web Service. The system started
the process by using PDF documents that contain citations to another document. The next phase is to extract
and retrieve references of a PDF document. Therefore,
the system can understand how to find references section,
and parse it, so every citation can be retrieves by using
crawling mechanism. After the system receives sufficient
documents, the system continues to assess information
from the retrieved documents by using Link Analysis
method. The system tries to find citation network in a
collection of Indonesian and foreign scientific literatures.
For Indonesian scientific literatures, we use the scientific
literatures that have been published by one of a famous
university in Indonesia. For foreign scientific literatures,
the system use ACL Anthology corpus. The source of
foreign corpus came from joint conference on Natural
Language Processing of the AFNLP. Citation analysis
in Indonesian scientific literatures, show a very small
citation network, compared to another data set. Though
Indonesian scientific literatures don’t cite one another
quite well, we have provided a digital library prototype
that can fairly be used to analyze citation in a collection
of scientific literatures.

I. I NTRODUCTION
CIENTIFIC literatures is a masterpiece result of
scientific research. A scientific research was conducted by scientists to solve the problems that occur
in their environment. In general, in order to publish
their research, scientist need to write a scientific report, which is called scientific literatures. There is
many specific format to write scientific literatures,
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such as systematic writing rules and scientific method
approaches. As we can see, there are many example of scientific literatures that have been published.
Those scientific literatures include research reports,
final projects, assessment studies, conference scientific
literatures, journal articles, and so forth. Based on the
enormous scientific literatures, we should admit that,
knowledge excavations become deeper and deeper.
Nowadays, those scientific literatures have been applied to enlight many field that needs answers. However, the main problems that people must faced, are the
unmanaged scientific literatures and unapplied method
to analyze scientific literatures. Many of scientific
literatures ended in a old fashioned library, with no
one even know it was there. Instead of being kept in
that old fashioned library, scientific literatures, can be
used to help the investors, determine their scientific
work that are useful for them. In the other hand,
the emergence of citations in scientific works among
documents, indicates that the project has formed a
collaborative scientist’s network. This collaborative
scientist’s network may help the scientist to find another scientist, that work in the same field, so they can
work together to develop new projects.
II. C ITATION A NALYSIS
A. Introduction to Citation Analysis
Citation is a reference from a scientific literatures to
another scientific literatures, such as technical reports,
journal, final project, scientific articles, and so on. The
reference in those scientific literatures, may cite one
another. In the pre-computer era, analysis in citation
is time and resource expensive. This is because the
manualy linking between citation’s tradeoff.
Citation Analysis, is a part of bibliometric method
that are used to assess information. The information
that are being assess are the references section in
the scientific literatures. This references section shows
relationship between scientific literatures, that can be
analyzed by the system to calculate the central focus
of research based on citation of scientific literatures.
Citation analysis was firstly applied by Francis Narin
(1976). During that time, the system use standardized methodology to assess information. Later, many
methods was developed to assess the accuracy of the
information [1].

B. Citation Analysis Advantages

B. Information Extraction

Citation analysis is used to find connected citation.
This citation analysis can be used to provide suitable
document according to user’s search request. There are
three specific advantages of Citation analysis:

Information Extraction is a process to transform
collection of documents, into information that is more
readily digested and analyzed [2]. Therefore Information Extraction aims to extract relevant facts from
documents. In this research, information extraction is
used to extract the citation. The method to extract the
citation is template mining.

1) Show the inlink and outlink for each scientific
literatures.
2) Finding a score for each scientific literatures.
3) Find the most cited scientific literatures to find
the most influence paper.
III. W EB M INING
Web mining is a techniques to discover useful
information in the web. There are two main process
that are applied in the current system. The first is
the Web content mining, and the second is the Web
structure mining. In Web content mining, the system
use Information Extraction and Information Retrieval
discipline, in order to extract the content of scientific
literatures and retrieve suitable scientific literatures.
The Web structure mining method, tries to calculate
the best score for each connected scientific literature.
The connected scientific literatures means that at least
one of the scientific literatures cite one another.
A. Information Retrieval
Information retrieval is the automatic retrieval of all
relevant documents while at the same time retrieving
as few of the non-relevant as possible. In this research,
there are two main method to built citation analysis
system [2].
Stemming
Stemming is process to map various form of words,
or by eliminating prefix, suffix, or combination between prefix and suffix from word, to achieve the
basic form of the word. The algorithm for stemming
used in this research is Potter Stemmer for Indonesian.
Illustration of the algorithm can be seen in Fig. 1.
Stemming algorithm in Fig. 1 can be achieve by removing particles suffixes, suffix indicating ownership
pronoun, the prefix, suffixes, and the combination of
prefixes and suffixes. Before doing the removal process
in Porter Stemmer, calculations measure is performed.
Porter Stemmer algorithm is used in this research,
because of the reliability of the algorithm for handling
Indonesian morphological structure which is composed
of combination or suffixes and prefixes.

Template Mining
Template mining is a particular technique used in
information extraction. With the use of Natural Language Processing technique, template mining can be
used to extract data directly from text if either the data
and/or the text surrounding the data form recognizable
patterns [4].
Template mining tries to find matches text with a
template, so the system can extracts the data according
to instructions associated with that template. If the
system don’t follow the citation, system won’t process
the citation.
IV. W EB S ERVICE
Web service is defined by the W3C as a software
system designed to support interoperable machine-tomachine interaction over a network. It has an interface
described in a machine-processable format (specifically Web Services Description Language WSDL).
Other systems interact with the Web service in a
manner prescribed by its description using SOAPmessages, typically conveyed using HTTP with an
XML serialization in conjunction with other Webrelated standards. Web services are an Application
Programming Interface, that can be accessed over
a network, and executed on a remote system that
initiated the requested services. In the system, Web
services are used to find citation’s suitable literatures.
In this research, there are several API that are
use for identifying and retrieving citation. Those API

Indexer
Indexer is a tool for processing original data into
an efficient search index to support rapid searching. In
this research, Lucene indexer is used as a sole indexer
to index data. In the other hand, Lucene indexer are
used to find similarity of scientific literatures.

Fig. 1: Illustration of Porter Stemmer [3]

are Google AJAX Search API, ArXiv Search API,
Amazon Web Service, and Google AJAX Language.
Google AJAX Search API is used as a primary
search engine for retrieving scientific literatures. ArXiv
Search API is used as a backup if the Google AJAX
Search API can’t find scientific literatures. The Amazon Web Service is used to identify the citation, if
the citation included as a book. The Google AJAX
Language is used to identify scientific literature’s
language.
V. S YSTEM A RCHITECTURE
The target of this research is to make a useful application for implementing analysis in scientific citation.
To implement citation analysis, the system have to
determine the references section, extract the references
section, and connect the references to another scientific
literatures.
The system architecture of the main system can be
seen in Fig. 2 below. There are three main modules
that are vital to the system. The three main modules
are:

C. Crawler and Document Processing Module
The main input for this module, came from the
uploaded PDF scientific literatures documents. The
aim of this module is to crawl the reference attributes
extracted from reference citations in the scientific
literatures document, using crawling mechanism. The
crawling mechanism, works in conjugate with some
API. Those API are Google AJAX Search API, ArXiv
Search API and Amazon Web Service. To be able
to crawl, the scientific literatures document, must be
processed to obtain reference attributes. The crawling
mechanism consist of some modules. The processes
are the crawler mechanism, documents validation and
document processing.

A. Preprocess Module
Preprocess is a process done by the system before
doing all the main process. These processes include the
construction of citation extraction rules, and processing the Indonesian stemming rule to Indonesian Porter
Stemmer Filter. The use of citation extraction rules in
the system is to extract references. The other process of
preprocess module are the Indonesian Porter Stemmer
filter. Indonesian Porter Stemmer Filter is used to
stem the Indonesian query and Indonesian scientific
literatures. If the query or the document don’t use
Indonesian language, system will stem the document
using English Porter Stemmer.
B. Search Engine Module
Search Engine modules serves as a bridge to simplify interaction between user and the system. User
can interact with the system, by sending a document
keyword query or an author name query. Those query,
will be analyze and stemmed by the Indexer, to find
the best matching documents. In the search engines
modules, there are three main processes carried out
by the system. The processes includes the indexing,
scoring, and searching process. The indexing process is
the process of breaking up a document into terms that
will be scored to provide relevant document according
to the user’s query. In addition, the system provides a
feature to determine the rank of each document. These
feature is processed by using the PageRank algorithm
in the ranking process. Therefore, because there are
two approaches in scoring process, system need to
collaborate the score results from the two different
approaches.

Fig. 2: System Architecture

VI. T ESTING
There are two testing evaluation that are conducted.
The first is quantitative evaluation of citation extraction
rules, the second is system testing. The quantitative
evaluation of citation extraction rules, use 500 metadata from Citeseerx. To get the metadata from Citeseerx, the system build a crawling mechanism to retrieve references attributes. The first quantitative evaluation, compare the references attribute that Citeseerx
provide with an extracted reference from document.
The evaluation result to recognize the author’s name,
is about 81.6%. The evaluation result to recognize the
title of a reference is about 70%. The evaluation result
to recognize the source of reference is about 81%. The

evaluation result to identify the year of a reference is
100%.
The second testing evaluation is system testing. This
testing process is done on several approaches. The first
approach is to implement citation analysis in Indonesian scientific literatures. The second is to implement
citation analysis in ACL Anthology corpus. The source
of Acl Anthology corpus that the system used, came
from the joint conference on Natural Language Processing of the AFNLP. The implementation of citation
analysis in Indonesian scientific literatures only give
maximum three nodes in one of connected graph. The
Indonesian scientific literatures, in the system, gives
only 2 nodes for each groups wheras the ACL Anthology corpus that the system used, gives approximately
561 groups of connected graph that have an average
of six nodes in each connected graph. Based on the
system testing, we can see that Indonesian people don’t
cite one another quite well. The approach in citation
analysis implementation described from Figure 3 to
Figure 6.

Fig. 4: Testing Result

Fig. 3: System Testing Approach

In Figure 3 there are several features to find scientific literatures in the system. The first feature is
to find scientific literatures by using keyword that are
contained in scientific literatures, the second feature
is to find author keyword in scientific literatures. The
last feature is to find scientific literatures, based on
the language that scientific literature use. By using this
features, system tries to give sufficient information.
As figure 3 described, system can handle two main
process to find document by keyword, or by an author
name. Figure 4 test the system by finding document by
keyword. The result of finding document by keyword,
shows several important information, which are document similarity, inlink information, outlink information, and PageRank score. Document similarity feature
in the system are build by using indexer technology.
This feature collect the term of each document and
feed it back to the system to find similar document. To
find similar document, system tries to calculate vector
space model cosine similarity.
In Figure 5 there are several features provided by
the system in detail testing result. The first feature is
the outlink information of selected document in testing
result. The last feature is the detail inlink information

Fig. 5: Testing Result

of selected document in testing result. The user can
interact with the system by clicking the link button.
The last system testing tries to visualize citation
graph of joint conference on Natural Language Processing of the AFNLP, ACL Anthology corpus. For the
simplicity reason, the visualization result only display
one of one of quite simple graph in system. Actually,
the ACL Anthology corpus that the system used, gives
693 nodes in one of connected graph. Below is the
visualization of one of quite simple graph in system.
VII. C ONCLUSION
This research, show us the importance of citation
analysis in impacting future scientific literatures citation in Indonesia. The scientist may find other scientists that work in the same field to stretch their communities by looking the scientific literatures that cite
their work. In the other hand, by looking into citation

Fig. 6: Graph Visualization

between scientific literatures, the system can provide
PageRank score for each document. This score show
the important of the literatures, so the investor may
choose appropriate work to be applied and funded.
In this research, we have succeded in implementing
a digital library prototype that implement a citation
analysis method. This citation analysis provides citation from another literatures and citation to another
literatures. Those citations will be calculated by the
system to achieve literatures ranking.
For further development, system will use many
approaches to boost the citation extraction relevancy.
Also, the system will try to develop a new way
to visualize anti plagiarism PDF document. Another
specific conclusion can be drawn from the observations
described as follows.
1) The relevancy of single reference extraction is
limited by rules. However, based on quantitative
testing, the result is quite gratified.
2) Citation that pointed to self document is ignored,
triggering irrelevant PageRank score.
3) Document that doesn’t cited to or from another
document, will not be process by the system, due
to link connectivity.
4) PDF extraction to TXT doesn’t produce newline sentence separated indicator, making hard
to identify entity reference attributes. However,
to boost the accuracy, system tries to merge
separated references with the citation extraction
rules.
5) System can handle otomation process to find
PDF scientific literatures, based on references
attribute that user inputted.
6) Though Indonesian scientific literatures don’t
cite one another quite well. This web application,
can be used as prototype for further research.
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Abstract - The current research on question
answering usually achieve the answer only from
unstructured text resources such as a collection of
news or pages. According to our observation to
real questions from Yahoo!Answer, users
sometimes ask complex natural language questions
which contain structured and unstructured
features. Generally, to answer the complex
questions need to consider not only unstructured
resource but also structured resource. In this work,
we propose a new idea to improve accuracy of the
answers of complex questions by recognizing the
structured and unstructured features of questions
and integrate structured and unstructured
resources in the web.

I. INTRODUCTION
nalyzing the focus of question is not a new issue
on question analysis research. A big part of the
purposes of those researches are to achieve the
information of question type or user intention clearly
and definitely. Understanding the key features of
questions are the prominent works of those researches
for reaching user information’s need. This topic
becomes more interesting to face the long and
complex questions. In some of the researches,
complex questions often refer to long-answer
questions. On complex question’s research, an answer
of a complex question is often a long passages, a set of
sentences, a paragraph, or even an article [11].
Although many prior studies of keyword search over
text documents (e.g HTML documents) have been
proposed, they all produce a list of individual pages as
results [10].
Sometimes, it is difficult to achieve the answer of
one complex question since the answer can not be
retrieved from only one webpage or one resource. In
fact, it is very common that the answer of one
complex question is possibly separated in several
webpages. Recently, the research of Question
Answering got a challenge of complex question [3, 7,
8, 15]. The detail of our observation will be described
on next section.
In this work, the complex question is a natural
language question that contains structured and
unstructured features. Thus, we propose an idea to

A

integrate structured and unstructured data on the web
to answer those questions. It is effective to improve
the search result of the question. The resources are
needed to consider not only the unstructured data but
also structured data.
One example:
“What is the capital city of the country that the
largest country in Arabian peninsula”
The focus of this question is to know clearly capital
name of the country that the country is largest in
Arabian peninsula. From this question, we can find
“the capital city” as the structured feature of question
and “that the largest country in Arabian peninsula”
as an unstructured feature of question. By these
features we can effectively retrieve the relevant
resource data to answer from both structured data and
unstructured data.
For comparison, Figure 1. shows that the result from
search engine Bing usually a relevant passage that
contains the needed answer. The factual answer is
Riyadh.

Figure 1. The example result (rank no.5) from
Bing1 Beta version
In another example, in topic “movie”, we can find the
database of movie on the web as structured data and
also webpages that contain information of movie are
huge amount exist on the web. Actually, many domain
data are stored as structured data on the web. Thus,
these are all of our motivations in this work and the
major concentration is about how to find the
structured and unstructured features of the question
and integrate two kinds of data as the effective
resource to improve the answer of the question.
Structured data on the web is prevalent but
ignored often by existing information search [4].
Moreover, structured data on the web usually have
high-quality content such as flight schedules, library
catalogs, sensor readings, patent filings, genetic
research data, product information, etc. Recently, the
1
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world wide web is witnessing an increasing in the
amount of structured heterogeneous collections of
structured data. Such as product information, google
base, tables on the webpages, or the deep web [14].
According to the complementary characteristics of
two kinds of data, it will be very useful to take the
advantages of them. The user will not care about from
which kind of the resource of the relevant information
can be found, they only want to get the better answers
of their questions.
II. RELATED WORKS
Since a question is the primary source of
information to direct the search for the answer, a
careful and high-quality analysis of the question is of
utmost importance in the area of domain-restricted
QA. [2] explains 3 mains question-answering
approaches based on Natural Language Processing,
Information Retrieval, and question templates. [13]
proposed another approaches according to the
resource on the web. Lin [12] proposed federated
approach and distributed approach. Federated
approach is techniques for handling semistructured
data to access Web sources as if they were databases,
allowing large classes of common questions to be
answered uniformly. In distributed approach, largescale text-processing techniques are used to extract
answers directly from unstructured Web documents.
III. THE CONSIDERED PROBLEMS

Question subfocus = “that is the largest country
in arabian peninsula”
Structured feature = “the capital city”
Unstructured feature = “country that is located
on a long boot shaped peninsula”
We can see that the structured features is the question
focus. This condition is one of situation that is issued
in dealing with question analysis. Our question data
are mostly about entity question. We want more to see
the answer tends to structured data.
B. Resource Discovery and Reach the Relevant
Answer
In this work, we take advantage of two kinds of
data. For the structured data, the form of this data is
simple relational data, e. g single table with attribute
name and attribute value. For unstructured data we
crawl webpages from several websites included
Wikipedia.
For this initial work, we tried to integrate the
answer result from two different types of data
resource. One of the basic problem of integration is
relevant answer matching problem. In our work this
answer matching is mostly about the matching terms
of both two recources. We will propose a simple linear
combination model to reach the score matching
between the unstructured data and structured data for a
given complex question. Finally, based on the simple
answer matching model, can be reached from both
two kinds of resources, hence we can improve the
result answer of the question.

The existing search engines cannot integrate
information from multiple irrelated pages to answer
queries meaningfully [10]. On the other case, they
usually only consider from one kind of resource,
unstructured data such as webpages or structured data
such as freebase (Powerset2 uses it).
A. Question Analysis
In this first step, we need to know the structured
feature and unstructured feature that exist on the
questions. For the sake of simplification, in this initial
work we only consider one kind of complex question
that might contain structured and unstructured feature.
As be known, a natural language question has many
forms of syntax and expression. Hence, we put some
assumptions in this step according to our observation
of the questions from Yahoo!Answer (in English).
Besides finding those features, we also want to find
the focus and subfocus of the question. From the same
example:
“What is the capital city of the country that is
the largest country in arabian peninsula?”
Question topic = “country”
Question focus = “the capital city”
2
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Figure 2. Framework of finding structured and
unstructured features to improve result of complex
questions
We focus on two main works, the first step is
finding the structured and unstructured features on the
question. The second step is retrieving the relevant
information over structured data and unstructured data

to achieve the exact answer. Some notations and
definitions that would be used in this work are listed
below.
For the Question Analysis, let Q is Question, Qt
is Question_topic, Qf is Question_focus and Qs is
Question subfocus. Then, Ft is Feature_topic, Fs is
Feature_structured
and
Fu
is
Feature_unstructured.
Next
part,
Resource
Discovery consider two kinds of data. On the
Data_structured (Ds) side, is used the relational
database. It has a set of record {Ri}. Record i contain
a set of Attribute_value {Avij} a set of
Attribute_name
{Ank}.
The
Focus
of
Attribute_name (FAn) and the Focus of
Attribute_value of record i (FAvi). On the side of
Data_unstructured (Du), is used the text documents.
It has a set of terms {tm}, a set of
Attribute_unstructured {Aun} and a set of snippet
{Su}.

To measure whether the Qf is Fs or Fu we use this
equation
Match(Qf , Ds)  arg max  P ( Fs | Qf )
Fs

FsDs

 P( An , Av | Qf )

 arg max
Fs

i

 P( An | Qf ) P( Av | Qf )

 arg max
Fs

i

Fs{( An i , Av i )}
i

i

Fs{( An i , Av i )}

(1)
Where,
Fs
is
Feature_structured,
Qf
is
Question_focus, Ds is Data_structured, An is
Attribute_name and Av is Attribute_value.
Next, to measure whether the Qf can become the
Focus of Attributes (FAn).

FAn*  arg max
FAn

 P( FAn | Qf )
FAnAn

(2)
where An is Attribute_name

IV. QUESTION ANALYSIS

V. RESOURCE DISCOVERY

In the beginning of our idea, we only consider
the question whose prefix has a question word
(“What”, ”Who”, ”Where”, ”When”, ”Which”,
”Why”, “How”). We observed 100 questions of three
topics, Book, Country and Movie. We consider on the
question that has phrase “of a” or “of the” or has main
clause and subordinate clause. We proposed the
Algorithm Finding Structured-Unstructured Feature,
consists first step of finding the Question topic (Qt),
Question focus (Qf) and Question subfocus(Qs) and
the second step finding the Feature topic(Fs), Feature
structured (Fs) and Feature unstructured (Fu) from the
question.

Most of information on the Web is stored in
semi-structured or unstructured documents. Making
this information available in a usable form is the goal
of text analysis and text mining system [5]. In this
prominent work we use on the Data_structured (Ds)
side, the relational database single table, and as
usually the Data_unstructured (Du) side, the webpages
[1].
The question example:
“What is the capital of the country that is located on
a long-boot shaped peninsula?”
Question_focus (Qf) is the same as Feature_structured
(Fs), and “capital” is Focus_Attribute_name (FAn)
which is one of Attribute_name (An) on
Data_structured (Ds)
Question_subfocus
is
identified
as
Feature_unstructured (Fu), “that is located on a longboot shaped peninsula”, is annotated as terms on
Data_unstructured (Du). From the annotated term on
Du, some useful attributes names and their
corresponding values can be extracted from term
around the annotated terms, and find the best snippet/
fragment on the Du.

ALGORITHM OF FINDING STRUCTURED-UNSTRUCTURED
FEATURES
Input
Output
(Qs)

: Question (Q)
: Question_topic (Qt), Question_focus (Qf), Question_subfocus
Feature_topic (Ft), Feature_structured (Fs), Feature_unstructured

(Fu)
Step

end

:
Begin
Use POS Tagger to get POS tag for each question
if (rule of tag sentence question,
Type 1: WP_tag+[A*]+[“of a“|”of the”]+NP_tag+[B*]) then
//NP_tag is the nearest NP after [“of a”|”of the”]
NP_tag is Question_topic (Qt)
[A*] is Question_focus (Qf)
[B*] is Question_subfocus (Qs)
end if
if (rule of tag sentence question,
Type 2: Wp_tag+[A*]+NP_tag+[B*]) then
//NP_tag is the nearest NP before [B*]
//[B*] phrase that contain the annotated term of subordinate
clause
NP_tag is Question_topic (Qt)
[A*] is Question_focus (Qf)
[B*] is Question_subfocus (Qs)
end if
Question_topic is Feature_topic (Ft)
if (Match (Qf,Ds)) then
Feature_structured (Fs) is Question _focus(Qf) and
Feature_unstructured(Fu) is Question_subfocus (Qs)
else
Feature_structured (Fs) is Question _subfocus(Qs) and
Feature_unstructured(Fu) is Question_focus (Qf)
end

Figure 3. Example of Resource Discovery

To find the relevant page Duj by the cosine similarity
measure which defines in Equation (3), and use the Fu
to find the annotated snippet.

 wi (Du )
j

S ( Du j , q ) 

 wi (q )

i 1

2

 wi (Du ) . wi (q)

2

j

(3)
S : Score of cosine similiraty between Duj and q
Du : Data_unstructured
q : Feature_topic and Feature_unstructured
i 1

i 1

where the weight (w) is based on TFIDF weighting
scheme
wi  tf  idf
N
 tf  log 
 nt 

(4)
Be inspired from previous work [5], we want to find
the relevant snippet of Du j, where N is the number of
total attributes value in Ds, and nt is the number of
total attribute value (Av) that contain t on Duj.

S snippet ( Av, S ) 

 tf (t, S )  w(t )

tT ( Av , S )

 log ( N / n ) if n 0
t
t


w(t )  

 0, otherwise

(5)

(6)

where, Av is Attributes_value of Ds and S is the
choosen snippet of Du. Here, consider the score of
snippet/ fragment have found of a relevant documents.
VI. FINDING THE RELEVANT ANSWER
To analyze all terms on the relevant snippets Du
and then choose the terms ti that contain a set Av as
Attributes_unstructured (Au). For the question “What
is the capital of the country that is located on a longboot shaped peninsula?” around n-gram term “long
boot shaped peninsula” we would get another term
such as “Italy”, “Sicilia”, “Roman Empire”,
“Renaissance”, “Sardinia”, “Mediterranean” etc.

Au*  arg max

P ( Au | Av)

Au

 arg max  P (t i | Av )
Au

ti Au

(7)

Consider all terms on the snippet that could be the
candidates of Attribute unstructured (Au) and calculate
the score of answer matching of Unstructured data and
Structured data. To get the answer matching score of
record R. We proposed score matching inspired from
full string matching based Jaccard coefficient and ngram matching. First, we use Jaccard coefficient to

calculate the answer matching score between a record
R in Ds.
R  Au
Score 1  J ( R , Au ) 
R  Au
(8)
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Second, n-grams are typically
)
used in
approximate string matching by “sliding” a window of
length n over the characters of a string to create a
number of 'n' length grams for matching a match is
then rated as number of n-gram matches within the
second string over possible n-grams. Inspired from [6,
9], we use Equation (9) to calculate the answer
matching score between R and Au. R contains a set of
Av and Au is sequence of text, they are be a pair of ngrams in X and Y. Let R : x1 … xk and Au : y1 … yl



 

Score2  S ( R, Au )  S n  k ,l   max S n  i  n 1, j  n 1   S n  i*, j
i, j

(9)



*
i, j

 xi 1 ...xk , y j 1 ... yl 

 i*, j

contains at least one complete n-gram

where

(
5
S n  k ,l   0 if ( k  n  l  )n)  (k  n  l  n)
(10)
And if both strings exactly one n-gram, the initial
definition is strictly binary: 1 if the n-gram are
identical and 0 otherwise

 1 if 1u n) xu  yu

S n ( n,n )  S n ( )  

0, otherwise

n
0,0

(11)
We used n-gram, to find the similarity between Du
and Ds and consider the position of letter so we will
find similarity even not really exact. Those all about
the answer matching score. The answer matching
score is very important to match the unstructured data
and structured data. It is all use IR approach then the
score is a linear combination as follows:
Answer_Match_Score = α•Score1 + (1- α) •Score2
(12)
Where α,.is weighting parameter (0.1 to 0.9)
To reach the final answer we use QA template
approach that have modified by IR approach as
structured retrieval. QA template approach is used to
build the reformulation of question and make
(
structured retrieval
For the example of the question :
“What is the capital city of the country that the
largest country in Arabian peninsula”
this QA template is like this one below:

What is <FAn> of <Ft> <Fu>

Country

The Capital
city

that the largest
country in Arabian
peninsula
(be subtituted by
Answer_Score_Matc

Figure 4. Question template approach in this work
VII. DATASET

A. Question Analysis

In our work, for Question Analysis we used real
questions from Yahoo!Answer and the choosen
question from TREC 2005-complex question track.
The question only in English.
Topics
Book
Country
Movie

Training
65
65
65

Testing
40
40
40

Table 1. Dataset of questions
As in the very beginning of our explaination, we
used two kind of data. As follows our data in 3 topics.
Structured Data is single table relational database and
unstructured data is a webpage from websites.
The attributes on the table of structured data are listed:
Book

[id,
isbn,
title_name,
author,
year_publication, publisher, url_image]
Country  [id, country_name, capital_city,
government_form_country, area, population, religion,
language, currency, trading_partner, primary_product,
major_industries, export, mass_communication]
Movie  [id, name_title, year_release, director,
genre]
No

Topic

Structured Data

1

Book

2

Country

3

Movie

10,378 rows
From Amazon3
196 rows
From About 6
10,978 rows
From IMDB7

Unstructured
Data
~ 800 KB
From
Infoplease4
~ 238 GB
From
Wikipedia5

5

Book
0.88
0.87
0.87

Country
0.89
0.88
0.88

Movie
0.87
0.80
0.83

Mix
0.87
0.85
0.86

Table 3. Precission, Recall and F-Measure of of
finding Qt, Qf, Qs and finding Ft, Fs and Fu
In Table 3, we obtained high precision of Question
Analysis’s result. The same conditions on Recall and
F-Measure. The result of Precision, Recall and FMeasure in single topic were high, because we had a
few assumptions in choosen questions as we have
explained in the previous pages, we do not deal to all
kinds of question’s type and all situations of a
complex questions. In the mix topics of questions the
result is lower than single topic because several
questions gave errors in finding Feature_structured
(Fs). Several questions contain more than one Fs in
the combination questions. We choosed the questions
randomly and only consider the questions words,
5W1H.
B. The Result Answer
α
Book
0.1
0.665531
0.2
0.544161
0.3
0.550361
0.4
0.549761
0.5
0.547021
0.6
0.546361
0.7
0.546008
0.8
0.521202
0.9
0.454650

Country
0.562879
0.558594
0.559016
0.553989
0.549287
0.531259
0.527401
0.521100
0.518998

Movie
0.629573
0.659150
0.683141
0.695557
0.702760
0.701841
0.693414
0.681369
0.665531

Table 4. MRR of three topics

VIII. EXPERIMENTAL RESULT

We did the experiments on the small unstructured
data. According to this condition we firstly only
consider the first top rank document and did the
experiment on different fragment size ( fragment size:
50, 75 and 100) and different number of fragment (n:
3, 5, 7 and 10).
For the above results, on topic “Movie” and
“Book”, the MRR values not really high but very
promising for this initial work that used shallow
approach on Question Analysis and Relevent Answer.

www.amazon.com
www.infoplease.com
www.en.wikipedia.org
6
www.about.com
7
www.imdb.com
4

Precission
Recall
F-Measure

Table 2. Description of Dataset

In Question Analysis we use evaluation metrics
Recall (R), Precision (P) and F-Measure (F-Measure).
In the Resource Discovery and reach the relevant
answer, besides use the Precision, Recall and F3

Measure, we will use MRR in different fragment size,
different threshold of match_score and different α.
We conducted several experiments to show how
our simple approach could improve the result of
complex question by finding the structured and
unstructured features and using light combination of
structured data and unstructured data. The experiment
is devided into two sections, in the Question Analysis
and the result answer.

We also have compared our approach to the other
systems, QuALiM8 and Powerset. We compared to
them because of the resource data of unstructured data
were alike, from Wikipedia. Since the result of them is
a snippet of result that contains the answer, we
manually calculate the MRR of their result. We
examine whether the answer exist on the snippet. The
answer is correct if we could find the correct answer
on the snippet.

MRR

QuALiM

Powerset

0.1730769

0.4539103

Improving Question Analysis to handle many kinds of
complex questions, even long questions.
Improving the scoring measure, as far as our
observation, the main work of integrated structured
and unstructured features is matching problem. This
part still have a long journey on the integration data.
In the unstructured data, work on bigger unstructured
data and not really related with structured data and in
the structured data side, work on more complex
structured data, muti table and and multi scheme.

Proposed
Approach
0.5847888

Table 5. Comparison MRR of QuALiM, Powerset
and The proposed approach
Table 5. show that this approach could improve the
search result. One note that our approach not only give
a snippet result but also an exact suggestion’s answer
as already explained on the previous pages.
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Abstract— A speech to speech translation system enables
the translation of speech from one language to another
language. In this paper, we report our study on speech to
speech translation system for Indonesian to English. The
speech to speech translation system involves speech
recognition, machine translation, and speech synthesis
systems. Three kinds of speech documents are used in this
research: Conversation Recording, Telephone Recording
and Novel Recording. The result show that best accuracy is
achieved using the telephone recording data. In this study
we learned that the accuracy of each system determines the
overall accuracy of the speech to speech translation system.
Index Terms—speech to speech translation system,
speech recognition system, machine translation, speech
synthesis system

I. INTRODUCTION

T

RANSLATION process aims to provide information
from one language to another language without
changing the information inside. Translation is a
common term in human life because of an abundance
amount of information provided in many languages.
That information needs a way to be understood, and
translation process helps it. Translation is usually done
to text document, but now, computer help the process to
be done to voice document automatically.
Rapid growth of technology and data exchanges
increases the available information both in number and
variety. Long time ago, information are mostly available
only in texts, but now the information are already
presented in the form of picture or even voice document.
Reading a long text document is an exhausting task to
obtain information, so many people prefer to use
information provided in voice document now. This is
because of the information provided in voice document
can be understood more easily by human than the same
information provided in text.
On the other hand, a lot of information is provided in
another language that we don‟t understand.
Understanding voice document can be a quite
challenging task because of this problem. To understand
information provided in text, we can use secondary tools
such as dictionary to help us understand what the
meaning of something. This is not a difficult task

because every word has its writing that can help us to
find the meaning. For voice document, we must find
another approach to solve this problem. Translating
voice can‟t be easily done by using a dictionary because
of the way people pronounce something and the way of
writing it can be quite different.
This problem also occurs if we want to share
information with other people. We can only share with
people who understand our language, and not the other.
For this need of information sharing and understanding
in voice document, the speech to speech translation
system is built. The goal for speech to speech translation
system is to translate information provided in form voice
of some certain language into information in another
language also in form of voice. Speech to speech
translation system will help us to understand voice
document in language we don‟t understand and enable
us to share information among people with different
language.
Many researchers have conducted studies on speech
to speech translation (STS). Sumita, et al. [11]
developed an STS system that is capable of translating
Japanese and Chinese to English and vice versa. The
result showed that the word recognition rate was around
75% for English to Japanese translation. Victoria Arranz
et al. [1] develop an STS translation system for Spanish,
Catalan to English and vice versa. Allan Black [4]
developed an English–Croatian STS translation system
(TONGUE project). The manual evaluation showed that
out of 19 people, 3 people considered the STS
translation result as a failure, 5 people considered the
result as well done, and 11 people considered the result
as acceptable.
In this paper, we report our experiments in developing
an Indonesian-English speech to speech translation
system. The remaining of this paper is organized as
follows. In Section 2 we discuss the approaches we use
in the speech to speech translation system. Section 3
describes our experiments, while the results and analysis
are discussed in Section 4.

II. SPEECH TO SPEECH TRANSLATION SYSTEM
Speech to speech translation is a process of translating
voice information provided in one language (source
language) to another language (target language). To
build the system, there are three main components
involved in speech to speech translation. These
components are Automatic Speech Recognition System
(ASR), Machine Translation System (MT), and Speech
Synthesis System (SS). The ASR system transcribes the
speech into text. The MT translates textual data from
one language into another language. While the SS
system produce speech from textual data. These three
components are combined into a Speech to Speech
Translation System as shown in Figure 1 [8].

Fig. 1. Speech to Speech Translation Process

In this study, we use Indonesian ASR system [2],
Indonesian-English machine translation system [Marsye
& Adriani, 2009], and Indonesian Speech Synthesis
system from earlier studies in the Information Retrieval
Lab, University of Indonesia.
A. Automatic Speech Recognition Performance
To measure the performance of speech recognition,
we count the sentence error rate (SER) and word error
rate (WER) [9] of the speech recognition output. The
measurement is done by comparing the hypothesis data
and the reference data, where hypothesis data is the
output of speech recognition system and reference data
is the correct transcription.
First we define Nr as number of words in reference
data, S as number of substitution, D as number of
deletion, I as number of Insertion and H as the word
correctly recognized. For example, if we want to
compare hypothesis data (HYP), reference data (REF)
and the evaluation (Eval):
REF: IS the apartement close to **** here
HYP: IF ** apartement close to FROM here
Eval: S D
I

Substitution is a word in hypothesis that is recognized
differently with word on reference („is‟ and „if‟ on the
example). Deletion is a word in reference that doesn‟t
appear on hypothesis („the‟ on the example). Insertion is
a new word in hypothesis that shouldn‟t be appear based

on reference („from‟ on the example). By these three
definitions, WRR can be calculated as [9]:

while SRR is the percentage of sentence with the same
REF and HYP.
B. Machine Translation Performance
To measure the performance of machine translation
system, we use BLEU score. BLEU score is counted by
using modified N-gram precision.
C. Speech Synthesis Performance
The best evaluation for a speech synthesis system can
only be acquired by using human judgment. But,
because of this evaluation need a lot of time to complete,
we use a different way to judge the speech synthesis
results. We measure the speech translation system by
comparing the translation result with a reference file
then counting the SRR and WRR. This reference file
contain the correct translation for input data, so we will
get the number of sentence and the number of word that
is correctly translated into English.
III. EXPERIMENT
A. Data
1) Speech Recognition
Automatic Speech Recognition (ASR) System
produces text from speech data. To enable the
recognition process of Indonesian speech, first we need
to train the acoustic and language model for the system.
We collect 7272 voice documents which consist of 3272
Telephone Recordings, 6000 Conversation Recordings
and 1000 Novel Recordings. Some of these voice
documents will be used for training process of the
acoustic model while the remaining will be used for the
testing process. Some other components are also needed
to train the acoustic model, which are voice documents‟
transcription, phonetic dictionary, spelling dictionary
and filler dictionary. The dictionaries are built based on
[15].
For the language model, we use 7292 Indonesian
sentences in total which consist of 3272 telephone
recording‟s transcriptions and 4025 conversation
sentences. The language model is built by using CMU
Language Model Toolkit11.
2) Machine Translation
The text produced by ASR is translated by Machine
Translation (MT) System from Indonesian into English.

To enable the translation process from Indonesian to
English, we also need to do the training process. The
training process requires a parallel corpus of Indonesian
and English documents. In this experiment, the parallel
corpus contains 41.779 sentences from five topics
(categories). Those categories are News (704 sentences),
Bible (20.000 sentences), Novel (16.050 sentences),
conversation (4.025 sentences) and telephone Recording
(1000 sentences).
Finally, the translated text will be processed by
Speech Synthesis System by generating voice based on
translated text from MT system. These three processes
are the core of Speech to Speech Translation System.
B. Data Preprocessing
Before running the experiments, some of the speech
transcriptions need to be preprocessed. The
preprocessing includes converting numbers into words,
removal of punctuations, counting the number of words,
counting the number of unique words, and data selection
for the third experiment.
Data selection is the process of selecting testing data
to ensure that all their words occurred on the training
data. For example: we already trained “you”, “me”,
“and” and “or”, so we only choose testing data that is
constructed by those words (i.e. “you or me” or “you
and me” not “you and them”).
After the preprocessing, the final data consist of four
categories: Telephone Recording (TR), Conversation
Recording (CR), Novel Recording (NR) and Selected
Conversation (SC).
Selected
Conversation is
Conversation Recording that already passed data
selection process (Table 1).
TABLE 1
DATA CATEGORIES AND CHARACTERISTICS

Data
Category
TR

Words

Unique
Words

Sentences

Sentence
Length

5241

1387

1000

5

CR

7103

1178

1000

7

SC

3135

575

1000

3

NR

5057

1543

500

10

only use testing data which words have been trained
before (SC on the Table 1).
IV. RESULT AND ANALYSIS
We describe the results and analysis of three
experiment scenarios in the following section.
A. Effect of Unique Words and Sentence Length
The first experiment measures the performance of
each component in speech to speech translation using
data from Telephone Recording, Conversation
Recording and Novel Recording categories.
TABLE 2
SPEECH RECOGNITION PERFORMANCE
Sentence
Unique
Data Category
SRR-1
Length
Words
Telephone Recording

5

35.50%

1.387

57.80%

Conversation Recording

7

35.30%

1.178

72.10%

Novel Recording

10

7%

3.086

40.30%

The results of the first experiment show that the
speech recognition performance using longer sentences
(Novel Recording) has the lowest accuracy (7%) for
sentence recognition rate (SRR-1), while shorter
sentences (Telephone Recording) produces the highest
accuracy (35.5%). For word recognition rate (WRR-1),
the Novel Recording (1,387 unique words) has the
lowest accuracy (40.30%) and Conversation Recording
(1.178 unique words) has the highest accuracy
(72.10%). If more unique words occur in the speech
data, then the chance to be recognized as wrong words
becomes higher since those words do not occur in the
training data.
TABLE 3
MACHINE TRANSLATION PERFORMANCE

Data Category
Telephone
Recording
Conversation
Recording
Novel Recording

C. Experiment Scenario
There are three kinds of experiment scenarios done in
this report. In the first experiment, we would like to see
how the number of unique words and sentence length
affect the translation process. The number of training
data in the first experiment is 3772 speech documents
with 4377 unique words. These speech documents
consist of 2272 Telephone Recording, 1000
Conversation Recording and 500 Novel Recording.
In the second experiment, we increase the training
data to 6772 speech documents. The last experiment

WRR-1

SRR-1

BLEU Score-1

35.50%

0.4117

35.30%

0.257

7%

0.1067

The machine translation performance is influenced by
the accuracy of the speech recognition system. If the
speech recognition system recognizes many correct
sentences, then the accuracy of the machine translation
is much better. Table 3 shows that the Telephone
Recording has the highest BLEU score (0.4117) since it
has the highest SRR (35.50%).

TABLE 4
SPEECH SYNTHESIS PERFORMANCE

Data Category
Novel Recording
Telephone
Recording
Conversation
Recording

SRR-1
Moses

WRR-1
Moses

BLEU
Score-1

5.00%

7.1%

0.1067

3.10%

32.2%

0.257

34.60%

45.1%

0.4117

Table 4 shows that the data that has a high BLEU
score also has a higher correct rate of word translation
and sentence translation. In this case, the Conversation
Recording that has the highest BLEU score also has the
highest number of correct word translation (WRR-1
Moses) and the correct sentence translation (SRR-1
Moses).
B. Effect of Training Data Increase
In the second experiment, we increase the number of
training data. We add 3,000 speech documents from
Conversation Recording category to the previous
training data. We would like to know the affect of the
accuracy in each category.

On Table 4, 5 and 6, the performance of every system
in the second experiment decreases compared to that of
the first Experiment for both Telephone and Novel
Recording Category. Some of the words that are
correctly recognized in the first experiment are not
recognized correctly in the second experiment because
of the additional training data. The accuracy of the STS
translation system only increases for the Conversation
Recording category because the additional training data
only contained the Conversation recording.
C. Effect of Eliminating Non-trained Words
In this experiment, we use test data whose sentences
consist only of words that have been used in the
previous training. The data selection is done for the
Conversation Recording category only. We compare the
results only to Conversation Recording category in the
previous experiment. We want to see whether a nontrained word in a sentence affects the accuracy. Figure 2
compares the result between the first and the third
experiments, while Figure 3 compares the result
between the second and the third experiments.

TABLE 5 FIRST AND SECOND EXPERIMENT PERFORMANCE
COMPARISON ON TELEPHONE RECORDING CATEGORY
Telephone Recording Telephone Recording
Measurement
– First Experiment
– Second Experiment
WRR(ASR)

57.80%

56.20%

SRR(ASR)

35.50%

32.70%

BLEU(MT)

0.4117

0.4054

SRR(MT)

34.60%

32.70%

TABLE 6 FIRST AND SECOND EXPERIMENT PERFORMANCE
COMPARISON ON CONVERSATION RECORDING CATEGORY
Conversation
Measurement
Conversation Recording –
Recording – Second
First Experiment
Experiment
WRR

72.10%

79.90%

SRR

35.30%

43.60%

BLEU

0.257

0.2941

SRR Moses

3.10%

3.40%

Fig. 2. Comparation of Accuracy on First and Third
Experiment

TABLE 7 FIRST AND SECOND EXPERIMENT PERFORMANCE
COMPARISON ON NOVEL RECORDING CATEGORY
Novel Recording – First
Novel Recording –
Measurement
Experiment
Second Experiment
WRR

40.30%

43.00%

SRR

7.00%

7.00%

BLEU

0.1067

0.1055

SRR

5.00%

4.80%

Fig. 3. Comparation of Accuracy on Second and Third
Experiment

The result of the third experiment shows that using
the speech data which contains only words occurred in
the training data increases the accuracy of the STS
translation system.
V. CONCLUSION
In this study we report our work on a speech to speech
translation system for Indonesian–English. The result of
the STS translation system depends on the accuracy of
each component such as the ASR, the MT, and the SS
systems. In this work we use three kinds of data, which
are Novel Recording, Telephone Recording and
Conversation Recording. The results show that the
conversation recording has the highest accuracy. The
accuracy of the translation system is high if the words
that occur in the test data also occur in the training data.
In the future, we will work on the STS system using
larger data collection and more languages involved.
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Abstract--Spoken document retrieval (SDR) is a
process to retrieve spoken documents which are
relevant to a user query. In this work, we use
Indonesian spoken documents comprising of four
result types of Indonesian Automatic Speech
Recognition: the 1-best output, n-best output, n-best
pronunciation output, and word posterior lattice. We
use three types of query: phrase, single word and
sentence queries. The Mean Average Precision
(MAP) using 1-best output is 0.64% higher than that
of using the n-best output, 8.88% higher than that of
using word posterior lattice, and 92.68% higher than
that of using the n-best pronunciation output. Using
phrase queries, the word posterior output achieves
the best accuracy. While using single word queries
and sentence queries, the n-best output achieves the
best accuracy.
Index Terms -- information retrieval, speech
recognition, word posterior lattice, automatic speech
recognition.
I. INTRODUCTION
Today, Information is not only saved in format of
text but also in format of audio. The number of
information grows very fast and people can access this
information easily by the internet. This phenomenon
creates new problem for people who want to get
relevant information from all available collection. So
people need a system that can give documents that are
relevant to their information need. This system is known
as information retrieval (IR) system. Information
retrieval system developed for searching spoken
document is difficult because the documents contain
speeches in signal format.

There are several approaches that are used in SDR
system. The use of Automated Speech Recognition
(ASR) is the popular approach in SDR system. In this
approach, ASR produces transcriptions of the spoken
documents. These transcriptions are used by the IR
system to find relevant documents for the users.
However, the transcription is not entirely correct since it
depends on the quality of the ASR. This problem is a
challenge for the Spoken Document Retrieval.
There are several approaches that have been used to
increase the accuracy of the SDR system such as
syllable indexing [13], word expansion [15], position
specific posterior lattice (PSPL) [2]. Chelba and Acero
[2] use PSPL to index the speech documents. The use of
PSPL increases the accuracy of the spoken document
retrieval about 20% compared to the use of 1-best
output of ASR. Lee & Lee [9] also use PSPL in their
Korean SDR for lecture search. In their experiment they
add information from text book and lecture slides by
making content table and matching table. This
additional information increases the accuracy of the
SDR system.
In this experiment, we compare several techniques
in SDR system for Indonesian. The next section of this
paper will give an overview about our SDR system.
II. SYSTEM DESCRIPTION
In this study, we compare several techniques in SDR
system for Indonesian. The techniques we use are the 1best output, n-best output, n-best pronunciation output,
and word posterior lattice. Our SDR system has two
main components: ASR system and search engine.
In this study we compare four different techniques
on retrieving the spoken documents. The first technique
is the 1-best output. This technique simply uses the text

resulted from the Indonesian ASR system which words
have the highest probabilities. The second technique is
n-best word output, which uses all word probabilities of
the ASR result. The third technique is n-best
pronunciation output. This technique is similar with nbest words output, except that all the words in the
transcription are mapped into their pronunciation
symbols based on the pronunciation dictionary [20]. The
last technique is word posterior lattice which uses the
lattice resulted from the ASR system. The nodes of a
lattice represent words and the edges of a lattice contain
the posterior value between two words.
III. EXPERIMENT
In this experiment, we use Indonesian spoken
documents. These documents are the output of the
Indonesian ASR system that has been developed in the
Information Retrieval Lab, University of Indonesia [1,
20].
There are three kinds of query sets in this
experiment. The first set contains single word query.
The second set contains phrase query which mostly
consists of two to three words. The thirds set contains
sentence query. There are twenty four queries on each
of these sets.
The relevant judgment in this experiment is done
manually by some undergraduate students by listening
to the speech documents. The relevant judgment process
produces a list of documents that are relevant for each
query.
IV. RESULT AND ANALYSIS
In the following section we describe the result on
our study using three different types of query.
A.

Single Word Query

In this experiment we use a query set containing
single term queries (Table 1). The MAP of the n-best
output technique is higher than that of other techniques.
The n-best pronunciation output has the lowest MAP
value since there are many groups of phonetic symbols
that do not represent any word.

TABLE 1
THE RESULT OF THE EXPERIMENT USING SINGLE WORD QUERIES

Techniques

MAP

1-best output

0.4373

n-best output

0.4678

n-best pronunciation

0.0340

word posterior lattice

0.4301

B.
Phrase Query
In this experiment using phrase queries, the word
posterior lattice technique achieves the highest MAP
value. Table 2 shows the complete MAP value for each
technique. The MAP of word posterior lattice is about
25.7% higher than that of the 1-best output, and 39.39%
higher than that of the n-best output. This is because
word posterior lattice has information about the position
of each word as well as the posterior value between
words, and from this information we can determine the
relation among the words.
TABLE 2
RESULT OF EXPERIMENT USING PHRASE QUERY

C.

Techniques

MAP

1-best output

0.3843

n-best output

0.3135

n-best pronunciation

0.0213

word posterior lattice

0.5173

Sentence Query

In this experiment, we use long queries (sentences).
The MAP value of each technique in this experiment is
shown in Table 3. The n-best output has the highest
MAP value among the other techniques, which is
0.3264. Meanwhile, the MAP value of the word
posterior lattice is only 0.0684. This is because the
information about the word relation – based on the
posterior value that we used from the word posterior
lattice – cannot represent long information.
TABLE 3
RESULT OF EXPERIMENT USING PHRASE

Technique

MAP

1-best output

0.2932

n-best output

0.3264

n-best pronunciation

0.0264

word posterior lattice

0.0684

D. Accuracy Comparison of each technique
This experiment’s results show the overall accuracy
comparison of the techniques used, as shown in Table 4.
This experiment uses all three sets of query, single word
query, phrase query and sentence query. The highest
accuracy is the 1-best output. The accuracy is 0.64%
higher than that of the n-best output and 8.88% higher
than that of the word posterior lattice.
TABLE 4
MAP COMPARISON OF EACH TECHNIQUE

Technique

MAP

1-best output

0.3716

n-best output

0.3692

n-best pronunciation

0.0272

word posterior lattice

0.3386

In this work we applied four different techniques to
index the output of the Indonesian ASR system. The
techniques are the 1-best, the n-best, the n-best
pronunciation and the word posterior lattice. We used
three different sets of query, i.e., single word query,
phrase query and sentence query. The results show that
overall the 1-best output has the highest accuracy
among the other techniques. The accuracy of the 1-best
output is 0.64% higher than that of the n-best output and
8.88% higher than that of the word posterior lattice.
Using phrase queries, the word posterior lattice has the
highest accuracy. Meanwhile, the n-best output has the
highest accuracy for single word query experiment and
the sentence query experiment.
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Abstract—Strong’s
Concordance
is
a
concordance used as a tool for pointing the word to
the real language so the meaning can be known
from God’s word, which will be told. In this
research strong’s concordance numbering is done
into Indonesian New Testament Bible, which until
now it has not been found in Indonesian New
Testament Bible with strong’s concordance.
Strong’s concordance numbering is done using one
of Natural Language Processing (NLP) theory and
one of Web Mining theory. Strong’s concordance
numbering begins with making a phenomenological
strong numbering based on appearance of the
word. Then, in the next step alignment
phenomenological is used among the words on the
English Bible using word alignment. The third
phenomenological
is
using
n-gram
phenomenological with
mutual
information
calculation to search the word’s meanings, which
consist of more than one word. The fourth
phenomenological is done by stemming in
Indonesian New Testament Bible corpus, which
will be used as a new corpus to search on the step
one until step three. The purpose of stemming is to
get the root of the word. Besides that four
phenomenological, another phenomenological is
also done as proper name searching, strong
number searching which has only one frequency
and gathering strong number data which include in
conjunction, preposition, and pronoun.
I. INTRODUCTION

B

IBLE is a collection of God’s word which is
used as a guide of Christian life. The Bible is also
the most translated books, that is into 2179
languages and dialects. From the results of translation
into many languages, it is found that Bible is lack of
Manuscript received October 14, 2009.
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proper translation. This is caused by differences in
vocabulary or language differences between one
another. From here the emergence of the idea of using
strong numbers.
In this study conducted by making a web
application that can help a person in understanding the
Bible. This web application is used to find similarity
verse and find the original Greek word of the strong
numbers before it is translated.
II. PROCEDURE FOR PAPER SUBMISSION
A. Introduction to Concordance e
Concordance is an alphabetical list of the principal
words used in a book or body of work, with their
immediate contexts. Because of the time and expense
difficulty involved in creating a concordance in the
pre-computer era, only works of special importance,
such as the Bible, Qur'an, or the works of
Shakespeare, had concordances prepared for them.
Even with the use of computers, producing a
concordance may require much manual work [1].
Strong’s Concordance or Strong's Exhaustive
Concordance of the Bible is a concordance of the
Bible that was constructed under the direction of Dr.
James Strong (1822–1894) and first published in 1890
[9]. The purpose of this concordance is not provide the
content or description of the Bible, but to provide the
index to the Bible. This allows the reader to find the
words to see the verse in the Bible. This index also
allows the reader to find a phrase to compare how the
same topics discussed in different parts of the Bible.
The use of Strong's numbers does not consider
figures of speech, metaphors, idioms, common
phrases, cultural references, references to historical
events, or alternate meanings used by those of the
time period to express their thoughts in their own
language at the time.
B. Concordance Advantages
Concordance is usually used as a tool in linguistics
that used in the text or corpus of learning which are
well documented. Well documented means to have a

clear structure, which can be used to connect two
different language corpus. There are four
advantages of Concordance:
1) Comparing the use of different words from the
same basic word.
2) Researching keywords.
3) Examining the frequency of words used in the
documentation.
4) Creating an index and a list of words used in the
Bible.
C. Strong’s Concordance Advantages
Strong’s Concordance is used to find Strong’s
numbers so that it can be used to provide the index to
the Bible. There are four advantages of Strong’s
Concordance:
1) Finding and researching phrases and idioms.
2) Finding translations of E.G. terminology
subsentential in two different language corpuses.
3) Helping to know the truth of the Bible in its
original language so that no one misunderstand
what the God’s word.
4) Helping people in interpreting the Bible.
III. NATURAL LANGUAGE PROCESSING
Natural Language processing (NLP) is the process
of transforming information which is expressed in
speech and written language of the people to be input
to the computer through the software in order to
obtain certain information. In this research will
explain about statistical NLP and text retrieval. Both
of them will explain below.
A. Statistical NLP
Statistical NLP perform statistical analysis on the
existing corpus, with the assumption that a large
collection of texts (corpus) can describe the nature of
the language of a language is used in a statistical
information corpus. There are 3 statistical
methods used to obtain statistical information on the
corpus.
Word Alignment
Word alignment is one of the tasks in NLP used to
identify the relationship between the translation or
translation of pairs word in two different corpus
language. Word alignment is usually done after the
sentence alignment is completed. Sentence alignment
itself is a process to identify pairs of sentence in
which a sentence is the result of the translation of
other sentences. Fig. 1 shows the example of word
alignment.
Fig. 1 describes the translation result between the
French language and the English language, where not
every word in the French language has a meaning.
However, not all of English language can be
translated into French language. One word in English

can be two words in French.

Fig. 1. Example of Word Aligment [2]

To identify the translational relationship between
the two languages, chi-square approach to the 2x2
matrix is used. The approximate formula is:
(1)

Fig. 2. 2x2 Matrix

In this case n is the number of verses in the Bible.
The value of O11, O12, O21, O22 can be seen in the
2x2 matrix in fig. 2. O11 is number of frequencies in
which each verse consist of pairs of words and strong
numbers. Each strong numbers are found in the
English New Testament and the words are in
Indonesian New Testament.
O12 is the number of verses that has the number
being searched in the English Bible but that do not
have the words in the Bible verse Indonesian. O21 is
the number of verses in the Bible in Indonesian but do
not have the number being searched for in the English
Bible verse. O22 is the number of verses that have no
relation with pairs, that do not have numbers on the
English Bible verses and also do not have the words in
Indonesian Bibles verses. After the value of X2 is
obtained, select the greatest value in the alignment
process. That is because the greatest value determines
relation with the strong numbers.
N-Gram
N-gram is a static model of operation associated
with the modeling language that includes provision of
value in the word or phrase in which modeling is
based on the type of application will be made. One
theory to formulate the modeling language is Markov
Models, a modeling language which the formulation is
based on the theory of this n-grams.
The purpose of the use of n-grams in this research
is to study the available corpus we can learn from each
candidate of strong numbers against the emergence of
word pairs, this is because there are many words

that will form to a word new meaning. For grouping
the pair used n = 2 ("bigram") and n = 3 ("trigrams")
are commonly used.
Mutual Information
In this research, grouping n-gram based on the
letter can not be used so that only the grouping of
words that can be used. The candidate will carry out
calculations using mutual information to know which
candidate most likely to the strong numbers.
B. Text Retrieval
Text retrieval is a method used to assist users in
finding some useful information in a large collection
of texts. In text retrieval, text search on the
representation of a dictionary is known as indexing.
The process of indexing includes tokenization,
stopword removal, stemming, and term weight.
Anyhow, this research will use stopword removal and
stemming.
Stop Removal
Removal process is done by matching words with
stoplist. If there are words that are matched on
stoplist, the word is not included in the next process.
Examples of words included in the stopword is and,
the, or, and others which depend on the context of the
corpus.
Stemming
Stemming is mapping process from the
decomposition of various forms of words such prefik,
sufik, or a combination of prefik and sufik, to a basic
word form (stem). Stemming algorithm is used in this
research is Potter Stemmer for Indonesian. Illustration
of the algorithm can be seen in Fig. 3.

Stemming algorithm in Fig. 3 it can be overcome in
the form of particles suffixes, suffix indicating
ownership pronoun, the prefix (affix), suffixes
(postfix), and the combination of prefixes and
suffixes. Before doing the removal process in Potter
Stemmer, calculations measure is performed. This in
conflation is to avoid performed on the base. Porter
Stemmer algorithm is selected because it has a
morphological structure similar to Indonesian which is
composed of a combination or suffixes and prefixes.
IV. VECTOR SPACE MODEL
To make similarity of the Bible use Vector Space
Model. Vector space model is typically used in
applications such as Google's search engine. In vector
space model TF (term frequency) is calculated and
IDF (inverse document frequency). Calculations of TF
can be done by using one of the formula below [3].

Inverse document frequency is working to reduce
the value of coordinates of the terms contained in
many documents. Because not all axes in vector space
is important, there is also a document that has noise.
IDF itself can be calculated with different variations
[3] such as:

From the above calculations can be calculated
similarity value. Tf and idf can be calculated using one
of the formula above, where is the vector space of
documents is represented by a
vector
in
multidimensional space, which is illustrated in 2dimensional image as shown in Fig. 4

Fig. 4. Illustration of 2-Dimensional Similarity [3]

Fig. 3. Illustration of Porter Stemmer [2]

From Fig. 4, vector dj is a document used as a
search. While q is a query search. To determine the
association rate, the cosine angle is used, where a
close similarity value to 1 will be more similar to his
query. Similarity formula [3] is:

(2)
V. STRONG’S NUMBERING PROCESS
The main activities in making this application
is strong numbering process for all words or phrases
on the Indonesian New Testament then it will get
strong numbers, in which is the strong numbers is
obtained from the English New Testament Bible. The
strong numbers obtained will be used in the search
process based on the similarity input passage. There
are 5 phases in Strong's numbering process. Each
process will be explained below.
A. With frequency search approach
The first stage is done by counting the frequency of
appearance of words in the verse found in strong
numbers. After the appearance calculated stopword
removal is performed later by difiltering certain
threshold. Stopword removal is intended because the
word often appears in the paragraph in the Indonesian
New Testament Bible. Threshold that has been tested
and is considered a good minimum is found in strong
numbers in 2 verses and have a greater frequency
equal to 0.6.
B. With Word Alignment
In this second phase frequency calculations
performed with the help of mutual information which
can be expected better results than the results of the
first stage. How it works almost the same as the first
phase of which initially provided two corpus. The
difference is the method of calculating the frequency.
The calculation is done by making a matrix of
size2x2. Examples of cases with the calculation of
mutual information can be seen in fig. 5. After the
value of mutual information is obtained, the greater the
value the candidate is suspected as the main candidate.

Fig. 5. Example of MI Calculation

C. With N-Gram
The third stage is to combine 2 words, which
combination is based on the theory of n-grams. From
the combination of these 2 words, it is found that

candidates who will be filtered on the condition that
the value of the first mutual information is greater
than the value of the second mutual information. And
O11 values is greater than 1 and O11 values greater than
O12.
D. With Stemmed Corpus
The fourth stage is to conduct stemming the
Indonesian New Testament corpus. This stage is
needed because of the differences between English
grammar and Indonesian grammar that can make
different frequency strong numbers and words
candidate. Corpus stemming results will be used as a
corpus in the process of stage I-III.
E. Search Back to Phase I
The fifth stage is a strong candidate search again in
phase I, where the first candidate threshold is greater
than the second threshold candidate. In addition to
search for candidates based on the proper name,
strong numbers are included in conjunctions,
prepositions, and pronouns.
VI. SYSTEM ARCHITECTURE
The target of this research is making a strong
application to the numbering of the Indonesian New
Testament Bible. Results from the Indonesian New
Testament Bible with strong numbers can be used to
manufacture other features of similarity. General
architecture for strong numbering from the 5 phases
covers preprocess, process, candidate, filtering, and
manual check. The architecture for windows
application show in Figure 6.
Fig. 6. describes the process to get strong numbers.
First phase, Indonesian and English New Testament
Bible are processed by using stopword removal or
stemming. This can delete all conjunctions. Second
phase, from the result of preprocessing phase do 5
stage of strong’s numbering process. Third phase, we
will get candidate from the second phase. In fourth
stage, we must filter the candidate using threshold that
has been known before, and do manual check for
strong number that has frequency equal to 1. In the last
phase, we will get the strong numbers.
Architecture for similarity search and web-based
Bible is user input will be sent via the Internet, then do
the processing of queries based on user input, both for
the search feature and the feature similarity
(resemblance). The data used in this application is
obtained from the strong numbers on the application
made earlier. From the results of the query, processing
will pass to the user via the internet. Output for the
query similarity is a ranking of the list of the most
similar passage is sorted in descending. The
architecture for web application show in Figure 7.

Testament.
Testing is done with several types of cases and can
be seen in table 1 below.
Testing Types

Fig. 6. Architecture for Windows Application

Fig. 7. Architecture for Web Application

VII. TESTING
Applications strong numbering with five phases in
the research has been able to provide the proper strong
numbers in Indonesian Bible. This can be ascertained
from the handling of strong numbers to the back of the
word. With the preparation method is obtained that
the Indonesian New Testament with strong numbers
with a success rate of 61.03%.
Stemming can be used to help improve the accuracy
of numbering. Because stemming can improve the
7.50% results of strong numbering than the strong
numbering without stemming.
The main difficulty for strong numbers to perfect
accuracy is the fact that there are 1839 strong numbers
or 33.29% which is only used once in the New

TABLE I
STRONG’S NUMBERING TESTING
Testing Output
Arguments

Strong’s
Numbering that
has single
frequency

Unsuccessful

Only can be done in
frequency greater than or
equal to 2. Because with
the minimum threshold 1
verse cannot be
ascertained truth
candidate.

Numbering
strong for not
same spelling

Unsuccessful

Counting the number of
candidates based on
frequency of appearance
of candidates without
done the word spelling
checking

Numbering
strong that has
affixes

Successful

Done by stemming that
can get root of the word

Numbering
strong where
there is a
difference
meaning of the
word

Successful, but
not 100%

Candidates of strong’s
numbers only a strong
candidate with the
highest frequency value
or mutual information

Numbering
strong for
proper name

Successful, but
not for strong’s
numbers that only
has 1 frequency

Because of strong
numbers certainly lies in
certain verses and has the
same meaning, so the
meaning of the word
candidate is stronger

Numbering
strong for
phase

Successful, but
not 100%

The right candidate
phrase does not have the
value of the highest
mutual information

Numbering
strong for a
different
number of
words between
the Indonesian
Bible with
English Bible

Successful,
depends on
mutual
information

The numbering is not
depending on the number
of words, but depends on
the frequency value or
the value of mutual
information

VIII. CONCLUSION
With the New Testament Bible in Indonesian
language that is equipped with strong numbers,
learning the Bible becomes easier and available
online. Because of the strong numbers it can be
discovered the word, so that it can reduce
misunderstandings in the interpretation. Another
conclusion can be drawn from the observations at each
phases of strong numbering on establish and testing of
applications as follows.
1) Word Alignment can help in solving the problem
of strong numbers, by knowing how strong the

link between the number of English Bible and
Indonesian Bible.
2) Numbering strong problem-solving which creates
difficulties can be solved by using n-gram
calculation, because it can find a link between two
or more words.
3) Numbering strong real benefits to the web
application is the similarity and search the Bible
that can be done by doing a word search based on
strong numbers.
4) Although stopword has strong numbers, the
calculation results and similarity search, still will
cause inaccuracy.
In addition to these four, the program proved to
make strong numbers in the New Testament Bible in
Indonesian language that previously only in the
English Bible into Greek.
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Abstract—In this paper, we present an implementation
of Indonesian language Automated Speech Recognition
for OOV detection. OOV detection becomes important
because this problem cannot be solved just by expanding
the dictionary. For the implementation of OOV words,
we use phones to word transduction. This technique will
compare the phone and word level decoding. Classification is given after checking the language model and the
error model to determine OOV words location. In the
experiments, we evaluated several types of Indonesian
ASR and the implementation of OOV words detection. As
the result, our modification on the dictionary improved
ASR accuracy for 4.1% in average. Experiments also
showed that the technique of OOV words detection gave
77% accuracy in OOV words classification.
Index Terms—OOV words detection, Indonesian Automatic Speech Recognition, phones to word transduction,
multiple transcription dictionary

I. I NTRODUCTION
UTOMATED Speech Recognition (ASR) has
been developed for 5 decades. This system must
respond correctly according to the utterances from
user.
One of the problems of automated speech recognition is the occurrence of Out Of Vocabulary words
(OOV) [1]. OOV word means word that is not contained in the dictionary. This problem cannot be solved
by adding the entries of database because proper name
(e.g. name of place and name of person) and borrowed
words cannot be listed all.
The occurrence of OOV words in an utterance will
cause sentence misrecognizing. Because utterance is a
consecutive string, only one occurrence of OOV word
will cause the misrecognizing of several words. Other
than that, OOV words are unavoidable because of the
occurrence of proper name, new word, and out of
language word.
For example, in domain weather system JUPITER,
OOV rates is about 2%, and more than 13% utterances
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have OOV words. The utterances that contain OOV
words have WER (Word Error Rate) about 51%,
whereas the utterances that does not contain OOV
words have lower WER (10,4%) [2]. It shows that
the ability in determining OOV location will increase
speech recognition performance.
In our knowledge, OOV words detection in Indonesian language has not been developed. Because of that,
this paper aims to do experiment to detect OOV words
in Indonesian language.
Several methods have been used for the OOV words
detection, e.g. the generic word model and word-level
confidence. Generic word model will absorb OOV
words by using a structure that has been trained and
designed specifically [2]. Word-level confidence is the
detection of OOV words based on the confidence level
of a word [2].
In addition, there is also phonemes into words
transduction method[8]. This technique becomes the
basic idea in this paper.
II. AUTOMATIC S PEECH R ECOGNITION
Automatic speech recognition is a technique for recognizing speech utterances to generate an appropriate
response to these inputs. Acoustic models, language
models and dictionaries is needed to build the system.
A. Acoustic Model
First, feature extraction must be done to signal
input. This paper use MFCC (Mel Frequency Cepstral
Coefficients) technique to do feature extraction.
After that, HMM model is created. HMM model has
two important elements. They are state that is hidden
and feature vector that is observable. Every state has
transition probability to change to another state. HMM
model is described at Figure 1.
Acoustic model can be in form of tied-state N phone or monophone. If N value is two, then it is in
form of tied-state biphone. The different of N -phone
and monophone is depicted in Figure 2.
B. Language Model
Language model used in speech recognition helps i
to determine the probability of a sequence of hypothesis words. In addition, the probability language model

and acoustic models will make the system limit the
search space for the reccognition.
Language model can be built with the two approaches. They are rules-based language model and
statistical language model.
Rules-based language model means that there are
statically defined rules. Meanwhile, statistical language
model will provide word order probability. N -gram
model is the most frequently used because it produces better solutions and flexible. If we use wordpair probability, that means we use bigram model.
Meanwhile, if we use the sequence of three words
probability, that means we use trigram model. N -gram
model is suitable for ASR applications that require a
large vocabulary [3].

Classification is given after evaluating the [ confidence score of that word, both from acoustic model
and language model. The whole process is shown in
Figure 3.

C. Dictionary
Dictionary will provide a list of words and their
transcriptions. The words that can be recognized by
automated speech recognition rely on a dictionary.
III. OOV W ORDS D ETECTION
Phone to words transduction is employed to detect
the location of OOV words. By this, the comparison
between phone and word level decoding is conducted.
If the sequence of phone level decoding from recognizer is the same with word level decoding, the
probability of the correct word is higher.
In detail, the technique is done in the following
way. First, phone and word level decoding are resulted
from the ASR. Then, the phone alignment between the
words and phone from the output of ASR are conducted. From this, an error model that contain phone
transition probability is created, e.g. the probability
of phone ’d’ which is recognized as phone ’b’. By
this, from the acoustic model, we can get the word
confidence level.
To get the confidence level from language model,
we examine the probability of the occurrence of the
word-pair (bigram model). The confidence level of a
word will be higher if the probability N -grams is good.

Fig. 3: Phone-to-word transduction

IV. I MPLEMENTATION
A. ASR Implementation
In this paper, Kompas newspaper and Tempo magazine text corpus are employed to train the language
model and the dictionary. The text corpus is in TREC
format.
Not all sentences of the corpus can be used for the
language model. Therefore, it must be preprocessed
first to obtain a usable text. We removed some tags,
converted all fonts into small case fonts, removed
all punctuation, added tag <sil> and </sil> to
mark the beginning of sentence and end of sentence,
converted numeric to the words (e.g. “300” to “tiga
ratus”), converted “-” to whitespace “ ”, made some
correction of the sentence (e.g. convert “utnuk” to
“untuk”), merged some short sentences, and splited the
long sentences.
The format of text result is described at Figure 4.
From this text format, language model and dictionary
were created. We used CMU Cam-Toolkit to make the
language model.
<sil>kutulah diharapkan menjadi
sumber pendapatan baru selain kayu
cendana</sil>
<sil> ... </sil>
<sil> ... </sil>

Fig. 1: HMM Model

Monophone Sambung : s a m b u n g
Biphone Sambung : s s-a a-m m-b b-u u-ng
Fig. 2: Monophone and Tied-state Biphone

Fig. 4: Format of text result

The data for the acoustic model were taken from [4]
where there were 12 speakers, each pronounced 300
sentences. All signals were recorded in quiet room.

Acoustic data were then processed using HTK 3.4 in
order to get the acoustic model.
We created phones based acoustic model. The
phones list of Indonesian language can be seen at [1].
We created two types of acoustic models: monophone
and tied state biphones. The detail configuration of
ASR implementation in shown Table I.
TABLE I: Configuration of ASR implementation

Text corpus
Perplexity
Dictionary
OOV Rate

Total
2000 sentences
1069
5500 words
17%

B. OOV Detection Implementation
The method on detecting OOV is described at Section III. Figure 5 depicts the result of phone alignment
between phone level decoding and word level decoding. Phone level decoding has weaker constraint than
word level decoding. Therefore, the phone sequence
can be different from the word generated by decoder.
Phone: s p a q p r e s e g a i k o s y a f
o a d i m ny r p u t c y n
Strong: staf presiden rusia vladimir putin
Alignment:
s p a | q p r e s e g a i | k
o s y a | f o a d i m ny r | p u t c y n
Fig. 5: Phone Alignment

To fix this, error model is employed. Error model
contains the probability that one phone is misrecognized as another phone. Statistical model and phone
pair were used to implement this.
V. E XPERIMENTAL R ESULTS
A. Experiments on ASR
The testing data is separated from the training data.
There were 16 sentences spoken by two different
people. There were 3 types of experiment:
1) Baseline method with monophone for the acoustic model. It used 2000 sentences and 5500
words for the language model. The result is
shown in Table II.
2) Employed a tied-state biphone in the acoustic
model. The result is shown in Table III.
3) Employed a modified dictionary where the dictionary entry may have multiple transcriptions,
for example the word ’kalau’ has transcription
of ’k a l a w’, ’k a l a o’, ’k a l au’, and ’k a l
o’. The result is shown in Table IV.
The first test was used for the baseline result. The
second test was used to check the effect of tied-state
biphone whether it will increase the accuracy or not.
The third test was used to check the effect of having
dictionary with multiple transcriptions.

TABLE II: Experimental results of baseline ASR

Data
Data I (Person I)
Data II (Person II)

Accuracy
33.91%
31.61%

TABLE III: Experimental results of ASR with tied-state
biphone

Data
Data I (Person I)
Data II (Person II)

Accuracy
26.14%
26.14%

TABLE IV: Experimental results of ASR with with multiple
transcriptions dictionary

Data
Data I (Person I)
Data II (Person II)

Accuracy
37.36%
37.36%

B. Experiments on OOV Detection
The data used in OOV detection was taken from
the ASR test data. Because the accuracy of ASR test
data was low, we only selected some sentences with
high accuracy result. The test result was represented in
some values. First, the accuracy of detecting misrecognized words means how well system can recognize that
the output is incorrect. Second, the accuracy of detecting OOV words means how well system can predict the
location of OOV words. Third, false alarm of detecting
misrecognized words means that how often the system
do the wrong prediction about misrecognized words
(the system recognizes one word as misrecognition,
but the actually it is not misrecognized). Fourth, false
alarm of detecting OOV words means that the system
recognizes that location as OOV words, but actually it
is not. Table V shows the experimental result of OOV
words detection.
It should be noted that there are some criterias for
the correct location of OOV words. Figure 6 depicts
the criteria of correct OOV words detection.
TABLE V: Experimental results of OOV words detection

Kind of Test
Accuracy of misrecognition
Accuracy of OOV detection
False alarm of misrecognition
False alarm of OOV detection

Value (%)
87.39%
76.92%
15.79%
37.5%

VI. E VALUATION
There are two things evaluated in this chapter: the
performance of the ASR and the performance of the
OOV word detection.
In this paper, ASR experiment did not achieve good
result. In [1], the ASR achieved about 80better than
our experiment. Several hypotheses are described as
follow. First, some phones in Indonesian language
often have similar pronunciations. For example, phone

Hasil:
kepala polisi yugoslavia <OOV> semula
khawatir
Reference: kepala polisi yugoslavia <OOV> semula
khawatir
Hasil: majalah basis berawal rapat yang <OOV>
Reference:
majalah basis berawal rapat yang
dihadiri oleh <OOV>
Hasil: <OOV> sebuah tendangan penalti
Reference:
<OOV> menembakkan sebuah tendangan
penalti

Fig. 6: Illustration of Correct OOV Words Detection

’au’ and ’o’, phone ’kh’ and ’h’, and phone ’b’ and
’d’. Fixing the dictionary can increase the accuracy
of recognizing the utterance. The experimental results
in Table IV showed that this technique gave higher
recognition accuracy than using ordinary dictionary
such as shown in Table II and III. Second, Indonesian
language is an agglutinative language. For example,
the word ’dihadiri’ can be recognized as ’di hadiri’
which shows the different POS of the word ’di’: prefix
or preposition. Third, the high OOV rate in the corpus
decreases the accuracy of recognizing one utterance.
Fourth, the speed of each person in delivering speech is
different. If one delivering the speech in fast speed then
the words cannot be recognized well by the system.
As for the OOV words detection, we found that the
false alarm of OOV detection was higher than false
alarm of misrecognition. Several things can cause this.
First, there are too many misrecognized words in the
input data. Second, because OOV words also cause the
misrecognition.
VII. C ONCLUSION
This paper has described some techniques and
experiments in speech recognition and OOV words
detection. The experimental results showed that our
modification on the dictionary achieved higher speech
recognition accuracy than the baseline one, while the
technique of OOV detection by comparing the phone
and word level decoding gave a promising result.
As in the next research, we will combine the OOV
detection with the ASR system to see the impact of
OOV detection to the speech recognition accuracy. We
will also investigate some methods in the OOV words
correction.
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Abstract—This paper proposes a new method on essay
grading system. As a classification system, SVM is used
to classify the essay into several classes. To handle
the polysemy and synonym problems, latent semantic
analysis is employed before the classification. Other than
using index terms as the feature for the machine learning
methods, this research proposes several more general
features gained from the relation between the input essay
and the golden essay. By this, one doesn’t have to do retraining to implement the classification on a new test
data. Experimental results showed that the proposed
method outperformed other comparative methods such
as the LSA or SVM with index terms as the machine
learning’s feature.
Index Terms—automatic essay grading, support vector
machine, latent semantic analysis, features for essay
grading

I. I NTRODUCTION

E

SSAY is considered by many expert as the best
tool for grading the result of learning which is
done by students. With essay, grader can measure
student’s ability to recall, organize, and integrate ideas
[1]. Unfortunately essay also has its own drawbacks
which are huge effort that is needed by grader to grade
the essay, and also the nature of essay grading process
is time consuming, compared to other type of question
such as multiple choice, short answer, association, etc.
In order to resolve those problems, many automated
essay grading systems have been developed by researcher and company, either as commercial product
or as research prototype. Example of such system are
PEG (Project Essay Grade), Intelligent Essay Assessor, e-Rater, and Betsy (Bayesian Essay Test Scoring
System) [1], [2]. E-Rater even has been used for
grading essay from GMAT Test with the conformity
rate between the grader score and e-Rater produced
score reaches 94%. One similarity that is common in
Rama Adhitia is with School of Electrical Engineering and
Informatics, Bandung Institute of Technology, Ganesha 10
Bandung, Indonesia (phone: 022-2508135; fax: 022-2500940;
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many automated grading system is that they consider
the task of grading essay automatically as the problem
of text classification which can be solved with machine
learning method.
Automatic text classification aims to classify documents into predefined categories. There have been
many machine learning techniques that have been applied to classify documents automatically. Such techniques are: naive bayes text classification, support vector machine, K-nearest neighbour classifier, etc. One
common aspect that can be found within the mentioned
techniques above is that the task of automatic text classification is treated as automatic classification problem
which consists of two processes: feature engineering
and classification learning. From these two processes,
feature engineering will determine the performance of
the solution of automatic text classification problem
[3].
Support vector machine (SVM) is a machine learning method which can be used to classify documents
automatically. The goal of the SVM learning process is
to get the best hypothesis hyperplane that can separate
data into two distinct classes with maximum margin.
Application of SVM for automatic text classification
is pioneered by Thorsten Joachim, with the weight
of index term as feature. SVM can also be used
for essay scoring with the usage of essay scoring
system features. Some of the essay scoring features
that can be used are occurrence of certain phrases or
words, occurrence verb-noun pairs, how the occurrence
sequence of certain concepts within the essay answer
and other scoring criteria.
Beside using machine learning method, automated
essay grading also can be done with latent semantic
analysis method (LSA) which is an indexing method
from information retrieval field. LSA is mathematic
technique which can be used to extract and represent
similarity of word meaning through huge amount of
text analysis. LSA forms a term by document matrix
from huge amount of document. This matrix will undergo decomposition and dimension reduction process
which produces a matrix that represent the semantic
space of huge amount of text. Essay grading with LSA
can be done through measuring the similarity between

student answers and reference essay (golden essay).
Cosine similarity is used to measure the similarity
between student answers and golden essay. High similarity rate between student answers and golden essay
means that the student answers will be graded with
high score.
Automated essay grading system also has its weakness which is the similarity between the system produced score and the grader score is still hard to
achieve. Nevertheless this system still can help human
grader to grade essay for huge amount of students
thus reducing scoring time. Another benefit from this
system is scoring consistency which better than that of
human grader.
II. E SSAY G RADING WITH S UPPORT V ECTOR
M ACHINE
A. SVM Theory
Support vector machine (SVM) is a machine learning algorithm which is popularized by Boser, Guyon,
and Vapnik in 1992 [4]. Learning process on SVM
aims to get the best hyperplane which not only minimize empirical risk, but also well ggeneralization. The
process of finding the best hyperplane on SVM can be
formulated into equation as follow.
!)
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3) Syntactic features; which consists of percentage
of part of speech tags,
4) Forum specific features; which consists of html
tags, url number and file system path,
5) Similarity features; compare similarity level between a post with the thread topic of the post.
The similarity was calculated by the cosine similarity score.
The experimental results achieved 89.1% accuracy on
the post binary classification.
III. E SSAY G RADING WITH L ATENT S EMANTIC
A NALYSIS
A. LSA Theory
Latent Semantic Analysis (LSA) is a statistic
method to define and represent meaning similarity of
words and text by analizing text in large number [6].
At the beginning, LSA was used to do indexing in
information retrieval system.
Basically, LSA employs a linear algebra method,
singular value decomposition (SVD). In LSA, SVD
will decompose a term by document matrix with terms
as rows of the matrix and documents as columns of
the matrix. A matrix X can be decomposed with SVD
into 3 matrixes as follow :
X = U SV T
LSA will form a matrix representing the association
between term-document in semantic space [7]. By
using the reduced SVD, the resulted-SVD matrix will
have a dimension reduction. The illustration of reduced
SVD is shown in Fig. 1.

At the beginning, SVM was designed to do binary
classification. To do a multi class SVM, one should
join several binary SVMs or use the whole data which
consists of several classes into an optimation problem.
The first alternative is a common one, either by using
one-against-all or one-against-one schema.
B. SVM in Grading System
Markus Weiner, et.al. [5] has done experiments on
how to grade the rank of post on a discussion forum
about online software. According to Weiner, there is
a significant difference between essay grading and
post quality ranking. In essay grading, there is usually
a guideline about how to grade an essay, while in
post quality ranking, each member will have different
standard in giving rating to a post. In the experiments,
SVM was employed to divide posts into 2 groups: post
with high quality and post with low quality. The kernel
used in the experiments was radial basis function. The
feature vector was built on 5 classes as follow [5]:
1) Surface features; which consists of post length,
numbers of equation mark, numbers of exclamation mark, and numbers of word begins with
capital,
2) Lexical features; which consists of numbers of
spelling error, and numbers of bad words,

Fig. 1: The dimension reduction process on LSA

From the SVD decomposed matrixes, one can do 3
comparison operations which are [7]:
1) Comparing how much the similarity between
two distinct terms.
Term coordinate within semantic space is represented by the corresponding row vector from
U × S matrix, thus the similarity between two
terms can be counted from cosine similarity
value between the those two terms coordinate.

2) Comparing how much the similarity between
two distinct documents.
Document coordinate within semantic space is
represented by the corresponding row vector
from V × S matrix, thus the similarity between
two documents can be counted from cosine
similarity value between those two documents.
3) Measuring how much a term’s association with
a document.
Different from the two previous operation which
need cosine similarity value, term i association
with document j can be approximated from
the i, j cell value of SVD produced term by
document approximation matrix.
External document which is not contained in termdocument matrix can be represented as pseudodocument in semantic space. Such pseudodocument representation can be obtained using formula as follow :
b = DU S −1
D
b is pseudodocument representation in semanwhere D
tic space, and D is external document’s weight vector.
B. LSA in Essay Grading System
Anak Agung Putri Ratna, et.al has developed an
essay grading system by giving weight to important
keywords and employed the LSA method [8]. The
system was experimented on an online examination
with small and medium class. The system was named
SIMPLE. It was consisted of two modules: tutor
module and student module. To grade the essay, first
the tutor gave the keywords and weighted words for
each question. The keywords and the weighted words
will be the line of the matrix, while the sentences
containing the keywords and the weighted words will
be the column of the matrix. Student essay will be
transformed into matrix. After that, both matrixes are
normalized and student and normalized. Student grade
was gained by comparing the normalization score of
each matrix above. The experimental result on SIMPLE showed good performance on essay grading in
Indonesian language. For the small class , the accuracy
is between 69.80% and 94.64%. As for the middle
class, the accuracy is between 77.18% and 98.42%.
Thomas Landauer, et.al has also conducted study
on LSA to do essay grading [6]. The semantic space
was built from several handbooks and student answers.
There are 3 methods:
1) Several essay answers were graded first by
the tutor. After that, cosine similarity between
ungraded essay answers and graded essay answers were calculated. The ungraded essays
were graded by average score of pre-graded
essay with high similarity score.
2) A golden essay written by tutor was used as
the correct reference essay. Score of student’s
essay was the cosine similarity score between
the student’s essay and the golden essay.

3) The cosine similarity was calculated for each
sentence of material documents and the sentence of student’s essay. The final score was the
cumulative maximum similarity score of each
sentence of student’s essay. As an alternative, the
final score can also be calculated as the cumulative maximum cosine similarity score between
important document sentence and student’s sentence.
IV. J OINING SVM AND LSA IN THE E SSAY
G RADING S YSTEM
The main idea of our essay grading system is to
use SVM to classify each student’s essay into several
defined classes. To handle the polysemy and synonym,
we employed LSA before the classification. The complete architecture of the essay grading system using
SVM and LSA is shown in Fig. 2.
As shown in Fig. 2, the system is consisted of 3
subsystems:
1) Indexing; it produces the semantic space matrix,
the inverse document frequency and the index
term file. The knowledge domain was taken from
documents related with the essay topic.
2) Essay Grading Classifier Training; it is the training process of grading classifier using SVM.
3) Essay Grading; it is the execution of the classification system.
Another main component shown in Fig. 2 is the feature
vector generation, it changes the essay into feature
vector which has the essay characteristics. Different
with common approach of essay grading where the
feature vector consists of terms contained in the essay,
in this research, the feature vector consists of several
information describing the relation between student
essay and the golden essay. The feature vector consists
of information such as follows:
1) The percentage of keywords occurrences.
It is the number of similar essay keywords with
the defined keywords divided by the number
of defined keywords. The larger the number
is, the bigger the opportunity that the essay
has a high grade. For example, with defined
keywords such as: working, memory, dinamis,
basis, pengetahuan, statik; and essay such as:
Isi working memory akan berubah selama terus
menerus selama proses inferensi berlangsung,
sedangkan isi basis pengetahuan hanya dapat
diubah oleh knowledge engineer; the percentage of keyword occurences is 0.67.
2) Similarity between student’s essay and golden
answer.
It represents the semantic similarity between
student’s essay and the golden answer by calculating the angle between weighted vector of
student’s essay and weighted vector of golden
answer in the semantic space resulted by the
LSA.

Fig. 2: The Architecture of Essay Grading System using SVM and LSA

3) The percentage of key ideas occurrences.
Key ideas are important ideas of the correct
essay or the golden answer. The key ideas should
be defined first by the tutor. The key ideas
and student’s essay are transformed into vector
of semantic space. For each defined key ideas
and each sentence in student’s essay, calculate
its cosine similarity. If the cosine similarity is
higher than a defined threshold, it is assumed
that the key idea exists in the student’s essay. The
number of exist key ideas divided by the number
of defined key ideas is used as the feature value.
4) The percentage of incorrect ideas occurrences.
There are probabilities that students misunderstand the material taught in a class. If this misunderstanding idea comes up in the essay, it will
decrease the essay grade. This concept is adapted
by using the number of this misunderstanding
as one of the feature vector. The calculation
is similar with that in point 3, except that the
ideas compared with the student’s essay are the
incorrect one.
5) The percentage of keyword synonyms.
It compared the keywords which are not contained lexically in the golden essay with the
words in student’s essay that are not the defined
keywords. The comparison was done by calculating the cosine similarity of each word pair in
the semantic space.

V. E XPERIMENTS
A. Experimental Data
Data used for the experiments were collected
from the examination of artificial intelligence course
year 2008/2009 at Informatics Engineering, Institut
Teknologi Bandung. The data set was typed manually.
The data set consists of answers of two questions
below:
1) “Jelaskan mengapa working memory dikatakan
bersifat dinamis dan basis pengetahuan bersifat
statis!”
2) “Jelaskan perbedaan antara forward chaining
dengan backward chaining”
The score range was defined into 1 – 3 which means
that there are 3 classes for the grade classification. The
answer number of each question is shown in Table I.
TABLE I: Configuration of ASR implementation

Question Id
1
2

Number of answers
Grade 1 Grade 2
4
21
6
30

Grade 3
75
54

The data set of the second question id is used as the
training data, while the first question id is used as the
testing data.
As for the knowledge domain, there are 100 documents about expert system collected and corrected

manually from internet articles and books.
B. Experimental results
There were four experiment types conducted in this
research:
1) The proposed method of SVM & LSA with essay similary feature vector was used as the essay
grading system. There were several parameter
tested in this schema such as the dimension of
the semantic space (using 25, 50 and 75); the
threshold of cosine similarity to calculate the
percentage of synonym occurrence, the percentage of key ideas and the percentage of incorrect
ideas; and the SVM parameter.
2) Adapt the LSA method of Landauer with cosine
similarity score between the golden essay and
student’s essay. There are 4 thresholds used, 2
for each question id explained before.
3) Using SVM & LSA with index term as the
feature vector. It used common feature vector
employed in essay grading which is the index
term as the feature vector. This experiment was
done to see the impact of a new feature vector
employed in the first experiment.
4) Using SVM with index term as the feature
vector. This experiment was conducted to see
the impact of LSA on the essay grading.
The experimental results of the first experiment are
shown in Table II.
TABLE II: Experiment results on
similarity as the feature vector
SVM
Threshold paramLSA
Dimen- of cosine eter
similarity
sion
C γ
25

50

SVM & LSA with essay
Accuracy
(%)

Error
number
3 2

1

78

0

19

3

21

3

0.5

8

64

0.6

8

64

76

0

0.7

8

12
8

76

0

21

3

0.5

8

64

77

1

19

3

0.6

8

12

78

1

18

3

76

0

21

3

8
0.7

8

51
2

75

0.5

8

64

77

2

18

3

0.6

8

64

76

1

20

3

0.7

8

32

77

2

18

3

The accuracy result of the proposed method is
about 77% with the highest accuracy is 78%. The
experimental results for second type of experiments
with LSA are shown in Table III.
Table III shows that the accuracy of using LSA
method such as explained before is lower than the
proposed one. The third experimental results are shown
in Table IV.

TABLE III: Experiment results on LSA with index term
feature vector
LSA
Accuracy
Error number
Dimension
(%)
3
2
1
For 1st question
15 15
3
25
67
15 14
2
50
69
14 16
2
75
68
For 2nd question
0
30
5
25
61.11
7
28
5
50
55.55
11 26
3
75
55.55
TABLE IV: Experiment results on SVM & LSA with index
term feature vector (10 fold cross validation)

Dimension
25
50
75

Average accuracy (%)
72.6%
73%
73%

TABLE V: Experiment results on SVM with index term
feature vector (10 fold cross validation)

Question ID
1
2

Average accuracy (%)
73%
69.4%

Table IV shows that the proposed method (Table
I) with new feature vector achieved higher accuracy
result on the essay grading compared to the index
term as the feature vector. As for the fourth experimental results, table V shows that the highest accuracy
achieved was 73%. It shows that using LSA doesn’t
give much improvement for index term as the feature
vector in the SVM based classification. To check the
feature importance, we also conducted an experiment
by reducing the feature type in the SVM & LSA
method. The experimental results can be seen in Table
VI.
Table VI shows that the SVM & LSA with feature
vector of similarity with golden essay, keyword occurrence, incorrect idea, achieved the highest accuracy of
79%.
VI. C ONCLUSIONS
The experimental results shows that using the proposed method of SVM & LSA with new feature vector
gave higher accuracy than all compared experiments
such as the LSA with golden essay comparison, the
SVM & LSA with index term as the feature vector,
and the SVM with index term as the feature vector.
Moreover, by using the proposed feature vector, one
doesn’t have to reconduct the SVM training on a different question data to do essay grading as classification
problem.
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TABLE VI: Experiment results on SVM & LSA with reduction on the essay similarity feature vector
Error Number
Reduced
Accuracy (%)
Features
3
2
1
Similarity with
golden essay
Key idea
Incorrect idea
Keyword
Synonym
occurrence
Synonym
occurrence,
incorrect idea
Synonym
occurrence,
key idea
Synonym
occurrence,
keyword
occurrence
Synonym
occurrence,
similarity with
golden essay

76

1

20

3

76
76
72

3
3
5

18
18
20

3
3
3

77

1

19

3

65

20

12

3

79

6

13

2

72

11

15

2

73

4

20

3
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Abstract—Opinion retrieval focuses on retrieving documents
containing opinions about certain topics. In this research, we
used Indonesian blogs as our corpus for opinion retrieval using
statistical technique. We adopt a traditional IR approach
commonly used for Web document retrieval for retrieving blog
documents. We retrieve documents using query processing
techniques, i.e., concept matching and field-based weighting,
pseudo-relevance feedback, and document ranking based on
opinion terms. Our results show that the use of concept matching
can help improve the retrieval accuracy by about 20%. Using the
field-based weighting score can improve the retrieval
performance by about 4.09%. Using pseudo-relevance feedback
gives 0.62% performance improvement. Opinion terms help
improve the retrieval accuracy by 0.11%.
Index Terms—blog retrieval, opinion retrieval, Indonesian
blogs
I. INTRODUCTION

O

retrieval is a user search, where the information
need seems to be of an opinion, a perspective-finding
nature, rather than fact-finding. A relevant document must
relevant to the query topic and also contains opinions about
the query. Research on opinion retrieval aims to uncover the
public sentiment towards a given entity, and hence it can help
in tracking consumer-generated content, brand monitoring,
and more generally, media analysis [4].
The rise on information technology has made people
become more interested in Internet. One kind of information
that popular nowadays is blogs. Blogs are web sites that
contain frequently updated „posts‟ with the most recent entry
at the top of the page and the previous ones displayed reversechronologically. Authors of blogs (bloggers) can describe dayto-day observations in their lives, or more specific topics of
interest to them, such as web design or cycling [1].
The fast growing of Internet blogging has made this field
become very interesting for researchers. They interested in
exploring the information seeking behavior in the
blogosphere. Blog retrieval is the task of finding a blog with a
principle, recurring interest on certain topic. There are some
differences between blog retrieval and typical ad hoc
document retrieval.
First, unlike a corpus of newswire or articles, blog posts are
less edited in general and can be more conversational and
rambling [2]. A blog can be written in a formal language or
non-formal language. It usually contains irregular terms, such
as “enaaak” (delicious), “enggak” (no), “hmm…” etc.
Second, according to [5], when searching through blogs,
PINION

people usually use informational query (to find information
about a topic), rather than transactional (perform some webmediated activity) or navigational query (find a specific
website). The informational query is used to get opinion about
a given topic. This is related to the main characteristic of blogs
that usually contain opinion about things that of interest to the
author. Third, blog retrieval is a task of ranking a collection of
documents rather than a single document. A blog can be seen
as a single document for retrieval, or multi document with
single retrieval entry. Finally, unlike a web document, a blog
corpus often includes reader-generated commentary of varying
quality and topicality, and also large amounts of commentspam and spam blogs [2].
Zhang, Yu, & Meng [9] adopt concept-based IR, machinelearning approach based opinion detection and two separate
opinion similarity functions in their opinion retrieval system.
Yang, Luo, & Callan [8] adopt passage retrieval to get
relevant passages to the given topic and a machine learning
approach to solve the opinions vs. objective sentences binary
text classification problem. Elsas et.al. [2] use two document
models which consider blogs as a single document and query
expansion models for their blog retrieval system.
In this paper, we will describe our experiments in opinion
retrieval, using Indonesian blogs as a corpus. We adopt
traditional IR approach to find out whether the retrieval
concept for web documents can be applied to blog documents.
We use concept matching and document structures in the
retrieval process.
In this paper, we will describe our experiments in opinion
retrieval, using Indonesian blogs as a corpus. We adopt
traditional IR approach to find out whether the retrieval
concept for web documents can be applied in blog documents.
We use concept matching and document structures in the
retrieval process.
The remaining of this paper is organized as follows: section
2 discusses our approaches in the opinion retrieval, section 3
describes our experiments and section 4 contains the results
and analysis.
II. BLOG RETRIEVAL
Blogs are created by their authors as a mechanism for selfexpression encouraged by the freely accessible blog software,
communicating their opinions and thoughts on any topic of
their choice [6]. A blog post consist of a post written by the
author and comments from the reader of the post. Opinion
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retrieval from blogs is an information need that aims to find
blog posts that express opinion about a given target. The target
can be a name of a person, a product, or an event. A relevant
blog must contain an opinion about the target, which is can be
present in the post or one of the comments to the post.
A. Concept Matching
In a query, concept can be defined as a single word, a
phrase, or more complex entities. A document is relevant to a
query when it contains the concept listed in the query [2].
Concept identification is a query pre-processing technique that
maps the query to concepts. Concept-based searching is then
used to improve the retrieval performance. For example, query
“rumah sakit” (hospital) should be searched as a single phrase
rather than two individual words, “rumah” (house) and
“sakit” (sick).
In this work, we use term matching and concept matching
(consist of matching phrase and terms) in retrieving the blogs.
We extract terms and phrases from title and description of the
query topics (detail of the query topics is explained in the next
section). We do four experiments in this work:
1) Term matching using title query;
2) Term matching using title and description query;
3) Concept matching using title query;
4) Concept matching using title and description query.

weight scores for the original query from 0.0, 0.3, 0.5, 0.7, to
1.0.
D. Document Re-ranking Based on Opinion Terms
On this experiment, we use opinion terms in re-rank the
retrieved documents. The document weight will increase if it
contains opinion terms either negative or positive opinions. On
the first part, we simply adding opinion terms to the query. We
vary the number of terms used from 10, 20, 30, 40, 50, to 156.
We also vary the weight of the opinion terms on the query
from 0.01, 0.03, 0.05, 0.07, to 1.0.
On the second part, we re-rank the top 50 retrieved
documents. Then we calculate the new similarity score of the
documents based on the opinion terms that occurred on the
documents. We use the following formula to calculate the new
similarity score:
new-sim = old-similarity + (number of opinion terms x weight score )

In this experiment, we vary the weight score used from 0.01,
0.03, 0.05, 0.07, to 1.0. We also try to normalize the similarity
scores to avoid the impact of document length. We use the
formula:
new-sim = old-sim + (number of opinion terms x weight score )

(number of max opinion words in all docs)

We still recognize concepts in the query manually and then
use the concept operators on the IR system.
B. Field-based Weighting Model
Our collection consists of blogs in HTML format.
Retrieving document using the document structures (fields),
such as title, anchor text, and body have been shown to be
effective in Web IR [10]. In this experiment, we use document
structures in the retrieval process. We formulate various types
of experiments based on field combinations:
1)
2)
3)
4)

Body
Body + anchor text
Body + title
Body + anchor text + title

Besides using those fields, we also use weighting values in
the query. If a field in a document contains query terms, then
the document get additional weight by assigning weight on its
field. We vary the weighting scheme from 0.1 to 0.7.
C. Pseudo-Relevance Feedback
Pseudo relevance feedback is known in information
retrieval to improve the retrieval performance of queries.
Pseudo-relevance feedback, which is also known as “blind
feedback” assumes the top N retrieved documents, DN, as
relevant to a query and takes related terms or phrases from
those documents as query expansion terms [2].
In this experiment, we apply pseudo-relevance feedback on
the query set with variations on the number of documents and
terms use for feedback. We vary the number of the documents
used such as 50, 75, to 100 documents. Then we use different
number of terms such as 5 to 10 terms. We also change the

III. EXPERIMENT
In this work we use Indonesian corpus. We collect the URL
addresses from Indonesian blogs, then we crawl the
documents using those URLs. The corpus consists of 21.411
documents from 299 unique blogs. The documents contain
feeds (i.e. the blog) or permalinks documents (i.e. a single
blog posts with its associated comments).
We created 25 topics for these experiments. An example of
a topic is in Figure 1.
<top>
<num> Number: 3 </num>
<title> pesta blogger (Blogger party)
</title>
<desc> Temukan pendapat mengenai
acara pesta blogger. (Find opinions
about blogger party) </desc>
<narr> Pendapat mengenai acara pesta
blogger merupakan opini yang relevan.
Pengalaman
mengikuti
acara
pesta
blogger juga merupakan opini yang
relevan.
(Opinions
about
blogger
party
is
a
relevant
opinion.
Experience in attending blogger party
is also relevant.) </narr>
</top>
Fig. 1. An example of topic used in blog retrieval experiments
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Relevance judgment is done by some undergraduate
students. A blog is considered relevant if the document
contain an opinion about a query. The opinion has to be
present either in the post or one of the comments on the post,
as identified by permalinks. An example of relevant document
for query “Laskar Pelangi” (Rainbow Troops) can be seen in
Fig. 2.
We identify 156 opinion words in the documents manually
which we believe show positive and negative opinions. The
example of opinion words are shown on Table 1.
TABLE 1
EXAMPLES OF OPINION WORDS

Opinion
Positive

Negative

Terms
“suka” (like), “bagus” (good),
“hebat” (great), “menarik”
(interesting), “canggih” (fabulous)
“jelek” (ugly), “aneh” (weird),
“benci” (hate), "kecewa”
(disappointed), “buruk” (bad)

Total
73

83

Before running the experiments, we do preprocessing stages
such as stemming [10] and stopwords removal on the
documents.

TABLE 2
THE MAP OF THE EXPERIMENTS USING CONCEPT MATCHING

Configuration
MAP
Term matching using title only
0.6170
Term matching using title + description
0.4136
Concept matching using title only
0.5790
Concept matching using title + description
0.6946
The term matching technique decreases the retrieval
performance of the title and description topics compared to
title topics only. The concept matching decreases the retrieval
performance of the title topics compared to the term matching.
However, the concept matching increases the performance of
the title and description topics by 12.5% compared to the title
topics only.
In the second experiment, we use document structures in
retrieving the blogs (see Figure 3). We apply different
weighting values for body, title, and anchor that occurred on
the blogs. Applying weighting values to the title, body, and
anchor of the blogs increases the retrieval performance
compared to the first experiment. However, the best result
shows that the retrieval performance increased 4.09% if we
put 0.3 as the weight value for the body field.
There are several reasons why using the document
structure do not have much impacts on the retrieval
performance. The title field sometimes is not related to the
content of the blogs. Moreover, the permalink on the
documents and the title field are not usually the title of the
post, but the title of the blog itself. The anchor field
sometimes contains added links that is not inside the main post
of the blog.

Fig. 2. An example of relevant blog for movie topic "Laskar Pelangi"

IV. RESULT AND ANALYSIS
In this study we do four experiments. The best result from
an experiment is used for the other experiments. First, we use
the concept matching in the query formulation. Second, we
combine the best result from the first experiment with fieldbased weighting retrieval model. Third, we apply pseudorelevance feedback on the queries and fourth, we re-rank the
retrieved documents based on the opinion terms.
In the first experiment (see Table 2), the document retrieval
is based on the phrases occurred on the title or description
topics otherwise the terms are treated based on term matching.

Fig. 3. The MAP of the experiments using Field-based Weighting
Scheme

In the third experiment, we apply pseudo-relevance
feedback on the query resulted from the second experiment.
We vary the number of documents and terms used for
feedback. Besides, we also vary the weighting scheme for the
original query (see Table 3).
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TABLE 3
MAP OF THE EXPERIMENTS USING PSEUDO-RELEVANCE FEEDBACK

Weight for original query

#Docs #Terms

0.0

0.3

0.5

0.7

1.0

50 - 5

0.2970

0.5735

0.6736

0.7119

0.7251

50 - 10

0.3426

0.5983

0.6991

0.7275

0.7251

75 - 5

0.2659

0.5320

0.6603

0.7044

0.7251

75 - 10

0.2647

0.5476

0.6574

0.7076

0.7251

100 - 5

0.2361

0.4582

0.5974

0.6809

0.7251

100 - 50

0.2007

0.4709

0.5777

0.6853

0.7251

The best retrieval performance is achieved by using top 50
documents and top 10 terms for feedback. The MAP value
increases 0.62% compared to the query that is the result of the
second experiment. Applying the weighting scheme on the
expanded terms helps increased the MAP of the query. Using
0.7 on the original query give the best retrieval performance
for the query that has been expanded using top 50 documents
and 10 terms.
On the last experiment, we re-rank the documents based on
opinion terms contained in each document (see Table 4).
TABLE 4
THE MAP USING OPINION TERMS

#
opinion
terms
10
20
30
40
50
156

V. CONCLUSION
Our study explores blog retrieval using traditional IR
approaches such as query processing techniques, pseudorelevance feedback, and document ranking based on opinion
terms. In this work, we applied concept matching in the query
formulation. The concept matching improved the retrieval
performance by about 20% compared to that of term
matching. Moreover, field-based weighting model also
improved the retrieval accuracy by about 4.09% compared to
the first experiment. Using the document structure did not give
much improvement. The use of the title and the anchor fields
did not improve the retrieval performance compared to using
only the body field. The pseudo relevance feedback helped
increase the retrieval performance. The retrieved documents
were then re-ranked based on the opinion terms found in the
blogs. The result showed that giving weights to the opinion
terms and applying normalization on the queries increased the
retrieval performance.
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Abstract—This paper describes a pattern based
approach to Indonesian question answering system
using the Open Ephyra. In this study, we classify
the factoid questions types into 8 categories, where
each group is trained using specific questions. The
results demonstrate the potential of the approach
in an automated Indonesian question answering
system.
I. INTRODUCTION

Q

uestion answering is a form of information
retrieval that concern about an exact answer from
a given natural language question rather than a
query string. An automated question answering
system (QAS) tries to retrieve explicit answers in the
form of a single answer or snippets of text rather than
a whole document or set of documents. One of the
biggest challenges in QAS is how to categorize a
question into a particular category that further will be
used to find exact answer(s) within a large collection
of documents. Research in QAS is initialized during
the 70‟s when [25] developed a system that can
recognize natural language in SHRDLU. Such system
is further developed by [15] in QUALM, that can
recognized stories. The re-initiation of QAS is started
in the 90‟s when the Internet has became a redundant
source of information [3].
The results of two main evaluation forum in QAS,
i.e.
TREC
(Text
Retrieval
Conference,
http://trec.nist.gov) from 1999-2007, and CLEF (Cross
Language Evaluation Forum, http://www.clefcampaign.org/) from 2002-2008, have shown that
question-answering is still need further enhancements.
The question-answering techniques that exists from
the field of natural language (NLP), information
retrieval (IR) and combination of both, are promising,
but there is still lack of standardization in methods,
techniques and evaluation [8]. According to [3], there
is no ultimate QAS. Each approach has its own niche,
application environment, and tasks. If the quality of
the answers is crucial, NLP should be applied. If facts
need to be extracted from text, IR techniques should
be used. The main techniques that have been mostly
used in QAS research are: semantic analysis using
semantic role labeling, name entity recognizer, path
dependency [21], semantic markup [16], n-gram

passages [4, 5], statistical [11][17], and the
combination of semantic structures and probabilistic
approach [18].
A common feature of NLP-based QAS is the ability
to convert text input into formal representation of
meaning such as logic (first order predicate calculus),
semantic networks, conceptual dependency diagrams,
or frame-based representations [13]. IR-based QAS
are usually completed with shallow or deep NLP
techniques, focuses on fact retrieval from a large text
corpus. Document redundancy, i.e. a number of
similar statements that contain the answer, in a large
corpus and the use of shallow NLP techniques
increase the chance of finding the right answer
without any guarantee that the answer is correct.
Shallow NLP techniques, combined with statistical
methods, pattern learning, and passage retrieval, have
been largely used in the extraction of definition
answers in TREC and CLEF, as described in [20],
[23], [6], and [22]. Future research trend should
involve the combination of the approaches into one
single system and adapt the techniques to the
application domain.
In the Information Retrieval Lab at the University of
Indonesia there have been some researches done to
initiate the Indonesian QAS and make some
contribution in CLEF [2, 24]. Further research
approaches can be grouped in three mainstreams, i.e.
the semantic analysis [14, 12], statistical approach [1],
and the combination of both [9].
In this experiment, we try to adapt the
categorization approach within the OE pipeline that
used pattern learning approach for Indonesian
language. Pattern learning approach is a form of rulebased approach for question categorization. Another
approaches that mainly use are language modeling and
machine learning based [19]. The final goal of this
experiment is to investigate how to fit Indonesian
interrogative sentences in an English based QAS, as a
preliminary study to develop a QAS that proper to
Indonesian language that combines the NLP and
statistical approaches.

The rest of the paper will be organized as follow:
section 2 presents the state-of-the art of Indonesian
question categorization and the pattern learning
approach that is used in Open Ephyra. Section 3
presents the strategy that is used to develop question
patterns from Indonesian interrogative sentences.
Section 4 gives the experimental setup and results.
Section 5 gives the evaluation of the results, and
section 6 is a conclusion and plans for future works.
II. QUESTION CATEGORIZATION
The study of Purwarianti, et. al. 2006 [19], has
shown that question categorization for Indonesian
interrogative sentence using shallow parser and
machine learning can achieved 95% accuracy.
However, such learning categorization requires deep
analysis in sentence structures to be able to develop a
robust parser and extraction of learning features. The
problem in such deep analysis for Indonesian
language is the limitation of the resources of the
language itself, that lack of robust parser.
Another possibility for simpler approach to question
categorization is by matching the pattern of each
question type, and tries to categorize question based
on the position of question words, and various
question keywords. To make sure that the
categorization can be done, we need thus to develop a
number of pattern rules that reflect the structure of
each question type.
OE1 is an example of QAS that use pattern learning
approach to categorize questions. It learns text
patterns that can be applied to text passages for
answer extraction. OE can learn question-answer pairs
and use common retrieval system, i.e. web search
engine or various IR system, to fetch document text.
OE is an open domain QAS that has modular and
extensible framework. It consists of four main
modules (see Figure 1): 1). Question analyzer, 2)
Query generator; 3) Search engine and 4) Answer
extractor. Each of the modules can be used
independently and thus suitable to experiment
multiple approaches to question-answering in one
system.
There are two main steps for the pattern-learning
approach in OE. The first is to learn the question
patterns from question templates according to each
question types. The aim of this step is to interpret the
questions and transform them into queries. The second
step is to learn the answer pattern from questionanswer pairs. The aim of this second step is to extract
answers candidate from relevant document snippets
and to rank them. The question templates need to be
manually developed according to various interrogative
sentences that are independent for each natural
language.

1

http://www.ephyra.info

Fig. 1. Open Ephyra Framework (Schlaefer et.al., 2006)

An important strategy in this approach is to
determine the objects interpretation from each
question, i.e.: the property (PO), target (TO) and
context (CO). For example, a question “Dimana letak
kampus UI?” (Where lies the campus of UI?). It has
the interpretation of:
 Property: TEMPAT (location)
 Target: kampus (campus)
 Context: UI (University of Indonesia)
The question asks for a property of the target object
“kampus”, which is a location. The context object
“UI”, narrows down the search to a particular place.
Together, all of this objects form the interpretation of
the question that further will also be used in
developing a query for the search engine.
OE interprets a question by sequentially matching
all the question patterns for each property. If it
matches a pattern, OE will extract the target object
and the context object. Therefore, it is possible that a
question has more than one interpretation, if the
question type is not clear enough.
Each of the properties is associated with a set of
answer pattern that is assessed and extracted during
the second learning phase. The format of an answer
pattern is similar to the question patterns, it consists
of:
a target tag <T>
a number of random number of context tag <C>
a property tag <P>.
During the answer extraction phase, OE replaces all
occurrences of target or context objects in a text
snippet. Every time a snippet matches a pattern, the
part of the text that associated to the property tag is
extracted. In the example above, the following snippet
from a relevant document:

“Bus kampus disediakan untuk melayani kebutuhan
transportasi mahasiswa di dalam kampus UI Depok”
will be transform into
“Bus kampus disediakan untuk melayani kebutuhan
transportasi mahasiswa di dalam <TO> <CO>
Depok”.
The pattern “di dalam <TO> <CO> Depok”, will be
used to extract the property Depok. The pattern has
been learned from the question-answer pairs which is
an answer that needs to be found.
To extract the answer, OE apply two kinds of
regular expression (Zhang. 2002.):
1) that covers a target tag <T>, a property <P>
and any characters in between them, i.e. the
context; or or
2) covers one word or any characters preceeding
or following the <P> tag.
Finally OE will assess the answer patterns and
assign a confidence score to the patterns. A confidence
score is calculated by taking the proportion on how
often a pattern could be used to extract a correct
answer and the sum of how often it extracts a wrong
answer and a right answer. Further, for each extracted
property, the total number of snippets that has been
assessed is also recorded, to compute the support, i.e.
the ratio between correct answer and number of
snippets. The answer that has the highest confidence
and its value is above the support threshold will be
considered as the best answer candidate.
III. QUESTION PATTERN DEVELOPMENT
The properties and the question patterns is
determined by analyzing 8 types of factoid question,
each consists of 5 training questions and 25 testing
questions. The question types are coarse grain
according to CLEF (Forner, et. al. 2008.), i.e.:
- ORANG (people)
- WAKTU (time)
- TEMPAT (location)
- ORGANISASI (organization)
- UKURAN (measure)
- ANGKA (count)
- OBYEK (object)
- LAIN-LAIN (others).

1. The main question word(s) indicated for each
type.
2. The position in which keywords of question
occurs in an interrogative sentence, that indicates
the context and target of a question.
3. The alternative of question words or phrases that
indicate a special meaning to a question type.
As an example, these are some question patterns for
the property location ( = where) in Indonesian:
1. Main question word(s):
(dimana|dimanakah) letak <TO> <CO>
(dimana|dimanakah) <CO> <TO>
(dimana|dimanakah) <TO> berada

2. Position of keywords (context and target):
<TO> ada dimana (saja)?
<TO> <PO> ada dimana
dimana (saja)? (kah|sih)? <TO>
berada
<TO> terletak <CO> (apa)?
<TO> <CO> (ada)? dimana (saja)?
<CO> <TO> (ada)? dimana (saja)?
<TO> <CO> ada dimana?

3. Alternative question words or phrases:
(apa|apakah) nama <TO> <CO>
(apa|apakah) nama
(daerah|tempat|lokasi) <TO> <CO>
(apa|apakah) nama
(daerah|tempat|lokasi) <CO> <TO>
di (lokasi|daerah|tempat) mana
(saja)? <TO> <CO>
di (lokasi|daerah|tempat) mana
(saja)? <CO> <TO>
terletak dimana (saja)? <TO> <CO>

During the answer patterns extraction, i.e. after the
interpretation has been done, a tuple that consists of: a
target, an arbitrary number context objects, and the
answer or the property, is generated as query string.
The query string will be used by IR system to retrieve
the passage that match the pattern. It is possible to
selectively add tuples for properties that are not
sufficiently covered by the training question in the
future to raise the accuracy of the system.
For our example in the previous section, the query
string that will be generated is: “#1(kampus) #1(UI)
#1(depok)”. The answer is included in the query
string, this is to ensure that the snippet contain the
target and the property.
IV. EXPERIMENTAL SETUP DAN RESULTS

For each question type, a question pattern is
developed which reflects the variations arise in natural
language writings or conversations that occur in the
training question. The testing question is used to
evaluate the accuracy of the pattern recognizer.
During the design of each question pattern, the
following steps are taking into account:

The document collection used in the experiment
consists of 5 web documents (news articles, wiki‟s,
and blog) on special issues from different domains.
The issues ranges from historical occasions,
biography, political news, myths and poetry. Every
document that downloaded has positive relevant
judgment to a specific question type, i.e. each
document has snippets that contains answer(s) for the
question given for each type. There are in total 190

documents in 6 MB text. The documents are
processed by Perl programming language to form
TREC format document, that further indexed using
Indri. The index file is 2 MB big, and used as the local
corpus for the system.
For the training phase, we prepare 40 questions, i.e.
5 questions for a question type and 1 question per
subject. Each training question is has its answer pair in
TREC format, that will be used in the pattern
extraction phase. An example of the an answer
extraction result for location type, is as follow:
<TO> [^<]*?<PO_NEtempat>
#correct: 5
#incorrect: 6
Confidence = 0.45454547
Support = 0.035311

This mean that this pattern can be found in 11
passages (not necessary in 11 documents), with 5
passages contains correct answer and 6 incorrect
answer, and the total number of passages extracted
from the all 8 properties is 142 = (5/0.035311).
After the training is done, we run the OE to test
how accurate the result of training session. First we
run the same question as the training phase, and obtain
the following results:

Property
People
Time
Location
Organization
Measure
Number
Object
Other
Total

Interpretation
Answers
Single
More
Unsupporte
Incorrect (W)
Inexact (X) Correct '(R)
Correct Wrong Correct Wrong
d (U)
0
0
5
0
4
0
0
1
5
0
0
0
3
0
0
2
5
0
0
0
2
0
0
3
2
1
1
1
2
0
0
3
4
0
1
0
3
0
0
2
3
0
2
0
4
0
0
1
2
1
2
0
2
1
0
2
4
0
0
1
5
0
0
0
25
2
11
2
25
1
0
14

We also test the learning result using the testing
questions, that consists of 5 variations for each issues,
except for the „other‟ type, thus in total 180 questions.
The results for the testing are:

Interpretation

Property
People
Time
Location
Organization
Measure
Number
Object
Other
Total

Answers
Single
More
Unsupporte
Incorrect (W)
Inexact (X) Correct '(R)
Correct Wrong Correct Wrong
d (U)
6
6
11
2
23
0
0
2
14
4
7
0
21
0
0
4
17
7
0
1
14
0
1
10
5
13
2
5
21
0
0
4
7
7
10
1
20
0
2
3
10
3
12
0
21
0
2
2
5
18
1
1
21
1
1
2
1
1
3
0
5
0
0
0
65
59
46
10
146
1
6
27

In the interpretation column, we separate the
interpretation for “single” interpretation, i.e.: exact
only one interpretation for a question; and a “more”
interpretation, means that a question can be interpreted
into one or more category, according to the patterns.
The accuracy is calculated for the interpretation
results and the answers. We use the accuracy
definition from CLEF. 2008., i.e. the average of
SCORE(q) over all 200 questions q, where SCORE(q)
is 1, if the answer to q assessed as correct, and 0
otherwise.
The accuracy for the tested-training questions, and
the testing questions is shown in the following table:
Testedtraining
questions
Testing
questions

Interpretation Accuracy

90.00

Answers Accuracy

35.00

Interpretation Accuracy

61.67

Answers Accuracy

15.00

V. EVALUATION
The accuracy for the tested-training questions is
much higher than the testing questions. This result
suggests that the patterns used during the training
session are not good enough to cover the question
variations. Further we have to give extra attention to
informality of natural language that is used to write
document, especially for blogs and wiki‟s documents.
This experiment is more concern in the interpretation
of questions. If we see only the interpretation, than the
results is promising. Although it seems that we need to
cover more question variations.
The most difficult part to interpret question patterns
is for people and organization types. In Indonesian,
both can be asked using the “siapa ( = who)” question
word, and thus gives double interpretation to a
specific question, that effects on the confidence score,
i.e. give lower score, because less correct answer is
extracted.
The object type is also hard to interpret, because the
similar question pattern for this type can be occur in
another type(s).
VI. CONCLUSION AND FUTURE WORKS
In this experiment, we have adapted the question
pattern approach in OE. The result shows that OE is
promising to be adapted for Indonesian language. The
main shortcoming of the pattern learning approach is
that question patterns need to be developed
specifically and the answer extraction phase needs
redundant sources, i.e. large search space.
There are a number of things need to be further
investigated, such as:
1. How to generate a more generic pattern that can
be used to interpret question accurately.
2. How to decrease the runtime during the learning
steps, i.e. how to prune the unnecessary pattern
to be learned more than once.

3. How to deal with ambiguity in question words
and keyword phrases that can be occurred in
more than one question types.
4. How to give sense of contextuality during the
answer selection phase. For example how can
we deal with a time frame, and thus if the
question is about the president in present time, it
returns the correct answer, and not the president
in the past time, although both answers are can
be found as patterns in the relevant documents.
Based on the shortcoming, adaptation of OE into
Indonesian language need the following course:
1. Develop more fine grained question types that
each represent special name-entity (NE) type.
For example, for type “location”, can be more
precisely defined as: university, country, etc.
2. Modify or change the natural language specific
components, such as: NE tagger, stemmer,
phrase chunker, part-of-speech (POS) tagger,
and tokenizer.
3. Develop a statistical/machine learning question
classifier that can be used to categorize questions
based on their features, such as: unigram,
bigram, or the question word.
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Abstract— Unplanned computer system outages
are more likely to be the result of software failures
than of hardware failures. Software aging often
affects the performance of software and causes to
fail. Software rejuvenation technique has been
widely used to avoid the occurrence of unplanned
failures, mainly due to the phenomenon of software
aging or caused by transient failures. In this paper,
virtual machine based software rejuvenation
approach to counteract software aging in long
running applications is proposed. With single
physical server, there can be single point of failure
(SOP). To overcome SOP problem, multiple
servers which are used to host multiple virtual
machines (VMs) by using Markov Chains based
approach are modeled and evaluate it through
numerical analysis. The numerical derivation
results are validated with the evaluation results
through
SHARPE
(Symbolic
Hierarchical
Automated Reliability and Performance Evaluator)
tool. Our results show that combination of software
rejuvenation and virtualization technology can
counteract the aging problem and prolong the
availability of the services.
Index Terms—availability,
software
aging,
software rejuvenation, virtualization.

state to prevent the occurrence of more severe crash
failures in the future [1].
Virtualization is a hop topic in the technology
world. Virtualization enables the execution of multiple
operating system instances simultaneously in isolated
environments on a single physical machine. Software
aging issues related to virtualization need to be
addressed, especially for managing the availability [2].
This paper proposed the virtual machine based
software rejuvenation approach. The basic idea of this
paper is to hold the multiple virtual machines which
are running aging applications, and trigger the
rejuvenation action of each virtual machine when
something anomalous is detected. Markov Chains
based approach is used to build models through
analytical analysis and SHARPE tool simulation.
The rest of this paper is organized as follows.
Section 2 describes the related work. Section 3
discusses the theory background. In section 4, the
proposed system is described. Section 5 discusses the
modeling, analysis of the model and validates the
model with SHARP tool. Section 6 concludes the
paper.

I. INTRODUCTION

In this section the related work of this paper is
briefly discussed.
In [3], the authors described a fault-tolerant
software system with two-version redundant structure
and random rejuvenation schedule, and evaluate
quantitatively a dependability measure like the steadystate system availability based on the familiar
Markovian analysis. Silva et al [4] presented an
approach for software rejuvenation based on
automated self-healing techniques that can be easily
applied to off-the-shelf Application Servers and
Internet sites. They tested with a set of open-source
Linux tools and the XEN virtualization and
middleware.
A new technique for fast rejuvenation of Virtual
Machine Monitors (VMMs) called the warm-VM
reboot was proposed in [5]. The warm-VM reboot
enables efficiently rebooting only a VMM by

W

HEN server applications execute continuously
for long periods of time, the process
corresponding to the software in executing age or
slowly degrade with respect to effective use of their
system resources. Exhaustion of system resources, data
corruption, and numerical error accumulation are the
primary symptoms of the degradation, which may
eventually lead to performance degradation of the
software, crash/hang failure, or other undesirable
effects. That degradation of software is known as
software aging.
Software rejuvenation can be applied so as to
mitigate adverse effects of software aging. Software
rejuvenation is a proactive fault management
technique aimed at cleaning up the system internal

II. RELATED WORK

suspending and resuming VMs without accessing the
memory images. To achieve this, they developed two
mechanisms: on-memory suspend/resume of VMs and
quick reload of VMMs. In [6], the authors presented
an automatic and transparent mechanism for proactive
fault tolerance for arbitrary MPI applications and their
approach relies on operating system virtualization
techniques exemplified by XEN.
In this paper, software rejuvenation and
virtualization technology are combined to increase the
system availability of the long running applications.
The model of software system with virtualization is
analysed and derive the steady-state availability of the
system.
III. BACKGROUND
We introduce the concepts of software aging,
software rejuvenation and virtualization technology in
the following sub sections.
A. Software Aging
Software aging is usually a consequence of software
faults. Software aging refers to the performance
degradation in the availability of OS resources, data
corruption and numerical error accumulation that may
lead to system crashes or undesired hang ups. Under
aging conditions, the state of the software degrades
gradually with time, inevitably resulting in undesirable
consequences [7].

be single point of failure (SOP). Therefore in this
system, multiple VMs on multiple physical servers are
created. Each VM contains Software rejuvenation
Agents (such as xSeries Software Rejuvenation Agent)
[7] which were designed to monitor consumable
resources.
As time degrades, the active VM running on the
active physical server becomes software aging. When
unwanted action happens in VM, rejuvenation
operation will be triggered. If the active VM is about
to be rejuvenated, standby VM will be started and then
all the new requests and sessions are migrated from the
active VM to standby VM. When ongoing requests are
finished in aging infected VM, the infected VM will
be rejuvenated. When the last VM of the active
physical server becomes software aging, the in-flight
requests and sessions are migrated to the standby VM
in the standby physical server.
Using this approach the VMs cannot easily reach
the failure state. This approach uses VMs as containers
for the replicas in order to avoid the need for
additional hardware and it can provide continued
services during rejuvenation. Figure 1 indicates the
system process.

B. Software Rejuvenation
Software rejuvenation is the concept of periodically
and preemptively restarting an application at a clean
internal state after every rejuvenation interval.
Software rejuvenation is a specific form of proactive
fault management which can be performed at suitable
times, such as when there is no load on the system, and
typically results in less downtime and cost than the
reactive approach. Software rejuvenation is a cost
effective technique for dealing with software faults
that include protection not only against hard failures,
but also against performance degradation as well.
C. Virtualization
Virtualization is a technology that combines or divides
computing resources to present one or many operating
environments using methodologies like hardware and
software partitioning or aggregation, partial or
complete machine simulation, emulation, time-sharing,
and others. Virtualization basically allows one
computer to do the job of multiple computers, by
sharing the resources of a single hardware across
multiple environments.
IV. PROPOSED SYSTEM
The proposed system applies the concept of
virtualization technology and software rejuvenation.
Multiple VMs on the single physical server, there can

Fig.1. The Flow of the proposed system process

V. MODELING AND ANALYSIS
In this section, how virtualization can improve the
software rejuvenation action is discussed and can
reduce the application’s downtime and the cost due to
downtime. Figure 2 illustrates the state transition
diagram of the proposed system. This system
constructs the state transition models to describe the
proposed system. The assumptions used in the
modeling are as follows:

i = number of VMs
j = number of physical servers
Fig. 2 State transition diagram for proposed system

 Failure rate (λ) and repair rate (µ) of the
VMs are identical at all states.
 Unstable rate (λµ ), rejuvenation rates (λr) of
the VMs are identical at all states.
As time progress, active VM eventually transit to
unstable state with rate (i * λµ ). When the active VM is
about to be rejuvenated, the application software may
change from unstable state to switch over state at a
rate of (i * λ). When ongoing requests are finished in
the active VM, the active VM state may change from
unstable state to rejuvenation state with rate (i * λr). In
failure state (H10), all VMs stop running and no
available VM remains.
After the rejuvenation, one of the healthy
rejuvenated VM takes over the role of primary VM.
So service is not stopped even during the rejuvenation
process. If the primary VM has encounters the
software aging, the standby component takes the role
of the primary VM and continues to operate based on
the current state. When all the requests are finished in
the primary server, then the primary VM will be
rejuvenated.
The state transition diagram in figure 2 can be
described as Markov process class. It can perform the
steady state analysis of the diagram. The steady-state
balance equations of figure 2 are as follows:

For state Hmn

n PH nm  PH ( n 1),m   r PRn ,m

(1)

For state Hij ((i = 1,2,3,…, n if j=2,3,…, m), (i = 2,3,…,n if j
= 1), (i = 1,2,…,n-1 if j = m))

(i)PHij SPSi1 PRij PH(i1),j

(2)

For state H11 (n ≥ 2)

(     ) PH11   S PS21  PR11  PH10

(3)

For state H10

PH  PU
10

(4)
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For state Uij (i = 1,2,3,…, n & j = 1,2,3,…, m)

(  r ) PUij   PUij

(5)

For state Rij (i = 1,2,3,…, n & j = 1,2,3,…, m)

 r PR  ir PU
ij

ij

(6)

For state Sij ((i = 1,2,3,…, n-1 if j = 2,3,…, m) , (i =
2,3,…,n if j = 1))

S PS  iPU
ij

(7)

ij

The conservation equation is obtained by summing the
probabilities of all states in the system and the sum of the
equation is 1.
n

m

n

m

n

m

n

m

PHij  PH10 PUij PRij PSij (8)
i1 j1

i1 j1

i1 j1

i1 j1

PSij  0

parameters is assumed. For this purpose, the parameters are
chosen [8] as follows: The system using our approach
operates for one year continuously. The mean time between
two consecutive failures is 1 year and repair time is 12
hours. Healthy VM becomes unstable every 15 days. The
rejuvenation time and switchover time are 10 and 3 min,
respectively. The operation time T is 1 year. The average
cost of unscheduled downtime due to a failure, Cf is $5000
per hour and scheduled downtime during rejuvenation, Cr is
$5 per hour.

Combining the balance equations with the conservation
equation, and solving these simultaneous equations, it is
acquired the closed-form solutions for the model.

Fig. 3. Availability vs. different rejuvenation rates and the different failure
rates (D=derivation, S=SHARPE)

The change in the availability of system with the different
rejuvenation rates and failure rates is plotted in figure 3.
Figure 4 plotted the downtime as a function of the
rejuvenation rates.

Fig 4. Downtime vs different rejuvenation rates

The system is not available in the rejuvenation state (R11)
in the last VM in the last physical server and the failure state
(H10). The system availability in the steady-state is defined
as follows:

Availability  1  ( PR11  P10 )

(14)

Planned shutdown cost is less than that of
unexpected shutdown (Cf >> Cr). Where Cr is the unit
cost of unexpected shutdown of a server, and Cr is the
unit cost of rejuvenation process. The excepted total
downtime and downtime cost of the system with
rejuvenation in an interval of T time units are:

Downtime(T )  ( PR11  PH10 )  T

The downtime cost of planned shutdown is much lower
than that of an unplanned shutdown. Figure 5 shows the
downtime cost of the proposed system. From the result, it is
apparent that the proposed rejuvenation system is a cost
effective way tot build high availability system and
virtualization technology can improve the software
rejuvenation. According to Figure 3 and 4, it is found that
the derivation results and SHARPE tool simulation results
are the same.

(15)

DowntimeCo st (T )  ( PH10  C f  PR11  C r )  T
(16)
The exact model parameters values for the model are not
known, a good estimate value for a range of model

Fig 5. Downtime cost vs different rejuvenation rates

VI. CONCLUSION
Software can cause software aging as time degrades.
Software aging decreases the availability of the
system. To counteract the software aging, the most
effective way is software rejuvenation. This paper
presented a simple approach for enhanced software
rejuvenation that has proved to be highly effective.
Markov model for analyzing software rejuvenation in
continuously running applications are presented and
express availability, downtime and downtime costs in
terms of the parameters in the model. The numerical
results are validated with the evaluation results
through SHRPE tool. It is found that our derivation
results and the SHARPE result are the same.
Virtualization and software rejuvenation can be used
to prolong the availability of the services. It can be
shown that virtualization can be helpful for software
rejuvenation and fail-over in the occurrence of
application failures and software aging.
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Abstract—The application of Dominance-based Rough Set
Approach (DRSA) for defining relative qualities over a number
of object-oriented applications has been studied. DRSA is applied
to formulate a set of classifications to which quality of application
software belongs. The classifications are formed based on metrics
measurement by means of Metrics of Object Oriented Design
(MOOD). The use of DRSA is an alternative method of interpreting metric values and defining a single quantitative value for each
application that represents its quality compared relatively to the
others. Experimental study shows that accuracy of DRSA results
depends on the number of application samples as references in
deriving a set of rule definitions to classify software properties.
Application samples in the experiment are taken from Java
libraries whose modularity, usability and maintainability have
been proven. Overall result concludes that DRSA is applicable for
defining relative qualities over a number of applications within
the sample population.

I. I NTRODUCTION
Measurement is a fundamental aspect in engineering,
including software engineering. An objective evaluation can
be achieved by conducting measurement based on a set of
standard metrics. In object oriented (OO) paradigm, a set of
software metrics has been introduced to measure degree of
OO design properties implemented in application software.
This set of metrics is called Metrics for Object Oriented
Design (MOOD), introduced by Fernando Brito e Abreu
[1]. However the measurement using MOOD delivers a
number of metrics whose values vary from one to the others.
There is no guidance on how to interpret them and define a
quantitative value representing its overall quality. This paper
presents experimental results that examine the applicability
of Dominance-based Rough Set Approach (DRSA) method
for determining rank qualities over a set of object oriented
softwares. The method is applied based on the result of
MOOD measurement on 12 Java libraries.
II. L ITERATURE S TUDY
There are two main concepts that motivates us to conduct
this study. First is the OO metrics from which it has not been
defined how to derive a single quantitative value and second
is the DRSA as one approach that is possibly applicable in
playing that role.

A. Metrics for Object Oriented Design
Since object oriented design is becoming popular in
software development, object oriented design metrics is an
essential part of software environment. There has been many
research effort in defining sets of object oriented metrics that
are used to measure the quality of object oriented design.
The metrics for object oriented focus on measurements that
are applied to the class and design characteristics [2].
A significant number of object oriented metrics have been
developed in literature. For example, metrics proposed by
Abreu [3], C.K metrics [4], Li and Henry [5] MOOD metrics,
Lorenz and Kidd [6] metrics etc. This paper focuses on
utilizing MOOD metrics which are then analyzed by means
of DRSA for delivering quality rank of the applications. As
described in [7], the metrics are:
1) Attribute Hiding Factor (AHF)
2) Method Hiding Factor (MHF)
3) Attribute Inheritance Factor (AIF)
4) Method Inheritance Factor (MIF)
5) Polymorphism Factor (POF)
6) Coupling Factor (COF)
To represent OO properties [8], the metrics can be grouped
into encapsulation (AHF and MHF), inheritance (AIF and
MIF), polymorphism (POF), and message passing (COF).
These metrics and the hierarchy have been evaluated using
Analytical Hierarchy Process (AHP) in [9]. For the same
purpose, this paper shares the application of DRSA method.
B. DRSA
DRSA is an extension of rought set theory for Multi Criteria
Decision Analysis (MCDA) introduced by Greco, Matarazzo
and Slowinski [10]. The main change comparing to the
classical rough sets is the substitution of the indiscernibility
relation by a dominance relation, which permits to deal
with inconsistencies typical to consideration of criteria and
preference-ordered decision classes.
We say that x dominates y with respect to P ⊆ C, denoted
by xDp y, if x is better that y on every criterion from P, x ºq

y, ∀q ∈ P . For each P ⊆ C, the dominance relation DP
is reflexive and transitive, i.e. it is a partial pre-order. Given
P ⊆ C and x ∈ U , let
DP+ (x) = {y ∈ U : yDP x}
DP− (x) = {y ∈ U : yDP y}
represent P -dominating set and P -dominated set with
respect to x ∈ U , respectively.
The key idea of the rough set philosophy is approximation
of one knowledge by another knowledge. In DRSA, the
knowledge being approximated is a collection of upward and
downward unions of decision classes and the ”granules of
knowledge” used for approximation are P -dominating and
P -dominated sets.
On the basis of the approximation obtained by means of
the dominance relations, it is possible to derive a generalized
description of preferential information contained in a table
of decision rules [11]. The decision rule is an expression in
the form of if [condition] then [consequent], representing
dependencies between condition criteria and decision criteria.
Procedures for generating decision rules from a decision
table use an inductive learning principle. Three types of rules
can be distinguished in: certain, possible, and approximate.
Certain rules are generated from lower approximation of class
union, possible rules are generated from upper approximation
of class union and approximate rules are generated from
boundaries regions.
Certain rules has the following forms:
• If f (x, q1 ) ≥ r1 and f (x, q2 ) ≥ r2 and ... f (x, qp ) ≥ rp
then x ∈ Clt≥
• If f (x, q1 ) ≤ r1 and f (x, q2 ) ≤ r2 and ... f (x, qp ) ≤ rp
then x ∈ Clt≤
Possible rules has the following forms:
• If f (x, q1 ) ≥ r1 and f (x, q2 ) ≥ r2 and ... f (x, qp ) ≥ rp
then x might be a member of Clt≥
• If f (x, q1 ) ≤ r1 and f (x, q2 ) ≤ r2 and ... f (x, qp ) ≤ rp
then x might be a member of Clt≤
Approximate rules has the syntax:
• If f (x, q1 ) ≥ r1 and f (x, q2 ) ≥ r2 and ... f (x, qk ) ≥ rk
and f (x, qk+1 ) ≤ rk+1 and f (x, qk+2 ) ≤ rk+2 and ...
f (x, qp ) ≤ rp , then x ∈ Cls ∪ Cls+1 ∪ Clt
Certain, possible and approximate rules represent the
knowledge of certainty, possibility and ambiguous extracted
from the decision table.
Each decision rule should be minimal. Since a decision rule
is an implication, by a minimal decision rule we understand
such an implication that there is no other implication with
an antecedent of at least the same weakness (in other words,
rule using a subset of elementary conditions or/and weaker
elementary conditions) and a consequent of at least the same

strength (in other words, rule assigning objects to the same
union or sub-union of classes).
A set of decision rules is complete if it is able to cover
all objects from the decision table in such a way that consistent objects are re-classified to their original classes and
inconsistent objects are classified to clusters of classes to
this inconsistency. We call minimal each set of decision rules
that is complete and non-redundant, i.e. exclusion of any rule
from this set makes it non-complete. One of three induction
strategies can be adopted to obtain a set of decision rules [12]:
• generation of a minimal description, i.e. a minimal set of
rules,
• generation of an exhaustive description, i.e. all rules for
a given data matrix,
• generation of a characteristic description, i.e. a set of
rules covering relatively many objects each, however,
all together not necessarily all objects from the decision
table.
III. M ETHODOLOGY
Study was conducted by a series of experiments based on
a number of Java applications as the sample. The Population
chosen as sample programs in this research are the library
packages in Sun Java Platform Edition. They are the most
frequent packages utilized for developing Java applications.
The packages are listed in Table VIII.
A JMOOD Calculator has been developed by Rahman [13]
based on the work of Christariny [14] and Nurmaya [15]. The
calculator was used for collecting the MOOD values over the
samples. The values of MOOD was then processed by DRSA
for defining their quality rank.
Testing method using DRSA as depicted in Figure III was
conducted by the following steps:
1) Define a set of applications to be Population 1 as
a reference for formulating Rule 1: java.io, java.lang,
java.math, java.net, java.text and java.util.
2) Add several new applications to the Population 1, the
new set is called Population 1+ as a reference for
formulating Rule 1+. The two additional libraries are
java.awt and java.beans.
3) Test a new set of applications in Population 2 over the
Rule produced by Population 1 with Rule 1 as well
as Rule 1+. The Population 2 consists of 4 libraries:
java.nio, java.security, java.sql and javax.swing.
4) Test result of Population 2 is compared for examining
the consistency of quality rank calculated against Rule
1 and Rule 1+.
IV. R ESULTS AND D ISCUSSION
MOOD of each library in Population 1 was measured using
JMOOD Calculator. As suggested by Abreu in [16], based
on average, standard deviation, max and min values of the
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.........
..........

Rank 2
1. .........
2. .........
3. .........
4. .........

Population 2

consistent ?

Rule 1+
.........
.........
..........

Rank 2+
1. .........
2. .........
3. .........
4. .........

Population 1

Population 1+

Fig. 1.

TABLE I
MOOD’ S C LASSIFICATION R ANGE FOR L IBRARY 1
Good
x > 0.864
0.289 ≤ x ≤ 0.440
x > 0.302
x > 0.650
x > 0.168
0 < x ≤ 0.128

Medium
0.642 ≤ x ≤ 0.864
x < 0.289
0.066 ≤ x ≤ 0.302
0.392 ≤ x ≤ 0.650
0.074 ≤ x ≤ 0.168
x > 0.128

Sufficient
x < 0.642
x > 0.440
x < 0.066
x < 0.392
x < 0.074
−

The rules in Table I were mapped to the measurement of
MOOD in Library 1. It produced classifications as shown in
table III excluding the last two rows. With additional two
libraries, the classification of Library 1+ is shown in Table II.
TABLE II
MOOD’ S C LASSIFICATION R ANGE FOR L IBRARY 1+
Metric
AHF
MHF
AIF
MIF
POF
COF

Good
x > 0.884
0.267 ≤ x ≤ 0.429
x > 0.402
x > 0.709
x > 0.157
0 < x ≤ 0.108

Medium
0.617 ≤ x ≤ 0.884
x < 0.267
0.077 ≤ x ≤ 0.402
0.429 ≤ x ≤ 0.709
0.076 ≤ x ≤ 0.157
x > 0.108

Library
java.io(1)
java.lang(2)
java.math(3)
java.net(4)
java.text(5)
java.util(6)
java.awt(7)
java.beans(8)

Sufficient
x < 0.617
x > 0.429
x < 0.077
x < 0.429
x < 0.076
−

Library 1+ has two additional package jawa.awt and
java.beans to the set of Library 1. More complete result is
shown in Table III.
Applying the classification range in Table I for Library
2 results in the classification in Table IV, whereas applying
classification range in Table II for Library 2 results in the
classification in Table V.

AHF
Med
Suff
Med
Med
Med
Good
Suff
Good

MHF
Good
Good
Suff
Good
Good
Good
Good
Good

AIF
Med
Med
Suff
Med
Med
Med
Good
Med

MIF
Med
Med
Suff
Med
Med
Med
Med
Good

POF
Med
Suff
Med
Med
Med
Good
Med
Med

COF
Good
Good
Med
Good
Good
Good
Good
Good

TABLE IV
M APPING OF VALUES FOR L IBRARY 2 AGAINST L IBRARY 1
Library
java.nio(1’)
java.security(2’)
java.sql(3’)
java.swing(4’)

Flow of testing

MOOD, we made rules to define good, medium and sufficient
classes. The rule is presented in Table I.

Metric
AHF
MHF
AIF
MIF
POF
COF

TABLE III
M APPING OF VALUES FOR L IBRARY 1+

AIF
Good
Suff
Med
Good

MIF
Good
Good
Med
Good

TABLE V
M APPING OF VALUES FOR L IBRARY 2

AGAINST

Library
java.nio(1’)
java.security(2’)
java.sql(3’)
java.swing(4’)

AHF
Med
Good
Suff
Med

AHF
Med
Good
Suff
Med

MHF
Med
Med
Med
Good

MHF
Med
Med
Med
Good

AIF
Good
Suff
Suff
Good

MIF
Good
Good
Med
Good

POF
Med
Med
Good
Suff

COF
Good
Good
Good
Good

L IBRARY 1+
POF
Med
Suff
Good
Suff

COF
Good
Good
Good
Good

A. The Use of AHP for DRSA
Rank determination using DRSA requires d for each application that will be utilized as reference in formulating
rules, they are Library 1 and Library 1+. The d will be
used as comparison in Pair-wise Comparison Table of the
DRSA. Since there is no standard values that represent sample
population libraries, we use the AHP [17] results for the
purpose of d. The AHP scheme uses priority vector of the
MOOD criteria such as employed by Des [18]. The priority
vector can be seen in Table VI.
TABLE VI
C RITERIA OF PRIORITY VECTOR
Metric
AHF
MHF
AIF
MIF
POF
COF

Weight
0.537
0.199
0.04
0.127
0.063
0.035

Quality value based on AHP calculation resulted from
multiplication of MOOD measurement with weight in priority
vector can be seen in Table VII a and b respectively.
In using Library 1, DRSA has to define a reference set as
shown in Table VIII.
xPi0 y ( and yPi0 x)x equals y
xPi1 y ( and yPi−1 x)x better than y

TABLE VIII
L IBRARY 1 AS R EFERENCE S ET
Library
java.io(1)
java.lang(2)
java.math(3)
java.net(4)
java.text(5)
java.util(6)

TABLE VII
AHP COMPUTATION FOR ( A ) L IBRARY 1

Library
java.io (1)
java.lang (2)
java.math (3)
java.net (4)
java.text (5)
java.util (6)
java.awt (7)
java.beans (8)

AHF
Med
Suff
Med
Med
Med
Good

AND ( B )

MHF
Good
Good
Suff
Good
Good
Good

AIF
Med
Med
Suff
Med
Med
Good

MIF
Med
Med
Suff
Med
Med
Med

POF
Med
Suff
Med
Med
Med
Med

COF
Good
Good
Med
Good
Good
Good

d(AHP)
0.572
0.442
0.531
0.577
0.581
0.654

L IBRARY 1+

(d)AHP
(a)
(b)
0.5724 0.5724
0.4424 0.4424
0.5313 0.5313
0.5769 0.5769
0.5811 0.5811
0.6538 0.6538
0.4660
0.6764
Fig. 2.

xPi2 y ( and yPi−2 x)x far better than y
xSy if AHP(x) ≥ AHP(y)
xS c y if AHP(x) < AHP(y)
A pair-wise comparison table was built as a basis of making
rules:
1) COREP CT = {AHF,AIF,POF}
2) REDP CT = {AHF, MHF, AIF, POF }, {AHF, AIF,
MIF, POF }, {AHF, AIF, POF, COF }
3) By dividing the pair-wise comparison table into two big
parts, we can set quality approximation of S and S c
based on the criteria from set C, i.e. 0.67.
4) D≥ - decision rules and D≤ - decision rules
≥1
• if xP1 y, then xSy, (1,2), (3,2), (4,2), (5,2), (6,1),
(6,2), (6,3), (6,4), (6,5)
≥1
≥1
• if xP3 y and xP4 y, then xSy, (1,3), (4,3), (5,3),
(6,3)
≥−1
• if xP1
y, then xS c y, (1,6), (2,1), (2,3), (2,4),
(2,5), (2,6), (3,6), (4,6), (5,6)
≥−1
• if xP3
y and xP4≥−1 y, then xS c y, (3,1), (3,4),
(3,5), (3,6)
Having result in Table IV, we can calculate the Net Flow
Score (NFS). Using the formula
N F S = ((+, f ) + (−, f )) − ((+, a) + (−, a))
we can derive the final rank as show in Table IX. The
derivation of NFS formula is described in Figure 2.
Applying the same procedure for Library 2 with Library 1+
as reference results in ranking shown in Table X.
V. D ISCUSSION
From the experiments, we learnt that more number of
samples in the reference set produces more detail rules. The

Net Flow Score formula

TABLE IX
R ANK OF L IBRARY 2 BASED ON L IBRARY 1

Library
java.nio (1’)
java.security (2’)
java.sql (3’)
javax.swing (4’)

Strength(S)
(+,f) (-,f)
1
1
3
3
0
0
1
1

R ANK OF L IBRARY 2

Library
java.nio (1’)
java.security (2’)
java.sql (3’)
javax.swing (4’)

VALUE RANGE

Weakness(W)
(+,a) (+-,a)
1
1
0
0
3
3
1
1

NFS
S-W
0
6
-6
0

Rank
2 or 3
1
4
2 or 3

TABLE X
L IBRARY 1+ VALUE RANGE

BASED ON

Strength(S)
(+,f) (-,f)
1
1
3
3
0
0
2
2

Weakness(W)
(+,a) (+-,a)
2
2
0
0
3
3
1
1

NFS
S-W
-2
6
-6
2

Rank
3
1
4
2

rules derived from Library 1 (six samples) results in the
following four rules:
1) if xP1≥1 y, then xSy
2) if xP3≥1 y and xP4≥1 y, then xSy
3) if xP1≥−1 y, then xS c y
4) if xP3≥−1 y and xP4≥−1 y, then xS c y
In the package of Library 1+ (eight samples) as the reference, with two additional libraries to Library 1, we have 8
rules as follows:
1) if xP1≥1 y, then xSy
2) if xP3≥1 y and xP5≥1 y, then xSy
3) if xP1≥0 y and xP2≥2 y and xP3≥1 y and xP4≥1 y, then xSy
4) if xP1≥1 y and xP5≤−1 y, then xSy
5) if xP1≤−1 y, then xS c y
6) if xP3≤−1 y and xP5≤−1 y, then xS c y

7) if xP1≤0 y and xP2≤−2 y and xP3≤−1 y and xP4≤−1 y, then
xS c y
8) if xP1≤−1 y and xP5≥1 y, then xS c y
The experiments also show that more rules applied, more
detail and more accurate rank will be produced. However, the
final rank of overall is not affected, hence it is concluded that
the rank produced is consistent. The rank of samples is as
follows:
• Based on four rules resulted from Library 1 we obtain
ranks as described in Table XI
• Based on eight rules derived from Library 1+, we obtain
ranks as described in Table XII
TABLE XI
T HE FINAL RANK BASED ON 4 RULES FROM L IBRARY 1
Rank
1
2 or 3
4

Library
java.security (2’)
java.nio (1’) and javax.swing (4’)
java.sql (3’)

Net Flow Score
6
0
-6

Further research could also focus on the application of
DRSA method to form a learning system by adjusting
population sample so that an optimal decision rule can be
derived specifically for object oriented applications. To ease
the use DRSA in defining quality ranks, a DRSA-based
quality rank definition tool needs to be developed. Range
of values for MOOD should be examined further for fixed
values of MOOD.
To ease the use of DRSA in defining ranks, the research
is better aimed to develop application tool software. At the
moment, there is no research defining fixed range of quality
for each metric in the MOOD. Therefore, further research
must examine the possibility of defining range of ideal values
of MOOD for classified quality. In addition, further research
must apply DRSA with categories using metric of MOOD2
that has more number of metrics to obtain a better decision
rule.
R EFERENCES

TABLE XII
T HE FINAL RANK BASED ON 8 RULES FROM L IBRARY 1+
Rank
1
2
3
4

Library
java.security (2’)
javax.swing (4’)
java.nio (1’)
java.sql (3’)

Net Flow Score
6
2
-2
-6

VI. C ONCLUSION
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[1] Abreu, Fernando Brito, Talk on Design Metrics for Object Oriented
Software Systems, INESC/ISEG Report, 1994.
[2] Sarker, Muktamyee, An Overview of Object Oriented Design Metrics,
Master Thesis, Dept. of Comp. Science, Umeȧ University, Sweden, 2005.
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Abstract— Service Oriented Architecture (SOA)
is a framework for integrating business processes
and supporting IT infrastructure as secure,
standardized components- services-that can be
reused and combined to address changing business
priorities. Services are the building blocks of SOA
and new applications can be constructed through
consuming these services and orchestrating
services within a business process. In SOA, services
map to the business functions that are identified
during business process analysis. Upon a successful
implementation of SOA, the enterprise gain benefit
by reducing development time, utilizing flexible
and responsive application structure, and following
dynamic connectivity of application logics between
business partners. This paper presents SOA
reference architecture blueprint as the building
blocks of SOA which is services, service
components and flows that together support
enterprise business processes and the business
goals.
Index Term— SOA, SOA reference architecture,
services.
I. INTRODUCTION

S

ervice-oriented architecture (SOA) is an
architectural styles that modularized information
system into services. With SOA, these important
programs become business services. With one single
business service for a given function that get used
everywhere in organization. When business policy
need to be changed, it can be changed in one place and
because the same service is used everywhere, the
consistency will be keep throughout the organization.
SOA enables businesses to make business decisions
supported by technology instead of making business
decisions determined by or constrained by technology.
With SOA, business gets to focus more on business
and less on technology; this is the reason why business
managers are going to like SOA.
Service-oriented architecture is all about building
standard interfaces to access different business

functions that are exposed by various core business
backend systems. These functions could essentially be
those that are frequently invoked by other business
systems within the enterprise ecosystem. [1]
SOA enables business managers and IT to talk in
business term that both sides understand. Without
SOA, the IT developers and business manager
typically use very different words to describe the
process of creating programs. Businesses keep
changing and requests for new programs keep coming.
What is new and different about business is the idea
that businesses do not have to keep reinventing wheel.
The idea behind a service oriented architecture is that
the idea that can organize programs for easy reuse, for
easy maintenance and support, for coherent, consistent
results across organization, and for easily sharing data
and resources.
Service oriented architecture is to create flexible
structure that will turn key IT software asset into
reusable services that can be use no matter how the
business changes. The aims of Service Oriented
Architecture are to develop an SOA blueprint that
provide reference architecture of integration to extend
the utilization of the functionality delivered by
application programs, to provides agility toward
changing business needs, to speed up delivery of
business application by leveraging reusable services,
and to create scalability, consistency and
maintainability of information technology systems
throughout the organization. Meanwhile, the benefits
that can be achieved with Service Oriented
Architecture are integration of IT systems across
siloed applications, increased flexibility and added
agility to business- aligned applications, achieve
operational excellence and assist business leader
decision making, and to minimize the effort and time
for development hence reduce cost.
The remainder of this paper is organized as follows:
Section2 present a
SOA
modeling
and
the
methodology for SOA modeling. Section 3 discusses
the SOA reference architecture and its component
layers. Section 4 illustrate the case study at PT. Total
Bangun Persada Tbk (TBP) and the design approach

blueprint for solving TBPs problems using SOA
reference architecture and Section 5 concludes the
paper.
II. SOA MODELING
SOA is about bridging the gap between business
and IT through a set of business aligned IT services
using a set of design principles, patterns and
techniques. Methodology discuss here is the key
needed for analysis and design required to build a
Service Oriented Architecture. The methodology
stresses the importance of addressing the techniques
required for identification, specification and
realization of services, the services flow and
composition, as well as the enterprise-scale
components needed to realize and ensure the quality of
services required of an SOA.
The methodology starts with modeling. A valid
SOA conceptual model is based on an architectural
style that defines an interaction model between three
primary parties:
 The service provider
The service provider publishes a service description
and provides the implementation for the service.
Service provider is the network addressable entity that
accepts and executes requests from consumers. The
service provider can be component, or other type of
software system that fulfills the service consumer s
requirements.
 A service consumer
A service consumer can use the Uniform Resource
Identifier (URI) for the service description directly, or
it can find the service description in a service registry
and bind then invoke the service. Service consumer
looks
for service to execute a required function. The
consumer can be an application, other service or other
type of software module that needs the service.
 Service registry
Service registry is a directory which can be
accessible through network and contain available
services. Its main function is to store and publish
service descriptions from providers and deliver these
descriptions to interested service consumers.
 The service broker
The service broker provides and maintains the
service registry.
Web services are one of aspect that is important as
part of SOA. It enables technology independence by
removing the technology dependency between the
provider and requestor platforms. Web services allows
links between systems to be resolved at run-time,
availability and functionality of a service to be
discovered at run-time rather than design time and
enables systems to call functions across the
Internet.[3]

Fig. 1. SOA Remote Service Strategy Pattern.

XML is the important base of Web service and use
it to communicate between applications. In other
words, XML is a universal language that unites and
used to communicate and exchange information.XML
describes the data in an application-independent
manner, and Web services use this technology to
enable the sharing of distributed process between
heterogeneous computing environments. [4]
III. SOA REFERENCE ARCHITECTURE
An SOA template consists of partially layered
architecture of composite services that align with
business processes. When developing an SOA, it is
necessary to combine a top-down business-driven
approach with a bottom-up approach leveraging legacy
investments. The service-oriented modeling approach
provides modeling, analysis, design techniques, and
activities to define the foundations of an SOA. It helps
by defining the elements in each of the SOA layers and
making critical architectural decisions at each level.
The lower layers (services, service components and
operational layer) are concerns for the provider, and
the upper ones (services, business processes, and
consumers) are concerns for the consumer. The
horizontal layers relate to overall functionality of SOA
solution. The vertical layers are to support various
concerns that happened across the functional layers.

Fig. 2. Layers of SOA Reference Architecture.

The SOA reference architecture covers all three
SOA component areas by providing approaches,

requirements and design patterns wherever possible.
SOA reference architecture establish the building
blocks of SOA which is services, service components
and flows that together support enterprise business
processes and the business goals.[2]

(ESB). For example, the logistic system need business
function from POCA to produce important information
needed for order and delivery from supplier. The
appliance of this layer is web services and XML.

3.1 Operational layer
This layer includes all custom or packaged
application assets in the applications portfolio running
in an IT operating environment, supporting business
activities. The assessment can help to reduce budget
for new initiative and development of new business
critical services. This layer consist a number of
existing software systems including existing package
applications and solutions such as ERP and CRM
packages, existing database, existing transaction
processing systems and legacy applications and
systems. Operational layer define all information
technology assets which is used by the enterprise to
perform its business process such as application
portfolio and infrastructure environment.
Universal Modeling Language (UML) is use to
define the scope of SOA. With UML, the architecture
for the area of enterprise business process is draw as
service oriented analysis and design for modeling,
analyzing, designing, and producing an SOA that
aligns with business analysis, processes, and goals.

3.4 Business process layer
This layer defined compositions and choreographies
of services exposed in services layer. At this layer,
service composition is used to combine certain
services from service layer thus it would have the
necessary flow to run a business process. If a process
need certain business function from several services
that is taken from some applications components then
service composition will design the service flow, thus
create an application that support use cases and
business processes.

3.2 Service components layer
This layer contains programs other than programs in
operational system layer to help performs the services.
The programs wrap the programs in operational layer
as a component to create services. A service
component may realize one or more services. The
service component provides an enforcement point for
service realization to ensure quality of service (QoS)
and compliance to service level agreements. A service
can be created based on multiple applications and may
separated from operational layer which in
implementation all crucial accesses and integration are
not being exposed to consumer.
3.3 Services layer
This layer consists all of the services define in SOA.
A service is considered to be an abstract specification
of business aligned IT function collections. This
specification provides users with sufficient detail to
invoke the business functions exposed by provider of
the service. Ideally, this activity can be done in
platform
independent
manner.
The
service
specification may also include a policy document,
SOA management descriptions, and attachment that
categorize or show service dependencies.
Services is business functions of service component
which prepared by provider to support consumers
business processes through Enterprise Service Bus

Fig. 3. Business Process Layer.

3.5 Consumer layer
The business process layer communicates with the
consumer layer also called the presentation layer to
communicate inputs and results from the various
people who use the system such as end users, decision
makers, system administrators through Web portals or
business-to-business (B2B) programs. This layer has
an ability to supply IT functions and the data needed
by consumer to fulfill the business process. This layer
also prepare interface to communicate between
applications. For example, search data using input and
search button need service based application. An
AJAX application that can send XML without have to
refresh the web browser can increase consumer layer
interaction.
3.6 Integration layer
Integration layer enables the integration of services
through the introduction of a reliable set of
capabilities, such as intelligent routing, protocol
mediation, and other transformation mechanisms,
often described as the Enterprise Service Bus (ESB).
Web Services Description Language (WSDL)
specifies a binding, which implies a location where the
service is provided. On the other hand, an ESB
provides a location independent mechanism for
integration.

Fig. 4. Logical View of ESB in Integration Layer.

3.7 Quality of service layer
The QoS layer provides the capabilities required to
monitor, manage, and maintain QoS such as security,
performance, and availability. This is a background
process through sense-and-respond mechanisms and
tools that monitor the health of SOA applications. At
this layer, all registered services would be monitored
from its performance, availability and security level to
create KPI which can monitor SOA performance. The
resulted KPI can create good QoS standard for SOA
development.
3.8 Information architecture and BI layer
This layer contains functions that concerned with
the transformation and management of data. At this
layer, architectural design of represented data through
SOA can be used to create Business Intelligent (BI)
through data marts and data warehouses. This layer is
applicable for industries that supply crucial services.
3.9 Governance layer
SOA governance is strategic planning for SOA
lifecycle. This layer manages all operational
procedures and information related to SOA itself.
Governance layer supply instruction and procedure for
decision making related to SOA and arrange all
aspects derived from SOA solution such as capacity,
performance, and security and monitoring. By using
SOA governance, application development will be
more effective by service reuse. The design strategy
for an SOA does not start from the bottom-up as is
often the case with a Web services-based approach.
Web services are a tactical implementation of SOA. A
number of important activities and decisions exist that
influence not just integration architecture but
enterprise and application architectures as well.
IV. THE SOA APPROACH
As an example of a case study, this paper consider
Indonesia s premier building contractor, PT. Total
Bangun Persada Tbk (TBP) and have built projects
ranging from small factories to high rise building and
mega projects all over Indonesia since 1969.
This company has several systems available for
business process support located in every project sites

and systems that running at the head office. The
system that control main business process is called
Project Operation and Control Application (POCA).
POCA is a web based ERP system which implemented
in every project sites and in every head office for
financial works, logistic supply, cash operations and
evaluation reports. The current version of POCA is 2.0
built on Microsoft .NET 3.5 platform serve by Internet
Information Service (IIS) and use by Microsoft SQL
Server 2008 for database management system. At
project sites, POCA is used for maintaining all the
transactions of estimations of project’s tender,
payments, logistic and purchasing, supply control, and
events related to the project. Every project sites has
different functioning modules which depend on
requirement of the project. With different modules
customization, POCA is responsible to manage tender
work flow from project start until project’s completion
at project sites.
Figure 5 shows the architecture of POCA s system
that running at the company. At project sites, POCA is
used for maintaining all the transactions of estimations
of project’s tender, payments, logistic and purchasing,
supply control, and events related to the project. At the
head office, POCA is used for the requirement of all
project evaluation happened in every project sites.
POCA at the head office has its own web server and
database with the same specifications as project sites.
The online traffic information is done from project site
to head office by sending update or new information
with upload function mechanism. The problem is the
synchronized database between head office and
project sites that create larger size of database in head
office rather than database in every project site and not
to mention data redundancy. The process of data
transformation from the main office to the project site
must go through repetitive and unnecessary processes
and all the important systems such as logistic system,
accounting system, cash operation system have
different platform and required Data Transformation
System (DTS) to store data in its own databases. The
work of transforming data needs some times to be
done and same mechanisms owned by other systems
thus make it difficult to produce real time reports.
A lot of boundaries in systems make it difficult for
IT development and business improvement. All of the
problems need solution that can integrate the systems
and provide services that can decrease the cost of
application programs development
and
reduce
redundancy of the systems for easy and cheaper
maintenance. SOA is the architecture that can provide
the architecture to solve the problems and boundaries
and to improve work efficiency for the next level of
business process opportunities.
Figure 6 shows the design approach using SOA
reference architecture to solve TBP current

applications issues and problems. The operational
layer in this case study include all custom

providers and initiate service invocations is provided.
The key nonfunctional requirements such as security,
latency, and quality of service between adjacent layers

Fig. 5. POCA Case Study Architecture.

applications, packaged applications, legacy systems,
transaction-processing systems, and the various
databases such as logistic system, project operation
and control application system, finance and cash
operation system, accounting system and other
systems. The components from each system then
defined in the service component layer. At this layer,
an implementation frontage that aggregates
functionality from multiple, possible disparate,
operational systems while hiding the integration and
access complexities from the service that is exposed to
the consumer is handled by the service component
layers. Each service in the service component layer
then extracted into services which is defined in the
service layer. The services are defined in such a way
that they are accessible to and can be invoked by
channels
and
consumers
independent
of
implementation and the transport protocol.
Next, the business process layer then represents the
services into processes as an orchestration or a
composition of loosely coupled services leveraging the
services represented in the services layer. The layer is
also responsible for the entire lifecycle management of
the processes along with their orchestration, and
choreography based on the business process at
this
case TBPs business process. Processes represented in
this layer are the connection medium between business
requirements and their manifestation as IT-level
solutions. The data and information flow between
steps within each process is also represented in this
layer.
The next layer is integration layer. At this layer the
capability for service consumers to locate service

Fig. 6. The SOA Reference Architecture Approach

in the reference architecture are implemented by the
architecture building blocks in this layer and defined
by Enterprise Service Bus (ESB). The ESB connect
various types of middleware, repositories of metadata
definitions, registries and interfaces of every kind.
Simple Object Access Protocol (SOAP) is a protocol
that uses the XML to describe the data and Hyper Text
Transfer Protocol (HTTP) to transmit application data.
The Web Service and the client application must agree
upon a common protocol to facilitate communication.
SOAP is a standard communication protocol for
interchanging information in a structured format in a
distributed environment. Messaging is an example of
information exchange between a client and a web
service. The calls made by a client application to a
web method and the data returned by a web method to
the client are the messages that are actually exchanged.
A SOAP packet is created when a web client makes a
call to the web method. This message contains the
name of the web method and the parameters that are
needed for making a call to the web method in XML
format. The Web method is invoked based on the
information available in the SOAP Packet. [6]
Universal Description, Discovery and Integration
(UDDI) are a platform independent framework
functioning like a directory that provides a mechanism
to locate and register web services on the internet. The
web service provider makes the web service available

to the consumer by describing the web service using a
WDSL document and then registering the Web service
in the UDDI Directory. The UDDI Directory contains
pointers to the Web service and the WDSL document
for the Web service. After this is done the Client
Applications can discover the Web service using the
UDDI Directory.
The UDDI specification calls for three elements as
given below:
 White Pages
These provide business contact information
 Yellow Pages
These organize Web services into categories like
usage billing service, authorization service

and so on.
 Green Pages
These Pages provide detailed technical
information about individual services.
Web Service Discovery Language (WSDL) is a
markup language that describes the web
service. In order to use this Web service, the
Client application developers need to know the
methods exposed by the Web service and the
parameters to be passed to these methods. It is
imperative that access to these methodologies is
available at development time and it is just this
need that WSDL addresses. [6]
The SOA solution needed by TBP is
designed until layer of integration because TBP
is a manufacturing company, all of the other
layers such as QoS, data integration, and
governance layer are mean to increase the SOA
performance for company that provide services as
business for customer and use SOA as the main
tool.
V. CONCLUSION
This paper addressed SOA reference architecture in
designing SOA blueprint for Indonesia s construction
company PT. Total Bangun Persada Tbk (TBP). The
Service oriented architecture is used to create flexible
structure that will turn key IT software asset into
reusable services that can be use no matter how the
business changes. SOA integrates IT systems across
siloed applications and increased flexibility and added
agility to business-aligned applications. SOA provides
a new blueprint to solve software reuse and enterprise
information system integration which publish business
functionality in the form of programming and
accessible software services, other application
program can use these services bypublished and
discoverable interfaces. In this blueprint, the layers
planned on TBPs until integration layer as the starting
architecture for implementing SOA. This planned
because TBP is not an organization that provide

services to customer, instead product of
manufacturing. The SOA solution will be used as
back-office services to increase internal business
processes. As SOA is getting mature, in the future the
QoS, data integration, and governance will be needed
to improve the SOA solutions.
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Abstract—Modeling is one of early processes of
developing an application or product. This stage is
performed to minimize errors in final product. One
of the most commonly uses object oriented
modeling methods is UML (Unified Modeling
Language). Under the UML, a system is viewed as
a collection of object that has attributes and
methods. SystemC is a C++ based hardware
designing language. It is a library that defines the
types of this hardware. In a simultaneous
hardware and software modeling, UML and
SystemC have equivalent capability. This paper
analyzes a transformation process from an objectoriented modeling under UML through its
implementation under SystemC. Result indicates
that the UML-SystemC transformation process is
viable due to their common natures as environment
that could simultaneously design hardware and
software. The software used in this research are
Rational Rose and System C.

results with it initial specifications [11].
Modeling abstraction
A model abstraction indicates the level of details
of a model. The higher the abstraction levels of a
model, the lower the corresponding detail level.
Under RTL level designing, the smallest design units
are” computational components, data signals, control
signals and clock signals.
Data, control and clock signals play important
roles in communication amongst computational
components. Under certain complexity, an accurate
signal detailed designing would be sufficient. The
advantage of this model is its high cycle and
clock level of accurate so that it implies more
precision results.

I. INTRODUCTION

A

N embedded system designing process is
started by product specifications, Hw/SW
separation. detailed HW/SW designing, integration
and testing as shown in Figure 1. Typically, there
are two metrics commonly used to determine the
consistency of the results, i.e., costs and speeds.
Both of the metrics are widely used in designing
processes. Other metric are measures, electricity
usage, flexibility, scalability and so on.
A product's specifications describe definitions of
designing based on its designer’s need. An HW/SW
separation process separates part of system that would
be implemented in form of HW and in form of SW.
Detailed HW/SW designing is performed in parallel.
Then integration and testing processes could be
performed.
A register level designing is performed through the
uses of hardware programming languages. The most
commonly used among them are Verilog, VHDL and
ESTEREL. Verification and testing processes are
performed to ascertain the conformity of the design’s

Fig. 1. Embedded system design flow

Detailed definitions of computational components
and all of the signals thereof as well as any interface
connecting them with the outside world could serve as
another advantage. On the other hand, it could be
serving as barrier to simulation speed. The design
complexity of an embedded system requires longer
time for simulation and testing.
Higher accuracy in definitions through signal level
will serve as a barrier, because it will more time
consuming. We could take the analogy when we see

something in a lower abstraction perspective, below
RTL, or gate abstraction. One of its examples is that a
gate level addition series would be written in detail.
Under RTL level designing, this addition would be
more simple, in that it requires one-line instruction:
z<=x+y;, without impairing its functionality. Similarly
in an RTL level modeling commonly vied as “still
low” level, so that we should improve the level. The
result of the improvement is something higher than
the RTL. Higher abstraction level means that the less
necessary parts of the programming would be ignored.
Signals, interfaces, clocks are parts of a design that
wouldn’t require too much attention in a high level
programming.
RTL (Register Transfer Level) and ESL (Electronic
System Level)
A designing abstraction is how we view the
designing objects. An embedded system designing
starts from the lowest designing, such as transistor
level, gate-flip-flop kevel, register level and electronic
level. Transistor and gate level designing have long
been abandoned for their excessive delay in their
verification process and their incompatibility with the
needs of designing speeds. With more than 5 billions a
chip IC compactness, gate based designing – flip- flop
is no longer sufficient, especially in term of processing
speed.
Improvement in designing abstraction level has
been implemented though the improvement of
designing abstraction level from gate level to Register
Transfer Level (RTL). It is actually a significant step
and some called it as a technological revolution [5] in
improving designer’s productivity. The designers are
no longer busy discussing something in gate level.
There is an assumption that gate level designing is
given and therefore should not be discussed anymore.
The designing processes will start by defining
components above the gate, i.e., register. There are
two most widely known RTL level designing language
and have been standardized by the IEEE: the Verilog
and VHDL. In fact, both of them are viewed as
hardware description language (HDL). Initi8ally, both
of them are devices used to store notations from
designing results, and not a programming language in
its general term.
The RTL abstraction level is tough as not sufficient
in solving the needs of embedded system development.
Some of the conditions that deserve consideration
here are:
 More compact IC technology requires ability to lay
down billions of transistors on a small chip.
 Applications are more complex and increasingly
more complex and integrated with communication,
control. Mobile system and spreads in every
direction.
 The functionality of hardware and software is more

flexible to be interchangeable All of the functions
could be hardwared and softwared. A designing
system is required to make a proper distinction
according to the requirements of the corresponding
software or hardware.
During the last two decades (early 1990s –
recently) ideas in improving abstraction levels of
designing process had began to be discussed publicly.
There should be an abstraction level above the RTL.
The early idea of above-RTL designing system
terminology is Electronic System Level (ESL).
II. UML AND SYSTEMC – OBJECT ORIENTED
MODELING
A. UML (Unified Modeling Language)
Unified Modeling Language (UML) is the
language used to specifies, visualizes, develops and
documents a software system. Under UML designing,
a system is defined as a collection of objects that have
attributes and methods. An attribute is a variable
embedded on an object, while a method is
functions performed by the objects. An object class
could be stand alone. To use an object class, then
the corresponding object should be initiated. UML
modeling stages include defining the use case for
needs analysis, followed by defining the model in
form of diagram that indicates the concepts or the
objects. An interaction diagram is notation that shows
collaborations among objects. The next stage is
defining class diagram.
There are 13 types of diagrams under the UML:
sequence diagram, state machine diagram, activity
diagram, package diagrams, use case diagrams, class
diagrams, timing diagram, communication diagram
(collaboration diagram), component diagram, object
diagrams, interaction overview diagrams, and
composite structure diagrams.
UML is an object oriented modeling method.
Before the UML, early object oriented modeling
methods are: Simula-67, Objective C, C++, Eiffel dan
CLOS. As the name implies, Unified, is a generic
modeling UML. Its generic nature will enable the
UML to be used on the varieties of modeled system
types.
On a higher level, perspective under UML
comprises three areas: structural classification,
dynamic behavior, and model management.
A structural classification describes an object in a
system and the relationships among objects thereof.
The discussions cover class, use case, components and
nodes.
Dynamic behavior describes system behaviors from
time to time, including state machine view, activity
view, and interaction view.
Model management described model organizing in

hierarchical way.
Static View
Static view concept is very important in UML. The
view is called as static in that it doesn’t describe
system behavior in term of time. The basic
components of static view are class and inter-class
relations, such as: associations, generalizations, and
any other type of inter-class dependency. Class is the
representation of concept from the domain of
application or application solutions. Static view is
represented in form of class diagram, focusing on
descriptions of classes.

Fig. 2. Class Diagram of Mahasiswa

For example: class name: Mahasiswa, attributes
NIM and the name of its attribute type is string, and its
operation/method is TambahMhs(NIM, Nama).
The capability of UML to accommodate object
oriented modeling has enabled it to be used in
hardware modeling. Initially, the UML is designed to
design software. As it’s modeling capabilities
increase, then the UML come to be useable in
hardware modeling.
B. SystemC
SystemC is C++ library that provides components
that could be used in designing transactions levels. It
has abilities in sequential programming as C++ in
general as well as concurrent programming. Its ability
to perform concurrent programming enhances the
SystemC to be used in modeling complex hardware as
well as software simultaneously. Compared to the
VHDL abd Verilog, SystemC has an advantage in that
it has structured programming that the other two don’t
have. To be more specific, SystemC has higher
flexibility as C++ language in general, so that the
specifications of hardware written in C language
shouldn’t necessary be converted into other forms
[13].
SystemC Library is used to support system level
modeling. SystemC support varieties of abstraction
levels and could be used in fast and efficient
designing and verification.
SystemC Library is
provided by Open SystemC Initiative (OSCI), a
publicly held non-profit organization, supported by a
number of companies, universities and individuals
interested in developing higher abstraction modeling.
It is available at www.systemc.org free of charge.

Fig. 3. SystemC Architecture [1]

SystemC definitions are higher than C++ language.
SystemC comprises several core languages and data
types. All of them are developed above the C++
language.
The
core
languages
comprise
Module/Process, Port/Interface, Event, Channel and
Event-driven simulation kernel. The defined data types
comprise 4-valued logic types (01XZ), bit/logic
vector, arbitrary precision integer, fixed point and
other types that are defined directly by the users, based
on C++ language.
The upper layer comprises elementary channel such
as Signal, timer, mutex, semaphore and FIFO that
provide communication mechanism among object
concurrently.
A module is a C++ class that covers hardware or
software objects. Under SystemC, Module is defined
as sc_module class. It is equivalent to
entity/architecture under Verilog or VHDL, that
represent a basic block of components. A module
communicates with another modules through ports and
channels. To implement these components behaviors,
then there are concurrent processes within a module.
A port is an object within a module, and serves the
function to connect the module with its external world.
Ports that have bee defined under SystemC are
sc_in<>, sc_out<>, sc_inout<>, sc_fifo_in<>,
sc_fifo_out<> etc.
There are two types of processes: SC_METHOD
and SC_THREAD. Both of them are similar except
that their respective timing. SC_METHOD could not
be stopped temporarily once it has been executed,
while SC_THREAD could.
Channel is SystemC’s communication medium. It is
more general than signal. Some of channels under
SystemC are sc_signal, sc_fifo, sc_semaphore etc.
Their composition prinsiples are similar to hierarchical
designing. Under complex system, compositions are
really needed.
III. DEVELOPING THE RULE OF UML-SYSTEMC
TRANSFORMATION
The rules that have been developed to transform
UML modeling into SystemC modeling are as follows:
1. For each of class within the UML a module under
SystemC (SC_MODULE) should be created.
2. For each of class attributes within the UML port
under SystemC (SC_IN, SC_OUT, SC_INOUT)

should be created.

Fig. 5. Example Class Monitor
Fig. 4. SystemC compilation process [1]

3. For each of name of class attributes within the
UML, a port name under
SystemC, should be
created.
4. For each type of class attributes within the UML,
data type under SystemC, should be created.
5. For each method within UML method under
SystemC (SC_METHOD) should be created.
6. Untuk setiap class sc_channel dalam UML dibuat
channel dalam SystemC (SC_CHANNEL)
7. For every virtual class within the UML an interface
under SystemC should be created.
In addition to the above-mentioned rules, there are
functional rules of SystemC that supplement the
programming environment under SystemC, with the
following rules:
1. To include systemc.h as on of the initial definition
files: include
#include "systemc.h"
2. The existence of a main process under SystemC that
cover the entire system, i.e., the sc_main module.
int sc_main(int argc, char ** argv)
3. module initiation in main program
Tipemodul nama_modul("teks modul");
4. To include command to run simulations.
Start ();
return 0;
IV. THE TESTING OF TRANSFORMATION RULES
In the following sections we will describe simple
programming under UML that would be transformed
into SystemC. A class under UML bearing “monitor”
name that have A, B, C, Clk attributes:
Transformation into SystemC :
Under rule 1 → Monitor is transformed into one
module under SystemC.
SC_MODULE(monitor)
{
SC_CTOR(monitor) // konstruktor
{}
}

Under Rules 2, 3 and 4 → A, B, and C attributes
become one port under SystemC with bit in type:
sc_in<sc_bit> A, B, C;
Under Rule 5 → Prc_Monitor method is converted
into one sc_method under SystemC :
SC_METHOD(Prc_monitor)
The overall transformation results from Monitor
class within the UML are as follows:
SC_MODULE(monitor)
{
sc_in<sc_bit> A, B;
sc_in<sc_bit> C;
void prc_monitor()
{}
SC_CTOR(monitor)
{ SC_METHOD(prc_monitor);
sensitive << A<<B <<C;
}
};
Under additional rules, several program lines to run
SystemC are added:
#include "systemc.h"
int sc_main(int argc, char ** argv)
monitor M("monitor");
sc_start();
return 0;
So that the final result of transformation from UML
into SystemC is as follows:
#include "systemc.h" SC_MODULE(monitor)
{
sc_in<sc_bit> A, B;
sc_in<sc_bit> C;
void prc_monitor()
{
}
SC_CTOR(monitor)
{
SC_METHOD(prc_monitor);
sensitive << A<<B <<C;
}
};

[9] Mooney III, Vincent John. “Hardware/Software co-design of

int sc_main(int argc, char ** argv)
{
monitor M("monitor");
sc_start();
return 0;
}
After compilation process using IDE Evan that
accommodates SystemC 1.0. library, then the
following results have been obtained:

run-time systems”. Dissertation at Stanford University. 1998.

[10] Chatha, Karamvir Sigh. “System-Level Cosynthesis of

[11]
[12]
[13]
[14]
[15]
[16]

Fig. 6. The result of compilation on Evan IDE

The above compilation results indicate that
transformation process of class from UML into
SystemC is successful.
V. CONCLUSION
The results show that transformation from UML
into SystemC would be viable through transformation
rules. Automating transformation process from UML
to SystemC will make embedded system processing
faster.
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Abstract - Developing software with global team
is increasing rapidly and the programming
language as development tool takes the important
role in the global development. However, available
modern programming languages are only in
English which make difficulties for global
programmers whom native language is not in
English.
In this paper, we design the BAIK programming
language which syntax is modeled with Indonesian
language for Internet based software.
I. INTRODUCTION
The web global software development with
involving developers from many countries faces the
language barrier not only in spoken communication
between members, but also in programming code
level. The programmers should not only think about
the program algorithm but also should write and
understand the English based programming languages.
As many operating systems are localized into local
languages, it is natural to have an idea of programming
language that can be written in different local
languages that produce the same algorithm logic. In
this paper, we describe basic design of scripting
language which parsing uses Indonesian lexical parser.
The main concept of this scripting language is easy to
use for everyone and to provide infrastructure for
Indonesian web developers.
We call our scripting language as BAIK (Bahasa
Anak Indonesia untuk Komputer), which means
language for computer by Indonesian kid with lexical
syntax is written in Indonesian. This scripting
language covers not only basic components of
programming language such as basic arithmetic
operation, logical condition, array and text file
handling, but also supports simple object oriented
programming, database access and web interaction via
CGI(Common Gateway Interface). This scripting
language was developed using GNU C language [5][6]

in Windows and Unix/Linux environment.
The design of BAIK language can be divided into
three parts: The first is Indonesian Parsing Engine
(IPE), which read the source code from text file and
determine the language word in Indonesian. Since
Indonesian syntax uses alphabetic character, the
standard C language functions are used to recognize
Indonesian words. The second is Memory Allocation
of Variables (MAV). To put the value of variable,
memory allocation using Binary Search Tree model
[3] [7] is used as data structure. List structure of
memory allocation is used to store the array of string
and an object. The last is Language Function (LF),
which provides the capability to process specific
functions such as mathematical Sin and Cos functions.
LF depends on the standard C library or other extern C
library that can be adopted into BAIK language.
II. BASIC DESIGN OF BAIK LANGUAGE
The first target in design of BAIK language is to
provide console based real scripting language for web
development in Unix/Linux and Windows. The
implementation emphasizes on using Indonesian word
as language word in processing all of specific
functions. The Graphic User Interface (GUI) for
desktop application development is out of our
implementation at this time. In order to help web
development, in BAIK language there are some
functions to simplify writing HTML tags.
A. Design of Code Execution Flow
The basic behavior of executing code in BAIK is
as follow :

Fig. 1. Code Execution Flow

As shown in Fig. 1, the interpreter starts by
reading source code from text file. BAIK reads the
entire source code into a variable *source with
calloc memory allocation function. This memory
allocation is assumed to be enough to store as big as
file size of source code. In parsing [1] [2] [4] lexical
word inside source code by IPE, the current
parsing position and the last position are memorized
in data type called S_ADDR and noticed by struct in
standard C language as follow:
typedef struct
{
int pt;
/* current position of
parsing*/ int back_pt; /* last
position of parsing */ char *source;
/* source code */
} S_ADDR;

(defined by 0x22) at first character, we return a string
value. If we found null character (defined by ‘\0’), we
return End Of File (EOF) type of parsing result to
terminate program execution. In the other case, we
return a symbol.
The getlex parsing function is shown as follow:
int getlex( void )
{
char c;
int i, j , k;
if( lex.type == _EOF)
return FALSE;
pg.back_pt =
pg.pt;
c= GetChar(); /* get a char from parsed word */
memset( &lex, 0, sizeof(LEX_T) );
if( isdigit( c ) ) { /* check a word is a digit */
i = checkFloat();
/* check a word is a decimal
*/
if(i == 1){
return( lex_double() ); /* return decimal value
*/
} else {
return( lex_const() ); /* return integer value
*/
}
}

The data type for BAIK variable recognized while
parsing is stored into data type called LEX_T as
follow:
typedef struct
{
/* type of lexical parse */
int type;

if( isalpha( c ) || c == '_' ) { /* check a word is
alphabet */
i = checkArray();
/* check if name of array
*/
if(i == 1){
return( lex_array() ); /* return array name */
} else {
j = checkObject();
/* check if name of object
*/
if(j == 1){
k = checkObjectFunc(); /* check if name
of object function
*/
if(k == 1){
return( lex_object_func() );
/* retun
object
function name
*/
} else {
return( lex_object() );
/* retun object name
*/
}
} else {
return( lex_ident() ); /* return variable name
*/
}
}
}
if( c == 0x22 )
return( lex_string() ); /* return string value */

union{
int num;
double dblnum;
char ident[MAX_IDENT_LEN];
char string[MAX_STRING_LEN];
char symbol;
char array_str[MAX_STRING_LEN];
char array_name[MAX_STRING_LEN];
char array_idx[MAX_STRING_LEN];
char object_str[MAX_STRING_LEN];
char object_name[MAX_STRING_LEN];
}detail;
} LEX_T;

If the parsing result is substitution, the value and
additional information of BAIK variable is stored
into data type called VAL_LABEL by MAV. If the
parsing result is the name of variable itself (ident),
MAV will read the value from memory.
In case the parsing result is a function, LE will
call procedure that contains specific functions.
BAIK language will release all memory allocation
when program ended. BAIK language also has
HAPUS keyword to remove the value of variable by
setting NULL and releasing memory allocation.
B. Parsing Lexical Word by IPE
Parsing Indonesian lexical word in BAIK language
uses getlex function. Parsing a word or symbol is
started by GetChar function to find a character of word
or symbol as a digit or an alphabet with no space
character inside source code. If the result of character
is a digit, we check if this word is a decimal or integer
and then return the appropriate value. If the result of
character is an alphabet, there are four possibilities:
array names, object name, object function name or
variable name. If we found double-quote symbol

if( c == '\0' ){
lex.type = _EOF;
/* return End Of File */
return FALSE;
}
lex.type = TYPE_SYM;
lex.detail.symbol = c; /* return a symbol */
pg.pt++;
pos_source++;
/* go to next char of source
*/
return FALSE;
}

C. Design of Variable Handling
A variable in BAIK is a collection of different type
of data type, called VAL_LABEL and noticed by struct
in standard C language. When parsing a word of a
variable, the real type is determined based on the
parsing result of a word, which can be integer numeric,
floating numeric, string, array or object. The real type

is also memorized into VAL_LABEL. By this approach,
the users do not need to define the type of variable. In
other word, variable in BAIK language has automatic
data type in design. BAIK design uses only one Binary
Search Tree to allocate all variables except an object.
Hence, all variables have global scope that can be
referred from entire execution flow.
VAL_LABEL structure is shown in Fig. 2:

ValLabel searches a data from binary searching tree
*node.
By VAL_FLAG_END, all data in *node will
be erased.
ValLabel function is defined as follow:
struct val_label_data ValLabel
( char *ident, struct val_label_data valdat, int
flag )
{
static VAL_LABEL *root = NULL;
struct val_label_data tmpdat;
if( flag == VAL_FLAG_START ){
root = MakeValLabelTree( ident, valdat );
if( root == NULL )
return TRUE;
else
return FALSE;

Fig. 2. Binary Search Tree Structure of Variable

}
if( flag == VAL_FLAG_SEARCH_W ||
flag == VAL_FLAG_SEARCH_R ){

Implementation of VAL_LABEL in C language
using pointer *left and *right is shown as follow:

VAL_LABEL

*node

=

SearchValLabelTree(root,ident

);
typedef struct _val_label
{
struct _val_label *left; /* left pointer of tree
struct
*/
struct _val_label *right;
/* right pointer of
tree struct */
char
ident[MAX_IDENT_LEN]; /* var or lbl name
*/
int
datatype;
/* type of variable
*/
.......
} VAL_LABEL;

The type of variable is saved in datatype
parameter. The main types of parameter are listed as
follow:
Type
0
1
2
3
4
5
6
7
8
9
30
31
32
33

Kind of variable
Integer
Double/decimal
File
String
Sockect of TCP connection
Socket of UDP connection
Array of integer
Array of double/decimal
Array of string
Function
Object definition
Object Instance
Function of Object
Array of Object

D. Tree Structure of MAV
The main design of variable handling in BAIK
language is Binary Search Tree structure of MAV. This
tree structure uses static variable *root to build binary
tree which point to node that produced by operation of
ValLabel function.
If value of flag is VAL_FLAG_START, VAlLabel
creates new binary searching tree *node. All
components of VAL_LABEL are initialized and
sufficient memory is allocated. When flag is
VAL_FLAG_SEARCH_W, a data as a new node is
added into binary searching tree *node. When
VAL_FLAG_SEARCH_R is given into flag,

if( node != NULL ){
if( flag == VAL_FLAG_SEARCH_W )
node->data = valdat.val;
....
tmpdat.val = node->data;
....
return tmpdat;
}else{
if( flag == VAL_FLAG_SEARCH_W ){
if( MakeAddValLabelTree( root, ident, valdat )
)
Error("MakeAddValLabelTree");
}
return valdat;
}
}
if( flag == VAL_FLAG_END ){ DeleteValLabelTree(
root ); return FALSE;
}
return TRUE;
}

III. FEATURES OF BAIK LANGUAGE
BAIK language is in single thread execution. To
execute BAIK language as a console program, we
simply to write baik with text file source code file as a
parameter. The illustration to execute test01.ina source
code in Unix/ Linux environment is as follow:
% baik test01.ina <return>
Storing a value into a variable is gained by using
equal (=) symbol for any data type as following
examples:
Number = 10
Tax = 6.5
Address = “Indramayu – West Java - Indonesia”
To print the value of a variable to standard output,
we use keyword TULIS as follow:
TULIS variable1, variable2, variable3,
To delete a value of a variable, we use keyword

HAPUS as follow:
HAPUS variable
In BAIK language, program code is written per line
without line number. Writing among keywords or
between keyword and variable is separated by space
character. A line with first character is sharp ‘#’ will be
interpreted as comment line.

To jump outside from WHILE loop operation even
the condition is still true, we use phrase
KELUARSELAGI.

A. Basic Arithmetic and Logical Operation
BAIK language supports basic arithmetic operation
as follow:

* FOR condition
To make logical iteration with start and stop
condition values, we use keywords UNTUK, ULANG
and LAGI. Those will interpret loop operation: FOR,
REPEAT, ENDFOR.

To jump outside from FOR loop operation even the
condition is still true, we use phrase KELUARUNTUK.

* SWITCH condition
We use phrases PILIH, SAMA and AKHIRPILIH to
interpret election in choice. In this choice condition,
logical flow will execute code when variable is the
same with the given value as option. Those keywords
will realize SWITCH, CASE, ENDCASE statement.

BAIK language supports basic logical operations
such as IF condition, WHILE condition, FOR
condition, and SWITCH condition as follow:
* IF condition
To make logical choosing if condition is valid, we
use keywords KALAU and MAKA. When condition is
not satisfied, we use keyword LAINNYA to refer
ELSE condition. We close this IF condition by using
keyword AKHIRKALAU. Those all will realize IF,
THAN, ELSE and ENDIF statement.

* WHILE condition
We use phrases SELAGI, LAKUKAN and
BALIKLAGI tointerpret loop operation: WHILE,
DO, ENDWHILE.

B. Array
Implementation of array in BAIK language is using
basic one dimension array so we called UNTAIAN.
We need to determine the size of array in definition by
using bracket symbol ‘[’ and ‘]’. To get the value of
array size, we use keyword PANJANG.
Here is the illustration of using array in BAIK
language:
untaian p[5]
p[0] = 1.5
p[1] = 3.0
p[2] = 4.5
L = panjang p
C. Function
Function or Sub Procedure is defined using
keyword FUNGSI. The return value of function is

given by keyword BALIK. To call a function, we need
to put symbol ampersand ‘&’ before the function
name. The usage pattern of function is described as
follow:

D. Simple Object Oriented Programming
For flexible data handling by using reuse pattern of
source code and perform modern programming style,
BAIK language has basic capability of object oriented
programming. The basic object definition, instance,
cloning, and removing have been adopted.
An Object is composed by any parameters and one
or many functions. An Object can be defined by
keyword DEFINISIBENDA and at least has one
function which name is the same with object name. To
write function inside object definition, we use
FUNGSI keyword.

There is a concept of variable scope in object
definition. By default, a variable in object will have
global scope. However, we can determine variables
with local scope that means valid only inside
corresponded object by using keyword LOKAL.
E. Interface for Web Programming
BAIK language was designed to provide language
for Internet based software development. BAIK uses
the Common Gateway Interface (CGI)[11] which is a
standard interface for writing programs for data
interacting between web server side program and a
client running a web browser. The interface of BAIK
for passing the data through CGI is as follows:
1) Input Interface
We use POST method of CGI to receive data
inputted from HTML page by stating POST_CGI
keyword at the first line of program. BAIK
language is still be able to use GET method of
CGI by reading environment parameter of
Operating System.
2) Output Interface
- Simply to write to standard output
The TULIS keyword is used to print HTML tags
message directly into standard output.
- Keywords for simplifying writing HTML tags
We create a collection keywords KERTASWEB_
xxx to simplify writing HTML tags with basic
menu layout.
- Keywords for simplifying drawing directly
onto HTML page
Collection keywords KANVASWEB_xxx are
created to simplify using JavaScript Vector
Graphics Library jsGraphics[8] to draw simple
shapes on HTML page.
IV. CONCLUSION AND FUTURE WORK

In main program, we use keyword BENDA for
defining an object parameter. To make instance of an
object, keyword BENDABARU is used. To remove an
object, we use keyword HAPUS.
To call a variable or a function of object from
main program, we use referring format as follows:
mainparam->objparam
mainparam->funcname
where,
mainparam is object variable name in main program
objparam is variable name inside object definition
funcname is function name inside object definition

In this paper we introduce the basic design of BAIK,
a scripting language which syntax is in Indonesian. The
basic parsing method, parameter handling and
language construction are explained. The main
performance of this design depends on variable
handling using Binary Search Tree which has average
complexity O (log n) [7].
BAIK scripting language is still far from modern
programming language.
However,
a
strong
fundamental for
developing
software
using
programming language with Indonesian syntax has
been established. Currently, implementation of BAIK
language is adequate enough for mathematical
computation and data presenting or manipulation in
web application.
For future work, we will first focus on adding
language base, especially for multi thread execution,
polymorphism and inheritance for object oriented

programming. The second step is providing modular
design of calling extern library function, so it is easy to
add new function capability into BAIK language
without changing the core design.
Improving LF by adopting extern open source
libraries is a must. Currently, BAIK language supports
basic TCP/IP network programming, database
connection using Mysql[9] library and creating picture
file in PNG and JPG format using GD graphic
library[10]. In near future, we plan to add functions of
simple network management protocol, secure socket
layer and other databases supports.
Lastly, supporting GUI for desktop application
development is the next step of BAIK implementation.
Choosing GUI library that supports multi platform and
how to be adopted in BAIK language will be the main
issue.
The source code, executable program and document
in Indonesian of BAIK language introduced in this
paper are available on the following web site:
http://sourceforge.net/projects/baik/
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Abstract—In
Requirement
Engineering
disciplined, Use Cases and its specifications have
widely accepted as the representation of functional
requirement aspect. Reusability of a use case or
clustered use cases to a similar problem domain is
hard to achieve, resulting to reinvent the similar
model and specification. The existence of
requirement patterns aims not only to increase the
reusability in the solution space but also to leverage
the requirement specification quality. In this paper,
we are proposing a variant of software
requirement specification (SRS) patterns template.
It is featuring business process model in Activity
Diagram which representing bounded common
problem domain; and use case model as
requirement specification on solution space.
Consequences of applying the use case model as a
pattern, is represented as one unity to the pattern
itself.
I. INTRODUCTION

N

OWADAYS,

the complexities of information
systems increase dramatically due to high user
functionality expectation, management system
improvement in many organization, and technology
development trend. This situation give a high
challenge to software engineering guru on coping such
advantage opportunity. Addressing this opportunity
should start from the beginning cycle of software
development, which is requirement engineering.
Requirement Engineering (RE) method such as
Requirement Management with Use Case (RMUC)
[15, 22] has been widely accepted by requirement
engineers. The applications of this method produce a
wide variety of Software Requirement Specification
(SRS) in any Information System problem domain.
Repeated SRS development to a single similar
applications have a potential serious problems,
includes repeating previous error action and / or
reinventing correct specifications. Reusing correct and
proven specification, while avoiding incorrect
previous one, is a great research opportunity in the
area of RE. SRS Patterns research, as part of software
patterns universe, has inspiring the author to explore

more detailed on how on construct such pattern.
Look back to 1977 where a visionaries building
architect, Christopher Alexander, in the first time
introduce the concept of software patterns [1, 24]. This
concept was bringing over from building architect
world to software engineering discipline. It takes some
years, until the year of 1994 Gamma, Helm, Johnson,
Vlissides, (“Gang Of Four (GoF)”) be able to realized
Alexander software patterns concept to ObjectOriented Design, coined as Design Patterns [17, 24].
Some years after, like a salmon jump, analysis and
requirement patterns were developed and become
serious research activities.
Learning from previous research, the author found
that the first thing that has to be invented is the
template for representing the SRS Patterns itself.
Design patterns representation based on canonical
model principles which is consist of 13 attributes,
from Pattern Name and Classification up to Related
Patterns. Totally 23 design patterns was suggested by
GoF, to answer the overall design problem and
obstacles [17].
II. RELATED WORK
Based on the three dimension of the software
universe, as seen on figure 1, we are able to group the
universe into two major categories, Real-time (RT)
Systems Software and Information System (IS)
Software. Typically, Real-time Systems Software will
more focus on modeling the process and control
dimension, whereas Information Systems software
development give more focus to model the process and
data dimension.
Based on the success of GoF on design patterns,
Martin Fowler put attention to IS Software universe by
proposing software patterns for Object Oriented
Analysis, named as Analysis Patterns [14]. The pattern
representation does not represented as canonical
model. Some attributes are applied, but not strictly
imposed like design patterns. These patterns are
represented in more narrative form compare to design
patterns.

Fig. 1. Software Classification

Another initiative on object oriented analysis
patterns come from Eduardo B. Fernandez, coined as
Semantic Analysis Patterns (SAP) [11], in which its
Meta
specification
follows
the
canonical
representation of Pattern Oriented Software
Architecture (POSA). Furthermore, based on SAP
representation, some patterns have been developed
[12, 13] i.e. Course Management [12]. For the benefit
of developer, SAP gives fundamental idea in regard to
the information system to be built, in such away so that
easier for system analyst to understand the best
practice model of such systems.
Referring to figure 2, Betty H.C. Cheng works, have
been successfully to develop RE Patterns and Analysis
Patterns for RT system [20, 21]. Meta specifications of
both patterns are based on canonical representation
model. The canonical attributes was derived based to
the work of GoF. Furthermore, from its analysis
patterns, there is an attribute in which explain the GoF
Design patterns that suitable to analysis patterns [21].
This situation leave an open problem for RE Patterns
for IS Software. Up to the rest of this paper, the author
will present the contribution to this open problem, by
inventing the SRS Patterns.

accurately. Based on common understanding that a
pattern is a solution to a repeated problem within
bounded context, the patterns users have to understand
that there are conditions in which those patterns do not
apply. The solution given by a candidate pattern has to
be verified that it is a repeated solution to a repeated
problem. In order to meet this objective, we have to
validate to at least three real cases. This approach is
known as ”the rule of three” [1, 24].
Based on Christopher Alexander concept, a pattern
has to be express by three interdependent tuples, as
seen in figure 3 [1, 24]. Referring to figure 3, Context
tuple explains repeated situation or condition in which
being concerned of pattern. Solution tuple express
given solution in term of means or rules as the answer
to Problem tuple within context tuple, in order to
fulfill set of forces.
Context

Problem

Forces

Solution
Fig. 3. Interdependent of three tuples patterns construction

Each of SRS patterns have to be constructed by ten
Meta specification attributes, as explain briefly as a
template, as seen on Table 1. Those ten attributes
follows the interdependent of three tuples patterns
construction. The main objective why the UML
diagram adopted on SRS patterns is to reduce the
ambiguous of narrative description. There are four
UML diagrams impose on this meta-specification,
includes Activity Diagram, Use Case Diagram, Class
Diagram, and Sequence Diagram. The rest of those
three diagrams serve as basis for given pattern
solution. This implies that UML diagram adapted to
Problem and Context tuples.
TABLE 1: SRS PATTERNS TEMPLATE VER 1.0

No

Fig. 2. Software Patterns Classification, RE and Analysis Phase

III. META-SPECIFICATION OF SRS PATTERNS
A good pattern has to be able to explain why, when,
and how one will be able to utilize the patterns

1

Meta
Specification
Attributtes

Name

Description of each
attribute instance

Given patterns name
should be as clear as
possible, contextual
based, in such a way
so that it has an

Basic
Expres
sion of
each
attrib
ute
instan
ce
Narrat
ive,
word
or
phrase

2

Intent

3

Motivation

4

Forces

5

Context

6

Solution

Structure

Behavior

Participants

embedded meaning.
A brief description on
the pattern usage. It
is a further
explanation to the
given name.

A thorough
explanation to
problem in which will
be address by the
pattern. To reduce
the ambiguity, the
explained problem
should be based on
the underlying
business process
model.

A set of forces
express condition of
urgency of the
pattern, and /or
raised problem have
to be solved, and or
the advantages by
solving the problem.
Repeatable situation
and/or condition
being concerned by
pattern. Narrative
describe scenario of
condition / situation
followed by
examples.
Pattern solution
express as model and
its specification,
followed by model
for Object Oriented
Analysis and Design
(OOAD). The solution
form four subattributes
Basically it is use case
model followed by a
list of Use Cases and
its individual brief
description.
Specification of each
use case in term of
basic & alternate
flow, pre & post
conditions, extension
point
Presenting structure
among class of

Narrat
ive, in
one
paragr
aph
senten
ces
UML
Activit
y
Diagra
m, as
means
to
model
the
busine
ss
proces
s
Narrat
ive, in
some
paragr
aph
senten
ces

Collaboration

7

Consequences

8

Known Uses

9

Related
Requirement
Pattern

10

Also Known As

Narrat
ive, in
some
paragr
aph
senten
ces
Narrat
ive, in
some
paragr
aph
senten
ces

UML
Use
Case
Diagra
m
Use
Case
Specifi
cation

UML
Class

objects in term of
UML Class Diagram
follow by
explanation, in which
participating objects
will construct the use
case realization.
Presenting objects
collaboration among
objects, in UML
Sequence Diagram, in
order to construct
the use case
realization
Explain constraint,
exception, trade-off,
on applying a this
pattern

The possibility of
applying this pattern,
express by giving a
situation in which this
pattern might be
applied. It is also able
by giving existing
Information system
software as
examples, in which
the solution in this
pattern exists. The
aim of this attribute is
to serve as validation
of solution, given in
this pattern
Other SRS patterns
that might have
corresponding to this
pattern

Other possible name,
in which similar aim
to this pattern

Diagra
m

UML
Seque
nce
Diagra
m

Narrat
ive, in
some
paragr
aph
senten
ces
Narrat
ive, in
some
paragr
aph
senten
ces

Narrat
ive, in
brief
itemiz
ed
senten
ces
Narrat
ive,
word
or
phrase

Completeness Analysis to Meta specification
attributes, as seen on figure 4, results there is no Non
Critical Attribute - Non-essential Attribute. This
means that all attributes are relevance SRS patterns
construction template. There are six attributes that are
Critical and Essential, includes Name, Intent,
Motivation, Forces, Context, Solution. Attributes fall
into this category are not allowed to be empty
instances, because if one among those six is empty,
and than the construction does not fulfill the concept

of three tuples (Figure 3). Two more attributes,
Consequences and Known Uses, are Critical but NonEssential. Those are allow to be no instances but if this
condition arise than critical to the patterns users,
because they will the trade of applying the pattern
solution. Finally, there are two more Non-Critical but
Essential which is Related Requirement Patterns, Also
Known As. Instances on this category serve as a link
list to other patterns within same catalogue and/or
others.

[7]

[8]
[9]
[10]

[11]

[12]

[13]

[14]
[15]
[16]
Fig. 4. Completeness Analysis

[17]

IV. CONCLUSION

[18]

A single SRS Pattern represented in canonical Meta
specification in which consist of 10 attributes. Among
them, 6 (six) attributes are Critical and Essential; 2
(two) attributes are Critical but Non-Essential; and 2
(two) more attributes are Non-Critical but Essential.
Version 1.0 of SRS Patterns template exploit four
UML diagram to express Motivation and Solution
Meta specification attributes.

[19]
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Abstract– This paper is aimed to propose the
design of Risk- Oriented Security Ontology. Most
existing security ontologies do not include the risk
attributes, where the risk value is determined by
process of security risk management. The riskoriented attribute of the proposed ontology is
achieved by integrating IT Asset and Business
Services and correlating security goals and
business service goal.
I. INTRODUCTION

T

ODAY, IT Risk Management is getting more
important, especially in the industry that needs a
regulatory compliance related to risk management,
such as Sarbanes Oxley II and Basel II. [1] In
general, we can classify the portfolio of IT Risk in
project risk, IT Continuity risk, Information Asset risk,
vendor & third party risk, application risk,
infrastructure risk and strategic risk. [2]
As the main aspect of IT Risk Management, the
discussion of IT Security in the domain of Risk
Management involves many professional backgrounds
and needs one terminology that can unite the
perception of all parties. We need the ontology to
clarify the meaning and interdependency between
security terminologies. [4]
The term ontology can has many definitions; in this
paper we use the definition below:
the attempt to formulate an exhaustive and
rigorous conceptual schema within a given
domain, a typically hierarchical data structure
containing all the relevant entities and their
relationships and rules (theorems, regulations)
within that domain.
In general, an ontology can be derived from a
taxonomy of entity or process. As an example, we can
use Landwehr Taxonomy to generate the baseline of
security ontology [5] Some security standards such as
ISO 27001, AS/NZ 4360 and CCTA Risk Analysis
and Management Method (CRAMM) also can be
used as a baseline to generate security ontology.
Security ontology is the potential solution for the
current problems of IT risk management. First,
security terminology is vaguely defined; this leads to

confusion among experts as well as the people who
should be counseled and served. [4]
Ontologies can be a potential solution because it
allows the definition of terms and relationship to each
other.
Second, decisions are often made by managers who
do not understand the depth and complexity of the
underlying ITinfrastructure and therefore base their
decisions more on intuition than on a thorough
cost/benefit analysis. IT-security personnel are often
not involved in the decision making process, and if
they are, they have a hard time explaining the complex
situation to the decision makers in a proper way. [4]
Third, today most companies choose to adapt
existing standards than a thorough security threat
analysis. That‟s more practical, though security
managers still face the difficulties when they must
take a decision based on the several scenarios within
the chosen framework. [6]
Fourth, it take an extensive time to conduct one
time cycle of IT security management from the asset
identification to risk mitigation. It will be happen
because most activities will be based on the manual
registration and calculations.
II. EXISTING SECURITY ONTOLOGY
The research on security ontology is not new. As a
base of security ontology research there several
previous research on security-related taxonomies.
Avizienis have created the dependability and security
taxonomy [5], based on the Landwehr computer
security flaws taxonomy. Tsipenyuk also have created
a taxonomy of software errors [7]. Bazaz also
developed security vulnerabilities taxonomy, covers the
vulnerabilities on main memory, input/output and
cryptographic resources [8] [9]. Bruning have
created taxonomy of fault for SOA [10].
For security ontology, Ekelhart and Fenz have
created
ontology
based
on
the
IT
Grundschutzhandbuch, landwehr and avizienis [6] [11].
Ekelhart and Fenz‟s ontology is aimed to provide the
knowledge that enable the security managers develop
the scenarios for their security management cases.
Therefore Ekelhart and Fenz have adopted IT
Grundschutz as a base knowledge of their ontology.

Especially in the infrastructure taxonomy, Ekelhart and
Fenz have included the risk perspective of their
ontology by using the replacement value attributes.
Herzog also have created information security
ontology that is aimed to correlate the common
terminology of security. The different view from
Ekelhart and Fenz, Herzog add the concept of defense
strategy and asset life cycle phase. Herzog alco have
included human as part of asset class where Ekelhart
and Fenz only include the technology and
infrastructure. [13]
Kim, Luo and Kang also have created Security
Ontology that has significant differences with Ekelhart
and Fenz. Their security ontology is divided on
seven separated ontologies: main security ontology,
credential ontology, security algorithm ontology,
security assurance ontology, service security ontology,
agent security ontology, and information object
ontology [12]. This ontology is a improvement of
DAML security mechanism ontology, and the scope of
both is in the application system.
Several previous researches have created specific
ontologies in the domain of security, such as
Hecker with his privacy ontology [14],
Coma
with Context Ontology [15] and Vorobiev with
his security attack ontology for web services [16].
In the context of IT Risk Management, we need
security ontology that represents the broad range of
assets,
threats,
vulnerabilities
and
controls/countermeasures. Though the specific
ontology such as Kim‟s Ontology can give us a
solution, but it‟s not comprehensive enough because its
scope only for the application system. Ekelhart‟s and
Herzog‟s ontology provide us the comprehensive
scope of security, though with minimal perspective of
risk. Herzog et al. did not included the risk perpective
on their ontology, especially in the concept of loss
(technical or business) if one threat can exploit some
vulnerabilities, for example. Though Ekelhart et al.
included the concept of loss, they represented it only
in the context of replacement cost. Ekelhart et al. have
regarded the risk-related properties as a part of
their infrastructure properties, but that properties are
limited to the replacement aspects of infrastructure.
Although the research of Ekelhart et al. and Herzog
did a great job in organizing the main class of security
ontology, we feel that there is still room for
improvement. We need a more comprehensive concept
of loss, not limited to the replacement cost but also
include a representation of business loss related to the
breach of the main security attributes: confidentiality,
integrity and authenticity.
The next section describes the analysis & design of
the risk- oriented security ontology.

III. DESIGN OF RISK-ORIENTED SECURITY ONTOLOGY
This research is triggered by the requirement of the
articulation of IT Risk in the business perspective. Risk
is a function of the likelihood of a given threatsource’s exercising a particular potential vulnerability,
and the resulting impact of that adverse event on the
organization [17]. The design of our ontology is aimed
to enable the risk founded in one/more IT assets
represented as business process risks regarding the
interdependency of IT Assets and Business Processes.
The perspective of risk is not limited to the
replacement of asset but also includes properties
regarding the business value loss of each business
processes.
A. High-Level View
Below is the high-level view of our ontology design,
that giving relationship between business processes,
asset, control, vulnerability, threat and several
supporting class: Our proposed ontology is based on
the Ekelhart Ontology, with the improvement in the
vulnerability, countermeasure and especially in the
relationship of asset to business process. Because of
asset-business process relationship, we can define the
relationship between security goal and business
process goal. For example, one of type of security goal
is availability. If availability of one asset is
threatened by one threat, it will affect the business
process continuity. This requirement can be
implemented by giving the metrics of availability and
the business loss if the availability properties
threatened.
B. Asset – Business Services Ontology
The key improvement
from the previous
ontologies is the relationship between asset and
business services. We use the terminology of business
services to represent the business process, supported
directly by IT Assets. The use of this terminology
is also aimed to provide the adaptability of this
ontology to the SOA (Service Oriented Architecture)
trend in software application. We propose that the
scope of asset consists of logical and physical asset,
as shown below in detail:
Logical asset consists of database, application and
system software. And physical asset consists of
networking, storage & processing server and physical
facility. The relationship scenario in this ontology
can be a base to define the risk that will happen if
some threats can exploit the vulnerabilities in one asset.
If all assets in one organization are documented in the
knowledge base using above ontology, it will help to
improve the efficiency of the security risk management
cycle.
We also propose to include the replacement
properties of each asset. Below is an example of
OWL definition of Server with its attributes:

Fig. 1. High Level View of Security Ontology

Fig. 2. Asset-Business Services Ontology

cost of IT asset.
<ent : Server r d f : ID=”Server01”>
<ent : deliveryTime r d f : d a t a t y p e =” h t t p : / /www.w3 . org / 2 0 0 1 /
XMLSchema# int ”>4</ ent : deliveryTime>
<ent : a s s e t C o s t r d f : d a t a t y p e =” h t t p : / /www. w3 . org /2001/
XMLSchema# i n t ”>1500</ en t : a s s e t C o s t>
<ent : outageCost r d f : d a t a t y p e =” h t t p : / /www. w3 . org /2001/
XMLSchema# i n t ”>0</ ent : outageCost>
<ent : a n t i V i r u s rdf : d a t a t y p e =” h t t p : / /www. w3 . org /2001/
XMLSchema# b o olean”>f a l s e </ ent : a n t i V i r u s>
<ent : hasOs r d f : d a t a t y p e =” h t t p : / /www. w3 . org /2001/
XMLSchema# s t r i n g”>Win2003Server</ e nt : hasOs>
</ ent : PersonalComputer>

The concept of „ent:Server‟ with its concrete
instance „Server01‟ has the attribute„ent:assetCost‟
to represent the replacement cost. The level of risk,
beside represented in the business value loss of related
business services, is also represented by replacement

C. Supporting Taxonomies
The design of security ontology for vulnerability,
countermeasure and threat is derived from several
previous work. We use CVE Mitre as a base of our
Vulnerability Taxonomy. This resource has been
adopted broadly by open source commercial security
assessment tools. We propose vulnerability taxonomy,
based on the classification conducted by Chen et al.
[18]. The vulnerability taxonomy that created by Chen
et al. consists of Vulnerability Impact and
Vulnerability Cause. We propose to improve it by
giving Vulnerability Scale, as shown below:

Information Security System Management, ISO
27001, we propose to enhance Herzog‟s
countermeasure classification by dividing the
countermeasure classification in several
classifications: administrative, physical and logical
countermeasures. All the countermeasures stated at
Herzog‟s classification are in the logical
countermeasure category.
And the last taxonomy that will be important to
the design of our ontology is security goal. We plan
to adopt the classification created by Ekelhart as
shown below.

Fig. 3. Vulnerability Classification

The second important taxonomy is threat
taxonomy. We plan to use the previous research of
Herzog as a base of Threat Ontology. Below is the
herzog threat classification [15]:

Fig. 5. Security Attribute

Fig. 4. Threat Classification
Fig. 6. Countermeasure Classification

Although Herzog et al. have created a
significant job in Threat Classification, the natural,
environmental and human threats have not been
included at their ontology. We plan to enhance
Herzog et al. classification with the three kinds of
additional threats: natural, environmental and human.
For countermeasure, we will use Herzoget al.
countermeasure taxonomy as a base [13], as shown in
figure 6. Based on the international standard of

IV. SECURITY ONTOLOGY AS A BASE
KNOWLEDGE OF SECURITY RISK
MANAGEMENT
The final objective of this research is to enable the
efficient and accurate Security Risk Management
cycle, conducted by security managers or security
staffs at one organization. We propose the conceptual

architecture for the implementation of security
ontology as shown at Figure 7

[9]

[10]

[11]

[12]

Fig. 7. Conceptual Architecture

We plan develop prototype at the end of our
research based on the above architecture. We plan to
use the result of vulnerability assessment tool that use
CVE as reference, as an input to our prototype.

[13]

[14]

[15]

V. CONCLUSION AND FUTURE WORK
We have elaborated existing security taxonomy and
security ontology, and we think that there is
still a space of improvement especially in the point
view of risk management. We have elaborated high
level design of Risk-Oriented Security Ontology and
several supporting taxonomies.
The next agenda of our research is to
finalize the development of ontology using Protege
and develop prototype for using that ontology as a
main part of security risk management tool.
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Abstract—Nowadays, information systems have
become of interest to any government organization
in providing its operations. Using an information
system, information access and data sharing
between government organizations are key
requirements in improving service to the
community. Almost every organization in the
government agencies has activities related to each
other, so that interoperability between information
systems is necessary for each organization.
However, due to lack of attention to every
government organization to share information, and
to access data, and lack of interoperability model
between information systems described explicitly
in government policy through Presidential
Instruction No. 3 of 2003 on National Policy and
Strategy for e-Government Development and the
e-Government
Applications
Blueprint,
implementation of the interoperability cannot be
accomplished in any system development of eGovernment applications. Therefore this study was
conducted to obtain the form of interoperability
model based on case studies of Population
Information System and Taxation Information
System. The study begins with collecting and
processing data required to obtain guidance,
methods, and basic architectural model of
interoperability. An architectural model that
becomes a basis for the information system
interoperability is Web Services model with the
Representational State Transfer (REST) method.
Through this model, interoperability requirements
between Population Information System and
Taxation Information System are mapped based on
an interconnection scheme on taxpayer and
population data, so that a model of interoperability
between Population Information System and
Taxation Information System can be achieved. In
designing the REST, it uses a model of information
resources oriented architecture called Resources
Oriented Architecture (ROA). Results of the
design
are
implemented
through
Web
programming using PHP pre-processor language
and MySQL database. To determine the
interoperability between these information

systems, testing on the data retrieval process
between two information systems and database
platforms are conducted. The results of this study
are expected to generate a generic model that can
be used a recommendation for e-Government
application development
I. INTRODUCTION

T

he public service information systems developed
by the government nowadays is one proof of the
government sincerity in realizing transparency and
accountability of public services. This is an impact of
the regulations issued by the government through the
Presidential Instruction No. 3 / 2003, which is about
the National Policy and Strategy for e-Government
Development.
Information system development activities
undertaken by central and local governments are
generally initiatives that come from unit to unit's own
interests. Therefore, output and outcome are partial
and it leads to the formation of information islands.
This condition causes duplicating information system
development in each unit of work, lacking of the data
accuracy, increasing incoherent information resource,
and increasing diversity of information systems
platform.
The problems of public service information systems
are getting more complex, if each unit of public
services cannot share information in accelerating the
processes of verification, aggregation, and
unification. Therefore, system integration becomes
very important in e-Government development,
however, a good integration is a heterogeneous
integration in accordance with the meaning of
interoperability as stated in the Dublin Core Metadata
Glossary (Clement, and Winn, 2001).
A. Problem Formulation
Based on existing problems in e-Government
policies, the research question of this study is "How is
the form of the interoperability model required for
public service information systems?"

B. Scope of the Study
Interoperability of public service information
systems examined in this study is a technical
interoperability using Web Services technology with
REST method, that is tested by using a case of
services on population information and individual
taxpayers registration. The scope of the study
includes:
1) determination of methods and technologies
developed and applied easily on a model of
interoperability,
2) analysis and design of inter-operability
model, and
3) implementation and testing inter-operability
model.
C. Objective and Benefits of the Study
This study aims to produce a model of information
system interoperability for public services that can be
used as a recommendation in supporting eGovernment policy. The benefits of this study is to
add a new concept of interoperability models that can
be used as a reference for further implementation of
e-Government policies and strategies in Indonesia.
Therefore, in developing e-Government applications,
the model of interoperability can be applied.
II. METHODOLOGY OF THE STUDY
The framework used in this study is influenced by
elements of government policy and the theory of
information system interoperability. The result of
analysis on the two elements above is an
interoperability model of public service information
systems that can be applied in developing generic Egovernment applications. The figure below shows the
framework of the study.

Fig. 1. The Framework of the Study

The steps of the study are adopted from the
Waterfall methodology, including:
• Phase 1, data collection and data process
• Phase 2, analysis and design
• Phase 3, implementation and testing.
The stages of the study are outlined in the
following Figure.

Fig. 2. Stages of the Study

The explanation of the Figure 2 are as follows:
Data collection is done by literature studies from
Web and books related to the problems. The
result of this stage is valuable information and
data that can be used as basic concepts and
research directions.
b. Basic data processing is carried out based on
collected data which are then examined to used
as a reference for creating a model. The output of
this step is a case study, methods, and a model
used for the study.
c. Analysis and design are carried out to analyze
the case study on the needs of an interoperability
model based on data processing results. The
output of this activity is a design of the
interoperability model for public service
information systems.
d. Implementation and testing of the design are
done based on the interoperability model for
public
service
information
systems.
Implementation is done from the preparation
stage, function definition, program code and its
mechanism, to model test. The result of this step
is an analysis of the model test.
e. All the research steps lead to a final conclusion
about the model.
a.

III.

ANALYSIS AND DESIGN

The approach done based on mapping application
solutions in the e-Government application system
blueprint is one of reasons for selecting the case study
(Blueprint e-Gov, 2004). The population information
system is a basis for the whole government
information processing, because it has a relationship
directly with population or human resources. One
case that has a dependency with the citizen
information is data processing on taxation
information, especially the individual taxpayer.
Based on data taxpayer and citizen data schema,
there is an overlap between them that leads to some
existing structures on the National Identity Card.
In the Taxation Information System, especially on
individual taxpayers,
the significant process is
validation and retrieval of individual data for a new
taxpayer based on the ID number that should be done
automatically from available population data in the
Population Information System. Manual entry is no
longer needed in the Taxation Information System ,
especially those related to population data such as

name, address and others. In addition to that, the two
information systems can do information exchange
process, including displaying data of the citizen who
do and does not have Tax ID number (NPWP).
TABLE I
POPULATION DATA SCHEMA

Field

Type

Comments

nama

text

Nama lengkap

alamat

text

Alamat

kelurahan

text

Kelurahan

kecamatan

text

Kecamatan

kota

text

Kota

The obstacle faced by both information systems in
data exchange process is lack of direct connection
between the Taxation Information System and The
Population Information System located at different
locations with different platforms. One solution is
that each system is connected through an interface on
Web-based Internet infrastructure. The interface
which is used as a bridge between two information
systems is called Web-based Remote Procedure Call
(RPC). To achieve interconnection and data exchange
between two information systems done systematically,
the interoperability model between information
systems using the Web Services architecture is
needed.
Through the Web Services architectural model,
each information system is mapped based on
functions and roles in data exchange process. Based
on its architecture, the Web Service has three entities
that have roles in data or information exchange
process. The entities include Information Resources
Providers, and Agent / Broker that manages and
provides facilities for the registration, publication,
and discovery of information resources. Finally,
Requester is the users of information resources.

Fig. 4. Web Services Mapping for the Population Data Acquisition

Besides the above case, the mapping also can be
done by the Population Information System to the

Taxation Information System, especially for the case
of citizen information retrieval that already have Tax
ID number. The role mapped in the architecture of
Web Services in this study is the Population
Information System as a Requester and the Taxation
Information System as a Provider. While Agent /
Broker is treated the same as the previous case.
Especially for Agent / Broker, currently in Indonesia
there is no special institution that acts as a Web
Services Agent / Broker with the task of managing
government information resources.

Fig. 5. Web Services Mapping for Taxpayer Data Acquisition .

Mapping the Web Services model is necessary to
explain the work mechanism of information systems
through Web Services method. Based on the
comparative study result on the Web Services
methods done by Pautasso, this study applies the
REST method as a process method for Web Services
Pautasso (2008); and Pautasso, et al (2008).. The
REST is a concept introduced by Fielding (2000) in
his work on Architectural Patterns.

Fig. 6. REST Architecture (Pautasso, 2008)

Using the REST method, validation and retrieval of
the citizen data by the Tax Information System are
differentiated into two parts, namely the process of a
citizen data retrieval based on ID number for
validation, and process of citizen data based on ID
number, and citizen name for Tax ID number
registration collectively. These processes can be done
through Web Services for the Population Information
System by providing remote functionalities for data
processing. The functions for retrieving citizen data
are based on the ID number and citizen name with
getCivil.
In the case of data retrieval of taxpayers who have
already been registered in the Population Information
System, the process can be done by the Tax

Information System by providing functions to retrieve
data based on ID number, citizen name with
getTaxables.

Fig. 7. Population Data Retrieval Mechanism with the REST Method

Several approaches can be performed on a remote
function execution process through Web Services or
RPC. Among them is the execution function which is
passed directly through URI parameters by putting
the function names to be processed. Another way is
by function interpretation process of a common
name, so that when the common name of the function
which is passed via URI parameters is not directly
executed by the Web Services but it is first translated
into an internal function list. This is done generally to
maintain the security of the outsiders who want to do
direct access to the internal functions.

In this mechanism of data exchange process, it is
shown that the data exchange is not made directly
between each database system but rather through the
function information published via Web Services.
Thus the process becomes safer at the level of data
processing, because outsiders do not directly contact
with an existing database in the internal process of
the system. Another advantage of this model is that
data can be accessed without having to know the
platform or the engine drivers used to access a
database. The results of the Web Services mapping
using the REST shows the existence of the
information orientated architecture known as
Resource Oriented Architecture (ROA).

Fig . 9. Infrastructure Model for Information System Interoperability

Fig. 8. Taxpayer Data Retrieval Mechanism with REST Method

Physical relationship between the Taxation
Information System and the Population Information
System via Web Services in data exchange can be
explained through the Web Services Infrastructure
Model. The infrastructure model explains that any
information system that has a public information
resources can provide access to other information
systems that need it, through the RPC facility, or Web
Services located at the Web site. In this case study,
the two information systems need information each
other, so that they require the exchange of data
between information systems. Every time an
application from another domain calls Web Services,
then each Web Service or RPC located in the Web
Server will do data processing into database through
the internal functions that have been defined
previously. These functions can be located within any
system or application in a separate module, so that it
can be used together with other applications.

Based on the results of the interoperability model
analysis between two information systems, the
implementation of the model can be realized in the
following design.

Fig. 10. Implementation
Interoperability

Model

for

Information

System

The stages in implementation of the information
system interoperability model begins with the
publication process of population information
resources through information resources registration,
and provide information access to a web-based
application system run by Agent / Broker. Through
this publication, the Requester will get access to
information for downloading information into the
code of the caller program via the connection
function. Furthermore the Requester can obtain data
based on the needed criteria..
The implementation design of the REST method is
interpreted into UML Sequence diagrams, so that the
process undertaken during the data retrieval through
Web Services or RPC can be clearly defined how the
data obtained. Illustrations are given in this diagram
is a general view of the process of data retrieval
through Web Services.

1. Provider has a role in determining the
resources of public information and registering the
publication of information resources.
2. Agent / Broker has a role in managing public
information resource website and providing
information access guidelines.
3. Requester has a role in searching public
information resources through websites Agent /
Broker, downloading information resource access
guide, and accessing information resources provided
by Provider.

Fig. 12. Use Case Diagram for Interoperability Model

Fig. 11. Sequence Diagram for Interoperability Model

The process that occurs in Figure 11 is assumed to
retrieve data from a separate place away from the
application system.. When a browser sends a request
to the Web Application System, after a request is
received, the system will call the application function
through connectors facilities and it carries on the
demand values requested by the browser. Once the
value of the request arrives in the Web Services /
RPC, the Web Services will call and process functions
available in the Remote Function module. The
function will then perform the data processing into
the database based on the received value, and after it
is done the value will be returned back to the Web
Services in text or XML format. The XML data is
then verified and returned to the application caller.
The Application then presents the information in
HTML format to the browser.
The steps undertaken in the process of
interoperability implementation
between
two
information systems can be used as a model of public
service information systems interoperability for as
shown at the figure below.
Each party or entity in the Use-Case has the roles
as follows.

Based on the standards to be met in the eGovernment application systems, the test results on
validity of this models is illustrated in the following
table.
TABLE II
THE RESULTS OF APPLICATION TESTING ON INTEROPABILITY MODEL
Interoperable
Scalable
Sistem
Aplikasi
Resource Registry
Resource
Discovery
Web Services
Penduduk
Web Services
Wajib pajak

Sistem
Aplikasi

Valid

Valid

Invalid

V
V

V

V

V

V

V

User
Friendly
Valid

Resource Registry
Resource
Discovery
Web Services
Penduduk
Web Services
Wajib pajak

Invalid

Invalid

Integrated
Valid

V

V

V

V

Invalid

V
V

The test results shows several findings that:
a. Model of public service information system

interoperability is able to be implemented according
to the principles of interoperability through Web
Services technology.
b. The experiences during the testing process
indicate that the possibility of application
implementation can be used in development
independent from vendors.
c. Implementation of the model can also be used as
a reference for the development of public service
application system that is fitting to the e-Government
policy.
IV. CONCLUSION AND SUGGESTION
A. Conclusion
The model of public service information system
interoperability can be implemented through Web
Services technology using REpresentational State
Transfer (REST) method, and using the information
resource-oriented architecture or Resource Oriented
Architecture (ROA). This model runs on a web-based
application and communicates using the Internet
protocol HTTP. Web Services REST method is a
method that is easy to understand to be developed,
because without using a lot of resources that burdened
the transaction process. Web Services REST method
is developed based on Open Source standards that are
easy to be modified and reusable. When it is related to
the standard requirements of e-Government
applications, then Web Services REST model is
considered eligible as an interoperable, scalable, user
friendly, and integrateable application.
According to the technical interoperability theory
that explains maturity level of interoperability based
on the interaction level, the handling of the case
studies in this research can be categorized as a 4-level
interactions. The main reason is that because the
method used is a process for electronic data
processing automatically.
Based on the testing results, this prototype model
is able to perform the data exchange between the
Taxation Information System and the Population
Information System that are located in remote
locations. This model can be used as a
recommendation for e-Government development to
support the government's public service.
B. Suggestion
Based on the study results, it is expected for further
development that the model of public service
information system interoperability can be applied
through cellular telecommunications. Public Service
Resource Registry / Discovery still need to be
developed to handle the diversity of information by
using ontology.
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Abstract—This paper describes an alternative of
e- payment Business to Consumer (B2C) models
specifically designed to Indonesian community.
These alternative models are developed based on
present conditions in Indonesia such as education
level, security reason, access to technology and
income. During the course of our research, we
propose four alternative e-payment models namely
ATMPal, iCash, Pulsa E-payment and Mobile
Banking. In order to find out the acceptance of the
community to those alternative models, those
models will be ranked based on the survey to
different respondent groups of Indonesian
community. The respondents choose their favorite
model based on its easiness, comfortableness and
security of each models.
I. INTRODUCTION

S

ince the booming of internet, e-commerce
applications have significantly increased during
the last few years. Nowadays, people like to buy and
sell goods through the internet because they do not
have to leave their premises to do transaction and
usually online shops offer more affordable price. One
of the most popular e-commerce website is
Amazon.com which is claimed as the world biggest
online bookstore [1].
In order to support e-commerce application,
companies need e-payment application particularly to
handle electronic money transfer from one party to
another party, such as from consumer to merchant
(Business to Consumer or B2C) and also transfer
between personal (Peer to Peer or P2P). E-payment
applications give many advantages, i.e. improving
transaction process with less cost and time efficient.
The parties involved in the online transaction can
transfer or receive funds from their counterpart in any
location in the world without time barrier. In line with
the concept of green living, e-payment also reduces
used of paper that previously needed in traditional

payment document and subsequently reduces cost. By
using e-payment, all payment documents are produced
and transferred electronically. In addition, there are
several factors in determining whether a particular
method of e- payment achieves critical mass such as
independence, interoperability and portability,
security, anonymity, divisibility, ease of use,
transaction fees and regulations [10]. There are four
parties involved in e-payment namely issuer,
customer/payer/buyer, merchant/payee/seller and
regulator. Further, there are several revenue models in
e-payment that can be used by companies such as
transaction fee, advertisement fee, subscription fee,
etc.
Particularly in Indonesian, there are some
conditions that mainly related with e-payment usage
such as:
1. Prosperity
In Indonesia, there is only 26% of all labor
force that has education level on high school or
above [2]. Assuming people’s prosperity and
education level are parallel with people’s
payment choices, we might say there are only
few (a quarter or less) Indonesian people who
have good prosperity level.
2. Security
According to BG Anton Taba, Expert Advisor
of Police Chief of Republic Indonesia,
Indonesia has the highest number of cyber
crime in the world [3]. This condition
decreases level of trusty from the e-payment
provider in Indonesia.
3. Education level
The average of educated Indonesian go to
school for eleven years, while in other
developed countries people go to school for 13
years or above. Japan is 15 years, while USA,
England, and Italy are 16 years respectively. It
means that Indonesian education level is still a
few steps behind other countries.
4. Access to technology

In 2006, there were only about 6 millions
Indonesian who have a Personal Computer [4].
In addition, until 2008, the number of internet
users were predicted only reached 50 million
users [5]. It is still a small figure if we compare
with the number of Indonesian population
(estimated around 200 million). Those
conditions reflect barriers in massive epayment usage in Indonesia.
5. Mobile phone users
According to President Director of PT
Natrindo Telepon Seluler (NTS) Erik Aas,
there are 117 millions mobile phone users in
2009. It is predicted that the number of users
will grow up to 131 million in 2010 [6]. This
data shows that Indonesian people relatively
have a better access to mobile communication.
It can be seen also that the number of mobile
phone users in Indonesia are higher then the
number of Internet users.
6. Credit card and ATM card holders
The number of credit card holders in Indonesia
were estimated at 4-5 millions in 2008 [7],
however the number of ATM/debit card
holders are much larger. In 2009, it is
estimated that it will reach up to 30-40 millions
[8]. It shows that the popularity of ATM card
is higher than the credit card.
In order to increase the popularity of e-payment, it
needs special attention in developing an e-payment
system that is more acceptable to Indonesian
community with respect to current conditions and
trends. Therefore, there should be an innovation in
designing alternative e-payment system that more
appropriate with Indonesian conditions. The objectives
of this research are:
1. To provide an alternative of e-payment model that
more acceptable with the current Indonesian
conditions.
2. To develop prototypes for each e-payment model.
II. RELATED WORK
This work is a complementary to previous several
works concerning e-payment models such as credit
cards, purchasing cards, Electronic Funds Transfer
(EFT), e-check, e-cash, micropayment, e-wallet, and
PayPal. In 1950, credit cards were introduced. One of
the limitation of credit card is that it cannot handle
minimum transactions. As an alternative, emicropayments can be used as small online payments
usually under $10. In 2004, the use of e-checks,
electronic version or representation of a paper check,
grew by 40 percent over the previous year, reaching
968 million transactions [10]. E-cash is the digital
equivalent of paper currency and coins, which enables
secure and anonymous purchase of low- priced items.

By using e-payment models above, users should
enter their personal information (e.g. name, address,
credit card’s number, etc.) each time they conduct
transaction. E-wallet is a software component which
stores credit card numbers and other personal
information. Purchasing cards are special-purpose
payment cards issued to a company’s employees to be
used solely for purchasing nonstrategic materials and
services up to a present dollar limit. One example of
noncard payment type is Paypal which transfers money
through Internet.
III. ALTERNATIVE OF E-PAYMENT B2C
MODELS FOR INDONESIAN COMMUNITY

As previously explained, there are four e-payment
models that we have developed namely ATMPal,
ICash, Pulsa E-payment and Mobile Banking. In the
next sub-sections, it will explain about the main
features, the parties involved, and the revenue models
for each e-payment model.
III.1 ATMPal
The idea of ATMPal comes up by observing PayPal
Indonesia which conducts payment through credit
card. However, as already mentioned in section one,
the number of credit card users in Indonesia is lesser
than the number of ATM card users. Based on this
condition, ATMPal is more suitable to be
implemented in Indonesia. Basically, the process of
ATMPal is similar with the payment through debit
card except this is conducted online. The users of
ATMPal use their bank account balance to pay the
goods or services that are bought online.
The purpose of ATMPal is to give easiness to the
users to pay online with the integration of users’ bank
account and ATMPal account, for example when the
users buy goods through the internet, the ATMPal will
automatically deduct their bank account balance. The
parties involved in the ATMPal system are:
• end-users, which are also ATM users
• banks, which provide bank accounts and
ATM cards
• ATMPal provider, which provides the e- payment
system
• online merchants who sell goods or services
ATMPal has several features such as registration,
payment process on merchant’s website, money
transfer between ATMPal users and from ATMPal
users to non-ATMPal users and check account
balance. However, in this paper, we only focus on two
of the most important features in ATMPal namely
registration and payment process.
1. Registration Process

Fig. 2. Payment Process in ATMPal.

Fig. 1. ATMPal Registration Process.

The complete flow of ATMPal registration process
is explained below:
1. Users fill in their personal information (e.g. name,
email, address, date of birth, etc) and bank
account information (bank account’s number and
the bank name).
2. Users will receive activation number from
ATMPal’s website, which will be used to
activate their account in the ATM.
3. Then, users access their bank’s ATM, choose the
ATMPal activation menu and enter their account
activation number. This step ensures that the
bank account information entered in the website
registration is owned by the users.
4. Bank verifies the activation number to ATMPal
provider.
5. If the activation number has been verified then
users’ ATMPal account has been activated too.
Finally, users can do transaction using ATMPal.
6. ATM gives message of notification to the users
that the activation number has been verified.
2. Online Shopping and Payment Process

The flow of ATMPal payment process can be seen
on Figure 2.
1. First, users access the merchant’s website,
select the goods or services that they want and
then complete the transaction and log out. Next,
the prototype will ask users to login with their
ATMPal account.
2. After login process is verified, merchant’s
website will display payment confirmation.
Users will be asked to enter their TAN
(Transaction Authentication Number), which is a
unique code from their bank that authorizes users
to use their bank account balance in payment
process.

3. Payment information, along with the TAN are
sent to the bank, which will verify users’ bank
account and the TAN. If the users’ bank account
balance is sufficient to complete payment
process, their balance is transferred to the
ATMPal provider’s or merchant’s balance.
4. Bank notifies the successful status of payment
process to ATMPal provider.
5. ATMPal provider sends the information and
successful status of payment process to
merchant’s website. Those information then
stored by the merchant including insertion of the
users’ digital signature.
6. Merchant’s website displays the information
regarding successful of the payment process,
including insertion of the merchant’s digital
signature.
The revenue model of ATMPal depends on the
commercial agreement among the involved parties.
The revenue model might be variable transaction
fee—for example 5% from the transaction value, sales
margin or fix transaction fee—for example
IDR5,000.00 per transaction.
III.2 iCash
iCash model is inspired by the use of prepaid
mobile phone credit where iCash users can store
money to iCash provider. iCash provider facilitates the
users to transact with online merchant. iCash provider
uses the money that stored by users to pay the online
transaction. There are five parties involved in iCash
system namely iCash users, iCash provider, online
merchants, banks and voucher distributors.
The objective of iCash is to facilitate users to store
money and use it for online transaction. iCash offers
three features to the users. First, users can use their
balance to pay goods or services from online
merchant. Second, they can top up their balance—
store money to iCash provider using ATM or pre-paid
voucher. Third, users can transfer balance to other
person, of course users can drawdwon their balance.
Among those features, we will explain only the first
and the second features because it’s the iCash’
uniqueness from other e-payment model.
1. Refilling Process Using Refill Voucher

3. Online Shopping and Payment Process

Fig. 3. Fill in Balance Process Using Voucher.

Based on Figure 3, the flow of balance top-up
process using pre-paid refill voucher is as follows:
1. Users buy pre-paid refill voucher from voucher’s
distributor and then put a unique code printed on
the back of the voucher into iCash website.
2. iCash website sends a unique code to iCash
provider to perform the validation process. If the
unique code is valid, then iCash provider will
increase iCash balance in accordance with value
of the voucher.
3. iCash provider sends information about new
iCash balance to iCash’ website.
4. Users can see their new credit balance in iCash
website.
2. Refilling Process Using ATM

Fig. 4. Credit Refill Process Using ATM.

Users can also top-up their iCash balance via ATM:
1. Users access their bank’s ATM, choose the iCash
refill menu, enter their iCash account number.
2. ATM/bank tells iCash provider that the users ask
for refilling their iCash credit balance.
3. iCash provider updates iCash credit balance in
iCash’ website and sends such information to the
users’ bank. iCash provider also sends a
notification to the users on the status of it’s topup process via iCash’ website.
4. ATM shows users the top-up notification.
5. Users can see the notification from iCash provider
in iCash’ website.

Fig. 5. Online Shopping Process in iCash.

The steps of the online shopping and payment
process are:
1. Users make transaction through online merchant
website.
2. Merchant sends transaction information to iCash
provider. iCash provider increases merchant
iCash credits balance and decreases iCash user’s
credit balance.
3. iCash provider sends notification to merchant’s
website and iCash users through iCash’ website
informing that the transaction succeeded .
4. Users can also see the notification in merchant’s
website.
The revenue model of iCash that is applied to
merchant is based on quantity of goods and/or services
that has been sold whilst the revenue model that
applied to iCash provider is the fix or variable
transaction fee, depends on the commercial
negotiation among the parties.
III.3 Pulsa E-payment
Currently in Indonesia, most of cellular operators
only provide limited services such as phone service,
SMS, MMS, and etc. These limitations will be solved
in this Pulsa E-payment (PE) model. The term of
“Pulsa” is Indonesia word that means prepaid phone
balance. By using this model, users can shop via their
mobile phone and use their phone balance to pay the
goods or services. The legal base for this model is
allowed based on Bank Indonesia regulation number
7/52/PBI/2005 chapter 6th paragraph 3th.
Pulsa E-payment model involves several parties
namely:
• end users—mobile phone users
• cellular operators
• Pulsa E-payment provider which provides epayment system
• the merchants who sell goods or services
Pulsa E-payment has three features such as mobile
shopping, topping-up and transfering e-payment phone
balance. In this model, the most important feature is

shopping via mobile phone because it involves all
parties in Pulsa E-payment. In mobile shopping
process, Pulsa E-payment provider sends shopping
menus to the users’ mobile phone so that the users can
choose goods or services showed in their mobile
phone (Figure 6).

Fig. 6. Mobile Shopping.

The explanation of mobile shopping can be seen
below:
1. Users call Pulsa E-payment provider’s service
center for shopping service then the cellular
operator receives the call.
2. Cellular operator asks Pulsa E-payment provider
(PEP) for shopping menus.
3. PEP sends shopping menus to cellular operator.
4. Cellular operator forwards them to the users.
5. Users select menus to suit their needs. Step (2),
(3), (4) and (5) are repeated continuously until
users complete the mobile shopping process or
cancel it.
6. Cellular operator sends information to PEP about
menus that selected by the users.
7. PEP notifies the merchant that the transaction has
been occurred and PEP has transferred an amount
of money to the merchant’ bank account in
accordance with the transaction. In the same
time, PEP deducts users’ e-payment phone
balance in accordance with the transaction.
8. Merchant notifies PEP that the transaction has been
recorded.
9. PEP sends notification to cellular operator that the
transaction succeeded or not and then cellular
operator forwards it to the user.

There are various revenue models that can be
generated in this process, depends on the commercial
agreement among the parties involved, such as fix
transaction fee, variable transaction fee or sales
margin.
III.4 Mobile Banking
Most of Indonesian people use ATM cards to shop
and access their bank account through ATM machine.
Accessing bank account via ATM is very simple
however it still has some weaknesses, for example the
users must go to the ATM machine to make payment

or buy something. To solve that problem, we propose
a new model to access bank account using mobile
phone so that users can access their bank account
anywhere and anytime.
The main idea of this model is integration of users’
bank account and their mobile phone number. We call
this model Mobile Banking. The purpose of Mobile
Banking development is to give easiness for the users
to transfer their money and pay via bank account
through mobile phone. There are five parties involved
in this model namely:
• end users, the bank account holders as well as
mobile phone users
• cellular operators
• banks
• mobile banking provider
• merchant who sells goods or services
Mobile Banking has four features namely
registration, show account balance, transfer account
balance, purchase order and payment. We will explain
only the three most important features namely
registration, purchase order and payment.
1. Registration Process

Fig. 7. Registration Process in Mobile Banking.

1. Bank account holders/users register their mobile
phone number in bank/ATM for Mobile Banking
service.
2. Bank/ATM generates activation code for users.
Its function is to ensure that the registered
mobile phone number is owned by the users.
3. To activate their mobile phone number and bank
account for Mobile Banking, users must send
activation message via SMS to cellular operator.
The message should contain the activation code.
4. Cellular operator forwards the message to the
bank. The bank processes the message and then
activates users' bank account for Mobile
Banking.
5. Bank notifies the cellular operator that users’
bank account has been acivated and then cellular
operator activates users’ mobile phone number
for Mobile Banking.

6. Cellular operator sends a message to the users
inform that activation has been succeeded. After
the activation, Mobile Banking users can access
their bank account via their mobile phone
number in purpose of payment or transferring
money.
2. Create Purchase Order
To create purchase order, users must fill in the order
form with some information. Those information are
bank account number, bank name and the list of goods
ordered. After accepting purchase order, merchant will
generates transaction code, a unique code that refers to
the transaction.
3. Payment Process

Fig. 8. Mobile Shopping.

Payment process can be executed after the users
create purchase order and accept a unique transaction
code (step 2). The steps in payment process are:
1. Mobile Banking users send a payment message
via SMS to Mobile Banking provider’s (MBP)
service number. The message contains the
transaction code.
2. Cellular operator forwards the message to MBP
and then MBP checks the code.
3. MBP crosschecks the transaction code to the
merchant.
4. Merchant informs Mobile Banking provider on
the code validation result.
5. If the transaction code is valid then MBP will
communicate with the bank to transfer a number
of money from the users’ account balance to
merchant’s account balance in accordance with
purchase order.
6. Bank confirms to MBP if payment transaction
succeeded or not.
7. MBP infomrs the users (via cellular operator) and
the merchant whether payment transaction has

been succeeded or not.
8. Merchant confirms about information that has
been sent by MBP.
9. Cellular operator forwards the information about
payment transaction to the users via SMS.
The revenue model that can be implemented among
the parties involved in Mobile Banking model might
be sales margin and fix or variable transaction fee.
IV. SURVEY AND DATA ANALYSIS
After developing those four models, we would like
to know about people response about those models,
for example which model is the easiest one to use for
payment, etc. Because of this reason, we have
conducted a simple-preliminary survey and developed
a web-based system prototype to be used on the
survey.
The analysis of this research is using descriptive
statistic method. For this statistic method, the sampling
technique implemented here is convenience sampling
technique. This technique chooses the individuals that
are easiest to reach or sampling that is done easy.
Convenience sampling does not represent the entire
population so it is considered bias [9]. The data was
processed by counting the median and the modus
value. Those values will be used to see the
respondent’s inclination toward the e-payment models
based on easiness, security and comfortableness
aspect.
During the survey, the respondents went through the
scenarios that contain some features for each epayment model. At the end of each e-payment model,
the respondents are asked to fill in some
questionnaires. The purpose of these questionnaires is
to find out what is the score given by respondent for
the easiness, comfortableness, and security for each
model.
We have conducted a two-week survey, which
resulted in 53 valid respondents. The respondents
came from several groups of activities, such as
education, business, research, consultant, etc. These
respondents are also active in several mailing lists
such as informatics and education mailing list. Then,
this data was analyzed to see how the respondents’
response toward our e-payment model.

Fig. 10. Median Graphic of Data Analyze Result.

Based on Figure 10, it can be seen that in the
easiness aspect, ATMPal and iCash have same median
score. Pulsa E-payment and Mobile Banking also have
same median schore. In the aspect of comfortableness,
all model has the same score that is 4. In security
aspect, Mobile Banking model got the highest score,
that is 4, exceeding another model which has the
identical score, that is 3.
Beside the median analysis, we also look at the
mode value of our survey result. Figure 11 shows the
graphic of modus value of our survey result.
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Fig. 11. Mode Graphic of Data Analyze Result.

According to Figure 11, the majority of our
respondents scored the easiness of ATMPal, iCash,
Pulsa E-pyament and Mobile Banking identically of 5.
On the comfortability aspect, majority of our
respondents scored Pulsa E-Payment with the lowest
value among others. On the aspect of security,
ATMPal got the lowest score.
V. CONCLUSION
Indonesian community has special characteristics
for e-payment application, which implies the right epayment model to be applied widely in Indonesia. On
this research, we developed four e-payment models
namely ATMPal, iCash, Pulsa E-payment and Mobile
Banking.
Our research is a preliminary research in e-payment
field of knowledge in Indonesia. Advanced research
may include real system, more advance statistic
method and analyze security aspect more deeply, since
it’s one of the most important components in epayment.
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Abstract—The MIT Process Handbook offers
a means for organizations, communities and
individuals to store, share, retrieve and query
business processes. A business community or
students taking a business processes' class
can have an exploratory approach to a pool of
best practices. The MIT business process only
manages process description in an ad-hoc
language and in a textual format. The advent
of XML, the availability of query languages
for XML, the adoption by industry of
standard XML–based languages for business
process description and execution, and the
availability of database systems supporting
XML and its languages now allow us to
consider the design and implementation of a
process handbook based system that leverages
these new standards and technologies.
This system allows users to store, manage,
share, retrieve and query business processes.
We present an overview of the system’s design
and architecture together with a case
consisting of a collection of business processes
that can be used in teaching Business Process
Management to undergraduate students in
Information Systems.
I. INTRODUCTION

The Workflow Management Coalition (WfMC)
defines a business process as ―a set of one or
more linked procedures or activities which
collectively realize a business objective or policy
goal, normally within the context of an
organizational structure defining functional
roles and relationships‖ [13]. Since Adam
Smith’s pin factory, organizations have come to
realize that the careful analysis, design,
implementation and management of business
processes are at the heart of the success of a
business. Business processes are assets of an
organization as much as its tangible assets and its
intellectual property.
This research runs partially funded by the project ―An Ontology-augmented
Context Aware Web Services Framework for Agile Enterprise Collaboration‖
(SERC P0520103)

Yet several organizations, communities and
individuals need help and support in these
activities. For instance, students in Information
Systems need to learn about business processes
for the first time and start collecting scenarios.
Large companies with many departments and
staffs need to realize a coherent and cohesive
management of business processes. Small and
medium enterprises (SME) need to be able to tap
into best practices catalogs provided by
chambers of commerce and governments
because they cannot themselves afford the cost
of designing original business processes from
scratch.
Finally networks of partners (for
instance suppliers, transporters, customers) need
to interface and combine their business processes
into complex transorganizational business
processes.
The MIT Process Handbook [9] offers a
means for organizations, communities and
individuals to store, share, retrieve and query
business processes. The MIT Process Handbook
was developed with the objective to create a
database of generic descriptions as well as
specific cases of representative (e.g. buying,
making and selling) and original business
activities. The MIT Process Handbook provides
a framework for exploring and classifying this
knowledge. It helps organizations, communities
and individuals redesign existing organizational
process, invent new organizational processes
(especially ones that take advantage of
information technology), share ideas about
organizational practices. Unfortunately, the
shortcomings of ad-hoc description languages
and interfaces offered by the MIT process
handbook prevent it to fully support
collaboration, synchronization, sharing and
analysis, and certainly not execution. The advent
of XML, the availability of query languages for
XML, the adoption by industry of standard
XML–based languages for business process
description but also execution, and the

availability of database systems supporting XML
and its languages now allow us to consider the
design and implementation of a process
handbook that leverages these new standards and
technologies to reach the full potential of the
original envisioned system.
In this paper, we propose a system for the
management of business processes. The system
allows users to store, manage, share, retrieve and
query business processes. The system leverages
existing XML technologies and languages. We
present an overview of the system’s design and
architecture together with a case consisting of a
collection of business processes that can be used
in teaching Business Process Management
(BPM) to undergraduate students in Information
Systems.
The remainder of this paper is structured as
follows. In Section 2 we present the background
information about the MIT process handbook
and XML technologies namely XPDL (XML
Process Definition Language). In Section 3 we
review related work. In Section 4 we present a
case application to the teaching of business
process management to Information System
students. In Section 5 we present the architecture
and discuss the implementation of our system.
Finally we conclude with a summary of our
contribution and a brief discussion of the future
work we are considering.
II. BACKGROUND
II.1. MIT PROCESS HANDBOOK
According to the MIT Process Handbook, a
business process in a company consists of parts,
properties, related processes and partner links in
conducting that business process. For example
―selling a car‖ is a process with [9]:
- parts: a deep structure of a process, for
example: to identify potential customers,
identify needs of potential customers, inform
potential customers, obtain order, deliver
product or service, receive payment and
manage customer relationships.
- properties: store any kind of information
related to a process such as how long it’s
needed to conduct this process, how much
should a company pay to do this process,
where are the locations to do this process,
etc.
- related processes: automatically maintains
an extensive network of relationships among
different entries. The related processes
includes three parts namely:
o specializations: how to sell a car?. The
answer for that question could be ―sell

via store‖, ―sell via face-to-face sales‖
and ―sell via other direct marketing‖.
o bundles:
a
group
of
related
specializations based on the basic
questions that can be asked about any
activity, like Sell how? Sell when? Sell
where?, etc.
o generalizations: if a specialization of an
activity is like its ―child‖ then
generalization shows part of the ―family
tree‖ of an activity: its ―siblings‖,
―ancestors‖, ―aunts‖, ―uncles‖ and
―cousins‖, for example ―Sell‖ has two
generalizations namely ―Exchange‖ and
―Provide‖.
o trade-off tables: compare the different
specializations in a bundle using a
trade-off table, for example one of the
parts of ―Sell‖ is ―inform potential
customers‖
and
one
of
the
specializations of ―inform potential
customers‖ is ―advertise‖. ―Advertise‖
includes a bundle called ―Advertise
how?‖ and the answers could be
―Advertise via internet‖, ―Advertise in
newspaper‖ and ―Advertise on radio‖.
Figure 1 explains about the example of parts of
process ―Sell‖.

Figure 1. Parts of Process ―Sell‖
II.2. XPDL
XPDL [6] is a standard language based on
Petri-Nets which is used to interchange business
process definitions among different workflow
products by using XML. Among the business
process execution languages such as BPEL or
YAWL, we adopted XPDL in conducting this
research because it is the most suitable for
modeling processes in the sense that it contains
non-web services application interactions and
non systemic participants (e.g. humans) [6].

XPDL is based on XPath that is able to store and
transport process definitions such as activities,
transitions, participants, resources, applications,
workflow
relevant
data,
system
and
environmental data, data types and expressions.
The main elements XPDL are [1,3]:
a. <Package> element: a package allows
definitions to be shared with different
process definitions and the package
concept is useful in reducing duplicate
definitions used by multiple processes
b. <WorkflowProcess> element: used to
define
parts
of
processes.
A
<WorkflowProcess> is composed of
elements of type:
- <Activity> element: is the basic
building block of a workflow
process definition. There are three
types of activities:
1. <Route>: dummy activities
just used for routing purposes
2. <BlockActivity>: used to
execute sets of smaller
activities
3. <Implementation>: steps in
the
process
which
are
implemented
by
manual
procedures (No), implemented
by one or more applications
(Tool) or implemented by
another workflow process
(Subflow)
- <Transition> element: connects
elements of type <Activity>
c. <ActivitySet> element: refers to a self
contained set of activities and transitions
d. <BlockActivity>:
executes
an
ActivitySet
e. <Participant> element: is used to
specify the participants in the workflow,
i.e. the entities that can execute work.
There are 6 types of participants:
<ResourceSet>,
<Resource>,
<Role>,
<OrganizationalUnit>,
<Human> and <System>
f. <DataType> and <DataField>: are
used to specify workflow relevant data.
Data is used to make decisions or to refer
to data outside of the workflow and
passed among activities and subflows
One of the advantages of XPDL is its XML
process description can be transformed into a
graphical diagram so that the users can clearly
understand the flow of the processes by viewing
that diagram (e.g. Figure 2).

Figure 2. XPDL Diagram of Production Process
III. RELATED WORK
In 1999, the MIT proposed a set of
fundamental concepts, a specific classification
framework, a set of generic business templates, a
specific case examples and a set of software
tools to organize and manipulate large amounts
of knowledge [9]. In addition, Wil van der Aalst
has defined wokflow management models,
systems and methods which can help people to
manage business process [3].
Besides that,
business process related
definition languages (e.g. Unified Modeling
Language (UML) Activity Diagram, Eventdriven Process Chain (EPC), flowchart, Business
Process Modelling Notation (BPMN), etc.) have
been developed to define company’s business
process with the examples could be taken from
MIT business process best practices. Those
business process definition languages have
several limitations such as the languages cannot
be executed among the companies’ business
partners. Whilst, XML which is produced by the
W3C in 1998 can be exploited to handle that
problem.
Currently, there are several business process
execution languages which are based on XML
such as BPEL, YAWL, XPDL, etc. BPEL, which
has been developed in August 2002 by BEA,
IBM and Microsoft respectively, is a standard
language for defining abstract and executable
processes. YAWL, which is based on Petri Nets,
has been initially developed by researchers at
Eindhoven University of Technology and
Queensland University of Technology to define
and execute business process. XPDL, which has
been proposed by the WfMC (Workflow
Management Coalition) in 2002, is a standard
that is used to interchange business process
definitions among different workflow products.
Among those languages, XPDL is the most
suitable language to be used for defining and
executing business processes because it contains

non-web service application interaction [6].
XQuery from W3C can be employed to search a
process in those XPDL documents.
Further, a repository for business process and
arbitrary associated metadata has been developed
by building a framework to store, find and use
the BPEL documents. This repository provides a
Java API for manipulating the XML files as Java
objects hiding the serialization and deserialization from a user [8]. Additionally,
Semantic Business Process Management
(SBPM) has been built in using semantic
technologies to achieve more automation
throughout the Business Process Management
(BPM) lifecycle. SBPM business process models
are based on process ontologies which support
reasoning and querying capabilities [16].
IV. CASE STUDY
IV.1. GENERAL SCENARIO
The idea to build the business process
application comes when most of the students and
companies want to find and learn the business
process best practices so that they can adopt or
integrate those processes with their own
processes. At some point, they can also execute
that process by invoking some existing web
service. This feature is really useful for
companies to share, collaborate and synchronize
their process among their business partners.
To use this application, the first step users
may perform is to ask a question related to
business process such as finding:
1. processes or sub processes
2. performers or participants involved in
certain processes
3. variables that are used in certain
process
That kind of information consists of a set of
general questions which are frequently asked by
academicians and business people regarding
business processes. Based on this question and
keyword entered by the users, the application
will search in the XPDL documents which have
already stored in a database and then display the
result in XML or in a textual format depending
on the submitted question (Figure 3).

Figure 3. Cross-Functional Flowchart Diagram
of Search Process
IV.2. EXAMPLE: TEACHING BPM
As previously explained, before designing
and implementing the application, first, we
define the general requirements and list of
questions which are possible to be asked by the
academicians and business people in searching
business process. Then, that list of questions will
be formed, translated and classified into English
sentences. Based on those questions, we classify
three categories of information namely
information
about
process/sub
process,
performer and variable involved in a process. In
addition, we also identify 16 general questions
for that classification concerning business
process. Then, each of this question will be
translated into XQuery to search the results.
The advantages of using XQuery are:
XQuery can query many different data
structures (expressiveness)
XQuery can query both hierarchical and
tabular data (flexibility)
Based on XQuery’s advantages, compared to
SQL, XQuery can return not only tables but also
arbitrary tree structures. The expressions that we
used in the XQuery to search processes,
performers and variables involved in certain
process are the XPath and FLWOR (For Let
Where Order Return) expression. XPath
expressions select nodes or node-sets in an XML
document. Meanwhile, FLOWR expression
generally uses a mixture of for and let clauses to
generate a sequence of ordered tuples of variable
bindings, one binding for each clause [4].

In the sequel, we give a sample of queries,
their XQuery counterparts posed against XPDL
database documents, and the results returned1.
A. Questions related with sub processes or
process
1. What are the sub processes of process ―X
(e.g., recruitment process)‖?
Procedure:
Query the activities element by defining the
package element
xquery declare default element namespace
‚http://www.wfmc.org/2002/XPDL1.0‛;
for $y in
db2-fn:xmlcolumn(‘XPDL_PROCESS.PROCESS_DESC’)
/Package[lower-case(@Id)=lowercase(“recruitment”)]/WorkflowProcesses/Workfl
owProcess/Activities
return $y;

Result:
<Activity
Id="pjv"
Name="publish
job
vacancies">
<Performer>hr</Performer>
</Activity>
<Activity Id="cd" Name="classify document‛>
<Performer>hr</Performer>
</Activity>
<Activity Id="dsl" Name="develop short list
candidate">
<Performer>rd</Performer>
</Activity>
<Activity Id="int" Name="interview">
<Performer>app</Performer>
</Activity>
<Activity Id="sc" Name="select candidates">
<Performer>hr</Performer>
</Activity>
<Activity Id="pbc" Name="perform background
check">
<Performer>hrc</Performer>
</Activity>
<Activity Id="he" Name="hire employee">
<Performer>hr</Performer>
</Activity>
</Activities>

2. What are sub processes which involve ―Z
(e.g., invoice)‖ in the ―X (e.g., sales order
processing)‖ process?
Procedure:
Query the activities element by defining the
package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
1

An extended version of this paper with detailed
appendices is available as a technical report
NUS-TRA9/09.

kage[lower-case(@Id)=lowercase("Sales_Order_Processing")]/WorkflowProce
sses/WorkflowProcess/Activities/Activity[Exte
ndedAttributes/ExtendedAttribute/lowercase(@Value)=lower-case("Customer_Name")
or
Implementation/SubFlow/ActualParameters/Actua
lParameter/lower-case(text())=lowercase("Customer_Name")]/@Name) return $y

Result:
receive order
check finances
decline order
check part. ship
Notify full shipment
Notify partial shipment
ask customer for partial shipment
check credit

3. What are the sub processes in the ―X (e.g.,
recruitment)‖ process which are done by ―Q
(e.g., requesting department)‖?
Procedure:
Select attribute performer’s name by defining the
package element and entering the performer’s
name
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[@Id="recruitment"]/WorkflowProcesses/Wor
kflowProcess/Activities/Activity[Performer="r
d"]/@Name) return $y;

Result:
communicate_need
develop short list candidate

B. Questions related with performers or
participants of certain process/sub process
1. Who is the performer of sub process ―Y (e.g.,
perform background check)‖ in the ―X (e.g.,
recruitment)‖ process?
Procedure:
Find the performer element by defining the
package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[lower-case(@Id)=lowercase("recruitment")]/WorkflowProcesses/Workfl
owProcess/Activities/Activity[lowercase(@Name)=lower-case("perform
background
check")]/Performer) return $y;

Result:
Hrc (Human Resource Consulting)

C. Questions related with variables involved
in certain process/sub process

1. What kind of data should I send in order to
execute the ―X (e.g., sales order processing)‖
process?
Procedure:
Find the data field identifier by defining the
package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[@Id="Sales_Order_Processing"]/WorkflowPr
ocesses/WorkflowProcess/DataFields/DataField/
@Id) return $y;

The users can search a process by entering
the information category, related question and
keyword (Figure 4). After that, the application
displays the search results (Figure 5). In
addition, the users can also add a new process by
uploading the XPDL file description into the
system (Figure 6). IBM DB2-Express C is
employed to save that XPDL file description
because IBM DB2 can manage XML data. The
list of processes that are used in this application
are taken from the MIT Process Handbook and
ERP Books [10].

Result:
Stock_Status
Credit_Status
Partial_Ship_Status
No_Of_Stocked_Items
Customer_Name
Product_Name
Order_Quantity
No_Of_Items_To_Produce

From the results above, by exploiting
XQuery , the users can search processes easily in
the XPDL business process description. One of
the limitations of searching a process in the
XML file structure is that we often look and
depend on the activity’s name or identifier, for
example when we want to find ―what is the sub
process of selling a car which involves
invoice?‖, then, to answer that question we need
to look to the attribute name inside the
<activity> element and <DataField>
element.
In addition, using XQuery raises an issue
about the quality of search result such as
searching in the XPDL business process
description whether it has a text in some XML
element which contains the keyword entered by
the users (fn:contains and fn:substring).
For example, when we are looking for the term
―owe‖, the result can be a process that has the
word ―power‖ which is not related to what the
user is looking for. Fortunately, this can be
alleviated by full-text XQuery [18].
V. OUR SYSTEM
Our system allows users to store, manage,
share, retrieve and query (and possibly execute)
business processes. The processes are described
in an executable XML-based language namely
XPDL. We choose XPDL (instead of YAWL or
BEPL), yet the system also offers some
translator module whenever possible. The query
language for the system is XQuery.

Figure 4. Search User Interface

Figure 5. Search Result User Interface

Figure 6. Add New Process User Interface

VI. CONCLUSION
VI.1. SUMMARY OF CONTRIBUTIONS
We have designed and implemented the
prototype of an XML-based Process handbook.
This new process handbook leverages XML
technologies and languages together with the
XML-based standards for business process
description and execution (XPDL, BEPL,
YAWL) to realize a system that help users to
store, manage, share, retrieve, query and possibly
execute business processes.

We demonstrated the validity and potential of
our approach by populating our database with a
set of business processes descriptions for
Information students studying business process
management. We showed that the relevant
students' questions can be submitted to the
system in using XQuery and the relevant
answers can be returned. The system thus
constitutes the knowledge base as originally
envisioned by the process handbook authors
while it does manage descriptions in standard
and executable form. XQuery also gives the
possibility to provide API (in place of ad hoc
hard-wired interfaces).
VI.2. FUTURE WORK
There are still several issues that need to be
addressed to provide a complete and
immediately practical framework.
1. We first need to study the possibility of
hybrid queries that combine the
structural aspects that we have
illustrated here with content search
(keyword and other information
retrieval type of queries), for example
by conducting XQuery Full-Text.
2. We also need to incorporate the
generalization
and
specialization
concept in the design and the
corresponding mechanisms in the query
language in order to provide the user
with the full exploratory capabilities.
We are looking at the formalization of a
process algebra with generalization for
the purpose of defining the necessary
extensions to the data structures and
query language.
APPENDIX
A. Questions related with sub processes or
process
1. What is the first sub process of the ―X (e.g.,
recruitment)‖ process?
Procedure:
Querying the first attribute in the activities
element by defining the package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[lower-case(@Id)=lowercase("recruitment")]/WorkflowProcesses/Workfl
owProcess/Activities/Activity/@Name)[1]
return $y;

Result:
Communicate_need

2. How many sub processes which are involving
―Z (e.g., Customer_Name)‖ in the ―X (e.g., sales
order processing)‖ process?
Procedure:
Querying the activities element by defining the
package element and then count the result
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
let
$y
:=
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[lower-case(@Id)=lowercase("Sales_Order_Processing")]/WorkflowProce
sses/WorkflowProcess/Activities/Activity[Exte
ndedAttributes/ExtendedAttribute/lowercase(@Value)=lower-case("Customer_Name")
or
Implementation/SubFlow/ActualParameters/Actua
lParameter/lower-case(text())=lowercase("Customer_Name")]/@Name)
return
count($y);

Result:
8

3. What is the order of sub process ―Y (e.g.,
interview)‖ in the ―X (e.g., recruitment)‖
process?
Procedure:
Querying the activities attribute by defining the
package element and sub process name, then find
that sub process index
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0"; for $y in
fn:index-of(fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[@Id="recruitment"]/WorkflowProcesses/Wor
kflowProcess/Activities/Activity/@Name),'inte
rview') return $y;

Result:
6

4. What is the output of sub process ―Y (e.g.,
interview)‖ in the ―X (e.g., recruitment)‖
process?
Procedure:
Select the next activities’ name after interview
process by defining the package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
let $y := fn:index-of(fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[@Id="recruitment"]/WorkflowProcesses/Wor
kflowProcess/Activities/Activity/@Name),'inte
rview')
for
$z
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac

kage[@Id="recruitment"]/WorkflowProcesses/Wor
kflowProcess/Activities/Activity/@Name)[disti
nct-values($y)+1] return $z;

Result:
select candidates

5. What is the input of sub process ―Y (e.g.,
interview)‖ in the ―X (e.g., recruitment)‖
process?
Procedure:
Select the activities’ name before interview
process by defining the package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
let $y := fn:index-of(fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[@Id="recruitment"]/WorkflowProcesses/Wor
kflowProcess/Activities/Activity/@Name),'inte
rview')
for
$z
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[@Id="recruitment"]/WorkflowProcesses/Wor
kflowProcess/Activities/Activity/@Name)[disti
nct-values($y)-1] return $z;

Result:
develop short list candidate

6. What is the function of sub process ―Y (e.g.,
check stock)‖ in the ―X (e.g., sales order
processing)‖ process?
Procedure:
Select the description element of check stock
process by defining the package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[@Id="Sales_Order_Processing"]/WorkflowPr
ocesses/WorkflowProcess/Activities/Activity[@
Name="check
stock"]/Description/text())
return $y;

Result:
Check the stock status of ordered product.
Fill the variable Stock_Status with:
- "ALL" If there are enough items on stock,
- "PARTIAL" - if there are some stocked items
(but not enough)
- "NONE" - if there are no any stocked item

7. What is the flow of the ―X (e.g., recruitment)‖
process?
Procedure:
Select the workflow process element by defining
the package element

xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0"; for $y in
db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[lower-case(@Id)=lowercase("recruitment")]/WorkflowProcesses/Workfl
owProcess return $y;

Result:
<?xml
version="1.0"
encoding="UTF-8"
standalone="no"?>
<Package
xmlns="http://www.wfmc.org/2002/XPDL1.0"
xmlns:xpdl="http://www.wfmc.org/2002/XPDL1.0"
xmlns:xsi="http://www.w3.org/2001/XMLSchemainstance"
Id="payroll"
Name="payroll"
xsi:schemaLocation="http://www.wfmc.org/2002/
XPDL1.0
http://wfmc.org/standards/docs/TC1025_schema_10_xpdl.xsd">
<PackageHeader>
<XPDLVersion>1.0</XPDLVersion>
<Vendor>Together</Vendor>
<Created>2009-07-27
14:05:25</Created>
</PackageHeader>
<Participants>
<Participant
Id="acc"
Name="Accounting">
<ParticipantType
Type="ORGANIZATIONAL_UNIT"/>
</Participant>
</Participants>
<WorkflowProcesses>
<WorkflowProcess
Id="payroll_wp1"
Name="payroll_wp1">
<ProcessHeader>
<Created>2009-07-27
14:05:49</Created>
</ProcessHeader>
<Activities>
<Activity
Id="cre"
Name="calculate renumeration element">
<Performer>acc</Performer>
</Activity>
<Activity
Id="csvd"
Name="count
statutory
and
voluntary
deductions">
<Performer>acc</Performer>
</Activity>
<Activity
Id="pap"
Name="process automatically payroll">
<Performer>acc</Performer>
</Activity>
</Activities>
<Transitions>
<Transition
From="cre"
Id="payroll_wp1_tra1" To="csvd"/>
<Transition
From="csvd"
Id="payroll_wp1_tra2" To="pap"/>
</Transitions>
</WorkflowProcess>
</WorkflowProcesses>
</Package>

B. Questions related with performer or
participant of certain process/sub process

1. Who is the performer of the ―X (e.g.,
recruitment)‖ process?

Result:

Procedure:
Find the Performer element by defining the
package element

3. What external package which is used in
executing the ―X‖ process?

xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[@Id="recruitment"]/WorkflowProcesses/Wor
kflowProcess/Activities/Activity/Performer/te
xt()) return $y;

Result:
Rd
hr
app
hrc

C. Questions related with variables involved
in certain process/sub process
1. What is the initial value of variable ―Z (e.g.,
Credit_Status)‖ in the ―X (e.g., sales order
processing)‖ process?
Procedure:
Find the initial value in the data field element by
defining the package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[@Id="Sales_Order_Processing"]/WorkflowPr
ocesses/WorkflowProcess/DataFields/DataField[
@Id="Credit_Status"]/InitialValue) return $y;

Result:
NOT_OK

2. What is the type of variable ―Z (e.g.,
Order_Quantity)‖ which is used in the ―X (e.g.,
sales order processing)‖ process?
Procedure:
Find the attribute type in the data field element by
defining the package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[lower-case(@Id)=lowercase("Sales_Order_Processing")]/WorkflowProce
sses/WorkflowProcess/DataFields/DataField[low
er-case(@Id)=lowercase("Order_Quantity")]/DataType/BasicType/@T
ype) return $y;

INTEGER

Procedure:
Select the external package element by defining
the package element
xquery declare default element namespace
"http://www.wfmc.org/2002/XPDL1.0";
for
$y
in
fn:distinct-values(db2fn:xmlcolumn('XPDL_PROCESS.PROCESS_DESC')/Pac
kage[lower-case(@Id)=lowercase("Sales_Order_Processing")]/ExternalPacka
ges/ExternalPackage/@href) return $y;

Result:
Participant_Repository.xpdl
Application_Repository.xpdl
Process_Repository.xpdl
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Abstract - We propose a simplified method for
measuring the maturity levels of an organization’s
information technology (IT) processes that is
based on IT Governance Institute’s COBIT
(Control Objectives for Information and Related
Technology) framework. The method is designed
for quickly assessing an organization’s IT process
maturity in situations where the availability of
information for a more thorough assessment
method is very limited. To investigate the
accuracy of the proposed method, we evaluate the
consistency between the result of the IT process
maturity assessment of an organization and the
conditions reported by the organization as
impediment to the achievement of its IT goals. The
underlying assumption is that a condition that is
perceived by an organization as a problem will
drive the organization to develop a process that
can effectively deal with the condition. We show
that there is good enough consistency to support
the use of the proposed maturity assessment
method.
I. INTRODUCTION

T

HIS research is aimed at measuring the
effectiveness of a simplified information
technology (IT) process maturity assessment method
by comparing the result of the maturity assessment of
an organization’s IT processes with the actual
problems faced by the organization that are supposed
to be solved by the IT processes. The problems that
we investigate are pertinent to the execution of the
organization’s IT plan. This approach is based on an
assumption that an organization will put in place a
control mechanism to deal with a condition perceived
by the organization as a problem. The more concerned
an organization about a problem the more mature its
process that embeds a control mechanism to deal with
the problem.

II. IT PLAN EXECUTION
IT planning is among the top ten essential processes
that constitute the minimum baseline for optimal IT
governance [9]. This process is one of the core
processes for ensuring that business’ strategic and
tactical plans are aligned with IT strategies and tactical
plans, and vice versa. For an organization to be
effective in governing its IT, it must have a plan that
serves as guidance to various IT-related decisions that
the organization must take. The IT plan should lay out
the strategic direction for the development, the
architectural blueprint, and the implementation
roadmap of the organization’s IT. However, having an
IT plan is just one part of the journey toward aligning
IT with business, another part that is more challenging
is executing the plan successfully. Executing an IT
plan involves making decisions about resource
allocation, risk assessment and mitigation, and
organizational change, among other things.
In this research we collect data about the
unfavorable conditions that are perceived as
impediment by an organization in executing its IT
plan. Ideally, most of such unfavorable conditions can
be dealt with using IT governance control
mechanisms. Such controls are typically embedded
within organization’s IT processes such as planning &
organization, acquiring & implementation, delivery &
support, and monitoring & evaluation processes [4].
We assume that the degree of effectiveness of such
controls correlates with the organization’s level of
awareness of the impeding conditions.
This research was conducted through case studies at
two government institutions at the level of directorate
general (one level below ministry/state- department)
within the government of Republic of Indonesia.
Because we were requested not to disclose the names
of the organizations, we will call them Organization-A
and Organization-B. Each of the IT plans was
developed through a number of stakeholders meeting
sessions to assure that the plan has been given
collective approval and support by the stakeholders of
the organization. Unfavorable conditions that are

perceived as impediments to the execution of IT plan
were identified from statements elicited through
interviews with the head of IT division at each of the
organizations. The respondents were asked with the
following question:
Based on your organization’s experience up until
now, were there any problems faced by your
organization in executing its IT plans? If yes, what
were they?
We then extracted the issue statements from the
answers and summarized statements that represent the
same issue.
III. MATURITY ASSESSMENT
According to the Information Technology
Governance Institute (ITGI), IT governance is the
responsibility of executives and the board of directors,
and consists of the leadership, organizational
structures and processes that ensure that the
enterprise’s IT sustains and extends the organization’s
strategy and objectives [5]. As the governance of IT
typically covers a broad scope of activities, it can be
helpful to conceptualize the application of IT
governance to an organization’s day-to-day activities
in terms of business processes. Three of the most
prominent process frameworks, according to Betz [1],
are the Capability Maturity Model Integration or
CMMI [2], the ITGI’s Control Objectives for
Information and related Technology or COBIT [4],
and the OGC’s Information Technology Infrastructure
Library or ITIL. These frameworks include some sort
of capability maturity model components [6].
The central concept behind a maturity model is the
notion that it is possible to evaluate the maturity of
various processes based on a hierarchical scale.
Although numerous maturity models exist, what they
have in common is the idea that it is possible to view
organizational development as a continuum of stages
that organizations pass through as their processes go
from immaturity to maturity [8]. Despite minor
differences in terminology, all models begin with a
Level Zero (process nonexistent) or Level One (initial
process), continuing on with Level Two (repeatable
process), Level Three (defined process), Level Four
(managed process), and Level Five (optimized
process). De Haes and Van Grembergen see the value
of a maturity model as a tool that offers an easy-tounderstand way to determine the as is and to be
positions and enables the organization to benchmark
itself against best practices and standard guidelines. In
this way, gaps can be identified and specific actions
can be defined to move toward the desired level of
strategic alignment/governance maturity [3].
The COBIT framework focuses on process control
in that it positions itself as a methodology that enables

organizations to manage IT governance processes, and
in particular, to conduct audits. COBIT is often
characterized as a set of control objectives and
management guidelines that organizations can apply to
any of the 34 IT processes that the IT Governance
Institute has identified [7]. In addition to the control
objectives, CobiT also features critical success factors,
as well as a six-level maturity model that organizations
can use to implement IT governance functions. As
stated in COBIT 4.1 documentation, determining what
the desired state is for the maturity of any of the IT
process areas (capability) depends primarily on the
return on investment that an organization seeks.
In this research, we measure the maturity of an
organization’s IT governance controls embedded in IT
processes using a simplified assessment method based
on COBIT 4.1. The motivation behind the
development of the simplified assessment method is
that it is much easier for stakeholders in the
organization to understand, and thus, it is much easier
for the assessor and the organization’s stakeholders to
agree on the maturity level of the organization’s IT
processes. The maturity of each process in each of the
four COBIT domains, i.e., Plan & Organize (PO),
Acquire & Implement (AI), Deliver & Support (DS),
and Monitor & Evaluate (ME), was scored using the
standard CMM (the Software Engineering Institute’s
Capability Maturity Model)-based process maturity,
ranging from 0 to 5. The proposed method uses a
checklist that we developed based on the COBIT 4.1
process maturity model to rate the maturity of an IT
process using the criteria as shown in Table I.
TABLE I
CRITERIA FOR EACH IT PROCESS MATURITY LEVEL

Maturity
Level
0

Category

1

Nonexistent
Ad hoc

2

Repeatable

3

Defined

4

Managed

5

Optimized

Criteria
No such a process exists
The process is performed
incidentally without any
standard
The process is performed
routinely but undocumented
The process is performed
routinely according to some
documented standard
The process is performed
routinely according to some
documented standard and
measured
The process is performed
routinely according to some
documented standard,
measured, and continuously
improved

To assess the maturity of an IT process, the following
question-answer session is conducted with the
respondent:

Step 1: Describe the output of the process.
Step 2 : Ask whether such output has ever been
produced by the organization. If none then the
maturity level is 0, otherwise go to step 3.
Step 3 : Ask when or how many times such output
was produced by the organization. If not regularly
(on every similar occasion) then the maturity level is
1, otherwise go to step 4.
Step 4 : Ask how (what activities performed) the
output is produced by the organization. If there is no
formal policy or guideline as to when and how it is
to be performed then the maturity level is 2,
otherwise go to step 5.
Step 5: Ask how the quality of the output or the
effectiveness of the activities is measured by the
organization. If there is no such measurement then
the maturity level is 3, otherwise go to step 6.
Step 6: Ask whether and how the activities that
produce the output have been improved overtime. If
there is no such improvement then the maturity level
is 4, otherwise go to step 7.
Step 7: Assign the process’ maturity level to 5.
In analyzing the links between the process maturity
and the conditions perceived as impediment to the
execution of IT plan, we use COBIT 4.1 mapping of
the IT processes to organization IT goals. The
underlying assumption is that the purported impeding
conditions were stated in the context of some aspects
in the organization’s IT plan implementation, and such
aspects can be stated as the organization’s IT goals.
The COBIT 4.1 IT goals to IT process mapping is as
shown in Table II.
TABLE II
COBIT’S MAPPING BETWEEN IT GOALS AND IT PROCESSES

No
1

2

3

4
5
6

7

8

IT Goal
Respond to business requirements
in alignment with the business
strategy
Respond to governance
requirements in line with board
direction
Ensure satisfaction of end users
with service offerings and service
levels
Optimise the use of
information.
Create IT agility.
Define how business functional and
control requirements are translated
in effective and efficient automated
solutions.
Acquire and maintain integrated
and standardised application
systems
Acquire and maintain an integrated
and standardised IT infrastructure

Supporting
Processes
PO 1, PO 2,
PO 4, PO10,
AI 1, AI 6, AI
7, DS 1, DS3,
ME11, PO 4,
PO
PO10, ME 1,
ME
4
PO 8, AI 4,
DS 1, DS 2,
DS 7, DS 8,
DS10,
DS13
PO 2, DS11
PO 2, PO 4,
PO 7, AI 3
AI 1, AI 2, AI 6

PO 3, AI 3, AI
5
AI 3, AI 5

Acquire and maintain IT skills that
respond to the IT strategy.
Ensure mutual satisfaction of thirdparty relationships.
Ensure seamless integration of
applications into business processes.

PO 7, AI 5

12

Ensure transparency and
understanding of IT cost, benefits,
strategy, policies & service levels

PO 5, PO 6, DS
1, DS 2, DS 6,
ME 1, ME 4

13

Ensure proper use and performance
of the applications and technology
solutions.

PO 6, AI 4, AI
7, DS 7, DS 8

14

Account for and protect all
IT assets.

15

Optimise the IT infrastructure,
resources and capabilities.
Reduce solution and service delivery
defects and rework.
Protect the achievement of
IT objectives.
Establish clarity of business impact
of risks to IT objectives and
resources
Ensure that critical and confidential
information is withheld from those
who should not have access to it.
Ensure that automated business
transactions and information
exchanges can be trusted.
Ensure that IT services and
infrastructure can properly resist
and recover from failures due to
error, deliberate attack or disaster.
Ensure minimum business impact
in the event of an IT service
disruption or change.
Make sure that IT services are
available as required.
Improve IT’s cost-efficiency and its
contribution to business
profitability.
Deliver projects on time and on
budget, meeting quality standards
Maintain the integrity of
information and processing
infrastructure

PO 9, PO 9,
DS 5, DS 9,
DS12, ME
2 3, AI 3, DS
PO
3, DS 7, DS 9
PO 8, AI 4, AI
6, AI 7, DS10
PO 9, DS10,
ME
2
PO9

9
10
11

16
17
18

19

20

21

22

23
24

25
26

27

Ensure IT compliance with laws,
regulations and contracts.

28

Ensure that IT demonstrates costefficient service quality, continuous
improvement and readiness for
future change.

DS2
PO 2, AI 4, AI
7

PO 6,
DS 5,
DS11,
DS12
PO 6, AI 7, DS
5
PO 6, AI 7,
DS 4, DS 5,
DS12, DS13,
ME 2
PO 6, AI 6,
DS 4, DS12
DS 3, DS 4,
DS 8, DS13
PO 5, DS 6

PO 8, PO10
AI 6, DS 5

DS11, ME 2,
ME
3, ME 4
PO 5, DS 6,
ME
1, ME 4

Using the simplified checklist, we obtained the
maturity levels of Organization-A and OrganizationB’s IT processes. Table III shows the maturity scores
of both organizations’ IT processes.

TABLE III
THE MATURITY LEVEL SCORES OF ORGANIZATION-A
AND ORGANIZATION-B’S IT PROCESSES
Maturity Level

Process

PO 1 Define a Strategic IT Plan
PO 2 Define the Information
Architecture
PO 3 Determine Technological
Direction
PO 4 Define the IT Processes,
Organisation and Relationships
PO 5 Manage the IT Investment
PO 6 Communicate Management
Aims and Direction
PO 7 Manage IT Human
Resources
PO 8 Manage Quality
PO 9 Assess and Manage IT Risks
PO10 Manage Projects
AI 1 Identify Automated Solutions
AI 2 Acquire and Maintain
Application Software
AI 3 Acquire and Maintain
Technology Infrastructure
AI 4 Enable Operation and Use
AI 5 Procure IT Resources
AI 6 Manage Changes
AI 7 Install and Accredit Solutions
and Changes
DS 1 Define and Manage Service
Levels
DS 2 Manage Third-party Services
DS 3 Manage Performance and
Capacity
DS 4 Ensure Continuous Service
DS 5 Ensure Systems Security
DS 6 Identify and Allocate Costs
DS 7 Educate and Train Users
DS 8 Manage Service Desk and
Incidents
DS 9 Manage the Configuration
DS10 Manage Problems
DS11 Manage Data
DS12 Manage the Physical
Environment
DS13 Manage Operations
ME 1 Monitor and Evaluate IT
Performance
ME 2 Monitor and Evaluate
Internal Control
ME 3 Ensure Compliance With
External Requirements
ME 4 Provide IT Governance

Org. A
3
3

Org. B
3
3

3

3

3

3

2
2

3
2

2

3

2
2
2
2
3

1
4
3
3
1

3

2

3
3
2
3

3
2
1
1

1

2

1
1

1
1

2
2
3
3
2

2
2
0
1
2

2
3
3
2

2
3
1
1

2
1

2
2

1

2

1

1

1

3

amount of data sent by all state departments and other
non-departmental government institutions in the
country. Organization-B is the inspectorate general of
the department/ministry. Organization-A has made use
of IT extensively, and according to the current IT plan,
the reliance on IT by the organization business
processes will increase significantly. As for
Organization-B, it has only recently started to employ
organization-wide IT systems.
Table IV lists the issues raised by the respondent at
Organization-A regarding the execution of the
organization’s IT plan.
TABLE IV
ISSUES THAT ARE PERCEIVED AS IMPEDIMENTS TO IT PLAN
EXECUTION BY ORGANIZATION-A

No
A-1

A-2

A-3

A-4

A-5

IV. UNFAVORABLE CONDITIONS
Organization-A and Organization-B are two
government
institutions
under
a
state
department/ministry of the government of Republic of
Indonesia. Organization-A routinely processes a large

Issue
Not enough
technical skill and
knowledge to
translate items in the
IT plan into
technical
requirement.
Not enough skill and
knowledge to
effectively manage
relationship with
suppliers/contractors
to assure the delivery
of intended results.
Resistance of
business users to
potential changes in
business processes
caused by the
implementation of
new IT systems.
Changes in currency
exchange rate can
render the approved
budget insufficient
to achieve the
implementation
target.

Case
Acquired technology does
not fit with the business
need that drives the
acquisition due to
insufficient feasibility
analysis.

Not enough skill and
experience in using
IT plan as a
reference to guide IT
decisions.

Different interpretations
about how and in what
priority ordering the IT plan
should be implemented
undermine the unity of the
implementation efforts.

Many bad experiences
with suppliers/contractors
lead to organization’s
reluctance in seeking
external expert assistance.

Business users are skeptical
about how their business
processes can be made
more
efficient through the use of
IT.
Most equipment prices are
in US dollar. A proposed IT
budget item was approved
using an exchange rate lower
than the rate at the time of
the implementation. As a
result, the budget is no
longer enough to deliver the
target of the implementation.

Table V lists IT plan execution issues raised by
Organization-B.

TABLE V
ISSUES THAT ARE PERCEIVED AS IMPEDIMENTS TO IT PLAN
EXECUTION BY ORGANIZATION-B.

No
B-1

B-2

Issue
Not enough skill and
knowledge to
effectively manage
relationship with
suppliers/contractors to
assure the delivery of
intended results.
The regulation for
government
procurement requires
complicated legal
conditions that hinder
many technically
competent bidders to
participate.

Case
Some contractors
failed to deliver the
intended IT projects
results which caused
major adjustments to
the IT plan’s
schedule.
A number of
procurement
processes resulted in
contract winners that
were not competent
enough to deliver the
intended results.

V. ANALYSIS

goal, except for organization-A’s goal no. 6 where the
capability score is 2.33. Both organizations have high
scores in their capability to manage and procure
suppliers/contractors (IT goal no. 9) and both
organizations
view
that
dealing
with
suppliers/contractors was an issue in the execution of
their IT plans.

Fig. 1. The scores of Organization-A’s capability in
achieving IT goals

The IT plan execution issues can be said to impede
the attainment of the organizations’ certain IT goals.
The relevant COBIT’s IT goals that are affected by the
issues are identified as shown in Table VI.
TABLE VI
ISSUES THAT ARE PERCEIVED AS IMPEDIMENTS TO IT PLAN
EXECUTION BY ORGANIZATION-A

A-1

IT
Goal
6

A-2
A-3
A-4

9
13
24

A-5

24

B-1
B-2

9
9

Issue

Needed Capability
Translating business requirements into
IT capability
Managing suppliers/contractors
Educating end users
Managing IT investment based on IT
contribution
Understanding IT contribution to
business effectiveness
Managing suppliers/contractors
Selecting competent
suppliers/contractors

By taking the average maturity level score of
processes that support an IT goal, according to
COBIT’s IT processes to IT goals mapping, we
obtained a score that represents each organization’s
capability of achieving the IT goals. Figure 1 and
Figure 2 show the capability scores in attaining the IT
goals of Organization-A and Organization-B,
respectively. IT goal numbers that are of interest with
regard to the identified IT plan execution issues are
marked with asterisks.
We compare the organizations’ capability to attain
the IT goals and the IT goals that are identified as
having issues to analyze whether they are consistent.
As shown in Figure 1 and Figure 2, an organization
whose IT plan executions issues identified as
impediments to the attainment of an IT goal has a
capability score of 2.5 (repeatable toward defined
according to some standard) or higher to achieve the

Fig. 2. The scores of Organization-B’s capability in
achieving IT goals

VI. CONCLUSION
From the results of this study we can draw a
conclusion - which cannot be generalized but, at least,
applies to the organizations that we studied - that for
the organizations to overcome their issues in executing
their IT plans they had to improve the maturity levels
of the relevant IT processes higher than level 2
(repeatable). In the case IT goal no. 6 for organizationA, the average maturity level of IT processes relevant
to achieving the goal is slightly lower than those of the
other IT goals. This is due to the longer time required
by the organization to train its staff in system analysis
skills of which the organization is currently (as of this
writing) lacking.

It can be stated that the results of the study has
demonstrated the viability of the proposed simplified
IT process maturity assessment method, as it produced
indications of an organization’s control strengths that
correspond with conditions that were perceived as
problems by the organization.
In this study, we have not taken into consideration

the interrelationships among IT goals. A further study
is required to look into such interrelationships.
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Abstract—Having an information technology
(IT) plan is a minimum baseline for optimal IT
governance. But, creating a plan is only one
problem, executing it poses even more challenging
problems. In this research, we investigate the
correlation between an organization’s IT plan and
the organization’s IT governance maturity level.
We show that, on one hand, executing an IT plan
requires a certain IT governance maturity level, on
the other hand, the experience of executing an IT
plan drives the organization IT governance
maturity level. We compare the situations in two
government institutions and found indications that
the organization with an ambitious IT plan has
more mature IT governance than the other whose
IT plan is relatively modest. The results suggest
that an effective IT plan should include plans for
the development of IT governance mechanisms
relevant to the goals that the plan is intended to
achieve, and the plan’s implementation schedule,
also known as the IT roadmap, should take into
consideration the growth of the IT governance
mechanisms’ maturity levels.
I. INTRODUCTION

I

nformation Technology (IT) planning is among the
top ten essential processes that constitute the
minimum baseline for optimal IT governance [10].
This process is one of the core processes for ensuring
that business’ strategic and tactical plans are aligned
with IT strategies and tactical plans, and vice versa.
For an organization to be effective in governing its IT,
it must have a plan that serves as guidance to various
IT-related decisions that the organization must take.
The IT plan should lay out the strategic direction for
the development, the architectural blueprint, and the
implementation roadmap of the organization’s IT.
However, having an IT plan is just one part of the
journey toward aligning IT with business, another part
that is more challenging is executing the plan
successfully. Executing an IT plan involves making
decisions about resource allocation, risk assessment
and mitigation, as well as organizational change,

among other things. Processes and structures that
govern such decision making are within the domain of
IT governance.
In this research, we investigate the interrelationship
between the characteristics of an organization’s IT
plan and the organization’s IT governance maturity
level. The motivation behind this investigation is to
collect case-based data that supports our hypothesis
that an organization IT governance maturity is closely
tied with the organization’s plan for its IT. More
specifically, the judgment whether an organization IT
governance is mature enough or not is relative to the
nature of the organization’s IT plan. In addition, we
are also interested in finding out whether a more
ambitious IT plan drives an organization toward a
higher IT governance maturity level, through the
experience gained by the organization in embarking on
such an ambitious, and typically riskier, IT plan. We
believe that this provides further support for the
interrelationship between an organization’s IT plan
and its IT governance maturity level.
This research was conducted through case studies at
two government institutions at the level of directorate
general (one level below ministry/state- department)
within the government of Republic of Indonesia. The
institutions requested that their institution names not to
be disclosed.
II. LITERATURE REVIEW
According to the Information Technology
Governance Institute (ITGI), IT governance is the
responsibility of executives and the board of directors,
and consists of the leadership, organizational
structures and processes that ensure that the
enterprise’s IT sustains and extends the organization’s
strategy and objectives [6]. As the governance of IT
typically covers a broad scope of activities, it can be
helpful to conceptualize the application of IT
governance to an organization’s day-to-day activities
in terms of business processes. Three of the most
prominent process frameworks, according to Betz [1],
are the Capability Maturity Model Integration or
CMMI [2], the ITGI’s Control Objectives for

Information and related Technology or COBIT, and
the OGC’s Information Technology Infrastructure
Library or ITIL. These frameworks include some sort
of capability maturity model components [7].
The central concept behind a maturity model is the
notion that it is possible to evaluate the maturity of
various processes based on a hierarchical scale.
Although numerous maturity models exist, what they
have in common is the idea that it is possible to view
organizational development as a continuum of stages
that organizations pass through as their processes go
from immaturity to maturity [9]. Despite minor
differences in terminology, all models begin with a
Level Zero (process nonexistent) or Level One (initial
process), continuing on with Level Two (repeatable
process), Level Three (defined process), Level Four
(managed process), and Level Five (optimized
process). De Haes and Van Grembergen see the value
of a maturity model as a tool that offers an easy-tounderstand way to determine the as is and to be
positions and enables the organization to benchmark
itself against best practices and standard guidelines. In
this way, gaps can be identified and specific actions
can be defined to move toward the desired level of
strategic alignment/governance maturity [3].
The COBIT framework focuses on process control
in that it positions itself as a methodology that enables
organizations to manage IT governance processes, and
in particular, to conduct audits. COBIT is often
characterized as a set of control objectives and
management guidelines that organizations can apply to
any of the 34 IT processes that the IT Governance
Institute has identified [8]. In addition to the control
objectives, COBIT also features critical success
factors, as well as a six-level maturity model that
organizations can use to implement IT governance
functions. As stated in COBIT 4.1 documentation,
determining what the desired state is for the maturity
of any of the IT process areas (capability) depends
primarily on the return on investment that an
organization seeks.
III. RESEARCH APPROACH
This research can be categorized as case-based
study which focuses on describing conditions relevant
to the research question that are specific to the
organization where the study is conducted. As
mentioned in the introduction, two organizations were
chosen as the subjects of the study. Because we were
requested not to disclose the names of the
organizations, we will call the two institutions
Organization-A and Organization-B. Organization-A
and organization-B developed their IT plans in 2008
and 2007, respectively. Each of the IT plans was
developed through a number of stakeholders meeting
sessions to assure that the plan has been given input,

collective approval and support by the stakeholders of
the organization.
Our investigation into the links between IT plan and
IT governance maturity proceeds in a number of steps.
First, we identify the IT processes that are necessary to
assure the effectiveness of the IT plan’s
implementation. This is done by means of COBIT’s IT
goal to IT processes mapping table [4]. For each IT
development program in the IT plan, we identify the
relevant IT goal or goals that the program is intended
to achieve. An IT development program is an initiative
that consists of one or more IT related projects. From
the list of IT goals, we then identify the relevant IT
processes based on the COBIT’s mapping table.
Next, we measure the maturity level of the
organization’s relevant IT processes identified in the
earlier step. The IT process maturity of each
organization is measured using a simplified checklist
that we developed based on the COBIT 4.1 process
maturity model [11]. The maturity of each process in
each of the four COBIT domains, i.e., Plan &
Organize (PO), Acquire & Implement (AI), Deliver &
Support (DS), and Monitor & Evaluate (ME), is
scored using the standard Software Engineering
Institute’s CMM-based process maturity [2], ranging
from 0 to 5. The reason why we use a simplified
checklist rather than a more elaborate scoring system
is that the list is much easier for stakeholders in the
organization to understand, and thus, it is much easier
for us and the organization’s stakeholders to agree on
the maturity level of the organization’s IT processes.
The simplified checklist rates the maturity of an IT
process using the criteria as shown in Table 1.
From the result, we look for any indications that
each organization defines its IT development
programs which executions require IT processes that
are relatively mature.
To support our hypothesis that the organizations’
past experience drove the organizations’ IT
governance maturity level, we ask the organizations
about the major risks that they perceive could impede
the implementation of their IT plans. Risks, including
the risk of not delivering values to the organization,
are the main drivers in the implementation of IT
governance [5]. We identify the risks through
interviews with the head of IT division at each of the
organizations by asking about the conditions that are
perceived as impediments to the execution of the
organization’s IT plan. The respondents were asked
with the following question:
Based on your organization’s experience up until
now, what are the major risks in executing the
current IT plans?
We then extracted the risk statements from the answers
and consolidated risk statements that represent the
same type of risk. For each of the risks, we identify IT

process or processes that embed controls to mitigate
the risk. From the result, we identify whether the
awareness of the risks coincides with the relatively
high maturity level of the IT processes that control the
risks.
TABLE 1
CRITERIA FOR EACH IT PROCESS MATURITY LEVEL.

Maturity
Level
0
1

Category

Criteria

Nonexistant
Ad hoc

2

Repeatable

3

Defined

4

Managed

5

Optimized

No such a process exists
The process is performed
incidentally without any
standard
The process is performed
routinely but undocumented
The process is performed
routinely according to some
documented standard
The process is performed
routinely according to some
documented standard and
measured
The process is performed
routinely according to some
documented standard,
measured, and continuously
improved

IV. RESULTS
The organizations’ IT plans contain IT development
programs ranging from IT infrastructure development,
application development, business intelligence
capability development, to IT organization and human
resource development. For each IT goal defined in
COBIT 4.1 we identify the organizations’ IT
development program or programs whose objectives
match with the IT goal. The result is shown in Table 2.
Note that, as IT plans are designed to address each
organization’s specific needs, not all of the IT goals
have matching IT development programs. Also, it so
happens that organization-B’s IT development
programs constitute a subset of organization-A’s IT
development programs, hence the empty rows in the
“B’s program” column.

TABLE 2
MAPPING OF ORGANIZATION-A AND ORGANIZATION-B’S
IT DEVELOPMENT PROGRAMS TO COBIT 4.1 IT GOALS.

IT Goal
Optimise
the use of
information (goal
4).

IT
Processes
PO 2,
DS11

A’s
Program
Development
of data
management
applications
and common
master data
for
applications
Development
of
applications
that
improves
accountability

B’s
Program
Development
of datawarehouse and
OLAP-based
applications

Define
how
business
functional
and
control
requirements are
translated
in
effective
and
efficient
automated
solutions
(goal 6).

AI 1, AI
2, AI 6

Acquire
and
maintain
an
integrated
and
standardised IT
infrastructure
(goal 8).

AI 3, AI 5

Upgrading of
data center
and network
infrastructure,
standardizetion of
desktop

Upgrading of
infrastructure
capacity

Acquire
and
maintain
IT skills
that
respond
to the IT
strategy
(goal 9).

PO 7, AI
5

Development
of IT staff’s
managerial
skills

Development
of IT staff’s
managerial
skills

Ensure
proper
use and
performa
nce of the
applications and
technology
solutions
(goal 13).

PO 6, AI
4, AI 7,
DS 7, DS
8

Training of
applications
users,
development
of training
centers

IT Goal
Optimise
the IT
infrastructure,
resources
and
capabilities (goal
15).
Reduce
solution
and
service
delivery
defects
and
rework
(goal 16).
Ensure
that
critical
and
confidential information is
withheld
from
those who
should
not have
access to
it (goal
19).
Ensure
that IT
services
and infrastructure
can
properly
resist and
recover
from
failures
due to
error,
deliberate
attack or
disaster
(goal 21).

IT
Processes
PO 3, AI
3, DS 3,
DS 7, DS
9

A’s
Program
Acquisition
of
centralized
infrastructure
management
tools

PO 8, AI
4, AI 6,
AI 7,
DS10

Development
of a standard
application
development
quality
assurance

PO 6, DS
5, DS11,
DS12

Network
security
improvement

B’s
Program

Fig. 1a. The maturity levels of the organization-A’s IT processes.
Maturity levels indicated with dark bars are those of IT processes
relevant to the organization’s planned IT development programs.

Fig. 1b. The maturity levels of the organization-B’s IT processes.
Maturity levels indicated with dark bars are those of IT processes
relevant to the organization’s planned IT development programs.
Note that the maturity level of DS6 is 0 (nonexistant).

PO 6, AI
7, DS 4,
DS 5,
DS12,
DS13,
ME 2

Upgrading of
hardware to
improve
service
continuity

Upgrading of
hardware to
improve
service
continuity

From this mapping, we obtain the relevant IT
processes that each of the organizations must master to
effectively execute their planned IT development
programs. The maturity levels of the relevant
processes for organization-A and organization-B,
respectively, are shown in Figure 1a and 1b. The
maturity levels are measured using the simplified
checklist described earlier.

As can be seen in Figure 1a, organization-A’s IT
plan defines IT development programs that involve
22 IT processes, 20 (91%) of which have maturity
levels of 2 (repeatable) or higher, and 9 (41%) of
which have maturity levels of 3 (defined). For
organization- B (see Figure 1b), 12 IT processes are
involved, 9 (75%) of which have maturity levels of 2
(repeatable) or higher, and 2 (17%) of which have
maturity levels of 3 (defined).
When asked about the potential risks in executing
their IT plans, the answers can be summarized as
shown in Table 3A and 3B for organization-A and
organization-B, respectively. The IT process that best
addresses each of the risks is also shown in the tables
For organization-A, the identified IT plan execution
risks are covered by IT processes (AI 2, AI 5, and DS
7) that are relatively mature, i.e., defined (level 3). For
organization-B, the identified risks are covered by
process AI 5 whose maturity level is repeatable (level
2).

TABLE 3A
IT PLAN IMPLEMENTATION RISKS IDENTIFIED
BY ORGANIZATION- A’S HEAD OF IT DEPARTMENT.

COBIT
Process
AI 2

AI 5

DS 7

Risk

Case

Not enough
technical skill
and knowledge to
translate items in
the IT plan into
technical
requirement.
Not enough skill
and knowledge to
effectively
manage
relationship with
third party IT
service providers/
contractors to
assure the
delivery of
intended results.
Resistance of
business users to
potential changes
in business
processes caused
by the
implementation
of new IT
systems.

Acquired software
technology does not fit
the business need that
drives the acquisition
due to insufficient
feasibility analysis.
Many bad experiences
with third party service
providers/contractors
lead to organization’s
reluctance in seeking
external expert
assistance.

Business users are
skeptical about how
their business
processes can be made
more efficient through
the use of IT.

TABLE 3B
IT PLAN IMPLEMENTATION RISKS IDENTIFIED
BY ORGANIZATION-B’S HEAD OF IT DEPARTMENT.

COBIT
Process
AI 5

COBIT
Process
AI 5

Risk

Case

Not enough skill and
knowledge to
effectively manage
relationship with third
party IT service
providers/ contractors
to assure the delivery
of intended results.

Some contractors
failed to deliver the
intended IT projects
results which caused
major adjustments to
the IT plan’s schedule.

Risk

Case

The regulation for
government
procurement requires
complicated legal
conditions that hinder
many technically
competent bidders to
participate.

A number of
procurement processes
resulted in contract
winners that were not
competent enough to
deliver the intended
results.

V. CONCLUSION
The results suggest that there is a reciprocal
influence between an organization’s IT governance
maturity level and how the organization plans its IT
capability, the more mature its IT governance the more
complex its IT plan, conversely, the experiences
gained from executing an ambitious IT plan provide an
organization with valuable lessons to improve its IT
governance effectiveness. The question is then what
should an organization address first, IT governance

before IT plan or IT plan before IT governance? Our
result indicates that, on one hand, an organization
gains IT governance maturity through exercises
involved in executing its IT plan, on the other hand,
executing a complex IT plan without mature IT
governance is prone to failures. We believe that the
answer is that an organization’s IT plan should include
plans for the development of relevant IT governance
mechanisms. By relevant we mean IT governance
mechanisms that are needed to guard the
implementation of the rest of the IT plan. This
consideration will add more complexity to the
development of the IT roadmap, as IT governance
maturity level becomes another factor in scheduling
the implementation of the IT plan, in addition to the
usual factors such as precedence relation amongst
projects and efforts vs. resources availability
consideration. One possible scenario is for an
organization to schedule its IT plan implementations
starting with projects having risks within levels that
the organization’s IT governance mechanisms can
handle, followed by projects with slightly higher risks
to allow the required IT governance mechanisms to be
exercised and improved to the desired maturity levels,
before embarking further on much riskier IT projects.
Taking this approach, COBIT’s IT goal to IT process
mapping and IT process maturity assessment
guideline, as demonstrated here, can help organizations
plan their IT capability more effectively.
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Abstract— Artificial Intelligence and knowledge
based systems are assuming an increasingly
important role in medicine for assisting clinical staff
in making decision. Multi-agent based medical
diagnosis systems may improve the efficiency of
traditionally developed medical computational
systems like medical expert system. In this paper,
multi-agent based medical diagnosis system is
proposed. Naïve Bayes Classification is used for
selecting the best service provider Agent in order to
solve the problem effectively. Agents solve the
problem coordinately in order to reach the desired
goal. The upper agents perform initiation and
interacting activities with users. The middle agent
acts as broker agent and chooses the desired agent
by using Naïve Bayes method based on capabilities
of the agents and general knowledge about the
problem. The agents at the lowest level diagnose the
problem. The proposed system expects to support
physician in decision making for medical diagnosis
system and to improve the accuracy.
Keywords: classification, diagnosis, multi-agent

I.

A

INTRODUCTION

rtificial intelligence and knowledge based system
are assuming an increasing important role in
medicine for assisting clinical staff in making decision
under uncertainty (e.g. Diagnosis decisions, therapy and
test selection). Furthermore, many medical procedures
involve several individuals, in a number of specialist
departments, whose decisions and actions need to be
coordinated if the healthcare is to be effective and
efficient. For example, a general practitioner (GP) may
suspect that his patient has cancer. However, as he
neither has the knowledge nor the resources to confirm
this hypothesis, he must refer the patient to a hospital
specialist who can make a firm diagnosis and he needs
to consult with specialist. Having confirmed the
presence of cancer, the specialist must devise a care
program for treating the patient. This typically involves
hospital nurses, the patient’s GP, and home care
organization jointly executing a series of interrelated

tasks. To provide the appropriate software support for
such coordinated health care management it was decide
to adopt an agent-based approach. Many medical
diagnosis problems solving is a difficult task, which
require the contribution of more medical human
specialists and medical computational systems. Some
difficult diagnostics elaboration requires a planning
process to that must contribute more physicians with
different medical diagnostic establishment. Multi-agent
architecture is appropriate for that medical diagnosis
system. Coordination between agents effectively
supports for diagnosis system. One of main direction of
application of the agents consists in the medical
diagnosis. The motivation of the use of agents for
different medical problem solving consists in properties
of the agents such as: increased autonomy in operation,
capability of communication, autonomous learning
capability and capability to interact with the
environment. These properties allow to the agents to
coordinate with other agents and human during different
problem solving. Multiple agents cooperate with each
other in order to speed up computation, to complement
each other’s capabilities, to share each other’s
knowledge and to improve the efficiency of information
services.
In this paper multi-agent based medical diagnosis
system is proposed. Agents perform the problem
coordinately. Section [2] presents agent and multi-agent
system used for medical problem solving are presented.
Section [3] describes related work with multi-agent
system. The section [4] explains propose multi-agent
based medical diagnosis system. The analysis of the
system is described in Section [5]. In section [6] the
conclusion of this paper is presented.
II. AGENT AND MULTI-AGENT BASED
MEDICAL DIAGNOSIS SYSTEM
An agent is a software entity that applies Artificial
Intelligence techniques to choose the best set of actions
to perform in order to reach a goal specified by the user.
They have many properties to perform tasks. Multiagent system might be defined as a collection of
autonomous agents that can communicate with each

other and coordinate their activities in order to solve the
problem that could not be tackled by any agent
individually [15].
There is a growing interest in the application of
agent-based techniques to problems in the medical
domain. Some of the fields in which they are already
being applied are Patient Scheduling, Organ and tissue
transplant management, Community care, Information
access, Information sharing, Decision support, Training ,
Internal hospital tasks and so on. In medical field, agent
and multi-agent system can be endowed with medical
knowledge. A medical diagnosis problem represents the
identification of a patient’s illness. Many medical
diagnosis systems must have specific properties,
depending on the types of the medical problems that
they must be solved. Difficulties of some medical
diagnosis problems motivate the use of medical multiagent system for their solving versus medical systems
that operate in isolation. In the case of some illness, the
causes of illness are not known. Difficult cases are those
in which the patient’s symptoms do not sufficiently
match typical patterns known by physicians. Therefore
multi-agent system becomes more suitable in these
conditions
III. RELATED WORK
Ioanna Chouvarda, Vassilios G.Koutkias, and Nicos
Maglaveras [1] described “Agent-based Monitoring and
Alert Generation for a Home Care Telemedicine
System”. Multi- agent system which can be integrated in
the home care telemedicine system. The objective of the
multi-agent system is to provide a set of alert or
notification mechanisms for clinicians, helping them to
classify the clinical condition of each patient. The goal
of this was to improve the understanding of the adoption
of telemedicine technology among physicians.
John Fox, Jun Huang and N.R. Jennings [2]
described the design and implementation of a layered
architecture for decision support applications in general
and for distributed medical care in particular. A
prototype system has been developed for other specific
application of distributed management of cancer patients
among general practitioner, hospitals, home care
organizations and pharmacies.
Barna Laszlo Iantovics [6] proposed the
development of a medical diagnosis system capable of
solving difficult diagnosis problems. The medical
diagnosis system is a heterogeneous system with human
and artificial agents members specialized in medical
diagnosis and assistant agents. The proposed diagnosis
system can solve difficult medical diagnosis problems
that cannot be solved by doctors or artificial systems
specialized in medical diagnoses that operate in
isolation. The problem solving by the diagnosis system

is partially based on the blackboard-based problem
solving.
Barna Iantovice [7] described a novel cooperative
hybrid medical diagnosis multi-agent system called
CMDS. The cooperative problem solving by the
proposed system combines the physicians and artificial
agents’ advantages in the medical diagnosis
elaborations, by using the medical knowledge that are
distributed between the members of the system. Medical
multi-agent system called MASM [4, 5] is proposed by
Barna Laszlo Iantovics and that can help physician in
their work. This system is complex but increase the
accuracy. The system cannot describe the classification
method used to classify the diseases. Iantovics Bl also
presented ICMA “Intelligent cooperative mobile Agent
Architecture” in [10]. The proposed mobile agent
architecture allows the creation of mobile agents, which
can solve intelligently difficult problem like medical
diagnosis problems in insecure network. Advantages of
ICMA mobile agents are versus some of the
communication capability, protection possibility and
intelligence.
The integration of intelligent agents in a multi-agent
architecture that supports the provision of telemedicine
services for the intelligent management of diabetes
mellitus is described by A. Garcia, Enrique J. Gomez,
M.Elena Hernando, F.Javier Perdices, Francisco del
Pozo and V. Torralba [3]. The combination of different
methods to analyze blood glucose monitoring data and
insulin data makes possible to extract relevant
information about the patient metabolic state under
different situations of data completeness. The result of
the statistic and the rule-based analysis can be presented
to users in a very intuitive way. But it can lead to errors
under a situation of missing data.
Wooldridge M, O’ Hare GMP, Elks R [16] presented
a system called FELINE that composed of five
autonomous medical expert systems with some
properties of the agents. These agents cooperate to
identify the causes of anemia at cats.
Important
research direction related with
the development of
large-scale diagnosis system is represented by the
approaches based on software mobile [8]. The main
disadvantages of mobile agents are related with their
limited: communication capability, protection capability,
intelligence and capability to use knowledge bases in the
problem solving. These disadvantages limit the use of
the mobile agent for medical problem solving in
insecure networks.
IV. MULTI-AGENT BASED MEDICAL
DIAGNOSTIC
A. Algorithm for coordinated medical problem solving
Coordination is the key MAS concept. Four generic
goals for agent cooperation are:

1) increase the rate of task completion through
parallelism
2) increase the number of concurrent tasks by
sharing resources (information, expertise,
devices, etc. )
3) increase the chances for task completion by
duplication and possibility sing different modes
of realization and
4) decrease the interferences between tasks by
avoiding the negative interactions.
The coordinated algorithm for medical problem solving
is shown as follow.
Begin
Phy calls sendfirst(P) and sends the problem to IA If
IA (solve(P))
Return solution ()
Else
IA calls Send (P) and sends the problem to
CO
CO checks
If (Checkcase()==1)
result=Sendproblem(P) to AG1;
Else if (Checkcase()==2)
result=Sendproblem(P) to AG2;
Else if(Checkcase()==3)
result=Sendproblem(P) to AG3;
Else
While (!reply())
CO calls result=Sendproblem(P) to AGi (where
AGi A)
end while
End if
return result
End if
The power of the agent technology comes from the
coordination and cooperation among the agents. The
solutions fall into one of the two broad categories: the
broadcasting based solutions and the middle agent based
solutions. The Contract Net protocol (Reid G. Smith
(1980)) [13] is an example of the broadcasting based
solutions. The middle agent based approach is very
flexible and is suitable for small and large agent systems
alike. Three types of middle agents are identified [9],
namely the matchmakers, the brokers, and the
mediators. A matchmaker serves the role similar to that
of the yellow page. A broker agent works in a different
way. When it receives a request from the service
consumer agent, it finds a (ideally the best) service
provider to execute the task(s), and then returns the
results of the execution back to the service consumer
agent. A mediator works in a way similar to the broker
but it does more. Most of today’s middle agents perform
service matching only based on service descriptions. As

a result, the agents that are most appropriate for the
given request may be discovered and selected. There is
actually a third type of solutions, the blackboard-based
solutions Xiaocheng Luan [11].
The proposed system for multi-agent based medical
diagnosis system is shown in figure1. It is built by using
Vertical architecture. This system also built on middle
agent architecture. There are some steps to develop the
multi-agent based medical diagnosis system. First, need
to identify the agent’s roles. Secondly, need to identify
the responsibilities and services for each role. Thirdly,
need to determine the goal and plan to achieve the goals.
We define initial agent to interact with the user,
coordinator agent to send the problem to desired agent
and to perform some interactions between the lower
level agents and top agent and assistant agents to
perform diagnosing the problem. In proposed system
coordinator agent uses Naive Bayes classification
method for classifying the general problem. Then it will
match the result of the classification and service or
capabilities of the assistant agents in the system and
sends the problem to one of the assistant agents.
B. Naive Bayes classifier
A naive Bayes classifier is a term in BayesiIsan
statistics dealing with a simple probabilistic classifier
based on applying Bayes’ theorem with strong (naive)
independence assumptions. A more descriptive term for
the underlying probability model would be “independent
feature model". In simple terms, a 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. In paper [14] discussed
the Simple Bayesian Classifier The main purpose of this
paper was to show how the Simple Bayesian Classifier
(SBC) actually works and how it performs in practical
situations. Some test results were discussed in detail.
Abstractly, the probability model for a classifier is a
conditional model.

over a dependent class variable C with a small number
of outcomes or classes, conditional on several feature
variables F1 through Fn. The problem is that if the
number of features n is large or when a feature can take
on a large number of values, then basing such a model
on probability tables is infeasible. We therefore
reformulate the model to make it more tractable. Using
Bayes’ theorem, we write

In plain English the above equation can be written as

In practice we are only interested in the numerator of
that fraction, since the denominator does not depend on
C and the values of the features Fi are given, so that the
denominator is effectively constant. The numerator is
equivalent to the joint probability model
,
which can be rewritten as follows, using repeated
applications of the definition of conditional probability:
Figure 1: multi-agent based medical diagnosis system

Assumptions come into play: assume that each feature
Fi is conditionally independent of every other feature Fj
for . This means that

All agents solve the problem coordinately. Agents use
agent communication language to communicate with
each other. The agents at the lowest level (assistant
agents) use the horizontal architecture. Any physician or
any user can use the proposed system. The physician can
compare his own knowledge and result obtained from
initial agent. The normal user can get some knowledge
about the disease that the system can diagnose.
C. Components of multi-agent based medical diagnosis
system
1)

and so the joint model can be expressed as
This
means that
under the
above
independence assumptions, the conditional distribution
over the class variable C can be expressed like this:

where Z is a scaling factor dependent only on
, i.e., a constant if the values of the feature
variables are known. Models of this form are much more
manageable, since they factor into a so-called class prior
p(C) and independent probability distributions
.
If there are k classes and if a model for p(Fi) can be
expressed in terms of r parameters, then the
corresponding naive Bayes model has (k− 1) + n r k
parameters. In practice, often k = 2 (binary
classification) and r = 1 (Bernoulli variables as features)
are common, and so the total number of parameters of
the naive Bayes model is 2n + 1, where n is the number
of binary features used for prediction. The classification
can be defined as:

The overall system architecture for the proposed system
is shown in figure 1.

Initial Agent: Initial agent is an agent to accept the
problem and initiate the processing and send this
problem to the coordinator agent to solve. If it
receives the solution of the problem, it will send
back to the user. The user only needs to interact
with initial agent which is a member of the system.
The initial agent hides the complexity of the
medical diagnosis problem to the physicians,
making easier the fulfilling of some medical tasks
by assistant agents and increasing the accuracy of
the problem solving.
2) Coordinator Agent: It is likely to the broker agent
or middle agent. When it receives the problem, it
will identify the problem by using Naive Bayes
method based on its own general knowledge of the
problem. Identifying the problem in advance and
sending to a certain agent can save time. Then it
will match the required service that is result from
the Naive Bayes and the agent’s service and then
sends the problem to the desired agent. The
coordinator agent will send back the result to the
initial agent whatever the result value is. The reply
result may be NULL or the solution of the
problem. The capability of the coordinator agent is
the essential part of the proposed system.
a) Coordination Algorithm for CO
The coordinator agent performs as broker agent or
middle agent. It has some knowledge about the problem
and some the capabilities or services of the assistant

agents in the system. In the following algorithm for
coordinator agent is shown
{
ACLMessage msg=new (ACLMessage.Inform);
If(checkcase()==1)
//type one disease
{
msg.addReceiver(newaAID(“Ag1”,AID.I
SLOCALNAME));
msg.setlanguage(“English”);
msg.setcontent(“Dataset”); send(msg);
}
If(checkcase()==2)
//type two disease
{
msg.addReceiver(newaAID(“Ag2”,AID.I
SLOCALNAME));
msg.setlanguage(“English”);
msg.setcontent(“Dataset”); send(msg);
}
If(checkcase()==3)
//type three disease
{
msg.addReceiver(newaAID(“Ag3”,AID.I
SLOCALNAME));
msg.setlanguage(“English”);
msg.setcontent(“Dataset”); send(msg);

V. ANALYSIS OF THE PROPOSED SYSTEM
The proposed system will process the desired
problem faster than the traditional multi agent based
system. Each agent has different knowledge and they
will perform the processing with their own knowledge.
In our proposed system, the coordinator agent will use
Naive Bayes classification method using the knowledge
about the problem and agents’ capabilities in the system
for sending the problem to a certain subordinate
assistant agent (AG). If the agent can solve the problem,
it will return the solution to the coordinator agent. If not,
the result will be NULL.
In traditional multi agent based system, the
coordinator agent sends the problem to one of the
agents. If that agent can solve the problem with its own
knowledge, it will return the solution to the coordinator
agent. If not, it will send the problem to other same level
agent. This process may continue until no other agent
found. Therefore, this may be time consuming if the
problem is not solved immediately. The comparison for
time complexity based on two different types of multi
agent based systems for simple sequential searching is
shown as follow.

}
Else
{
for all Agi ε AG //composite agents
msg.addReceiver(newaAID(“Agi”,AID.IS
LOCALNAME));
msg.setlanguage(“English”);
msg.setcontent(“Dataset”);
send(msg);

Figure 2: Time complexity for N=4

}
}

2) Assistant Agents: They actually process the problem.
They have own knowledge to process the certain
problem. They use Naive Bayes classification and are
trained with training datasets. If one of the assistant
agents can solve the problem, processes it and send the
result to the middle agent. If none of the assistant agents
can solve the problem, the result of the problem may be
NULL. To implement operational behavior among
agents, it is needed
to implement interactions
among agents. Coordination between multiple agents is
the art of managing interaction and dependencies of
activities. To communicate agent with each other,
special language is needed. Agent Communication
Language let heterogeneous agents to communicate with
each other.

Figure 3: Time complexity for N=8

The theoretical time complexity for learning of Naive
Bayes is O (ni), where n is the number of features and i
is the number of instances and the time complexity for
classifying of Naïve Bayes is O (nc), where n is the
no.of features and c is the no. of classes. If the proposed
system is used in medical diagnosis such as
classification of cancer using Bayesian classifier, time
complexity difference between proposed system and
traditional multi agent based system will exist as before.
Time complexity using Bayesian classification in multiagent system for cancer classification is shown in figure

Figure4: Time complexity for Proposed system and
traditional system

VI. CONCLUSION
Solving the medical diagnosis problem is a
complex task that may require the cooperation of
more than one physician or expert system. For
solving the problem, multi-agent architecture is
appropriate for medical diagnosis system. Agents can
perform the activity effectively in isolation or
coordination. This paper proposes the system for
multi-agent based medical diagnosis system. The
proposed system uses Naive Bayes classification
method for classifying the general problem and for
classifying the cancer. The proposed system is
simple to use and can be helpful in real world
medical diagnosis system.
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Abstract—We need to prepare quality data by
pre- processing the raw data. Data cleaning, also
called data cleansing or scrubbing, deals with
detecting and removing errors and inconsistencies
from data in order to improve the quality of data.
Visualization has become an increasingly
important component in data analysis for its ability
to provide rich overviews and a visual detection of
patterns
and outliers. Pixel-based visual
exploration relies on basic features that human
perceptual system inherently assimilates very
quickly: color, size and shape. Patterns in data that
indicate trends can be immediately obtained and
gaps in the data can be recognized. We can also
discover outliers or errors in data, determine the
minimum and maximum values and identify the
clusters. As a result we can have better
understanding on complex systems, make better
decision and discover information that might
otherwise remain unknown.
I. INTRODUCTION

T

he areas data mining and information visualization
offer various techniques which effectively
complement one another supporting the discovery of
patterns in the data. Information visualization
techniques can leverage the data mining process from
an orthogonal direction by providing a platform for
understanding the data and generating hypotheses
about the data based on human capabilities such as
domain knowledge, perception, and creativity. To
successfully apply data
mining algorithms,
visualization and interaction capabilities become
crucial factors since they enable the user to
incorporate domain knowledge, to steer the data
mining process and to better understand the results.
For each step in data mining process, data
visualization can play a role by helping users in
understanding the information produced, as depicted
in figure 1.
In the past few years, novel visualization techniques
have been specifically designed to support human
involvement in the data mining process.

Fig. 1. Data mining process and data visualization.

II. VISUAL ANALYTICS
Visual analytics is an iterative process that involves
information gathering, data preprocessing, knowledge
representation, interaction and decision making [1].
The ultimate goal is to gain insight in the problem at
hand which is described by vast amounts of scientific,
forensic or business data from
heterogeneous
sources. To reach this goal, visual analytics combines
the strengths of machines with those of humans.
Historically, visual analytics has evolved out of the
fields of information and scientific visualization. The
basic idea of visual analytics is to visually represent
the information, allowing the human to directly
interact with the information, to gain insight, to draw
conclusions, and to ultimately make better decisions.
Visual analytics is more than only visualization. It can
rather be seen as an integral approach combining
visualization, human factors and data analysis.
A. Information Visualization
Generally Information visualization is defined as the
communication of abstract data relevant in terms of
action through the use of interactive interfaces. There
are three major goals of visualization[1], i.e.
presentation, confirmatory analysis, and exploratory

analysis. Exploratory data analysis is the process of
searching and analyzing databases to find implicit but
potentially useful information. Visual data exploration
aims at integrating humans in the data exploration
process, applying their perceptual abilities to the large
data sets available in today’s computer systems. The
basic idea of visual data exploration is to present the
data in some visual form, allowing the human to get
insight into the data, draw conclusions, and directly
interact with the data.
Visual data exploration relies on basic features that
the human perceptual system inherently assimilates
very quickly: color, size, shape, proximity, and
motion. We can immediately see patterns in data that
indicate trends, recognize gaps in the data, discover
outliers or errors in the data, pinpoint minimum and
maximum values, and identify clusters. As a result,
visual data exploration enable us to better understand
complex systems, make better decisions, and discover
information that might otherwise remain unknown.
Information visualization plays an important role in
the development of most kinds of medical systems.
Information visualization aims at reducing the
complexity of the examination and understanding of
information for humans, by designing proper
techniques for the visual display of data. These
techniques are aimed at achieving a number of goals
[2], such as: (i) allowing users to explore available
data at various levels of abstraction, (ii) giving users a
greater sense of engagement with data, (iii) giving
users a deeper understanding of data, (iv) encouraging
the discovery of details and relations which would be
difficult to notice otherwise, and (v) supporting the
recognition of relevant patterns by exploiting the
visual recognition capabilities of users. As highlighted
by the last two goals, information visualization aims at
making the user an active element in pattern
recognition, allowing him/her to detect what would
pass unnoticed through automatic recognition systems.
From this point of view, information visualization
components and data mining components can have
complementary and synergic roles inside the same
application.
We can visualize the patient records in two ways;
vertical visualization and horizontal visualization. The
vertical visualization is mainly used for diagnosis and
treatment
purposes
whereas
the
horizontal
visualization is exploited in medical systems that use
data mining techniques.
B. Data Preprocessing
Data preprocessing usually consumes about half of
the entire data mining knowledge discovery process. It
is the key step upon which the success of the entire
knowledge discovery process depends. Data
preprocessing is very important because of real-world

data is impure; high-performance mining systems
require quality data; and quality data yields
concentrative patterns. Data quality is a key issue in
data mining. Quality of data mining methods depends
heavily on the quality of the data used. We need to
perform data preprocessing in order to increase the
accuracy of data mining. Analysis has shown that 80%
of mining efforts has spent their time on data quality.
Data preprocessing comprises those techniques
concerned with analyzing raw data so as to yield
quality data, mainly including data cleaning, data
integration, data normalization and data reduction. We
need to do data cleaning because real-world data can
be incomplete (missing, wrong attribute values or
containing only aggregate data), noisy (due to errors or
not appropriate values – outliers) or inconsistent
(discrepancies in codes or names). Data integration is
needed when the data comes from different sources
with some inconsistencies and redundancies. When we
have a huge amount of data, we need to do a data
reduction because the huge amount of data will
decrease the efficiency of mining result and it is quite
difficult to make an analysis. For certain attributes
with a wide range of values, we need to normalize it to
a smaller range such as [0..1] or [-1..1].
Therefore, the objectives of the data preprocessing
is to organize data into a standard form that is ready
for processing by data mining programs and to prepare
features that lead to the best predictive performance.
Missing Data.
Missing or inconsistent data has been a pervasive
problem in data analysis since the origin of data
collection. Missing data values need to be inferred or
estimated. The issue of missing data must be
addressed since ignoring this problem can introduce
bias into the models being evaluated and lead to
inaccurate data mining conclusions.
The standard types of missing data are [3]: data
missing at random, data missing completely at
random, non-ignorable missing data and outliers
treated as missing data. It is important for an analyst to
understand the different types of missing data before
they can address the issue.
In general, the methods for handling missing data
can be divided into three categories [4]: a)
Case/Pairwise Deletion, which are the easiest and
more commonly applied. b) Parameter estimation,
where maximum likelihood procedures that use
variants of the Expectation-Maximization algorithm
can handle parameter estimation in the presence of
missing data, and c) Imputation techniques, where
missing values are replaced with estimated ones based
on information available in the data set. The objective
is to employ known relationships that can be identified
in the valid values of the data set to assist in estimating

the missing values.
There are many options varying from naïve
methods, like mean imputation, to some more robust
methods based on relationships among attributes such
as multiple imputations and k-nearest neighbor
imputation.
K-Nearest Neighbor.
K-nearest neighbor is a supervised learning
algorithm where the result of new instance query is
classified based on majority of K-nearest neighbor
category. The purpose of this algorithm is to classify a
new object based on attributes and training samples. K
Nearest neighbor algorithm used neighborhood
classification as the prediction value of the new query
instance.
The data for KNN algorithm consist of several
multivariate attributes name Xi that will be used to
classify Y. The data of K-nearest neighbor can be any
measurement scale from ordinal, nominal, to
quantitative scale.
III. THE CARDIAC PATIENT DATASET
The cardiac patient medical dataset is the
information of patients admitted to National Heart
Institute from the time they entered until they are
discharged. This data is collected from the year 1998
to 2003. It contains of 6015 records with 195
attributes.
One set of 18 attributes contributed to the pre
operation risk factors and another set of 8 attributes
contributed to the post-operative complication are
selected in this research. The purpose of visualization
is to get greater insights in nature of the cardiac patient
data. The data describe patients who entered National
Heart Institute in a five years period.
Basically, there are four category of information in
the dataset namely Initial Consult Information,
Anesthesia Information, Operative Information and
Discharge Information. Initial Consult contains
information such as patient identification (Name,
NRIC, MRN), socio demographic (Age, Ethnicity),
risk factors (smoking, CAD history, chronic diseases),
pre-operative medication (type of medication) and
diagnosis (type of heart problem). Anesthesia contains
information such as name of staff involved in the
anesthesia procedure, bypassing and cardiopulmonary
support information and anesthetic information.
Operative contains information such as name of staff
involved in the operative procedure, operative
information, coronary artery bypass information and
valve operative information. Finally, Discharge
contains information such as discharge date, postoperative complication, type of blood product used,
mortality information and readmission information.
For pre and post-operative complication on cardiac

patients based on their risk factors
information, some variables in Initial Consult and
variables related with post-operative complication in
Discharge are selected.
IV. VISUALIZING THE CARDIAC PATIENT DATA SET
Patient data in database is displayed visually
using colors replacing numbers and text.
For example, if we have 6000 data, for patient in
the age range of 2 – 100 years, it is difficult to
visualize the pattern of the age range of the patients.
Using the color scale, ranging from light to dark
color, we can see clearly the pattern of the age
distribution.
The pixel based recursive pattern algorithm is
implemented onto raw cardiac patient dataset. The
attributes are visualized in a separate sub window.
Within a sub window, each attribute value is
represented by one colored pixel with the color
reflecting the attribute value. In order to enable
the user to relate attribute values of different
attributes at the same coordinates, the order of the
objects is reflected by the same arrangement of
pixels in each sub window.
The algorithm has been implemented using JAVA
language with the ODBC/JDBC capabilities to
read the data stored in the MS Access databases.
We use
2D array to store the data from the database. We
have enhanced the recursive algorithm to handle the
2D array data structure.
We have design the frame size of 800 x 800
for the output display. The size of each sub window
has been set as 64 x 94, which means, the maximum
data item that can be visualize per attribute is 6016
records. We used eight sub windows to represent
eight selected attributes. The total data items can be
displayed on this screen output is 6016 x 8
(48128 data items).
We used different color to represent different
values of the attributes. The categorical attributes has
been map to different colors by taking into
consideration that the number of Just Noticeable
Differences (JND) [5] between colors is high.
Since age is a continuous attribute, we use a color
scale ranging from yellow to green, green to blue,
blue to maroon and maroon to brown. This will
enable the user to see the differences between values
clearly. We use black color to represent any null
(missing value) and white color to represent outlier /
noisy value.
Figure 2 shows the pattern of the cardiac patient
dataset with 8 sub windows, representing 8 attributes
(Race, age, sex, redo, risk, operation, complication
and mortality) and 6016 data items. We have executed
the queries from the database by sorting the values
according to certain attributes, i.e. operation, risk
factor and age. The pattern shows that most of the
elderly patients (represented by maroon to brown

color) did the CABG operation (green color) with a
poor (yellow color) and high (red color) risk factor.
Most of the patients did the CABG operation (green
color), and very few did the CABG+VALVE
operation (yellow color).

Fig. 3. Outliers and null records.

Fig. 2. Pattern of Cardiac Patient Data sorted by operation,
risk and age.

We have expand the visual display to help data
mining in identifying outlier data for the purpose of
cleaning the data before the mining process.
There are some null values (representing by black
color) and outlier values (white color). This pattern
has shown clearly that some of the data has missing
values in age and risk attributes (represented by black
color – null values), which need to be cleaned. In
order to visualize the outliers and null values clearly,
we have extract only the records containing of outliers
and null values, as depicted in figure 3.
Our pixel based visualization in figure 3 does not
show directly the relationships between attributes.
Therefore, it is quite difficult for the user to see the
values of individual records. We have re-visualized
the data using our pixel based parallel view technique
to overcome this problem.
Our layout is similar to parallel coordinate layout,
but the continuous axes are replaced with sets of boxes
that represent the values of each attributes. Figure 4
shows the arrangement values (using different colors)
of each attributes. The first two boxes represent the
outliers and null values, indicated by white and black
color respectively. It also shows the linking
relationship between attributes for each record in the
dataset. This view can help the data miner in the
preprocessing task of the data.

Fig. 4. Parallel view visualization.

V. APPLICATION ON DATA CLEANING
We have applied this visualization into data
cleaning process using multiple imputation technique.
In multiple imputation technique, possible values will
be searched to be used in replacing missing and outlier
values. After getting the possible values (k values), we
need to analyze the values to produce the correct
value.
We use k-NN searching process (k-nearest
neighbor) as our multiple imputation technique. When
we get k possible values for the replacement, the
replacement process can be done either automatically
using k-means or the user can replace it on their own
using the visualization that is shown visually. By
displaying it visually, users can use their own expertise
in choosing which value to replace the missing value
as shown in figure 5(a) and 5(b).
We are using cluster searching for the k-NN
process. The attribute is prioritize according to their

importance. Human health is depends on their
lifestyle. Research has shown that sex, age, race, the
way of life and eating habits play an important role in
determine the disease similarities or symptoms of the
disease. In our data, patients are clustered according to
their sex, age, race and other predetermined symptoms
such as hypertension, renal failure etc. Age cluster is
based on the group of age (not according to the same
range of number) i.e. baby (0-2 yrs), child (3-12 yrs),
teenager (13-20 yrs), youth (21-30 yrs), young adult
(31-40 yrs), adult (41-60 yrs), veteran (61-80) and old
folk (above 81 yrs).

The evaluation will be done by using this output as
an input model for data mining process. We will
compare the result of mining data using this output and
also using the raw data.
VII. CONCLUSION
This paper presented the pixel based parallel view
technique to visualize the outliers and null records in
cardiac patient dataset. The large dimension of data set
(6015 x 195) make it impossible to explore the data in
their numerical forms. Therefore visualization is a
good and practical alternative to have better insight of
the data. This visualization has been applied to data
cleaning using k-nn as multiple imputation technique.
This research is a preliminary work of visual data
mining of cardiac patient data. The patterns of the
cardiac patient dataset obtained are yet to be analyzed
for further investigation. However the first impression
of the data can be seen in a better way as presented.
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Abstract— In this work we employ FreeSpan,
one of the sequential pattern mining methods, to
discover sequential disease patterns in sequential
database. For our study, we use a medical database
which was built as a transactional database. There
is a different representation data with sequential
database that will be used as an input for FreeSpan
method. Therefore, we build sequential database
from medical databases. The generated patterns
are used as knowledge to predict the sequential
disease. Therefore, the medical representative can
take preventive and curative actions more precise.
To make the sequential disease patterns easily to
understand, we visualize the pattern using graph.

D

I. INTRODUCTION

ATA can be interpreted from a temporal or a
sequential perspective, i.e. the order appearance
elements are relevant. There are several methods to
discover sequential patterns along the data currently,
e.g. AprioriAll [1], GSP [2], FreeSpan [3], PrefixSpan
[4], SPADE [5], CloSpan [6]. Several studies have
contributed to the efficient mining of sequential
patterns or other frequent patterns in time related data.
Sequential pattern mining, which discovers frequent
sequences as patterns in a database, is an important
data mining research problem with broad applications.
In this paper, we employ FreeSpan [3] for discovering
sequential disease pattern in the medial databases.
FreeSpan is employed because the method is
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interesting, scalable, and efficient. Sequence disease
represents an important source of potentially new
medical knowledge to predict the sequential disease.
Based on the knowledge, the medical representatives
can take preventive and curative actions more precise.
The remaining of the paper is organized as follows.
In Section 2 we overview the FreeSpan. The
demonstrations to discover sequential pattern disease
using FreeSpan are presented in Section 3. We
summarize our work in Section 4.
II. FREESPAN
Let I = {i1, i2, …, in} be a set of items. An itemset is
a subset of items. A sequence is an ordered list of
itemsets. A sequence s is denoted by <s1 s2 … sl>,
where sj is an itemset, i.e., sj ⊆ I for 1 ≤ j ≤ l. sj is also
called an element of the sequence, and denoted as (x1
x2 … xm), where xk is an item, i.e., xk ∈ I for 1 ≤ k ≤
m. For brevity, the brackets are omitted if an element
has only one item. That is, element (x) is written as x.
An item can occur at most once in an element of a
sequence, but can occur multiple times in different
elements of a sequence. A sequence α = <a1 a2 … an>
is called a subsequence of another sequence β = <b1 b2
… bm> and β a super sequence of α, denote as α ⊆ β,
if there exist integer 1 ≤ j1 < j2 < … < jn ≤ m such that
a1 ⊆ b j , a2 ⊆ b j , …, an ⊆ b j .
1

2

n

A sequence database S is a set of tuples <sid, s>,
where sid is a sequence identifier and s is a sequence.
A tuple <sid, s> in a sequence database S is said to
contain a sequence α, if α is a subsequence of s, i.e., α
⊆ s. The support of a sequence α in a sequence
database S is the number of tuples in the database
containing α. Given a positive integer ξ as the support
threshold, a sequence α is called a sequential pattern
in sequence database S if the sequence is contained by
at least ξ tuples in the database.
Given a sequence database S and the support
threshold ξ, FreeSpan algorithm mine the complete set
of sequential patterns as follows. At last, visualize the
sequential diseases using graph.

A. Generate a Length-1 Sequential Patterns
Scan S once to find the set of frequent items on
distinct item of tuples in S. Save and sort them by
descending order in a frequent list. The frequent list
will be used throughout the mining process. The
frequent items which fulfill the support threshold are
used to construct a frequent item matrix F.
B. Construct a Frequent Item Matrix
Construct a frequent item matrix F by scanning the
database to count the occurrence frequency of each
length-2 sequence formed by items in the frequent list,
as follows. For frequent list < i1, i2, …, in >, F is a
triangular matrix F[j, k], where 1 ≤ j ≤ m and 1 ≤ k ≤ j,
m is the number of frequent items. F[j, j] (for 1 ≤ j ≤
m) has only one counter (recording the appearance of
sequence <jj>), whereas every other slot F[j, k] (1 ≤ j
≤ m and 1 ≤ k ≤ j) has three counters: (A, B, C). A is
the number of occurrences that ik occurs after ij, i.e.
the sequence contains <ij ik>. B is that ik occurs before
ij, i.e. the sequence contains <ik ij>. C is that ik occurs
concurrently with ij, i.e. the sequence contains <(ij
ik)>.
C. Generate a Length-2 Sequential Patterns
Generate a length-2 sequential patterns and a set of
projected database from the frequent item matrix. For
each counter, if the value in the counter is no less than
minimum support, output the corresponding frequent
pattern.
1) Generate annotations on item-repeating patterns
for row j: For the diagonal slot, if F[j, j] ≥ minimum
support, generate <jj+>. The count of <jjj>, <jjjj>, …
should be registered in the next round. For a column i
≠ j, follow rules: If F[i, i] ≥ minimum support, the
annotation should contain i+. It means there are
potentially more than one I appearing in the sequential
pattern. If F[j, j] ≥ minimum support, the annotation
should contain j+. Moreover, if only one of the three
counter of F[i, j] is frequent, sequence is used as the
annotation; otherwise set is used. It means, enhance
string filtering. The annotation of an item repeating
pattern is of the form $aiϒaiϒ$, where $...$ can be
either <…> (indicating looking for a particular
ordered sequence only) or {…} (indicating looking for
any ordered sequence), and aiϒ can be either ai+
(indicating looking for more than one occurrence of
ai), or ai (i.e. no repeating ai’s) – notice that at least
one of ai and aj is a repeating one.
2) Generate annotations on projected databases for
row j: for each i < j, if F[i, j], F[k, j], and F[i, k] (k <
i) may form a pattern generating triple (i.e. all the
corresponding pairs are frequent), k should be added
to i’s projected column set. After examining all
columns in front of i, the set of projected columns is
determined. Output the annotation containing I, j, and

the set of projected columns. If there is a choice
between sequence or set, sequence is preferred since it
enforces a stronger restriction in the projection. The
annotation of the projected database is of the form
$aiaj$: {bp, …, bq}, where $...$ has the same
convention as the item repeating pattern, and {bp, …,
bq} represents a set of frequent items which may occur
together with $aiaj$ to form longer sequential patterns
in subsequent mining.
D. Generate a Length-3 Sequential Patterns
Based on the annotation generated from the matrix,
scan the database one more time and generate the
item-repeating patterns and projected databases. The
remaining mining will be confined to each small
projected database, by examining only the
corresponding patterns enclosed in the header set.
III. DISCOVERING SEQUENTIAL DISEASE PATTERNS
In our study, we use RSU Dr. Soetomo medical
databases (OLTP). Partly diagnosis structure table is
shown in Table 1. The disease codes base on an
international standard, ICD-X [7]. For example,
A09.X is a disease code for Diarrhoea and
gastroenteritis of presumed infectious origin. We built
sequential database (OLAP) from diagnosis table as
shown in Table 2. Given the sequence disease
database S, the first two columns, in Table 2. The
minimum support is 2. The discovering sequential
disease patterns process can be done. The mining
conceptual framework is show in Figure 1.
TABLE I
PARTLY DIAGNOSIS STRUCTURE TABLE
Patient
Patient In
Id
1450 04/14/07
1450 12/23/07
1450 05/25/08
1450 03/07/09

Diagnosis 1 Diagnosis 2 Diagnosis 3
A09.X
E86.X
A09.X
I10.X

E86.X

1456 08/09/07 C34.9

J90.X

1456 0/31/08 C34.9

D63.0

A41.9

...
J90.X

The first step (section 2.1), generate a length-1
sequential patterns, i.e. frequent list, by scanning S.
The frequent list is sorted in descending order, i.e.
<A09.X: 6, E86.X: 5, A41.9: 4, C34.9: 4, D63.0: 3,
I10.X: 3, J90.X: 2>. E14.9 disease is not included into
frequent list because its support less than 2.

TABLE II
A DISEASE SEQUENCE DATABASE
Patient
Id
1450
1451
1452
1453

Sequence

Disease Pattern

<(A09.X A41.9) E86.X
A09.X (I10.X E86.X)>
<(A09.X D63.0) (E86.X
C34.9) A09.X (D63.0
E14.9)>
<(I10.X J90.X) (A09.X
D63.0) I10.X A09.X
D63.0>
<(A09.X C34.9) (E86.X
C34.9) A41.9>

{A09.X, A41.9, E86.X,
I10.X}
{A09.X, C34.9, D63.0,
E14.9, E86.X}
{A09.X, D63.0, I10.X,
J90.X}
{A09.X, E86.X, A41.9,
C34.9}

1454

<I10.X (A09.X A41.9)
A09.X E86.X A09.X
(I10.X A41.9 C34.9)>

{A09.X, A41.9, C34.9,
E86.X, I10.X}

1455

<A09.X (A09.X E86.X)
(A09.X A41.9)>

{A09.X, A41.9, E86.X}

1456

<(C34.9 J90.X) (C34.9
D63.0 J90.X)>

{C34.9, D63.0, J90.X}

F[E86.X, I10.X] by 1, i.e. F[E86.X, I10.X] = (1,0,1).
The <A41.9, E86.X> increases the counter matrix
F[E86.X, A41.9] by 1, i.e. F[E86.X, A41.9] = (0,1,0).
The <A41.9 I10.X> increases the counter matrix
F[A41.9, I10.X] by 1, i.e. F[A41.9, I10.X] = (1,0,0).
The last <A09.X A09.X> increases the counter matrix
F[A09.X, A09.X] by 1 (i.e. F[A09.X, A09.X] = 1)
and <E86.X E86.X> increases the counter matrix
F[E86.X, E86.X] by 1 (i.e. F[E86.X, E86.X] = 1).
The process continues along tuples the sequential
database. At the end of the second step, the frequent
item matrix is shown in Figure 2. The counter matrixes
which are greater than or equal minimum support are
written in a bold font.
A09.X
E86.X
A41.9
C34.9
D63.0
I10.X
J90.X

5
(5,4,1)
(3,2,3)
(3,1,1)
(2,2,2)
(3,2,0)
(0,1,0)
A09.X

1
(3,2,0)
(1,1,2)
(1,1,0)
(2,1,1)
(0,0,0)
E86.X

1
(1,1,1)
(0,0,0)
(2,1,1)
(0,0,0)
A41.9

2
(2,1,1)
2
2
(0,1,1) (1,1,0)
(1,1,1) (0,2,1) (0,1,1)
1
C34.9 D63.0 I10.X J90.X

Fig. 2. The frequent diseases matrix

The third step (section 2.3), generate a length-2
sequential patterns, annotations on item repeating
patterns, and annotations on the projected databases as
shown in Table 3. This step is based on the frequent
item matrix F, Figure 2. For instance, we demonstrate
the process for two rows I10.X and D63.0.
TABLE III
PATTERN GENERATION FROM THE FREQUENT DISEASE MATRIX
Disease

Fig. 1. The mining conceptual framework

The second step (section 2.2), construct a frequent
item matrix. In our example, the frequent list consists
of 7 items. It leads to generate a 7 X 7 triangular
frequent item matrix, with every counter initialized to
0. For example, we fill up the counter matrix with the
first tuples sequence disease in Table 2, i.e. <(A09.X
A41.9) E86.X A09.X (I10.X E86.X)>. It generates a
combination sequence diseases of <(A09.X A41.9)>,
<(I10.X E86.X)>, <A09.X A09.X>, <A09.X E86.X>,
<A09.X I10.X>, <A41.9 A09.X>, <A41.9 E86.X>,
<A41.9 I10.X>, <E86.X A09.X>, <E86.X E86.X>,
and <E86.X I10.X>. The sequence <A09.X I10.X>
increases the counter matrix F[A09.X, I10.X] by 1, i.e.
F[A09.X, I10.X] = (1,0,0). The <A41.9 A09.X> and
<(A09.X A41.9)> increase the counter matrix
F[A09.X, A41.9] by 1, i.e. F[A09.X, A41.9] = (0,1,1).
The <A09.X E86.X> and <E86.X A09.X> increase
the counter matrix F[A09.X, E86.X] by 1, i.e.
F[A09.X, E86.X] = (1,1,0). The <E86.X I10.X> and
<(I10.X E86.X)> increase the counter matrix

J90.X

I10.X

D63.0

C34.9

A41.9

E86.X
A09.X

Output Length-2
Sequential Patterns
<J90.X D63.0>: 2

Ann. on Repeating
Items
<J90.X D63.0+>

Ann. on
Projected DBs
∅

<A09.X I10.X>: 3,
<I10.X A09.X>: 2,
<E86.X I10.X>: 2,
<A41.9 I10.X>: 2,
<I10.X I10.X>: 2

{A09.X+ I10.X+},
<E86.X I10.X+>,
<A41.9 I10.X+>,
<I10.X I10.X+>

<E86.X I10.X>:
{A09.X},
<A41.9 I10.x>:
{A09.X E86.X}

{A09.X+ D63.0+},
<C34.9+ D63.0+>,
<D63.0 D63.0+>

∅

<A09.X+ C34.9+>,
<E86.X C34.9+>,
<C34.9 C34.9+>

<(E86.X
C34.9)>:
{A09.X}

{A09.X+ A41.9}

<E86.X
A41.9>:
{A09.X}

{A09.X+ E86.X}

∅

<A09.X D63.0>: 2,
<D63.0 A09.X>: 2,
<(A09.X D63.0)>:
2, <C34.9 D63.0>:
2, <D63.0 D63.0>:
2
<A09.X C34.9>: 3,
<(E86.X C34.9)>:
2, <C34.9 C34.9>:
2
<A09.X A41.9>: 3,
<A41.9 A09.X>: 2,
<(A09.X A41.9)>:
3, <E86.X A41.9>:
3, <A41.9 E86.X>:
2
<A09.X E86.X>: 5,
<E86.X A09.X>: 4
<A09.X A09.X>: 5

+

<A09.X A09.X >

∅

The I10.X row has 5 frequent counters matrix
respectively as follows. F[A09.X, I10.X] = (3,2,0)

generates two length-2 sequential patterns <A09.X
I10.X>: 3 and <I10.X A09.X>: 2. F[E86.X, I10.X] =
(2,1,1) generates a length-2 sequential pattern <E86.X
I10.X>: 2. F[A41.9, I10.X] = (2,1,1) generates a
length-2 sequential pattern <A41.9 I10.X>: 2. At last,
F[I10.X, I10.X] = 2 generates a length-2 sequential
pattern <I10.X I10.X>: 2. Since both F[A09.X,
A09.X] and F[I10.X, I10.X] are frequent, the
annotation on repeating items {A09.X+ I10.X+} is
generated which means one need to examine multiple
occurrences of A09.X’s dan I10.X’s and their
combinations in the next scan. In addition, F[I10.X,
I10.X] are frequent, add <I10.X I10.X+> to the
annotation on repeating items. Moreover, there are still
two frequent items in the I10.X row, i.e. E86.X and
A41.9 columns. Each column has only one frequent
counter with F[I10.X, I10.X] is frequent. F[E86.X,
E86.X] and F[A41.9, A41.9], however, are not
frequent. Therefore the annotation <E86.X I10.X+>
and <A41.9 I10.X+> are generated. Furthermore, since
F[A41.9, I10.X], F[E86.X, I10.X], and F[E86.X,
A41.9] form a pattern generating triple, and F[A41.9,
I10.X] = (2,1,1) which means only <A41.9 I10.X> is
valid. The annotation for the projected database
should be <A41.9 I10.X>: {A09.X, E86.X}. It
indicates generating <A41.9 I10.X> projected
database with item {A09.X, E86.X} included.
F[E86.X, I10.X], F[A09.X, I10.X], and F[A09.X,
E86.X] also form a pattern generating triple. F[E86.X,
I10.X] = (2,1,1), it means only <E86.X I10.X> is
valid. The annotation for the projected database
should be <E86.X I10.X>: {A09.X}. It indicates
generating <E86.X I10.X> projected database with
only item {A09.X} included. As a result see Table 3,
the second row, i.e. disease I10.X.
The D63.0 row also has 5 counter frequent, which
leads to generate 5 length-2 sequential pattern:
<A09.X D63.0>: 2, <D63.0 A09.X>: 2, <(A09.X
D63.0)>: 2, <C34.9 D63.0>: 2, <D63.0 D63.0>: 2.
F[A09.X, A09.X], F[D63.0, D63.0], and F[C34.9,
C34.9] are frequent. Since more than one counter
frequent in F[A09.X, D63.0] = (2,2,2), the annotation
on repeating items {A09.X+ D63.0+} is generated.
Since only one counter frequent in F[C34.9, D63.0] =
(2,1,1), the annotation on repeating items <C34.9+
D63.0+> is generated. In addition, the annotation on
repeating items <D63.0 D63.0+> is generated.
Furthermore, since F[C34.9, D63.0], F[A41.9, D63.0],
and F[A41.9, C34.9] do not form a pattern generating
triple. It means no other item could be co-frequented
with <C34.9, D63.0>, there is no projected database
annotation with A41.9. As a result see Table 3, the
thrid row, i.e. disease D63.0.
The fourth step (section 2.4), generate a length-3
sequential patterns based on pattern generation in
Table 3, i.e. projecting database and generating

repeating pattern. There are 5 annotation on projected
databases in Table 3 the fourth column, i.e. <E86.X
I10.X>: {A09.X}, <A41.9 I10.x>: {A09.X E86.X},
<(E86.X C34.9)>: {A09.X}, and <E86.X A41.9>:
{A09.X}. For instance, we demonstrate the annotation
<E86.X I10.X>: {A09.X} by scanning sequential
database one or more times. As a result, the projected
databases are <A09.X E86.X A09.X (I10.X E86.X)>
and <I10.X A09.X A09.X E86.X A09.X I10.X>.
Based on the projected database, sequential patterns
<A09.X E86.X A09.X I10.X>:2, <E86.X A09.X
I10.X>:2, and <A09.X E86.X I10.X>:2 are
discovered. The generated length-3 sequential patterns
by projected databases are shown in Table 4.
TABLE IV
SEQUENTIAL DISEASE PATTERNS FROM PROJECTED DATABASE
Ann. on
Sequential
Projected Database
Projected DBs
Patterns
<A09.X E86.X
<A09.X E86.X
A09.X I10.X>:2
<E86.X
A09.X (I10.X
<E86.X A09.X
I10.X>:
E86.X)>, <I10.X
I10.X>:2
{A09.X}
A09.X A09.X E86.X
<A09.X E86.X
A09.X I10.X>
I10.X>:2
<(A09.X A41.9)
I10.X>:2
<(A09.X A41.9)
<A41.9
<A41.9 E86.X
E86.X A09.X (I10.X
I10.x>:
E86.X)>, <(A09.X
A09.X I10.X>:2
<A41.9 E86.X
{A09.X
A41.9) A09.X E86.X
E86.X}
I10.X>:2
A09.X (I10.X
A41.9)>
<A41.9 A09.X
I10.X>:2
<A09.X (E86.X
<(E86.X
<A09.X (E86.X
C34.9) A09.X>,
C34.9)>:
<A09.X (E86.X
C34.9)>:2
{A09.X}
C34.9)>
<A09.X E86.X
A41.9>, <A09.X
<E86.X
<A09.X E86.X
A09.X E86.X A09.X
A41.9>:
A41.9>, <A09.X
A41.9>:3
{A09.X}
(A09.X E86.X)
(A09.X A41.9)>

There are 14 annotations on repeating items
including a looking for a particular and any ordered
sequences (see Table 3 the third column). The
particular ordered sequences are <J90.X D63.0+>,
<E86.X I10.X+>, <A41.9 I10.X+>, <I10.X I10.X+>,
<C34.9+ D63.0+>, <D63.0 D63.0+>, <A09.X+
C34.9+>, <E86.X C34.9+>, <C34.9 C34.9+>, and
<A09.X A09.X+>. They should not be generated for
further repeating patterns. The particular ordered
sequences use the output length-2 sequential patterns.
Moreover, there are 4 any ordered sequences, i.e.
{A09.X+, I10.X+}, {A09.X+, D63.0+}, {A09.X+,
A41.9}, and {A09.X+, E86.X}. For example, we
demonstrate how to generate repeating items for
{A09.X+, I10.X+}. Generate several sequence from
{A09.X+, I10.X+}, e.g. <A09.X, I10.X, I10.X>,
<I10.X, A09.X, I10.X>, <A09.X, I10.X, I10.X>. For
each sequence, scan sequential databases to discover

the frequent sequence pattern. For our example, there
are 3 frequent sequence patterns, i.e. <A09.X, A09.X,
I10.X>: 2, <I10.X, A09.X, I10.X>: 2, and <I10.X,
A09.X, A09.X>: 2. The generated length-3 sequential
patterns by repeating item are shown in Table 5.
TABLE V
SEQUENTIAL DISEASE PATTERNS FROM REPEATING ITEMS
Ann. on Repeating
Sequential Patterns
items
<A09.X, A09.X, I10.X>: 2
{A09.X+, I10.X+}
<I10.X, A09.X, I10.X>: 2
<I10.X, A09.X, A09.X>: 2
<(A09.X, D63.0), A09.X, D63.0>: 2
<(A09.X, D63.0), A09.X>: 2
{A09.X+, D63.0+}
<(A09.X, D63.0), D63.0>: 2
<A09.X, A09.X, D63.0>: 2
<D63.0, A09.X, D63.0>: 2
<(A09.X, A41.9), A09.X>: 2
{A09.X+, A41.9}
<A09.X, A09.X, A41.9>: 2
<A09.X, E86.X, A09.X>: 4
{A09.X+, E86.X}
<A09.X, A09.X, E86.X>: 2
{A09.X, A09.X+}
<A09.X, A09.X, A09.X>: 2

The last step as an optional step, visualize a
sequential disease pattern using graph. For instance an
annotation on repeating items {A09.X+, D63.0+} in
Table 5 is visualized in Figure 3. Double circle is used
for start sequence, bold circle is used for end
sequence, and normal circle is used for transition
sequence.

medical database was built in different representative
data, i.e. transactional database. The medical database
should be transformed into a sequential database first.
Then use FreeSpan to mine sequential diseases
pattern. The generated patterns can be used a
knowledge to predict sequential diseases. As a result
the medical representative can take preventive and
curative action more precisely.
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Abstract— This research present Asymmetry,
Border Irregularity, Color Variation, Diameter
(ABCD) feature extraction for melanoma skin
cancer diagnosis. ABCD feature is the rule that
is used dermatologist for obtain the important
information of image dermatoscopic lesion. This
feature is used to diagnose melanoma skin cancer
based on Total Dermatoscopic Value (TDV). There
are three diagnosis that is used on this research i.e.
melanoma, suspicious, and benign skin lesion. The
experiment uses 30 samples of image
dermatoscopic lesion that is suspicious melanoma
skin cancer. Based on the experiment, the
accuracy of the system is 85% that there are 4 false
diagnoses of 30 samples.
Index terms– Asymmetry, Border Irregularity,
Color Variation, Feature extraction, Melanoma
I. INTRODUCTION
elanoma is one of the most dangerous skin
diseases to humans, the most deadly diseases of
all types of skin cancer and cancer developing
from the growth in the pigment layer of the skin.
This incident developed dramatically in recent years.
Given the early, melanoma can be removed and the
patient can be cured. Early diagnosis of malignant
melanoma is a crucial issue among the experts
dermatologist. List of associations of visual features
remains
with
malignant
lesion
symptoms.
Unfortunately, it is difficult to visually interpret
these features and then recognize wound malignant
pigment. Even the experience of dermatological
experts have difficulties to distinguish melanoma
from other lesion on the skin pigment, like a typical
lesion and not typical harmless.
This problem raises an interest dermatologist that
allows ease of clinical recognition of melanoma,
including automatic interpretation of color images
dermatoskopis with computerized image analysis.
That way, there are interesting developments of the
computer system aids (computer-aided systems or
CAD) for the clinical diagnosis of melanoma as a
support for dermatological experts in different

M

analysis steps, such as the detection limit of injury,
the calculation of diagnostic features, classification of
the types of injuries different, visualization, and
others.
Stages of the process of melanoma skin cancer
diagnosis are preprocessing, segmentation, ABCD
feature extraction from the lesion, and the calculation
of Total Dermatoscopic Value (TDV). Preprocessing
and segmentation research has been done by Chastine,
et al [3]. In this study covered about ABCD feature
extraction method of object segmentation result that
suspected melanoma lesion to get information
whether the injury is non-melanoma or melanoma.
ABCD feature extraction extract Asymmetry,
Border Irregularity, Color Variation and Diameter
features. Based on the research of experts got a
Dermatologist that melanoma is not characteristic
asymmetrical, uneven edge of the lesion or irregular,
has a different color and composition have a large
diameter. Asymmetry Extraction is used to obtain
information Asymmetry and lengthening Index of the
object. If the Asymmetry Index value greater the
chances are that the lesion is melanoma. Extraction
Border Irregularity is used to obtain information
Compactness Index, Fractal Dimension, Edge
Abruptness, and Pigmentation Transition from the
object. Extraction Border Irregularity is used to obtain
information Color Homogeneity and the correlation
between Photometry and Geometry of the object.
The rest of the paper is organized as follows;
Section 2 describes architecture of system and method
of ABCD feature extraction. In this section, is also
described about the experimental result and
evaluation performance, and Section 3 describes
conclusion of this research.
II. ARCHITECTURE SYSTEM OF MELANOMA SKIN
CANCER DIAGNOSIS
All of the process of skin lesion diagnosis is
described on architecture system in Figure 1. The
preprocessing and segmentation process are previous
research [3]. This paper present ABCD feature
extraction, compute Total Dermatoscopic Value
(TDV) and melanoma skin cancer diagnosis.

1 2  Ak
(1)

2 k 1 A L
k is mayor and minor axis, ∆Ak is non- overlapping
area of lesion.
AI 



Fig 1. Architecture System of Melanoma Skin Cancer Diagnosis

2.1 Preprocessing

In this research, method of preprocessing for
smoothing image from noise is median filtering.
Median filtering is used for minimizing the influence
of small structures like thin hairs and isolated islands
of pixels like small air bubbles. The median filter is
a non-linear digital filtering technique, often used to
remove noise from images or other signals. Median
filtering is a common step in image processing. It is
particularly useful to reduce speckle noise and salt
and pepper noise.

Lengthening Index
This measurement is used to describe the elongation
of a lesion, for example the degree of anisotropy
lesion. Elongation injury is related to Eigen value λ',
λ'' from the inertia tensor matrix. This is defined by
the ratio of moment of inertia λ' about the major axis
using λ'' moment of inertia about minor axis.
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2. Border Irregularity

There are four value of border irregularity feature
i.e. Compactness Index, Fractal Dimension, Edge
Abruptness and Pigmentation Transition.

2.2 Segmentation Process

Segmentation aims to select and isolate (separate)
objects fromanoverall image. Segmentation consists
of down sampling, filtering and edge detection. Down
sampling stage is a process to decrease the number of
pixels and eliminate some of the information from the
image. With a fixed image resolution, down sampling
the image size is smaller [4].
There are two step of segmentation process are
fuzzyset and region growing. Region Growing is a
segmentation technique that gathers the pixels into a
homogeneous region according to a similarity
criterion. This algorithm requires a seed pixel that
lies inside in the ROI and threshold θ as a stopping
condition. In order to optimize the region growing
results, it selects the center of a homogeneous area as
the seed pixels.
2.3 ABCD Feature Extraction

ABCD feature extraction is one of process to
extract the important feature. The results of this
process are used to distinguish melanoma or non
melanoma. There are four important feature i.e.
Asymmetry, Border Irregularity, Color Variation,
and Diameter.
1. Asymmetry feature

There are two value of asymmetry feature i.e.
Asymmetry Index (AI) and Lengthening Index.
 Asymmetric Index
Asymmetry Index value is computed with the
equation (5) :



Compactness Index
Density index (Compactness Index / CI) is the
measurement of the most popular form of barrier
which 2D objects estimate unanimous. However, this
measure is very sensitive to noise along the boundary
term amplified by the square of the perimeter
PL2
(3)
Cl 
4 A L
PL is perimeter lesion.
To find PL value, surgery Robert edge detector to
detect edges. Robert is a differential technique, the
differential in the horizontal direction and the
differential in the vertical direction, with the added
conversion process after the differential binary.
Binary conversion technique proposed is the
conversion to level the distribution of a binary black
and white. Filter kernel used in Robert's method is:
1
H   1
1  and V   
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Fractal Dimension
Fractal has characteristics self-similarity, and has
properties to the scale / size. Each section has a
fractal is a different scale has the same nature with the
whole fractal. This characteristic causes suitable for
fractal compression techniques. Another characteristic
is fractal dimension. Dimension size is generally an
integer, such as the line has dimension 1, the field has
dimension 2, and 3- dimensional cube has, and so
on. However, fractal dimension is a strange as it may

worth fractions. This fractal dimension can be used
as a characteristic of an image.
Fractal dimension can be calculated by the method
of calculation of the box (box-counting). This method
divides the image into the boxes in varying sizes (r).
One example of determining the value of r is 2k, with
k = 0, 1, 2, ... etc, and 2k, smaller than the size of
the image. Figure 2 shows illustration box-counting
method.

globally, we use the mean me and variance ve of the
gradient magnitude values e (k) which describes the
level of steepness and global variations.
1
(7)
lum ( i , j )  r ( i , j )  g ( i , j )  b ( i , j ) 
3
1 K
1 K 2
(8)
me 
e(k ) , ve 

 e ( k )  m e2
K k 1
K k 1
Another characteristic is fractal dimension.
Dimension size is generally an integer, such as the line
has dimension 1, the field has dimension 2, and 3dimensional cube has, and so on. However, fractal
dimension is a strange as it may worth fractions.
This fractal dimension can be used as a characteristic
of an image.
3. Color Variation

Fig 2. Metode Box-Counting

In general, use the box grid that divides the image
into a pixel size rx r. N (r) is evaluated as the
number of pixels that contain pieces of barrier
injury. Different pixel size and r is obtained as a
slop fd regression line log (r) vs. Log (N (r)).
(4)
N ( r )   r  fd
Equation 4 was expanded to
 1 
  fd  log( r )  log(  )
Log 
 N (r ) 

(5)



Edge Abruptness
Lesion with irregular boundaries (Abruptness Edge)
has a large difference in radial distance (e.g.
distance d2 between the centered and the barrier GL
C). Barring irregularities are estimate by analyzing
the distribution of radial distance difference.
1
2
d 2  p,G L  m d 

P pC
(6)
Cr  L
m d2
md is the mean distance of d2 between the centered
point barrier and GL.


Pigmentation Transition
This important feature explains transition of skin
pigmentation between the lesion and surrounding skin.
Sharp edge is steep dangerous when fading slowly, do
not indicate a dangerous lesion. For that, we
consider component before (i, j) of the original color
image as the only three components are weighted the
same color. Then we estimate the gradient
magnitude of intensity component lum along the
boundary before C of the skin lesion. We obtained
a set of gradient magnitude value of K, e (k) (1 ≤ k ≤
K, where K is the limiting sample size) that describes
locally the transition between the injury and setting
points of skin on each side. To describe more

One early sign of melanoma is the emergence of
color variations in color. Because melanoma cells
grown in grower pigment, they are often colorful
around brown, dark brown, or black, depending on
the production of melanin pigment at different depths
in the skin. To limit further diagnosis, the color
variation in a lesion described by Ch color
homogeneity and the correlation between the
geometry and photometry Cpg.
 Color Homogenity
Luminance histogram of injuries is divided into three
equal-length intervals. Intervals that are related to the
three smallest Luminance values define dark area in
the intermediate level to relate others from injury and
is not involved in the quantification of color. Then,
the color homogeneity is described as a transition
zone of lighter / darker zone and the zone darker /
lighter zone when the scan cuts horizontally and
vertically.


Correlation Between Photometry and Geometry
This attribute evaluates the distribution of color
on the lesion, including an explanation of the
evolution of the color levels of the barrier centroid
GL lesion. This value is larger for non-dangerous
injury because it has a target aspect, whereas small
values indicate danger.
( lum ( p )  m l ).( d 2 ( p , G L )  m d ) (9)
1
C pg 

A L p L
v l .v d
md and vd are mean and variance of distance d2,
ml and vl are related to luminance.
4. Diameter

Melanoma tend to grow larger than common
moles, and especially the diameter of 6mm. Because
the wound is often irregular forms, to find the
diameter, drawn from all the edge pixels to the pixel
edges through the mid-point and averaged.

2.4 Compute Total Dermatoscopic

APPENDIX

After the value of four componen is found, then
calculate TDV (Total Dermatoscopic Value). To get
the TDV values, then the formula obtained as
follows:
(10)
TDV  A  1, 3  B  0 ,1  C  0 , 5  D  0 , 5
Then the value obtained has the following
Luminance conclusion:
¾ 1,00 - 4,75 – benign skin lesion
¾ 4,75 - 5,45 – suspicious
¾ more than 5,45 – melanoma
III. EXPERIMENTAL RESULT AND PERFORMANCE
ANALYSIS
In the experiment, the image that is used as
input data is the dermatoscopic image suspected as
melanoma. To evaluate performance system, this
research use dataset of the dermatocospic image
(Figure 5). The user interface of system as in Figure 3,
this figure describe input dermatoscopic image,
preprocessing, and segmentation. And Figure 4
describe user interface of the TDV result. The
experimental result of total image dermatocospic is
described in Table 1. There are 4 images that are false
diagnosis. Therefore the performance of system
shows that the accuracy is 85%.

Fig 3. The Main user interface of the system

Fig 5. Image dermatoscopic
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Abstract─The use of radiological technology in
the diagnosis of a disease has become a common
thing in the world of medicine. Radiology even
become a major factor in the diagnosis of several
types of diseases. However, accuracy of
radiological image readings by the radiologist has
never been perfect, so still allows missed diagnosis,
such as in the diagnosis of herniated nucleus
pulposus (HNP). In this paper, the technique used
is a non-rigid image registration in performing
alignment of spinal MRI images, so the aligned
image can later be used for HNP diagnosis. Feature
detection is done by using canny edge detector and
the harris corner detector. Corners as the detected
features then used as a transformation parameter
for feature-based warping technique. The results of
tests showed that the local deformation of images
can be produced well using feature-based warping
technique, although the result of alignment has not
been absolutely perfect.
Index Terms - non-rigid image registration, HNP,
feature detection, image transformation

II. HERNIATED NUCLEUS PULPOSUS
Herniation is defined as a material in the disc that
came out of disk space on the spine invertebral
[AUT06]. Material that can experience herniation are
nucleus, cartilage, anular tissue, and combinations of
these materials. HNP is a herniation that occurs in the
nucleus pulposus material on each disc, which is a gap
between the vertebrae.
HNP is a common cause of pain in the lower back.
Approximately 80% of the U.S. population will
experience at least once HNP in a lifetime [BUT98].
HNP may be a protrusion, which is when the largest
distance between the disc material that has exceeded
the disk space is less than the edge of the bottom, and
extrusion, which is when the largest distance between
the disc material that has exceeded the disk space is
more than the bottom edge. Extrusion furthermore can
be a sequestration, which is when there is material
from the disc that has been out of the container disc.
The types of HNP can be seen in Fig. 1.

I. INTRODUCTION
The using of images in radiology to help medical
diagnosis and medical research has been increasing.
Therefore, the need of information about relation
between radiological images, which is can be used for
helping diagnosis and medical treatment, has been
arise. As one solution, image registration can be used
to obtain information linkages between radiological
images from different sensor and time.
In the image registration, image collection can be
obtained via different sensors, time, or objects. Image
collection then aligned into the same coordinate
system. The alignment is conducted so that the image
can be more easily interpreted.
In this paper, application of non-rigid image
registration on spine MRI images was peformed. The
application is expected to help the process of HNP
diagnosis by indicating the difference from the aligned
image.

Fig. 1. Types of HNP

Clinically, HNP often occurs in L4-L5 or L5-S1
(refer to) [AUT06]. However, it is also possible to
occur close to the joints between the C5-C7 which
causes pain in the neck. HNP at C3-C4 segments can
even lead to Brown-Sequard syndrome, the syndrome
of motor movement and disruption of neural networks
[KIM09].

for each pixel in the image [FOO03]. This definition
can be described by equation (1).
(1)
I f  T  x   I f  x  u  x   I r
The image in the process of change is symbolized as
I f and denoted by the reference image I f . Non rigid
transformation is symbolized as T , which does
translations for each pixel x in image I f with a

Fig. 2. Spiral Segments

III. NON-RIGID IMAGE REGISTRATION
Image registration generally divided into two,
namely intensity-based registration and feature-based
registration [CRU04]. In intensity-based registration,
collection of images compared on the basis of intensity
(color) of each pixel in the image, while comparisons
on feature-based registration conducted on the basis
set of image points associated with the location of the
geometry of each image. The dependence of intensitybased registration on the intensity information of the
image can be a weakness when the method is used in
the medical field, because radiological image may
have different qualities, depending on the condition of
equipment used during image capture. Therefore, the
method used this time is a feature-based registration.
There are four steps in feature-based registration,
which is as follows:
1. Feature detection, detection of distinctive
elements, such as edge, contour, line
intersections, and the corner, manually or
automatically. Furthermore these elements can
be represented in the form of the control points
2. Feature matching, the matching between the
control points contained in the image owned by
the reference image
3. Transform model estimation, the estimation
process of mapping functions to align the images
4. Image resampling and transformation, the
transformation process by using the mapping
function
There are several transformations that can be
implemented to the image collection to be aligned,
namely the rigid transformation, affine transformation,
and non-rigid transformation. Rigid transformation is a
kind of transformation that includes only a linear
transformation of rotation and translation. Affine
transformation is a flexible type of transformation that
includes only rotation, translation, dilation, and
shearing. Non rigid transformation is a kind of
transformation that includes non-linear transformation,
ie the local deformation of the image.
Non-rigid image registration (NRR) is defined as
the deformation of a space that generate the mapping

certain shift symbolized as u  x  .
There are several ways to determine the shift of
u  x  , as stated in equation (1), such as elastic and
viscous model, optical flow, spline warps, or local
registration approaches [FOO02]. The methods used
also determine the limits applicable to the changing
shape. These restrictions serve to keep the space shape
changes remain subtle and continuous.
Transformation based on the concept of spline is a
kind of transformation that have been developed in
various forms during the last 15 years [CRU04]. This
transformation use a correspondence control points on
the image collection as a parameter. One method that
uses this transformation is the method of thin-plate
spline. This method has been widely used to
investigate morphometric variation in schizophrenia
disease [DEQ99]. In this method, each control point
has a global impact on the other control points, so that
changes in one control point will make the other
control points to change. This may be a disadvantage
because it will limit the ability to model the complex
and localized deformations. The higher the number of
existing control points, the higher the cost of
computing each single control point changes. Another
method which also uses the concept is a method
of bicubic B-spline. In this method, a change in one
control point will only affect the immediate neighbors
only and does not affect the other control points. With
these capabilities, B-spline method is considered to
have the ability to support the local deformation.
Application of bicubic B-spline that has been done
is on the MRI image of the knee [CRU04]. One
reading of medical images that have a high difficulty
level is the reading of the image containing joints.This
is because the movement of joints is so dynamic,
making it difficult to get a consistent image. By using
non-rigid image registration via bicubic B-spline,it can
be done to set the image alignment containing the knee
joint. The results can be used in the diagnosis of
changes in the thickness of the cartilage.
IV. FEATURE DETECTION
This paper discussed the use of canny edge detector
and harris corner detector in the feature detection
process. Feature which became an important factor for
the alignment of spinal MRI images are corners on the
vertebra and corners of the nucleus pulposus.

Canny edge detector is the optimization of edge
detecting that based on three criteria [SHA05]. The
first criteria is the detection of the edge has a low
possibility of missed object edges and low probability
of detecting the wrong edges of the object. The second
criteria is the detected edge is as close as possible to
the location of the actual object in the image. The third
criteria is for each edge will have only one
representation of object edge obtained.
The first stage in the canny edge detector is by first
smoothing the image using Gaussian filter. The next
stage is to apply gradient operator on image that has
been through the Gaussian filter. After passing the
second stage, the object edges in the image should be
highlighted. The next stage is to apply the techniques
of non-maximal suppression on the image. This
technique is used to find the local maximum value at
the direction of the gradient and other lower value,
thus minimizing the occurrence of discovering the
wrong edge of the object. Local maximum value is
found by comparing the intensity value of pixels along
the direction of the gradient of the neighboring pixel.
This process helps in achieving a thick edge of one
pixel, before finally entered the final stage of
thresholding. Canny edge detector in the process of
thresholding uses hysteresis thresholding technique,
that is by using two threshold values. There are two
threshold values t h and t l , where t h > t l . Pixel
intensity value greater than t h is considered as the
edge. By tracing the contour of the edge, neighboring
pixels that have a gradient value of less than th can
still be considered as an edge if its value is more than
t l . This process is a solution of the problem and keep
the cut edges are less prominent, but relevant to the
needs of the feature. However, the weakness of this
stage is a decreasing computing speed in the edge
detection.
Performance of the canny edge detector is highly
dependent on the Gaussian filter that is used and the
value of thershold th and tl. Gaussian blur filter with a
large value is appropriate for image that has a lot of
noises and to detect big edges. However, a large value
of blur effect will reduce the accuracy of edge
localization. Conversely, a small blur effect will
maintain the quality of representation found. This
element should be adjusted according to the image
noise level.
Harris corner detector use a window (eg window
size of 3x3 pixel) to calculate the change in intensity
when the window is shifted from a particular point in
image coordinates. There are three cases that occurred
when the window shifts [HAR88]:
In this paper we introduce the basic design of BAIK,
a scripting language which syntax is in Indonesian. The

basic parsing method, parameter handling and
language construction are explained. The main
performance of this design depends on variable
handling using Binary Search Tree which has average
complexity O (log n) [7].
1. If window shift conducted on image pieces do
not contain object boundary, then all window
shifts will indicates a small change in the value
of intensity
2. If window shift conducted on image pieces that
contains edge, then the shift along the edge will
show a small intensity changes. However, the
shift perpendicular to the edge will show a large
change in intensity
3. If window shift conducted on image pieces that
contains corner, then window shift in any
direction will indicate large change of intensity
Mathematical equation as the specification of the
three cases, the image intensity value I , the value
changes with the shift of E u , v  ,described in
equation (2). The equation defines that the cornet is a
local maximum value of a set minimum value ( E ).
The function w  x , y  is a window function which can
be a binary function (produce one or zero) or can be a
Gaussian function.
2
E u , v    w  x , y  I  x  u , y  v   I  x , y  (2)
x,y

In the alignment of spinal MRI images, the
application of harris corner detector will use the
results of edge detection using canny edge detector.
This is done so that the positioning of windows in
detecting angle would be easier, because window
position will be at the edges of the spine.
V. FEATURE MATCHING
After collection of corners has been detected the
next step is to find correspondences of features
between MRI refrence image and MRI image of
patients. Feature matching conducted by using
spatial data kd tree and nearest neighbor search.
K-dimensional tree (kd tree) is a data structure to
store a collection point on the k-dimensional space. Kd
tree is a binary tree with each node contains a domainvector, range-vector, split value, and the information
of kd tree right and left. Domain-vector is an index to
a node that divides the space into two sub-spaces
according to splitting hyperplane of the node. All
points are located on the left sub-space represented by
the left sub-tree information, and so is the right subspace represented by the right sub-tree information.
Splitting hyperplane is a field that pass through
domain-vector and perpendicular to the direction set
by split value. If determined a split value is the axis i ,
a point located on the left side of domain-vector if and

only if the point value for the i axis is smaller than the
value on the i axis of the domain vector.
Construction of a kd tree recursively done by filling
the left sub-tree or the right sub-tree. The steps in the
construction of the kd tree kt from set of points pt_set
is as follows:
1. If pt_set empty, then return the tree kt
2. If pt_set not empty and tree kt is empty, the
first element of pt_set is the root
3. If pt_set not empty and tree kt is not
empty, check node
4. At node visited, do the following:
a. If the value of the pt_set element on the i
axis (depends on the split value) is smaller
than the value on the i axis of the
domain vector, then visit the left subtree and check:
i. If empty, then form a new node
ii. If not empty, then repeat step (4)
b. If the value of the pt_set element on the i
axis (depends on the split value) is larger
than the value on the i axis of the domain
vector, then visit the right sub-tree and
check:
i. If empty, then form a new node
ii. If not empty, then repeat step (4)

and resampling process of the image using
interpolation bicubic B-spline.
In feature-based warping, the simplest thing that can
be done is the transformation with one pair lines. Pair
of feature lines from the original image and the
destination image that interlocked defines the mapping
back from the coordinate X in the destination image
with coordinate X ' in the original image. With the
feature line PQ on the destination image and

When the tree has been constructed, the next step is
to search using the nearest neighbor.Nearest neighbor
search is based on the nearest Euclidean distance.
Euclidean distance between two vector d and d '
defined by equation (3).

coordinates of original image and destination image
and a weighted average of the shift is calculated and
determined by the distance from the coordinate X to
the line. The average shift was then added to the pixel
coordinate of X to determine the coordinates of X ' in
the original image. The weight given to each line is the
greatest weight when the pixel is right on the line and
getting smaller as the pixel furthers away from the
line. The equation used in weighting is described in
equation (5).

d  d' 

kd

 d
i 1

i

 d 'i 

2

(3)

Step in the search of correspondences using kd tree
is as follows:
1. Searching is done by Depth First Search to reach
the leaf
2. Domain-vector values in the leaf of the first visit
is stored as the closest point
3. Visit the parent of the node and check:
a. If the parent has a hyperplane that intersects
the radius distance of the nearest point, then
the domain-vector value in the parent
become the closest point and repeat step (1)
b. If the parent has a hyperplane that does not
intersect with the distance radius to the
nearest point, then repeat steps (3)
4. If the root node has been visited twice, then the
search has been completed
VI. TRANSFORMATION
Correspondencing feature that has been found
will be used as a parameter in the transformation. The
transformation is done by using feature-based warping

feature line P ' Q ' in the original image, then the
value of coordinate X is determined by the equation
below (4).
 X  P   Q  P 
u 
2
QP
v

X

 P   Perpendicu lar Q  P 
QP

X '  P '  u  Q '  P '  

v  Perpendicu lar Q ' P ' 
Q ' P '

(4)
In addition to the transformation of one pair of
lines, there is also a more complex transformation that
uses
many pairs of lines – it is referred as
transformation with multiple pairs of lines. Position of
X i is calculated for each pair of line. The shift
D i  X i ' X

is

the

difference between the pixel

b

 length p 
(5)

weight  


a

dist


Length is the length of the line, dist is the distance
from pixels to the line, and a, b, p is constants that are
used to change the line’s elative effect. If a slightly
greater than zero, then the weight value will approach
to infinity. With a value like this, then the pixels along
the line will experience movements in accordance with
those desired. Greater value of a would affect a
smoother warping, but reduces the precision control.
The constant b determines the amount of elative
distance between lines. The closer the value of b, then
each pixel will be influenced by a line closer to the
pixel. If the value of b were zero, then the whole line
would affect each pixel equally. The recommended
value of b is in the range of 0.5 to 2. Elative
value of p is generally in the range of 0 to 1. If the
value is zero, then the whole line has the same weight,

if the value is one, then longer lines will have greater
weight then shorter lines. Illustration can be seen in
Fig. 3 and the transformation algorithms with many
pairs of lines can be viewed in pseudo-code below:
For each piksel X in the destination image
DSUM = (0,0)
Weightsum = 0
For each line PiQi
compute u, v based on line PiQi
compute Xi’ based on u, v and Pi’Qi'
compute Di = Xi' - X
dist = shortest path from Xi to PiQi
weight = (lengthp/(a+dist))b
DSUM += Di * weight
X' = X + DSUM/weightsum
Intensity(X) = Intestity (X')

P x   {

x x0
0 x0

(7)

VII. RESULT AND DISCUSSION
On the test results by implementing the overall
techniques that have been described, the obtained
results are as follows:
1. Use of canny edge detector and the harris
corner detector do not always produce a
collection point as the expected control point
2. Application of feature-based warping can
manage a variety of positions of control points,
so it has a god flexibility of local deformation
3. Bicubic B-spline interpolation produces
smoother transformation image with clearer
edge features
4. Imperfect detection of control points causes
imperfect image alignment
Image of the application of non-rigid image
registration can be seen in Fig. 4.

X’ = X + DSUM / weightsum
Intensity(X) = Intensity(X’)

Fig. 3. Multi pairs of lines

Bicubic B-spline interpolation is a combination of
some convolution of functions. Bicubic B-spline uses
four convolutions with a simple square function
[PAR83]. This interpolation has a smoothing effect
that is sometimes too much compared to the actual
needs. This is because the value of the resulting
bicubic B-spline interpolation is always positive in the
interval of 0 to 2. Interpolation function for the bicubic
B-spline is defined in equation (6).

(6)
In this interpolation, the determination of the
intensity values at a point on the destination image is
determined based on the 15 neighboring pixels in
the original image. A transformation result of
coordinate point  x, y  is subject to the bicubic B-

Fig. 4. Image after application of NRR

Also performed using different patient MRI image
that already has a collection of control points that have
been detected. Image detection results can be seen in
Fig. 5.

spine interpolation in determining the intensity value
of pixels in the destination image. Coordinates  x, y 
may contain non-integer values, so that predetermined
coordinates  a , b  that is nearest from the  x, y  .
Intensity values I at the coordinates  x, y  can be
calculated by equation (7) for each color channel in
the image.
I x, y  
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Fig. 5. MRI imge difference deteced

VIII. CONCLUSION AND RECOMMENDATIONS
From the results of tests conducted, the conclusions
obtained as follows:
1. Use of canny edge detector and the harris corner
detector do not fully restore the control point at
the corner of the vertebra and the corner of
nucleus pulposus
2. The use of feature-based warping and bicubic Bspline produce flexibility in the transformation
3. The orientation of the slope of the spine affects
the accuracy of control points detection
4. Weak accuracy of control points resulted in
imperfect alignment, making it difficult to detect
differences
Improvements that can be done to the existing
shortfall are to use different approach in the search for
control points. The approach can be done by first
exploring the specifics of the domain HNP problem on
MRI images of the spine. Research also can be
performed on images from different modalities (e.g.
CT-Scan). Analysis then also could be done further
about better accurate differences detection by first
having the clear and accurate definition of nucleus
pulposus.
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Abstract— In this paper, structure-based epitope
prediction method is surveyed. Epitope known as
antigenic determinant is apart of macromolecule
(pathogen or virus) that recognize by body immune
system in MHC binding peptide. Epitope
recognition is urgently required for successfulness
of DNA vaccine development. There are
experimental methods to recognize epitope, such as
ELISA or X-ray crystallography, but its time
consume and expensive to applied. The most
reliable method is prediction method by
computational approach. To grasp various
prediction method and to make a chance on this
research area, its important to make a study on
epitope prediction methods. Based on epitope
category, prediction method can be categorize on
two,
continuous
epitope
prediction
and
conformational epitope prediction method. There is
various approach on structure-based continuous
epitope prediction, i.e. binding matrix, decision
tree, Neural Network, Support Vector Machine,
and Hybrid of these method, but Support Vector
Machine is the best among them. Its shown from
the study that there is no guidance how to apply
this approach in conformational epitope and how
to identify epitope in long sequence of protein. It
also important to know that epitope from
prediction result is unique so that vaccine resulted
is effective and have less side effect. This paper aim
to make a chance to answer the challenge on
conformational epitope prediction.
Index Terms - epitope prediction method, database
epitope, Support Vector Machine, Neural Network.
I. INTRODUCTION
rowth of computer technology and it’s
application on Biology born new field of science,
called Bioinformatics. Bioinformatics also affect on
Vaccinology. Vaccine is known as effective tool to
arrest and to treat diseases. Vaccine that is inserted
into human body will stimulate immune system to
excrete anti body. This anti body will attack or destroy
virus or disease or distinct things that insert into the

G

body. The body immune system is bothered with
recognition and obliteration for molecule or distinct
cell insert into the body. Immune response generation
by immune system depends on interaction among
immunogenic substance, antibody, and lymphocyte.
Immunogenic substance has surface structure known
as epitope. Particular pattern owned by epitope make
possible the recognition process to immunogenic
substance by immune system. In recognition process,
cell known as macrophages identify epitope structure
in immunogenic substance and save the identification
result on short peptide form (10 – 18 amino acid
sequence) that is known as immune dominant peptides
(IDPs). Then IDPs make a bounding with the protein
surface on macrophages that is known as protein
MHC. Macrophages then show IDPs-MHC binding to
cell T. This cell has specific receptor to recognize this
kind of binding.[1]
There are two approaches on vaccine development,
i.e. conventional method and reverse Vaccinology as
shown on Fig 1. Conventional method have more
negative side effect and need a long time to develop.
Bioinformatics advancement make possible develop
DNA vaccine that can be develop on the shorter time.
The resulted vaccine is in form protein recombinant
(DNA vaccine) that is more safe and effective because
it comes from antigen protein of pathogen that is
recognized by immune system.[2]
The protein recombinant resulted from DNA
vaccine development is a part of antigenic protein that
bind to MHC – called epitope that can trigger immune
system excrete anti body substance. This antibody will
destroy distinct things insert into the body. The
successfulness of immune system to destroy the
distinct things is began from successfulness of immune
system in recognizing the antigenic substance that bind
to major histocompatibility complex or MHC.
Therefore, epitope recognition has great effect on the
successfulness of vaccine development.
Finding epitope can do in laboratory, using
immunochemical
method
(as
Enzyme-linked
Immunosorbent
Assay
or
ELISA,
Immuno
fluorescence and Radio immunoassay) and X-ray

crystallography. Experimental based methods are
expensive and its accuracy depend on carefulness in
doing lab. The expansions on computer science make
a chance on computational based epitope prediction
method.
Because of the urgently required of epitope
prediction on vaccine development, this paper is
aimed to make a study on various computational
based epitope prediction method. Various kinds of
immunogenic epitope, continuous epitope prediction
method and conformational epitope prediction, epitope
database and discussion will be discussed in the next
section.

mer. It is shown in Figure 2 differences between
continuous epitope (blue area) and conformational
epitope (red area).
Many approaches on epitope prediction method can
be categorized by the kind of epitope, i.e. prediction
method for continuous epitope and for conformational
epitope. For continuous epitope there is sequence
based method and structure 3 dimensional based
method. The structure based method is out of topic.
The next section of this paper discuss about prediction
method based on the kind of epitope.

Fig. 2. Continuous epitope and Discontinuous epitope. [3]

A. Continuous Epitope Prediction Method

Fig. 1. Vaccine Development Method. [2]

II. IMMUNOGENIC EPITOPE PREDICTION
Epitope that is known as antigenic determinant is
part of macromolecule that can be recognize by body
immune system, especially antibody, cell B and cell.
T. Based on position of epitope in sequence, there is
two kinds of epitope, i.e. continuous epitope and
discontinuous or conformational epitope[3].
Continuous epitope is recognized by cell T. This
epitope is in amphiphatic helical 9-12 mer.
Conformational epitope is recognize by cell T and cell
B. This epitope is in form of non linier and discrete
amino acids that is merged together and has 15 – 22

Tong at al in [4] has been identified there are six
category of method have been used in continuous
epitope prediction, i.e. sequence motif [5], binding
matrices [6 ], decision tree [7], Artificial Neural
Network [8], Hidden Marcov Model [9], Support
Vector Machine [1,10] and combination between
ANN and SVM [11].
Sequence motif based method could not be use after
the invention of the fact that in some epitope sequence
motif did not find and sequence motif is found in non
epitope area [12].
Binding matrix technique is improvment of simple
sequence motif. Binding matrix improve sequence
motif by do correlation with peptide residu position in
bound. This technique using tabel with size l x 20,
where l is the long of binding motif and 20 for each
amino acid symbol. Bhasin and Raghava [11] call
binding matrix as quantitative matrix and quantitaive
matrix is generated by equation:

Q(i ,r )  P(i ,r )  N (i ,r ) ........................................(1)

P(i ,r ) 
N ( i ,r ) 

Ei ,r
NAi ,r
Ai ,r
NAi ,r

......................................................(2)

.....................................................(3)

TABLE 1
QUANTITATIVE MATRIX

where Q(i,r) is the weight of residu r at position i in the
matrix. P(i,r) and N(i,r) is the probablity of residu r at
position i in the epitope and non-epitope. Ei,r and Ai,r is
number of residu r at position i. The quantitative
matrix generated by equation show in table 1. To
calculate score of the peptide the score of each residu
at each position is summing by equation:

data. The outperform of SVM as compared with NN is
the length representation of input data and training
data may be vary, so this method is more flexible.
Other benefit of SVM is the outcame can get high
accuracy although training data is limited.

l

Score   Qi ,r

..............................................(4)

i 1

Where i is the length of the peptide. For example, the
score for ILKEPVHGV is

Score  I1  L2  K3  E4  P5  V6  H 7  G8  V9
The peptide achieving score more than the cutt off
were considered as the epitope. The method is
combined with SVM and NN by Bhasin and Raghava
at [11] and have accuracy 77% .
The decission tree method is rule based method that
clasify pattern using a number of predefined rule.
Binding motif position is conversed into rule and be
positioned on the node of the decission tree. The
resulted structure of the tree sign amino acid
properties that have strong corellation with
psicochemical of peptide. Peptide sequences are
threaded through a series of nodes and the result of all
node-to-node transition are used to determine the
outcome of prediction. An example of a decission tree
network is shown in Figure 3 [4].
Among the existing method, SVM and NN give
better accuracy and can handle both linear and nonlinear data. A major drawback of NN than that of
SVM is fix representation of data, so that NN only
predict epitope with the same length epitope that have
been trained to NN. But, outcome of prediction by NN
will more accurate with existence of more training

Fig. 3. Subset of decission tree employed by Segal at al. [13]
refered by [4] where each node represents grouping of
preferensial/non-preferensial amino acid residu at various position.

Neural Network are method that well suited to perform
classification and pattern recognition. Combination of
NN with other method proven to be improve outcome
of prediction accuracy. Neilson at al. [8] combine
three NN with different input representation to
improve common NN. It proven that different
representation of input (sparse encoding, blosum
encoding and input derived from Hidden Markov
Model) give better accuracy than NN with only one
representation. Bhasin and Raghava [11] do other
scenario to get outperform prediction using hybrid
method. Combining NN with quantitative matrix (QM)
can improve accuracy to 72 % from stand alone
quantitative matrix that achieve accuracy

Fig. 4. Epitope prediction metode proposed by Bhasin dan Raghava. [11]

50%. Unification of QM, NN, and SVM by consensus
and combination deliver very good performance. QM
just achieve accuracy 50%, unification QM and NN
achieve accuracy 52% to 72%, Unification of QM and
SVM achieve 75%. Consensus combination of QM,
NN and SVM give accuracy 77.6% and Unification
QM, SVM and NN using combination give accuracy
79%. Prediction method proposed by Bhasin dan
Raghava [11] shown in Figure 4.
The expansion of SVM for epitope prediction
focuses on consideration of kernel function utilizing to
improve accuracy. A number of kernel function have
developed and categorized as peptide kernel and allele
kernel [10]. Peptide kernel that have developed are
linseq kernel and seq5 kernel. Linseq kernel is defined
by equation:
l

K linseq ( x, x' )    ( x[i]x' [i]) ………………(5)
i 1

where l is the length of peptide (i.e. 9), x[i] is i-th
residu in x and δ (x[i]x'[i]) =1 if x[i]=x’[i] and 0 if
others.
Kernel seq5 is defined by equation:
K seq5 ( x, x' )  ( Klinseq ( x, x' )  1)5 …………(6)
That is non-linear variation of linseq kernel. Other
type of kernel is biobasis function kernel proposed by
Yang and Chou as cited in [1] that can obtain accuracy
90.31%. Each biobasis function is supported by a kmer peptide referred to as a template peptide. A query
peptide will be aligned with template peptide using
biomap technique. Homology alignment score of
query peptide to template is defined by mutation
matrix like the Dayhoff matrix. Similarity of peptide
determine by highest score resulted from calculation.
Biomap process shown in Figure 5.

Fig. 5. Illustration of biomap process.

The bSVM classifier defined as

y( x)  wYAKE ( x, YAKE )  wTGGA ( x, TGGA) 
wAWCV  ( x, AWCV )  wKPRT  ( x, KPRT ) 
wTFGH  ( x, TFGH )  wPKRA ( x, PKRA) …(7)
where  (...) is the kernel function, w is the weight of
the indicated peptide, x is query peptide and y(x) is the
prediction of x. The indicated peptide are the most
difficult k-mer peptides that are most difficult to
classify as the supported peptides. The kernel function
defined by equation
 ( x, YAKE )  [ f ( x,  ), f (YAKE ,  )] ……(8)
where f ( x,  ) is the biobasis function.
There are kind of kernel that develop for allele, i.e.
Dirac, uniform and multitask kernel. Dirac kernel
defined by equation:

……(9)
Uniform kernel defined by equation:
……(10)
Multitask kernel defined by equation:
…(11)

Multitask kernel develop by Jacob and Vert [10] is
aimed to predict all epitope for all allele. This
approached take to adapt the fact that each allele just
recognize certain epitope. Other method just
implement to certain allele.
In addition to sequence based method, there is
developed structure based method such as protein
threading, homology modeling and docking [4]. The
drawback of these approaches is the need of long
computation time and difficulties on predict the 3
dimensional structure of protein. These approaches are
out of topic in this paper. The next section will discuss
about one of conformal epitope prediction, i.e.
Conformal Epitope Prediction (CEP).
B. Conformational Epitope Prediction Method
Conformational epitope prediction method not yet
growth like continuous epitope. Development of this
method is constrained by difficulties in predict
molecule’s structure. The characteristic difference
with continuous epitope makes difficulties in direct
implementation of continuous epitope prediction to
this type. The conformational epitope that is
composite of some short mer in the different location
in the sequence but must have short distance in
structure make the used approach must consider the
structure of molecule. As mentioned in previous
section, To predict molecule structure is difficult and
time consume.
If it is viewed from the requirement point of view,
development of conformational epitope is urgently
required. Unique combination of some shorts mer
makes this epitope more effective. But, from the
literate study it is shown that availability of prediction
method is limited.
One of successfulness developed method is CEP by
Kulkarni at al. [3]. Kulkarni at al. use structure
approach of molecule and solvent accessibility to
predict epitope. Accessibility of residue is approached
by accessibility percentage calculate using voronoi
polyhedron. Kulkarni state that this method can obtain
accuracy 75% when it tested using X-ray
crystallography. CEP can be access online in
http://bioinfo.ernet.in /cep.htm. To predict epitope
from molecule, molecule must be represented in 3
dimensional structures.

from literature, HIV-DB, SIFPEITHI [16], MHCPEP
and FIMM that contain epitope data have been
compiled to a database called MHCBN. MHCBN
contains 25.857 peptide sequence (1053 TAP binding
peptide), where the strength of binding with both
MHC or TAP has been test by immunoassay. This
database
can
be
accessed
in
url
http://www.imtech.res.in/raghava/mhcbn/.
Data
available in the MHCBN 4.0 are MHC binder/nonbinder data, epitope cell T, TAP binder, and sequence
and structure of MHC. MHC binder data contain
information about 20.720 MHC binders. Information
about MHC binding peptide include peptide sequence,
source of protein, binding strength with MHC allele,
and cell T activity that annotated manually. Because of
the need of non-epitope data in development of
prediction method the database also contain 4000 non
binder peptide data. Epitope cell T data that available
on database include 6700 T helper and CTL epitope.
Other feature available on database is TAP binder that
urgently required for understanding antigen endogen
processing. There are 100 TAP binders in the
database.
This database also provides MHC sequence that its
binding peptide is in database. This information can be
used to know relation between MHC allel and it
binding peptide. This database is also equipped with
tool to create dataset that can be adapted with the need
of new method or the more accurate method in vaccine
design for example, to create binder dataset for certain
MHC allele or for certain strength binding (high,
medium or low). [15]
B. CED
CED is the only one conformational epitope data
base currently exist developed by Huang and Wataru
[16]. This database contains several hundreds of
epitope data. This condition caused by fact that
experiment approach for epitope identification is
expensive and existence of prediction methods are rare
with obtained accuracy still low. The information
about residue formation and epitope location,
immunological property of epitope antigen and
antibody correlated with epitope is included in this
database [16]. This database can be accessed on url:
http://web.kuicr.kyoto-u.ac.jp/~ced/.
IV. DISCUSSION

III. EPITOPE DATABASE
Based on epitope type there are two kind of epitope
database, continuous and conformal. In this section
MHCBN and CED will be discussed. MHCBN [14] is
continuous epitope database and CED [15] is
conformational epitope database.
A. MHCBN
A number of separate database, such as database

The urgently required DNA vaccine development to
produce effective vaccine with less side effect point to
a chance and challenge on development of
conformational epitope prediction. Some outperform
algorithm such as SVM and NN can be adapted to
solve conformational epitope prediction. The major
challenge on development of conformational epitope
prediction is characteristic of this type of epitope, that

is the epitope candidate is some apart segments in
sequence but neighboring in structure. Another
drawback of developed method is that the model just
use to test what is the inputted segment is epitope or
not. The optimization of implementation of the model
is not yet covered, although this issue is critical on
long sequence of peptide or amino acid. Another
things that is not covered in the epitope prediction is
working through about how to make a choice so that
the resulted epitope can direct to less side effect
vaccine on DNA vaccine development. This study is
aimed as guidance on development of conformational
epitope of certain gene sequence by considering gen
constrained to get safe epitope.
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Abstract— The objectives of this research are to
design and fabricate glucose sensor using enzyme
based amperometric sensor on glass substrate.
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.
Characterization of the reference electrode has been
evaluated. The output potential and noises are
observed at random times and the potential variation
of the two reference electrodes is less then 1 mV. It is
due to copper wire silver paste coated was used but
with unknown purity.
I.

INTRODUCTION

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 threeelectrode 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
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 (hydrogenperoxide 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].

Figure 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
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 oxidaseproducing moulds such as aspergillus and penicillum
species are used for the biological production of
gluconic acid.
II. EXPERIMENTAL
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 [2, 8, 10]. Materials used in
electrochemical biosensors are classified as (1).
Materials for the electrode and supporting substrate,
(2) materials for the immobilization of biological
recognition elements, (3) materials for the fabrication
of the outer membrane and (4) biological elements,

such as enzymes, antibodies, antigens, mediators, and
cofactors. 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. For example, the overall oxygen reduction
involves different steps (such as oxygen reduction to
hydrogen peroxide, hydrogen peroxide reduction to
H2O, and dismutation of hydrogen peroxide), and
numerous parameters influence the rates of these
reactions (the potential, the nature of electrode metal,
and the operating conditions). The overall sensor
current is thus dependent on many factors; including
charge transfer, adsorption, chemical kinetics,
diffusion, convection, and substrate mass transport
[11-13]. 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 [2]. Furthermore it is strongly depend
on the response rate-limiting factor, i.e. substrate
diffusion and enzymatic reaction rate [13].
In this research, the layout of the glucose sensor
to be constructed is shown in figure 2. Three different
patterns and sizes of glucose electrode are used to
evaluate the sensor response rate (A1= 9.63 mm2, A2=
4.60 mm2, A3= 3.97 mm2). The base transducer
consists of H2O2 sensor, which is essentially the same
as the oxygen sensor. The enzyme glucose oxidase is
immobilized in front of the H2O2 sensor between two
membranes. The inner membrane is a permeselective
membrane that allows passage of H2O2 where as the
outer membrane separates the biosensor from
measurement medium (figure 3).
In order to coat a thin sensing membrane onto a
gold electrode, appropriate membrane materials have
to choose. The requirements of the membrane are
good adhesion to the electrode surface, good
permeability of the membrane are good adhesion to
the electrode surface, good permeability of glucose
and adequate mechanical strength. Albumin
crosslinked by glutaraldehyde and cover with a
cellulose acetate adhesion layer may be use in this
research. Microfabrication processes are used to
produce devices with dimensions in the micrometer to
millimetre range [10]. Over the past few years,
microfabrication technology has emerged as a
promising technology for miniaturising and integrating
chemical or biosensor systems. Microfabrication of
electrochemical sensors,

Figure 2. Glucose sensor layout

Figure 3. Glucose sensor structure

using IC technology, has been extremely challenging,
mainly due to process incompatibility issues,
packaging problems, failure to incorporate a true
reference electrode and the difficulties involving
patterning relatively thick organic layers such as ion
selective membrane and hydrogel [11]. In addition,
microfabrication techniques can also be used to either
significantly improve sensor characteristics (with
respect to conventionally fabricated devices) or to
develop devices with new functionality, which cannot
be realised in conventional fabrication technology.
Chemical sensors or biosensors usually consist of a
sensitive layer or coating and a transducer or
electrode. Various enzyme materials serve as
biologically sensitive layers that can be coated onto
the different transducers. The set of microfabrication
processes used for coating a sensitive layer for
biosensors is completed by various deposition
techniques for biologically sensitive layers such as
dispensing or spray coating, polymerisation, a sol-gel
process, printing and by sputtering. For example
electrochemical polymerisation is an attractive
approach for enzyme immobilisation. This is a simple
procedure where a suitable monomer is oxidised in the
presence of an enzyme. The enzyme is confined to a
layer adjacent to the electrode. The techniques used
for the production of electrode can be roughly
classified as: (1) printing, (2) deposition, (3)
polymerisation, (4) plasma induced polymerisation,
(5) photolithography and (6) nano technology. In this
research project, deposition and photolithography
techniques were used to fabricate and pattern the
glucose electrode. Flow diagram and fabrication steps
for fabrication of biosensor glucose sensor are shown
in figures 4(a) and (b). The next steps are
manufacturing the reference electrode (Ag|AgCl) and
enzyme coating using spray coating. The silver/silver
chloride reference electrode is produced by
chloridising the gold wire coated with silver paste in

0.1 M Potassium chloride (KCl) solution. The
following are the fabrication steps involved for
amperometric glucose electrode on glass substrate:
 Deposition of chrome/gold electrode using
sputtering system
 Patterning of gold electrode using
photolithography
 Etching (wet or dry)
 Enzyme coating using spy coating or sol-gel
process

the cathode for electrolysis, with the copper wire silver
paste coated electrode as the anode. A current of ± 50
µA was passed through the electrode for
approximately 120 mins in 0.1 M KCl, where a
magnetic stirrer was employed to keep homogeneity of
the solution. The electrode was then immediately
rinsed in deionised water and subsequently stored in
the plastic bottle. Before potential measurements, the
reference electrode was immersed in the test solution
for about 1 hour to establish a stable
electrode/electrolyte
interface.
The
reversible
electrode reaction consists of silver ions going into
solution and then combining with the chloride ions to
form silver chloride. Thus its potential is determined
by the following reactions:
Ag  Ag + e-

(3.5)

Ag+ + Cl-  AgCl(s)
Ag + Cl  AgCl(s) + e
-

(3.6)
-

(3.7)

Figure 4. (a) Flow diagram of the fabrication of glucose
sensor used. (b) Glucose sensors fabrication steps.

Different approaches of fabrication of silversilver chloride reference electrode have been cited in
literatures [14-18]. In this research, the reference
electrode used was a Ag|AgCl electrode. The
silver/silver chloride reference electrode was produced
by chloridising the copper wire coated with silver
paste but to minimise the contamination hazard and to
achieve good surface contact, the copper wire was first
rinsed with 10% HNO3 solution followed by acetone
(CH3COCH3) solution. The copper wire coated with
silver paste (drying at ± 150 0C for 120 mins) was
chemically chloridized in 0.1 M potassium chloride
(KCl) solution. The experimental set-up is illustrated
in figure 5(a) & (b). A gold coated wire was used as

Figure 5. (a) Schematic Diagram reference electrode
experimental set-up (b) Photograph of reference electrode
experimental set-up

The key feature of a reference electrode is its
reproducible and stable potential that is not influenced
by the measuring solution. The fabricated reference
electrode developed during this research was of a
Ag|AgCl type. The simplest way to test an unknown
reference electrode is to compare its potential with a
known good reference electrode in a beaker containing
an electrolyte and connect the two electrodes to the
inputs of a good quality voltmeter. Ideally the
voltmeter’s input impedance should be 100 MW or
greater. Since we don’t have a good reference

electrode, in order to make a valid assessment of an
integrated reference electrode, two identical reference
electrodes (Ref. A and Ref. B) were fabricated and
then immersed in electrolyte. Read the open circuit
voltage of the system. This is a measure of the
potential difference between the two reference
electrodes. This enables a comparison to be made
between electrodes of the same type as a consistency
check.

electrodes is less than 1 mV. Temperature of the setup
during the experiment was not taken into account.

III. RESULTS AND DISCUSSIONS
The quality of the AgCl layer depends on the
current density and length of time during its growth.
The length of time the electrode is submerged was
observed to be directly proportional to the thickness of
the AgCl layer. Figure 6 shows the fabricated of
reference electrode.

Figure 6. Images of two reference electrodes made of
copper wire coated with silver paste (I = 50 A, T=120
mins)

Figure 7 shows a schematic diagram of the
experimental set-up for stability testing of the
fabricated reference electrode. The measurement
apparatus consisted of a multimeter (BRYMEN
BM859CF) with a resolution of 0.01 mV was selected
to measure the voltage generated by the electrode and
was interfaced with a PC. The test solution was 0.1 M
KCl with magnetic stirrer at the bottom. Both
fabricated reference electrodes Ref. A and Ref. B were
immersed in test solution at room temperature for
more than 2.5 hours and the output signal was
recorded.

Figure 8. The response potential of two identical reference
electrodes

IV. CONCLUSIONS
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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Abstract— Panoramic radiographs are usually
taken to examine dental diseases. Other works used
them for early detecting individuals with general
skeletal bone diseases, such as osteoporosis. However
most works in computer-aided diagnosis on
panoramic radiographs heavily depend on the
performance of the segmentation method, due to
unevenly illumination and low contrast of the
images. We conduct an exhaustive survey for four
excellent image thresholding methods and provide
their performance comparison on experimental
images consisting special area of interest on
panoramic radiographs. The methods include
Multistage
Adaptive
Thresholding,
Otsu,
Hierarchical Cluster Analysis, and Fuzzy Sets Type
II methods. The comparison is carried out based on
the combined performance measures. We identify the
MAT method perform better over teeth image
applications.
Index Terms— image segmentation, local
thresholding, local image statistic, dental panoramic
radiographs.
I. INTRODUCTION

D

ENTAL panoramic radiographs are frequently
taken by any people especially who have dental
diseases. Every year, the availability of these images is
approximately 10 million in Japan, 17 million in the
United States, and 1.5 million in England and Wales [1].
That is important for examining dental diseases such as
dental caries and periodontal disease. It would be both
economical and beneficial if these radiographs could be
used for identifying postmenopausal women with
undetected osteoporosis so that dentists could refer them
to medical professionals for DXA testing. Recently we
have developed some computer-aided systems for
measuring cortical bone and trabecular bone on dental
panoramic radiographs for detecting osteoporosis
postmenopausal women. Teeth images are also
important to segment because it can result some
information regarding someone conditions.
Most works in computer-aided diagnosis on
panoramic radiographs heavily depend on the capability
of the segmentation tools so as to have segments which
are ready to be measured. However, performance of the
method usually can not achieve excellent results, due to
unevenly illumination and low contrast of the original

images.
Thresholding algorithm produces a binary image
whose one state will indicate the foreground objects, that
is, teeth, while the complementary state will correspond
to the background. The foreground can be represented
by gray- level 0, and the background by the highest
luminance, that is 255 in 8-bit images, or conversely the
foreground by white and the background by black.
Various factors, such as nonstationary and correlated
noise, ambient illumination, busyness of gray levels
within the object and its background, inadequate
contrast, and object size not commensurate with the
scene, complicate the thresholding operation.
In this paper we provide an exhaustive survey for
some excellent image thresholding methods for
thresholding area of interest consisted of teeth on dental
panoramic radiographs. This paper also assess their
performance comparatively using a set of objective
segmentation quality metrics.
We distinguish four thresholding algorithms including
Multistage Adaptive Thresholding (MAT), Otsu,
Hierarchical Cluster Analysis (HCA), and Fuzzy Sets
Type II methods. We choose MAT because this method
due to its robustness in the presence of noise. While
Otsu method is widely used method in the world, even in
the commercial image processing software. HCA and
Fuzzy are two recently proposed that seems superior in
segmenting image and robust to noise.
This paper focuses on bi-level thresholding that often
called as binarization. An image as a result of
thresholding process can be presented in histogram
image, to know distribution of pixel intensity values to
image or specific part of it. For images with bi-modal
distribution, its histogram can be partitioned by
determining its threshold value.
The methods were evaluated using Misclassification
Error (ME) and Relative foreground Area Error (RAE)
to know the performance of each method and to
conclude which method is the best performance.
II. MULTISTAGE ADAPTIVE THRESHOLDING (MAT)
General algorithm that is used to thresholding image
is using Multistage Adaptive Thresholding (MAT)
method described as follows:
1) Preprocessing.
2) Determine two global threshold T0 and T1 that

have been used in stage of calculation of threshold
value based on criteria.
3) Calculate k (pixel ratio that is classified as object
and background) automatically. Value k also will
use in calculation threshold value based on criteria.
4) Determine adaptive neighborhood size “b”.
5) Calculate threshold value based on criteria.
A. Locally Adaptive Thresholding
Given an input image f x  , thresholding may be

Given background ratio with object  that can be
estimated by global threshold result on input image,
coefficient k can be calculated by



k   



g x  



1 if

t  x  0

0 if

t  x  0

by using Otsu algorithm [8].
b. Estimation  ratio by using formula:
 M .N 

This method uses the local image statistics, in a linear
combination, of the mean and the standard deviation.
The thresholding function is defined as
(4)
t x   f x   s  k. s x 
where
s x  

1
N

 f x 

and

xS

s 

1
2
  f x   s x 
N  1 xS

(5)

are the mean and the standard deviation, respectively, in
a b  b neighborhood region S centered at x ,
N  b  b , and k is a constant coefficient. The threshold
function becomes:
(6)
t x   px   s  k. s x 
B. Multistage Thresholding
Global threshold method does not solve the problem
in which some part of an object has higher intensity than
background but lower than other part in same object. So,
we need two global thresholds, i.e. low threshold T0 and
high threshold T1 . Pixels with gray value less than T0
are classified as background, whereas pixels with gray
value more than T1 are classified as object. Strategy for
resulting two global threshold T0 and T1 is using a
modified multilevel thresholding Otsu method [8]. A
threshold function is combined as MAT becomes [4]:
if px   T0
px   T0
t x  

px   T1
px   s  k. s x 



if px   T1
if px   T0

C. Automatic Calculation of k
Coefficient k in Equation (7) is used for determining
pixel ratio that is classified as object and background
[4]. In general, the smaller the chosen k , the more likely
it is for pixels to be classified as objects. Therefore, the
selection of k directly affects the thresholding result.

i 1

(9)

M .N 

    ci 


1 jika f i   Tg
ci 

(1)

Label of 1 and 0 correspond to object and background,
respectively. In global threshold algorithm, we first
compute a fixed threshold T and then define the
threshold function as
(2)
t x   f x   T

(8)

using z table after the tranformation of z=(X-µ)/σ.
a. Find global threshold Tg for image input f x 

viewed as an operation that involves tests against a
function of t  x  . a thresholded image g x  is defined
as

N ,  x dx  

0 sebaliknya,
(10)
where M and N are width and height f x 
c. Calculate k by using Equation (8).
III. OTSU THRESHOLDING
This method is from viewpoint of discriminant
analysis. It directly approaches the feasibility of
evaluating the optimal threshold and automatically
selecting in optimal threshold. An optimal threshold is
selected by the discriminant criterion to maximize the
separability of the resultant classes in gray levels. The
procedure is simple, utilizing only the zeroth and the
first order cumulative moments of the gray level
histogram.
This method is done by minimizing the weighted sum
of within-class variances of the foreground and
background pixels to establish an optimum threshold.
Recall that minimization of within class variances is
tantamount to the maximization of between-class scatter.
This method gives satisfactory results when the numbers
of pixels in each class are close to each other.
In order to find and evaluate the goodness of the
threshold (at level k ) using discriminant criterion
measures (measures of class separability) used in
discriminant analysis :
(11)
   B2  T2
   B2  W2
x   T2  W2
where

 W2  w0 02  w1 12

(12)

  w0 0  T   w1 1  T 

2

2
B

 w0 w1 1  0 

(13)

2

 T2  i 1 i  T 2 i
L

(14)

are within class variance, the between class variance and
the total variance of levels, respectively.
 W2 that is based on the second order statistics (class
variances) and  B2 that is based on the first order
statistics (class means) are functions of threshold level
k but  T2 is independent of k . Therefore, η is the
simplest measure with respect to k and as criterion
measure to evaluate the separability of the threshold at
level k . So, the optimal threshold k is maximazes η or

equivalently maximazes as shown in equation (15) :
 B2 k    max  B2 k 
(15)
1 k  L

two clusters and the total mean of both clusters. And
The intra- class variance,  A2 Ck1  Ck 2  is the variance of
all pixel values in the merged cluster.

IV. HIERARCHICAL CLUSTER ANALYSIS (HCA)

V. FUZZY SETS TYPE II

This method attempts to develop a dendogram of gray
levels in the histogram of an image, based on the
similarity measure which involves the inter-class
variance of the clusters to be merged and the intra-class
variance of the new merged cluster.
The bottom–up generation of clusters employing a
dendogram by this method yields a good separation of
the clusters and obtains a robust estimate of the
threshold. Such cluster organization will yield a clear
separation between object and background even for the
cases of nearly unimodal or multimodal histogram.
Since this method performs an iterative merging
operation, the extension into multi-level thresholding
problem is a straightforward task by just terminating the
grouping when the expected number of clusters of pixel
values are obtained. This method improves its merging
criteria by involving inter-class variance and intra-class
variance in the similarity measurement, so as to
maximize the distance of cluster means, as well as the
variance of the new merged cluster.
1. We assume that the target histogram contains K
different non-empty gray levels. At the beginning
of the merging process, each cluster is assigned to
each gray level, i.e. the number of clusters is K and
each cluster contains only one gray level.
2. The following two steps are repeated (K – t) times
for t-level thresholding.
a. The distance between every pair of adjacent
clusters is computed. The distance indicates
the dissimilarity of the adjacent clusters, and
will be defined in the next subsection.
b. The pair of the smallest distance is found, and
these clusters are unified into one cluster. The
index of clusters Ck and Tk are reassigned
since the number of clusters is decreased one
by the merging.
3. Finally t clusters, C1, C2, . . ., Ct, are obtained. The
gray levels T1, T2, . . ., Tt-1, which are the highest
gray levels of the clusters, are the estimated
thresholds. For the usual two-level thresholding, t
= 2 and the estimated threshold is T1, i.e., the
highest gray level of the cluster lower brightness.
The distance between two adjacent clusters in the
histogram is based on both the difference between the
means of the two clusters and the variance of the
resultant cluster by the merging.

Measure of fuzziness express difficulty level in
determination whether an element or data will be a
member or not in specified fuzzy sets. Difficulty level
determines the highest level of data in fuzzy sets is
achieved when degree of member has grade 0.5. The flat
membership function shows high ambiguity level while
the steep one shows low level of ambiguity. A flat
membership function indicates high vagueness image
and yields in difficulty of thresholding process.
Type II fuzzy sets is designed by making membership
function in three dimension where each element in type
II fuzzy sets has membership value in range [0,1]. The
third dimension is an extension and adds degrees of
freedom to get more information in represented fuzzy
sets. Type II fuzzy sets are very useful when there is a
difficulty in determining appropriate membership
function for a fuzzy set and problem related with
ambiguity.

DistCk1 , Ck 2    I2 Ck1  Ck 2  A2 Ck1  Ck 2 

The two parameters in the definition correspond to the
inter-class variance and the intra-class variance,
respectively. The inter-class variance,  I2 Ck1  Ck 2  is the
sum of the square distances between the means of the

Fig. 1. Type II fuzzy set reconstruction and type I fuzzy set.

Type II fuzzy sets have a not sure membership value
or named “fuzzy”. Membership value in type II fuzzy
sets can be any value in range [0,1]. This membership
principal is called primary membership. Related with
each primary membership, there is a secondary
membership (also has a value in range [0,1]) that assign
possibility to be primary membership. Type I fuzzy sets
are special part for type II fuzzy sets where its secondary
membership function is a subset consist of one element
only.
Axis in Fig. 1 shows main variable as member of
fuzzy set, ordinate shows primary membership value,
and the third axis (up direction) shows secondary
membership for each primary membership or called
amplitude.
General algorithm to threshold the image based on
type II fuzzy sets and measurement of ultrafuzziness is
defined as follows:
(1) Choose type of membership function to determine
membership value µ(g) and initialize value of α. In
this paper, two membership functions represent
object fuzzy set and background fuzzy set,
respectively.
(2) Compute image histogram.
(3) Determine initial position location of membership

(4)

(5)

(6)
(7)
(8)
(9)

function.
Shift membership function along graylevel range
to calculate fuzziness total in each position as
shown in Fig. 2. Maximum fuzziness total
indicates optimal threshold value.
Compute upper membership value and lower
membership value, µu(g) and µL(g) in each
position.
Calculate ultrafuzziness value for object fuzzy set
and background fuzzy set, respectively.
Compute ultrafuzziness total value.
Find position gopt which has maximum
ultrafuzziness total value.
Threshold image using T = gopt.

ME formula is defined as follows:
ME  1 

BO  BT  FO  FT ,
BO  FO

(19)

where Bo is background of ground truth image, Fo
is foreground of ground truth image, BT is
background of tested image (thresholding result
image) and FT is foreground of tested image
(thresholding result image).
 Relative foreground Area Error (RAE): to calculate
expediency between thresholding result image and
ground truth image.
RAE formula is defined as follows:
AO  AT if A  A
T
O
AO

RAE =
AT  AO if A  A ,
T
O
AT

Fig. 2. Two membership functions are shifted along graylevel value.

The performance of image thresholding using
ultrafuzziness optimization based on type II fuzzy sets
has been proofed to be more optimal when compared
with type I fuzzy sets thresholding.
VI. RESULT AND DISCUSSION
In experiment, we compare four methods, i.e.: (i)
Otsu thresholding method [8], (ii) thresholding method
by using Hierarchical Cluster Analysis (HCA) [1], and
(iii) thresholding method by using Fuzzy Sets Type II
[5]. To know the performance of each method, we have
done the testing of 1-5 images (see Figure 3). Image
result of MAT method can be seen on Figure 5, whereas
Figure 6-8 have shown thresholding result image that
using Otsu method, Hierarchical Cluster Analysis
(HCA) method, and Fuzzy Sets Type II method.
Ground truth image is used to reference image to
measure the performance of thresholding method.
Ground truth images have been done manually based on
original image as seen to Figure 4. We can see Figure 5
that thresholding result image is using MAT method that
is dividing object and background successfully. Image of
it result can correspond it well to ground truth image on
Figure 4. Have a difference of image that result of three
methods on Figure 6-8, they have been seen that it
consist of several objects have classification error to
background, so also it conversely.
Measurement is used to know the performance of
each method, i.e. [1, 2] :
 Misclassification Error (ME): to correspond error
ratio of background pixel that is determined as
foreground and conversely.

(20)

where Ao is foreground region of ground truth
image and AT is foreground region of thresholding
result image.
Table 1 show the performance of thresholding based
on ME and RAE value for each thresholding algorithm
that is a comparison between threshold result image and
ground truth image. According to ME evaluation,
threshold result image that have applied MAT method
give smallest value of ME. It has indicated that error
ratio value of background pixel that is determined as
foreground and conversely is smallest one. Whereas
according to RAE evaluation, threshold result image that
have applied MAT method also give smallest RAE value
that has indicated that the compatibility of object region
segmentation between threshold result image and ground
truth image is highest one. Therefore, based on ME and
RAE evaluation on Table 1, MAT method is the best
method because it has smallest value of ME and RAE.
Table 1. Evaluation of thresholding performance between MAT
method and other three methods based on ME and RAE

Note : smallest value is written bold

(a)

(b)

(c)

(d)

(e)

Figure 3. Original images : (a) Image 1, (b) Image 2, (c) Image 3, (d) Image 4, (e) Image
5

(a)

(b)

(c)

(d)

(e)

Figure 4. Ground Truth images : (a) Image 1, (b) Image 2, (c) Image 3, (d) Image 4, (e) Image
5

(a)

(b)

(c)

(d)

(e)

Figure 5. MAT images : (a) Image 1, (b) Image 2, (c) Image 3, (d) Image 4, (e) Image 5

(a)

(b)

(c)

(d)

(e)

Figure 6. Otsu images: (a) Image 1, (b) Image 2, (c) Image 3, (d) Image 4, (e) Image 5

(a)

(b)

(c)

(d)

(e)

Figure 7. HCA images : (a) Image 1, (b) Image 2, (c) Image 3, (d) Image 4, (e) Image 5

(a)

(b)

(c)

(d)

Figure 8. Fuzzy images : (a) Image 1, (b) Image2, (c) Image 3, (d) Image 4, (e) Image 5

(e)

I. CONCLUSION
Based on experimental images in segmenting teeth
on dental panoramic radiographs, Multistage Adaptive
Thresholding (MAT) method has better performance
than Otsu method, Hierarchical Cluster Analysis
(HCA) method and Fuzzy sets type II method. MAT
method affords to correspond ground truth image for
well. However MAT need to a proper neighborhood
size. This variable con be determined well because we
have specific object to segment, i.e. teeth.
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Abstract—One
scarcity
of
implementing
spectrum sensing is the hidden terminal problem,
which occurs when the cognitive radio is shadowed.
Its severe fading due to high losses while primary
users are visible. In order to deal with this problem
in cognitive radio network, the multiple cognitive
users should cooperate to conduct spectrum
sensing. We investigated a single node spectrum
sensing using power spectral density utilizing
USRP and GNU Radio act as Software Defined
Radio (SDR). In this paper, a periodic signal x(t) is
used with two USRP RFX2400 front ends. The
signal modulated by Gaussian Minimum Shift
Keying (GMSK) modulation is then transmitted
through wireless channel. The center frequency of
the experimental setup is 2.5GHz in order to
minimize any interference of ISM bands. At the
receiver, x(t) would be sensed by energy detection
algorithm. The result showed that spectrum
sensing has been successfully detected. The power
spectral density of the received signal is sensed
successfully using USRP and GNU Radio.
Index Terms—Spectral Density, GNU Radio, Energy
Detection, Spectrum Sensing, Cooperative Networks

I. INTRODUCTION

T

HE spectrum shortcoming problem is getting
worse due to emergence of new wireless services.
Wireless systems today are characterized by wasteful
static spectrum allocation, fixed radio functions, and
limited network coordination. Some system in
unlicensed frequency bands have achieved great
spectrum efficiency, but are faced with increasing
interference that limits network capacity and
scalability. The problems are being shattered by recent
survey of Spectrum Policy Task Force (SPTF) under
FCC. The survey showed that the actual licensed
spectrum is largely under-utilized in vast temporal and
geographic dimension [1]. A remedy of this spectrum
utilization problem is allowing secondary networks or
users to access under-utilized bands dynamically when
licensed users are absent. Nowadays, FCC has issued a
notice to advocate cognitive radio technology as a
candidate to implement opportunistic spectrum

sharing. Meanwhile, IEEE has also endeavored to
formulate a novel wireless air interface standard based
on cognitive radio [2]. Cognitive radio offers the
opportunity to use dynamic spectrum management
techniques to prevent interference, adapt to
immediately local spectrum availability by creating
time and location dependent in virtual unlicensed
bands [1].
Cognitive radio (CR) is a new technology that can
improves the spectrum utilization by allowing
secondary networks to borrow and share unused the
spectrum of the licensed or networks. Cognitive radio
is aware of the radio frequency environment, which
are comprises of the communication parameters, such
as carrier frequency, bandwidth and transmission
power to optimize spectrum utility and adapts its
transmission and reception system accordingly. One of
the most important parameters of CR is spectrum
sensing. The sensing is able to adapting the
environment and filled in the spectrum holes. It serves
the users without causing hardly interference to the
licensed users. Once the primary user is detected, the
CR should withdraw for the spectrum instantly, on
reducing the interference it may possibly occurred.
The rest of the paper is organized as follows. GNU
Radio and USRP act as Software Defined Radio is
provided on Section II. The review of previous works
and system model of initial energy detection is
analyzed in Section III. The experimental setup is
explained on Section IV and followed by a conclusion
in Section V.
II. GNU RADIO AND UNIVERSAL SOFTWARE RADIO
PERIPHERAL (USRP)
GNU Radio is an open source software toolkit
which consists of signal processing blocks library and
the glue to tie these blocks together for building and
deploying software defined radios [4]. Programmer
builds a radio by creating a graph (as in graph theory)
where the vertices are signal processing blocks and the
edges represent the data flow between them. The
signal processing blocks are written in C++ while
python is used as a scripting language to tie the blocks

together to form the flow graph. SWIG is use as the
interface compiler which allows the integration
between C++ and Python language.
Figure 1 shows the structure of GNU Radio.
Conceptually, blocks process infinite streams of data
flowing from their input ports to their output ports.
Blocks' attributes include the number of input and
output ports they have as well as the type of data that
flows through each. The most frequently used types
are short, float and complex. There are sources that
read from a file or ADC, and sinks that write to a file,
digital-to-analog converter (DAC) or graphical
display. About 100 blocks come with GNU Radio.

Fig. 1. GNU Radio Components

Universal Software Radio Peripheral (USRP) is a
flexible low-cost platform for software defined radios
developed by Matt Ettus [5]. USRP consists of two
main boards; the daughter board and the mother board.
The mother board consists of four 12-bit Analog to
Digital Converter (ADC) with sampling rate up to
64MS/s, four 14-bit Digital to Analog Converter
(DAC) with speed up to 128MS/s, two Digital up
Converter (DUC) to up convert the baseband signal to
128MS/s before translating them to the selected output
frequency, a programmable USB 2.0 controller for
communication between USRP and GNU Radio and
an FPGA for implementing four Digital Down
Converter (DDC) and high rate signal processing. It
capable to simultaneously transmit and receive signal
in real time due to fully coherent in all sampling
clocks and local oscillator thus, allowing the creation
of Multiple Input Multiple Output (MIMO)
operation[5].
The daughterboard is acting as the RF front ends of
the SDR. There are four slots on the motherboard
which used to connect the daughter boards with the
mother board. Two of the four slots labeled TXA and
TXB are mean for the TX daughterboard while two
more labeled RXA and RXB are for the RX
daughterboard.
III. THE ENERGY DETECTION ALGORITHMS
Energy detection has widely used to detect unknown
signals in noise. It has gained renewed recently in
radio communications [1]-[3]. In cognitive radio

networks, secondary user opportunistically access the
spectrum allocated to a primary user based on channel
sensing. The secondary user detects the channel that is
transmitted by primary user for further access. Since
the signature of primary user is not recognized, in the
most case, simple energy detection is a reasonable
choice for channel sensing in cognitive radio [2][3].
The performance limit of the energy detection was
considered under noise variance uncertainty in [2].
The energy detection is optimal for detecting any
unknown zero-mean constellation signals [4]. In the
energy detection approach, the RF energy in received
signal strength indicator (RSSI) is measured to
determine whether the channel is occupied or not [6].
Although the energy detection approach can be
implemented without any prior knowledge of the
primary user signal, it still has some scarcity. The first
problem is only detecting primary user if it sensed the
energy above a threshold. Another issue is the energy
approach cannot distinguish between other secondary
user sharing the same channel and primary user [7].
The threshold selection for energy detection is also
problematic since it is highly susceptible to the
changing background noise and interference level.
In this paper, we focus on the initial detection
utilizing of the energy detection of cognitive radio
using software defined radio. We analyzed the energy
signal based on its own power spectral density as
energy signal.
The input signal is x (t) is a periodic signal if there
exist a constant T0 > 0 such that
(1)
x(t )  x(t  T0 ) for   t  
where t denotes time, the smallest value of T0 that
satisfies this condition is the period of x(t). And the
period of T0 defines the duration of one complete
cycles of x(t).
In this works, we assumed energy signal, which [8]
p is the power.

V 2 (t )
 i 2 (t ) R
(2)
R
Power is often normalized by assuming R to be 1 Ω,
therefore, the normalization convention allow us to
express the instantaneous power as:
(3)
p(t )  x 2 (t )
where x(t) is either a voltage or a current signal. The
T T
energy dissipated during time interval ( , ) by a
2 2
real signal with instantaneous power, as expressed by:
p

T
2

E xT 

x

2

(t )

(4)

T

2

And the average power dissipated by the signal during
interval is

PxT 

1 T 1
Ex 
T
T

FFT device to resolved the spectrum of X(f). Then, it
located and after windowing the peaks in the spectrum
x(t) we resolve Y(f). the signal energy is then collected
in the frequency domain.
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2

(5)
In analyzing communication signals, it is often
desirable to deal with the waveform energy. We
classify x(t) is an energy signal if and if only, it has
non zero but finite energy (0 < Ex < ∞) for all time,
where
T
2

E x  lim T 





x 2 (t )dt 

x

2

(t )dt

(6)

The parameters setup for this experiment is shown
on Table 1 and Table 2.

which is Energy Spectral Density (ESD) is:
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where x(t) is
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Fig. 2 An initial Energy Detection using GNU Radio and USRP
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TABLE I
GNU RADIO TRANSMITTER
2.5 GHz
Center Frequency
128
Cyclic Prefix – Length
GMSK
Modulation
2000
Number of Packets
100e3
Bit rate
1
Bit/ symbols
2
Sample/symbol
0.35
Roll of factor (Gaussian)
0.25
Transmission Amplitude



IV. EXPERIMENTAL SETUP
In this paper we projected the testing of the single
node configuration which is competent to detect
energy signal. The energy detection is implemented
using 512 point FFT with a fully parallel pipelined
architecture for the fastest speed. Due to A/D sampling
at 64 MHz, this implementation has 62.5 KHz FFT
bins resolution.
Single node is inspected to verify the ability of
spectrum sensing especially on power spectral. The
configuration of single node spectrum sensing is
shown on Figure 2 (a). Two USRP RFX2400 front end
transceiver are setup and connected to the notebooks.
To detect an initially energy signal, we connect signal
generator to the RF board antenna. The GNU Radio
transmitter is considered generate and sending the
packet signal using parameter setup on Table 1.
Meanwhile, on receiver parts, is proficient to sense
and detect the signal. In this terms, the power of the
signal are detected as instantaneous power. The signal
x (t) that passed to the FFT (on GNU Radio, the FFT
are setup by default is 512 bins); its converts the
domain terms of the signal which is operates on
frequency domain.
The receiver consisted of an energy detector which
measures the energy in the receiver waveform over an
observation time window. The received signal is
sampled in a time window are first passed through on

TABLE II
GNU RADIO RECEIVER
Center Frequency
Cyclic Prefix – Length
Demodulation
Bit rate
Actual bit rate
Bit/ symbols
Sample/symbol

2.5 GHz
128
GMSK
100 kbps
125 kbps
1
2

At the receiver (Figure 2(b)), the signals is
recognized by power p(t) and normalized by assuming
as the instantaneous power with energy dissipated
T T
during time interval ( , ) . Thus, x(t) is Fourier
2 2
transformation in the direction of frequency domain.
Filtering process of the X(f) signal is done by
Blackman Harris which is determines the interval of
observation.
V. RESULTS AND DISCUSSION
At the transmitter, we set the center frequency is
2.5GHz in order to avoided any interference in the
ISM bands. Bit rate are set to 100kbps with the 2000
packets. The transmitting signal is modulated by
GMSK modulation which defaults for this transmitter.
Figure 3 shows the PSD of the transmitting signal
using GNU Radio. The result shows that the
generations of signal on GNU Radio transmitter
represent the signals.

VI. CONCLUSION
An initial detection of the energy signal is
successfully applied; the GNU radio platform is able
to detect and sensed the energy signal. In future works
we planned to investigated whether the channels is
occupied or free based on probability of false alarm,
detection and probability of missed in order to gain the
statistical model. The BER, SNR and PER are
parameter that being investigated.
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Abstract—In
this
paper,
we
present
Independent Component
Analysis
(ICA)
techniques
for
multiple machinery
fault
diagnosis using acoustical sound emission of the
machines. The sound mixture of fault machines
was recorded from an equally spaced
microphone array. The main objective is to
separate machine sounds from its mixture. In the
experiment we used one source and one sensor as
the baseline and pair of 2 sensors and 2 sources, 3
sensors and 3 sources and 4 sources and 4
sensors, respectively. The results showed that
time-domain ICA (TDICA) performed better
than Frequency Domain ICA and Multistage
ICA. Separated signal was then analyzed further
with instantaneous frequency technique (IF) to
determine the exact location of frequency
for machinery fault detection.
I. INTRODUCTION

R

ecent trend in industrial machine maintenance
or machine diagnosis is towards predictive
maintenance techniques which essentially mean
continuous monitoring of the machineries before
failure.
There
are
some
techniques
in
predictive maintenance or condition monitoring
such as: vibration analysis, thermography, tribology
and motor current. The vibration analysis is the most
powerful one
because
it
involves
direct
measurement using attached probe to the enclosure of
the machine.
Mechanical vibration of the machine is directly
related to the sound emission. Alteration of vibration
causes proportional alteration in sound signal. If a
normal machine emits certain parameters of sound
signal and forms a particular pattern, therefore the
change of that specific parameter can be concluded as
a result of an abnormality of the machine condition
[11]. This signal is bearing signal signatures that
observable using time-frequency technique [7].
In the real application, a plant usually uses more
.

than one machinery, combined in a way to complete a
specific process goal. The sound signals emitted by
these machines are mixed and it is difficult to separate
the machine sound from this mixture to identify which
machine emits what kind of sound.
Blind source separation (BSS) is method to
separate mixed source without prior knowledge
(blind) of source and mixing process [9, 10]. It
exploits the statistically independent nature of source.
The method to solve blind source separation problem
is commonly called independent component analysis
(ICA). The authors of [2, 3, 4] reported the timedomain ICA (TDICA), frequency-domain ICA
(FDICA) and multi-stage ICA for speech signal.
However, these techniques, to the best of our
knowledge, have not been implemented for lower
frequency in rotating machinery (lower than 100Hz).
In this paper, we propose ICA-based techniques to
separate mixture of 2, 3 and 4 machines using 2, 3,
and 4 sensors. We evaluated time-domain ICA,
frequency-domain ICA and multistage ICA to
investigate the suitable technique for sound separation
of lower frequency than speech. This paper will
briefly present some backgrounds, followed by
algorithm to estimate the separation matrices. In the
later section, the experimental set-up and discussion
of the results will be elaborated.
II. THEORY
A. Theory of ICA
Independent events occur when an event doesn’t
have any relation with another event. It is statistically a
stronger measure then uncorrelated. Mathematically,
probability function of those events can be formulated
as follows,
...(1)
The probability functions of those events are the
multiplication of each other. Let’s define xj
is measured signal by j-th sensor. The sj is j-th
sources that statistically
independent to each
other which implies any event observed from one

machine will not affect the other machine, even they
are placed next to each other. The measured signal xj
can be expressed,
...(2)
Xj symbolize mixed signal from sources. The
mixing matrix aj is not known before, as well as the
source sj. The task of ICA based BSS is to find the
estimation signal y from unknown mixing process.
The problem in ICA is to determine separation
filter, W, where W=A-1. The mixing and
problem formulation of ICA can be illustrated in the
following figure.

Fig. 1. ICA Process

From fig.1, ICA can be modeled as follows,

where bold letter is matrices notation unless
stated otherwise.
Let assume that we have two sources and two
sensors. In a matrix, (3a) and (3b) can be rewritten
into,

Estimation signal can be obtained if we have a
separating filter W. There are many choices
to determine the separation filter that converge to
a unique solution of the matrices above, depending on
the statistical properties of the signal at hand. Nongaussianity is main measure to ICA model to ensure
that the mixture is separable. This means we have to
treat the mixture in a way that it moves away from
gaussianity. Non-gaussianity can be measured by
using kurtosis and negentropy. Kurtosis is a measure
of the 'peakedness' of the probability distribution of a
real-valued random variable. Higher kurtosis means
more of the variance, due to infrequent extreme
deviations.
This also implies super-Gaussian
distribution. Kurtosis according to [4] is not a robust
measure of non-gaussianity, thus, other measures of
non-gaussianity might be better than kurtosis. To
obtain a measure of non-gaussianity that is zero for a
Gaussian variable and always nonnegative, one often
uses a slightly modified version of the definition of
differential entropy, called negentropy. The problem

in using negentropy is, however, that it is
computationally demanding. Estimating negentropy
by definition would require an estimate (possibly
nonparametric) of the probability density function
(pdf) of the signal. Therefore, we opt to use a simpler
approximations of negentropy elaborated in [8].
Another way to ICA estimation is by approach
from information theory. Mutual Information is
natural
measure
of
dependence
between
some variables. Lower mutual information indicates
that there is a low dependence between those
variables. According to ICA, the minimization
of
mutual information will strengthen statistically
independence between variables.
The last one to modeling ICA is by maximizes
likelihood function. Maximize of ML function is
fundamental concept to fitting density of distribution
that can be simplify with adjust separating filter W, so
the probability density function of estimation signal as
near as the source signal.
Separation method using ICA as mentioned earlier
can be solved in time-domain and or frequency
domain. In time domain, ICA can be modeled as,
…(4)
In time domain, mixed matrix crossed with source
signal. In frequency domain, mixed matrix multiplied
by source signal, both mixed matrix and source in
frequency domain.
…(5)
We also consider hybrid approach which
combines the time-domain ICA and frequencydomain ICA. This approach, henceforth, is called
multi-stage ICA. Essentially, the output from TDICA
becomes the input to FDICA or vice versa. These four
techniques will be evaluated in this research to find
the best separation of machine sound signal.
.
B. Optimization Algorithm
In this part we will briefly discussed some widely
known algorithm in ICA to estimate the
separation matrix.
 Infomax
The Infomax algorithm may be the most widely
used technique which basically based on nonlinearity function on mutual information. The
Infomax maximizes the information by minimizes
mutual information in the mixture, in this case the
mixing matrix from two sources-two sensors.
Weighting factor of separating filter, W, in this
algorithm is given by [2].

where µ is a positive learning rate of
(u)=[f(u1).f(u2)…f(un)], and u=W.x is a
function
before non-linearity.
 Natural Gradient
Amari, Chicocki and Yang in [6] proposed a
modification of the infomax algorithm by
multiplied the weighting factor WTW. The new
weighting factor become,

This algorithm namely natural gradient (or
relative gradient) and will converge better than the
infomax.

Fig 2. Physical Data Acquisition

From Figure 2 above can be viewed that one
microphone will receive sound signal stronger to
the closer motor, and at the same time it also
received sound
signal
from
other
motors.
According to the distance and angle to the
microphone, the source signal can be separated
based on independences of each source. The
ICA model for 3 motor – 3 microphones above
as shown in figure 3.

 FastICA
FastICA algorithm uses non-gaussianity measure
based on negentropy. This algorithm formulated by
fixed-point iteration, and have the same
formulation derived from Newton’s methods.
Rule of weighting factor in this algorithm given by,

Fig. 3. ICA Model for 3x3 dimension

Where g is derivative of contrast function to
approach non-gaussianity.

III. EXPERIMENT
Three steps of this research are described as
follows: Multi-channel recording of machine sounds,
machine sounds separation and sound pattern analysis
using instantaneous frequency for fault detection.
Multi-channel recording (please see Figure 2) is an
illustration of the data acquisition of three sourcesthree sensors set-up. The word “crash” in the figure
means the machine has one particular fault. The fault
was known and deliberately set for this research.
Microphone array as the sensor received the
sound signals (or, the mixture) emitted by
simultaneously running motors. The audio data was
recorded, then this date were processed off-line by
computational technique.

The separation method used in this research
divided into four: Time-Domain ICA (TDICA),
Frequency-Domain ICA, Time-Frequency ICA
(MSICA 1) and Frequency-Time ICA (MSICA 2). To
compare those methods, we used the same parameters
value and algorithm. Estimated signal as ICA’s output
analyzed by instantaneous frequency to determine its
fault frequency.

Fig. 4. ICA-IF Model for Machinery Fault Detection

IV. RESULT AND DISCUSSION
Identification of estimated signal requires the
original signal, to validate the estimated signal. This is
required to determine whether the machine condition
is normal or fault. The spectrogram is a well-known
technique to present both time and frequency of the
signal with their amplitude. The instantaneous
frequency of the signal can be reach from this method

later.

motor.

Fig. 5. Spectrogram of Source Signal

The spectrogram above show the characteristic of
acoustic signal from each motor condition. It can
be analyzed from-time and frequency domain. The
colors of spectrogram show the sound level certain
time and frequency. Red color represents high level
and blue color represents low level. More accurate, it
can rotate to X-Y views that show peak amplitude
of certain frequency. Due to the infamous tradeoff between time and frequency resolution,
instantaneous frequency
technique
[7]
was
used
to
determine fundamental frequency that
does not have this trade- off, as shown later.
As a sample of separation process, one of
data evaluated using four methods as explained
before. The data used is from 2 motors – 2
microphones with motor condition are bearing fault
and misalignment. The mixed signal from each
microphone firstly was separated by TDICA. The
result in time domain displayed in figure 6 below
where the left panel is the mixture and the right panel
is separated signals.

a. Source Signal

Fig. 7. IF Pattern of Source & Estimated Signal by TDICA

Using the frequency domain ICA (FDICA) and
Multistage ICA 1 (time-frequency ICA), the result
of estimated signal are shown in figure 7. It can
be viewed that quality of those methods by
instantaneous frequency diagram are not better
than the TDICA. The separation results of the
MSICA-2 (frequency- time ICA) indicate lower
separation quality compared to TDICA technique.
This is clearly shown on the higher frequency
content of the mixture sounds. All techniques can
separate lower frequency as expected. This may be
caused by the lower frequency signal is rich with
features and it is easily observable [13].

b. Estimated Signal

Fig. 6 Comparisons of Source and Estimate Signal by
TDICA

However, it may difficult to identify the
estimated signals by time domain analysis alone.
The instantaneous frequency was then used to
plot the time-varying frequency content of the
signal. By the figure 7, it can be clearly seen that
a more detail of frequency content of each signal.
Therefore, it can be concluded that first signal
comes from motor with bearing fault condition,
and
the
second
signal represents unbalance

Fig. 8. Estimated Signal by FDICA and MSICA 1

The numerical value of each parameter are
tabulated in table 1. The value were obtained
from trivial search to reach convergence iteration
on each methods under investigation.

Table 1 Parameter Value of Separation Process

Parameter
Lerning rate
Procces Blocks
Max Iteration
Algorithm

Value
0.000001
30
100
Natural Gradient

Numerical result as quality measurement of
estimated signal is shown below. The angle of the
last iteration can be measured of iteration quality.
Lower angle means that the method near from
convergence point at the same time with other
method. The SNR expected can measure quality of
separation method by compare the power of one
signal to another.
Table 2. Angle and SNR of Estimated
Signal

Based on the results of this experiment, we showed
that TDICA performs better than the other techniques
for lower frequency sound mixture separation. The
performance measurements of estimate signal using
SNR of the signal before and after mixing show
a significant difference, as shown in the Table 2. The
SNR of TDICA is the lowest of all other techniques.
This may reflect the separation result of TDICA
where more of the noise components are also
preserved. This objective measures indicate that
FDICA may have cleaned some undesired frequency
region of the mixture on separation.
V. CONCLUSION
Based on the research that have done, it can be
concluded that,
1. Machine sounds can be separated by
independent
component
analysis.
In
this
research, using natural gradient algorithm, the best
approach reached using time-domain ICA.
2. Machine condition can be monitored by
sound
pattern
analysis
using
instantaneous
frequency. In this research, normal motor
condition have frequency at 51 Hz, between
1000-1300 Hz, 1770 Hz and 2650 Hz,
unbalance at 46 Hz,1000 Hz, 1770 Hz and
1990 Hz, misalignment at normal frequency
plus 3400 Hz, 5100 and 5300 Hz. The last,
bearing fault at 73 Hz, 250 Hz dan 350 Hz.
The on-going research, we are developing new
technique for machine condition monitoring by using
lower sensor number and more sound sources.

This implies that the current model is not suitable
where the mixing matrices are not square. This
work will also be deployed in the real plant setting
where more noise intrusions are present to measure
the performance degradation that might have.
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Abstract—The acoustic target strength (TS) spectrum
was measured using acoustic signals generated by two
different fish species. The broadband form functions
of a sphere were measured in a water tank and close
agreement between meaurements and theoretical values
was confirmed. TS spectra of anesthesized fish from three
species were measured in a watere tank and the results
showed characteristics similar to previous measurements.
The TS spectra of live fish fish suspended and thetered
by nylon monofilament lines measured at sea. Signal
processing of the echo from a tungsten carbide sphere
showed a further advantage of using the acoustic signals.
The variations of TS spectra with fish behaviour provides
useful information for target identification.

I. I NTRODUCTION

U

NDER water acoustic remote sensing surveys of
fishery resources using scientific echo sounders
are used wordwide [1]. To obtain the fish distribution
density from the volume backscattering strength (SV)
measured by the sounder, it is necessary to know the
target strength (TS) of the fish [2]–[4]. Thus, numerous
studies of fish TS have been conducted. However,
the underwater acoustic survey method has several
problems. The difficulties sometimes arise in assigning
a suitable TS to the SV.2) In situ TS measurement
methods such as dual beam method are practical and
trustworthy, but they can only be applied to resolvable
fish at a short or in a sparse fish school. These
problems must solved to improve the reliability of
acoustic fishery surveys.
This study focused on the characteristics the sound
and the measurement of TS spectra of fish using that
sound. The frequency characteristics of fish (TS Spectra) in a tank and in the sea were then measured. The
aim was to examine the applicability of underwater
acoustic signal in improving sounder performance,
especially in fish species identification.
This work was supported by the Directorate General of Higher
Education (DP2M Ditjen Dikti) under Hibah Kompetitif Strategis
Nasional Batch 2.
Author is with the Division of Ocean Acoustic and
Instrumentation, Department of Marine Science and Technology
Bogor Agricultural University, INDONESIA (corresponding
author’s phone: 62-813-8494-3031; fax: 62-8623643; e-mail:
henrymanik@ipb.ac.id).

The objectives of this study was to measure the TS
spectra of individual fish using an underwater acoustic
with pulse durations of a few tens of microseconds.
The TS spectra of some commercially important fish
species were measured in a tank from various aspects
using a more sophisticated system. The TS of tethered
live fish and wild fish swimmiing freely in the sea were
also measured.
II. M ATERIALS AND M ETHODS
A. Acoustic transmitting and receiving systems
The transmitting and receiving systems were developed. All of the equipments used were commercially
available. In the transmitting system, the signal from a
signal generator was amplified by a power amplifier;
maximum gain of 30 dB and was sent to the transmit transducer. In the receiving system, the reflected
wave was sensed by the receiving transducer and the
signal was amplified by the preamplifier. The output
signals were observed, measured and tranformed into
digital data by an oscilloscope. Then, the data were
transferred to a personal computer via an interface.
The transmitting and receiving transducer enabled
an easy measurement of the overall characteristics. The
transmitting sensitivity had a peak at 120 kHz, fell of
rapidly below 50 kHz. The product of the transmittting
and receiving sensitivities had a broadband characteristics of 60 160 kHz. The beamwidth of the transducer
was 19.20 at 50 kHz and 7.90 at 200 kHz.
B. Measurement of scattering amplitude
In the system described above, the Fourier transform
of the incident wave as a function of direction angle (
Pi ) is given by
ejωr/c 1
r erα(ω)
(1)
where ω is the angular frequency, E0 (ω) is the Fourier
transform of the signal from the signal generator,
Gs (ω) is the transfer function or gain of the power
amplifier, S(ω) is the transmitting sensitivity, Ds (ω, θ)
is the directivity of the transmit transducer, r is the
range between the transmit and receive transducers, α
Pi (ω, θ) = E0 (ω)Gs (ω)S(ω)Ds (ω, θ)

2

is the absorption coefficient, j is the imaginary unit,
and c is the speed of sound in water. The Fourier
transform of a reflected wave measured by the receive
transducer at the same location as the transmitter is
ejωr/c 1
Dr (ω, θ) (2)
r erα(ω)
where Γ(ω) is the scattering amplitude of the target
and Dr (ω, θ) is the directivity of the receive transducer. The Fourier transform of the reflected wave
received at the oscilloscope is then
Pr (ω, θ) = Pi (ω, θ)Γ(ω)

Er (ω, θ) = Pr (ω, θ)M (ω)Gr (ω)

(3)

where M (ω) is the receiving sensitivity of the hydrophone and Gr (ω) is the gain of the preamplifier.
In the case of the tank experiment, θ = 0 because the
experiments were conducted on the directivity axes and
the absorption loss was ignored. The Fourier transform
of the incident wave Ei (θ, 0) which was measured by
the receive transducer when set face to face with the
transmit transducer, is 1)
Ei (ω, 0) = Pi (ω, 0)Dr (ω, 0)M (ω)Gr (ω)

3.0 mm. The standard deviations of fork length were
small because all of the fish in each species were
of similar size. To measure the fish TS spectra, the
experimental fish were anesthetized and suspended by
nylon monofilaments in the freshwater tank, which was
4.8 m long, 3.2 m wide, and 2.8 m deep.
The orientations of the fish were adjusted until the
transmitted wave was incident to their dorsal regions.
One hundred pings (50 s in time) of reflected waves
were measured for each sonar signal. The variation in
TS spectra with respect to the tilt angle θt of the fish
was measured for one fish. The tilt angle was defined
as 0◦ when the sound wave was perpendicular to the
body axis of the fish, with θ = +90◦ for the fish headon and θ = −90◦ for the fish tail-on. The calibration
using a sphere was shown in Fig. 1. The fish tilt angle
was changed from +90◦ to −90◦ in 10◦ steps. The
sphere was detected in the first line of the figure, and
the second line was a water tank bottom.

(4)

Taking the ration of Eq. (3) to Eq. (4) cancels out
the frequency characteristics of the transmitting and
receiving systems and gives a spectrum ratio,
Rt (ω) ≡

ejωr/c
Er (ω, 0)
=
Γ(ω)
Ei (ω, 0)
r

(5)

Therefore, the frequency characteristics of the scattering amplitude can be measured in the frequency range
independent of the system characteristics. The target
strength (TS) spectra was obtained by
T S(ω) = 10 log σbs (ω) = 20 log |Γ(ω)|
= 20 log |rRt (ω)| (6)
This “spectrum ratio method” using two separate transducers was used throughout this study, even for the
experiments at sea.
III. R ESULTS AND D ISCUSSIONS
A. Measurement of TS spectra in a water tank
The measurement method and the overall system
were first validated using metal spheres. The TS spectra of metal spheres could be calculated accurately
using a theoretical model, and their backscattering
was unidirectional. A 38.1 mm ϕ-tungsten carbide
(TC) sphere and a 32.1 mm ϕ-copper sphere were
used. These are standard devices for the calibration
of scientific echo sounders. Reflected waves were
collected for 100 pings (50 s in time because of the
0.5 s pulse repetition period) at a 10 MHz sampling
frequency and were then averaged. The TS spectra of
three species of anesthetized fish were then measured
in a tank.
All of the fish had swim bladders. The fish had an
average fork length of 207.6 mm, standard deviation of

Fig. 1: Calibration measurement in a water tank

B. Experiment to fish detection
Fish echoes were collected using a method similar
to normal echo sounding. The ship sailed at a speed
of 1-2 knot with the transducers pointed verticaly.
The echo amplitude and its spectrum were shown in
Fig. 2. and 3. Fig. 4 shows the underwater acoustic
images of marine biota such fish and also seabed.
Seawater depth was 10.6 m and the temperature was
15.01◦ C. Fig. 5 shows an experimental water tank
to conduct the measuremt of TS Spectra. Fig. 6 shows
the acoustic characterictics of marine biota and seabed.
The red color was seabed and the upper of sea bottom
was marine biota. We could comapare the frequency
difference between Fig. 4 and 6. We concluded for the
shallower water, the effective acoustic frequency was
50 kHz than 200 kHz.
The TS spectra of marine biota varied considerably
among species, individuals and orientation angles. The
TS spectra of thetered live fish swimming fish were
succesfully measured using sphere echoes.
IV. C ONCLUSION
The frequency characteristics of the form function
of sphere measured using the spectrum ratio method
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Fig. 2: The echo amplitude of fish

Fig. 5: Experimental underwater acoustic tank

Fig. 3: Amplitude spectrum of fish

Fig. 6: Underwater acoustic sensing of fish and seabed

Fig. 4: Underwater acoustic images of fish and seabed

agreed closely with the theoretical calculations. Therefore, this method is capable for measuring TS spectra
accurately.
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Abstract— On this research we made a tool
and a program that could replace the behavior of
the mouse. The result is proved can successfully
replace the mouse operation that usually operated
by our hands. Furthermore, the system we
developed in this research can be used to helped
people with quadriplegia (paralyzed) to operate
his/her computer easily. In order to have a high
accessibility, the necessary tools have to be
inexpensive and can be purchased easily. Thus we
selected an input method using a series of LED
and a webcam. There are 2 LED on the circuit
because we need 2 source of light in order to
replace the mouse behavior. The image captured
by a webcam is filtered using image segmentation
technique (thresholding). The first light source is
used as the head-tilt detector, head-tilt is usedas
the replacement for the left-click and the rightclick. The second light source is used as a headmotion detector, to replace the mouse movement.
This head movement tracking device using 2 pieces
LEDs, wires, several resistor and energy sources
(battery).
Index terms– tracking head movements,
threshold, accessibility, paralyzed.
I. INTRODUCTION
PERSON who suffers quadriplegia can not move
his arms and legs to operate mouse and keyboard.
Therefore we need a special tool so that the
person can operate the computer.
Recently, there are equipments or software that can
help a people who suffer from quadriplegia to
interact with computers. But unfortunately, most of
the equipments and software is too expensive to
purchase. The difficulty is mostly derived from the
(high) prices on the market, the low number of the
instruments or items that are available, and the rules of
buying and selling electronic goods across states.
Example of the detector that recently came out,
“Ocular Mouse” is the eye muscle detector. However,
the tool is only sold to certain circles and is expensive.
There is also a head movements tracking device called

A

TrackIR that is relatively well known compared to
other tracer devices. This tool is known as the primary
function is for playing games. However, the tool that
can detect head movements can also be used to help
people who suffer from quadriplegia to operate the
computer. But as the other head movements tracking
device that are available in the market, the price
of this tool is also relatively expensive and is difficult
to buy in several countries, including Indonesia.
II. IMAGE SEGMENTATION
Thresholding is a simple method of image
segmentation. Thresholding method allows the
creation of a binary image from a grayscale image.
Binary image is the image that is only possible to
have 2 different values for each pixel. Values that
usually chosen are the value that represents black and
white, although the values that represent other colors
can also be used.
In the binary image, a pixel color value is used
as the foreground/object color while the value of the
other colors is used as the background. The ultimate
purpose of the threshold is to simplify the
representation of the image so that the image can more
easily be analyzed.
The reason behind why we choose thresholding
method is for we can easily detect and differentiate the
features of tracked object and the background.
Since the thresholding method is a simple method, it is
expected that computational processes that are
required is not overload the system and the minimum
specifications required can be as minimum as
possible.
III. HEAD MOVEMENT TRACKING DEVICE
There are several targets that are used as
reference in making the head movements tracking
system. The goal is the development of the system that
has a high accessibility. Factors that became a
benchmark of accessibility at the end of this task
among others:
1. Free required. In order the motion tracking system
can be use by many societies, the overall cost
of the components required by the system to

work well is suppressed as minimum as possible.
2. The availability of the required components. The
components needed for motion tracking system
was also made as public as possible, therefore the
prospective users have no difficulty in finding the
components required by head movement tracking
system.
3. Flexibility of use. Head movement tracking system
is developed to possess the highest flexibility. This
can be seen from the many alternative forms and
components that can be used to build the tracking
device. On the software can also be found many
arrangements that can be changed according the
user’s wishes.
In order to the tracking system can reach the above
targets, the cost needs to be pressed as minimum as
possible. One of the most potentially needs that can be
pushed is the cost of the video input device. Generally
for the system can track an object, the system must be
able to clearly distinguish the special features of the
object we want to track if compared to another objects
in an image.
Low and middle class video input devices generally
have a bad captured quality image (dark and have a lot
of noise). Generally there are settings that can improve
the quality of the captured image. But the image
quality is usually inversely proportional to the level of
images/frames that can be captured per second (FPS –
frame per second) by the video input device.
Decreasing in FPS has an impact in the response time
on detection and tracking the movements. In order to
solved the problem (and the video input devices that
can be used can be more variety in its class), we to
made a tool that can reduce the impact.
We made head movement tracking system, not eye
movement tracking system. Why not eye movement
tracking system? To solve the fps problem (head
movement is easier to detect than the eye movement),
to reduce the cost of the developed system, to
develop a system with the high accessibility, and to
develop a system that is relatively more practical to
use.

Fig 1. Recent eye movement tracking device

Eye movement tracking device with video input
devices generally have a high manufacturing cost,
large size and less practical for use. Fig. 1 (a) is
the eye movement tracking devices that uses early
version of the video input devices. The devices are
still less accurate. However, these tools still require
top-class camera. The size of the eye movement

tracking device is also bulky and not practical. Fig. 1
(b) is the eye movement tracking device using the
latest video inputs, this tool is developed through the
cooperation of several companies such as Vision
Systems International, Elbit sytems, Rockwell Collins,
and Helmet Integrated Systems.
Eye movement tracking device in fig. 1 (b) is
used by pilots of combat aircraft of the United States
in the latest-generation fighter, the F-35 Lightning II.
However, the eye movement tracking device with
video input devices (although without the helmet) is
still large, and require components with higher costs.
Recently, there is a new eye tracking movement
device from Brazil, “Ocular Mouse”. The Ocular
Mouse tool was developed in 5 years by a team of
Brazilian scientists headed by Professor Manuel
Cardoso, a graduate of Electric Engineering of the
Federal University of Rio de Janeiro (UFRJ). The
development of this tool is sponsored by the
organization named Paulo Feitosa Brazil Foundation
(PFF). General functions of the device are almost
exactly the same with the function of head movement
tracking system we developed in this research, helps
people with paralysis quadriplegia interact with
computers.
However, the Ocular Mouse do not use any video
input device, but a special sensor that can detect eye
muscle movements. Sensors are placed around the
user's eyes, there are at least 6 sensors that need to be
attached to a special section the user's head. The
sensors are then plugged into a tool that is capable of
processing data of the eye muscle movement. The
instrument used to obtain the data requires a PC with a
serial connection RS-232. The price is about US$ 200
and only available for businesses man.
IV. SYSTEM ARCHITECTURE
Block diagram of the main system can be seen
in fig. 2 below. The system gets the input from head
marker tool. Head marker tool used in this system
emit light. The light is then captured by the video
input.
Light captured by the video input device is
processed physically (by the video input sensor
devices), and temporarily stored in the video input
device in the form of data that can represent a digital
image, for example: a JPEG format. To be able to
produce moving images, the webcam captures images
generally several times per second (FPS)
depending on the specification of the webcam and the
software settings allowed.

DirectShow API. The source image itself is caught by
video input device in the form of a digital
representation of the image. Can be seen in Fig.3 that
the programs obtain the original image captured by a
webcam via DSPack234. Image that is caught by
visual input devices used in Ensotracker systems is
distributed using the Windows DirectShow API.
After the program got the original image, the image
is then segmented based on the light intensity using
thresholding segmentation method. In this method, the
initial image is turned into grayscale image. Next, the
image is transformed into a binary image, using a
threshold value predetermined by the user. In
Ensotracker, transformation process (grayscale and
binary image) is done from the top-left coordinate to
bottom-right coordinate of the image.

Fig 2. Block Diagram of main system

In the system, the video input device used has to
support Microsoft DirectShow. The video input
device is connected to the operating system through
the driver. In this context the driver is a computer
program that connected hardware with a software,
such as the operating system. Drivers connect the
hardware and software through the computer bus or
other communication subsystem where the hardware
is connected. Computer bus is a subsystem that
transfers data between computer components inside,
or with other computers.
DirectShow is the API (Application Program
Interface) developed by Microsoft. One of the
functions of DirectShow is to help software
developers in variety operations in terms of streaming
media. Whereas API is a set of classes,
procedures, and functions of an operating system,
libraries, or services made to help link a program with
other programs.
The program asks the image captured by a webcam
through DSPack234 (DSPack234 is this research is a
collection of components and additional class which
can be used to connect the Delphi with DirectShow)
which get the image data from DirectShow. Theimage
is obtained and then processed to obtain the relevant
information so that the program can provide the
output in the form of mouse movements and actions
emulation. In addition, the mouse movements and
actions emulation can also be used to activate and
operate the Windows onscreen keyboard. The
combination of the output from the program and
Windows onscreen keyboard can then be used to
activate or operate other applications such as the
internet browser for surfing the internet.
V. ENSOTRACKER
In this research we named our system as
Ensotracker. As previously explained, the system,
Ensotracker, gets the image from Windows

Fig 3. Diagram of processes that occur in Ensotracker

Ensotracker received the light source's position
as the program transforms the grayscale image into a
binary image. At the transformation process, when the
program found the object pixel, the program takes the
pixel position, then the position is stored as the first
light source position. After that the program does not
take other object pixel position, before the image
isprocessed by the program has come a certain
distance. At default settings required distance is 20
pixels down (vertical). When the program had covered
the distance, if there is another object pixel position,
the position is stored as the next light source
position. This process continues until the image
acquiring from the video input device is stopped or
Ensotracker program is closed.
After the program got the first light source position
and the second, the program can do the mouse
emulation. However Ensotracker can not do the mouse
emulation when the light source is more or less than 2.
This is because the program uses 2 light sources as
the input. The first light source is used as the headtilt angle. Meanwhile, the second light source is used

as the head position detector. The reason why the
mouse emulation can not be done if the light source
is more than 2 is that the position and condition of
equipment at the head marker captured image can not
be known. This is because there is a possibility that
the first light source position and the second is not the
head position marker tool, but it is a noise.
VI. ANGLE CALCULATION
Can be seen in Fig. 4 that the angle θ is obtained
from the deflection of the first light source (box 1) of
the triangle A and the second light source (box 2).
The formula used to calculate the angle θ, if the
known values are the X and Y position of the box 1
and box 2 (X1, X2, Y1, Y2) is:
 x 2  x1  1 8 0

 y 2  y1  

  arctan 

(1)

Fig 4. Angle Calculation

Above formula can lead to an error if we do not
check the value of X and Y of the box 1 and box 2.
Calculations with the formula above has a requirement
that the difference between X and Y is at least 1.
Special attention also needs to be given to the
difference in the value of Y, because it can lead to
“division by zero” error. Formula 180/pi is used to
convert degree to radians, because we need the
value of θ in degree, but the default result of the
arctan calculation is radians.

VII. DIRECT SHOW
Microsoft DirectShow is the API developed by
Microsoft that can be used by Windows
applications, to interact and control the input devices
Windows media. As an example: camcorder, webcam,
DVD Drive, TV tuner, and analog video input
devices. DirectShow can also be used to play media
files.
DirectShow flexibility is due to the modular
approach. Audio and video files are treated as data
streams, and the software modules can control the
streams when the media input device send its data
to the output device, for example: webcam data before
reach the monitor, and sound card data before
reach the speaker.

VIII. DIRECT SHOW
The testing of the system is done on several cases:
the mouse click, internet browsing, and run other
applications using Ensotracker.
Testing the internet browsing is started by open the
internet browser application, enter the URL, and click
on a link. In the testing process, the URL used is
www.google.com and the link used is “About
Google”.
To test running other applications using
Ensotracker, we tested notepad and a game
“Smashing”. In notepad, we asked user to type
“ABCDEFGHIJ” (using on-screen keyboard). In
smashing game, the user play games similar to
arkanoid. Arkanoid is a simple game that requires user
to move a board to right and to left. There are also
a ball that bounce forever inside the screen. The
board is located on the bottom of the screen and used
to prevent the ball fall of below the screen (the ball
bounce back when reach the board or the wall in the
top, left, and right of the screen).
The results are then received from respondents who
were asked to perform the activities of the above test.
The respondents were asked to use the system
Ensotracker only and not allowed to use both
hands and feet in a test run.
From the testing results can be concluded that the
system can help people browsing the Internet without
using both hands and feet. Thus it can also be
concluded that Ensotracker system can help people
with quadriplegia to browsing through the Internet.
The respondents had no difficulty in either open
text file or playing game “Smashing”. When trying
notepad, the respondents can type in the letters
“ABCDEFGHIJ” without problems. In trying the
game “Smashing” which is an arkanoid game, the
respondents did not experience problems in operate
reflective boards operated by using the mouse pointer.
So, from the results can be concluded that the system
can help people to run and operate other applications
besides the Internet browser, without using hands or
feet.
IX. CONCLUSION AND FUTURE WORK
In spite of making the head movement tracking
device, in this research we also showed that
thresholding method can be applied as the
detecting and tracking method of the position of the
object/light. However, in order to this method working
properly, it has some limitations. Ambient light and
background should be darker than the object/light
tracked.
In this research, we have succeededin implementing
a device that can replace the mouse input using head
tracking movement device in an inexpensive way. The
device can absolutely useful primarily for quadriplegia
sufferer. However, the resolution and image quality
produced by the video input device is very strongly

influenced the quality of the tracking head
movements, and mouse emulation.
For the further development of the system, the light
position tracking process can be improved using an
algorithm that can handle the noise easily and the
usage of a larger image resolution can refine the
movement of the mouse pointer.
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Abstract—With the advances in IPv6 and its
processing, verification and regeneration of cyclic
redundancy check (CRC) in every node resulted in
a bottleneck. This paper attempts to reduce the
problem by decreasing redundancy of CRC
calculation by taking advantage of one of IPv6
features, by introducing a new IPv6 extension
header called CRC Extension Header (CEH) to do
error checking in Network layer. The main
component of CEH is CRC code generated from
the entire IPv6 packet excluding one byte hop limit
field. Our simulation result showed that
eliminating verification and regeneration of CRC
code in router successfully reduces transmission
time of IPv6 packets transmission.

in Figure.1. To make sure that the packet received by
the router is free from error, the incoming port of
Data Link layer of the router has to generate a CRC
code based on the data received, and then comparing
it with FCS field inside the packet. If the two CRC
codes are the same, there is no transmission error and
the packet will be delivered into the Network layer.
Otherwise, the packet will be discarded and the
receiver will wait for retransmission. Before the
packet is sent to the next router, outgoing port of Data
Link layer of the router has to regenerate a new CRC
code and augments to the packet as new FCS.

I. INTRODUCTION

T

HE principle of IP network system is to transmit
IP packets from one end point (source) to another
point (destination). In order to transmit IPv6 packets
from source to destination, the packets typically need
to pass through router or routers. A router usually
does a number of processing on the packet it received
including error detection computation and packet
forwarding decision. The router has to ensure each
packet is free from error before forwarding it to the
next router. A router might need to store the packets
it received in its buffer in order to wait for the
processing of prior packet to finish. Under certain
condition, this may cause packets to be discarded and
queuing saturation due to long time storing.IEEE will
do the final formatting of your paper. If your paper is
intended for a conference, please observe the
conference page limits.
Computer communications usually employ cyclic
redundancy code (CRC) to do error detection in Data
Link layer in the form of frame check sequence (FCS)
field. In the protocol stacks, every intermediate node
does the CRC verification and regeneration as shown

Fig. 1. Duplication of CRC Calculation

With high speed network availability and fiber optic
technology, verification and regeneration of CRC in
each intermediate node is time consuming task. In
addition, due to linearity of CRC code, bigger packet
size requires more time for computation. In fact,
transmission error is almost zero error in very low bit
error rate (BER) medium such as fiber optic [1].
Thus, error detection in Data Link layer (link by link
error control) is likely to be an unnecessary
redundancy. This paper intends to reduce the

duplicate CRC calculation in IPv6 packet
transmission system. It proposes eliminating CRC
calculation in intermediate node and utilizing IPv6
extension header to detect transmission error in
Network layer.
II. RELATED WORK
Problems in IPv6 packets transmission over high
speed network are due to overhead in the existing
protocol stacks. The overhead is mostly because of
non data processing including checksum and CRC
calculation. Many researchers have tried to find out
solution to the problem especially by reducing CRC
calculation.
Only a few bits inside an IP packets changes during
processing in each intermediate node. Most of the
packet content remains the same especially the
original data. In case of IPv4 packet, only 3 bytes
which are one byte of TTL (time to live) field and two
bytes of header checksum field will be changed. In
IPv6 packet, only one byte hop limit field is changed
in the forwarding node. Since there is only a small
change of the IP header in the intermediate node,
there is no need to check the whole packet for errors.
The process is time consuming and unnecessary.
The authors proposed a method called fast
incremental CRC update. It distinguishes between
CRC computation of changing field and non modified
field. Sender generates both CRC code of two group’s
field and appends them to the packet.
In intermediate node, calculation is done only at
the modified field and not in non modified field.
Thus, CRC computation becomes faster because only
few bits need to be checked. Overall CRC
computation of a frame with IPv6 packet inside is 15
byes which are destination and source Ethernet
address plus hop limit. This technique is effective to
reduce CRC time processing. Intermediate node only
requires computing 15 bytes instead of 512 bytes for
minimal frame size. However, it still needs to do the
calculation in each intermediate node. Frequency of
CRC calculation is still similar with the existing
system. It uses CRC-32E as generator polynomial to
detect error in each node. CRC-32 is set to calculate
data with size between 512 to 1528 bytes. Thus,
utilization of CRC-32 to compute only few bits in this
technique is not optimal [2].
A technique to reduce CRC calculation using fast
CRC update was proposed in [3]. It implemented
CRC parallel calculation.
It
separated
CRC
calculation of modified field and unmodified field.
Calculation is only done on modified field, and then
combines the CRC code with original CRC code of
non modified field. This is done in intermediate node

instead of final receiver. This technique also still
calculates CRC in each node using CRC-32E. The
difference with the previous method is the location to
do combination between CRC code of modified field
and the one of non modified field.
The latest research was reported in [4]. The authors
suggested out of order incremental CRC computation.
The method utilizes the fragmentation process in IP
packet transmission. Traditional protocol splits a
message into segments. Sender transmits each
segment in different order and it may go through
different network path. Usually, the receiver stores
the segments until it received a complete message.
Then, it processes the message including CRC
calculation. Accordingly, it needs more memory to
store the segments, requires long latency and extra
bandwidth.
III. CRC EXTENSION HEADER
Based on the identification of existing error control
mechanism drawbacks in Section 1, we propose CRC
(cyclic redundancy check) Extension Header (CEH)
for error detection and correction in Network layer.
CEH is a new extension header that is proposed to
reduce bottleneck in IPv6 packet transmission over
high speed networks by eliminating CRC verification
and regeneration in each and every router as shown in
Figure. 1. This idea is entirely different with the
existing method that conducts error detection and
correction in Data Link layer. This new mechanism
does not require the Data Link layer to verify and
regenerate CRC code for error detection. Verification
of CRC code will be done at Network layer of the
destination node by processing CEH inside the IPv6
packet received. Routers just need to process IPv6
packet at their Network layer as usual which is simply
a forwarding decision.
There are three major rationales of this idea, firstly,
optimally utilizing one of the IPv6 features especially
extension header. IPv6 offers opportunity to discover
new extension header for IPv6 packets transmission
improvement in the future and it is not limited to 40
bytes only. In addition, applying a new extension
header in the current network will not disturb the
current IPv6 network operation. Secondly, very small
possibility of transmission error occurring on fiber
optic medium made it possible to bypass error
detection function in higher layer. Thus, the
duplication of CRC calculation could be eliminated
from the network. Thirdly high transfer rate of
current underlying technology especially gigabit
Ethernet that is able to transmits more than 10 Gbps
currently. Eliminating error detection process in
intermediate node will decrease round trip delay from

sender to receiver. Hence, low latency of IPv6 packets
transmission over high speed network could be
achieved.
The CEH is a combination of the advantages
brought by IPv6 features and the advance of existing
underlying technology. Since all of existing extension
header already had a specific function, designing
CEH cannot make use any of existing extension
header, but instead need to define a new extension
header. It also still utilizes the advantages of the
current error control and at the same time avoids its
weaknesses. It uses the widely used error detection
mechanism which is CRC-32 to detect transmission
error. To obtain an optimal result, we select an
appropriate generator polynomial to be implemented
in CEH. In term of error correction, CEH applies
retransmission procedure to overcome erroneous
packet such as Automatic Repeat reQuest (ARQ).
Details of CEH format and mechanism design will be
presented in the next section.

A. Format of IPv6 with CRC Extension Header
There is no standard for IPv6 extension header
format. The format of CEH follows the draft of
generic IPv6 extension header (GIEH) proposed in [5]
as shown in Figure. 2. However, it is not exactly
similar to GIEH because CEH has an exact length of
32 bits as size of CRC-32. Thus, header extension
length is fixed and two fields of the GIEH are omitted
in CEH which are header extension length and
specific type. Next header is an 8 bits indicator to
point to other extension header following CEH. As a
new extension header, CEH has not obtained specific
number from Internet Assigned Numbers Authority
(IANA). The rest of CEH format is allocated for
future use instead of specific extension header type.

node indicated by destination address. The IPv6
packet indicates CEH by next header field directly in
the case where there is no extension header other than
CEH. However, indicator value of CEH has not been
assigned by IANA.
CEH is generated in sender side and then inserted
into IPv6 packet between IPv6 header and payload.
The main field of CEH, the CRC code, is generated
from the entire IPv6 packet with the exception of the
hop limit. The reason for excluding the hop limit
field in the CRC generation is to avoid the changes of
CRC code after the packet pass through each
forwarding device. Hop limit is one byte field of IPv6
that will be reduced by one in every router. Reducing
the value of hop limit in the IPv6 packets
transmission is similar to time to live field of IPv4.
Thus, it is understood that the changes is not an error.
C. CRC-32 Code Generation of CEH
CRC code generation requires a generator
polynomial. Generator polynomial used in CEH will
be selected from three candidates which are generator
polynomial standardized in IEEE802.3 [6], generator
proposed by Guy Castagnoli [7] and the one proposed
by Philip Koopman [8]. Generation process of CEH
follows the usual algorithm used in the Data Link
layer which is already adapted for Network layer as
shown in Figure 3.
When CEH is created in an IPv6 packet, the
extension header field is first initialized to zero
except the next header field. The sender generates
CRC-32 code and then inserts the code into the CRC32 code field of CEH. A complete IPv6 packet
includes main header with next header value
indicating the type of CEH, extension header which is
CEH and payload. The packet is ready for
transmission along the network path until it reaches
its destination. The next section is regarding
verification algorithm of CEH in destination node.

Fig. 2. CRC Extension Header Format

B. CRC Extension Header Processing
CEH was designed to avoid CRC verification and
regeneration in every node which resulted in more
processing time. To do this, it follows typical
extension header creation. It is generated by the
sender and will be processed by the destination node.
In an IPv6 packet, CEH is placed after destination
address field before upper layer payload. If the packet
has extension header chain, it is located in the last
sequence after hop by hop option, routing header and
fragmentation extension header. In the case where
destination option extension header existed, it can be
placed before or after CEH or both of them. This is
because CEH will only be processed by destination

Fig. 3. CEH Generation Process

D. CRC Extension Header Verification
Verification of CEH will be done at final destination
following algorithm depicted in Figure 4. Once the
receiver receives an IPv6 packet, it will check the
next header field of the packet. When the value
indicates there is CEH inside the packet, it extracts
CEH and generates a new CRC code from the entire
IPv6 packet but omitting the hop limit field.

Fig. 4. CEH Verification Process

The CRC code generated in receiver will be
compared to CRC code inside IPv6 packet which is
CRC code field of CRC extension header. If the two
CRC code is the same, there is no transmission error
in the IPv6 packet received. The receiver then
forwards the packet into higher layer. Otherwise it
will discard the packet and wait for retransmission.
IV. SIMULATION
CEH is a new concept of error detection for whole
IPv6 that done in Network layer. To verify the
acceptability of the new concept we did a simulation
in a network topology depicted in Figure 5. The
simulation has two scenarios: transmission of IPv6
packets with CEH as error control in Network layer
and transmission of IPv6 packet with FCS as error
control in Data Link layer. The first simulates the
new concept and the later simulates the existing
system. The two simulation scenarios yield an
adequate data to justify performance of the new error
control compared to the current error control.
The topology in Figure 5 has five nodes: sender,
router 1, router 2, router 3 and receiver. All nodes are
PC with Core 2 Duo processors that were configured
as mini IPv6 network. Sender is an end system
installed with IPv6 packets generator program in
JAVA that is able to generate various type of IPv6
packets required in the simulations which are IPv6
packet with CEH and IPv6 packet without CEH.
Router 1, 2 and 3 represent intermediate system of the
network. In the first simulation, they just forward the
IPv6 packets with CEH rather than checking each
and every packet for error. The intermediate system
in the second simulation performs error checking for
each packet before forwarding the packets to next
path. The last node is the receiver which is a PC
installed with the same program to verify all packets

received.
The sender generates IPv6 packet by adding IPv6
main header to a TCP segment received from upper
layer. The Network layer then generates CRC code
from both IPv6 header and payload using algorithm
in Figure 3. The CRC code obtained is inserted as
CRC extension header into the IPv6 packet. Data
Link layer in the first scenario just adds the link layer
header. There is no trailer in the Data Link layer
frame that usually does the error control task. The
frame without frame check sequence (FCS) generated
by the sender is then transmitted through the
simulation network.
When the IPv6 packet reaches intermediate nodes
which are router 1, 2 and 3, no CRC code calculation
will be performed by the routers for error detection.
The ingress frame is just verified for the frame header
by incoming port of router and passed to Network
layer to determine the next path (forwarding process).
The egress frame also does not have Data Link layer
trailer. It just obtains link layer header.
The only node that will verify the IPv6 packet is
destination node (receiver) indicated by destination
address field of the packet. The verification follows
algorithm in Figure 4 to check whether the packet it
received is free from error or not. Thus, receiver
node’s task are to receive the packet in Data Link
layer, release the Data Link layer header without
computing the CRC code and to deliver the packet to
Network layer to do verification.
In the second simulation which is simulation of
current error control mechanism, the sender generates
IPv6 packet without extension header. The packet is
then encapsulated by Data Link layer by adding Data
Link layer header and trailer. Thus we called the
frame as IPv6 packet with FCS. Each intermediate
node will receive the packet and process it as usual.
They process the Data Link layer header including
CRC code computation to detect transmission error
for corresponding hop. The only packet that is
justified as free from error packet will be delivered to
Network layer to do forwarding process without
processing any extension header. Before the IPv6
packet is forwarded to the next hop, the packet will be
encapsulated again in Data Link layer of the outgoing

port of the router including CRC code regeneration.
Receiver node in the second simulation captures
the IPv6 packet that addressed to it and the first
packet processing is Data Link layer header and
trailer verification including CRC code computation.
Then, the correct packet will be passed to Network
layer to do the next process which is IPv6 header
verification. Otherwise, discard the erroneous packet
and wait for retransmission. Receiver also notes the
time needed to process the IPv6 packet in Data Link
layer.
From the two simulations, we measure two main
metrics: processing time and error detection
capability. Processing time is packet processing time
in a node such as CRC code computation and packet
generation. This is very important to know the
network latency which is the most important network
performance. As error detection, it is also important
to know the new error detection capability to detect
transmission error.
V. RESULT AND DISCUSSION
As mentioned in Section 4, there are two metrics
used in this paper; processing time and error
detection capability. This section presents result of
the two metrics of the simulations and analyzes the
result to obtain justification that the new error control
mechanism is acceptable.
Processing time in sender is time required to
generate IPv6 packet with CEH. While processing
time in receiver is time required to verify IPv6 packet
received. Experiments of IPv6 packet with CEH
transmission using vary packet size from 64 bytes till
1500 bytes yielded result as shown in Figure 6. The
Figure shows relation between total processing time
and packets size both in sender and receiver. Both
packet with CEH and packet with FCS require certain
amount of time to process the packet. The processing
time increases with the increase in packet size. This
is because CRC code generation was done byte per
byte of the packet. Thus more bits in a packet means
longer time to do processing of IPv6 packets. Total
processing time means the total processing time in
sender and receiver.

Figure 6 shows average total processing time of all
packet size for transmission of IPv6 packet with CEH
is 15 % higher than transmission of IPv6 with FCS.
This is due to IPv6 packet with CEH generation in
Network layer shown in Figure 3 is more complex
than FCS generation in Data Link layer. In one hand,
to generate CRC code from the whole IPv6 packet, it
is required to exclude hop limit and then inserted the
CRC code as extension header. In another hand, FCS
generation just divided the whole frame with
generator polynomial and appended the CRC code in
the last part of frame.
However, transmission of IPv6 packet exploiting
CEH as error detection in Network layer has
eliminated CRC code calculation and regeneration in
router. This causes faster processing of IPv6 packet in
router. It just processes the packet in Network layer.
Hence, although processing time at end system is
higher, total network latency of IPv6 with CEH
transmission is extremely lower than IPv6 with FCS.
Figure 7 shows correlation between network latency
in millisecond (ms) and packet size in bytes. In the
Figure, network latency of IPv6 packet with CEH
transmission is 68 % lower than IPv6 with FCS.
Error detection capability of error control
mechanism is the ability to catch transmission error
during transmission from sender till receiver. Recent
high speed network technologies have made the
occurrence of transmission errors very
rare.
Employing more error detection tools is inefficient
and also redundant. However, we cannot eliminate
the tools entirely because if error occurred the
communication or data will be corrupted. Proposing
to exploit CEH as error detection tool is the correct
way. It can reduce the redundant error control process
but at the same time it does not ignore the error.

Fig.7. Network Latency

Fig. 6. Processing Time vs. Packet Size
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Fig. 8 Error Detection Capability of CEH

Error is unpredictable. Thus an error control
mechanism should be able to detect the error inside
the packet transmitted and correct it. In order to know
ability of CEH to detect transmission error, we send
erroneous IPv6 packet with CEH. Figure 8 shows
result of the experiment. The Figure illustrated
correlation of amount of erroneous packet detected by
receiver and packet size. The experiment showed that
all erroneous IPv6 packets sent are successfully
detected by the receiver.
VI. CONCLUSION
In this paper we have proposed a new concept of
handling transmission error by exploiting IPv6
extension header. The new concept utilizes CRC
extension header (CEH) as error control at Network
layer and eliminates error control at Data Link layer
of intermediate node. Typically, extension header is
generated by the sender and is processed by the
receiver. Thus, CEH that contains CRC code is also
processed by the receiver.
Elimination of error control in Data Link layer
means eliminating CRC code computation and
regeneration in each and every router. This reduces
total network latency on IPv6 packet transmission.
The result shows the network latency decrease by 68
% compared with normal latency. It also reduces the
Data Link layer frame size due to the elimination of 4
bytes of frame check sequence field. The proposed
error control mechanism also shows good ability to
detect transmission error inside the transmitted
packet. The experiment showed that all IPv6 packets
sent with error are successfully detected by the
receiver.
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Abstract— In this paper we propose a model
of network security for IPTV to provide higher
reliability. The emphasis is on the security features
such
as
confidentiality,
integrity
and
authentication which is very vulnerable, we focus
on Binding Update (BU) process which reputed as
a weakness point on Mobile IPv6 network.
Index terms- Mobile IPv6, Mobile IPTV,
Network Security
I. INTRODUCTION

I

P network is well-known vulnerable, there are so
many attack manners to compromise the security of
IPTV system. So it is necessary to establish a total
secure network system to guarantee robust security
and high reliability of IPTV.
Among the streamed audio/video services, there
could be some problems which are seriously taking
negative effect on service deployment. For
example the contents could be illegal, subscribers
could not enjoy the high quality services because
of network suffering from the security attack
activities, the audio/video contents could be stored,
recopied, delivered and embezzled illegally. So,
security in both network and content functionality
should be considered as the important and necessary
character.
IPTV is a new technology that enables much more
flexibility to manage contents and facilitates direct
interaction with the sources of content, improving the
feedback and future planning. The customer’s
experience has been greatly improved by allowing
more control over the type of contents which will be
immediately available, as well as two-way
communication which contents providers [2]. These
day users improve
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the advantages of IPTV into mobile and combining it
with the latest mobile network technology, the MIPv6
(Mobile Internet Protocol version 6). Rather than
MIPv4, this protocol equipped with longer Internet
Protocol (IP) address and better security feature,
which means the newer protocol, can support much
more client in more secure connection.
Most of threats that applicable on mobile IPTV use
Binding Update (BU) process as a starting point to do
the threat. The weaknesses of BU process already
solved by some proposed schemes, and give a good
performance. However, the needs of current mobile
IPTV network is faster and more secure binding
update, the proposed schemes need up to six
packets to complete the process. The demand of the
growing mobile IPTV technology pushes the
limits
of
the packet size from Megabytes into
Gigabytes. The change of this technology needed less
packet to complete binding update process in order to
maintain the continuality of the packet transfer
speed. This paper proposes a scheme for seamless
and secure mobile IPTV binding update by utilizing
the features of mobile IPv6.
The rest of the paper is organized as
follows. Section 2 discusses some related works.
Section 3 explains the proposed scheme, followed by
the analytical evaluation in Section 4. Section 5
provides the conclusion of this paper.
II. RELATED WORK
Mobile IPTV content delivery infrastructure may
consists of four different layers, i.e. Content Source,
Core, Metro(Edge), and Access. Content source is
where IPTV service contents are originated and they
can be placed in either inside or outside of delivery
infrastructure. Core is service/network provider is
backbone infrastructure. Metro, in other words
Aggregation or Edge, is where it connects and
aggregates between core and access. Access is user
domain that includes last mile. The transport profile of
Mobile IPTV is shown in Figure 1.
Besides the functions shown in Figure 1, multicast
delivery control functions are needed for the Mobile
IPTV Transport profile. They may be responsible for

the multicast tree management, membership
management, authentication and authorization of
members, QoS management, load and traffic
management.

Fig 3. Improved Bombing Resistant Protocol [4]
NPC  Total of number packet count to complete
binding update process
Fig 1. Mobile IPTV Tansport Profile [1]

The Bombing Resistant Protocol (BRP) introduced
by Aura[3] has been proven can deduct network
attack, but according to [4] this protocol has some
limitations such as overhead of additional Init packet
for key exchange and the lack of validating new
Care if Address (CoA) during BU process. These
limitations make the protocol is vulnerable to
unauthenticated traffic redirection, and the overhead
sending two Init packets degrades the performance of
BU authentication process.

Fig 2. Bombing Resistant Protocol [3]

A BU problem solution has already proposed by
[4]. An Improved Bombing Resistant Protocol (IBRP)
which only uses one secret key to generate hash value,
and to authenticate BU message which needs less
computation, and reduces communication latency time
is introduced. This mechanism has already tested and
the effectiveness is shown in Table 1 [4].
TABLE I
Protocol Comparison

NPC
NCPT
THOP

Bombing
Resistant Protocol
6
2
100µs
(Assumed)

Improved Bombing
Resistant Protocol
5
0
100µs
(Assumed)

NCPT  No. of times concurrent packet transfer
occurred in different steps during binding
update process.
THOP(I,j) Time to reach from (i-1)th hop to ith for
jth packet during binding update process

but in concurrent packet transfer case, the packet
which takes longer time to reach, only includes in
time calculation.
From Table 1 we can see the Improved Bombing
Resistant Protocol needs fewer packets to complete
binding update process than original bombing
resistant protocol, which mean the improved protocol
needs shorter time but has same level of security,
However according to [4] the improved –Bombing
Resistant Protocol
also creates
Location
Confirmation Packet (LCP) overhead.
Mobile IPTV demand is secure seamless
connectivity between mobile node and IPTV server,
and needs a fast handoff protocol to minimize
communication latency and packet lost when mobile
node moves from one network to another [6]. Figure
1 and Figure 2 shows the bombing resistant protocol
and the improved bombing resistant protocol,
respectively.
III. P ROPOSED SCHEME
In order to fulfil the mobile IPTV demand on
efficient binding update process time we have to
shorten the binding update process step [4]. The
current protocols (BRP and IBRP) require at least five
steps to complete the process. To formulate faster
binding updates the steps must be reduced into a
minimum possible steps or create simultaneous packet
transfer in one step.
Usually on a BU scheme there are three main states
that always appear which is initialization, key
acknowledgement and Binding Update itself. To
identify the originality of the Mobile Node (MN), a
Correspondence Node (CN) uses Care-of-address
(CoA) as a tool to determine Home Address (HA) of
the MN, this phase is important to the whole BU
process because it will determine the packet route. In

this proposed scheme the CoA will be included to
the initialization state in order to reduce the BU steps.
CN needs to identify the originality of the CoA, to
prevent the reflection attack.
The proposed scheme states now only consist of
four
states
which
is
Initialization,
Key
acknowledgement, Binding Update (BU) and Binding
Acknowledgement (BA). The scheme diagram is
shown in Figure 3.

A. CoA Delay time
CoA delay time is time during MN moves from one
CN to other and request a CoA based on [5].
Tr = TBU + TBA For Figure 1
Tr = TBU + TK1 For Figure 2
Tr = TBU + TBA For Figure 3
Where,
TBU Time taken by BU packet to reach from MN to CN
TBA Time taken by BA packet to reach from CN to MN
B. Initial Data transfer time for Authentication
Initial Data Transfer Authentication time (Ti) is the
time in which initial request for route optimization
is received (Tro) and CN sends the key to MN
through HA(Tk)
Ti = TInit1 + TInit2 + Tk + TK1 For Figure 1
Ti = Tro + Tk For Figure 2
Ti = Tro + Tk For Figure 3
Where,
Tro 

Time taken by the packet for initial request
for route optimization

Fig 4. Proposed Scheme
Tk

The proposed scheme uses Public Key
Infrastructure for IPV6 (PKIv6) [7] to optimize the
computing process on security key exchange. PKIv6
is suitable for applications that require secure
communication data and data protection. PKIv6
service enables a user client to carry out any
operation types from their own navigators to request a
new certificate, to renew it or to revoke other user’s
certificate which wants to establish a secure
communication.
Pervasive networks need a mechanism to allow
users to have seamless, transparent and trusted access
to the network resources. Manage not only with
authentication aspects but also with privileges and
authorization has introduced the need of
Authentication and Authorization Infrastructures
(AAIs) [5, 6].
IPsec is mandatory for IPv6 which means
itneeds to fully support security services in IPsec
in IPv6 and will enable host to server, gateway to
gateway and host-2-host, due to abundant supply of
address space full range of address allows the end-end
communication and the end-end security support.
IPv6 large address space enables new security
models, i.e. assign multiple addresses to a single
host; local address for local access and global address
for Internet access.
IV. ANALYTICAL EVALUATION
To analyze the performance of proposed
scheme we compare it with the IBRP and BRP delay
time. The comparison is done through a probabilistic
calculation, based on quantity of steps to complete the
binding update.

 Time taken by the packet containing key K /
K0 to reach from CN to MN

TK1  Time taken by packet containing Key K1 to reach from
CN to MN directly
TInit1 Time taken by packet Init1 to reach from MN to CN
directly
TInit2 Time taken by packet Init1 to reach from MN to CN
through HA
TABLE II
Packet Comparison

Bombing
Resistant
Protocol

Packet
Needed to
complete
BU

6

Improved
BombingResistant
Protocol

5

Proposed
Scheme

4

From Table 2 we can see that the proposed scheme
needs only 4 steps to complete the binding update
process.
Multicast security is one of the most crucial issues
in mobile IPTV service such that it is required to
provide security capabilities to protect mobile IPTV
multicast network from any malicious attempts caused
by multicast security holes. Security itself is too
diverse to break down to the specific multicast
purpose;
however
functional requirements of
multicast security for each network elements should
be clearly defined and should provide capabilities
along with the definitions.
The mobile IPTV security requirements may have
following aspects:
o IPTV architecture is required to be robust

against denial of service attacks targeting any
multicast mechanisms.
o Multicast system architecture is required
to provide a mechanism of multicast protocol
adjacency authentication in order to establish a
reliable peer.
o Multicast system architecture is required
to provide an admission control mechanism to
regulate any multicast events.
o Multicast system architecture is required to
be independent of adjacent domain such that it
shall not affect the adjacent multicast domain
without permission.
Multicast system architecture is required to provide
a mechanism to check integrity of multicast contents
before service delivery such that it prevents
unauthorized contents from becoming the content
source.
As for bandwidth efficiency, we have the advantage
of the bi-directional tunneling solution which is its
simplicity and the transparency of handover to the
multicast operation. This approach is inefficient
because of the tunnel overhead and delay. The
multiple unicasting tunneling problem for multicast
between HA and MN should be solved to improve the
bandwidth efficiency. In the deployment of mobile
IPv6 in wireless network (cellular, WLAN or
WIMAX), HA (core) is relatively close to the
access gateway (AGW-Edge). So, the delay issue
because of triangle tunneling may not be so severe
[8].
V. CONCLUSION
The proposed scheme effectively reduces the
steps on Binding Update which lead to shorter
Binding Update time. The proposed scheme manages
to keep the security level equal to improved bombing
resistant protocol because the proposed scheme uses
the PKIv6 to maintain the network security.
The Proposed Scheme are prepared for future
mobile IPTV that predicted already used HD-TV
quality which means the data flow on the network will
be very huge and very fast.
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Abstract— In this paper we propose a
model
of network security for IPTV to
provide higher reliability. The emphasis is on
the security features such as confidentiality,
integrity and authentication which is very
vulnerable, we focus on Binding Update (BU)
process which reputed as a weakness point on
Mobile IPv6 network.
Index terms- Mobile IPv6, Mobile IPTV,
Network Security
I. INTRODUCTION

T

HE current version of the Internet Protocol
(IPv4) addresses are depleting and expecting
to be finished by 2012. So, IETF has come out
with the new improved and streamlined version of
IPv4, Internet Protocol version 6 (IPv6). Due to
IPv4 has some limitations that were not
anticipated when it was first created, IPv6 is seen
as the only viable long term replacement that can
overcome some of the IPv4’s limitations. So,
transition to IPv6 is necessary for enterprises to
expand and provide up to date services as
required by their customers. Since the transition
from IPv4 to IPv6 will cost budget on hardware,
software as well as training technical and
development staff, the earlier they begin transition
process the less hassle they are going to
experience. Besides, many organizations already
have IPv6 running on their network without they
realize it. Furthermore, many computer operating
systems now default to running both IPv4
and
IPv6
which
could
cause
security
vulnerabilities if one is less secure than the
other. So, the best way is to transition steadily
in phases in order to deal with the deployment
problems and the coexistence threats because the
raise in popularity of IPv6 protocol will also
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increase the number of threats. Since, the
transition’s security vulnerabilities are currently
exists the security administrator must understand
the transition process and be aware of all
potential threats in order to be ready with the
optimum security mechanisms.
Basic transition mechanisms comprise dual
stack, tunneling and translation [1, 2]. However,
dual stack and tunneling are the most common
mechanisms use [3] while translation is usually
applied when communicating between IPv4 only
and IPv6 only nodes or networks. As tunneling
is the mechanism that cannot be avoided at the
early stage of transition, we consider the
tunneling vulnerabilities in the IPv6 transition as
crucial and need more attention. Tunneling is the
concept of encapsulation of one protocol (header
and data) which is placed into data payload of
another protocol at the tunnel entry point so that
it can travel through the carrier infrastructure until
reaching at the other exit point where it will be
decapsulated and forwarded to the intended
recipient (see Fig. 1). Tunnel Endpoint (TEP)
will be the IP gateway where the nodes within
the enterprise utilizing IPv6. The nodes can be
client workstation/ computers but also can include
routers and other device that can create a tunnel
for the entire LAN segment.

Fig 1. Tunneling IPv6-in-IPv4

There are many kinds of tunneling techniques
and each of them has its own issues and
challenges [4]. Manually configured tunnel for
instance, is easy to maintain and is the most
secured since we can easily apply IPsec to secure
the tunnel. However, it is not scalable for
connecting many other isolated IPv6 networks

worldwide. In order to be able to connect to any
isolated IPv6 network, automatic tunnel is the
answer. Unfortunately, automatic tunnels introduced
greater risks than manually configured tunnel.
Since IPv6 transition may expend years to
complete, subtly deal with the issues and
challenges in the coexistence of both IPv4 and
IPv6 is essential. As such, we must cleverly
facing the possible threats encountered in the
tunneling mechanisms. Moreover, in reality, we
may need more than one type of mechanisms
because we need to look at the suitability and
the cost involved in terms of hardware and
maintenance necessary for the deployment.
Furthermore, security aspects of the techniques
compared to the importance of data transmitted
through it will also be taken into considerations.
Generally, tunneling introduces security threats
because intruders can spoof IPv4 or IPv6 address
and potentially inject the packet at the tunnel
endpoint. Utilizing IPsec to authenticate the
incoming packet may help overcome the issue but
IPsec is not always possible for each IPv6 packet
like ICMPv6 message. Hence, we would like to
also put forward the importance of having
separate firewalls at the tunnel endpoint (TEP) to
filter IPv4 as well as IPv6 packet to ensure that
none of the packets can escape the filtering
process. Thus, this paper highlights tunneling
issues related to address spoofing and packet
injections as well as emphasizes the Separate
Firewalls to Secure Tunnel Endpoints (SF-STEP).
In this paper we begin with the importance of
transition from IPv4 to IPv6 and the overview of
the tunneling as transition mechanisms. Next,
securitythreats in tunneling implementation namely
address spoofing and packet injections are
described in Section 2. Then, Section
3
highlights some related works and followed with
the separate filtering approach in Section 4.
Experiment and analysis are mentioned in Section
5 and finally the paper sums up all arguments of
conclusion and future work in Section 6.
II. TUNNELING VULNERABILITIES
Tunneling mechanisms have no built-in security.
When
there
is
no
authentication,
no
integrity check and no confidentiality, packet
verification is done only by checking on the IPv4
packet’s source address. As a result, exploitation
such as spoofing IP, injecting packet at the
tunnel endpoint, and bypassing firewall or
avoiding ingress filtering checks become major
threats in tunneling mechanism. An attacker
anywhere in the Internet can send IPv6-in-IPv4
packet to the tunnel decapsulator. Which then,

causing injection of an encapsulated IPv6 packet
to the configured tunnel interface unless the
decapsulation checks are able to discard packets
injected in such a manner. Details on these
threats are described in the rest of this section.
A. Address Spoofing
Address spoofing in IPv6-in-IPv4 tunnel is
possible because no authentication is used
between two TEPs, except a check on the IPv4
packet’s address. A tunnel destination will accept
any encapsulated packet arrives as long as the
IPv4 source address of the packet is the source
address of the source TEP. Another possible
scenario is when some of the addresses in the
discarded outer header of the previous packet
decapsulation might be used by the attacker to
encapsulate the malicious IPv6 packet, and then
inject the crafted packet to pass through the
packet filter that checks the still encapsulated
packet. Subsequent filters cannot tell whether the
inner or outer addresses correspond. Even if there
is a packet filter manages to check on the inner
and outer addresses, attacker might use nested
tunnels to circumvent these checks. When this
packet succeeds in passing all filters that are
supposed to detect bad source addresses on the
way to the tunnel exit point, the inside network
may be vulnerable to attack because the crafted
packet will be decapsulated and then sent to the
final recipient. To minimize risks, implementing
ingress (incoming) and egress (outgoing) antispoof filters at the Internet gateway for both
inside packet and outside packet is crucial. It is
essential to ensure that a packet with a given
address arrives through the correct interface.
B. Packet Injection/Bypassing Firewall
Packet injection has the potential to bypass
IPv6 packet filters (by using IPv4) if the tunnel
endpoint is located behind them. If a spoofed
IPv4 packet is injected to a tunnel endpoint, it is
processed as if it had been sent by the other
endpoint, and is forwarded to its destination (see
Fig. 2). Thus may do harm to the internal
network. So, to counter this, IPv6 firewall must
be placed after the packet decapsulation (see
Figure 4). A packet filter must ensure that
a packet with a given source address arrives
through the correct interface.
For configured tunnel, mitigating the packet
injection and IPv4 address spoofing problems is
possible by applying IPsec [5] since the security
associations between two tunnel endpoints can be
set before initializing the tunnel. However, if
IPsec transport mode is used, IPv6 address can

still be spoofed because it does not verify the

Fig 2. Packet Injection at TEP

contents of the payload. As this vulnerability can
be partially controlled by IPv6 ingress filtering,
we emphasize the application of SF-STEP at the
tunnel endpoints. Moreover, it can help captures
packets that avoid bypassing the firewall. So,
network architecture must provide separate IPv4
and IPv6 firewalls as depicted in Fig. 3. As
such, this paper describes our work in
materialized the mechanism known as Separate
Firewalls in Securing the Tunneling Endpoints
(SF- STEP) which can be applied in any
tunnel
endpoints of the organization that
considers of deploying IPv6. Any tunneled IPv6
traffic encapsulated in IPv4 packets that arrived
at the network edge would be filtered by the
IPv4 firewall before being decapsulated and then
sent through the IPv6 firewall. Only granted
packets that passed the IPv6 filtering will reach
the destination.

Fig 3. Separate IPv4/IPv6 Firewalls

If IPsec tunnel is used, it would result in
encrypted packet will not be checked at the
perimeter firewall upon entering the network.
Thus, may expose the internal network to
potential malicious code in the IPv6 packet.
Consequently, host-based firewall must filter the
decrypted packet before forwarding it to the
application
layer.
Nevertheless,
IPsec
providesintegrity, confidentiality, replay protection
and origin protection between tunnel endpoints.
This paper is not against IPsec but just to
highlight the importance of also having separate
filtering to complement IPsec. SF-STEP without
IPsec may be used in the scenario where the
network just wants to apply minimum security.

C. Other Considerations
In manually configured tunneling, concerns lie
at a host behind IPv4 firewall when it needs to
open firewall for protocol 41 (IPv6) and in some
cases also for protocol 58 (ICMPv6) at least for
the host at the remote end of the tunnel, which
will be the source of the incoming IPv4 traffic
that contains the IPv6 packets. So, it must have
specific host-based rules for granting and denying
incoming
packets.
Nevertheless,
automatic
tunneling mechanisms such as 6to4 [6], ISATAP
[7] and Toredo [8] are less secure compared to
configured tunneling. They are susceptible to
packet forgery and DoS attacks asthere is
no preconfigured association between endpoints.
Moreover,
receiving
nodes
must
allow
decapsulation of traffic sourced from anywhere in
the Internet. So, it is a challenge to ensure a
decapsulation function extremely well secured to
deal with the wide range of the potential sources.
By using a tunnel discovery [9], attackers
may find a way to infer the existence of tunnels.
They may use the discovered tunnels as keyhole
to launch other threatening explorations such as
packet injection. Intruders will find exploiting
tunnels is more attractive than IPv6 source
address spoofing since it would be easier to
bypass IPv6 packet filters. By combining tunnel
exploitation and hop limit manipulation, the
attacker would able to spoof Neighbor Discovery
messages.Hence, increase threats to the IPv6
transition.
If a network has both IDSs and firewalls
configured and situated at the right place, it can
ensure that only tunneling that is permitted by
the policy should occur within the agency’s
enterprise. In addition, access control and
authentication are important to validate the tunnel.
Nevertheless implementation of tunneling and its
respective security mechanisms are based on
the specific deployment implementation and
security policy of individual enterprise. Hence, it
is uneasy to generally come out with a
common
implementation
that
suits
every
enterprise.
III. RELATED W ORK
In an implementation of end-to-end secure
communication system using IPsec [10], IPsec
proof to be easy to set up and apply when
connecting closed members that are known to
each other. Although it should be limited to
certain number of hosts, we can say that
manually configured tunnel with IPsec is secure.
Nevertheless, IPsec tunnel may be good enough

for any medium enterprise with more or less than
10 branches. If too many tunnels, manually
configured the IPsec configuration becomes
tedious.
Another way of validate the true source of IP
address is through the IP traceback method. Some
work has been done on implementing IPv6
traceback [11] at it has the potential to prevent
denial of service as a result of IP spoofing.
However, it is quite difficult to trace until the
end point due to stateless nature of IP routing
where routers only know the next hop for
forwarding a packet rather than end-to-end route
taken by each packet.
A work by Lee et al [12] also tackled packet
filtering avoidance at a firewall by introducing a
packet filtering mechanism that was designed and
implemented using Linux Netfilter. A particular
function in their mechanism investigates packet
whether it is tunneled or not. If it is a tunneled
packet, the function reenters this packet to
ip6_tables or ip_tables filtering tables. In other
words, the filter recognizes dual headers of the
incoming packets and filters both the outer
headers and inner headers. So, the inner
packet would not escape from being filtered by
firewall. In contrast, our mechanism filter the
packet before and after the encapsulation or
decapsulation at the tunnel endpoints using two
firewalls separately without having to reassemble
the tunnel packet.
Some studies focus on handling and detecting
DoS attacks as a result of vulnerabilities in
ICMPv6 and NDP. Work in [13] has come out
with a spoofing prevention method to counter
forged source address attack at the edge network.
Based on filtering and authentication, they
deployed a security gateway to perform the
authentication algorithm. When the host sends
packet to anywhere outside the edge network, it
needs to generate a signature for each packet
by using a hash digest algorithm that is attached
in a new IPv6 extension header.
IV. SF-STEP: -SEPARATE FIREWALLS TO SECURE
T UNNEL ENDPOINTS
A. Enhanced Filtering
Ingress/Egress Filtering
Ingress filtering [14] filters traffic coming into
the local network and egress filtering filters
traffic leaving the local network. So our IPv4
firewall must sit in between the tunnel endpoint
and the external network to filter the incoming
IPv4 packet while IPv6 firewall sits after the
TEP to filter the IPv6 packet after decapsulation
(see Fig. 3).

IPv4 firewall screens the packet for common
IPv4 threats and verifies that it comes from valid
interface and in the range of valid source
addresses. If the source address of the IPv4
packet is the valid address prefix of the valid
TEP, the packet will be allowed to enter the
network, otherwise it will be dropped. After IPv4
firewall checking the outer header the packet will
be decapsulated to get the IPv6 packet. Then, the
IPv6 firewall examines the IPv6 packet in which
it applies
ingress
filtering
on
all
the
incoming packets and ensure they constitute valid
IPv6 address. In addition, for in depth inspection,
the IPv6 firewall also runs a stateful filtering to
avoid probing attempts by intruder.
This SF-STEP should be enforced in any IPv6
transition that involved tunneling regardless of the
type of tunneling mechanisms deployed. Although
the concept mentioned here is general, we
can
flexibly adjust the needs of every
implementation depending on the requirement
of each type of tunneling, either 6to4,
ISATAP, Toredo or Tunnel Broker. Additionally,
filtering should also be done at the host before
accepting the packet and passing to the upper
layer protocol.
Analysis
Filtering

of

Ingress/Egress

Fig. 3 illustrates the configuration of SF-STEP
firewalls in the network. Each filtering function is
equipped with knowledge of the expected IP
addresses at a particular port. However, it is not
always possible in complicated topologies.
On one hand, a reverse path filtering seems
promising to provide the knowledge because
routers normally know which ports are reachable
via any of its port [15]. Thus, may help them
trace the return path to that address whether they
reach the same interface as the packet arrived
upon. If they match, the incoming packets are
allowed, otherwise, they are dropped.
On the other hand, this technique would not be
a wise option as asymmetric Internet routes are
more common which resulted in reverse path
filtering not working efficiently in the real
network. But this is not a problem in manual
configured tunnel as both source and destination
already agreed to the association between TEPs.
Besides IP packet, ingress and egress filtering can
also be applied to protocol type, port number and
any other important criteria. Any packet arrived
from a banned source address will be dropped.
For inctance, IPv6 source must be filtered to not
come from all multicast addresses (f000::/8), the

loopback address (::1), all IPv4-compatible IPv6
address (::/96), excluding the unspecified address
from Duplicate Address Detection (::/128) and all
IPv4-mapped IPv6 addresses (::ffff:0:/96).
B. Architecture and Algorithm
The SF-STEP is designed to have several
components that are inter-related for the
working of the filtering technique, such as valid
TEP table and valid prefix table. A valid TEP
table consists of all TEP addresses stated in the
policy of the organization while each TEP must
check another table which contains list of valid
remote IPv6 prefixes associated to it. For
tunnels that cross the global IPv4 Internet, each
TEP must be associated with at least one public,
globally routed address. Information of all
incoming packets
needed
for
the
TEP
checking is kept using data structure in_packet
which contains arrival time, TEP source, TEP
destination, source port, destination Port, tunnel
interface and finish time. The arrival time is set
to record the arrival time of a packet at the TEP.
Parameters are already set to ensure validity of
the incoming packets. They include valid TEP
table which consists of list of valid TEP
associates with the tunnel interface, valid remote
IPv6 prefix and valid traffic to be passed
through that tunnel. When decapsulating and IPv6
filtering are done, a finish time is recorded and
packet is permit to enter the internal network.
The difference between the finish time and arrival
time is assumed to be the duration of SF-STEP
algorithm processes the incoming packet. In
general, algorithm for SF-STEP is as shown in
Fig. 4a
and Fig.
4b. When a TEP-exit
receives an encapsulated packet (protocol 41), it
must check the incoming tunneled packet comes
from a valid TEP- entry. What the first TEP
checking does is actually validate that the source
TEP is in the range of valid TEP address in the
valid TEP table. Then it must make sure that the
tunnel interface is matched with the associate
TEPs. If everything is in order, the packet
will proceed with decapsulation, otherwise, it will
be dropped. After decapsulating, the IPv6 address
will be checked to ensure it is in the range of
the valid remote prefix addresses. The valid
interface table contains valid tunnel interface for
certain address prefix. So any packet arrives from
unmatched prefix will be dropped. Hence, a
local TEP policy is responsible to ensure
only certain valid traffic may come via a
particular tunnel interface. Traffics other than
what have been specified would be dropped.

Fig 4a. Inggress Filtering

Fig 5b. Inggress Filtering

V. EXPERIMENT AND ANALYSIS
A.

Experimental Setup

Our
experiment
concentrates
on
IPv6
deployment and security issues of dual-stack and
several tunneling techniques. The test aimed to
demonstrate the possibility of packet injection
and address spoofing as well as the importance
of having separate firewalls in filtering the
tunneled packet. The experimental setup was

based on a network transition testbed set up in
our lab. We use two PCs with Intel (R)
Core TM 2 Duo 1G processor for the
experiment. One acted as an attacker that
generates spoofed packet and inject to the tunnel
endpoint while another one acted as a tunnel
endpoint which runs the separate filtering
activities. Fig. 5 illustrates the sample of logical
topology used in our experiment.

Fig 5. Configured Tunnel

In the experiment, we crafted spoofed
source address packets to be injected at the
TEP. The spoofed packets are categorized
according to the following five scenarios:- a) the
TEP is invalid. b) the TEP is valid and both
source and destination IPv6 prefix are valid. c)
the TEP is valid and the source IPv6 prefix is
valid but the destination prefix is invalid. d) the
TEP is valid but the source IPv6 prefix is
invalid. e) the TEP is valid but IPv6 prefixes
are not checked (NoIPv6Checking). We use a
packet generator developed in Java to pump
packets to the network.
In this work, the
responsibility
of
determining
whether the
encapsulated IPv6 packet prefix is valid falls
on the IPv6 filtering at the perimeter as soon as
the packet is decapsulated.
Result and Analysis
The goal of the SF-STEP is to complement
IPsec in securing the tunneling endpoints from
packet injection and address spoofing. For this
paper, we only tested the simple rule to
confirm the importance of SF-STEP. The
recorded twenty occurrences of filtering time for
each scenario is shown in Fig. 6.
The
comparison filtering time is to identify whether
having SF-STEP will significantly add the filtering
time. In IPsec transport
mode,
we
expect
there would not be any significant difference
between time to filter IPv6 packet. From the
observation we noticed that the average of
means for filtering source and destination of
the IPv6 packet is 157016 nanoseconds, while
mean for filtering invalid source IPv6 packet is
143320 nanoseconds, and filtering time for no
IPv6 checking is 144930 nanoseconds (see Fig.
7). When more rules are applied we expect

that
the
filtering
process
time will be
increased. Besides, the result proves that injected
packet is not entertained and will be dropped by
the recipient TEP. If filtering was not performed
at the TEP, the injected packet with spoofed
source address that carried malicious program
would freely execute itself at the recipient node
because it managed to bypass the firewalls. Our
preliminary result shows that the time taken for
filtering the packets is not significantly caused
delay to the arrival of packet at the
destination host. If policy of an enterprise can
accept the delay, it means, SF-STEP should not
be ignored while deploying IPv6 in the
corporate network. In situation where the
delay is intolerable, this IPv6 filtering may be
more efficient to be placed at the host. Let the
host decides whether to accept the packet or not
based on its local policy.

Fig 6. Comparison Processing Time

B.

Fig 7. Average Processing Time

VI. CONCLUSION AND FUTURE W ORK
The separate firewalls ingress-stateful filtering
method presented in this paper emphasizes an
ingress filtering at the tunnel endpoints and both
ingress and stateful filtering at the host based
firewalls. This is a general filtering framework
that secures the tunneling packet at the tunnel
endpoints. The first IPv4 firewall will filter the
incoming packet by checking its source address.
Any incoming packet with invalid tunnel
entry point addresses would be dropped.

After decapsulating the outer header, the inner
IPv6 packet will be filtered by IPv6 firewall
which stresses on ingress as well as stateful
filtering. Any packet comes from a banned
remote address prefix will be dropped. Filtering
the packet at the IPv6 firewall allows deep
packet inspection to review the tunneled traffic.
We take note that tunneled packet could be an
ICMPv6 packet. Thus, the filter rules should also
check the type of ICMPv6 message in order
to know whether
the particular
ICMPv6
message is allowed to enter the particular
subnet. However, this test is more appropriate
for
subnet-based
or host based
filtering
which will be covered in our future work. We
believe if we also compare the use of IPsec and
SF-STEP in this work, the one with IPsec will
be more secure but in terms of simple and
minimum security, SF-STEP also has some role to
play.
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Abstract— Channel is an implementation of bus
to communicate between components on the
embedded system. This is the important key to
gain the TLM implementation to enhance the
modeling efficiency. This paper proposes many
channels design as TLM implementation for
designing embedded system. The results indicate
that the channels design is viable as buses for
transaction on TLM manner. We use SystemC as
modeling language.
I. INTRODUCTION

H

ARDWARE and software are both important
means for embedded system design and
implementation. Embedded system development
process begins by making hardware and software
specification. The growing consumer demand for more
functionality tools has lead to an increase in
complexity of the final implementation of such
designs. The ability of semiconductor industry to
reduce the minimum feature sizes of chip has
supported these demands. Also, show that the Moore’s
Law, roughly doubling the devices per chip every
eighteen to twenty-four months, is still accurate.
However, even though current IC technology is
following the growing consumer demands, the effort
needed in modeling, simulating, and validating such
designs is adversely affected. This is because current
modeling method and frameworks, hardware and
software co-design environments, do not fit with the
rising demands.
Fortunately, the electronic design automation
industry has prepared to face this problem by
providing engineers with the support for these
challenging. The introduction of register transfer level
(RTL) as a higher abstraction layer over schematics in
traditional hardware description languages such as
Verilog and VHDL, is a revolution step to face this
challenges. The RTL abstraction layer is accepted as
the abstraction layer for describing hardware designs.
However, the vendor and researcher community is
again pushing the abstraction layer a notch higher by
promoting the electronic system level (ESL) layer for

addressing the lack of scalable tools and design
methods.
The accepted definition of ESL, so far, is “a level
above RTL including both hardware and software
design” as suggested by The International Technology
Roadmap for Semiconductors (ITRS).
ESL design and verification methodology consists
of a broad spectrum of environments for describing
formal and functional specifications. There are many
terms used to illustrate ESL layer such as hardware
and software co-design models, architectural models,
RTL and software models, and cell-level models. This
prescription includes the modeling, simulation,
validation and verification of system level designs.
Models at the higher layer level are descriptions above
the RTL abstraction layer depicting the behavior of a
system. There are a number of ways to define the
abstraction layer may be raised above RTL. For
example, SystemC presents transaction level model for
modeling and simulation of embedded software
systems.
Time-to-Market Pressure
The growing consumer demands for various
complex applications led to pressure vendor to design,
implement embedded system in short time frame. The
late to enter market is means cost or opportunity lost.

Fig. 1. Time-to-Market and revenues

This condition called time-to-market pressure for
embedded system vendor. It needs shorter design
process approach.
Moore’s Law and Productivity gap
Moore’s Law said that silicon capacity has been
steadily doubling every 18-24 months. Its allow

companies to build more complex systems on a single
silicon chip. However, designer ability to develop
such systems in a reasonable amount of time is not fit
with the increase in complexity. This is referred to as
the productivity gap, which is based on the ITRS
(International
Technology
Roadmap
for
Semiconductors).

Fig. 2. Moore’s law

Increasing the complexity and functionality of
electronic systems, causes the increasing of the
possible design choices and the alternatives to explore
for optimization purposes. Therefore, design space
exploration is vital when constructing a system in
order to choose the optimal alternative with respect to
performance, cost, etc. The reduction of time to
develop these system-level models for optimization
purposes can improve design acceleration with
acceptable performance. A possible way to reduce this
time is to raise the abstraction layer of design
Register Transfer Level design
One of the past design revolutions in hardware
design was the introduction of RTL design layer as the
entry point of the design flow. At RT level, registers
and a data-flow description of the transfers between
them replace the gate-level instantiations of
independent flip-flops and logical operators. Some
hardware description languages such as VHDL,
Verilog and Esterel are used for writing models at this
RT level. The translation to gate level is called
synthesis. Component examples at this level are adder,
multiplexer, decoder, and memory.
The complexity of hardware design combined with
the lack of a revolution design approach similar to the
RTL introduction has induced very slow simulations
and caused productivity gap. The peak problem for
system-on-chips is software development need, cosimulating embedded software with the RTL model is
possible, but too slow to allow its effective
development. Designers are forced to wait the final
chip to begin writing the software of the system. This
result is wasted time in the development cycle and
increased time-to-market. While efficient in terms of
speed, the still require the RTL model be available,
they are very costly and they provide limited
debugging capabilities. Another approach to face the

problem is to try to raise the abstraction level: by
creating models with less details before the RTL one,
it should be possible to achieve better simulation
speeds while at the same time less accuracy.
II. UML AND SYSTEMC – OBJECT ORIENTED
MODELING
A. SystemC
SystemC is C++ library that provides components
that could be used in designing transactions levels. It
has abilities in sequential programming as C++ in
general as well as concurrent programming. Its ability
to perform concurrent programming enhances the
SystemC to be used in modeling complex hardware as
well as software simultaneously. Compared to the
VHDL and Verilog, SystemC has an advantage in that
it has structured programming that the other two don’t
have. To be more specific, SystemC has higher
flexibility as C++ language in general, so that the
specifications of hardware written in C language
shouldn’t necessary be converted into other forms
[13].
SystemC Library is used to support system level
modeling. SystemC support varieties of abstraction
levels and could be used in fast and efficient designing
and verification. SystemC Library is provided by Open
SystemC Initiative (OSCI), a publicly held non-profit
organization, supported by a number of companies,
universities and individuals interested in developing
higher abstraction modeling. It is available at
www.systemc.org free of charge.

Fig. 3. SystemC Architecture [1]

SystemC definitions are higher than C++ language.
SystemC comprises several core languages and data
types. All of them are developed above the C++
language.
The
core
languages
comprise
Module/Process, Port/Interface, Event, Channel and
Event-driven simulation kernel. The defined data types
comprise 4-valued logic types (01XZ), bit/logic
vector, arbitrary precision integer, fixed point and
other types that are defined directly by the users, based
on C++ language.
The upper layer comprises elementary channel such
as Signal, timer, mutex, semaphore and FIFO that
provide communication mechanism among object
concurrently.
A module is a C++ class that covers hardware or
software objects. Under SystemC, Module is defined

as sc_module class. It is equivalent to
entity/architecture under Verilog or VHDL, that
represent a basic block of components. A module
communicates with another modules through ports and
channels. To implement these components behaviors,
then there are concurrent processes within a module.
A port is an object within a module, and serves the
function to connect the module with its external world.
Ports that have been defined under SystemC are
sc_in<>, sc_out<>, sc_inout<>, sc_fifo_in<>,
sc_fifo_out<> etc.
There are two types of processes: SC_METHOD
and SC_THREAD. Both of them are similar except
that their respective timing. SC_METHOD could not
be stopped temporarily once it has been executed,
while SC_THREAD could.

Fig. 4. SystemC compilation process [1]

B. Channels
Channels are SystemC’s communication medium. It
is more general than signal. Some of channels under
SystemC are sc_signal, sc_fifo, sc_semaphore etc.
Their composition principles are similar to
hierarchical designing. Under complex system,
compositions are really needed. We design some
channels for TLM implementation. The channels we
observed are:
1)Fifo: First In First Out Channels. This channel
transfers data from source to destination with FIFO
discipline. The first data is served in the firstly and
so on.
2)Fifo wrapper. This channel is modification of Fifo
channel. FIFO channels with additions rule to
increment channel capabilities. There are many
classes added to the pure fifo channel design. Fifo
wrapper are more powerful and convenient to
transfer data. There is an arbiter to govern the
transaction processes.
3)General Bus: system bus simulation with five
generic active components and 1 arbiter.
4)OCP (Open Core Protocol) tl1 : Level 1. The OCP
channel models are built specifically to implement
the OCP standard. This is the detailed standard.
5)OCP tl2: Level 2. OCP tl2 is the same as OCP level
1 with less detail.

III. THE CHANNELS DESIGN
A. Fifo (First In First Out) Channels
We use producer – consumer process to implement
this design. We assert the fifo channel to connect
between producer and consumer.

Fig. 5. Fifo Channel

The Figure 5 shows the connection between
producer and consumer. Producer is a component that
sends data to the consumer. Fifo channel serves as a
buffer for the data sent to the consumer. The size of
the buffer depends on our definition. We can adjust
the size as we want.
We designed 3 main classes: producer, consumer
and top. The top class is the root process of the
system. In the design language we assert the fifo to
both producer and consumer designs with different
type. On producer class:
sc_port<sc_fifo_out_if<char> > out;
On consumer class:
sc_port<sc_fifo_in_if<char> > in;
B. Fifo wrapper
We designed Fifo wrapper as FIFO design with
addition arbiter component. In the modeling design we
add hw_fifo and wrapper classes to implement
wrapper process.
template <class T> class hw_fifo:public sc_module
template <class T> class hw_fifo_wrapper
: public sc_module,
public sc_fifo_in_if<T>,
public
sc_fifo_out_if<T>
{ … };
C.General Bus
In the general bus we observed 7 components:
master1, master2, master3, slave1, slave2, arbiter and
bus itself. Bus connects all components on the system.

Fig. 6. Block diagram of general_bus [8]

D.OCP (Open Core Protocol) Level 1
The channels are OCP correct and follow the
definitions in the OCP standard. In addition, the OCP

models were tailored to be easy for the core writer to
use while still maintaining full OCP functionality. In
OCP design there are two main component
simpleMaster and SimpleSlave that communicate
using OCP channel. The level 1 show the detail level
of the channel. Level 1 is more detail than level 2.

data to the slaves.

E. OCP (Open Core Protocol) Level 2
This channel is the same as OCP level 2 with less
detail. This channel is designed to increase the timing
process.
Fig. 8. The compilation result of general_bus channel

IV. THE TESTING OF THE CHANNELS
For testing our channels we use C++ over Cygwin
with Netbeans IDE 6.1. We compile all channels and
we get the compilation result of each channel as
follow:
A. Fifo (First In First Out) Channels
We designed the consumer send the text “Kota
Bandung” to the consumer character by character.
Figure 7(a) and (b) show that the data can be sent
from producer to the consumer via fifo and
fifo_wrapper channels. This shows that these channels
viable in the TLM manner.

C.OCP TL1 and TL2
OCP TL1 and TL2 designed as channels with OCP
(Open Core Protocol) standard. The result shows that
data can be transfer from master to the slave via these
channels.

(a)

(a)

Fig. 9. (a) the compilation result of OCP tl1 channel and (b)
tl2 channel

V. CONCLUSION

(b)
Fig. 7. (a) the compilation result of FIFO channel and (b)
fifo_wrapper channel

B. General bus
We designed 3 active master components that sent

The results show that the channels designed would
be viable to transfer data from source to destination
in the TLM manner. This process needs less time to
prototype. We can verify the design in the early
stage. Early verification will make embedded system
design processing faster than before.
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Abstract— In IEEE 802.16j MMR WiMAX
networks the increased number of hops between
the user and the MMR-BS introduce much delay
and signaling overhead which affect the
performance of services offered by WiMAX
networks. In this paper, we propose hybrid
centralized
and
distributed
scheduling
architecture to reduce the signaling overhead and
delay. In this scheme, the MMR-BS allocate
bandwidth to its direct subordinate RSs without
bandwidth request using estimation algorithm that
estimates the required bandwidth of each of its
subordinate
RS. Using
this
scheduling
architecture, each RS can allocate its subordinate
MSs the required bandwidth without notification
to the MMR-BS. Our scheduling architecture able
to reduce the signaling overhead and delay
significantly, however it requires accurate method
to estimate the RSs demand.
Index terms– IEEE 802.16j, Signalling overhead,
Delay, wireless networks.
I. INTRODUCTION

T

he IEEE 802.16 standard, also known as
Worldwide Interoperability for Microwave
Access (WiMAX), is viewed as one alternative to
provide last mile access to the mobile users. However,
the existing WiMAX products have limited coverage
and provide poor Quality-of-Service (QoS) for indoor
users as well as users at cell boundaries [1].
Mobile Multihop Relay (MMR) wireless systems
have the potential to offer improved coverage and
capacity over single-hop radio access systems.
Standards development organizations are considering
how to incorporate such techniques into new
standards. One such initiative is the IEEE
802.16j
standardization activity, adding relay
capabilities to IEEE 802.16e systems [2].
The using of the Relay Stations (RSs) offer
advantages such as: firstly, RS significantly reduces
the installation and operation cost compared with
using micro-BS to cover a given area [3], because the
RS communicates with the BS through a wireless
channel, and no need for a wired or a dedicated
wireless (microwave) connection to the backhaul

network. Secondly, the RS increase the overall
network capacity as a result to enhancing CINR in a
poor coverage area. The link between the mobile
multi-hop relay base station (MMR-BS) and the
Mobile Stations (MS) is divided into two parts, the
relay link and the access link.
The main challenges of deploying MMR WiMAX
networks which impact its performance are: the
increased complexity of the whole of the path
signaling as compared to a single message exchange
in single hop networks, and the increased latency
associated with the relaying information (both
signaling and user data) across multiple hops
[5,6,7]. This paper we propose hybrid centralized
and distributedscheduling architecture to overcome
these issues.
The rest of the paper is organized as follows. In
section II general overview on IEEE 802.16j
architecture is introduced. In III centralized and
distributed scheduling are discussed. The effect of
signaling overhead and delay on Mobile Multihop
Relay (MMR) WiMAX networks is discussed in IV.
The literature and related work is given in V. The
proposed scheduling architecture is explained in VI,
and the conclusion in VII.
II. MOBILE MULTI-HOP RELAY NETWORKS
The MMR networks consist of three types of
station: the MMR-BS, a fixed (RS), and the (MS) as
shown in fig.1. The MS can communicate with a
MMR-BS either directly or over a two-hop via the
RS, and also more than two hops can be exploited
via multiple RSs. The direct link between the MS and
the MMR-BS or RS is referred to as an access link,
while the backhaul link between the RS and the
MMR-BS referred to as a relay link.
In WiMAX OFDMA frame structure the most
common duplexing mode is TDD, in which the frame
is divided into downlink and uplink sub frame that
are separated by a guard interval. At the beginning
of each Down Link (DL) frame there are several
symbols that used for frame control as shown in Fig.
2.

As so the NTR is perfect tool for achieving extension
of cell and coverage.
TABLE I
Service Classes in WiMAX

Fig 1. MMR network architecture

Fig 2. OFDMA frame structure

The Preamble is to enable MS to synchronize to the
MMR-BS, DL MAP that map to each MS the
location of its pertinent burst in the DL subframe, UL
MAP that define for the MS the burst location and
size in the coming UL subframe, and Frame Check
Header (FCH) which is a special management burst
that is used for the MMR-BS to advertize the system
configuration.
The relay operation is classified in two different
modes: transparent and non-transparent relay (NTR):
The transparent relay is an element that is located in
the network between the MMR-BS and the MS,
without the MS being aware of its existence. It does
not transmit any control data. The MS receives
directly all the control data such as preamble,
FCH, DL MAP and UL MAP directly from the
MMR-BS. The transparent relay usually does not
extend coverage; its main function is channel
quality improvement that as a result increases the link
capacity [1, 2].
NTR is a network element that the MS is totally
aware of it. The MS which is IEEE 802.16e
compatible is not aware of any relaying operation,
from the MS point of view the NTR is its
conventional serving BS. So, the NTR should support
most of the capabilities of a plain 802.16e BS like
sending frame control data that includes preamble,
UL/DL MAP, FCH. Furthermore, the NTR supports
handover, network entry and MS ranging. The NTR
serves MSs that are beyond reach of the MMR-BS.

Class of Service

(QoS) parameters

Unsolicited Grant Service
(UGS)- VoIP

maxrate, latency and jitter

Real-Time Polling Service
(rtPS- Streaming video)

minrate,
latency

Enhanced rtPS (ertPS) VoIP with activity detection

minrate, maxrate, latency,
and jitter

Non Real Time Polling
Service (nrtPS) – FTP

minrate and maxrate

Best Effort (BE) - e-mail,
and Web browsing

maxrate

maxrate

and

In addition it can also act as a capacity
enhancer because of significant improvement in the
channel quality of both access and relay links [1, 2].
WiMAX defines five scheduling services that
should
be supported by the base station MAC
scheduler for data transport over a connection. Table
1 shows these services and their QoS requirement.
III. CENRALIZED AND DISTRIBUTED SCHEDULING
Scheduling is a sequence of allocating fixed-length
time slots to users, where each possible transmission
is assigned a time slot. The scheduling challenges are
how to develop
scheduling architecture that
overcome the problems of increased delay and
signaling overhead, and design scheduling algorithm
that guarantee the QoS requirements of each service
flow [13].
All transparent relays must (and NTRs may)
operate in centralized scheduling mode. In this
option the MMR-BS is doing all scheduling tasks as
it is defined in IEEE 802.16e. It supports optimal
centralized radio resource management (RRM),
and enables network load balancing among the
subordinate relays. However, it
requires heavy
management traffic within the network, and it is
slow in granting bandwidth, which make it not
feasible in heavy multi-hop network [4, 5].
In distributed scheduling, some MAC intelligence
can be given to the RSs. IEEE 802.16j allows NTR
relays to operate in distributed scheduling mode,
where they make decisions about resource
allocation to their subordinate stations most always
in coordination with the MMR-BS. In distributed
scheduling there is no heavy management traffic
within the network and it allows fast bandwidth
request grants for high priority requests, which it a
suitable technique in heavy multi- hop architecture.

But it does not give option for load balancing
between relays, and there is no option for
centralized RRM [4, 5].

number of shared slots for sending their request, and
if there is more than one SS attempts to send their
requests via a slot, the requested are corrupted.

IV. B ANDWIDTH REQUEST IEEE 80216 J
In WiMAX networks when the MS wants to send
data, it first sends a bandwidth request message to the
corresponding base station (BS), then the BS grants
the appropriate amount of bandwidth to the MS
based on the uplink scheduling scheme.
In MMR networks, the control messages used for
network entry or bandwidth request are doubled
for every RS introduced between MS and MMR-BS,
as shown in Fig. 3.
The main reason of the increasing overhead and
latency is because all service flow management
decisions should be made by MMR-BS inspite of
centralized or distributed scheduling.
In the centralized scheduling all the functions
of network entry and bandwidth request are
performed by the MMR-BS. The signaling messages
received by the RS from the MSs are forwarded to the
MMR-BS, which decides and sends a response
messages to the MSs through the intermediate RSs,
this process increase the signaling messages
exchanged and the delay.
Although in the distributed scheduling the RS have
an ability to respond to the bandwidth request from
their subordinate stations, the relay station requires
also a bandwidth request to relay received data to the
MMR- BS, which also increase the signaling
overhead and delay. Considering that, a signaling
message from one hop to another cannot be
transmitted in one frame’s duration, the delay of
control messages transfer from MMR-BS to the MS
will increase significantly due to the multi-hop added.
The increased latency affects the performance of
the services offered by the WiMAX, because lower
latency is required in UGS, rtps, and ertps.
Furthermore, even for the BE using TCP as
transport protocol, the increased delay increases
Round Trip Time (RTT) which degrades the
throughput.
V. RELATED W ORKS
In the literature there is some works done to reduce
the signaling overhead and delay in one hop WiMAX
networks such as IEEE 802.16e. The authors of [8, 9]
suggest bandwidth grant mechanism without
bandwidth request to fully utilize the available
bandwidth for the BE traffic.
The BE traffic has a lower priority among services
supported by WiMAX; this will result in small
amount of bandwidth for this type of service. In
addition the BE uses contention based bandwidth
request, in which BE connections contend limited

Fig 3. Bandwidth request procedure

In this scheme, the BS allocate bandwidth to the
SSs without bandwidth request, the amount of granted
bandwidth is determined from the current sending
rate, this scheme is suitable for large scale network.
On the other hand, it may waste the bandwidth when
the sending rate is highly fluctuated, and it’s hard
to estimate the required bandwidth accurately.
In the downlink TCP flow, the standard bandwidth
request- grant mechanism in single hop networks
introduces much delay to transmit uplink TCP
acknowledgement, which increase the Round Trip
Time (RTT) and causes unnecessary retransmission
that reduce the TCP traffic performance. The authors
of [11] introduce new bandwidth scheme that
simultaneously allocate bandwidth for
both
downlink
TCP
data
and uplink TCP
acknowledgement.
In the uplink TCP traffic, since the BS controls
the uplink transmission and the MS needs to get
permission before transmission, these steps severely
limit the performance of the TCP by introducing
much delay and degrade the throughput. The authors
of [12] propose scheme allocating uplink bandwidth
in advance. When the BS receive acknowledgement
to be sent to the MS, it relays the TCP ACK and at
the same time allocate bandwidth for the uplink TCP
data packet without bandwidth request from the SS.
These schemes for bidirectional bandwidth allocation
require more information about the actual SS needs to
not waste the bandwidth.
For MMR networks there are a little work done to

reduce the signaling overhead and delay. In [6] MSs
send their bandwidth request to their super ordinate
RS at their respective polling intervals. The RS
collects all bandwidth requests from MSs and
generates an aggregated bandwidth request to the
MMR-BS. The MMR-BS, instead of allocating the
bandwidth to the MSs directly, it grants bandwidth
to the intermediate RS, which then allocates
bandwidth to individual MSs. This scheme decreases
the signaling overhead, but not decreases the delay.
The authors of [7], has defined an operation called
concatenation, whereby multiple packet data units
(MPDUs)can beconcatenated into a single
transmission burst in either uplink or downlink
directions, regardless whether these MPDUs belong to
the same connection or not. Also multiple service data
units (MSDUs) belong to the same connection can
be the signaling overhead but there is still much delay.
In [10], the authors propose Extra Resource
Reservation (ERR) scheme in which the MMR-BS
pre-allocate some resources to the RSs for purpose of
transporting control messages or data traffic. So the
RS can admit its MSs without MMR-BS notification.
This scheme can reduce the delay but it wastes the
channel resources if the ERR is used ineffectively in
the RS.
VI. T HE P ROPOSED SCHEDULING T ECHNIQUE
The IEEE 802.16j support tree architecture in
which all the traffic go through the MMR-BS, so it
should be managed in a centralized manner. But to
reduce the signaling overhead and delay its better to
distribute the management of the bandwidth request in
the access RS. So, our scheme as shown in Fig. 4
manages the relay links centrally in the MMR-BS,
and the bandwidth request for the end users
distributed in the RS to take the advantages of both
scheduling architectures.
The aims of the proposed scheduling scheme are
fully utilizes the available bandwidth, and respond to
the demand change of the subordinate stations.
In the proposed scheduling architecture, the MMRBS manages its subordinate RSs as one hop stations.
The same procedure is applied in the intermediate RS
in the case of more than two hops, and in the access
RS the conventional bandwidth request can be
deployed.
In this scheme no need for the bandwidth request,
instead MMR-BS measures the existing sending rate
of its subordinate RSs and grants them a bandwidth
depending on the measured sending rate and estimates
the future demand.
This algorithm has two procedures the first is the
bandwidth change detection, and another one is the
bandwidth adjustment. In the bandwidth change
detection, the MMR-BS measure the short term

sending rate of each RS and maintain the minimum
and maximum values of it. If the current sending rate
is detected to be out of range between minimum and
maximum values, the value of maximum and/or
minimum is updated. In the bandwidth adjustment
procedure the demand is estimated using long term
sending rate to avoid frequent fluctuations. When the
sending rate is measured less than the allocated
bandwidth, the allocated bandwidth should be
adjusted to become greater than the current sending
rate by a given amount of bandwidth (∆B). In order
to estimate the appropriate value of ∆B based on the
historical data, we model the adjusted traffic series as
follows:
 B ( t )   1  B ( t  1)   2  B ( t  2 )
(1)
 ...   k  B ( t  k )  
The parameters β1, β2… βk can be calculated via
least square by minimizing
N [  B ( t )    B ( t  1)    B ( t  2 ) 
1
2
(2)

2
t  k  1 ...   k  B ( t  k )]
When the sending rate is equal to allocated
bandwidth, firstly we have to determine whether the
allocated bandwidth is equal to the demand or the
relay link is a bottleneck of the path currently and the
sending rate is limited by the amount of current
allocated bandwidth. This is done by increasing the
allocated bandwidth by a mount (∆B). If the sending
rate remains the same as previous the allocated
bandwidth is an optimum and unchanged, but if the
sending rate is increased this means that the relay is a
bottleneck and the allocated bandwidth should be
increased by amount (2∆B) many times until the
sending rate of the relay link becomes stationary. The
flow chart of this algorithm is shown in Fig. 5.
PERFORMANCE EVALUATION
To evaluate the performance of the proposed
algorithm, we assume that all messages are decoded
and forwarded in the duration of one frame, and the
frame duration is τ =10 ms, and the number of hops is
n<=10. The delay associated a data packet a cross n
hops with a conventional bandwidth request scheme
given by:
(3)
D  4 * * n
The delay for n hops using our proposed
scheduling architecture can be given by:
(4)
D  4 *  * n  1 * 
Fig. 6 indicates that, as the number of hops
increased the delay rapidly increased in the
conventional bandwidth Request (CBR) scheme, but
in our enhanced bandwidth allocation (EBA) scheme
it increased slightly. This figure shows that our
algorithm can be more useful to reduce the signaling
overhead and the delay when the number of hops is
high.

VII. CONCLUSION
In this paper we have presented hybrid centralized
and distributed scheduling architecture and algorithm
as one solution of the increased signaling overhead
and delay in IEEE 802.16j MMR WiMAX networks.
In this scheme, the MMR-BS allocates bandwidth
to its direct subordinate station without bandwidth
request using algorithm to estimate the required
bandwidth of each of its subordinate relay station.
Using this scheduling architecture, each RS can admit
its subordinate SSs the required bandwidth
without notification to the MMR-BS. Our scheme
can reduce the signalling overhead and delay
significantly, but it requires tight method to estimate
the demand of the RSs accurately.
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Abstract— online data stream mining has been
one of the most important issues in recent years.
The characteristic of the data stream, which is
continuously generated at a rapid rate, differs
from traditional static data sets. The other data
stream characteristics are unboundedand alternate
along with time. Ordinary data mining techniques
are not suitable to process the data streams,
because the ordinary data mining techniques are
designed to handle static data sets where several
passes over the stored data are possible. This
condition is different with data streams where only
a single pass processing method for the entire data
set is allowed.
This research proposed a data stream
classification technique which was built with
resource-aware framework, called ResourceAware Classification (RA-Class). The RA-Class
consists of three components: resource monitor,
Algorithm Granularity Settings (AGS), and data
stream mining algorithm. The RA-Class technique
used memory, CPU, and battery adaptation against
limitation of the wireless sensor device. The three
adaptations are aimed to enable the wireless
sensor devices to work properly as long as possible.
This research conducted several experiments to
observe the validity of the RA-Class technique in
terms of its resource-awareness and accuracy. Real
data sets were used to simulate data streams to
feed the RA-Class. The resource-aware framework
of the RA-Class worked well against scarce
resources and the technique also produced
satisfactory accuracy levels. Thus, the RA-Class
technique is valid and accurate to perform data
stream classification.
Index terms- resource-aware, online data stream,
LW-Class
I. INTRODUCTION

T

he primary aim of this research is to propose an
effective technique to run data stream mining over
limited resources. Unlike in any other environments,
data stream has the characteristics of high speed input
rate that is usually higher than processing power.

Processing this type of data consumes memory, battery
and CPU rapidly. Therefore, in order to process such
high speed streaming data, it needs a technique that
is energy-efficient and has a greater ability to
manage limited resources.
The
proposed
technique
addresses
the
aforementioned issues by monitoring available
computational resources, and adapts data mining
methods to available resources. This research
proposes an online classification algorithm that can
respond to the change of resources availability. This
research names the technique as Resource-Aware
Classification (RA-Class). To prove the effectiveness
of the proposed technique, this research conducted
some experiments to evaluate the validity and
accuracy. To do so, this research developed a model
to implement the classification with resource-aware
framework, the RA-Class. For this study, randomly
selected entries from real datasets were used to
generate data streams. The validity of the RA-Class is
examined by simulating changes of resources
availability, and the responses of the resource-aware
framework were observed. Then, the accuracy of the
RA-Class is examined by using randomly selected
entries from real datasets that were used to generate
data streams.
II. RELATED WORK
Online data streams have attracted many researches
in recent years. Particularly data mining in the online
data streams, has been one of the most important
issues. There exist many research topics in this field,
however online data stream mining still has a lot of
potential studies.
A. Online Data Stream Mining
A data stream refers to a massive sequence of data
elements generated continuously at a rapid rate. Data
streams differ from traditional static datasets as they
are continuous, unbounded and alternating data
distribution along with time. One of the characteristics
of data streams is that they are always updated real
time and arrive one by one in time. Another
characteristic of the data streams is high speed flow of
data items. It means that the data rate is higher

compared to computational power. So, it needs an
online data stream analysis tools to deal with its
characteristics in order to obtain a good result of
observation. There are several examples of
applications that generate real time data streams, such
as sensor networks, online transaction applications,
web application logs, and continuously generated
transactions in a network monitoring system.
In the field of clustering data streams, the amount
of memory used was minimized to maintain
consistency of data streams sequence. [1] [2] [3] In
data stream classifications, similar goals to that of data
streams clustering are needed to deal with the nature
of the data streams. The use of single-pass algorithms
that consume a small amount of memory is very
critical to achieve the goals. [4] [5] [6] In order to
minimize the number of items passed through the
classification algorithm, frequent items and frequent
itemsets are extracted.
B. Limited Resources and Adaptation
There are two issues that have to be handled for
data stream processing techniques. As explained by
Gaber et al. [7], the first issue is the automatic
generation of a highly detailed, high data rate
sequence of data items in different scientific and
business applications, and the second issue is the need
for complex analysis of these high-speed data streams.
To deal with the two issues, the computation time for
each data element should be less than the data rate.
Gaber et al. [7] proposed an approach to handle
those issues by developing data rate adaptation for
data stream mining called Algorithm Granularity
Settings (AGS). The proposed data adaptation can be
used from the input side and the output side. The input
side can be implemented by using sampling, filtering
and aggregation. While the output side uses algorithm
output granularity. The output granularity algorithm is
based on the amount of mining results that fit in the
main memory before any incremental integration.
C. Algorithms for Adaptation Strategies
Gaber et al. [7] mentioned three Algorithm
Granularity (AG) based Mining Techniques: Light
Weight Clustering algorithm (LWC), Light Weight KNearest-Neighbours Classification (LWClass) and
Light Weight Frequent Items (LWF).
The LWClass works by using thresholds to measure
similarity between the attributes of incoming data rates
and the instances initiated in memory. If the algorithm
finds an element, it checks the class label. If it is same
as one of the instances in the memory, the weight of
the instance is incremented by one, otherwise it is
decremented by one. If the weight becomes zero, then
it is released from the memory.
The last algorithm, LWF works by setting the

number of frequent items based on the available
memory. The main parameters that affect the
algorithm accuracy are time threshold, the number of
calculated frequent items and the number of items that
will be ignored. Their counter will be re-set after some
time threshold.
III. ADAPTIF CLASSIFICATION
The classification has two phases: modeling and
testing. In modelling phase, an algorithm is trained
over a data set to obtain a model to predict the output.
In this phase, both the algorithm and data set are
important in determining the model. A good data set
will result in a better model.
The major idea of data streams classification is the
ability of the algorithm to handle the evolving data
streams. This is because the data streams have the
basic characteristics that evolve over time. The static
data set classification technique will be outdated after
a period of time because of continuous change of the
streaming data. There are several issues that have to
be considered in data stream classification techniques
as explained by Gaber et al. [8]. They are:
 High Speed Data Streams: means that the mining
algorithm has to work faster than the data streams.
 Unbounded Memory Requirements: because the
data streams are generated rapidly, therefore it
takes a huge of memory to accommodate this type
of data.
 Concept Drifting: a data stream classification
model needs to be updated continuously in order
to obtain high classification accuracy. [9]
A. Online Data Stream Mining
In their research, Gaber and Yu [10] invented a set
of technique to adjust with resource availability
settings for data stream mining algorithms called
Algorithm Granularity Settings or AGS. The technique
consists of three settings: algorithm input settings
called Algorithm Input Granularity (AIG), the
algorithm output setting as Algorithm Output
Granularity (AOG) and the processing settings as
Algorithm Processing Granularity (APG). The AIG is
a setting for changing sampling rates or data structure
of data streams that feeds the data stream mining
algorithm. The AOG is a setting for changing the
output size of an algorithm, such as the number of
clusters formed by an online data stream mining
algorithm. The APG is a setting for changing the
randomization factor of the algorithm to make the
algorithm consume less processing power.
There are three main components of the resourceaware framework:
 A resource monitoring component that monitors
resource levels. Common resources that need to
be monitored are battery level, remaining




memory, CPU utilization, communication buffers
or bandwidth. The resource monitor produces
resource reports that are used by the AGS to make
adjustments for data mining parameters if
necessary.
The data mining algorithm that processes the data
stream in real-time.
The algorithm granularity setting that functions to
adjust the mining algorithm parameters according
to resource availabilities.

B. Resource-Aware Classification Algorithm
The LW-Class and AGS are then combined to build
a resource-aware classification technique called RAClass. In this technique, the AGS periodically
monitors resource availability. However, if there is a
significant change in the resource availabilities, the
AGS will react to the change directly. The reason is to
prevent a decrease of performance, moreover, lost of
current classification results.
The algorithm starts by examining each incoming
entry using the LW-Class algorithm. The algorithm
will determine whether the incoming entry will be
assigned to a specific stored entry, or it will be stored
as a new entry. The update function gives the
algorithm information if there is a need to change the
setting of the LW-Class algorithm. In the proposed
RA-Class, there are three settings that can be adjusted:
sampling interval, randomization factor and threshold
value. A sampling interval correlates to the
availability of battery level, and a randomization
factor correlates to CPU utilization. And then
threshold value correlates to remaining memory.
If there is any significant change of the resource
availabilities, the AGS will calculate the LW-Class
algorithm variables (sampling interval, randomization
factor, and threshold value). If the battery level drops
below a certain level, the sampling interval will be
increased. This will reduce energy spent for
processing incoming data streams. If CPU utilization
reaches critical level, the randomization factor will
then be reduced. So when assigning an incoming
entry, the LWC will not examine all of the currently
stored entries to obtain minimum distance. Instead, it
checks randomly based on AGS calculations. Lastly,
if remaining memory decreases significantly, then the
threshold value will be increased to discourage
creation of new entries. This will slow down the use
of memory to store assigned entries. The result of the
resource-aware classification is a list of entries that
can be used to determine the class label of an entry.
The LWClass algorithm is shown in Figure 1.
C. Mechanism to Determine Class Label of Entries
In the process of deciding a class label for an
incoming entry in a distributed environment, each RAClass node needs to find the label using its own

knowledge. The node labelling technique uses needs
to find the most optimal approach to determine the
closest entry. In this research, this research uses use 2NN algorithm. The 2-NN algorithm searches two
stored entries that have closest distance to the

Fig 1. LW-Class Algorithm

incoming entry. The result is the stored entry that
has higher weight among the two nearest neighbors.
The result of this labeling process from each node is
used in labeling process of the distributed RA-Class.
The 2- NN algorithm is shown in Figure 2.

Fig 2. 2-NN Algorithm

IV. IMPLEMENTATION
To implement the resource aware framework, this
research implements publish-subscribe mechanism. It
means that the resource monitor is the publisher of
resource events that contains updates of different
kinds of resource abilities. The data mining algorithm
that needs the information about the resource
availability, should subscribe itself to the resource
monitor to get the resource report. This research also
implements the RA-Class technique by using actual
sensor devices.
A. Resource Monitor
The responsibility of the resource monitor is to
periodically examine remaining battery, memory and
CPU utilization, and to publish resource reports,
which outline status of various resource availabilities.
This research allows two ways of updating the
resource report, namely are: periodic and aperiodic
updating schemes. The periodic scheme is the
traditional way of updating. It is also the initial
scheme used by Gaber and Yu [10] in their research.

This means that the resource monitor notifies the
subscribed processing techniques over fixed
timeframes. The drawback of this approach is that if
the resource levels are stable, many of the updates will
be wasted as there is no need to adjust the algorithm
settings.
This becomes a more important issue in terms of
communication cost when the resource monitor for
the whole sensor network for distributed processing
techniques is considered. Thus, we have implemented
an alternative method, which is the aperiodic scheme.
The aperiodic scheme only notifies subscribed
processing techniques when the accumulative change
in resource level is greater than a significant threshold.
This threshold is submitted to the resource monitor
during the algorithm’s subscription. For example, an
algorithm can request to be notified only if there is
more than 10% or 5% changes in resource level.
This approach can greatly reduce processing and
communication cost, especially with remote
monitoring. Using either approach, there is only one
resource event object that follows the singleton
pattern. This is to minimize unnecessary usage of the
limited memory of the sensor node.
B. Data Stream Mining Algorithm
Similar to ERA-Cluster [11], RA-Class is an online
threshold-based mining algorithm and it can be used
to reduce data generated by the sensor to be processed
offline later. The RA-Class also implements resources
adaptation as in the ERA-Cluster that can adapt to
changes in battery level, remaining memory and CPU
utilization. The difference between the two techniques
is that the RA-Class uses Light Weight Classification,
while ERA-Cluster uses a clustering algorithm.
In order to preserve memory, this research choose a
short representation for classes which only consists of
the mean of the classes and the size which is the
number of records added to the class. When a new
record is added to a stored class, its mean will be
recalculated, and its size will be incremented. Each
class has an inactivePeriod which is the time since the
last record has been added until current time. It is used
to detect inactive classes that have become obsolete.
C. Algorithm Granularity Settings
The algorithm granularity setting (AGS) is the main
part of the resource-aware technique. The AGS adapts
data stream mining algorithms to resource
availabilities by changing the input, output and/or
processing endpoints. The effect of changing the
settings of input, output and processing is a decrease
or increase of battery consumption, memory usage or
CPU utilization. Figure 3 shows the pseudo-code of
the RA-Class’ algorithm granularity settings.

Fig 3. Algorithm Granularity Settings (AGS)

If the remaining memory reaches a criticality
threshold, the adaptation mechanism will be triggered.
The critical memory adaptation starts by detecting and
removing outliers and inactive entries. Then, the
radius threshold of entry formation will be
recalculated according to the remaining battery level.
The new radius threshold is calculated using the
Formula 1.
(1)
Memory adaptation is followed by CPU adaptation.
To adapt with current CPU utilization, this research
uses a randomized assignment approach. This
approach will make the data stream algorithm only
examine a random subset of the existing entries to
determinea new entry’s label. In the implementation,
the randomization factor is calculated directly based
on the CPU utilization as shown in Formula 2.
(2)
Finally, the battery adaptation is performed. Among
the tasks that run in the RA-Class, receiving or
emitting of data streams are the most energy
consuming tasks. So, the battery will be run out
shortly, when the RA-Class is performing these tasks.
To overcome the available battery issue, if the battery
reaches the criticality threshold, this research decreases
the sampling interval of RA-Class according to
the remaining battery using Formula 3.
(3)
V. EXPERIMENT
To evaluate the effectiveness of the RA-Class,
resource–awareness and accuracy of the RA-Class
were observed. The resource-awareness evaluation is
aimed to assess the ability of the technique to adapt to
changes in resource availabilities, while the accuracy
evaluation is aimed to assess the accuracy of the RAClass that performs resource adaptation.
A. Resource-Aware Assessment
This experiment is intended to observe how the
AGS reacts against scarce resources by changing the
settings of classification algorithm. The adaptation

were observed against remaining memory, CPU
utilization and battery level.
Figure 4 shows the result of the RA-Class
experiment. From the experiment, it can be concluded
that the number of entries was stable at around 60
entries. The threshold values used is displayed in
Figure 5. In the figure, the threshold is initially set
from 0.1 and becomes stable at around 0.13. When the
threshold value is at a stable number, the memory is in
a balanced condition. In Figure 6, when the remaining
memory fell below 85%, the threshold increased. This
will discourage the creation of new entries. In
addition, the resource-aware mechanism will detect
and remove outliers and inactive entries to free more
memory. This approach will keep the memory
balanced.

CPU utilization. The figure shows that if the CPU
utilization went over 40%, then the algorithm will
react by decreasing randomization factor. However, a
minimum lower bound was set for the randomization
factor to 10%. So, if the CPU utilization goes to 100%
for a certain period, the randomization factor will not
go beyond 10%.

Fig 7. CPU utilization over time

Fig 4. Number of entries produced over time using resource aware
framework
Fig 8. Randomization factor adaptation against CPU utilization

Fig 5. Threshold value over time

Figure 9 shows the changes of the average battery
level during the experiment. This research used
battery simulation by setting the initial level of the
battery to be 100%. Then the battery level was
deducted by running a certain simulation, and battery
consumption versus running time was recorded. The
critical threshold of the battery was set to 80%. As
shown in Figure 10, after the battery level went below
80%, the resource-aware mechanism reacted by
increasing the sampling interval proportionally. This
will reduce battery consumption for processing
incoming entries.

Fig 6. Remaining memory over time

Figure 7 shows CPU utilization over time. This
research uses randomly generated CPU utilization by
the CPU simulator. In this experiment, the CPU
utilization is set to a certain threshold to observe how
the algorithm reacted to the changes. The critical
threshold of CPU utilization was set to 40%. Figure 8
shows how the algorithm reacted to the changes of

Fig 9. Battery levels over time

classification technique called Resource- Aware
Classification (RA-Class) to process data streams in
wireless sensor networks. The proposed RA-Class
was evaluated with regard to accuracy and resourceawareness. The results show that RA-Class can
effectively adapt to resource availabilities and
maintain high level of accuracy. Therefore, the RAClass is valid and effective to be implemented in
wireless sensor network devices.
Fig 10. Sampling interval over time

B. Accuracy Assessment
Accuracy assessment was done by randomly
selecting entries from a data set used to simulate data
streams. Then, these entries were used to test the entry
set produced from the RA-Class by using the same
data set. For this accuracy testing scenario, this
research used 15 randomly selected entries from the
data set. This experiment was conducted ten times,
and the average of each experiment was calculated to
represent the accuracy. By changing the settings of the
classification algorithm against scarce resources, RAClass technique produced 92% accuracy of the total
entries tested as shown in Table 1. This experiment
shows that the RA-Class technique works well against
scarce resources while maintaining high accuracy.

Entry No

Actual label

Experiment 1

Experiment 2

Experiment 3

Experiment 4

Experiment 5

Experiment 6

Experiment 7

Experiment 8

Experiment 9

Experiment 10

TABLE I
Result of RA-Class accuracy testing

1

0

0

0

0

0

0

0

0

0

0

0

2

0

0

0

0

0

0

0

0

0

0

0

3

0

0

1

0

0

0

0

0

1

0

0

4

0

0

0

1

0

0

1

1

0

1

0

5

0

0

0

0

0

0

0

0

0

0

0

6

1

6

1

1

1

1

1

1

1

1

1

7

1

1

1

1

1

1

1

1

1

1

1

8

1

1

1

1

1

1

1

1

1

1

1

9

1

1

1

1

1

1

1

0

1

1

1

10

1

1

1

1

1

1

1

1

1

0

1

11

2

2

2

2

2

2

2

2

2

2

2

12

2

2

2

2

1

1

2

2

2

2

1

13

2

2

2

2

2

0

2

2

2

2

2

14

2

2

2

2

2

0

2

2

2

2

2

15

2

2

2

2

2

0

2

2

2

2

2

No True

14

14

14

14

14

14

13

14

13

14

No
False

1

1

1

1

1

1

2

1

2

1

%

93

93

93

93

93

93

87

93

87

93

VI. CONCLUSION
The main goal of this research was to implement a
resource-aware framework to run data classification in
wireless sensor networks. The main contribution of
this research was to observe the validity of an adaptive
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Abstract–Internet Small Computer System
(iSCSI) is a protocol which capable to runs on a
TCP/IP transport layer to transfer SCSI
command to allow block-level access on storage
devices which is standardized by IETF. Virtual
Disk is the storage abstraction layer on Virtual
Machine to present as the Virtual Disk. For this
paper, it will provide the performance evaluation
result of the software implementation of iSCSI
protocol that access on Virtual Disk in Virtual
Machine’s (guest OS) through the Gigabit
Ethernet Local Area Network. This paper
provides a comparison of the performance
betweens RAID configured virtual local disk,
Network Attached Storage (NAS) Server using
CIFS/SMB protocol running on the Virtual Disk
and performances of iSCSI protocol on accessed to
iSCSI target Virtual Disk on Virtual Machine
Server running on LAN. For the result, we found
out that iSCSI couldn’t reach the good
performance in due to the utilization of the
percentage of CPU, weak on generates higher
throughput and high latency of I/O when its
operate on Virtual Disk.
Index Terms - Virtual Machine, Virtual Disk,
Local Area Network, Network Attached Network,
iSCSI protocol
I. INTRODUCTION

T

HE INTERNET Small Computer System (iSCSI)
is a protocol which capable to runs on a TCP/IP
transport layer to transfer command to allow blocklevel access on storage devices which is standardized
by IETF. iSCSI [1] is capable to carry SCSI
commands over IP networks and used to facilitate data
transfers over intranets and to manage storage over
long distances over Internet. iSCSI can be used to
transmit data over Local Area Networks (LANs),
Metropolitan Area Network (MAN) and Wide Area
Networks (WANs) which enable location-independent
data storage and retrieval.

iSCSI protocol enable organization to implement
the storage into data center which could provide the
services such as database server, application server,
file server and etc running on the long distance using
the existing network infrastructure.
NAS (Network Attached Storage) [6] enable
network clients to access the storage devices on a
particular server at the file level access. Operating
System on NAS server will provide the functionality
of data storage, file systems, and access to files, and
the management of these functionalities. The operating
system that runs in NAS doesn’t perform any
computing task although user can install other
software on OS. Input devices and Output devices
normally is unnecessary to attached to the NAS server
because NAS server enable Server Administrator to
controlled or do the configuration job over network
thru the network address. NAS server commonly acts
as the file server.
Virtualization [14] allows multiple operating system
to be install and run currently on a single PC which
known as guest Operating System. Virtualization are
managed by a Virtual Machine Monitor (VMM) and
commonly known as Hypervisor. Virtualization
System can control the use of the resources such as
CPU, memory and storage because of its located
between Hardware and guest OS. The advantage of
using Virtualization is that organization can has
multiple applications and multiple Operating System
on a single hardware which can helps in term of total
cost expenses. The technologies of Virtualization also
benefits organization because its compatibility of
Disaster Recovery, highly secured and its stability
while running on the application and the usage of the
resources.
Virtual Disk, or known as Virtual Machine Disk
appear in Virtual Machine as the storage abstracts
layer which present as the storage devices image in
Virtual Machine. Virtual Disk can be accessed similar
with the physical disk using any supported Virtual
Machine.

For this paper, we are going to set up the virtual
machine (guest OS) on the server with the software
iSCSI setup which going to take the roles of iSCSI
Target server. Beside this, we enable the CIFS/SMB
[16] protocol to run on this virtual machine to act as
the NAS server. We are going to evaluate the
performance of the NAS server running on CIFS/SMB
protocol on Virtual Disk with iSCSI protocol when it’s
running on the Virtual Disk which attached to the
virtual machine. The performance will be evaluate
based on the read/write operation on the both protocol
on the target server on the virtual machine.
For the Section II, we will present the experiments
environment configuration and in Section III, we will
discuss about our methodology of the experiments.
Section IV will present the results and analysis of the
experiments undergone and Section V will explain
about the related work and finally, Section VI will
include the conclusion on these experiments.
II. TEST ENVIRONMENT CONFIGURATION
A. Hardware
For hardware parts, we are using PC with (Intel
Pentium Dual Core 1.86Ghz, 2Gb DDR2 Ram),
120GB Western Digital (8mb buffer, 7200 rpm of
disk) of Hard disk and Gigabit Ethernet Network
Adapter as iSCSI initiator. For iSCSI target, we use
PC with (Intel Core2Duo 2.00Ghz, 2Gb DDR2 Ram, )
and 60GB Western Digital (8mb buffer, 7200 rpm of
disk) of Hard disk and one Gigabit Ethernet Router
(Linksys WAG160N Router).
B. iSCSI Software
For the testing purposes, we are using the software
iSCSI implementation. To achieve this aim, we have
selected Ms iSCSI project [7] as the initiator and
running on FreeBSD based operating system known as
FreeNas [15] as the target of the implementation.
Virtual Machine has been installed to run Virtual
Window XP Image as the operating system for iSCSI
initiator and Virtual Machine FreeNas as the target of
the iSCSI. For the target disk, we have configured the
several Hypervisor Storage from the physical disk
which each of the Virtual Disk with RAID-0 [6]
configuration. Virtual Disk Target is a 5 GB Virtual
Disk configured using the software RAID-0
configuration which is stripping the data through the
Virtual Disk which can give the highest performance
for both read and write operations.
C. NAS Setup
For NAS server setup, we enabled the CIFS/SMB
protocol services in FreeNAS guest operating system.
To achieve this aim, we attached two 5GB Virtual
Disk on the FreeNAS server, configured with software
RAID-0 configuration and formatted with UFS file-

system, as the share folder on the FreeNAS server and
enabled the anonymous access on the share folder
which running on CIFS/SMB protocol on the Virtual
Machine. For client, we used the Window XP image
running on Virtual Machine as the guest operating
system to access the NAS server.
D. Measurement Tools
1. Iperf /Jperf
Benchmarking tools [3] chosen as the tool to
analyse the raw performance of TCP network.
Iperf/Jperf is capable on the TCP_window and
TCP_segment_size tuning. Iperf/Jperf also
enable user to give a result on the bandwidth,
delay for the jitter and also datagram loss
figures.
2. IO Meter
IO Meter is a configurable workload generator
that has been extensively use for basic
evaluation of I/O subsystems which consist of
the IOMeter and Dynamo [2] as the tool to
measure the performance of disk, bandwidth,
latency and the throughput of the disk
operation.
III. EXPERIMENTAL SETTING
A. Local Virtual Disk
In this test, we measured the performance of the
Virtual Machine local Virtual Disk by generates the
workload on 5GB data size Virtual Disk in the Virtual
Machine. We run 5 tests for each experiment and get
the average result to reduce the interference of cache
and buffer effect. For the experiment, we tested on the
RAID-0 configured Virtual Disk and we will records
the entire results that available for the read and write
operation. For this test, we used IO Meter as the
measurement tools to get the results for the every test
that have been done.
B. NAS on Virtual Disk
For this experiment, we attached two Virtual Disk
to the FreeNAS server, configured with software
RAID-0 configuration. These disks mounted as the
RAID-0 disks with the capacity of 5GB and formatted
with UFS file-system. After that, Share Folder has
been setup with the folder name of 5GB_NAS using
the management utilities on FreeNAS server without
using any security setting. After this operation, the
Shared Folder is ready to access from the network
through CIFS/SMB protocol. For client, Window XP
supports the data access from its platform to NAS
server without any difficulties because every Windows
platform includes SMB as Microsoft Windows
Network.

C. iSCSI on Virtual Disk
For iSCSI target setup, normally there are two
options which are deviceio mode and fileio mode. For
deviceio mode, commands are executed directly on the
disk and for fileio mode; the page cache provided by
the kernel is used to map the disk into memory on the
target side. But for this experiment, we are going to
evaluate the performance of the read/write operation
of the target guest OS on deviceio mode. For the client
(initiator) side, we used MS iSCSI initiator running on
guest Window XP operating system on Virtual
Machine. Clients will be sending read/write request on
iSCSI target RAID-0 disk’s configuration which is
host by FreeNas operating system running on Virtual
Machine. All tests were run on Ethernet Gigabit Local
Area Network and results have been recorded using IO
Meter as the benchmarking tools.

RAM and file system, the average of the results that
have been gathered can be shown as below.

Fig. 3. Local Virtual Disk I/O

Fig. 4. Local Virtual Disk Throughput

Fig. 1. TCP Throughput thru VM-Network

Fig. 5. Local Virtual Disk Average Response Time
Fig. 2. TCP Latency on VM-Network
Fig. 1 and Fig. 2 are the TCP/IP throughput and
latency over the network in the test bed measured
using Iperf/Jperf.

IV. RESULT AND ANALYSIS
A. Direct attach Virtual Disk performance
Five same timing operation’s test experiments that’s
have been done on the direct attach Virtual Disk which
tested up to 5GB of data so that we can make sure the
buffer flushed and decreased the caching effects of

Fig. 6. Local Virtual Disk % CPU Utilization

From the Fig. 4, the result shows that the highest
throughput of the Virtual Disk using 64K of Block
Size writing to FreeBSD file-system UFS2 is about
20mb/s and the highest of the read performance on the
Direct Attach Virtual Disk of FreeBSD file-system
UFS2 using the same block size will be 31mb/s. These
results were appeared with the involvement of two
functions in FreeBSD file-system UFS2 which are
Snapshot (allows normal file-system activity to
continue concurrently) and Soft Update functions in
UFS2 which is the mechanism that being used in order
to keep the consistency of the disk by tracking and
enforcing the metadata to update the dependencies.
Soft updates can enhance the performance by
maintaining the disk consistency and this function will
run the system check each time the system crash so
that it can unclaimed the inconsistent blocks or nodes
and also the capabilities of the read and write
operation on Virtual Disk. Another factor that’s effects
on the throughput result including the physical disk
that’s being used in the experiments is used SATA [6]
storage device which can’t produce high
performances.
The lowest average response time that’s we can get
while running on the local direct attached Virtual Disk
is 0.1 ms with the allocated Block Size of 512bytes
running on 100% of sequential read performance. For
Writes operation, the lowest average response time is
0.16ms. From the graph above the, we can see that’s
the maximum of I/O operation that’s could be archive
is 7000 I/O for read operation and 5400 I/O for writes
operation. In CPU Utilization case, we found out
that’s the maximum of the % of CPU Utilization is
around 40%.

Fig. 8. NAS Virtual Disk Throughput

Fig. 9. NAS Virtual Disk Average Response Time

Fig. 10. NAS Virtual Disk % of CPU Utilization

B. NAS Performance on Virtual Disk
For this experiments, we used the same approached
by using Five same timing operation’s test experiments
that’s have been done on the direct attach Virtual Disk
which tested up to 5GB of data so that we can make
sure the buffer flushed and decreased the caching
effects of RAM and file system, the average of the
results that have been gathered can be shown as below.

Fig. 7. NAS Virtual Disk I/O

For NAS operation on the Virtual Disk, the Share
Folder that being access from the client running on the
FreeBSD file-system UFS2 with mount_smbfs
command mounts a share from a target server using
SMB/CIFS (Server Message Block/Common Internet
File System) protocol. From the result in the Figure 8,
we found out the write performance for NAS on the
share folder on the Virtual Disk is about 27 mb/s, and
read performance is about 30 mb/s. For the result, we
found out by accessing the Virtual Disk using the
CIFS/SMB protocol, the throughput that’s can be
archive almost 80% of the result by accessing the local
direct attached Virtual Disk. This result shows that’s,
CIFS/SMB protocol is capable to improve the disk
throughput using the mechanism of pipelining, so
that’s all the data can be connected to each other in
serial position which can help in sending the extra
request to the target server before the previous request
response arrive to the client.

For the result on the average of response time, we
found out that’s CIFS/SMB protocol had effected the
latency of the request and response on data transfer
which give us the result of 0.23ms for the lowest
average response time on 512 bytes of Block Size
used. The highest I/O that capable for NAS running on
the Virtual Disk is about 4000 I/O which reduce
almost 40 % of the total I/O from the local disk access
approached. We also notice that the percentage of the
CPU utilization is much higher which shoot up to
about 73 % of the overall CPU utilization.
C. iSCSI Performance on Virtual Disk
For this experiments, we set five same timing
operation’s test experiments on the RAID-0
configured iSCSI target disk by connecting the from
the iSCSI initiator using Ms iSCSI initiator without
using any security setting which tested up to 5GB of
data with the concern of the buffer flushed and
decreased the caching effects of RAM and file system,
the average of the results that have been gathered can
be shown as below.

Fig. 11. SAN Virtual Disk Total of I/O

Fig. 12. SAN Virtual Disk Throughput

Fig. 13. SAN Virtual Disk Average Response Time

Fig. 14. SAN Virtual Disk % of CPU Utilization

From the result in the Fig. 12, we found out the
write performance for software implemented iSCSI the
on the Virtual Disk is about 6mb/s, and read
performance is about 8mb/s. For the result, we found
out by accessing the Virtual Disk using the software
implemented iSCSI gave a very low throughput ,
which is only about 25% of the throughput that’s can
be provided on NAS Server for read and write
performance.
If we look at the Fig. 13, the graphs show us the
result on average response time which shows us that
the lowest value of the average response time is 0.52
ms and the highest value of average response time
goes up to 17 ms. These values can conclude that
iSCSI protocol reduced the I/O latency performance
up to 44% compare to NAS performance with the
same configuration testing. On Fig. 14, the graph
shows that the maximum of the percentage on the CPU
utilization when running iSCSI is about 74% with
100% sequential read using 512 bytes block size.
V. RELATED WORK
There is several protocols that’s has been developed
and is available for transmitting storage data traffic
over TCP/IP including Internet SCSI (iSCSI), Inter
FCP(iFCP) and Fibre Channel over IP (FCIP) which
are the family of the IP-based storage protocol that
known as IP Storage. This standard has in common
that in one form or another they will transmit the SCSI
command over the IP and thus in practice usually over
Ethernet. For iSCSI, which defines as a protocol
mapping of SCSI on TCP/IP has a very potential and
beneficial to the Network Storage implementation
which consider as the best chosen in term of the
consideration of the total cost of ownership? There are
several researches and studies have been done on
iSCSI which going to help on the improvement of the
development in iSCSI.
In Andrea Bianco research [10], by using Linux as
the operating system, they measured results on iSCSI
performance using standard PC hardware and software
implementation of the protocols and using the
emulator as the environment for Wide Area Network.
Experiments have been done using Bonnie++ as the
benchmarking tools to test the performance of the

iSCSI running in large bandwidth environment.
In C.M Gauger research [9], they had defined
several realistic scenarios in order to test behaviour of
iSCSI protocol on the different distances. They also
studied the principal behaviour of the iSCSI system
based on the single request model using the defined
scenarios. In the research, they also pointed out the
impact of RTT, maximum throughput, duration of
write request, the trade off between network QoS and
consumption of the processing power.
In Dimitrios Xinidis research [11], they evaluate the
performance of commodity iSCSI storage system
compared with the directly attached storage. They
were using Postmark, TPC-H and Spec-SFS tools for
their test environment which concluded the different
output on different section such as; IO latency, IO
throughput and CPU cycle and IO traffic on the
various scenario of the application server.
In Ifran Ahmed research [13], they had compared
the performance of native system and virtual machine
using the series of disk micro benchmarks on three
different storage system including direct attached disk
Native Disk, RAID array disks and Fiber Channel
SAN. By using the micro benchmarks data, they seek
the accurate performance of the Virtual Machine with
appropriate hardware configuration.
In overall, our work is focuses on the impact of
iSCSI running on Virtual Disk that running on the
Virtual Machine. We fully run the entire tests on the
virtualization environment and the main focus on the
iSCSI behaviour over Virtual Disk. We also show the
performance of NAS server running on the Virtual
Disk based on the equipments of the experiments that
have been setup.

configuration. We will continue the further
experiments on iSCSI protocol and focused on its
Window Size and Flow Control which will influence
the performance of iSCSI on Virtual Disk.
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II. M OTIVATION AND O BJECTIVE
Problem on teaching and learning process as discussed in
previous section motivates us to develop a learning tool that
helps students in gaining correct comprehension on computer
architecture. The tool developed has a basic architecture refers
to the Hamacher’s structure shown in Figure 1 [2]. The
objectives are as follows:
1) Implement four types of microprocessor to Xilinx Spartan3 FPGA board based on single bus architecture using
VHDL.
2) Develop a compiler for each processor’s instruction set.
3) Provide a tool that feeds the processor with compiled
microinstructions and present the elapsed time consumed
as consequences of the architecture design.

I. I NTRODUCTION
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In learning a new subject, sometimes students experience
difficult steps where they have no idea how to proceed
further. Quite often students have to spend a long time
in understanding a concept, and yet they might be failed.
Apparently, understanding a concept cannot be accomplished
by only reading a book or attending theoretical lectures.
Students need to implement the concept and gain experiment
with it. Experimental exploration is heuristically much helpful
way for students to comprehend how the concept works in
real world. It is important for lecturers to deliver the subject
the most effective way so that students’ knowledge remains
for a long period. This is what motivates us to utilize a
correct method and build a tool to support student learning
process. The tool we developed is expectedly greatly assisting
students to comprehend the concept of computer architecture.

Control signals

...

Teaching microprocessor design for computer science
students is a challenging task. Students tend to avoid
hardware related subject and prefer to work on software based
assignments. In fact, building an efficient running software on
specific hardware platform requires the knowledge of how the
program will be interpreted and executed by the processor.
This preliminary step of exploring computer hardware is
crucial in attracting students’ interest for the success of their
continuation learning process [1].

Internal processor
bus

...

Abstract—A simulation tool of microprocessor design has been
developed using Java, Perl and VHDL. The design implements
four types of single bus microprocessor architecture, where
users can experience the direct impact of datapath structures
to the processor’s performance. Specific structure of datapath
brings a set of instructions which is interpretable and executable
by the processor. The tool provides a compiler for converting
user’s assembler program to microinstruction format that will be
executed by corresponding structure of the datapath. Different
datapath structure results in different amount of time delay and
affects the frequency of processor’s clock. Given a fixed clock
rate as the consequence, performance is shown by elapsed time
required by the processor to execute the compiled program. Users
are able to evaluate performance of the four processor types in
executing the same program. The tool developed is a powerful
aid for students to grab understanding in processor design and
its performance.
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Fig. 1.

Basic implemented architecture

III. M ETHODOLOGY
The basis of single bus architecture is datapath structure
as depicted in Figure 1. This is a generic structure for which
Hamacher has not defined the data length, instruction format,
number of general purpose register and overall the instruction
set. To implement this generic structure, we must define
them as parameters in our VHDL design. Xilinx provides a
software tool called Integrated Software Environment (ISE)
8.2i to verify, compile VHDL codes and burn the bit-string
codes into an FPGA board. We target our VHDL codes to be
implemented on Xilinx Spartan3 FPGA board. It is an FPGA
board equipped with memory, LED, 7-segment LED, switch
and buttons [3].
For a realistic implementation, we defined the data length
to 16 bits. This is in accordance with Xilinx’s on-board
memory which is 16-bit wide. The target of experiment is
to provide a tool that lets users experience of running the
same program in different processor architecture. The program
chosen for demonstration is the Greatest Common Divisor
(GCD) problem. For the sake of simplicity as well as the low
complexity of GCD problem, four general purpose registers
is sufficient. We implement processors with two operands as
shown in Figure 2. The 5-bit instruction types support up to 32
instructions. Accessing 4 general purpose registers requires 2bit field. The rest of 9-bits is used for operands with immediate
values. The whole instruction set is listed in Figure 3.
Operation
Operation

Source

Source or Dest

Source and/or Dest

Operation
Fig. 2.

Immediate

Source or Dest
Instruction Format

Instruction varies according to the operation performed
by the processor, such as: arithmetic, logic, and register
transfer. Basically all data will be treated as string of bits but
when it comes to arithmetic operation, data will be treated
as two’s complement representation. Both arithmetic and
logic instructions support immediate values and register as
the operand; whereas all conditional branch operations only
support immediate operands. We also provide operation to
copy Program Counter (PC) value to Register and store PC
value to Memory, these operation are called STRPC and
CPPC. END instruction is to tell Instruction Decoder to stop
fetching instruction. It is a sign that the microprocessor has
reached end of the program. We use less and equal flags to
enable comparison (CMP and CMPI) and conditional branch
operation. The logic to translate flags and perform appropriate
action is depicted in Figure 4.
Performing a branch condition
if A ≤ B then call functionC

Operation
ADD
SUB
MUL
CMP
DIV
AND
OR
XOR
ADDI
SUBI
MULI
CMPI
DIVI
INC
DEC
NOT
SHL
SHR
MOVE
MOVEI
STORE
LOAD
CPPC
STRPC
JUMP
STRPCI
JUMPI
JO
JE
JNE
JLT
END

Rx , Ry
Rx , Ry
Rx , Ry
Rx , Ry
Rx , Ry
Rx , Ry
Rx , Ry
Rx , Ry
Rx , Offset
Rx , Offset
Rx , Offset
Rx , Offset
Rx , Offset
Rx
Rx
Rx
Rx , Offset
Rx , Offset
Rx , Ry
Rx , Offset
Rx , Ry
Rx , Ry
Rx
Rx
Rx
Offset
Offset
Offset
Offset
Offset
Offset

Fig. 3.

Microprocessor instruction set [4]

Argumen
var1 == var2
var1 != var2
var1 > var2
var1 ≥ var2
var1 < var2
var1 ≤ var2
Fig. 4.

Detail
Ry ⇐ Rx + Ry
Ry ⇐ Rx - Ry
Ry ⇐ Rx * Ry
Rx compare Ry
Ry ⇐ Rx / Ry
Ry ⇐ Rx ∧ Ry
Ry ⇐ Rx ∨ Ry
Ry ⇐ Rx ⊕ Ry
Rx ⇐ Rx + Offset
Rx ⇐ Rx - Offset
Rx ⇐ Rx * Offset
Rx compare Offset
Rx ⇐ Rx / Offset
Rx ⇐ Rx + 1
Rx ⇐ Rx - 1
Rx ⇐ ¬Rx
Rx ⇐ Rx  Offset
Rx ⇐ Offset  Rx
Ry ⇐ Rx
Rx ⇐ Offset
Memori[Rx ] ⇐ Ry
Ry ⇐ Memori[Rx]
Rx ⇐ PC
Memori[Rx ] ⇐ PC
PC ⇐ Rx
Memori[Offset] ⇐ PC
PC ⇐ Offset
PC ⇐ Offset ; If not overflow.
PC ⇐ Offset ; If equal flag true.
PC ⇐ Offset ; If equal flag false.
PC ⇐ Offset ; If less flag true.
Stop

equal flag
True
False
False
True
False
True

less flag
X
X
False
False
True
True

Flag logic in conditional branch

the argument ”var1 ≤ var2” is evaluated. If equal flag is false
and less flag is true then statement call functionC is executed.
The X is a don’t care condition or the value is not required.
To evaluate whether A equals B, we only have to read equal
flag and ignore less flag.
To let user experience running program in different
architectures, we developed two implementation options
in two different components: Program Counter (PC) and

Register
Counter
Fig. 5.

Instr Decoder
Design1
Design3

ALU
Design2
Design4

Four microprocessor designs

Comparison Module. PC is implemented by means of a
Register or a Counter. Whereas for Comparison Module
we have options to implement it in ALU or in Control
Unit (CU). Overall we have four options of microprocessor
design as shown in Figure 5. While Design1 and Design2
use Register to implement Program Counter, Design3 and
Design4 use Counter. Design1 and Design3 implement
comparison modul in Instruction Decoder, whereas Design2
and Design4 implement it in ALU. These designs affect the
clock cycle consumed to execute users’ compiled programs.

IV. I MPLEMENTATION
This section briefly describes the microprocessor
implementation in VHDL, simulation software for the
assembly codes, Java program for converting assembly to
machine code representation, software for converting machine
code representation to VHDL codes, and the technique used
to combine all the component’s VHDL codes.
The structure as shown in Figure 1 is implemented into
VHDL codes. We wrote VHDL codes for every component
involved in the datapath. Several components are supposed
to be generic and reusable for any processor architecture,
they are: Register, Memory Data Register (MDR), Memory
Address Register (MAR), Arithmetic Unit and Logic
Unit for ALU, Comparison Modul, and Counter. Whereas
ALU, Program Counter (PC) and Instruction Decoder
are implemented for specific architecture. Basically, the
implementation of Instruction Decoder depends on the model
of architecture and corresponding assembly codes. PC can
be implemented using Counter or Register. ALU can be
implemented with Logic Unit and Arithmetic Unit with
or without Comparison Module within. In the absence of
Comparison Module in ALU, the Instruction Decoder will
implement it.
After defining and implementing all architecture components, we need to define how Register Transfer Level (RTL)
takes place. For example, an instruction
move R1, R2
should be interpreted as opening out-gate of R1 and in-gate
of R2 at clock t and closing both gates at clock t + 1. We
developed a mechanistic translation for all instructions shown
in Figure 3. A more detail RTL is shown in Figure 6 where
an assembly instruction:
add R3, R4

Fig. 6.

Micro instruction for add R3,R4

is executed in three clock cycles, each for the following micro
instructions:
• R3out, Yin
• R4out, Add, Zin
• Zout, R4in
Minimum of three cycles is required to accomplish the
purpose of add R3,R4 since the components must take turns
in putting values to the bus. Number of cycles required varies
from one instruction to the others.
Hardware implementation became the most tricky task
because hardware tolerance is less flexible than software.
Several assumptions must be taken into account to make the
system works properly, including all components to be built
as well as the generic components available in the Xilinx
Spartan3 board [5]. It turned out that some assumptions
were are not applied to the implementation so that we failed
in utilizing on-board memory. We tried to create our own
memory using VHDL, however it became another unrealistic
solution due to limited space problem. Eventually we decided
to implement the microprocessor without memory. Due to
the constraint, the VHDL codes were implemented so that it
behaves like Read Only Memory (ROM) which is accessible
by means of MDR and MAR. The ROM stores user program
which is embedded in the microprocessor codes. Since the
ROM is unable to be written, users’ flexibility in defining

types and sequence of instructions depends on the number
of registers within the processor. The implementation of
microprocessor into FPGA board consumes 10% of the chip
space and tends to be larger with increasing size of user
program.
A compiler is required for converting user’s assembly
program to processor-understandable format. For this purpose,
we developed a Java-based compiler. This compiler receives
an assembly file as input and checks syntax of the codes.
Syntax checking must be completed before code testing
within the processor. Should the code syntax is error-free, the
compiler creates machine language version of the program.
This is easily accomplished by converting each assembly
instruction to machine microcodes. At this point we need to
ensure that the implementation has no logic error. Detecting
logic error is difficult and even harder to debug detected
logic error while the simulation is on-board already. For
that reason, we provide the compiler’s ability to interpret
assembly codes and model behavior of the microprocessor
in Java simulation software. This feature enables users to
monitor step-by-step execution and highlight the existence
of any possible logic error. A counter for clock execution is
also provided to make simulation be realistic. It counts the
number of cycles required by the processor to execute the
given program.

Fig. 7.

instruction, states of the Registers and clock cycle consumed
by the program for each processor design are reported.
Now we have a compiler, microprocessor code, and machine
representation of the user program. Furthermore we use
machine representation to create correct VHDL codes that
will be integrated to the microprocessor VHDL codes.
Assuming all machine representation created by compiler
contains no syntax error, we create VHDL code for user
program by adding the machine representation to data section
of ROM implementation. It could be thought that a template
for VHDL ROM code is available with initial data section is
empty. The converter was implemented using Perl. Detail of
how to build a compiler with Perl can be learnt from [6].
V. E XPERIMENTAL S CENARIO
Figure 8 shows interconnection between components
of the tool. Input of assembly code is compiled by Java
compiler. After debugging and correcting the code, we will
have machine representation (called Binary Program) of the
assembly program. This Binary Program is then converted
to VHDL codes. Generated VHDL codes combined with
processor VHDL codes could be synthesized and uploaded to
an FPGA board. To combine those VHDL codes, we could
simply replace the processor section in the ROM with the
generated VHDL codes. Finally we need to perform hardware
simulation. All VHDL codes are compiled and synthesized
using Xlinx ISE 8.2i resulting in a bit file. Using Xilinx
ISE’s utility called IMPACT, the bit file is uploaded to Xilinx
XC3S400-5FT256 FPGA chip. We have now a workable
microprocessor in hardware. That is how to combine ROM and
microprocessor VHDL code and perform hardware simulation.

Architecture simulation in Java

A complete model of the compiler is shown in Figure
7. User’s assembly codes is read by the Machine in which
Instruction class verifies the syntax. Compiler stops conversion
process upon existing unknown instruction or syntax error. If
there is no error, the Machine simulates executing the program
and inform the clock cycles required for each instruction read
and executed by the Machine. Class ClockCycle counts the
clock cycle consumed by the program. The Machine lets user
track state-changes in every general purpose register. When
Machine reaches end of the program, indicated by END

Fig. 8.

Global hardware and software communication

We use Greatest Common Divisor (GCD) problem to
evaluate the implemented processors and compare their
performance. The GCD problems is to find greatest common
divisor between two different numbers: α and β. We use

two algorithms to solve the problem. First is a classic
and naive algorithm, i.e. subtracting smaller number from
the bigger iteratively until both numbers are the same (α
equals β). The algorithm is referred to as GCD. Whereas
the second algorithm implements Euclidean Algorithm [7],
named XGCD.
Both algorithms were written and tested in Java. They were
reconstructed in assembly codes as shown in Figure 9 and
Figure 10 for GCD and XGCD respectively. The main scenario
is performed by running the assembly version of GCD and
XGCD codes on the hardware platform in which the processor
designs were implemented.
1. movei
2. movei
3. cmpi
4.
5.
6.
7.
8.
9.
10.
11.
12.

jlt
je
cmpi
jlt
je
cmp
jlt
move
sub

R1, 10
R2, 50
R1, 0
19
19
R2,
19
19
R1,
15
R2,
R1,

#
#
#
#
#
#

int a = 10
int b = 50
while(a > 0 &&
b > 0)
exit loop
exit loop

0

R2
R3
R3

13. move
14. jumpi

R3, R1
3

15.
16.
17.
18.
19.
20.

move
sub
move
jumpi
cmpi
je

R1,
R2,
R3,
3
R1,
23

21.
22.
23.
24.

move R1, R3
jumpi 24
move
R2, R3
end

R3
R3
R2

consumed in executing GCD and XGCD programs.
1.
2.
3.
4.

movei
movei
cmpi
je

R0, 10
R1, 50
R1, 0
12

5. move
6. div

R1, R2
R0, R2

7. mul

R1, R2

8. sub
9. move

R0, R2
R1, R0

10. move

R2, R1

11. jumpi 3
12. move R0, R3
13. end

# exit loop
# exit loop
# if(a < b)
# a = a - b

# repeat loop

Fig. 10.

#
#
#
#
#

int A = 10
int B = 50
start GCD
if B is 0 then end
recursive call

#
#
#
#

calculate A mod B
= A-((A/B)*B)
value of A/B is
integer

#
#
#
#

switch position,
put B as A
put B as value of
A mod B

# the answer in R0

XGCD code in assembly

Table I shows the number of cycles required by the four
processor designs to compute greatest common divisor of 10
and 50. The same problem with reversed operands results in
number of cycles shown in Table II. Apparently, GCD(50,10)
requires fewer cycles compared to GCD(10,50). This is due
to the GCD design that has fewer number of branching in
finding the solution.

# b = b - a
TABLE I
N UMBER OF CYCLES REQUIRED FOR GCD(10,50)

# repeat loop
0

Fig. 9.

Program
GCD
XGCD

Design1
297
111

Design2
280
108

Design3
228
87

Design4
221
84

# store result
TABLE II
N UMBER OF CYCLES REQUIRED FOR GCD(50,10)

GCD code in assembly

VI. R ESULTS AND A NALYSIS
The experimental results show that XGCD is faster than
GCD. Similar result is shown executing the two GCD
algorithms in processor software simulator. It supports the
fact that the implementation of GCD and XGCD in assembly
is correct. The consistent results moreover prove that the
microprocessor implementation is correct. Conducting the
experiment iteratively results in performance comparison
shown in Figure 11. The figure tells us that Design4 is faster
than the others. The term faster means fewer clock cycles

Program
GCD
XGCD

Design1
293
68

Design2
276
66

Design3
224
53

Design4
207
51

Performance comparison was also conducted by changing
the second operand, while the first operand remains constant,
i.e. 10. It is shown in Table III that XGCD finished the
process in a shorter time compared to GCD.
Figure 11 shows number of cycles required by each design
based on the number of iteration. Analyzing internal steps of
the execution process concludes that performance difference
is caused by design selection of flag computation. Design1
and Design3 uses the Instruction Decoder for computing flag

TABLE III
N UMBER OF CYCLES REQUIRED BY GCD AND XGCD

B
A
10
20
30
40
50

25
Gcd
173
208
247
209
99

50
Xgcd
117
117
84
150
51

Gcd
211
173
173
208
63

75
Xgcd
84
117
150
117
51

Gcd
358
284
173
358
136

Xgcd
117
150
117
150
117

Gcd
396
211
246
173
100

100
Xgcd
84
84
117
117
84

values. Whereas Design2 and Design4 make use of ALU in
flag computation. By utilizing ALU for flag computation,
the processor saves three cycles for each iteration. In
general, the use of ALU can save one clock cycle for each
Compare instruction. The more Compare instruction used
in the program, a greater number of accumulated difference is.

overall performance.
VII. F URTHER W ORK
This paper shares the development of a simulation
tool consisting of microprocessor codes in VHDL, simple
microinstruction compiler in Java, binary converter in
Perl, and instruction set of the corresponding processor’s
architectures. Implementation documents are also provided,
completed with detail of software architecture.
Further research will focus on developing an application
for visual microprocessor design. The tool will enable user
to customize processor’s datapath structure by dragging
and dropping graphical components. It is planned that the
visual application gives user the power to create VHDL
codes in accordance with the customized architecture. To
realize it, some changes must be made to current compiler
and microprocessor VHDL codes. The compiler must be
redesigned to support various instructions including user
custom instructions as well as possible processor designs. For
the microprocessor VHDL codes, we will utilize optimally
built-in memory in Spartan3 board. Communication between
application and the board is part of our future efforts.
Expectedly, user program could be uploaded to board without
recompiling the whole microprocessor codes. User interface
will also be improved so that user is able to monitor
microprocessor states in much more convenient way.
ACKNOWLEDGMENT

Fig. 11.

Result of experiment

The clock difference required for Design1 and Design3
almost equals to the difference of Design2 and Design4.
This is caused by the difference in Program Counter
implementation. In Design1 and Design3, PC uses Register
whereas Design2 and Design4 use Counter. For GCD
program, the use of Counter as PC can save twelve clock
cycles for each iteration. This big difference is caused by
saving one cycle in every instruction fetching compared to
the use Register. The longer assembly program, the bigger
difference is.
XGCD run relatively faster than GCD because XGCD has
shorter steps. The number of iteration required by XGCD is
fewer than required by GCD. It is shown by the fact that
XGCD has modulo instruction, whereas GCD uses repetitive
subtractions.
The assembly version of GCD program was proven correct
in producing the right solutions. Performance evaluation of
the four designs shows that Design4 is the best, i.e. consumes
the least number of cycles in finding the solution of greatest
common divisor problem. It has been demonstrated that
component selection within the processor design affects it’s

This material is based upon work supported by Competitive
Grant (Hibah Bersaing) from General Directorate of Higher
Education - The Ministry of National Education RI in 2009.
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Abstract— This paper presents Phase Only
Correlation (POC) methods in full search motion
estimation for high resolution digital video using
Graphical Processing Unit (GPU). Using the POC
function, one can estimate the translational
displacement as well as the degree of similarity
between two image blocks from the location and
height of the correlation peak, respectively. Motion
Estimation is a process for defining object
movement in digital video sequences. Motion
Estimation is a system used in some field such as
image processing, image analysis, video coding, and
computer vision. A POC based full search is a high
cost algorithm results in long processing time, thus
the system developed in this paper proceed POC
function in Graphical Processing Unit using
parallel threading technology. The evaluation
counts processing time speed of the methods using
Graphical Processing Unit in high definition video
with 1280 x 720 pixel resolution. The results show
that the methods using GPU performs accelerating
speed almost two times faster processing full search
in 256x256 POC block size than doing the same
methods using CPU. Using the NVidia GeForce
9600GT GPU, kernel execution with 256 thread
per block, 9 32-bit register per thread, and 36 bytes
of memory shared for every thread block, the
multiprocessor maximum occupancy is 100%, with
768 active threads per multiprocessor, 24 Active
Warps per multiprocessor, and 3 active thread
blocks per multiprocessors.
I. INTRODUCTION

M

OTION estimation is the process of determining
the movement of the objects of a video
sequence. The movement is usually expressed in terms
of the motion vectors of selected points within the
current frame with respect to another frame known as
the reference frame. A motion vector represents the
displacement of a point between the current frame and
the reference frame.

Motion estimation is a fundamental task in
numerous fields, such as image processing, image
analysis, video coding, and computer vision. Robust
high accuracy motion estimation is essential for
applications such as mesh-based motion compensation
for video coding, stereo vision 3D measurement, and
super-resolution imaging (the reconstruction of a highresolution image using
multiple low-resolution
images). Here, robustness refers to consistent pixel
level estimation of motion vectors with minimal false
detection [1].
Strategies for finding the best matching block are
broadly classified into two types: full search methods
and hierarchical search methods. The former is
suitable for detecting local motion of individual
objects, while the latter is suitable for detecting global
motion of the scene. A POC based full search is a high
cost algorithm results in long processing time, thus the
system developed in this paper proceed POC function
in Graphical Processing Unit using parallel threading
technology.
II. THEORY AND RELATED ALGORITHM
A. Phase Only Correlation
Consider two N1 x N2 images, f(n1,n2) and g(n1,n2),
where we assume that the index range are n1 = M1,...,M1 and n2 = -M2,...,M2, for mathematical
simplicity, and hence N1 = 2M1 + 1 and N2 = 2M1 + 1.
Let F(k1,k2) and G(k1,k2) denote the 2D Discrete
Fourier Transforms (2D DFTs) of the two images.
F(k1,k2) and G(k1,k2) are given by
III. UNITS
Use either SI (MKS) or CGS as primary units. (SI
units are strongly encouraged.) English units may be
used as secondary units (in parentheses). This applies
to papers in data storage. For example, write “15
Gb/cm2 (100 Gb/in2).” An exception is when English
units are used as identifiers in trade, such as “3½ in
disk drive.” Avoid combining SI and CGS units, such

as current in amperes and magnetic field in oersteds.
This often leads to confusion because equations do not
balance dimensionally. If you must use mixed units,
clearly state the units for each quantity in an equation.
The SI unit for magnetic field strength H is A/m.
However, if you wish to use units of T, either refer to
magnetic flux density B or magnetic field strength
symbolized as µ 0H. Use the center dot to separate
compound units, e.g., “A·m2.”
IV. HELPFUL HINTS
A. Figures and Tables
Instructions about final paper and figure
submissions in this document are for IEEE journals;
please use this document as a “template” to prepare
your manuscript. For submission guidelines, follow
instructions on paper submission system as well as
the Conference website. Because IEEE will do the
final formatting of your paper, you do not need to
position figures and tables at the top and bottom of
each column. In fact, all figures, figure captions, and
tables can be at the end of the paper. Large figures and
tables may span both columns. Place figure captions
below the figures; place table titles above the tables. If
your figure has two parts, include the labels “(a)” and
“(b)” as part of the artwork. Please verify that the
figures and tables you mention in the text actually
exist. Please do not include captions as part of the
figures. Do not put captions in “text boxes” linked
to the figures. Do not put borders around the
outside of your figures. Use the abbreviation “Fig.”
even at the beginning of a sentence. Do not abbreviate
“Table.” Tables are numbered with Roman numerals.
Color printing of figures is available, but is billed to
the authors (approximately $1300, depending on the
number of figures and number of pages containing
color). Include a note with your final paper indicating
that you request color printing. Do not use color
unless it is necessary for the proper interpretation
of your figures. If you want reprints of your color
article, the reprint order should be submitted promptly.
There is an additional charge of $81 per 100 for color
reprints.
Figure axis labels are often a source of confusion.
Use words rather than symbols. As an example, write
the quantity “Magnetization,” or “Magnetization M,”
not just “M.” Put units in parentheses. Do not label
axes only with units. As in Fig. 1, for example, write
“Magnetization (A/m)” or “Magnetization (A  m1),”
not just “A/m.” Do not label axes with a ratio of
quantities and units. For example, write “Temperature
(K),” not “Temperature/K.” Multipliers can be
especially confusing. Write “Magnetization (kA/m)”
or “Magnetization (103 A/m).” Do not write
“Magnetization (A/m)  1000” because the reader

would not know whether the top axis label in Fig. 1
meant 16000 A/m or 0.016 A/m. Figure labels should
be legible, approximately 8 to 12 point type.
B. References
Number citations consecutively in square brackets
[1]. The sentence punctuation follows the brackets [2].
Multiple references [2], [3] are each numbered with
separate brackets [1]–[3]. When citing a section in a
book, please give the relevant page numbers [2]. In
sentences, refer simply to the reference number, as in
[3]. Do not use “Ref. [3]” or “reference [3]” except at
the beginning of a sentence: “Reference [3] shows ... .”
Unfortunately the IEEE document translator cannot
handle automatic endnotes in Word; therefore, type the
reference list at the end of the paper using the
“References” style.
Number footnotes separately in superscripts (Insert |
Footnote).1 Place the actual footnote at the bottom of
the column in which it is cited; do not put footnotes in
the reference list (endnotes). Use letters for table
footnotes (see Table I).
Please note that the references at the end of this
document are in the preferred referencing style. Give
all authors’ names; do not use “et al.” unless there are
six authors or more. Use a space after authors' initials.
Papers that have not been published should be cited as
“unpublished” [4]. Papers that have been submitted for
publication should be cited as “submitted for
publication” [5]. Papers that have been accepted for
publication, but not yet specified for an issue should
be cited as “to be published” [6]. Please give
affiliations and addresses for private communications
[7].
Capitalize only the first word in a paper title, except
for proper nouns and element symbols. If you are short
of space, you may omit paper titles. However, paper
titles are helpful to your readers and are strongly
recommended. For papers published in translation
journals, please give the English citation first,
followed by the original foreign-language citation [8].
C. Abbreviations and Acronyms
Define abbreviations and acronyms the first time
they are used in the text, even after they have already
been defined in the abstract. Abbreviations such as
IEEE, SI, ac, and dc do not have to be defined.
Abbreviations that incorporate periods should not have
spaces: write “C.N.R.S.,” not “C. N. R. S.” Do not use
abbreviations in the title unless they are unavoidable
(for example, “IEEE” in the title of this article).
D. Equations
Number equations consecutively with equation
1
It is recommended that footnotes be avoided (except for the
unnumbered footnote with the receipt date on the first page).
Instead, try to integrate the footnote information into the text.

numbers in parentheses flush with the right margin, as
in (1). First use the equation editor to create the
equation. Then select the “Equation” markup style.
Press the tab key and write the equation number in
parentheses. To make your equations more compact,
you may use the solidus ( / ), the exp function, or
appropriate exponents. Use parentheses to avoid
ambiguities in denominators. Punctuate equations
when they are part of a sentence, as in



r2
0

F ( r ,  ) dr d   [ r2 / ( 2  0 )]



0

exp (   | z j  z i | )   1 J 1 (  r2 ) J 0 (  ri ) d  .

(1)
Be sure that the symbols in your equation have been
defined before the equation appears or immediately
following. Italicize symbols (T might refer to
temperature, but T is the unit tesla). Refer to “(1),” not
“Eq. (1)” or “equation (1),” except at the beginning of
a sentence: “Equation (1) is ... .”
E. Other Recommendations
Use one space after periods and colons. Hyphenate
complex modifiers: “zero-field-cooled magnetization.”
Avoid dangling participles, such as, “Using (1), the
potential was calculated.” [It is not clear who or what
used (1).] Write instead, “The potential was calculated
by using (1),” or “Using (1), we calculated the
potential.”
Use a zero before decimal points: “0.25,” not “.25.”
Use “cm3,” not “cc.” Indicate sample dimensions as
“0.1 cm  0.2 cm,” not “0.1  0.2 cm2.” The
abbreviation for “seconds” is “s,” not “sec.” Do not
mix complete spellings and abbreviations of units: use
“Wb/m2” or “webers per square meter,” not
“webers/m2.” When expressing a range of values,
write “7 to 9” or “7-9,” not “7~9.”
A parenthetical statement at the end of a sentence is
punctuated outside of the closing parenthesis (like
this). (A parenthetical sentence is punctuated within
the parentheses.) In American English, periods and
commas are within quotation marks, like “this period.”
Other punctuation is “outside”! Avoid contractions;
for example, write “do not” instead of “don’t.” The
serial comma is preferred: “A, B, and C” instead of
“A, B and C.”
If you wish, you may write in the first person
singular or plural and use the active voice (“I observed
that ...” or “We observed that ...” instead of “It was
observed that ...”). Remember to check spelling. If
your native language is not English, please get a native
English-speaking colleague to proofread your paper.
V. SOME COMMON MISTAKES
The word “data” is plural, not singular. The
subscript for the permeability of vacuum µ 0 is zero,

not a lowercase letter “o.” The term for residual
magnetization is “remanence”; the adjective is
“remanent”; do not write “remnance” or “remnant.”
Use the word “micrometer” instead of “micron.” A
graph within a graph is an “inset,” not an “insert.” The
word “alternatively” is preferred to the word
“alternately” (unless you really mean something that
alternates). Use the word “whereas” instead of “while”
(unless you are referring to simultaneous events). Do
not use the word “essentially” to mean
“approximately” or “effectively.” Do not use the word
“issue” as a euphemism for “problem.” When
compositions are not specified, separate chemical
symbols by en-dashes; for example, “NiMn” indicates
the intermetallic compound Ni0.5Mn0.5 whereas “Ni–
Mn” indicates an alloy of some composition NixMn1-x.
Be aware of the different meanings of the
homophones “affect” (usually a verb) and “effect”
(usually a noun), “complement” and “compliment,”
“discreet” and “discrete,” “principal” (e.g., “principal
investigator”) and “principle” (e.g., “principle of
measurement”). Do not confuse “imply” and “infer.”
Prefixes such as “non,” “sub,” “micro,” “multi,” and
“"ultra” are not independent words; they should be
joined to the words they modify, usually without a
hyphen. There is no period after the “et” in the Latin
abbreviation “et al.” (it is also italicized). The
abbreviation “i.e.,” means “that is,” and the
abbreviation “e.g.,” means “for example” (these
abbreviations are not italicized).
An excellent style manual and source of information
for science writers is [9]. A general IEEE style guide,
Information
for
Authors,
is
available
at
http://www.ieee.org/organizations/pubs/transactions/in
formation.htm
VI. EDITORIAL POLICY
Submission of a manuscript is not required for
participation in a conference. Do not submit a
reworked version of a paper you have submitted or
published elsewhere. Do not publish “preliminary”
data or results. The submitting author is responsible
for obtaining agreement of all coauthors and any
consent required from sponsors before submitting a
paper. IEEE TRANSACTIONS and JOURNALS strongly
discourage courtesy authorship. It is the obligation of
the authors to cite relevant prior work.
The Transactions and Journals Department does not
publish conference records or proceedings. The
TRANSACTIONS does publish papers related to
conferences that have been recommended for
publication on the basis of peer review. As a matter of
convenience and service to the technical community,
these topical papers are collected and published in one
issue of the TRANSACTIONS.
At least two reviews are required for every paper

submitted. For conference-related papers, the decision
to accept or reject a paper is made by the conference
editors
and
publications
committee;
the
recommendations of the referees are advisory only.
Undecipherable English is a valid reason for rejection.
Authors of rejected papers may revise and resubmit
them to the TRANSACTIONS as regular papers,
whereupon they will be reviewed by two new referees.
VII. PUBLICATION PRINCIPLES
The contents of IEEE TRANSACTIONS and
JOURNALS are peer-reviewed and archival. The
TRANSACTIONS publishes scholarly articles of archival
value as well as tutorial expositions and critical
reviews of classical subjects and topics of current
interest.
Authors should consider the following points:
1) Technical papers submitted for publication must
advance the state of knowledge and must cite
relevant prior work.
2) The length of a submitted paper should be
commensurate with the importance, or appropriate
to the complexity, of the work. For example, an
obvious extension of previously published work
might not be appropriate for publication or might
be adequately treated in just a few pages.
3) Authors must convince both peer reviewers and
the editors of the scientific and technical merit of
a paper; the standards of proof are higher when
extraordinary or unexpected results are reported.
4) Because replication is required for scientific
progress, papers submitted for publication must
provide sufficient information to allow readers to
perform similar experiments or calculations and
use the reported results. Although not everything
need be disclosed, a paper must contain new,
useable, and fully described information. For
example, a specimen's chemical composition need
not be reported if the main purpose of a paper is
to introduce a new measurement technique.
Authors should expect to be challenged by
reviewers if the results are not supported by
adequate data and critical details.
5) Papers that describe ongoing work or announce
the latest technical achievement, which are
suitable for presentation at a professional
conference, may not be appropriate for
publication in a TRANSACTIONS or JOURNAL.
VIII. CONCLUSION
A conclusion section is not required. Although a
conclusion may review the main points of the paper,
do not replicate the abstract as the conclusion. A
conclusion might elaborate on the importance of the
work or suggest applications and extensions.
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Abstract—This paper discusses an approach to
tune the PID controller parameters using Grey
prediction algorithm. The method involves
calculating the average of the estimated error
using grey prediction algorithm. A matlab
program is developed using simulink to find the
average of the estimated error for the process
which is modeled in first order plus dead time
(FOPDT) form. In the other hand a study is
conducted to find a good performance tuning rule
to be used for the purpose of finding the optimum
value of the PID controller parameters which can
achieve most of the systems requirements such as
reducing the overshoot, maintain a high system
response, achieve a good load disturbances
rejection and satisfy robustness. Using carve fitting
technique, a relation between the average of the
estimated error and PID controller parameters is
highlighted. A comparison between the proposed
tuning rules and the traditional tuning rules is
done through the Matlab software to show the
efficiency of the new tuning rule.
Index terms– PID, Tuning rule, AMIGO, grey
prediction algorithm.
I. INTRODUCTION

P

roportional-Integrative
Derivative
(PID)
controllers are without doubt the most extensive
option that can be found on industrial control
applications. Their success is mainly due to their
simple structure and meaning of the corresponding
three parameters. This fact makes the PID control
easier to understand by the control engineer than most
other advanced control techniques. In addition, the
performance of a PID controller is usually satisfactory
in many situations. The PID control algorithm is used
for the control of almost all loops in the process
industries, and is also the basis for many advanced
control algorithms and strategies [2, 10]. In order for
control loops to work properly, the PID loop must be
properly tuned. The important part is setting the
tuning constants so as to produce a controller
output that steadily derives the process variable in the
direction required to eliminate the error. Because of

t h e w i d e s p r e a d u s e o f PID controllers, it is
interesting to have simple but efficient methods for
tuning the controller. In fact, since Ziegler–Nichols
proposed their first tuning rules [5], an intensive
research has been done from modifications of the
original tuning rules to a variety of new techniques:
analytical tuning; optimization methods; gain and
phase margin optimization, just to mention a few [8].
Recently, tuning methods based on optimization
approaches with the aim of ensuring good stability
robustness have received attention in the literature.
Also, great advances on optimal methods based on
stabilizing PID solutions have been achieved.
However, these methods, although effective, rely on
somewhat
complex
numerical
optimization
procedures and do not provide tuning rules. Instead,
the tuning of the controller is defined as the solution
of the optimization problem [13]. Recent surveys
indicate, 30 % of installed controllers operate in
manual, 30 % of loops increase variability, 25 % of
loops use default settings and 30 % of loops have
equipment problems [2, 11]. Most PID tuning rules
are based on first-order plus time delay assumption of
the plant hence cannot ensure the best control
performance. In this paper the search of the best
performance tuning rule leads to use (AMIGO tuning
rule) to obtain PID controller parameters, since it can
provide controllers with a high load disturbance
rejection and minimize the system overshoot while
maintain the robustness of the system. This paper is
organized as follows: -The Grey prediction algorithm
is discussed in section 2. In section 3 AMIGO tuning
rule which is one of the best performance tuning
rules is outlined. An old PID/Grey prediction
algorithm is discussed in section 4. Section 5 explains
the proposed tuning rule. In section 6 the results
from using the grey prediction algorithm are outlined
in form of table, figure and relations between the
average estimated error which obtained from using
the grey prediction algorithm and the PID controller
parameters which obtained from using AMIGO
tuning rule. In section7 graphical results showing the
performance and robustness of FOLPD processes,
compensated with the proposed PID tuning rule. The
process is modeled in a first order lag plus time delay

(FOLPD) model, and compensated by PID controllers
whose parameters are specified using the proposed
tuning rule. The results of the proposed tuning rule are
plotted and are used to be compared in the matter of
performance, robustness and load disturbance
rejection against the traditional tuning rule and more
over against a well performance tuning rule.
Conclusions of the work are drawn in Section 8.

x 1   k   AGO of x ( 0 ) 

(2)

(0)

i 1



Step 3: Establishing Grey differential equation
and then calculating its background values:First we define z(1) as the sequence obtained
(0)

by the MEAN operation to x as follow :z 1   k   MEAN of x (1 )  0 . 5 *
(3)

[ x (1 )  k   x (1 )  k  1 ] k  2 , 3 , 4 ,..
Secondly Grey differential equation can be
obtained as follow:(4)
x (1 )  k   a * z 1   k   u q

II. GREY P REDICTION ALGORITHM
Grey theory was introduced in 1982. The Grey
theory is able to deal with indeterminate and
incomplete data to analyze and establish the
systematic relations and a prediction model. Unlike
conventional stochastic forecasting theory, Grey
prediction simply requires as few as four lagged
inputs to construct a Grey differential equation [6, 7].
The Grey prediction has been widely used in studies
of social sciences, agriculture, procreation, power
consumption and management, as well as other fields.
In Grey theory, two techniques are adopted to
establish the model for applications. They are
accumulatedgenerating operation (AGO) and inverse
accumulated generating operation (IAGO). The grey
prediction model conducts a so called "accumulated
generating operation" on the original sequence. The
resultant new s e r i e s i s used to establish a
difference equation whose coefficients are found via
the least-squares method. The accumulated generating
s e r i e s prediction model value is then obtained. The
estimated prediction value in the time-domain is
calculated by means of an inverse accumulated
generating operation. Only a few original sequence
elements are needed, and one does not have to assume
the distribution of the sequence. The generated value
is then used to establish a set of Grey difference
equation and Grey pseudo differential equation. The
model is called the Grey Model. Generally, there
are a few types used in the literature [12, 15]:
1. GM (1, 1): This represents first-order derivative,
containing one input variable, generally used for
prediction purposes.
2. GM (1, N): This represents first-order derivative,
but containing N input variables, for multi-variable
analysis.
3. GM (O, N): This represents zero-order
derivative, containing N input variables, for prediction
purposes.
In this thesis, the GM (1, 1) model is adopted to
perform the prediction of system output response.
The standard procedure is as follows [14]:
 Step 1: Collecting the original data sequence;
(1)
x  0   x  0  1 , x  0   2 ,..., x  0   n  n  4
 Step 2: Conducting an accumulated generation
operation, AGO, on the original data sequence
in order to diminish the effect of data uncertainty;

k

 x i 



Where the parameters a, uq are called the
development coefficient and the grey input,
respectively. Equation (10) is called the
whitening equation corresponding to the grey
differential equation.
dx (1 )
(5)
 a * x 1   u q
dt
Step 4: decide the value of a, u q by means of
the least –square method as follow:a 
1
L ^     B T * B  * B T * x N
u
 q
  z 1   2 ... ... ... . 1 


1 
  z 3 ... ... ... . 1 

B  
.


.


  z 1   n ... ... ... . 1 









(6)

(7)



x  N   x  0   2  x  0   2 ... x  0   n 
n  4 (8)
Deriving
the
solution
to
the Grey
Step 5:
difference equation:uq 

 a  n  p 1 
x ^ 1   n  p    x  0  1  
*e
a


uq

n 4
a
(9)
Where the parameter (p) is the forecasting step
size and the up script “^” means the value x^ is
forecasting value of x
Step 6: conducting the inverse accumulated
T

1

generation operation (IAGO) on x ^ to obtain a
prediction value as follow:uq 

x 0 1   n  p   1  e a  *  x  0  1  

(10)
a 

* e  a  n  p 1 
n 4
x ^  0   k   IAGO of x (1 )
 x (1 )  k   x (1 )  k  1 
k  2 , 3 ,..., n
n 4

(11)

III. AMIGO T UNING RULE
The objective of AMIGO was to develop tuning
rules for the PID controller in varying time-delay
systems
by
analyzing
different
properties
(performance, robustness etc.) of a process test batch
[4]. The AMIGO tuning rules are based on the KLTprocess model obtained with a step response
experiment.
Consider a controller described by:u ( t )  k by sp ( t )  y f ( t )  
(12)
t
 cdy sp ( t ) y f ( t ) 

k i   y sp ( )  y f ( ) d   k d 

dt
dt 

0
Where u is the control variable, y sp is the set point,
y is the process output, and y f is the filtered process
variable, i.e.

Y f ( s )  G f ( s )Y ( s ) .

The transfer

function

G f (s ) is a first order filter with time

constant

T f , or a second order filter if high frequency

roll-off is desired.

G(s) 

1
1  sTt 2

(13)

Parameters b and c are called set-point weights.
They have no influence on the response to
disturbances but they have a significant influence on
the response to set point changes. Neglecting the filter
of the process output the feedback part of the
controller has the transfer function



1
C ( s )  K 1 
 sTd 
 sTt


(14)

The advantage by feeding the filtered process
variable into the controller is that the filter dynamics
can be combined with in the process dynamics and
the controller can be designed designing an ideal
controller for the process P(s) Gf(s) [9]. The AMIGO
tuning rules are

T

K c   0.2  0.45 * 
L

 0.4 L  0.8T 
Ti  
L
 L  0.1T 
0.5 LT
Td 
0 .3 L  T

Robustness and load disturbances rejection. For each
process parameters value (Kp, L and T) the grey
prediction algorithm is used to obtain the average of
the estimated error (E) as shown in Fig (1). The
average estimated error is computed as follow: Initial value of the PID controller parameters is used.
The selection of the initial values is made depending
on the behavior of the system. In this paper the initial
value of the PID parameters is Kc = 0.2, Ki =0.003
and Kd = 0 so as to keep the system behavior under
damp. This setting can be used to control different
system as long as the system behavior with the initial
values of the PI controller will be under damp and
the ratio (L/T) is equal or less than 2. The estimated
error is computed during the period from the start of
the simulation until the steady state reached and then
average value is taken from the computed values.
The simulation step size is fixed to 0.1 sec so as to
make it real time simulation since the suitable
sampling time in the real time process can be equal
to 0 . 1 s e c . The average of the estimated error
produced by grey prediction algorithm and the optimal
values of the PID controller parameters produced by
AMIGO tuning rule is recorded as shown in the table
(2). The system prediction error is then used to adjust
the three parameters of the controller.

V. RESULT
Using Matlab simulation tools, several processes
with different parameters were taken under test. The
system structure used in the simulation is shown in
figure (1). The processes under test were first order
plus dead time (FOPDT) process.

PKTL ( S ) 

KP
* e  Ls
Ts  1

(15)

(16)
(17)
Fig 1. Grey prediction system structure

IV. AMIGO TUNING RULE
The procedure is straight forward by using the best
performance algorithm (AMIGO) to find the optimum
values for the controller parameters (Kc, Ti and Td)
which can maintain important factors such as

(18)

TABLE I
Average Estimation Error and the Optimal PID Parameters for each
process parameter
E

Kp

L

T

Kc(opt

Ti(opt)

Td(opt)

0.381

0.5

0.5

1

2.2

0.833333

0.384

0.5

1

1

1.3

1.090909

0.387

0.5

2

1

0.9

1.52381

0.21739
1
0.38461
5
0.625

0.384

0.5

0.1

2

18.4

0.546667

0.401

0.5

4

2

0.9

3.047619

0.39

0.5

0.5

3

5.8

1.625

0.392

0.5

1

3

3.1

2.153846

0.416

0.5

6

3

0.9

4.571429

0.394

0.5

0.5

4

7.6

1.888889

0.396

0.5

1

4

4

2.571429

0.433

0.5

8

4

0.9

6.095238

0.357

1

0.1

1

4.7

0.42

0.363

1

1

1

0.7

1.090909

0.37

1

2

1

0.4

1.52381

0.363

1

0.1

2

9.2

0.546667

0.37

1

1

2

1.1

1.666667

0.38

1

2

2

0.7

2.181818

0.394

1

4

2

0.4

3.047619

0.371

1

0.1

3

13.7

0.61

0.378

1

1

3

1.6

2.153846

0.386

1

2

3

0.9

2.782609

0.441

1

6

3

0.4

4.571429

0.379

1

0.1

4

18.2

0.648

0.386

1

1

4

2

2.571429

0.414

1

4

4

0.7

4.363636

0.336

1.5

0.1

1

3.1

0.42

0.344

1.5

1

1

0.4

1.090909

0.353

1.5

2

1

0.3

1.52381

0.348

1.5

0.5

2

1.3

1.285714

0.353

1.5

1

2

0.7

1.666667

0.385

1.5

4

2

0.3

3.047619

0.364

1.5

1

3

1

2.153846

0.374

1.5

2

3

0.6

2.782609

0.429

1.5

6

3

0.3

4.571429

0.37

1.5

0.5

4

2.5

1.888889

0.375

1.5

1

4

1.3

2.571429

0.497

1.5

8

4

0.3

6.095238

0.322

2

0.5

1

0.6

0.833333

system response while maintain robustness of the
system. Those parameters are obtained from using
AMIGO tuning rule.

0.04926
1
1.25
0.23809
5
0.45454
5
1.875
0.24096
4
0.46511
6
2.5
0.04854
4
0.38461
5
0.625
0.04926
1
0.43478
3
0.76923
1
1.25
0.04950
5
0.45454
5
0.83333
3
1.875
0.04962
8
0.46511
6
1.53846
2
0.04854
4
0.38461
5
0.625

Fig 2. The averaged estimate errors (E) against the optimal value of
the PID controller parameters

Based on the data obtained in table 2 and by using
carve fitting techniques a set of equation that define
the relations between the PID controller parameters
and the average of the estimated error can be obtained
as follow:-

Kc 

Ti 

1
(19)
2
548.55 * E  0.38712   0.27918



E  0.305

0.0032883
1

 E  2.103
Td 
10.414



(20)

(21)

VI. MATLAB SIMULATION RESULT

0.23255
8
0.43478
3
1.25
0.45454
5
0.83333
3
1.875
0.24096
4
0.46511
6
2.5
0.21739
1

Kc(opt), Ti(opt) and Td(opt) is the optimal value.
for the controller parameters which provide the system
with a high load disturbance rejection and a fast

Fig 3. Process (1) Step response

VII. CONCLUSION
A system structure of Grey prediction controller is
been developed and tested under different conditions.
Test batch of different process had been used to

simulate the proposed tuning rule The most important
advantage of this design is in the use of the Grey

Fig 4. Process (2) Step response

T) the experiment was repeated. It is so obvious
that the average of the estimated error is increased as
the time constant of the system increases and
increased as the delay time of the system increases
and decreased as the gain of the system increases.
The results show that the use of the grey prediction
algorithm will get the same or better performance than
AMIGO tuning rule and much better than Z-N tuning
rules. The observation from those results shows that a
high overshoot appears in the output of the system for
some cases of process parameters. This overshoot
appears as expense of achieving a high response and a
better load disturbance rejection. The grey prediction
algorithm performance can be enhanced through
adding a filter to refine the predicted value and also
by enhancing the forecasting step size. The simulation
shows that if a different setting of initial values for the
PID controller is used to get the average of the
estimated error this will lead to tune the controller
as well as the previous setting as long as this initial
setting

Fig 5. Process (3) Step response
Fig 7. Process (5) Step response

Fig 6. Process (4) Step response

Fig 8. Process (6) Step response

prediction algorithm to tune the PID controller
parameters. As it appears from the simulation, the
proposed controller i s a b l e t o d e a l w i t h t h e
p o s s i b l e variation of system parameters. For a
different values of the system parameters (Kp; L and

keeps the system behavior under damp. The
concluded important contributions in this paper
regarding the use of the grey prediction algorithm are
that it eliminate the need of knowing the process
parameters since the proposed controller can tune the

PID controller using only the average of estimated
error and also it validates the flexibility of the
proposed controller to deal with different modeling
systems with different parameters and finally it proves
the ability of the Grey prediction controllers in
predicting the error accurately since the controller can
well tune the PID parameters. As a future work, the
grey prediction algorithm can be improved by adding
the filter, the prediction error accuracy will be
increased which will lead to better performance. Also
a programmable system-on- chip (PSoC) device is to
be used to prepare this controller to be used in the
practical industrial applications.
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Abstract— A simulation and analysis of the optimum
energy flow for off-grid hybrid power system is
presented in this paper. The system consist of
photovoltaic array, wind generator, diesel generator
and battery. The diesel generator is controlled so that
the state of charge (SOC) of the battery may be
maintained at a certain specified charge level in daily
time. The battery is discharged when the SOC is higher
than the specified charge level and charged when lower.
A simulation is carried out over one year using the
hourly data of electric load, insolation intensity, and
atmospheric temperature on Kamishima Island, Japan
in 2006. Based on next day weather forecasting, the
proper specified level is pursued in every day so that the
fuel consumption is minimum. This method is compared
with other operating methods: a conventional operating
method maintaining the battery charge level at the full
level (FCL), and dynamic programming (DP) operating
method. The results show that for diesel generator fuel
consumption, this method is better than FCL, although
not to the DP.
I. INTRODUCTION

C

ONSISTENT energy supply is the main factor in
the power system plant. Using just one of natural
energy sources is not enough. The combination of
photovoltaic generator and wind turbine generator
allows for more varied scenarios, which ensures
greater reliability and flexibility throughout the year
as weather cycles change. On the other hand, the
interest in photovoltaic energy and wind energy form
are indeed growing worldwide. From the viewpoint of
reducing CO2 emission, utilization of photovoltaic
and wind energy has been positively advanced.
Because of the variation of regions, seasons and
weather condition, power outputs from photovoltaic
generator and wind generator are unstable and its
power density is also low relatively. Furthermore, the
supply of this energy source may not coincide with
the electric load, so energy storage must provide this
missing link.
In order to minimize the fuel consumption of diesel
generator in photovoltaic/wind/diesel/ battery power
system, the diesel generator output has to be

optimized. The battery has the important role in the
system operation. It serves as energy storage
whenever the output of photovoltaic generator is
higher than the electric load, otherwise as an energy
source. Thus the operating method of the battery will
be different in accordance with the purpose. If the
battery is used as energy storage, its SOC has to be
kept low. On the other hand, if the battery is used as
energy source, SOC has to be high.
The new operating strategy for a stand-alone
photovoltaic/wind/diesel/battery system called the
specified daily charge level (SDCL) is proposed in
this paper. The diesel generator is controlled so that
SOC of the battery is kept at a specified charge level.
In this condition, the battery can be as energy storage
and also as energy source. If SOC is lower than such
specified charge level, the battery is charged.
Otherwise, if SOC is higher, the battery is discharged.
Based on the next day weather condition, the
optimum specified charge level of the battery is
pursued daily.
A simulation is performed for over one year using
the hourly data of electric load, insolation, and
atmospheric temperature on Kamishima Island,
Japan in 2006. DCL method is compared with other
methods, i.e., the full charge level (FCL) and the
dynamic programming (DP) methods from the
viewpoint of fuel consumption.
II. CHARACTERISTIC OF SYSTEM COMPONENTS

A. Photovoltaic Generator (PVG)
Output of photovoltaic generator Pv(ti ) (kW) is
given by the following equation:
Pv(ti ) =   A U(ti ) (1- 0.005  (T(ti ) + 5))
(1)
where

 : efficiency (15%)
A : area (m2)
U(ti ) : insolation intensity (kW/m2)
T(ti ): atmospheric temperature (oC)

Fig. 1. Schema of the System

B. Wind Turbine Generator (WTG)
Output of wind turbine generator Pw(ti ) (kW) is
given by the equation 3:
0

(v(ti) < vc, vo≦v(ti))

Pw(ti) = Pwr×(v(ti) - vc)/(vr - vc) (vc≦v(ti) < vr) (2)
Pwr

(vr≦v(ti) < vo )

Where Pwr is the rated output of WTG, v(ti ) is wind
speed, vc is the cut-in speed, vr is the rated speed and
vo is the cut-out speed. Here, vc = 3 m/s, vr = 12 m/s,
vo = 25 m/s.
C. Diesel Generator (DG)
The fuel consumption of the diesel generator is
calculated using the following equation:
Fd = a  Pd 2 + b  Pd + c

(3)

Where Fd is the fuel consumption and Pd is the
output. The coefficients a, b, and c are determined by
fitting the equation (3) to the characteristic of a
commercial DG. The DG output is controlled
between 20% and 100% of the rated power. In this
study, the rated power of DG is taken as 300 kW,
which is lower than peak load (393 kW).
D. Battery
At present, a lead battery is exclusively used as the
energy storage. In the near future, however, a sodium
sulfur (NaS) battery will be commercially available.
NaS battery’s performance is higher than the lead
battery. The characteristic of NaS battery is utilized in
this study.
The battery capacity is taken as a parameter and
expressed in percentages. The capacity of 100% is

equivalent to an average daily electric load. Charging
and discharging efficiencies are 85% and 100%
respectively. Battery hourly charge rates are limited to
10% and 20% of the battery capacity when charging
and discharging, respectively.
III. SPECIFIED DAILY CHARGE LEVEL OPERATING
METHOD
In this paper, a new operating method that called
the specified daily charge level (SDCL) operating
method is proposed. In SDCL method, the system is
operated so that the SOC of the battery is kept at a
certain specified charge level. When the SOC is
higher than such specified charge level, the battery is
discharged. On the other hand, when the SOC is
lower than specified level, it is charged. The specified
charge level is determined daily based on next day
electric load, PVG and WTG output.
The operation of the system is divided into three
scenarios depending on the electric load, Pl(ti ), the
output of PVG, Pv(ti ), the output of WTG, Pw(ti ), and
the battery charge level, X(ti ), as follows:
Scenario 1: Pl(ti ) - (Pv(ti ) + Pw(ti )) ＞ Pdmax
Scenario 2: Pl(ti ) - (Pv(ti ) + Pw(ti )) ≦ Pdmax,
and X(ti ) ≦ Xs
Scenario 3: Pl(ti ) - (Pv(ti ) + Pw(ti )) ≦Pdmax ,
and X(ti ) ＞Xs
Where, Pdmax : the rated output of diesel generator
Xs : a specified charge level of battery

Scenario 1: Hourly energy change of {Pl(ti ) (Pv(ti ) + Pw(ti )) - Pdmax} is supplied from the battery.
The battery hourly discharge rate must be less than
20% of the battery capacity.
Scenario 2: DG supplies energy to the battery so
that its charge level is elevated to the specified charge
level. The battery hourly charge rate must be less than

or equal to 10% of the battery capacity.
Scenario 3: The battery is discharged so that its
charge level decreases to the specified charge level.
The battery hourly discharge rate must be less than or
equal to 20% of the battery capacity. In this scenario,
if excess energy occurs and X(ti ) < 100%, it goes to
charge the battery. Otherwise, it goes to the dummy
load.
Figure 3 shows the flowchart of the SDCL
operating method.

with parameters of a battery capacity of 15%, NESR
of 100%, and PV/Wind ratio of 50/50. The fuel
consumption versus the specified charge level curves
are 365 over one year. Three days, i.e., July 30, July
31, and August 1, are taken as examples. Generally,
the fuel consumption decreases as the specified
charge level decreases from 100%. However, the
specified charge level could not be lower than the
minimum specified charge level, or a supply shortage
occurs.

Start

1.1

Read system and weather
Forecast data:
Electric load, Pl(ti)
Insolation intensity, U(ti)
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Atmospheric temperature, T(ti)
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Fig. 3. Fuel Consumption versus Specified Charge Level
X(ti) = Xs

Calculate Pl'(ti)= Pl(ti) -( Pv(ti) + Pw(ti) )
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The results show that the minimum specified
charge levels are 44%, 22%, and 20% on July 31,
July 30, and August 1, respectively. The minimum
specified charge levels are variables depending on the
electric load and PVG output.
Figure 4 shows a part of the time series changing
of the minimum specified charge level with a battery
capacity of 25% and a NESR 100%.
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Fig. 4. Minimum Specified Charge Level from July 25 to August 22
(Battery: 25%; NESR: 100%)

V. COMPARISON
End

Fig. 2. Flowchart of the SDCL Operating Method

IV. RESULTS AND DISCUSSION
A. Minimum Specified Charge Level
Figure 4 shows the fuel consumption versus the
specified charge level of the SDCL operating method,

In order to estimate the SDCL operating method, it
has to be compared with other operating methods.
Here, two methods are adopted: The full charge level
(FCL) operating method and the dynamic
programming (DP) operating method.

A. FCL Operating Method
As mentioned above, the off-grid hybrid power
system has to avoid the shortage of power supply to
the electric load. Hence, it is favorable to maintain
the battery charge at a full level, i.e., 100%. The FCL
operating method is the common operating method
and corresponds to the SDCL operating method in
which the specified charge level is set to 100%.
B. DP Operating Method
If the hourly data on electric load, insolation, wind
speed and temperature are known for one full year,
the dynamic programming (DP) method could be
available as the system operating method. In the DP
method, the estimated value is the annual fuel
consumption, the control variable is the DG output,
and the state variable is the battery charge level. The
DP operating method theoretically gives the lowest
fuel consumption.

specified charge levels are obtained at which the
minimum fuel consumption. A simulation is
performed over one year using the hourly data of
electric load, insolation intensity, atmospheric
temperature, and wind speed data on Kamishima
Island, Japan in 2006.
The SDCL operating method is compared with
others, i.e., the FCL operating method and the DP
operating method. By the simulation results, the fuel
consumption of the SDCL operating method is lower
than that of the FCL operating method but not than
the DP.
The forecasting methods for the daily electric load,
the insolation intensity, the wind speed, and the
atmospheric temperature have been developed.
Therefore, the SDCL operating method may be
practically applied.
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Abstract—DNA microarray technology has
raising the issue of how best to extract and select
features from this data. There are many former
methods that ignore the interrelation of genes, this
is inevitable to lose some important information.
Although various methods have been used to
extract and select features from microarray data,
development of powerful and efficient feature
extraction and selection approach to improve the
performance of cancer classification remains a
significant demand. Hence, we propose a new
approach for extracting feature from microarray
data based on information gene pairs that have
significant change in two different tissue samples.
Experimental results on two public microarray
data sets, and demonstrate that feature selected by
this method performs well and achieves higher
classification. Moreover 100% classification
accuracy can be achieved when using lymphoma
data set.
Index Terms—Cancer classification, Feature Extraction, Genetic Algorithm, Information gene
pairs, Microarray data.
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I. INTRODUCTION

HE introduction of DNA microarray technology
has made it possible to acquire vast amount of
microarray data, raising the issue of how best to
extract and select features from this data. Various
methods have been used to extract and select features
from microarray data. But many of those former
methods ignore the interrelation of genes, this is
inevitable to lose some important information. The
features obtained through those methods are short of
clear biological meaning and cannot help biologists to
find important information genes [1].
Although various methods have been used to
extract and select features from microarray data,
development of powerful and efficient feature
extraction and selection approach to improve the
performance of cancer classification remains a
significant demand [1].
From the above reason a new approach proposed
the implementation of a feature extraction method

from [1] that treats information gene pair, which is
highly correlative in one type of tissue sample and has
significant change in another type of tissue sample, as
atomic unit extracts features from the classification
models based on the information gene pairs.
In general, information gene pairs can be derived
from constructing randomly possibilities classification
model with highly correlation coefficient in one type
of samples and evaluate their performance using
classification accuracy. The top ranked nt
classification model with higher classification
accuracy are divided into two groups. Group 1 consist
of classification models based on information gene
pairs that are highly correlative in class 1. Group 2
consist of classification models based on information
gene pairs that are highly correlative in class 2. Then
top ranked classification models from each group are
used to make two subset of classification models.
Subset model 1 consist of features that have highly
chance to be the first gene (g1) in information gene
pairs. Subset model 2 consist of features that have
highly chance to be the second gene (g2) in
information gene pairs. Subsequently, feature subset
selection process was applied using genetic algorithm
to get the optimal feature subset that contain optimal
information gene pairs from groups 1 and 2,
respectively. Finally, the feature subset with best
performance is selected. Most of this algorithm
system is proposed by [1] and the model system
design that is implemented in this paper can be seen in
Fig. 1.
The rest of this paper is organized as follows. The
basic theory that support the implementation method
is described in Section 2 until Section 5. Section 6
gives the experimental result and analysis on several
microarray data sets. Finally conclusions are given.
II. INFORMATION GENE PAIRS
Two genes g1 and g2 examined in two types of
tissue samples (for example, normal and cancer tissue
samples) are called information gene pair when they
have the following characteristics:
• Highly correlative in class 1 (or class 2).
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…
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Fig. 1. General design model system with initially generating nt classification models until the selected features subset is derived.

• Expression level of g1 or and g2 have significant
changes that make two types of samples separable [1].
The relation between a pair of genes g1 and g2 can
be described using a linear regression model when
they are highly correlative in one type of tissue
samples. For example if they have a highly correlative
in the first type of tissue samples means that the
expression value of g1 in the first tissue samples can
be accurately predicted according to g2’s using the
linear model. The model derived from the first type of
samples can still be used to predict the values of g1
from g2’s in the second type of samples when the
relation between g1 and g2 has a big change in the
second type of samples, which results in bigger bias
between the predicted values and the observed values.
The biases that are big or small indicates the samples
are from the second or the first type of samples. So,
two types of samples can be discriminated according
to the difference of predicted biases. From that
thought a new classification model is introduced by Li
et al[2].
III. CLASSIFICATION MODEL
A. Classification Model Construction
Assumed two types of tissue sample are examined in
a microarray experiment, k is the number of genes, n1
and n2 (n = n1 + n2) are the number of samples in
classes 1 and 2, respectively. Microarray data can be
described using two matrices Y=(yip)k×n1, X=(xiq)k×n2,
where yip(xiq) denotes the expression level of the ith
gene in the pth(qth) sample which belongs to class
1(2).
If given the ith gene and the jth gene (a pair of
information genes) are highly correlative in class 1,

then for the pth sample from class 1, yip can be
predicted via the following regression model:
1 ≤ p ≤ n1
(1)
yˆ ijp = βˆij 0 + βˆij 1 y jp
βˆ dan βˆ are estimated from a set of data, (yi1, yj1),
ij 0

ij1

(yi2, yj2), …, (yin1, yjn1) using the least square methods
[3]. Define residual value eijp = |yip − ŷijp| as the
difference between observed value yip and the
predicted value ŷijp. For all samples from class 1,
subset E1 derived as model (2).

E1ij ={eijp | eijp =| yip − βˆij0 − βˆij1yjp |,1≤ p ≤ n1}

(2)

For the qth sample from class 2, model (1) still can be
used to predict xiq as shown in model (3).

xˆ ijq = βˆij 0 + βˆij1 x jq 1 ≤ q ≤ n2

(3)

with residual value: eijq = |xiq − ijq|. Then for all
samples from class 2, subset E2 can be derived as
model (4).

E2ij = {eijq | eijq =| xiq − βˆij 0 − βˆij1x jp |,1 ≤ q ≤ n2} (4)
Classification rule that is used to minimizes the
error of discriminating the elements into two subsets:
E1ij and E2ij is given with firstly define this
following function:

f i (e) = count ({eijp < e, eijp ∈ E1ij , n1 ≥ p ≥ 1}
∪ {eijq < e, eijq ∈ E 2ij , n2 ≥ q ≥ 1})

(5)

where e is a real number, count(.) denotes the number
of elements in the subet. Let e = e1 , fi(e) = max(fi(e)),
the threshold value ed is

ed = (max({eijp | eijp ≤ e1 , eijp ∈ E1ij )

+ min({eijq | eijq ≤ e1 , eijq ∈ E 2ij })) / 2.

(6)

Thus, when selecting a sample randomly from the
total samples, the expression level of the ith and jth

gene in the sample are wi dan wj, respectively, and
classification process can be achieved according to the
following rule:
Assign the sample in class 1 if:

ˆi | ≤ ed , namely, | wi − βˆij0 − βˆij1wj | ≤ ed
| wi − w

(7)

and assign in class 2 otherwise.
B. Classification Model Evaluation
Large number of classification models have been
proposed to classify a microarray data, however many
of them could be either redundant or even irrelevant to
the classification task. Thus, it is needed a process to
filter out those redundant or irrelevant classification
models and select the classification models with better
classification performance [1].
Because of evaluating all classification model will
consume too much computational time, then just
classification models based on information gene pairs
whose correlation coefficients are higher than
threshold (∂h) are evaluated. So the classification
models whose correlation coefficients are lower in
classes 1 and 2 are not evaluated.
There are three methods that are widely used in
evaluating the performance of classification model
[5]. When the collection of total samples are used as
both training and test data sets, the classification
accuracy is referred to as the within sample
classification accuracy (WSCA).
WSCA methods applied in this study consists of
two processes. The first process is used to evaluate
each classification model generated in the first stage.
Whereas the second process is used to evaluate
feature subset in feature selection stage. The
computation of WSCA value can do easily by
dividing the number of elements correctly classified
with the number of all elements classified.
IV. FEATURE SUBSET SELECTION
Feature selection is a technique that is used to
choose the best feature from all the number of features
avalaible in data. Feature selection process applied in
this study is used to get an optimal subset of
classification models which contain a number of
information gene pairs that have a better performance
with higher classification accuracy.
The method that is used to implement this process
is Genetic Algorithm (GA). GA is choosen because it
is known to be an effective evolutionary optimization
method [6,7]. In this study, GA is used to find an
optimal feature subset from the top ranked subset of
classification models in group 1 or 2.
There are several parameters that must be defined
to implement GA as follows:
1. Individual definition
Individual also called chromosome is presented in
binary representation. One individual consist of two
genes, first gene represents top ranked subset model
which consist features that have highly chance to be
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Fig. 2. The example of chromosome representation. (a) Two
subsets of classification models that will be encoded into
chromosome. (b) Chromosome representation for union subset A
and subset B, where P is the cut point for discriminate the
features from subset A or B.

the first gene in information gene pairs, whereas the
second represents top ranked subset model which
consist features that have highly chance to be the
second gene in information gene pairs. The length of
chromosome is LC. For example, there are two top
ranked subsets of classification models A and B in
Fig. 2a, subset A consist of 5 top ranked best features
that have highly chance to be the first gene, whereas
subset B consist of 5 top ranked best features that
have highly chance to be the second gene.
Representation of those subsets in binary
chromosome shown in Fig. 2b. Each bit in
chromosome represents one feature. Value “1” or “0”
of any bits means the present or absent of the
corresponding feature in one individual. In one
chromosome there is one cut point P that has a
function to discriminate features from subset A (the
first genes) with features from subset B (the second
genes).
2.

Initial population
Initial population is generated randomly using the
top ranked LC subset of classification models derived
from the earlier stage, with an assumption that if the
binary value of each individual in population is
decoded in decimal value, each of them has a unique
value and non zeros value in decimal to avoid
mistake. The population size is 50. Higher the size
used in population will consume a longer running
time.
Individual selection for combination
The selection procedure used is as follows: The best
two chromosomes are selected to be in the next
generation (elitism process), and the remaining 48
chromosomes in the next generation are generated
based on the weighted according to the relative fitness
of the chromosomes in the parent generation (probabilistically) or called Roulette Wheel process as shown
in equation (14):

3.

1 ≤ i ≤ 48
fi
f ri =

48

∑
k =1

(14)

fk ,

…., im1) in two types of sample into m1 pairs of
subsets:
(E1i1j1,E2i1j1), (E1i2j2,E2i2j2), …, (E1im1jm1,E2im1jm1).
For the pth sample from class 1 and qth sample
from class 2 through the formulas (8) and (9):

1 m1
∑ ei j p , eil jl p ∈ E1il jl
m1 l =1 l l
1 m1
μ2q =
∑ ei j q , eil jl q ∈ E 2 il jl
m1 l =1 l l

where fri is the relative fitness and fi is the fitness
value of the ith chromosome.
Individual Combination
Individual combination is derived from crossover
process of two selected individual in the current
population. The purpose is to get new individual for
the next generation. The crossover method used is two
point crossover with probability 0.9. This probability
is counted in control parameter ranges that have been
proposed by Alam et al.[9].

μ1 p =

4.

5.

Mutation
Mutation means gene changed that not from a
parent. Mutation process is done by changing the
inversion value, bit “0” become “1” and otherwise.
This process is done randomly in the certain bit
position on individual that selected to do the mutation.
The probability of mutation is 0.05. This probability is
also counted in control parameter ranges that have
been proposed by Alam et al [9].
6.

Stopping criteria
Setting control for the stopping criteria is if the
number of generations is larger than 200 and the
increase in optimal fitness value is lower than 0.0001
for 20 cycles.
7.

Fitness function
Because the goal of this genetic algorithm is to
extract feature subset that achieve the same or better
classification performance using fewer genes.
Therefore, subset of classification models are
evaluated using the performance of the feature subset
extracted from them.
a. Feature Extraction Process From Subset of
Classification Models
Fitness function is used to compute the
performance of each individual. As explained before
that fitness function is computed using the
performance of feature subset extracted from subset of
classification model, so firstly it will be explained
about the method of extracting feature subset as
follows: After the individual decoded into the subset
of classification model, we must list all possibilities of
the information gene pairs involved inside them.
Those pairs of information genes is used to extract
feature subset.
Every information gene pair (the ith gene and the
jth gene) projects the expression values of ith gene in
two types of samples into two subsets: E1i dan E2i.
Suppose if there are m1 pairs of information genes,
(i1,j1), …, (im1,jm1) which are highly correlative in class
1, m1 linear regression models can be constructed that
project the expression values of the m1 genes (i1, i2,

(8)
(9)

μ1p can be chosen as feature of the pth sample and
μ 2q as the feature of the qth sample. So for all
samples in microarray data will produce feature subset
(10).
U = {μ11 , μ12 ,..., μ1n1 , μ 21 , μ 2 2 ,..., μ 2 n 2 } (10)
With similar way, for the m2 pairs of information
genes: (i’1,j’1), …, (i’m2,j’m2) which are highly
correlative in class 2, m2 linear regression models
based on m2 pairs of genes project the expression
values of the m2 genes (i’1, i’2, …., i’m2) in two types
of samples into m2 pairs of subsets:
(E1i’1j’1,E2i’1j’1),(E1i’2j’2,E2i’2j’2),...,(E1i’m1j’m1,E2i’m1j’m1).
For the pth sample from class 1 and qth sample
from class 2, through formulas (11) and (12):

1 m2
∑ ei ' j ' p , ei 'l j 'l p ∈ E1i 'l j 'l (11)
m 2 l =1 l l
1 m2
μ 2' q =
∑ ei ' j ' q , ei 'l j 'l q ∈ E 2 i 'l j 'l (12)
m 2 l =1 l l
μ1' p can also be chosen as feature of the pth sample

μ1' p =

and

μ 2'q as the feature of the qth sample. So for all

samples in microarray data will produce the second
feature subset:
U ' = {μ1'1 , μ1'2 ,..., μ1'n1 , μ 2'1 , μ 2'2 ,...,μ 2'n2 } (13)
b. Fitness Formula
The feature extraction process explained before will
produce a feature subset for each subset of classification models. Those feature subset is used to
compute the fitness value because the performance of
feature subset represents the performance of subset of
classification models (or individual in genetic
algorithm).
To compute the fitness formula, there are three
terms that must known to measure the performance of
feature subset, as follows:
1. The classification accuracy of feature subset,
2. The margin of the classifier trained by feature
subset,
3. The number of genes involved in feature subset.
If feature subsets extracted from two subsets of
classification models achieve the same classification
accuracy, while the margin of the classifiers trained by
them is different, the feature subset that can train
classifier with larger margin is preferred. If two

feature subsets have the same classification accuracy
and margin, the subset with fewer genes is preferred.
For three terms, accuracy is the major concern. The
next important term is the margin of classifier. To
combine the three terms, used the fitness function (15)
as follows:
⎧
−4 (LC − Fn)
if
⎪Acc+10
LC
fitness= ⎨
Mg
(LC − Fn)
⎪Acc+10−2
+10−4
if
MM
LC
⎩

Acc < 1 (15)
Acc = 1

where
Acc = WSCA of the feature subset,
Fn = the number of gene pairs involved in the
features subset,
LC = length of chromosome,
Mg/MM = magnitude of classifier margin.
WSCA value of the feature subset is computed
using the same classification rule as discriminating the
subsets: E1ij dan E2ij (in section 3A). For example,
the WSCA of feature subset U = {µ11, µ12, …, µ1n1,
µ21, µ22, …, µ2n2}, is computed using the following
rule:
• Selecting a sample randomly from the total samples
(its feature value is µi).

• Assign the sample in class 1 if |µi| ≤ µd, and in class

2 otherwise,
where µd is the optimal threshold value that minimizes
the error of discriminating elements in two subsets:
{µ11, µ12, …, µ1n1}, {µ21, µ22, …, µ2n2}.
If Acc is equal to 100%, Mg = min(µ21, µ22, …,
µ2n2) – max(µ11, µ12, …, µ1n1), and accorging to
formula (10) MM can be computed using this
following formula:

MM = abs (

1 n1
1 n2
μ1i − ∑ μ 2 i ).
∑
n1 i =1
n 2 i =1

The accuracy term ranges roughly from 0.5 to 1,
Mg/MM ranges from 0 to 1, whereas the third term
ranges from 0 to 0.0001.
V. EXPERIMENTAL RESULTS AND ANALYSIS
Two public microarray data sets are used in this
experiment: Colon cancer [10] and diffuse large B cell
lymphoma (DLBCL) [11]. The colon cancer data
contain 2000 genes and 62 tissue samples (22 normal
tissue samples and 40 cancer tissue samples), whereas
DLBCL contain 4026 genes and 42 samples (21
germinal center B-like DLBCL tissue samples and 21
activated B-like DLBCL tissue samples).
There are three inputs needed in this system: data
set, correlation coefficient’s threshold (∂h), and length
of feature subset (LC). Whereas the outputs of this
system are the feature subset extracted along with the
information gene pairs involved, and within sample
classification accuracy (WCSA) values of that feature
subset.

TABLE I
COMPARISON TO THRESHOLD VALUE INCREASEMENT IN COLON
CANCER

∂h
0.6
0.7
0.8
0.9

OFV
0.93555
0.95168
0.95167
0.93557

WSCA (%)
93.548
95.161
95.161
93.548

Fn
3
3
4
1

TABLE II
LIST OF INFORMATION GENE PAIRS INVOLVED IN COLON CANCER

∂h
0.6
0.7

0.8
0.9

Gen1

Gene2

WSCA (%)

897
1042
1887
1635
183
1042
1843
1042
1843
1843
1843

656
656
656
576
1771
1771
576
1106
1590
1106
576

83.871
82.258
70.968
91.935
80.645
64.516
93.548
87.097
79.032
72.581
93.548

Correlation
coefficient
0.64246
0.65043
0.67675
0.78924
0.74948
0.79216
0.94064
0.8162
0.8735
0.81655
0.94064

Two scenarios are applied in a sequence of
experiments, the first scenario is done by increasing
the threshold value ∂h that will be used as correlation
coefficient filtering, while the second one is done by
increasing the length of desired feature subset (LC).
A. Scenario 1
In this first scenario we increase threshold value (∂h)
and then perform analysis on its effect to accuracy
level achieved by the selected feature subset along
with its number of information gene pair number
involved in a feature subset. In addition, we also
perform analysis on its effect to accuracy level
achieved by each highest information gene pairs of the
selected feature subset.
1) Colon Cancer Data
In the first, second, third and fourth experiment,
0.6, 0.7, 0.8, and 0.9 ∂h value are setted respectively
as input with the same length of subset feature, LC,
10. Resulting optimal fitness value (OFV), within
sample classification accuracy value (WCSA) along
with the number of gene pairs involved in choosen
subset (Fn) as depicted on Table I.
All four experiments above are done using the same
random classification model generation result when ∂h
value sets to 0.6. It is needed to analyze feature subset
result obtained when there is an increasement of ∂h
value in the selection proccess. From those result
shown in Table I we can analyze that the increase of
∂h value influence choosen WSCA feature subset
value along with the number of involved gene pair
(Fn).
The higher ∂h input value the higher WCSA feature
subset obtained, beside that the number of information
gene pairs involved in feature subset is also increased.

TABEL III
COMPARISON TO THRESHOLD VALUE INCREASEMENT IN DLBCL

However, when ∂h input value is too high the
decreased results are found. This is caused by
randomly generation proccess of classification model
at the beginning stage is done using 0.6 ∂h value, so
that the possibility of information gene pairs whose ∂h
value higher than 0.9 in selection process become
fewer.
The highest WSCA of feature subset achieved
when ∂h value sets within the range 0.7 to 0.8. The
95.16% classification acuracy level achieved with 11
to 14 information gene pairs involved.
To know the selected feature subset more detail,
here will be shown list of information gene pairs
involved on each choosen feature subset of the four
experiments. List of information gene pairs on the
first experiment up until the fourth depicted on Table
II, which consist gene pair (gene 1 and gene 2), within
sample classification accuracy (WCSA) value along
with its gene pair’s correlation coeficient. From the
table we can see that the most dominant and the most
accurate classification level of information gene pair
is the 1843rd and 576th genes with 93.55% accuracy
level and 0.94 correlation coeficient. Classification
process using this information gene pair visualization
is depicted on Fig. 3.
Higher correlation coefficient of a class can be seen
from the clustered samples in normal class, so that
those samples have a clear distance which can be used
to separate them from cancer class.

∂h
0.5
0.6
0.7
0.8

OFV
1.0006
1.0013
0.92865
0.85723

Mg/MM
0.048912
0.12287
-

Fn
3
3
2
1

TABEL IV
LIST OF INFORMATION GENE PAIRS INVOLVED IN DLBCL

∂h
0.5
0.6
0.7
0.8

Gene1

Gene2

WSCA(%)

1276
1312
2136
1317
3132
1642
1642
3132
1642

1166
2932
1411
2103
958
989
989
958
989

90.476
85.714
85.714
95.238
85.714
83.333
85.714
85.714
83.333

Correlation
coefficient
0.70846
0.62865
0.51807
0.6804
0.72082
0.86304
0.86304
0.72082
0.86304

are shown in Table III.
All four experiments above are done using the same
random classification model generation result when ∂h
value sets to 0.5. It is needed to analyze feature subset
result obtained when there is an increasement of ∂h
value in selection process. From those result shown in
Table III we can analyze that the increase of ∂h value
influence choosen the WSCA value of feature subset
value along with the number of involved gene pair
(Fn).
The higher ∂h input value the higher WCSA feature
subset obtained, beside the number of information
gene pairs involved in feature subset is also increased.
However, when ∂h input value is too high the
decreased results are found. This is caused by
randomly generation process of classification model at

2) DLBCL Data
In the first, second, third and fourth experiment,
0.5, 0.6, 0.7, and 0.8 ∂h value are setted respectively
as input with the same length of subset feature value,
LC, 10. The outputs optimal fitness value OFV, within
sample classification accuracy value WSCA,
magnitude classifier value Mg/MM, along with the
number of gene pairs involved in choosen subset (Fn)
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Fig. 3. Expression values colon cancer data plot using information gene pairs 1843 and 576. (a) Before classification. Classification
process is done through this following rule: data inside the two green lines (decision boundary) will be classified in normal class, and
classified in cancer class if otherwise. (b) The classification results.

the beginning stage is done using 0.5 ∂h value, so that
the possibility of information gene pairs whose ∂h
value higher than 0.8 in the selection process become
fewer.
To know choosen feature subset more detail, here
will be shown list of information gene pairs involved
on each choosen feature subset of the four
experiments. List of information gene pairs on the
first experiment up until the fourth depicted on Table
IV, which consist gene pair (gene 1 and gene 2),
within sample classification accuracy (WCSA) value
along with its gene pair’s correlation coeficient. From
the Table IV we can see that the most dominant and
the most accurate classification level of information
gene pair is the 1317th and 2103rd genes with 95.24%
accuracy level and 0.68 correlation coeficient.
Classification process using this information gene
gene pair visualization is depicted on Fig. 4.
Higher correlation coefficient of a class can be seen
from clustered samples in germinal center B-like
class, so that those samples have a clear distance
which can be used to separate them from active B-like
class.
B. Scenario 2
In the second scenario length of feature subset (LC)
is increased gradually then we perform analysis on its
effect to the classification accuracy achieved by the
selected feature subset along with its number of
information gene pairs involved. In addition,we also
perform analysis on its effect to accuracy level
achieved by each highest information gene pairs of the
selected feature subset.
1) Colon Cancer Data
In the first, second, third until the seventh
experiment, 10, 20, 30, 40, 50, 100 and 150 LC value
are supplied respectively as input with fixed threshold
∂h value 0.8. The outputs (optimal fitness value OFV,

TABEL V
COMPARISON TO LENGTH OF FEATURE SUBSET INCREASEMENT IN
COLON CANCER

LC
10
20
30
40
50
100
150

OFV
0.95168
0.9678
0.98393
0.98394
0.96781
0.9678
0.95159

LC
10
20
30
40
50
100
150

OFV
1.0002
1.0017
1.0031
1.0034
1.005
1.0058
1.0056

1.5

1

1

Gene Expression Value of 2103

Gene Expression Value of 2103

1.5

0.5
0
-0.5
-1
germinal center B-like
actived B-like
regression model
boundary 1
boundary 2
-1

-0.5
0
0.5
Gene Expression Value of 1317

Mg/MM
0.015547
0.1661
0.30246
0.33624
0.49269
0.57021
0.54951

Fn
2
4
5
5
9
17
26
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-2.5
-1.5

WSCA (%)
100
100
100
100
100
100
100

within sample classification accuracy value WSCA,
along with the number of gene pairs involved in
choosen subset (Fn) are shown in Table V.
All seven experiments above are done using the
same random classification model generation result
when ∂h value sets to 0.8. It is needed to analyze
feature subset result obtained when there is an
increasement of feature subset length (LC) value.
From those result shown in Table V we can analyze
that the increase of LC value influence choosen
WSCA feature subset value along with the number of
involved gene pair (Fn).
The higher LC input value the higher WCSA
feature subset obtained, beside the number of the

DLBCL Classification with Regression Model

-2

Fn
4
8
11
14
17
158
187

TABEL VI
COMPARISON TO LENGTH OF FEATURE SUBSET INCREASEMENT IN
DLBCL
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Fig. 4. Expression values DLBCL data plot using information gene pairs 1317 and 2103. (a) Before classification. Classification
process is done through this following rule: data inside the two green lines (decision boundary) will be classified in normal class, and
classified in cancer class if otherwise. (b) The classification results.

information gene pairs involved in feature subset is
also increased. However, when LC input value is too
high the decreased WCSA results are found. This is
because higher LC value can lead to a more number of
possibilities gene pair (classification model) that
formed during genetic algorithm feature selection
process. Those great number of classification model
which in the end trigger the decreasing of obtained
WSCA value. Fn value straightly equivalent to input
LC value, as we have explained previously that the
higher LC value will lead to a greater number of
involved gene pair in a feature subset.
The highest value of WCSA feature subset
achieved when LC within the range of 30 and 40. The
98.4% classification accuracy level achieved with 11
to 14 information gene pairs involved.
2) DLBCL Data
In the first, second, third until the seventh
experiment, 10, 20, 30, 40, 50, 100 and 150 LC value
are supplied respectively as input with fixed threshold
∂h value 0.8. The outputs (optimal fitness value OFV,
within sample classification accuracy value WSCA,
magnitude classifier value Mg/MM, along with the
number of gene pairs involved in choosen subset Fn)
are shown in Table VI.
All seven experiments above are done using the
same random classification model generation result
when ∂h value sets to 0.8. It is needed to analyze
feature subset result obtained when there is an
increasement of feature subset length (LC) value.
From those result shown in Table VI, we can analyze
that the increase of LC value influence the selected
WSCA feature subset value along with the number of
involved gene pair (Fn). Because the same WSCA
feature subset value is obtained from those seven
experiments, the analysis will be done to the
magnitude (Mg/MM) and the number of information
gene pairs involved (Fn).
The higher LC value supplied as input, the higher
magnitude value obtained, beside the number of
information gene pairs involved in the feature subset
is also increased. However, magnitude value decrease
when LC input value is too high. This is because
higher LC value can lead to a more number of
possibilities gene pair (classification model) that
formed during genetic algorithm feature selection
process. Those great number of classification model
which in the end trigger the decreasing of obtained
magnitude value. Fn value straightly equivalent to
input LC value, as we have explained previously that
the higher LC value will lead to a greater number of
involved gene pair in a feature subset.
VI. CONCLUSION
From experimental results and data analysis we can
conclude that:
a. Information gene pair that has characteristics:
highly correlative coefficient in one type of

samples, and the expression values of that two
genes has a significant change so that used to
discriminate between one class and another is
proven that can to be a model for classification
process.
b. Feature extraction from classification model based
on information gene pairs can produce feature
subset series that increase the classification
accuracy.
c. Combination of information gene pairs in feature
subset is able to form classification model
combination. This combination of some
classification models can produce higher accuracy
in classification proccess than only using a single
classification model.
d. A higher correlation coefficient threshold value
and a longer feature subset input length are not
guarantee to get a good feature subset result.
Based on the experimental results, it is concluded
that an optimal feature subset can be achieved
when the parameter threshold value; and length of
feature subset for colon cancer and DLBCL are set
to 0.7;30, and 0.6;10, respectively.
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ABSTRACT
This paper aims to find the recommended milling direction
based on surface feature employing fuzzy logic as an
approach to clearly identify feature of 3D faceted model.
The results of several curvature estimation methods are the
input variable, and instead of using crisp way of combining
methods, Takagi-Sugeno fuzzy system is used to improve
the combination accuracy. There are some curvature
estimation methods that can be used for feature
identification, i.e. Paraboloid Fitting, Circular Fitting,
Watanabe, Spherical Image, Gauss-Bonnet, etc. In this
study the methods used are Spherical Image and GaussBonnet Scheme. Using some linguistic variables and rules,
the design of fuzzy system is built to provide appropriate
combination process of both methods. After the inference
process has done, features can be identified. The surface is
then divided using some segmentation methods into several
regions based on the identified features. The milling
process will be different on every region. The result of the
manufacturing system is not only NC file containing Cutter
Location Points (CL Points) which tool has to follow, but
the optimum configurations to operate the material. The
configurations are the information about 3D object being
built, including the optimum type and size of tool bottom,
and the shape of tool path.
Key words: curvature estimation methods, faceted models,
fuzzy system, stl.

1. Introduction
Feature identifications are crucial for most of Intelligent
Classification and Clustering Systems. Enormous
researches have been conducted to improve the ability of
identifying and have been implemented in several computer
and machine field. In Computer vision, Feature
identifications are used to detect the object, track object in
a movie or moving pictures, etc, i.e. several pictures are
provided and the computer has to decide which pictures
contains car object. Since computer isn’t able to think and
see anything, the engineer should give several instructions
and calculations. In the instructions, feature identification
processes are embedded so that the computer can decide
which pictures are the satisfied answers.

Feature Identification is now used in manufacturing field.
Milling is processed based on the features of the faceted
model. This is part of intelligent CAM-system advantages
in the machining process. The standard CAM-system will
only provide tool path for CNC machine as a guidance to
cut the material without any addition information and
milling direction. Using some methods and techniques, best
milling direction in the process of creating tool path based
on the shape of surface model can be generated, and the
CNC machines are provided optimum configuration which
make the product quality increasing.
Several steps have to be done in the intelligent CAMsystem to provide the information as the optimum
configuration for the CNC machine. First is defining the
curvature of the 3D faceted model. There are several
approach eswhich have been offered and studied in many
researches. In [13] some curvature estimation techniques
are studied for triangular meshes. The techniques are
Paraboloid Fitting, Circular Fitting, The Gauss-Bonnet
Scheme, The Watanabe and Belyaev Scheme, and The
Taubin Approach. The study [13] had done was comparing
those 5 methods on some triangular meshes. On the other
that had been done by [10], there were some analysis about
Spherical Image method and an Angle Deficit algorithm,
which was called Gauss-Bonnet Scheme in the paper that
[13] made.
In this study, the used curvature estimation techniques are
Spherical Image and Gauss-Bonnet Scheme (Angle Deficit).
The results of those methods are then combined using
fuzzy system. In the previous study conducted by [6], the
combination was done by crisp method. Shape of the object
is determined based on the values given by Spherical
Image and Gauss-Bonnet method without any complex
rules. The curvature area regions were divided based on the
size of the tool, therefore the result of curvature estimation
and feature identification was rough. It still wasn’t able to
be implemented on milling optimum direction decision.
The approach used in this system is enhancement of fuzzy
system usage instead of crisp logic. The curvature
estimations are done on every vertex on the surface. This
make the estimation shape and feature much more accurate
and the checking area are finer than previous result.

After determining model shape on every vertex, the model
is segmented into several regions. Every vertex which has
same feature and is adjacent each other will be included
into the same segment. The vertex which has different
feature will be included into different segment. The
configuration and tool path shape will be based on the
information of the region contained.
Minimum curvature on every region is calculated to decide
optimum milling direction. The direction of minimum
curvature will determine the direction of milling. Since the
models are triangular meshes (3D triangle faceted model),
finding the minimum curvature is not an easy task. Several
methods and techniques are necessary to fulfill this task.
Tool size and type are determined on every region based on
the feature and tool path shape. Machining strips are then
calculated after deciding the tool, and estimate the step over
between each path based on machining strip.
This paper consists of several parts; section 2 contains
some descriptions about curvature and the curvature
estimation methods used for the implementation. The fuzzy
technique and its rule to decide the type of the shape is
explained in section 3. The results achieved and the
visualization examples are shown in section 4. In section 5
the process of creating region is explained, followed by
some probability of the tool path shape and tool bottom
type and size based on the contained region information.
The final section (Section 6) concludes the paper.

Figure 1. Faceted model used for curvature evaluation
test.

2.1 Surface Curvature
Roughly, curvature is a deviation of an object or of space
from a flat form and therefore from the rules of geometry
codified by Euclid. It is measured by calculating the radius
of the surface in a certain point. The relation between
curvature and radius is described in this equation

K=

1
R

(1)

where K is curvature value and R is radius of the circle.

2. Curvature
Curvature is the amount by which a geometric deviates
from being flat. Curvature is related with radius of circle.
On a surface, some circles are created to every direction,
and every circle has curvature value. The important
information in this case is maximum curvature and
minimum curvature including its directions.
Approximations to the surface normal and Gaussian
curvature of a smooth surface are often required when the
surface is defined by a set of discrete points rather by a
formula (Meek et al., 2000). In this study, the used objects
are 3D faceted models where they are composed by
discrete points forming mesh of triangles. This
approximation is only valid for smooth surface; a surface
which is continue, isn’t coarse, and doesn’t make angle in
any area (Figure 1).

Figure 2. Radius of circle (r) on a curve c at point P.
The curvature of a straight line is identically zero. The
curvature of a circle of radius R is constant, i.e. it does not
depend on the point, where it is located, as long as it lies on
the circle boundary, the radius doesn’t change, and is equal
to the reciprocal radius.
Since radius and curvature are reciprocal, the bigger radius
will result small curvature, and the smaller radius make the
curvature bigger. Curvature is relative to the location of
points and the direction in 3D object. For a point which is
located on xyz in Cartesian coordinate has infinitely
number of value and direction.

H=

(k1 + k2 )

(4)
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A point on the 3D faceted model surface has numbers of
curvature value and direction. Therefore, one usually
concerns only 2 important information, which are minimum
and maximum curvature, and the direction of them.
Minimum curvature will become one of the considerations
when creating and deciding the tool path direction, which
called optimum milling direction, since cutting the material
in the same direction as minimum curvature is relatively
easier than other direction on the surface material.
Figure 3. Radius of circle at a point on the surface.
At any point on the surface, one may consider surface
curves passing through that point; locally such a curve lies
in some plane intersecting the surface at that point [10].
Theorem 1. Meusnier’s theorem :

kC = k n cos Θ

(1)

where :
kc
= curve curvature; curvature of the curve
kn
= normal curvature; the curvature of any curve
lying in an intersection plane which contains the
surface normal direction at the given point
θ
= the angle between the intersection plane and the
surface normal.
Principal curvatures are primary and secondary directions
and magnitudes of curvature. A given direction in the
tangent plane is chosen and θ is defined as the angle
between this preferred direction and the intersection plane.
For θ ∈ (0, π) the function kn = f(θ) has two extrema.
These extrema are called the principal curvatures [8].

(2)

where :
k1 & k2 = principal curvatures
kn
= normal curvature
α
= the angle between the direction of k1 and desired
direction
Gaussian curvature (global curvature) is the product of
principal curvatures k1 and k2 as follows:

K = k1 • k 2

Gauss-Bonnet or Angle deficit is a curvature estimation
method particularly for triangular meshes. It calculates and
compare how much a surface round a vertex deviates from
being flat. The total angle of a vertex is calculated and
substract it with fully round angle 2Π . The more
difference is, the more curved surface is.

v is a vertex on a surface, and vi are vertices
v and adjacent to v , where i = {1,2,..., n} .
The surrounding vertices vi and vi +1 are connected, from
Let

surrounding

v1v 2 until v n v1 . All surrounding vertices vi and center
calculation vertex v are connected. Total angle of center
vertex and surrounding vertices can be written as follows :
n

Θ = ∑ ∠vi vvi +1

(3)

And mean curvature is the average of principal curvatures:

(5)

i =1

Where

Theorem 2. Euler’s theorem :

k n = k1 cos 2 α + k 2 sin 2 α

2.2 Gauss-Bonnet Scheme

∠vi vvi +1 is angle between vertex vi , v , and vi +1 .

Θ is total angle. Angle calculation itself can be done by
implementing cosine rule :

cos(∠vi vvi +1 ) =

L2vvi + L2vvi+1 − L2vi vi+1

(6)

2 ∗ Lvvi ∗ Lvvi+1

Or

 L2vv + L2vv − L2v v
i +1
i i +1
∠vi vvi +1 = arccos i
 2∗ L ∗ L
vvi
vvi +1

Where Lv v






(7)

is length between two vertices. The length is

i i +1

calculated using euclidean distance formula :

Lv v =
i i +1

(x

vi +1

− xv i

) + (y
2

vi +1

− y vi

) + (z
2

vi +1

− z vi

)

2

(8)
Where

th

xvi is x coordinat of i vertex, yi is y coordinat of

th

i vertex, and zi is z coordinat of ith vertex.
Gauss-bonnet method needs total area of calculated points
to normalize the result. Using the same notation as above,
the area of a triangle is calculated by this equation :

S = d ∗ (d − a ) ∗ (d − b ) ∗ (d − c )

2.3 Spherical Image
Estimating curvature using spherical image method is
conducted by comparing the area of projected triangles into
normal vector direction and the surface triangles. First,
decide the center point of curvature calculation, then create
a path round the center point. Usually path which rounds
the center point is created by connecting the adjacent
vertices around the center point.

(9)

Where S is area of triangle, a,b, and c are edges of triangle,
and d is half of total length of a, b, and c. Total area is then
counted by summerizing all the triangles area round the
center point :
n

totalarea = ∑ Ai

(10)

Figure 5. Center vertex and its surrounding vertices
created by several triangles.

i =1

Area of every triangle (which is represented by symbol
S i , j in Figure 4) can be partitioned into three equal parts,
one corresponding to each of its vertices. Therefore the
total area of path is the total area of triangles divided by 3,

1
totalpatha rea = totalarea
3

(11)

Total angle of triangles on the vertex V (in figure 4) is
angle deficit of the polyhedron which are formed from the
related triangles :

angledeficit = 2Π − Θ

(12)

The center vertex and its surrounding vertices are exactly
the same as gauss-bonnet method which has been written
above. After center vertex and several surrounding vertices
have been acquired, next is creating normal vector of every
vertex including center vertex.
Assume that every vertex belongs to several triangles on
object surface, which one of the vertices of the triangles is
the vertex metioned. Every triangle has normal vector VN

A . If Ti is triangle owning the vertex where
i = {1,2,..., n} , then normal vector of vertex can be

and area

obtained by executing the formula of weighted normal
vector resultant as follows :
n

n=∑
i =1

a i * ni
A

(14)

n is normal vector of vertex, a i is area of ith
triangle, ni is normal vector of ith triangle, and A is total
Where

area of affiliated triangles.
Figure 4. Surface illustration of angle deficit method.
Curvature estimation value is then calculated by comparing
angle deficit and total path area, as follows :

K=

angledeficit
totalpatharea

(13)

After obtaining all normals of the vertices, projected
triangles of the real surface triangles can be acquired by
putting vertices on every peak of normal vectors, followed
by connecting the vertices which formation is just the same
as the real triangles. In figure 5, the projected vertices are
written as ni and the real vertices are written as Pi where

i = {1,2,..., n} .

the shape is convex. Gauss Bonnet can not estimate
whether the shape is convex or concave, meanwhile
Spherical Image can not distinguish whether the shape is
flat or saddle.

Figure 6. Real triangles surface and projected triangles
in Spherical image method.
Total area of surface triangles and projected triangles is
obtained using equation (9) and (10). Thus curvature value
of spherical image can be calculated by dividing the total
area of projected surface :

K=

∑L
∑L

Where

ni no ni +1

(15)

Pi Po Pi +1

Combination of Gauss Bonnet and Spherical Image makes
shape identification possible. Combination is done by
implementing several conditions as follows
1. if the result of Gauss-Bonnet Scheme is 0 and the result
of Spherical image is 1, then the shape is flat,
2. if the result of Gauss-Bonnet Scheme is negative and the
result of Spherical image is 1, then the shape is saddle,
3. if the result of Gauss-Bonnet Scheme is positive and the
result of Spherical image is more than 1, then the shape is
convex,
4. if the result of Gauss-Bonnet Scheme is positive and the
result of Spherical image is less than 1, then the shape is
concave.
This condition can be seen clearly in Table 1.
Table 1: Combination of Spherical Image and GaussBonnet to determine surface shape
Surface Shape
Estimation method

L pi po pi +1 is the area of ith real triangle and Lni no ni +1

is the area of ith projected triangle.

3. Fuzzy Shape Determination
Value of spherical image and Gauss-bonnet shows the
characteristic of the model at a specific point. But spherical
image alone or gauss-bonnet scheme alone still can’t
determine the shape of surface. Spherical image is able to
divide the shape of the surface into 3 types, which are
convex, concave, and flat / saddle, but it can not
specifically distinguish flat shape and saddle. Meanwhile
gauss-bonnet scheme can divide the shape of the surface
into 3 types as well, which are flat, saddle, and convex /
concave, but it can not specifically distinguish the shape of
convex and concave. In order to get the exact shape of the
surface at a certain point, combination of both methods is
necessary.
3.1 Combination of Gauss-Bonnet Scheme and Spherical
Image
Both of Gauss Bonnet Scheme and Spherical Image have to
be combined in order to estimate the shape of surface since
Gauss Bonnet alone or Spherical Image alone can not
determine the shape as mentioned above. Gauss-bonnet
gives value 0 for flat shape, and the value is more than 0 if
the shape is concave or convex. If the value is less than 0
then the shape is saddle. On the other hand, Spherical
Image gives value 1 if the shape is flat or saddle, and gives
value less than 1 if the shape is concave and more than 1 if

Gauss-Bonnet

Spherical Image

Flat

+/- 0

+/- 1

Saddle

<0

+/- 1

Convex

>0

>1

Concave

>0

<1

The bound of the region is strict, whether it is convex,
concave, flat, or saddle. This case difference between one
condition to another is crisp. However, the value from the
curvature estimation sometimes not really accurate, since
the size of the triangles is small. It makes the bounds
between shape types become vague.
Table 2: Shape of every vertex in the model is crisp. Vertex
has only 1 chance to be 1 type of shape.
Location
Shape
Flat
Sadle
Convex
Concave
Vertex 1
0
0
1
0
Vertex 2
1
0
0
0
Vertex 3
0
1
0
0
Vertex 4
1
0
0
0
Vertex 5
0
0
0
1
Vertex 6
0
0
1
0
…
…
…
…
…
Another approach is proposed due to the lackness of
curvature estimation accuracy. Instead of using crisp
method, Takagi-Sugeno Fuzzy system is used to increase

the accuracy. Every evaluated vertex can be included into
more than 1 type of shape depend on membership function
value for each shape. Contribution of a vertex to a shape is
measured and quantified by a number, ranged from 0 to 1.
If the contribution is 0, then the vertex is exactly not
included into that shape. Meanwhile if the contribution is
one, then the vertex has a high chance to be included into
that shape. I.e. a vertex has membership value 0.1 for
convex, 0 for concave, 1 for flat, and 0.4 for saddle. That
vertex has a high possibility to be flat than to be other
shape.
Table 3: Shape possibility of every vertex based on its
membership function.
Location
Shape
Flat
Sadle
Convex
Concave
Vertex 1
0.2
1
0.2
0.1
Vertex 2
0.9
0.4
0.8
0.2
Vertex 3
0.1
0.7
0.3
0.6
Vertex 4
1
0
0.7
0.4
Vertex 5
0.5
0.2
0.1
1
Vertex 6
0
0
1
0.3
…
…
…
…
…

1.
2.
3.
4.
5.
6.
7.

Based on the values, the membership for modified
Spherical Image and Modf. gauss-bonnet can be
constructed as follows
1.

3.2 Membership function
There are two variables input for this fuzzy system. They
are Gauss-Bonnet value and Spherical Image value. The
values are then fuzzified into a number ranged from 0 to 1
as membership function value. Membership function is a
quantitative statement of linguistic variable, which is used
to handle linguistic uncertainty.
Several elements have to be considered to create
membership function. Those elements will determine the
function for each membership function based on the
boundary value obtained. The elements which determine
membership function are
1. Angle range. Range of angle surrounding the vertices on
the faceted model.
2. Mean of angle. Mean of angle surrounding the vertices
on the faceted model.
3. Deviation standard of angle The spread of angle values
in a quantitative form.
4. Range of gauss-bonnet values. Values range of every
vertex on faceted model using gauss-bonnet method.
5. Mean of gauss-bonnet values. Mean of every vertex
gauss-bonnet value on faceted model.
6. Deviation standard of gauss-bonnet values. The
quantitative form of gauss-bonnet values spread.
7. Range of spherical Image values. The Range of spherical
image values of every vertex on faceted model.
After some experiments, the values of elements mentioned
above for models shown in Figure 1 are

Angle range : 359.84o to 360.207 o
Mean of angle : 360.005 o
Deviation standard of the angle : 0.0433907
Range of Gauss-bonnet values of every vertex : 0.421318 to 0.336818
Mean of Gauss-bonnet values : -0.00720951
Deviation standard of Gauss-bonnet values :
0.0723168
Range of Spherical Image values : 0.882336 to
1.13422

Spherical Image
a. Low
i. if x ≤ 0.95 then f(x) = 1
ii. if x ≥ 1 then f(x) = 0
iii. if x > 0.95 and x < 0.9750 then
f(x) = 1-2*((x-0.95) / 0.05)^2
iv. if x > 0.9750 and x < 1 then f(x)
= 2*((1-x)/0.05)^2
b. medium
i. f(x) = e^(-(x-1)^2 / 0.0008)
c. high
i. if x ≥ 1.05 then f(x) = 1
ii. if x ≤ 1 then f(x) = 0
iii. if x > 1 and x < 1.025 then f(x)
= 2*((x-1)/0.05)^2
iv. if x ≥ 1.025 and x < 1.05 then
f(x) = 1-2*((1.05-x)/0.05)^2

In graphical form, Spherical Image Membership function
can be seen in Figure 7.

Figure 7
2.

Gauss-bonnet Scheme
a. high
i. if x ≥ 0.02 then f(x) = 1
ii. if x ≤ 0 then f(x) = 0
iii. if x > 0 and x <0.02 then f(x) =
x/0.02
b. medium

c.

i. if x ≤ -0.02 and x ≥ 0.02 then
f(x) = 0
ii. if x > -0.02 and x ≤ 0 then f(x) =
(x+0.02) / (0.02)
iii. if x > 0 and x <0.02 then f(x) =
(0.02-x) / (0.02)
Low
i. if x ≤ -0.04 then f(x) = 1
ii. if x ≥ 0.0 then f(x) = 0
iii. if x < 0 and x <-0.04 then f(x) =
(0.0-x) / (0.04)

High

Concave

-

Convex

Graph for those rules are shown in Figure 9.

In graphical form, Gauss-Bonnet scheme Membership
function can be seen in Figure 8.
Figure 9. Graph of Gauss-Bonnet Scheme and Spherical
Image Rules.
Output of the fuzzy inference system is shown in Figure 10.
The output shows which shape has the highest contribution
to the vertex, and the vertex will be included into that
shape.

Figure 8. Gauss bonnet for low, medium, and high
membership function.
3.3 Rules
Rules are constructed based on lingusitic variable that has
been identified. The combination of Spherical image and
Gauss-bonnet scheme is the basis consideration of making
the rules in fuzzy system. As for output system, it is
divided into 4 variables which agree with kind of shape
types. The rules for Takagi-Sugeno fuzzy system in this
study are :
1. If Spherical Image is Medium and Gauss-Bonnet
is Low then the Shape is Saddle.
2. If Spherical Image is Medium and Gauss-Bonnet
is Medium then the Shape is Flat.
3. If Spherical Image is Low and Gauss-Bonnet is
High then the Shape is Concave.
4. If Spherical Image is High and Gauss-Bonnet is
High then the Shape is Convex.
Table 4. Fuzzy system rules to combine Spherical Image
method and Gauss-Bonnet scheme.
Spherical Image
Curvature Estimation

GaussBonnet

Low

Medium

High

Low

-

Saddle

-

Medium

-

Flat

-

Figure 10. Output of fuzzy inference system

4. Implementation and Visualization
Implementation of the curvature estimation methods and
fuzzy system is conducted using C/C++ and java
programming language, and several graphic tools. To check
whether the result of curvature estimation methods and the
combination using fuzzy logic has been right, visualization
is necessary.
The visualization result can be seen in Figure 11 and 10.
Figure 10 shows the result of a smooth surface which
consist of convex and concave shape, while Figure 11
shows the result of a smooth surface with multi saddle
shape. Calculation is conducted to every vertex or checking
area. Every kind of shape is colored by specific color. This
makes easier to distinguish between one shape and another.

Color shape rules in the visualization process are described
as follow
1. If the shape is convex then the color is blue.
2. If the shape is concave then the color is red.
3. If the shape is convex then the color is blue.
4. If the shape is convex then the color is blue.
The models which are experimented are shown in Figure 1.
Figure 11 shows one of the experimental results from the
model shown in Figure 1. The model is convex concave. As
can be seen from the figure that the methods which are
described in this paper have successfully been implemented
and give a good result. It can precisely estimate the shape
of the model at every estimating point.
The first picture in Figure 13 is the experiment model, the
second and third picture show the estimation result by
appearing the vector normal with specific color that has
been mentioned above. The estimation points in those
pictures are based on tool radius. The model is divided into
several regions. Each region represents the tool position,
and the checking vertex is placed in the middle of region
(Figure 11). The methods used in this study need adjacent
vertices connected to the center vertex. Therefore, several
vertices need to be placed around the center vertex (Figure
11). These vertices are called assistant vertices (Figure 12).
The number of assistant vertices is various, depend on the
user consideration. Many vertices make the estimation
more accurate, but too many vertices may reduce system
performance. Normally the number of assistant vertex is set
to be 4 or 8. The last picture in Figure 13 shows the result
when the estimating vertices are real vertices which lie on
the surface model.

Figure 12. Assistant vertices for a center vertex.
In figure 14, the experiment model is multi saddle. It shows
a good result on the experiment methods since all kind of
shapes exist there. The methods can clearly describe each
shape by coloring the region. Convex regions are colored
red, concave regions are colored blue, flat regions are
colored blue, and last saddle regions are colored white.

a

b

c
Figure 11. Checking regions on a surface model and
their center points.

Figure 13. Shape estimation result on convex concave
model.

b

a

methods that appropriate to be implemented in this study,
though it is used for 3D model. Those segmentation
methods are region growing,, edge detection, and voting,
combination of region growing and edge detection
methods. The result that can be obtained from region
growing method is shown in Figure 14, while result of edge
detection can be seen in Figure 15. Region growing method
often ends with some areas are not included into a certain
group. On the other hand, edge detection sometimes left
several edges end in the middle that make the boundary of
region is not created perfectly. Therefore the last method,
voting, is necessary to combine those methods, so that
better result is able to be acquired.

c
Figure 14. Shape estimation on multi saddle model.

5. Region building

Figure 16. Visualization of region growing segmentation
method.

After identifying the shape contained in the model, the
model is then divided into several regions based on the
shape and the position of the checking vertex. Checking
vertices which have the same shape and adjacent each other
are included in the same region. Checking vertices which
have different shape or are not adjacent each other or both
of them are included into different region. Using some
segmentation technique, model in Figure 13 can be
segmented into several regions that can be seen in Figure
14. Each region is colored with different color.

Figure 17. Visualization of edge detection method.

Figure 15. Ilustration of several regions created based
on identified features.
To create regions based on identified features, boundary of
each region has to be found. This way, some segmentation
methods can be applied. There are several 2D segmentation

Optimal milling directions are determined for every region
after region boundary has been set up. The direction will be
created upon minimum curvature at every cutter contact
point (cc-point) and the shape of the shape in the processed
region. Based on several studies and experiments, if the
shape is convex, then the appropriate tool path is spiral. If
the shape is concave, then the appropriate tool path is
zigzag or circle (rounding). If the shape is flat or saddle,
then the appropriate tool path is parallel.

After analyzing the appropriate type of tool path, minimum
curvature of every surface point has to be found by
calculating curvature value for all direction in that point.
There are some techniques regarding the way of finding
curvature value and creating tool path. One of the simple
ways is finding 1 cc-point in that region for 1 path. Then
find other cc-point by estimating point which has the same
direction as minimum curvature and lies in triangle edge or
vertex. Put the vertex, and find another vertex with the
same rule. A full path created if the path back to the initial
vertex or reach the side of model.
Besides the type of tool path, Tool size and tool type are
able to decide on every region by analyzing the minimum
curvature on the region and the shape of the region. Tool
radius must not exceed minimum curvature of the region to
make the tool able to reach even the smallest point in the
region. Meanwhile, tool type is determined based on the
contour and the shape of the surface. If the surface is flat or
convex, then the optimum tool type is flat-end. If the
surface is concave, then the optimum tool type is ball-end
with radius is same as minimum curvature region or less. If
the shape is saddle, it depends on the minimum curvature.
If the direction of minimum curvature is same as convex
part, then the tool type should be flat-end. On the other
hand, if the minimum curvature has the same direction as
the concave part, then the tool type should be ball-end. By
conducting these rules, time for machining process will be
greatly reduced since material can be efficiently cut using
appropriate tool type and size.

Figure 19. Parallel tool path (left), Circular tool path
(right)

Figure 20. Spiral tool path.

Figure 21. Example of circular tool path on the surface
model.

Figure 18. Example tool path for shape in Figure 14.

The algorithm is then also implemented and used to result
the following segmented surface model :

Figure 22. Segmented model based on its feature of
curvature

Tool paths is then generated on the above model (Figure
23) as shown in the following :

Figure 23. Tool Path generated on segmented
model

6. Conclusion
Identifying features plays a great role in machining process.
Using extracted feature from 3D model, one can make
optimum configuration that will reduce time for machining
by effectively and efficiently process the raw material.
Several curvature estimation methods have been
implemented; they are Gauss-Bonnet Scheme and Spherical
Image method. These methods are then combined using
Takagi-Sugeno Fuzzy System to estimate the shape of the
surface precisely. The estimation is done on every vertex or
every calculation point.
The result of fuzzy system is then visualized. The surface
model can then be divided into several regions based on its
characteristic. Using some segmentation methods, the
shape can be divided by utilizing some information, which
is type of shape on estimated vertex and its adjacent vertex.
Optimum milling directions are estimated on every region,
and created based on minimum curvature and region shape.
Tool type and tool size as machining configuration are
determined as well based on the same information and
following several rules. By configuring the machining
variables and parameters with optimum value according to
the model characteristic, not only accurate tool path free
gouging can be obtained, but time consuming machining
process can greatly be reduced by doing it effectively and
efficiently.
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Abstract—Probabilistic Neural Network (PNN)
is a type of neural networks which is widely used to
solve pattern classification problems. Despite its
simple network structure and training method, it
has some drawbacks in determining the network
structure which consists of setting up values of
smoothing parameter and the number of neuron
used in pattern layer. Supervised PNN Structure
Determination (SPNN) is introduced to overcome
these drawbacks, but its iterative implementation
still requires huge computation time. This paper
introduces a parallel algorithm for SPNN. Our
experiments showed significant reduction of
computation time.
I. INTRODUCTION

P

Neural Network is a type of neural
networks which has been widely used to solve
pattern classification problems. Despite its simple
network structure and training method, it has some
drawbacks in determining network structure which
consists of setting up values of smoothing parameter
and the number of neuron used in pattern layer. The
value of smoothing parameter will affect the
classification performance. The number of neuron
used in pattern layer will affect the computation cost
in classification process. Whilst determining network
structure is not an easy task since it depends on the
characteristics of data.
ROBABILISTIC

structure of PNN is shown in figure 1. PNN has a
simple training method that inserts every neuron into
pattern layer where each neuron represents a vector of
training data. The increasing number of training data
will amplify the number of neuron in pattern layer
which adds additional computation time in
classification process.
Smoothing parameter is required to calculate the
activation value of each neuron in pattern layer. This
parameter will determine the success rate of
classification where its optimal value depends on the
characteristic of data. Until today, there is no
mathematical method which can be used in order to
determine the optimal value. Researcher usually
determines it through trial and error method.
B. Supervised PNN Structure Determination
The number of neuron in pattern layer and the value
of smoothing parameter are the main problems of
PNN. To solve the problems, Supervised PNN
Structure Determination (SPNN) was introduced as a
method of determining the structure of PNN. It
consists of two parts running iteratively. The first part
is determining the value of smoothing parameter by

x

II. SUPERVISED PNN STRUCTURE DETERMINATION
A. Probabilistic Neural Network (PNN)
In 1990, Donald Specht introduced PNN based on
classic theory of probability i.e. Bayesian
Classification and Estimator PDF Parzen. The
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Figure 1. The architecture of PNN [1]
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Figure 3. The flow of PSPNN algorithm
Figure 2. The flow of SPNN algorithm

running iteratively. The first part is determining the
value of smoothing parameter by applying Genetic
Algorithm (GA) in order to search the optimal value.
The second part is selecting neurons of each class
where its number is lowered as small as possible but
still has ability to classify all training data into the
right class. The flow of SPNN algorithm is illustrated
in figure 2.
In SPNN, a smoothing parameter value will become
an individual where its chromosome is represented by
a string. For example, if the value of smoothing
parameter is 0.4325 (this research used accuracy of 4
digits after comma), then the chromosome will be as
follows:
Bit-1 Bit-2 Bit-3 Bit-4
4
3
2
5
This representation will be used in all steps of GA
either in reproduction, crossover, or mutation step in
order to search the optimal value of smoothing
parameter.
After obtaining the smoothing parameter, then SPNN
selects neurons in pattern layer to minimize the size of
network. In order to select neuron, SPNN uses
orthogonal algorithm where the best neuron is
selected for each class based on certain criteria. The
number of neuron of each class in pattern layer will
increase until minimum recognition rate of training
data is satisfied.

Algorithm: SPNN(maximum_generation,
training_data, total_population_per_generation,
min_recognition_rate)
1 Generate a set of smoothing parameter values as
first generation (each smoothing parameter
treated as an individual).
2 Determine the minimum size of network structure
for each individual.
3 Determine the maximum and minimum size of
network structure of population and calculate
fitness value of each individual using the
maximum and minimum values.
4 Generate new population based on previous one
using reproduction process of GA. Use the fitness
values to choose the best individual which will be
treated as parent in reproduction process.
5 Determine the minimum size of network structure
for each new individual.
6 Determine the maximum and minimum size of
network structure from combination of old and
new population and calculate fitness value of all
(old and new) individuals using the maximum
and minimum values.
7 Select a set of the best individuals (which has
higher fitness value compared with the rest) to
create a new population.
8 Increment the number of generation. If it has not
reached maximum generation, then back to step
5. If it has reached maximum generation, then
individual with highest fitness value is chosen as
the structure of network.
III. PARALLEL SUPERVISED PNN STRUCTURE
DETERMINATION

C. Iterative Implementation of SPNN
Basically, iterative implementation of SPNN is
applied on a single processor system to perform all
steps. The flow of its algorithm is illustrated in figure
2. And its pseudo-code is described as follows:

Yes

In this research, iterative algorithm of SPNN is
analyzed to determine its part that needs huge
computation time and can be run in parallel. From this
analysis, the algorithm of Parallel SPNN (PSPNN) is
developed and implemented using Message Passing
Interface (MPI) technique. With the main goal is
reducing the computation time of SPNN. By using

MPI technique, it is possible to distribute computation
task to a set of computers in order to achieve lower
computation time compare with running SPNN in a
single computer. The flow of algorithm of PSPNN is
illustrated in figure 3.
In previous section, it is stated that SPNN consists
of two parts i.e. searching the optimal value of
smoothing parameter and selecting neurons in pattern
layer. In this research, the distribution of computation
task is applied by distributing the second part, which
is selecting neurons in pattern layer, to a set of
computers. Since based on experiment result, this part
needs higher computation time (more than 95 percent)
than the first part.
Based on the flow of PSPNN in figure 3, a computer
is assigned as master PC. Its task is computing the
first part of SPNN (searching the optimal value of
smoothing
parameter)
and
distributing
the
computation task of second part of SPNN to one or
more slave PC by sending the training data and
smoothing parameter value to each computer. Since
the training data, which is used in computing the
second part of SPNN, is same then the distribution of
data from master to slave PC is only performed once
in the beginning of process. In implementation,
Remote Method Invocation feature from Java is used
to communicate between master and slave PC [3]. The
pseudo-code of algorithm which runs in master PC is
as follows:
Algorithm: PSPNN_Master(maximum_generation,
training_data, total_population_per_generation,
min_recognition_rate)
1 Send training_data and min_recognition_rate to
all slaves PC.
2 Generate a set of smoothing parameter values as
first generation (each smoothing parameter
treated as an individual).
3 Distribute all individuals to each slave computer
and command them to run function
PSPNN_Slave(). Wait until all slaves PC has
finished running function PSPNN_Slave() and
sent the size of network back to master PC.
4 Determine the maximum and minimum size of
network structure of population and calculate
fitness value of each individual using the
maximum and minimum values.
5 Generate new population based on previous one
using reproduction process of GA. Use the fitness
values to choose the best individual which will be
treated as parent in reproduction process.
6 Distribute all new individuals to each slave
computer and command them to run function
PSPNN_Slave(). Wait until all slaves PC has
finished running function PSPNN_Slave() and
sent the size of network back to master PC.

7

8

9

Determine the maximum and minimum size of
network structure from combination of old and
new population and calculate fitness value of all
(old and new) individuals using the maximum
and minimum values.
Select a set of the best individuals (which has
higher fitness value compared with the rest) to
create a new population.
Increment the number of generation. If it has not
reached maximum generation, then back to step
5. If it has reached maximum generation, then
individual with highest fitness value is chosen as
the structure of network.

And the pseudo-code of algorithm runs in slave PC is
as follows:
Algorithm: PSPNN_Slave(smoothing_parameter,
min_recognition)
1 Determine the minimum size of network structure
using given smoothing_parameter value.
2 Return the size of network structure to master PC.
From the pseudo-code of SPNN and PSPNN, it is
shown that the main difference is in a task to search
the minimum network structure. In SPNN, this task is
run in a single computer. While in PSPNN, this task is
distributed to a set of slave PC and result is collected
in master PC in order to be used in computation of
GA.
IV. EXPERIMENT RESULT
To measure the performance of PSPNN, the
experiments were conducted using four units of
personal computer (PC) with the following
specifications:
1. PC-A: Intel Centrino Processor 1.3 GHz, Memory
256 MB
2. PC-B: Intel Pentium III 1.7 GHz, Memory 256 MB
3. PC-C: Intel Pentium III 1 GHz, Memory 128 MB
4. PC-D: Intel Pentium III 1 GHz, Memory 128 MB
As comparison, the performance of SPNN is also
measured using PC-A which has the best performance
than others. Thus, the computation time of SPNN
using PC-A will be used as reference in order to
measure the decrement of computation time of
PSPNN.
Data from odor recognition system in classification
of two mixed odor between citrus and alcohol were
used in the experiments. The data consists of six
classes which are:
Parameters
1st Set
2nd
Set
maximum_generation
20
20
total_population_per_generation
10
20
min_recognition_rate
100%
100%

Table 1. Sets of parameters

The next experiment was using the second set of
parameter values and its result is illustrated in figure
5. Similar with the first experiment result, it is showed
that there is also a decrement of computation time by
using PSPNN compare with SPNN. And the
computation time also decreases by adding more slave
PC into the system. Unfortunately, we cannot see the
pattern of computation time decrement since the
experiments didn’t use same configuration for all PCs.
V. CONCLUSION

Figure 4. Computation time using 1st set of parameter

This paper proposes the implementation of Parallel
SPNN in order to lower the computation time of
iterative implementation of SPNN. The experiment
results showed that PSPNN can decrease the
computation time by using more than one PC. A
further study is needed to see the effect of adding
more PCs to the system in order to know the pattern
of computation time decrement.
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Figure 5. Computation time using 2nd set of parameter
1. Mixed citrus with alcohol 0 percent
2. Mixed citrus with alcohol 15 percent
3. Mixed citrus with alcohol 25 percent
4. Mixed citrus with alcohol 35 percent
5. Mixed citrus with alcohol 45 percent
6. Mixed citrus with alcohol 75 percent
Each class was represented with 100 vectors of
training data. So totally, there were 600 vectors of
training data representing all classes.
Experiments were conducted four times with
different PC configurations as follows:
1. Run SPNN using 1 PC.
2. Run PSPNN using 1 master PC and 2 slave PCs.
3. Run PSPNN using 1 master PC and 3 slave PCs.
4. Run PSPNN using 1 master PC and 4 slave PCs.
In the fourth experiment, the PC which was run as
master PC was also run as slave PC by running master
and slave program on that PC. Besides the PC
configuration, these experiments also used two sets of
parameter as showed in table 1.

The experiment result using the first set of
parameter values is illustrated in figure 4. It is showed
that the decrement of computation time was achieved
by PSPNN compare with SPNN. And the computation
time also decreases by adding more slave PC into the
system.
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Potential Use of Machine Vision in Texture
Recognition of CNT/Polymer Microelectrode
for Conductivity Measurement
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Abstract—We do an initial investigation on the correlation between the Carbon Nanotube (CNT)/polymer
composite texture from optical image and its conductive
values. The optical image is processed further by socalled machine vision system to explore the specific
texture of CNT filler in the matrix. The output from
image processing were interpreted and assumed to be
matched with the electrical properties measurement. By
using CNT filler concentration of 0.6% - 1.3%, we
resulted in conductivity of CNT/polymer film from 0.8111.01 S/m. Moreover these values are well corresponded
with their texture quantity.
Index Terms—CNT/polymer composite, machine vision, image processing, texture quantity.

I. I NTRODUCTION

I

N the fields of product material development, polymers play a very important role due to their advantages over other conventional materials (e.g. wood,
clay, metals). Besides, polymers are easy to handle
and have many degrees of freedom for controlling
their properties. The altering and enhancement of the
polymers properties can occur through doping with
various nano-fillers such as metals, semiconductors,
organic and inorganic particles and fibres. [1]–[4].
Such additives are used in polymers for a variety
of reasons, for example: optical effects, thermal conductivity, control of the thermal expansion, electrical
properties that enable charge dissipation or electric
conductive, magnetic properties, flame resistance, and
improved mechanical properties, such as hardness,
elasticity, and tear resistance [5]–[7].
Unique properties of carbon nanotubes (CNT) such
as extremely high strength, lightweight, high electric
and thermal conductivity, offer advantages over other
nano-fillers. The potential utility of carbon nanotubes
in a variety of technologically important applications
such as molecular wires and electronics, sensors and
high strength materials has been well established [8],
[9].
However, the effective utilization of excellent properties of nanotubes in composite applications strongly
depends on the ability to disperse the nanotubes homogeneously throughout the matrix, interfacial bonding
and the content of nanotubes in the matrix. Producing
well-dispersed carbon nanotubes in a composite is

difficult because the addition of solid powder (carbon)
in a liquid polymer in the early mixing stages often
leads to phase separation between the carbon and the
polymer matrix. Furthermore, the nanotubes are more
attracted to each other (e.g., due to van der Waals
forces between CNT) than to the polymer, especially
for high-loading of nanotubes in the matrix. Therefore,
the big challenge encountered in making such a composite lies in achieving individual-nanotube dispersion
of CNT in the polymer matrix, as well as excellent
interfacial adhesion between the CNT and the polymer
matrix. In additionally, the characterization techniques
come into play to identify a good CNT/polymer composite [10]. Nowadays, the common techniques used
are ranging from:
• optical; X-ray diffraction, Transmission electron microscopy (TEM), Scanning electron microscopy (SEM), spectroscopy, and optical microscopy
• thermal; thermal gravimetric analyses (TGA),
Differential scanning calorimetry, cone calorimetry
• mechanical;
tensile, flexural, compressive
strength and modulus.
• others: Nuclear magnetic resonance (NMR),
atomic force microscopy (AFM), neutron scattering, scanning tunneling microscopy (STM).
Furthermore, a model is needed to complete a cycle
of material development activity as pictured in Figure
1.

Fig. 1: Computationally guided material development

This paper investigates the correlation between the
textures of CNT/polymer distribution with its conductivity value. The percolation theory may be used to
describe the structure and properties of in the filled
polymers. The structure and properties changes of such
composites can usually be referred to the concentration
of the filler at which the interconnected matrix of the
filling material reach a well defined threshold [11].

(a)

(b)

Fig. 2: polymer pure matrix (a) and polymer matrix
filled with carbon nanotubes (b).
These interconnected matrixes are able to be observed by using an optical microscopy with sufficient
magnification. By using so called machine-visionsystem, the single image of CNT/polymer film can
be examined from its individual pixels of images,
processed and attempted to develop conclusions with
the assistance of knowledge bases and features such
as pattern recognition. Moreover, we are aiming to
build empirical model based on CNT/polymer texture
recognition to predict the value of conductivity.
II. M ATERIAL AND M ETHOD
The experiment is initiated by preparing the
CNT/polymer composite film then captured the image
with optical microscope. Later, the film also characterized by measuring the resistance using RCL meter.
Figure 3 explained further the method to analyse the
CNT/Polymer texture.
A. CNT/Polymer Dispersion Preparation
Firstly, 40% g/ml polymer solution was prepared
by dissolving in Polymethyl methacrylate (PMMA)
Aldrich in a mixture of chloroform and benzene
solvent (all are from Sigma Aldrich). Then, certain
amount of single-wall carbon nanotubes (CNT) (from
Sigma Aldrich) was dispersed in the solvent for 2
minutes using 10W sonic tube. Finally, polymer solution was mixed with CNT dispersion using sonic tube
to obtain 0.6; 1.0; 1.3% weight of CNT in PMMA
solution respectively.

Fig. 3: Experimental set up in finding the correlation
of CNT/Polymer matrix texture and its conductivity
value

C. Image Acquisition
The CNT/Polymer film was photographed using
Olympus IX81 inverted microscope. All the images
were taken by 20x magnification with always the same
light setting (no.2).
D. Conductivity Measurement
Impedance value of CNT/polymer films were measured by Agilent RCL-meter type E4980. Firstly, the
film was fitted inside two-metal-electrode (sandwhichlike) and then connected to the RCL meter. All measurements were using 1 volt and 50 kHz frequency.
The temperature and humidity of the room for measurement were about 240 C and 46% respectively.
III. R ESULTS AND D ISCUSSIONS
We have prepared three various concentration of
CNT in PMMA, 0.6%; 1.0% and 1.3%, which labeled
as A, B, and C respectively. Later on, all samples are
formed into film by using a spin coating machine.
Figure 4 depicts the film resulted from spin machine
and formed further to a size of 2- euro-cent for
conductivity measurement.

B. CNT/Polymer Film Preparation
The CNT/Polymer film was prepared by spin
coating machine from Karl Suss. Some amount of
CNT/polymer dispersion is placed onto the glass surface and put on the spin coating desk. The spin was
set to a constant speed of 1500 rpm in 15 seconds.

Fig. 4: Preparation of polymer-CNT film: (A) after
spin coated; (B) prepared for conductivity measurement.

A. A. RGB image quantification to validate the
CNT/Polymer dispersion
The dispersion of CNT in the PMMA matrix has
been studied profoundly in previous work by using
thermal gravimetric analysis (TGA), stress-strain test
and spectroscopy [12]. From those analytical instruments, we have reported that there are shifting characteristics between PMMA pure film and CNT/PMMA
film. This shifting characteristic is confirming that
CNT is well dispersed/unified in the PMMA matrix.
We are using MatLab image processing tools to quantify the RGB value from one image captured by 20X
magnification. We have assumed that a good CNT
dispersion in the polymer matrix would have uniform
RGB value from any points of the image. Therefore,
we took 9 images from one sample film and later we
randomly calculated 9 points from that image. Figure
5 depicts the proposed method to quantity the CNT
dispersion.

B. CNT/Polymer texture observation and its correlation with the conductivity value
Recalling the percolation theory, it explained that
the structure and properties changes of polymer matrix
are correlated with its filler concentration. It could
be stipulated that there is correlation between texture of polymer matrix, electrical properties and CNT
concentration. In this study, we are using processed
optical image of various concentration of CNT filler
and finding the correspondence with its conductivity
values. Table II depicts the results of conductivity
measurement from the groups of sample. It can be
understand that there is linear correlation between
the CNT concentration inside the polymer (PMMA)
matrix and the conductivity values. These results agree
with the electrical percolation theory and also verified
by other research groups in this field.
TABLE II: Conductivity result of CNT/PMMA film
Group
PMMA pure
A
B
C

Fig. 5: The sampling and RGB quantification using
Matlab image processing tools from one sample.
Hence, we have 81 points from 1 sample film which
then statistically compared using single factor ANOVA
test to see its significance difference of the RGB
values. The table I resumed the ANOVA test for all
groups.

CNT in PMMA
Conductivity (%)
0.0
0.6
1.0
1.3

Concentration
(S/m)
0.03 0.00
0.81 0.13
1.78 0.16
11.01 0.84

We can report that with an addition of relatively
small of CNT filler, the conductivity value raised
as 100 times higher than pure polymer conductive.
Furthermore, there is significance difference from each
CNT concentration groups. Next, we will look up on
the images of the samples from those groups (figure
6).

(a) Group A (0.6%) (b) Group B (1.0%) (c) Group C (1.3%)

Fig. 6: The images that captured by optical microscope
with 20X magnification from A, B, and C groups.
TABLE I: Resume of ANOVA test from sample groups
Group
A (0.6%)
B (1.0%)
C (1.3%)

F test
1.12
1.81
1.48

F critical
2.90
2.90
2.90

P value
0.36
0.16
0.24

Remark
No significance
difference

By using significance level of 95 percent, the results
show a significance difference whenever P value is less
than 0.05. Table I depicts that all P values are bigger
than 0.05, which means that there are no significance
differences among the RGB values from all samples.
This result could be interpreted that the CNT was
forming a good dispersion in the PMMA matrix.
Whereas agrees with other result by using analytical
instrument in previous work.

It is hard to tell by using naked eyes to declare
the texture differences from each group. Therefore,
machine vision system comes into play to give information from the image quantitatively. The figure
7 depicts the processing of above images to shades of
gray and to a simple combination of black and white.
Thereof, it is now more vivid to witness the difference
texture of group A and B for instance.
Following the initial simplification, the software will
count the pixels in the image. As a final step, the
software has a range of numerical values that corresponds to the conductivity values. Figure 8 gives the
cluster value that generated from RGB measurement
from each groups.

results also agree with the basic percolation theory
in CNT/polymer interconnection. The CNT/PMMA
concentration of 0.6% might be the already near to
as percolation threshold value. In future work, higher
CNT filler concentrations need to be investigated to
uncover the maximum value of conductivity.
A complete database of cluster value will have
significance work so that we can avoid using expensive
and time consume analytical instrument, especially in
the field of electrode development.
(a) Group A (0.6%) (b) Group B (1.0%) (c) Group C (1.3%)

Fig. 7: The images that captured by optical microscope
with 20X magnification from A, B, and C groups.

The black colour is representing the existence of
CNT in the polymer matrix (figure 7) while white
colour is representing the texture of polymer matrix.
The interconnection of CNT/polymer matrix is assumed to be observed from these images. We calculated the RGB values of all images and presented
in figure 8, although there are also possibilities to
quantify the image from the gray intensity or biner
images. Hence, the values are formed into three separated clusters which correspond to three groups of
CNT filler concentration.

Fig. 8: The chart of cluster value of RGB vs cluster
value of conductivity value.
The more concentration of CNT filler results in
higher conductivity value and lower of the RGB values. Lower RGB values indicate that the portion of
black colour is higher. This result agrees with our first
assumption about the correlation of CNT concentration
and conductivity values. The conductivity values of
group A and B are close to each other, which according
to the percolation theory this could be near to the
threshold percolation value. It can be answered by
adding new various concentration of CNT.
IV. C ONCLUSIONS
Overall, the results from this primitive investigation can answer the assumption on the correlation of CNT/polymer texture in the images. The
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Abstract— An electronic nose system had been
developed by using 16 quartz resonator sensitive
membranes-basic resonance frequencies 20 MHz as a
sensor, and analyzed the measurement data through
various neural networks as a pattern recognition
system. The developed system showed high recognition
probability to discriminate various single odors even
mixture odor to its high generality properties; however
the system still need improvement. In order to improve
the performance of the proposed system, development of
the sensor and other neural network are being sought.
This paper explains the improvement of the capability
of that system from the point of neural network system.
It has been proved from our previous work that FLVQ
(Fuzzy Learning Vector Quantization) which is LVQ
(Learning Vector Quantization) together with fuzzy
theory shows high recognition capability compared with
other neural networks, however FLVQ have a weakness
for selecting the best codebook vector that will influence
the result of recognition. In this paper we proposed a
novel method in the initialization of reference vectors by
selecting the best initial reference vectors using fitness
function. Experiment results show that the utilizing of
fitness function for selecting the best initial vector
reference has a higher performance compare with the
conventional FNLVQ.
I. INTRODUCTION

T

HE amount of research in the field of robotics
application for odor-sensing technology has
grown substantially. This work can be broadly
categorized into two groups namely odor source
localization by autonomous mobile sensing system
and artificial odor discrimination system [1]. The
odor source localization can be used for various
attractive applications, including the search for toxic
gas leak, the fire origin at its initial stage, etc [2].
The second prime area of robotics application for
odor-sensing
technology
is
artificial
odor
discrimination system. Artificial odor discrimination
system is being developed for automated detection
and classification of aromas, vapors and gases. This
paper would address the second area of application
Conventionally, odors are discriminated by very
trained persons based on their human sensory system.
These human sensory tests have been used to evaluate

odors in a variety of industrial fields, such as food
and beverage industries, cosmetics industries and in
the environment tests. However, the human sensory
test is unavoidably affected by the state of the health
and mood of the inspector, resulting in discrepancies
among panelists.
Another method that can be used is analytical
techniques such as gas chromatography (GC) or
liquid chromatography (LC). However, these
analytical methods are expensive and time
consuming, especially for aromatic and fragrance
odors.
The artificial odor discrimination system is
constructed to overcome the limitation of the existing
sensory test systems. This system is composed of an
arrayed chemical sensing system and a pattern
recognition system [1]–[3]. Each chemical vapor
being presented to the sensor array produces a
signature or pattern characteristic of the vapor. By
presenting many different chemicals to the sensor
array, a database of signatures can be built up. This
database of labeled signatures is used to train the
pattern recognition system. The purpose of the
training process is to configure the recognition system
in order to produce a unique classification of a
chemical input, so that an automated identification
can be implemented [4]–[17].
It has been proved from our previous work that
FLVQ (Fuzzy Learning Vector Quantization) which
is LVQ (Learning Vector Quantization) together with
fuzzy theory shows high recognition capability
compared with other neural networks [8] . However
FLVQ still have a weakness for selecting the best
reference vector that will influence the result of
recognition. This problem will be anticipated by
adding the fitness function method to select the best
reference vector.
This paper is organized as follows. Section II
explains the odor discrimination system and section
III presents explains the neural network with fuzzy
theory as classifier. Section IV present the selection of
the best reference vector while section V discusses the

experimental design and the results of the proposed
algorithm and finally, section VI presents the
concluding remarks.
II. ODOR DISCRIMINATION SYSTEM
The odor discrimination system consist of three
parts i.e. a sensory system, an electronic system and a
neural network system. Sensory system and electronic
system are used to measure the frequency declines of
odor identification while neural network system is
used to recognize and classify the odor that will be
detected In this research we used 20MHz QCM
sensor, each which covered by different thin
membrane to build a sensor array with 16 QCM
sensors of 20MHz resonance frequency. Schematic
diagram of the experimental system can be seen in
our previous work [8].
When the odorant molecules are absorbed onto the
membrane, the characteristic frequency of the QCM
sensors reduce, which will be recovered to its
characteristic resonance frequency after purging dry
air regularly. When a chemical vapor is presented to
the sensor array, the sensor subsystem produces the
signature or pattern characteristics of vapor.
Sixteen chemical vapors are being used as sensor
in the experiment. Each chemical vapor presented to
the sensor array produces a signature or pattern
characteristic of the vapor. By presenting many
different chemicals to the sensor array, a database of
signatures can be built up. This database of labeled
signatures is used to train the pattern recognition
system. The purpose of the learning process is to
configure the recognition system in order to produce a
unique classification of a chemical input, so that an
automated identification can be implemented.

measurement error. The Fuzziness of all components
of the reference and the input vectors is done through
a normalized triangular fuzzy numbers process; with
the maximum membership value is equal to one. A
normalized triangular fuzzy number F s designated as
[18]-[20]:
F = (f, fl, fr)

(1)

Where f the center peak position of F, fl left part of
fuzziness and fr right part one. Fuzziness is expressed
by the skirt width of the membership function. Figure
1 shows the normalized triangular fuzzy number of
the normalized output frequency from sensor1 for a
citrus with alcohol 0% fragrance; with its center of
position f (0.674) is the mean of the normalized
frequency-data. The membership function of this
center position is one. The left and right part
fuzziness, fl (0.670) and fr (0.678 Hz), respectively,
are the minimum and maximum value of the
normalized frequency-data, with membership
function of zero [18] -[20].

Fig. 1. Fuzziness of CiA0% fragrance taken from sensor 1 of the
recognition system.

III. NEURAL NETWORK WITH THE FUZZY THEORY
The odor discrimination system consist of three
parts i.e. a sensory system, an electronic system and a
neural network system. Sensory system and electronic
system are used to measure the frequency declines of
odor identification while neural network system is
used to recognize and classify the odor that will be
detected In this research we used 20MHz QCM
sensor, each which covered by different thin
membrane to build a sensor array with 16 QCM
sensors of 20MHz resonance frequency. Schematic
diagram of the experimental system can be seen in
our previous work [8].
Fuzzy learning vector quantization (FLVQ) is
developed based on learning vector quantization and
extended by using fuzzy theory. In this FLVQ, neuron
activation is expressed in terms of fuzzy number for
dealing with the fuzziness caused by statistical

Fig. 2. Architecture of the FNLVQ that is used as the discrimination
system in the artificial nose system.

The architectural network of FLVQ is depicted in
figure 2, which consists of one input layer, one cluster
layer as a hidden layer and one output layer. The
number of neuron-of-clusters in hidden layer are as
many as the odor categories meanwhile the number of
neuron in input layer according to the number of
sensor and the number of neuron in output layer as
many as the odors category. Neurons in the input
layer are connected to a cluster-of-neurons in the
hidden layer, which is grouped according to the odor-

category of the input data. Thus, the number of
cluster-of-neurons in the hidden layer is as many as
the odor categories, while each cluster composes of
neurons, which corresponds to each of the used
sensors. Each cluster has a fuzzy codebook vector as a
reference vector for its known-category that should be
represented.
For each input vector in input layer, the similarity
value was calculated with the reference vector using
max operation. Afterwards the output from each
cluster directed to output layer that performs the min
operation. Furthermore, the reference vector which
has higher similarity value selected from output layer
as a winner-reference-vector.
Let vector x(t) denote an input vector in an ndimensional sample space with T as the known-target
category, that can be expressed by:

x(t )

( x1 (t ), x 2 (t ),......., x n (t ))

(2)

Where n number of sensors, t denotes the time
instance, and x1 is a normalized triangular fuzzy
number of the sensor 1 (see Fig.1). The membership
function of x(t) can be expressed by:

hx(t )

(hx1 (t ), hx 2 (t ),......., hx n (t ))

(3)

Suppose the fuzzy reference vector for category i is
wi that can be expressed by:

wi (t )

( wi 1 (t ), wi 2 (t ),......., win (t ))

(4)

And the membership functions of wi can be
expressed by:

hwi (t ) (hwi 1 (t ), hwi 2 (t ),......., hwin (t ))

(5)

Each cluster in the hidden layer then determines
the similarity between the two vectors by calculating
the fuzzy similarity i(t) between fuzzy number of x(t)
and wI(t) for all of the axial components through a
max operation, defined by
i(t)

= max(h x(t) , hwi(t))

(6)

Where i = 1,2, . . ., m number of the category of the
odors.
Neuron in the output layer received the fuzzy
similarity i from hidden layer, and, as in LVQ,
determines the minimum one among all the axial
similarity components by
(t) = min ( i(t))

(7)

which is the output from the ith output neuron.
The winning vector reference in output layer was
fixed by selecting the reference vector which has the
higher similarity value. When the winning-neuron
similarity value in output layer equals to 1, the
reference vector and the input vector are exactly
resemble, but when the similarity value equals to 0,
the input vector and the reference vector are not
resemble at all.
FNLVQ learning is attained by presenting a
sequence of training vector with its known category,
and the similarity value between the fuzzy training
vector and the fuzzy reference vectors for all
categories are calculated. Using the similarity
calculation and category discrimination that has been
described above, the winning-output neuron with its
winning reference vector in the hidden layer has also
been decided. Then, both the winning and the nonwinning reference vectors are updated repeatedly for
reducing the difference between the output and the
target category.
In order to increase the similarity value between
reference vector and input vector conducted updating
vector procedure. These procedure are done in 2 step
of updating that described below. The first step is by
shifting the central position of the fuzzy reference
vector toward, or moving away from, the input vector.
The second step is by modifying the fuzziness of the
reference vectors, by increasing or decreasing its
fuzziness.
The aim of increasing and decreasing the vector
fuzziness is mainly to raising the possibilities of
making higher intersection between an input vector
and the winning-reference vector, which in turn will
increase the similarity value between those vectors.
We were using two type of fuzziness modification, the
first is by multiplying the fuzziness with a constant
factor, while the second is by multiplying it with a
variable factor [18]-[20].
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.
IV. SELECTION OF THE BEST REFERENCE VECTOR
The combination between FLVQ and fitness
function was elected because FLVQ has non-linear
learning speed and high convergence level. While
fitness function used as a function for selecting the
best reference vector initialization in initial learning
system process.

The learning process of optimized FNLVQ is to
find the best reference vector by using fitness function
in each input vector cluster. The best input vector
cluster used as initial reference vector, furthermore
similarity value calculated with the input vector. The
finest initial reference vector would deliver the
optimum discrimination result.
The details of optimized FNLVQ learning process
are written as follows:
1. First, optimized FNLVQ forms a number of
particles that contains a group of cluster layer
which constructed from random input vector. A
cluster layer depicted as a particle.
2. In first epoch, each particle trained using
convensional FNLVQ training method, then
fitness value obtained from the sum of similiarity
value from each particle.
n

fitnessk =

i

(8)

i 1

fitnessk : fitness value particle kth
μi
: similarity value
n
: input vector quantity in odor class
3. The best particle which has the best fitness value
is selected as a winning particle
4. pwin
: max(fitness)
(9)
pwin
: partikel pemenang
5. Furthermore this particle used as reference vector
in FLVQ training in the next epoch.
V. EXPERIMENTAL RESULT
This research was using 200 data for each odorant.
Each mixture odor consists of 6 and 12 odor class.
The group of odor mixture is prepared such as
depicted in table 1, respectively. The complex odor
mixture is combination from three-mixture of odors,
each odor-mixture is prepared by mixing a 33.3%of
odor#1, 33.3% of odor#2 and 33.3% of alcohol with
various gradient concentrations ranging from 0% to
70%.
Cross validation is one of statistical methods that
used to measure and analyze the accuracy of
experimental result in independent data. This method
divide data into several sub data, then the information
from this technique is used to confirm the truth and
validation of the initial data accordingly.
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 advantage of this method is that all observed data
is used either in training or testing process. This
research the cross-validation 10-fold is being utilized.
The experimental result using cross validation
shows that the recognition rate for each sub data is
different. For FLVQ, the highest recognition rate is
88.8% for sub data #2 and the lowest recognition rate
is 68.3% for sub data #10 in 6 classes of mixture
odors. Meanwhile for 12 classes of mixture odors, the
highest recognition rate is 79.5% for sub data #1 and
the lowest is 61.3% for sub data in 12 classes of
mixture.
From the experiment using cross validation method
we could conclude that the recognition rate of
FNLVQ depends on several factors i.e. the
initialization of initial reference vector. The
difference of recognition rate in FNLVQ was caused
by the variance of initialization of initial reference
vector in the beginning of testing. The finest initial
reference vector would give a better recognition rate.
The other factor is the organized pattern data. It
means that if the learning data is not well organized,
it will be difficult to have a representative final
reference vector. thus, that data recognition is good
somehow.
Meanwhile for optimized FNLVQ has a better
recognition rate than conventional FLVQ. The
highest recognition rate for optimized FNLVQ is
98.6% for sub data #9 and the lowest recognition rate
is 88.8% for sub data #4 in 6 classes of mixture odors.
Furthermore for 12 classes of mixture odors, the
highest recognition rate is 100% for sub data #2 and
the lowest is 86.7% for sub data #7 in 12 classes of
mixture. Its shows that the optimized FNLVQ method
has reduced the initial dependency FLVQ by selecting
the finest reference vector because the recognition
rate doesn’t up-and-down significantly. The
comparison of recognition rate between FLVQ and
optimized FNLVQ was depicted in figure 3-6
VI. CONCLUSIONS
This novel method in odor discrimination system
has developed viz. selecting the best initial vector
reference in FLVQ learning process. The experiment
shows that optimized FNLVQ has a better and more
stable performance than conventional FLVQ.
FNLVQ using random initial reference vector with
the result that learning and recognition process less
optimal. Initialization of initial reference vector takes
a main role because it’s the beginning of FLVQ
learning process. Good initial learning would get a
more precise result and speeding up of its
convergence in learning process.

TABLE 1
THREE-MIXTURE-ODORS PROBLEM, COMPOSED OF THREE-MIXED-BASE ODORS
DILUTED IN SIX GRADES OF ALCOHOL CONCENTRATIONS.
N
o
1
2
3
4

5

6

Type of Complex odor-mixture
CiCnAlch
Citrus-Cannagga based Alcohol
CiRoAlch
Citrus-Rose based Alcohol
CnRoAlch
Cannagga-Rose based Alcohol
CiCnAlch + CiRoAlch
Citrus-Cannagga based Alcohol + Citrus-Rose based
Alcohol
CiCnAlch + CnRoAlch
Citrus-Cannagga based Alcohol + Citrus-Rose based
Alcohol
CiRoAlch + CnRoAlch
Citrus-Rose based Alcohol + Cannagga-Rose based
Alcohol

Complex Odor-mixture with various gradient alcohol concentration

CiCnA0%, CiCnA15%, CiCnA25%, CiCnA35%, CiCnA45%, CiCnA70%,
CiRoA0%, CiRo15%, CiRoA25%, CiRoA35%, CiRoA45%, CiRoA70%
CnRoA0%, CnRoA15%, CnRoA25%, CnRoA35%, CnRoA45%, CnRoA70%
CiCnA0%, CiCnA15%, CiCnA25%, CiCnA35%, CiCnA45%, CiCnA70%,
CiRoA0%, CiRo15%, CiRoA25%, CiRoA35%, CiRoA45%, CiRoA70%
CiCnA0%, CiCnA15%, CiCnA25%, CiCnA35%, CiCnA45%, CiCnA70%,
CnRoA0%, CnRoA15%, CnRoA25%, CnRoA35%, CnRoA45%, CnRoA70%
CiRoA0%, CiRo15%, CiRoA25%, CiRoA35%, CiRoA45%, CiRoA70%,
CnRoA0%, CnRoA15%, CnRoA25%, CnRoA35%, CnRoA45%, CnRoA70%

Fig. 3. The comparison between FLVQ and Optimized FNLVQ
by the cross validation for 6 output

Fig 4 The comparison between FLVQ and Optimized FNLVQ for each
sub data (6 output)

Fig 5 The comparison between FLVQ and Optimized FNLVQ by
the cross-validation for 12 output

Fig 6 The comparison between FLVQ and Optimized FNLVQ for each
sub data (12 output)
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Abstract— Behavior-based control architecture
has successfully demonstrated their competence in
mobile robot development. There are two key
issues in behavior-based design namely the behavior
design and the action selection problems. Fuzzy
logic system characteristics are suitable to address
the problems. However, there are difficulties
encountered when setting fuzzy parameters
manually. Therefore, most of the works in the field
generate certain interest for the study of fuzzy
systems with added learning capabilities. This
paper presents the development of fuzzy behaviorbased control architecture using Particle Swarm
Optimization (PSO). A new nonlinear function of
modulated inertia weight adaptation with time,
named as Sigmoid Decreasing Inertia Weight
(SDIW), is designed for improving the performance
of PSO. Then, four individual behaviors based on
Particle Swarm Fuzzy Controller (PSFC) is
developed using the modified PSO with two stages
of the PSFC process. Afterward, the behavior
coordination is developed using Context Dependent
Blending (CDB) with Flexible Fuzzy Context Rules
(FFCR) using the modified PSO as well. Several
simulations and experiments with MagellanPro
mobile robot have been performed to analyze the
performance of the algorithm. Genetic Algorithm
(GA) and Genetic Fuzzy Controller (GFC) are used
as comparison. The promising results have proved
that the proposed control architecture for mobile
robot has better capability to accomplish useful task
in real office-like environment.
Index Terms – Fuzzy behavior-based robot,
particle swarm optimization, fuzzy system, particle
swarm fuzzy controller

I.

INTRODUCTION

A

field of mobile robotics now being attractive and
has been established as a main alternative to
conventional robot is Behavior-based controls [1]. But,
several problems have been encountered with behaviorbased approach as a mobile robot technique. One of
them is a behavior have two stages should be dealt with,
known as behavior design problem [2].
A number of control systems have been provided to
get to the bottom of those stages. There are many
rawbacks of the traditional methods lies in the fact that
they are computationally intractable and each of these
methods is suitable for a particular type of problem. So,
a more versatile and computationally tractable algorithm
is desired [3].
Consequently, individual and hybrid Artificial
Intelligence have been tried to apply including Fuzzy
Logic, Neural Network and
Evolutionary
Computations [4]. But, the first and most common
techniques to implement individual behavior control
unit is fuzzy logic [5] and [6]. However, there are
difficulties to set Fuzzy Logic parameters properly.
Training and learning is needed to tune those
parameters.
This paper will present an approach to overcome
behavior design problem aforementioned by means of
Particle Swarm Fuzzy Controller (PSFC). The
controllers are based on Fuzzy Logic Controller (FLC),
where the fuzzy parameters are tuned automatically by
Particle Swarm Optimization (PSO). The organization
of this paper is as follow. The Fuzzy Behavior-based
and PSFC are discussed briefly about in section 2 and
section 3. Later, the proposed design is explained in
Section 4. Section 5 will show experimental results.
Finally, this paper will be concluded in Section 6.
II.

FUZZY BEHAVIOR-BASED ROBOT

Behavior-based approaches were founded on the
Subsumption
Architecture [7], which is a

methodology for designing autonomous mobile robot
[1], [7], and [8]. The behavior-based methodology is a
bottom-up approach inspired by biology, in which
several modules, called behaviors, act in parallel
achieving goals. The basic structure consists of all
behaviors taking inputs from the robot‟s sensors and
sending outputs to the robot‟s actuators. A coordinator
is needed to send final command to the actuators if
there is more than one behavior activated at a moment.
A fuzzy behavior-based robot means the using of
fuzzy control technique to overcome this approach [9].
Architecture of fuzzy behavior-based robot is formed
by two blocks, i.e., fuzzy behavior module as behavior
controller and Context Dependent Blending (CDB) as
behavior coordinator, as shown in Fig. 1. There are
some rewards of fuzzy system as in [6], and [9].
However, there are difficulties, tedious and trialk
and-error work tok+iset membership
function as well as
fuzzy rule base in Fuzzy System properly. Often, the
manually tuned solution ns are not optimal. Also,
increasing the number of variables in fuzzy system, the
number of rules is increased exponentially, which
makes it more difficult to define the rule set for a good
system performance. Training and learning is needed
to tune those parameters.

Eberhart in 1995 [16],[17]. The method finds the optimal
solution by simulating such social behavior of groups as
fish schooling or bird flocking. That is, PSO is an
optimization method that uses a principle of social
behavior of a group.
The concept of PSO can be described as follows:
each potential solution, called particle, knows its best
value so far (pbest) and its position. Moreover, each
particle knows the best value in the group (gbest) among
the pbest. All of the best values are based on fitness
function (F(.)) for each problem to be solved. Each
particle tries to modify its position using the current
velocity and its position. The velocity of each particle
can be calculated using the following equation:
vik+1 = wi*vik + c1*rand*( pbest – Sik )+c*rand*(gbest –
sik ) (1)
where vik , vik+1, and s ik are velocity vector, modified
velocity and positioning vector of particle i at iteration
k, respectively, pbest and gbest are best position found
by particle i and best position found by particle group,
and finally, cj and wj are weight coefficients for each
term and inertia weight function for velocity of particle
i , respectively.
Afterward, the current position of a particle is
calculated by the following equation:
sik+1 = sik +vik+1 (2)
Updating process of particle is depicted in Fig 2

Figure 2 The velocity and position updates in PSO
Figure 1 Fuzzy Behavior-based Control Architecture

Therefore, most of the works in the field generated a
certain interest for the study of fuzzy systems with
added learning or tuning capabilities [10]. Neuro-fuzzy
systems are one of the most successful and visible
direction of that effort, such as used in [11] and [12]. A
different approach to hybridization leads to Fuzzy with
Reinforcement Learning [13], Genetic Fuzzy System
[14], Fuzzy Genetic Programming [15], etc. PSFC is one
of the novel techniques that will be described in next
section.
III. PARTICLE SWARM OPTIMIZATION
PSO is one of the artificial life or multiple particles‟
type techniques designed and developed by Kennedy and

An algorithm to find the best positioning vector of
PSO using n particles can be summarized as follows:
1. Initial positioning vector S[n] and velocity
vector V[n] are generated by using random
values.
2. Velocity vector
vi k+i of particle i is
i
calculated by (1).
3. Positioning vector s ik+1of particle i is updated
by (2).
4. If F(s ik) is better than F(pbest i), the positioning
vector sik is set to pbest. If F(pbesti) is better
than F(gbest), the positioning vector gbest is set
to pbest.
5. If the iteration reaches to the pre-determined
one, then stop. Otherwise, go to step 2.

To get better control exploration and exploitation of
particles searched, the concept of inertia weight, w, is
developed. Suitable selection of the inertia weight
provides a balance between global and local searching.
The inclusion of an inertia weight was first reported in
[18], where w is decreased linearly from about 0.9 to
0.4 during a run and has provided improved
performance on a number of applications.
This paper proposed a sigmoid decreasing inertia
weight (SDIW) to provide a better compromise of
exploitation-exploration trade-off. In SDIW, a large
inertia weight is maintained in first part of PSO
process to assure a global search. Afterwards, a small
inertia weight is retained to facilitate a local search in
final part of PSO process. There is very short inertia
weight gradation between the large and small values.
This method will provide a balance between global and
local searching to give the PSO a superior

Figure 3 Control Architecture of mobile robot

IV PARTICLE SWARM FUZZY CONTROLLER
Basically, PSFC is a fuzzy system augmented by a
learning process based on a PSO. In PSFC, PSO is
operated in order to search an appropriate Knowledge
Base (KB) of a fuzzy system for a particular problem
and to make sure those parameter values that are optimal
with respect to the design criteria. The KB parameters
constitute the optimization space, which is transformed
into suitable position on which the search process
operates.
It is proposed in the work to design PSFC in two stages
process. In the first stage, PSO starts to learn fuzzy rule
base with predefined fuzzy membership By means of
these two stages, ideal fuzzy parameter could be reached
without human intervention.
The control architecture of behavior-based mobile
robot proposed in this paper is based on PSFC, as shown
in Fig. 3. The mobile robot consists of four behaviors,
namely; goal seeking, left wall following, right wall
following and obstacle avoiding behavior.
Each fuzzy behavior has full access to all sensor
readings and processes its own command to control
direction of every behavior. All knowledge bases of
fuzzy behavior are tuned by PSO. Later, commands from
each behavior are coordinated to generate a final
command for best action according to particular situation
using CDB.
A. Model of Mobile Robot
The experiment used MagellanPro robot as a model.
The MagellanPro is a circular shaped mobile robot from
iRobot. Two dc motors independently control two
wheels on a common axis. A third wheel
(caster) is provided for support.
The robot has dimensions such as follows: D = 40.6
cm, H = 25.4 cm, r = 5.7 cm and W = 36 cm, here D is
diameter, H is height, r is the radius of wheels and W is
distance between two wheels, as depicted in Fig. 4(a).

Figure 4 Model of mobile robot: (a) Mobile robot dimension and
position, (b) Mobile robot sensors configuration

The robot is located in a two dimensional Cartesian
workspace, in which a global coordinate {X, O, Y} is
defined. A local coordinate {X‟, C, Y‟} is attached to
the robot with the origin at point C, the middle point of
two wheels which is the guide point of
this mobile robot.
The robot has three degrees of reedom that are
represented by a posture pc = (xc, yc, θc), where (xc, yc )
indicate the spatial position of the robot guide point in
the global coordinate system and θc is the heading angle
of the robot.
B. Fuzzy Behavior Design
For each behavior the fuzzy system has same structure
that is based on trapezoid and triangular shape as inputs
and output membership functions as well. The input of
individual behavior module receives inputs from sensor
signals (x1, x2, …, xn), and the control action (y1, y2) is
obtained from the output.
Most of behaviors have three inputs, except goal
seeking behavior has two inputs. In goal seeking
behavior, the inputs are target distance (d) and target
angle (θ).
In the other hand, front left distance (FL), left distance
(L), and back left distance (BL) are used for left wall
following, also front right distance (FR), right distance
(R), and back right distance (BR) are used for right wall
following, respectively. Finally, in obstacle avoiding the
input namely are left front distance (LF), front distance
(F), and right front distance (RF). The configuration of

sensors applied is shown in Fig. 3(b). Every input has
three linguistic terms, i.e., CLOSE, MEDIUM and FAR
for distance and RIGHT, FORWARD and LEFT for
angle.
All of the behaviors have same two outputs, namely
linear velocity (v) and angular velocity (ω), and the
linguistic terms are LOW, MEDIUM and HIGH, and
LEFT, FORWARD, and RIGHT, respectively. Fuzzy
membership functions of goal seeking behavior are
depicted in Fig. 5.
Furthermore, the meta fuzzy rules are designed based
on flexible fuzzy context rule (FFCR) approach. FFCR is
proposed in this work to obtain the best arbitration
strategies corresponding to behaviors interaction
required in any situation. The fuzzy context rules are
designed as fuzzy set rules with conjunctions and
negations structures. A PSO with SDIW is used to
search the optimized fuzzy context rules for every basic
behaviors combination effectively. Instead of using two
stages of PSFC process, the one stage of PSFC process is
applied since the membership functions (MF) are
predefined. Finally, a command is performed by means
of defuzzification technique to coordinate individual
behaviors.
Afterwards, a PSFC is then applied as a searching
algorithm to tune the value of knowledge bases that
described in next subsection.

set of centre and width of each fuzzy membership
function. It means k i makes each center of membership
function move to the right or left and ji makes them
wider or sharper, as shown in Fig. 6. After that, the
adjustment coefficients are encoded to form a complete
particle.

Figure 5 Principle in tuning of
membership function

PSO process starts with randomly generated initial
populations. Then, all population of particles is evaluated
and associated base on fitness function to determine the
pbest and gbest. The fitness functions for goal seeking,
left (right) wall following and obstacle avoiding
behaviors, respectively, are:

C. Particle Swarm Fuzzy Controller Design
As PSO deal with coded parameters, all parameters that
need to be tuned must be encoded into a finite length of
string. The encoded strings are concatenated to form a
complete particle.

Figure 6 Membership functions of (a) distances, (b) angle for
input, and (c) linear and angular velocity for output

First, in order to search fuzzy rule base, each rule is
encoded into integer codes that are based on number in
linguistic terms of output membership function. It means
there are „1‟, „2‟, and „3‟ for LOW, MEDIUM, and
HIGH for linear velocity (v), and RIGHT, FORWARD,
and LEFT for angular velocity (ω), Respectively
In another side, for tuning of membership function
the following equations were defined:
C x = C x + ki
Wx = Wx + ji

(3)

where k i and ji are adjustment coefficient, C x, and Wx are

where I is the total number of start position, K is the
number of step simulation for each start position, eθ is
the angle error, ed is the distance error, ω (k), and v (k)
are the linear velocity and angular velocity at k,
respectively, and c is constant for collision check,
whether 0 if there is no collision and 1 if there is
collision. Generally, objective of these functions are to
provide movement of robot by avoiding obstacle, higher
speed, straight direction, maintain some distance with
wall and reaching the goal.
After that, the velocity vector and new position vector
are
calculated
based
on
novel
approach
aforementioned. The procedure is repeated until the
termination condition is reached for each individual
behavior respectively.
However, the fitness function for for fuzzy context
rules can be given as:

where I is the number of iterations corresponding to the
number of target positions, Time is the percentage of
the number simulation steps performed from the total
time provided, Way is the percentage of the distance
left from the start position to the target position in the
current stage, Coll is the number of the mobile robot
collisions with obstacles or walls, and DeltaWallSq is

the sum of square of difference between the left
distance and the right distance. The fitness function
thus defined tries to take into account the different
aspects relevant to a good robot performance:
rewarding low execution times (Time) and the degree
of completion of the task (Way), punishing collisions
with the obstacles or walls (Coll), and maintaining the
mobile robot movement in centre of the corridor
(DeltaWallSq).
V. SIMULATION RESULTS
In order to validate and to demonstrate the
performance of the proposed algorithm, several
simulation exercises have been performed. The
experiments are simulated on a 2.20 GHz Pentium
IBM-compatible notebook with 512 MB RAM. The
algorithms are mainly developed by means of
MATLAB Version 6.5 Release 13.
Some of experiments have been designed. Results
of fuzzy behavior that are obtained by GA, called as
Genetic Fuzzy Controller (GFC) from previous works
are used as comparison.
Generally, each of PSO running process has the
population of 40 sizes and run in 100 generations.
However, there are different total numbers of start
position and step simulation for each behavior. The
symmetric sigmoid function, n = 0.5, is used with the
common value of w_start and w_end as 0.9 and 0.4,
respectively. The same value of c1 and c2 of 2.0 is
applied. Equations (4) to (6) are used as fitness
function for each behavior accordingly. To obtain a
good result, every PSFC process is performed in 10
correspondence run times.
An unstructured environment is used for testing
individual behavior.
The dimension of the
environment is 10 by 10 meters and enclosed with wall
as fence. A small square is assumed as a goal point. A
sequence of points is concatenated as objects, such an
obstacle or walls. Several initial positions will be tried to
investigate the robustness of the PSFC algorithm. The
dimension of time was measured by the number of
iteration, t. It is assumed that each of iteration is equal 1
second.
A comparison between PSO and GA in each behavior
and process was investigated. Table 1 listed the fitness
value based on the process and behavior accordingly to
show a comparison between learning or tuning fuzzy
parameters with GA and PSO process. The smallest value
indicated the best performance. It is noted that PSO and
GA provided better results than FLC, but PSO had higher
convergence speed and obtained better optimized value
than GA.

Figure 7 Mobile Robot movements for goal seeking behavior starting
from (2, 2, π/2) (a) FLC, (b) GFC, and (c) PSFC

In order to investigate the control performance of
PSFC, several experiments of mobile robot movement
were implemented for each behavior. The mobile
robot movements of individual behavior from different
start positions and different situations were studied
and analyzed. Orientation of the mobile robot was
shown by header of robot as a small line. Density
between the mobile robots represented the speed of the
mobile robot movement. More density between them
meant slower movement of the mobile robot, and vice
versa. Individual fuzzy behaviors obtained manually
(FLC) and GFC were shown as comparison.
As the target of goal seeking behavior is that the
mobile robot able to reach a goal effectively, the

simulation results were shown in animations of mobile
robot movement and time response of the behavior
variables, which are target distance (d) and target angle
(δ). Hence, a goal was placed in certain position and
depicted as a small black square. The mobile robot
movement of goal seeking behavior and the time
response, as an example, are depicted in Fig. 7 and Fig.
8.
Based on Fig. 7 and 8, it is noted that the three
algorithms had the same performance for angle. It was
shown that the movements of mobile robot had the same
orientation to the goal in Fig. 6 and the same time
response as in Fig. 8. However, there are different
characteristic for distance, where the PSFC gave the
best time response. The PSFC reached the goal within
28 s, while the GFC within = 35 s. Moreover, FLC
fuzzy behavior could not reach the goal within 35 s.
To study the performance of the algorithm, the
proposed algorithm was simulated and tested in the
actual complex environment. The experiment was
based on Hoffmann‟s works. The mobile robot had to
reach the target position located in the right side of an
obstacle trough two type of corridors. Fig. 9(a) showed
the simulation result based on Hoffmann‟s work.
Simulation and experimental with MagellanPro real
robot results using the proposed algorithm were shown
in Fig. 9(b) and 9(c), respectively. It is noted that the
MagellanPro robot is able to accomplish the task with
approximately the same characteristics as in the
simulation mobile robot.
This paper has presented a Particle Swarm Fuzzy
Controller (PSFC). PSFC is a Fuzzy Logic Controller
where the fuzzy knowledge based is tuned by means of
Particle Swarm Optimization. The controllers are used to
generate individual fuzzy behavior action.
VI. CONCLUSION
Based on the experiment results, the mobile robot is
able to deal with some individual behaviors and
coordinate the behaviors effectively although in
different structured environment, incomplete and
imprecise sensors, and imperfect actuator. Generally,
it is noted that the proposed control architecture has
the good ability to be applied in MagellanPro mobile
robot to accomplish the simple in real unknown
environment.
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Abstract—In this paper, adaptive controller dominant
type hybrid adaptive and learning controller is proposed.
The proposed controller consists of model-based adaptive
control (MBAC), repetitive learning control (RLC) and
proportional-derivative (PD) control for trajectory tracking of robot manipulators. During the tracking process
occurred, the value of adaptive control input increases
by the progress of estimation of dynamical parameters,
while the value of the repetitive learning control input
decreases close to zero quickly by adding a forgetting
factor into learning law. Adaptive control input becomes
dominant than others when the actual position trajectory
converges to desired trajectory. Computer simulation results show the effectiveness of the proposed controller in
achieving the accurate tracking to the desired trajectory.

I. I NTRODUCTION
It is well known that robot manipulators are generally used to perform the same task repeatedly, such as
painting, welding and grinding task. These processes
need fast move of tools, and the control process must
be accurate for tracking a prescribed desired trajectory.
Therefore, a controller that is capable of improving its
accuracy of the repeated task over a given operation
time attracts interest of many researchers.
Based on the task motion above, there are two
important things. The first thing relates to the accuracy of tracking. During the controller is tracking a
desired trajectory, the dynamical parameters of the
robot manipulators such as inertia moments of links
are not well known for any position. To solve this,
researchers proposed the model-based adaptive control
(MBAC). The basic idea of this controller is estimation
of the unknown dynamical parameters of manipulator
on-line [3], [13]. This controller has proven successful
in dealing with estimation of uncertain dynamical parameters during execution of prescribed desired motion
accurately.
The second thing relates to the repetition of tracking
task in every period. In [1] and [9], Arimoto et al.
developed the betterment learning controller as the
iterative learning controller (ILC). The ILC requested
to return to same initial configuration after each learning trial before a new trial can be attempted. [2]

proposed the ILC that requested the previous trial
control input plus terms proportional to the tracking
error or its time derivative. If the ILC is applied on
the periodic motions, it needs more time for trajectory
tracking because it requests initial configuration every
learning process. Therefore, a number of research
efforts have been made for developing the controller
without the requirement for same initial configuration
in all learning process. This development was known
as the repetitive learning control (RLC). The RLC was
not required the robot manipulators periodically return
to the exact desired initial configuration to execute the
periodic motions in T period, but recalled trajectory
error as long executing process and stored this error
to update the control input for next period. [6] and [8]
represented this method.
To fulfill two things above, over the years, a number
of researchers have been developed a hybrid controller
which combined the MBAC with the RLC. Absolutely,
by combining both types of controller, the researchers
want to obtain their perspective benefits. The RLC
will manage control input accurately as long as the
desired trajectory that is given as periodic function is
not changed, but if it is changed, the controller needs
long time to relearn the feed-forward control input.
Whereas, applying the MBAC will maintain control
input by estimated value of dynamical parameters
even if desired trajectory is changed during process
occurred.
Many previous papers proposed a hybrid adaptive and learning controller. [4] proposed a hybrid
adaptive and learning controller for robot manipulators in which the RLC was more dominant than
the MBAC. The adaptive controller estimated the
dynamical parameters of manipulator by adaptation
law. [7] proposed a hybrid controller with velocity
estimation that used a simple linear-state observer
to obtain estimates of the joint velocity signal. [5]
developed a hybrid adaptive/learning controller that
utilized learning-based feed-forward terms in based on
Lyapunov-based approach. [10] proposed the model of
adaptive and learning controller based on [4] in which
the new controller had more simple condition for

stability and resulted the more effective type controller
for trajectory tracking. In [11], Nakada et al. developed
the new model hybrid controller in which the MBAC
became more dominant than the RLC. The new proposed controller could adjust the feed-forward control
input immediately although the desired trajectory was
changed. [12] developed the adaptation dominant type
hybrid adaptive learning controller based on [11] in
which learning controller is added a forgetting factor
to adjust the control input of RLC approaching to zero.
In this paper, we propose a new type of hybrid adaptive and learning controller in which adaptive control
input becomes dominant than others when the actual
trajectory is tracking close to desired trajectory. The
proposed controller has more simple control structure
than [12] by using only one estimator of unknown
dynamical parameters. Computer simulation results
show the effectiveness of the proposed controller in
achieving the accurate tracking to the desired trajectory.
II. DYNAMIC M ODEL OF ROBOT M ANIPULATORS
The robot manipulators is defined as an open kinematics chain of rigid links. Using the Lagrangian
formulation, the following form is equation of motion
of robot manipulators


1
Ṙ(q) + S(q, q̇) q̇ + G(q) = U (t), (1)
R(q)q̈ +
2
where q(t), q̇(t), q̈(t) ∈ R n denote the joint angle
position, joint angle velocity and joint angle acceleration vectors, respectively, R(q) ∈ R n×n represents
inertia matrix which is symmetric and positive definite,
S(q, q̇) ∈ Rn×n represents skew-symmetric matrix
from Coriolis and Centrifugal force, G(q) ∈ R n
represents the gravitational force vector and U (t) ∈
Rn represents the control input vector generated by
independent torque sources at each joint.
In the considering tracking problem of robot manipulators, we will assume that a task of robot manipulators is defined by prescribed periodic desired joint
position, velocity and acceleration trajectory during an
interval of finite duration T . We denote the desired
joint position, velocity and acceleration vectors by
qd (t), q̇d (t) and q̈d (t) respectively. Based on prescribed
desired trajectory and actual trajectory of robot manipulators, we can define the position and velocity
tracking error by Δq(t) and Δq̇(t) ∈ R n as follow:
Δq(t) = q(t) − qd (t),

(2)

Δq̇(t) = q̇(t) − q̇d (t).

(3)

and
Thus, to ensure the convergence of the trajectory
tracking, we make correlation of the desired joint
velocity q̇d (t) with position tracking error that was
defined as the reference velocity vector by:
q̇r (t) = q̇d (t) − αΔq(t).

(4)

Taking the time derivative of eq. (4) gives reference
acceleration vector as follows:
q̈r (t) = q̈d (t) − αΔq̇(t),

(5)

where α ∈ Rn×n is a positive definite matrix. Now
we define the filtering tracking error s(t) ∈ R n as
the difference between current velocity and reference
velocity. The filtering tracking error is defined as
follows:
s(t) = q̇(t) − q̇r (t) = Δq̇(t) + αΔq(t).

(6)

This filtering tracking error will be used for stability
analysis.
The objective of this paper is to design the controller
which can ensure that the trajectory tracking error is
asymptotically stable, as follows:
lim Δq(t) = 0.

t→∞

(7)

Based on eq. (1), we can describe another form
of equation of motion of robot manipulators that is
expressed by:
H(q, q̇, q̇, q̈)Θ = U,

(8)

where Θ ∈ Rm represents the unknown dynamical
parameter of manipulator such as mass of links, while
H(q, q̇, q̇, q̈) is the n × m nonlinear function matrix
that is known as regressor matrix. Based on eq. (4)
and eq. (5), we can define matrices H r and Hd as
follows:
Hr (q, q̇, q̇r , q̈r )Θ =


1
Ṙ(q) + S(q, q̇) q˙r + G(q)
R(q)q¨r +
2

(9)

and
Hd (qd , q̇d , q̇d , q̈d )Θ =


1
Ṙ(qd ) + S(qd , q̇d ) q̇d + G(qd ),(10)
R(qd )q̈d +
2
where Hd depends only on desired trajectories. By
substituting eq. (9) and eq. (10) into eq. (1), we get
another form of eq. (1) that can be written as follows:


1
Ṙ(q) + S(q, q̇) s(t)
R(q)ṡ(t) +
2
+H̄Θ + Hd Θ = U (t), (11)
where
H̄ = Hr (q, q̇, q̇r , q̈r ) − Hd (qd , q̇d , q̇d , q̈d ).

(12)

III. A DAPTIVE C ONTROLLER D OMINANT T YPE IN
T HE H YBRID C ONTROLLER D ESIGN
In right side of eq. (1), there is input torque vector
that was stated by U (t). In this section, we propose
controller of input torque vector based on a hybrid
adaptive and learning controller as follows:
U (t) = Ua (t) + Ul (t) + Upd (t),

(13)

where Ua (t) is the MBAC input, Ul (t) is the RLC
input and U pd (t) is the PD control input.

Y

A. Model-based adaptive control (MBAC) input
The MBAC input is given by following equation:
Ua (t) = Hd (qd , q̇d , q̇d , q̈d )Θ̂(t),

(14)

where Θ̂(t) ∈ Rm is a vector that is used to represent
a vector of estimated unknown dynamical parameters.
The estimation of unknown dynamical parameters are
generated on-line according to adaptive update rule by
the following adaptation law:
˙
Θ̂(t) = −Ka HdT (qd , q̇d , q̇d , q̈d )s(t),

Link 2

m2
q2

Link 1
l1

(15)

where Ka is adaptive gain selected as a symmetric
positive definite matrix.

l2
lc2

lc1

q1

m1

B. Repetitive learning control (RLC) input
The RLC input recalls the filtering tracking error
and stores error to update the next control input. The
RLC input is given in the form as the following
learning law:
(16)

where β is forgetting factor selected as scalar value
0 < β < 1, whereas Kl is learning gain selected as a
symmetric positive definite matrix. The initial learning
input is defined by U l (0) = 0, which satisfies Ul (t) is
0 for first period t ∈ [0, T ]. Different from [12], the
learning law of the RLC input in eq. (16) is updated
only by the filtered error s(t) and simpler than the
learning law of [12]. Forgetting factor β is used for
increasing the convergence speed of input value to
zero.
C. Proportional-derivative (PD) control input

qd
1.5
1
0.5
0
−0.5
−1
−1.5

0

(17)

where K is PD gain selected as a symmetric positive
definite matrix.
IV. C OMPUTER S IMULATION
To illustrate the effectiveness of the proposed controller, computer simulation is is carried out using a
model of two degrees of freedom planar manipulator
with revolute joint (Fig. 1). In this simulation, the value
of physical parameters are set as m 1 = m2 = 0.2
[kg], l1 = l2 = 0.4 [m], lc1 = lc2 = 0.2 [m],
whereas the dynamical parameters can be defined as
2
2
[Θ]T1×5 = [I1 +m1 lc1
, I2 +m2 lc2
, m1 lc1 , m2 lc2 , m2 ]T .
The gravitational acceleration is 9.81 [m/s 2 ], and its
direction towards the negative direction of Y axis.
The desired reference trajectory for q d1 (t) and
qd2 (t) are defined as:


π
πt
qd1 (t) = qd2 (t) = √
2 sin( ) − sin(πt) ,
2
27
(18)
over the time interval [0,T ]. The length of period T
of qd (t) is 4 [s] and it is shown in Fig. 2. We simulate
this trajectory for 25 periods. For the control gains,

Two degrees of freedom planar manipulator

2

−2

The following is as PD feedback:
Upd (t) = −Ks(t),

Fig. 1.

Angle (rad)

Ul (t + T ) = βUl (t) − Kl s(t),
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O

Fig. 2.
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Desired trajectory qd1 (t) and qd2 (t) are in one period

we select as α = 3I2×2 , K = 3I2×2 , Ka = 0.01I5×5 ,
Kl = 2.9I2×2 , and β = 0.5 where Ii×i is an
i × i identity matrix. Furthermore, we set zero for
the initial condition of position angle of link i and
all the estimation of dynamical parameters. Also with
initial control input of the RLC, we define zero for
first period. By applying the proposed controller, we
obtain the tracking position error of joint 1 and joint 2
that are depicted in Fig. 3-4. In the beginning task of
trajectory, the error value is large. It happens because
the controller starts to recall trajectory error and stores
the errors to update the controller for next period. After
fourth period (20 seconds), the error value decreases
approaching to zero. It is clearly that the tracking error
decreases after every period and approaches to zero.
Fig. 5-6 show control input of the MBAC. The initial
control input is small enough, and then increases and
becomes dominant to handle for the tracking task.
Whereas, Fig. 7-8 show the control input that are
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resulted by the RLC. The control input of the RLC
in second period is highest than all control input value
during trajectory tracking, then decreases according to
learning updated law in which the forgetting factor
influences the speed of control input converging to
zero.
V. C ONCLUSION
In this paper, adaptive controller dominant type
hybrid adaptive and learning controller is proposed for
trajectory tracking of robot manipulators. Throughout
tracking the desired trajectory, the learning controller
manages control input accurately by updating the
filtered error, and the adaptive controller adjusts feedforward control input quickly by using one estimator
of unknown dynamical parameters. The control input
of the MBAC becomes dominant than the RLC during
the tracking process occurred to reduce the trajectory
tracking time. The computer simulation results show
that proposed controller has significant performance
to achieve accurate tracking well. The authors are
going to prove the asymptotic stability of the proposed
controller based on Lyapunov-direct method.
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Abstract—This research is conducting an
experiment on formation pattern by LEGO
Mindstorms NXT robot. The experimentation is
done gradually starting from the simplest pattern
to the complex one by the job distribution
application in the polygon pattern using periodic
equation where its feature is free from the initial
condition of the difference variable value. The
formation pattern in this study comprises 3 stages
including the equation application phase, robot
simulation application phase and hard ware
application phase. The pattern observed consists of
triangle, rectangle and pentagon.
I. INTRODUCTION

I

many situations, the autonomous mobile swarm
robot application to some extend could possibly
come up with a good solution to a certain difficult
problem [1-5]. One of the key factors to this success is
the cooperative characteristic among robots within
the group to share data and information with each
other. Thus, the communication factor should be the
critical point to handle.
The aim of this research is at the observation upon
the communication simulation among autonomous
robots to perform certain job. The further objective
should seek the possibility where each robot is
functioned and distributed different job to reach
certain goal optimally. By this different characteristic
the robot hopefully enables to determine its own
position in the group either as the commander /leader
or other specific autonomous job [6].
To accomplish that purpose the research will
deliver the case study of gradual formation pattern by
a group of some autonomous mobile robot. Here it
means to form a certain pattern should go through
other simple pattern. As an example to this study is
the job distribution scheme for individual robot which
is shown to robot acting at the corner position in

formation pattern to be compared by other robot
whose function is in line position of the pattern.
Next, due to the research is to show the
communication and coordination simulation among
robots within a group, only certain pattern is chosen
in representing this hypothesis including triangle,
rectangle and pentagon. This individual pattern is
formed gradually, so before reaching the intended
polygon pattern, the robot firstly form the circle
pattern. Because the robots start the formation
initially without certain pattern, so to reach that circle
pattern, the robot should form the line and random
pattern beforehand [7]. The following picture
depicted the gradual formation polygon pattern
through line and circle formation.

N

Fig. 1. Several phases in forming the polygon pattern gradually

This research, the autonomous robots employed are
homogeneous whose specification are identical with
the intention that the job distribution scheme
including function and role to each robot should not
depend upon its certain specification. Thereby, the
methodology used in this observation is expected to
be applied to any kinds of robot specification and
problem encountered so long as the communication
and coordination process among the autonomous
robot colony are required [8].
II. METHODOLOGY
One of the hurdles that need to be considered
during the observation and experiment is the lack of
the infrastructure causing the robot failing to gain the
surrounding information as well. Even though the
robots engaged in this work possess high sensing

capability in wide space. This is costly accordingly
[9]. Thus, this gradual formation pattern is expected
to overcome the limitation each robot has to gain the
information from the environment besides its
simplified solution.
Then, to come up with this formation pattern, the
simple information generated locally among robots
should be utilized in a way of avoiding global
information. So, the periodical equation model is used
to determine the distributed function and role of
robot.
A. Periodic Function
Periodical function is a mathematical function
whose value is repeated at certain interval or period.
A function is categorized as periodical function if it
fulfills the following equation:
(1)
Where P is a non-zero (0) value constitutes a
period or interval from that function. An example of
periodical function is trigonometric, whose function
value is repeated at the interval 2π. Figure 2 shows a
trigonometric function
[10].

(3)
If the equation presented in graph, the above
equation can be shown in the following figure 3. The
analysis over the graph will be exemplified by the
consecutive problem:

Fig. 3. Representation of the dynamic of function sinus x

Imagine fluid flows along with X line with
different velocity in accordance with certain rule. By
following this rule the qualitative solution to equation
can be understood as well.
Also imagine an imaginary point (phase point) in
that flow. To find the solution, this phase point is
moving along with the above mentioned fluid. This
moving point should be the representation of this
differential equation. The outcome of the analysis is
as the following:
- When

, the flow will move to the right.

- When

, the flow will move to the left.

- When

, the flow will stop.

It describes the changing value of x against time is
zero (0) or x value will be constant.
The point where
Fig. 2. Periodic function of sinus

B. Flow on the Line Function
Assume the following differential equation:
(2)

is the first differential from the function x(t), x(t)
is the function for time t and f(x) is the function x.
This equation is the first order of differential equation
or one dimension.
Meanwhile, Flows on the Line is the way to
understand the first order differential equation as a
vector area. The following is an example of the
equation:

is the fixed points. There

are 2 kinds of fixed points, the first is stable fixed
point (also called sinks or attractors) where the flow
will move to that point, and unstable fixed point (also
called sources) where the imaginary flow will move
to be away from that point. By figuring out the
number and the position of stable fixed points and
unstable fixed points in an analysis graph of the first
order of the differential equation, the trait of this
equation can be seen when t  ∞ [10].
C. Line Formation Pattern
As previously mentioned, the first formation
pattern that should be constructed by autonomous
mobile robot is the simplest pattern which is a
straight line. When the simulation commences, each
robots will move to simulation arena consecutively
from the same point. To simplify addressing each
robot, the first coming robot to the arena is called the
commander or leader.

By the time robots entering the arena, the
commander will terminate at the proposed certain
range of distance. Then, by the given notification the
next robot as the follower will come into the arena as
well. By distance sensor and wheel rotation sensor,
the robot will stop when reaches the commander
position. After that this robot will notify the next
follower like the previous procedure on and on till the
last robot and form a straight line pattern. The
following figure 4 illustrates the stages in forming
this line pattern. In this figure the commander is
painted blue and the followers are red.

(a)

(b)

(c)

(d)

- Then, the commander moves along this track till
pass the complete circle. When the destination is
reached, the commander will notify the followers to
terminate and turn around to the centre point of
circle.
- Meanwhile, the rest only follow the shift of their
commander then they will stop after being notified
to do so. Then each robot will turn around facing
the centre point of the circle.

Fig. 4. Robots follow the head’s position in order to form line pattern

D. The Circle Formation
After the straight line formation accomplished, the
next phase robots are supposed to do is to form the
circle figure until finally to form the polygon figure
such as triangle, rectangle and pentagon. The
following is the procedure to form the circle figure.
- The commander will be conducting a calculation to
determine the circular formation track. The
outcome of this calculation is the pace value needed
by the left and right wheels by utilizing the
consecutive formulas:
Vleft = Rinner / t * W * T
Vright = Router / t * W * T

Fig. 5. Inner and outer circumference

(4)

Where,
Vleft : Left wheel velocity.
Vright : Right wheel velocity.
Rinner : The inner circle track
Router : The outer circle track
t
: Time consumed
W
: Circumference
T
: motor torsion value
The following figure 5 demonstrates the difference
between the inner circle track and the outer circle
track.

E. Polygon formation
Then to form polygon pattern of formation from its
circle configuration beforehand, there is a distribution
of job and role to each distributed mobile robot in
group. This different distribution of role is based
upon a variable of difference which is calculated by
periodical equation in accordance with the intended
formation of the polygon pattern. Next, by the
parameter of difference, the distribution of job and
role can be applied to the individual robot. This
supposition is successfully carried out due to the
character of periodical equation that is always
repeated in a certain period of time causing a wavy
line conjuncture depicting a summit and valley like
pattern which is used as the basing concept of the
distributed job and role to the robot. In this research
the periodical equation applied is mentioned as
follows:
(5)
Where, ui is a variable of difference value which is
plotted in sinusoidal and w is the determinant value
by which the number of wave can be formed. For the
next step, the modified differential equation
application is estimated to make this variable is
moveable along with a certain value by t  ∞.
Thereby, this variable value is able to be plotted on
sinusoidal wave. The differential equation is shown as
the followings:
(6)

(8)
where,
:

Variable of difference Margin.

:

Desired value.

:

Variable of difference.

To determine the equation of each polygon, the
analysis on the pattern and characteristic of the
intended polygon should be carried out beforehand.
As an example of this, the triangle owes three corner
points. In that way three graphs of wave are required
and consequently three robots should have higher
variable of difference value than other robots. Thus,
its equation should be:
Fig. 8. Graphical representation of function sin 2θ for tetragon

(7)
(9)

From the above principle, the graphical
representation is constructed as in figure 6 below:

Fig. 6. Graphical representation of function sin 3θ

Such kind of analysis should be made by observing
the transformation occurring from circle pattern to
the targeted polygon pattern and the number of
variable of difference which is expected higher (the
representation is shown by blue robots below).

(a)

(b)

(c)
Figure 7 – Analysis of transformation from circle to polygon pattern

Meanwhile for rectangle and pentagon will apply
the following equation and graph below

Fig. 9. Graphical representation of function sin θ for pentagon pattern

III. IMPLEMENTATION RESULT
The next step of this research will continue to the
implementation of the simulation program. To
support this activity the development of the software
and hardware is required. The software simulation is
developed
by WPF
application
(Windows
Presentation Foundation) and Microsoft Robotics
Developer Studio of Microsoft. The target of this
stage is to verify the similarity of animation base
simulation. The implementation result is revealed by
figure 10 below for triangle pattern formation.
After this equation is well verified, the next step
will be the robotic hardware implementation. This
project is using robotic Mindstorms NXT LEGO by
the specification mentioned in detail as in table 1
below.

(a)

(b)

Fig. 12. Architecture of hardware simulation implementation
(c)
Fig. 10. Steps on software simulation using Microsoft robotics
developer studio for triangle pattern formation

The following figure illustrates the hardware
simulation result at this phase (circle and triangle
formation)

Table 1 - Robot hardware specification
Robot’s name
Tribot
Dimension
13.5 X 18.5 X 18 cm
(estimated)
Weight
250 gram (estimated)
Moving concept
3 formation wheel
Moving method
Differential drive
Front wheel Diameter
5.5 cm
The distance between
11.2 cm
front wheels
connection
Bluetooth

Fig. 13. Screenshot of hardware simulation performing circle to
triangle pattern

Fig. 11. Specification of robot hardware

Coding application is using Microsoft robotic
developer studio application which is equipped
by.NET framework in order to work well during the
observation. Due to robot LEGO Mindstorms NXT
specification is not supportive to this experiment so
the additional specification is needed in form of PC
whose function is as the computational module. The
communication process between robots and PC is
carried out by Bluetooth feature connection. Then its
hardware simulation application conform the
architecture layout as follows:

IV. CONCLUSION
The outcome derived from this observation is that
the distribution of function and role actually can be
applied by the autonomous mobile swarm robot to
tackle a certain tasks. The application of the job
distribution scheme will be helpful for robot to locate
its own position in group and the expected more
difficult target can be accomplished by the
distributive mobile robot in a more specific function
and role. This process is done only by a simple local
interaction without any necessary of acquiring global
information of their environment. Besides, the
utilization of the homogeneous robots in group is
needed to avoid the dependency of the only certain
specific of robot during the development of this
application. As an example to this gradual formation
polygon pattern, this research utilizes LEGO

Mindstorms NXT robot where the distribution of
function and role is applied by repeated periodical
equation at the certain period. This gradual
methodology is aimed at the simplification of
technical arrangement by altering the equation
parameter application to form different polygon
pattern.
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Abstract— This paper discusses the initial phase
(prototypal) in the development of distributed
multihop robot-based communication network
which will be employed in an environment lacking
communication infrastructures and facilities. Such
an environment can be situated at disaster
locations in which communication infrastructures
are severely destroyed, remote regions which are
difficult to reach due to natural conditions, or
other dangerous regions due to reasons like wars
or armed conflicts. An expected characteristic of
the application of the robot network discussed in
this paper is the ease and speed of information
distribution in spite of no adequate infrastructure
available. In addition, the system is distributed
which will give several advantages in terms of
implementation and performance in real
situations. This paper focuses on the development
of algorithmic solutions to the problem. The
solutions will first be verified and analyzed using
software simulation, and then implemented on
hardware using NXT Lego Mindstorm Robot
modules. To simplify the problem in the current
phase, we assume a restricted and static
environment for the application.
I. INTRODUCTION

T

are several advantages of a distributed
system over non distributed ones. The first one is
the extensibility property which allows the system to
be developed in several phases. Adding and removing
system components can be done in a later time,
providing flexibility in development phases. In
addition, a distributed system usually employs
resource-sharing principle. This principle enables the
system to avoid total failure when one of its
components fails to function properly. Moreover,
because the system is composed of several smaller
components participating in a network, the cost
required for system development and maintenance
HERE

actually depends on the scale of the application and
the number of components involved in the system. In
addition to those advantages, heterogeneous system
development allows for other advantages [1].
All those advantages have motivated the progress
of distributed robot technology nowadays. A number
of applications of distributed robotic systems have
shown that the technology can be applied
satisfactorily to solve real life problems. Some
examples of the application of distributed robot
technology include: odor source localization to solve
the problem of gas leakage frequently occurred in
chemical or mining industries [2]; as well as, traffic
management using distributed robot system [3].
In this research, we will look at the application of
distributed moving robots in communication problem.
This research is motivated by the importance of
communication network whose adequate availability
is vital for fast information distribution. However, in
reality, we are often faced with problems which cause
required communication facilities inadequately
available or even unavailable at all. Such problems
are often coupled with highly intensive needs of
information distributions. For example, this happens
in natural disaster locations. In those locations,
natural disaster often causes partial or total
destruction of telecommunication infrastructure
which hinders the neighboring regions to provide
urgently needed help and evacuation [4].
A similar problem also occurs in other situations.
For example, this happen in remote areas that is
almost unreachable by communication facilities. In
such areas, severe natural conditions may make the
establishing of communication infrastructure difficult
or even dangerous. Similarly, the infrastructure
problem happens in conflict areas or warzones where
information distribution is a difficult and mostly
dangerous activity for the human which is made even
more difficult since communication infrastructure is
often destroyed during the conflict.

Those situations illustrated above motivate the
development of communication network with mobile
robots as it has many advantages if it is applied to
those situations. As an intelligent agent, a robot can
be used as a node in communication network which is
necessary for information distribution. The use of
multiple robots then allows a decentralized
communication network to be built, enabling gains in
terms of cost, time, application scale, etc.
II. METHODOLOGY
In this paper, we will describe an implementation
of mobile robot network which provides
communication functions in a restricted and static
environment. The result of the development is
intended as a prototype for the next development
phase of a real application of mobile robot network
which is able to provide a solution for problems of
communication infrastructure in the real world.
The mobile robot network described in this paper is
called a multihop network because the movement of
information in the network is realized in the form of
many hops between robots before finally reaching the
intended destination device. In this regard, each robot
holds the role of a host in a peer-to-peer
communication network. On the other hand, in order
to obtain a suitable configuration of the network
topology, robots in the system interact between each
other and move according the result of the
interaction. In this regard, each robot is a router
which determines the path connecting locations or
communicating devices [5].
The technology used by devices in the robot system
can be seen as an ad-hoc wireless technology. This
technology is employed because it is not necessary for
the network node to be static, thus supporting the
mobile nature of the robot network. This advantage
enables the multihop network application to be built
in areas in which the communication infrastructure is
inadequate. Moreover, because mobile robots can be
controlled remotely, the application is also useful in
dangerous areas like disaster regions and warzones.
Figure 1 gives the visual representation of the
multihop network.
From the figure, it can be seen that during the
search for a suitable network topology, robots can
easily enter and exit from the network. This enables
the network to be formed without preparing the
infrastructure beforehand. On the other hand, this
also causes the multihop network to be sensitive
against topology changes which force an adaptive
routing method to be applied [7].
This research will focus on the navigation problem
and the algorithm for robot movement when

searching for a suitable network configuration or
topology. Note that, the development of robotic
applications has to take into account other problems
including how a robot acquires information from its
environment (sensing problem); how a robot extracts
the information in order to make useful for its
knowledge (perception problem); and how a robot is
able to understand its relative position in the
environment in order to formulate plans to achieve its
objectives (localization) [8]. However, because these
problems are out of the scope of this paper, we
assume that every robot in our implementation uses
good mechanisms for sensing, perception and
localization in order to obtain various inputs for
navigation planning.
Examples of research that solve the sensing,
perception and localization problem can be seen at
[9][10]. With this assumption, by using a certain
localization method, e.g., making use GPS devices,
we can assume that each robot is able to determine its
relative position with respect to the origin point (0,0)
of some coordinate system. In addition, during the
search for a suitable network topology, the robots are
expected to provide connection between certain
locations. In this research, we also assume that the
information regarding those locations is also given to
the robot system.
A. Simulation Condition
As previously explained, this research will focus on
navigation planning for a group of robots. To solve
the problem systematically, the whole research is
divided into several phases depending on
environmental conditions below. In each phase, we do
simulations in the respective environment to test our
solution.

Fig. 1. Mobile robotic multi-hop communication network

a. Ideal environment: static and restricted. In this
kind of environment, there will only be objects
such as devices representing locations which will
be connected by the communication network (from
now on, called targets) and autonomous mobile

robots whose task is to find suitable network
topology and to distribute information through the
network.
b. Semi-ideal environment: restricted but dynamic.
In this kind of environment, besides the targets
and robots, there will be other objects and
components such as obstacles, forbidden region
that should be unreachable by robots, etc. In this
simulation, effects of obstacle to the performance
of the algorithm developed in this research will be
investigated.
c. Non-ideal environment: dynamic and unrestricted.
In this phase, the environment is made as close as
possible to the real condition. There will be
moving obstacles; the surface will not be flat and
smooth; and the environmental conditions may
change suddenly. The result of this phase can be
tested for the implementation in the real world.
Aside from the assumption regarding environment
as explained above, we also make some assumptions
about the resources employed to build the multihop
robot-based communication network, namely that the
number of robots that can be used and the time
provided to find the suitable network topology are
unlimited, hence the solution will be optimal. This
paper describes the result of our findings in the phase
designated as (a) above, namely in the idealistic
environment, i.e., restricted and static.
B. Dealing with Pair-source Problem
The pair-source problem is a condition in which
there are two targets in the simulated environment
that will be connected by the multihop robot-based
communication network. Before we explain the
algorithm employed for navigation planning, we will
first give the specification of the robots used in the
simulation.
The employed robots are autonomous, i.e., every
robot in the simulation only process information
received by itself. Each robot then applies the
information to achieve its own objectives. In order to
achieve a certain objective, an autonomous robot will
be equipped with several modules as follows.
a. Sensing module. It provides the robot with the
sensing functionality to acquire information from
the environment. By using this module, a robot is
able to recognize other objects around it as long as
those objects are in the range of its sensing area.
Figure 2 shows how this module functions.
b. Computation module. It provides the robot with
the computation functionality to process and
manipulate information obtained from the
environment in order to achieve a predetermined
objective, e.g., the ability of the robot to calculate
the distance to others in order to avoid collision.

Fig. 2. Robot can only sense objects within its sensing area

c. Communicaton module. It provides the robot with
the communication functionality which allows
information exchange and data transfer with other
robots in the system. This functionality serves as
the base of the multihop robot-based
communication network. Similar to the sensing
module, this functionality is provided only for a
certain range of communication area around the
robot. Therefore, the distance given by this range
should also be the maximum distance between
robots in the system in order to build a
communication link.
d. Locommotion module. It provides the robot with
the movement functionality that allows the robot
to use its motor engine to move to reach a
predetermined destination.
To determine the direction of its movement, a robot
utilizes information about its initial position and
destination position. The robot applies the
information according to the following movement
vector.
Pi‟ = Pi + ∆P
Pi‟ = (xi + ∆x, yi + ∆y, zi + ∆z)

(1)

where Pi‟ is the destination position in the i-th
iteration, Pi is the initial position in the i-th iteration,
and ∆P is the robot displacement in each iteration.
Since the simulation is done on a flat surface, the
value of the z-coordinate can always be assumed to be
0. Therefore, the movement of the robot is 2dimensional according to the following equation.
Pi‟ = (xi + ∆d * cos θ, yi + ∆d * sin θ)

(2)

Here, θ is the angle formed by the robot position
vector with respect to the origin (0,0) and ∆d is the
distance that can be reached by the robot in one
iteration or unit time. Next, the robot will stop when
the distance between its initial position and
destination position satisfies the inequality:

| P1‟ – P1 | ≤ Threshold

(3)

Now, in order to find a suitable network topology,
each robot needs to find feasible positions as possible
destinations so that all of the robots can forward
information between one another in the form of
„many hops‟. To simplify the naming, we will call
one of the targets as the source, that is, the location or
device which will send the information to other
targets. The basic idea to determine the feasible
positions is then realized by establishing the path
connecting the source with a target and then followed
by defining possible points in the path on which a
robot can be positioned. Whenever all of the robots
are already positioned on those points, then a solution
for the configuration of multihop robot-based
communication network is found.
For the pair-source case in an idealistic
environment (the static and restricted one), this
solution can be obtained by making use of the
information about source and target position as well
as the information about the communication range of
each robot. The optimal solution of this problem is
the shortest path connecting the source and target.
Since the simulation room supposedly has a flat
surface and only contains a source, a target and
robots, then the optimal solution is obtained by
calculating the straight-line distance between the
source and the target by the following equation:
D = √ (x2 – x1)2 + (y2 – y1)2

(4)

where D is the straight-line distance between the
source at (x1, y1) and the target (x2, y2).
Next, all feasible positions can be obtained by
computing all points with the same distance as the
communication range of each robot in the simulation.
This is done by the following algorithm:
For i=0 until i=(D/r)
Pi = (i * r * cos θ + x1, i * r * sin θ + y1)
End loop

(5)

Next, a robot is asked to pick one of the feasible
positions as its destination position. Figure 3 gives an
illustration on how the system determines those
feasible positions.
After all feasible positions are found; each robot
will compute the distance to all those positions and
move towards the closest one. A robot only stops
when it successfully moves to its destination position,
or if not, then it will opt for the next closest feasible
position until no more position can be picked.

Fig. 3. Feasible positions can be found by dividing the source-target
distance with communication range

The final step to determine whether a suitable
network configuration is found is accomplished by
checking the connection. Here, each robot will
determine whether it is directly connected to the
source or the target. If it is directly connected to the
source, it will mark itself as connected to the source
and then proceed with checking the connection to the
target. If the robot is connected with another robot, it
will ask this neighboring robot through the
communication module whether the neighboring
robot is connected to the source. If this is true, then
the robot mark itself as connected to the source as
well. This is done in a depth-first manner until all of
the robots are connected to the source [11].
Simultaneously, each robot checks whether it is
directly connected to the target. In the end, when all
of the robots are connected to the source and at least
one of them is connected to the target, we obtain a
configuration
of
a
multihop
robot-based
communication network connecting the source to the
target.
C. Dealing with Multi-source Problem
In this subsection, we extend the solution for the
pair-source problem to the multi-source case. In this
case, many devices or locations will be connected by
the multihop robot-based communication network. In
the pair-source case, the solution can be
straightforwardly found by determining the shortest
path between the source and the target. In the multisource case, we first have to determine all possible
combination of paths connecting all targets in the
same network and then proceed with computing
feasible positions from the optimal path
combinations.
In order to determine the combination of paths, we
represent all targets and paths in a connected graph
in which targets are represented by vertices and the
paths are sequences of edges. Because all targets can
be directly connected to each other, we obtain a
complete graph [12]. Figure 4 visualizes several
configuration graphs formed for three to six targets.

Fig. 4. Graph representation of multi-source problem with different
number of targets

After that, we check the combination of paths to
eliminate unwanted paths, namely the ones
connecting the targets in a non optimal way.
Note that the combination of solution path is a
spanning tree of the configuration graph. When the
number of robots is minimal, then the solution is a
minimum spanning tree (MST). If the number of
robots is greater than the weight of MST, then we
need to take into account the cost, namely the number
of robots to form the configuration, and total
distances between each pair of targets. The minimal
cost is achieved when the number of robots is
minimal, i.e., when the solution is an MST. On the
other hand, the total distance is minimal when the
configuration is a complete graph (CG). Thus, the
possible combination of solution paths satisfies
MST <= NR <= CG

(6)

where MST is the minimum spanning tree
configuration of the graph, NR is the number of
robots in the simulation, and CG is the complete
graph configuration of the given targets.
III. IMPLEMENTATION FRAMEWORK
In this research, the development is done until the
simulation phase and simple implementation on
hardware. Accordingly, a simulator is developed to
verify the algorithm before finally being implemented
on the hardware. The simulator is developed using
Java (J2SE) and Open GL to visualize the animation.
The robots are of Mindstorm NXT type from Lego.
The reason of using the hardware is because Lego
robots have certain features which are necessary to
developed the modules, as well as easy and cheap to
implement.

Fig. 5. Class relation of simulator implementation

B. Hardware Implementation
After the software implementation is finished
(including
the
aforementioned
algorithm
verification), the development proceeds to hardware
implementation. In this phase, testing and simulation
is done by employing the following components:
a. Three units of Lego robots equipped with
communication module.
b. Three webcams as the devices to track robot
positions or to provide GPS functionality.
c. One unit of simulation server or GPS host.
d. One artificial field as the environment for robot
movement.
The hardware design follows Figure 6 and 7. In the
figures, it can be seen that the employed localization
method assumes the availability of GPS functionality.
To satisfy this need, webcams are installed and
connected to the computer systems for computing
needs. The robots and computers then communicate
each other using Bluetooth.

A. Software Implementation
The software implementation is designed in such a
way so that it is reusable for the development of new
algorithms. Therefore, the modeling is done by using
class diagram which is given in the Figure 5.

Fig. 6. Design of hardware implementation framework

IV. EXPERIMENTAL RESULT
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Fig. 7. Screenshot of field settings

Figure 8 below depicts the simulation condition
with different number of robots when the solution of
multihop robot communication network is found.

Fig. 8. Solution of mobile robotic multihop communication network
with different number of robots
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TABLE 1
SIMULATION TIME WITH NUMBER OF ROBOTS=5
Time
(in ms)

Range
0.0005
0.001
0.0005
0.001

Ave
9045.73
4776.65
3196.15
1939.8

Ave
6165.65
3456.95
3261.6
1449.35

Std Dev
2426
1462.8
1673.32
775.1

8392
6110
7673
3157

Range

Min
3844
1641
672
547

Max
9812
6969
6969
2531

Std Dev
1514.28
1193.04
1389.2
552.63

5969
5329
6298
1985

Std Dev
1199.39
1087.06
1017.21
463.35

5298
4953
3531
1705

Range

TABLE 3
SIMULATION TIME WITH NUMBER OF ROBOTS=10
Time
(in ms)

Range
0.0005
0.001
0.0005
0.001

Max
14438
8469
8234
3578

TABLE 2
SIMULATION TIME WITH NUMBER OF ROBOTS=7
Time
(in ms)

Range
0.0005
0.001
0.0005
0.001

Min
6047
2360
562
422

Ave
4903.1
2762.55
2320.2
1437.4

Min
2969
1282
485
828

Max
8266
6234
4015
2532

Range
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Abstract—A character-based block sorting mechanism
comprise three stages: BWT, RANKING, and EC (entropy
coder). In a word-based block sorting, a parsing stage is
prepended to produce a sequence of integer tokens, each of
which represents a word or non-word in the input file. The
sequence of tokens is then processed through the three stages
as in the character-based block-sorting mechanism, except
that the set of symbols is now bigger. With a much bigger set
of symbols, it requires to use a more sophisticated data
structure. Isal and Moffat [9] have proposed the use of forest
of splay trees, where the sizes of the splay trees are generated
by certain growth-function. In this paper, the use of another
growth functions are discussed, and conclude that the growth
function from the Fibonacci sequence consistently produces
overall better compression effectiveness in the word-based
block-sorting mechanism for text files input from the Calgary
and Canterbury corpuses.
I. INTRODUCTION

L

ossless data compression by using block-sorting
approach began to draw attention from many
researchers since it was introduced by Burrows
and Wheeler in 1994 [5]. Input file is split into blocks
with equal size, and they are processed separately one
block at a time. Originally the block-sorting mechanism
is applied by treating input text file as a sequence of
characters; and it involves three stages: (1) BWT
(Burrows-Wheeler Transformation); (2) RANKING, and
(3) Entropy Coder (EC). Each stage has to be reversible
to guarantee the lossless property of the whole
mechanism.
BWT is a reversible transformation, which function
is to permute the character symbols in an input block
input, such that the resulting permutation in the output
block makes it more compressible. To permute the
block, each symbol is ordered based upon the
lexicographic context established by the immediate
preceding symbols. This mechanism means that
symbols following a particular sequence in the input
will be adjacent in the BWT output. The symbols in
BWT output are not sorted, but their contexts are. For
example, in English language, the character after “q” is

“u”, and hence after the permutation is conducted, all
the character “u” after “q” will be adjacent in the
output sequence. The output sequence can be thought of
as a sequence of segments, where each segment
corresponds to a previous context. In the previous
example, the segment that is correspond to the previous
context “q” consists only the character “u”. In BWT
output, a segment tends to have few distinct symbols
with higher frequencies (or have a locality of reference).
This property will be exploited in the next RANKING
stage.
The purpose of the RANKING stage is to replace a
symbol with its recency rank, that is the number of
other symbol’s occurrences after the last occurrence of
the symbol in the sequence. A BWT output sequence
with the property described above tends to be
transformed into a sequence with lower ranks, since
there are only fewer other symbols in segments with
higher frequencies. Hence, the frequency distribution
of symbols processed by RANKING stage tend to be
skewed to the left, since the frequency of smaller
symbols are increased. In the EC stage, this skewed to
the left of symbol’s frequency distribution gives a
better compression gain. An implementation of a
character-based block sorting can be found, for
example, in [7].
In a character-based block sorting, the symbol
unit to be processed is a character in the alphabet ∑,
with the size |∑| = 256. Before the three stages of the
block sorting is conducted, input text file is considered
as a sequence of m symbols (each of which is a
character) in the range 0-255. The idea of word-based
block sorting approach is to consider input text file as a
sequence of n symbols (each of which is a word or
non-word), where n< m (since a word consist of
several characters, and the existence of repeated
words), but with a much bigger range.
II. WORD-BASED BLOCK SORTING

In the word-based approach, before the three stages
of block-sorting are conducted, another stage called
PARSING is called, where an input text file is
considered as an alternating sequence of word and non-

word. A sequence of character is parsed and recognized
as a word (or a sequence comprised only characters in
a-z or A-Z) or non-word (or a sequence of other
characters). Every newly found word/non-word will be
assigned a token (an integer, started with 1, 2, an soon,
sorted by the order of appearance), and the next
occurrence of the word/non-word will be replaced by
the corresponding token in the output sequence. The
sequence of tokens output from the PARSING stage can
be input directly to the three stages of block-sorting,
except that the token symbols here are now integers in a
much bigger range. The largest token is the number of
distinct word/non-word found in the input file, which
could be hundreds of thousands. The large number of
distinct symbols creates problems in the implementation
of word-based block-sorting, and will be explained in
the next section.
Figure 1. Word-Based Block-Sorting Mechanism for Text Files.

dictionary can be done explicitly, where the dictionary
generated in the parsing stage is stored in separate
physical location from the sequence of tokens. These
two files are then processed separately. An alternative
way is to store the dictionary implicitly, i.e. blend it
with the sequence of tokens; hence the output of the
PARSING stage is only one sequence of symbols.
When a new word/non-word is found, the characters
are spelled out one by one in the output sequence.
For text files in general, one can observe the
occurrence of many non-words which is “a single
space between two words”. In the spaceless-word
approach introduced by de Moura, et.al[6], this special
non-word need not be given a token, nor need to be
written in the output sequence. The omission to write
the token for “a single space between two words”
alone can reduce the size of output sequence (for
example, around 17% for the input file wsj20), and
can still be done reversibly.
Figure 2. Parsing with Implicit Dictionary and Spaceless Words
Approach.

In the PARSING stage, the list of tokens and the
word/non-word its represent must be stored in a
dictionary, which will be used as reference to check
whether a word/non-word had previously found. In the
reverse process of PARSING, the same dictionary is
also needed to restore exactly the word/non-word it
represents, as the tokens in the sequence are read.
Word-based data compression was first introduced
by Bentley et.al [2], who proposed that the dictionary
produced by PARSING process of a text to be paired
with the code corresponds to its MTF (Move-To-Front)
value. Another word-based models can be found, for
example, in Horspool and Cormack [4], or Moffat [3].
The idea of spaceless-word parsing method is adopted
from the paper introduced by de Moura et.al [6].
Other researchers who had combined the idea of
block sorting with the word-based concept is Sadakane
[8]. Unfortunately, in the paper Sadakane did not
describe the necessary detail or structure to implement
the idea, nor gave the performance of the method.
Other researchers who have continually worked
through BWT topic are Gupta and Agarwal [15].
Lansky et.al. have also worked on topics related to
word-based block sorting text compression by
proposing the parsing approach based on syllable, in
several languages [14].
III. PARSING WITH IMPLICIT DICTIONARY AND SPACELESS
WORD APPROACH

There are several ways to be chosen in PARSING
stage in the word-based approach. Handling the

Figure 2 shows how an input text “the truth,
the whole truth, and nothing but the
truth” is parsed by using implicit dictionary and
spaceless-word approach. In the example, each newly
found word/non-word is spelled out character by
character in the output sequence, be given an integer
token, and every future occurrence of the word/nonword, the corresponding token is written in the output
sequence. It is shown in the figure that for every
occurrence of a single space between two words, the
writing of the corresponding token in the output
sequence is omitted. Also notice that token of a
word/non-word is started from 256, to distinguish them
from the characters from which the word/non-word are
formed (with values < 256).
The implicit dictionary and spaceless-word parsing
strategy has been discussed by Isal and Moffat [10], and
has been shown to be better compared to several other
ways of parsing, such as explicit dictionary, without
spaceless-word, and n-grams. In addition to its compact
size (or shorter sequence), the output of implicit

dictionary and spaceless-word that consist only one file
is also preferable.
IV. BURROWS-WHEELER TRANSFORMATION

The next stage is to apply BWT on the sequence of
tokens, where the tokens are sorted based on their
previous context. The process is done by simply calling
the routine qsort with the sequence of tokens as the
input, except that the output are the following tokens of
the sorted tokens. For example, if in the input text file
there are several words of “Barrack Obama”, then
when the context of token “Barrack” have been sorted
in one segment, then the corresponding tokens of the
word “Obama” are adjacent in the corresponding output
segment.
V. RANKING

The purpose of RANKING stage is to compute the
rank value of all tokens in the BWT output sequence. In
this section the mechanism of several ranking
algorithms are described, stating from the simplest that
uses array, to the one uses a more sophisticate data
structures to compute recency rank.
A. Move-To-Front (MTF)
The mechanism commonly used in the RANKING
stage is Move-To-Front (MTF) using array data
structure, first introduced by Bentley, et.al [2]. The
basic idea of MTF is to replace a symbol x with the
number of distinct other symbols that have occurred
since the last appearance of x, called the MTF value of
x. In some implementation, a MTF is visualized using
an array, or a singly linked list, to store all the distinct
symbols of the alphabet.
In an array implementation, searching a symbol x is
done by comparing x to the symbols in the array starting
from the first position. Suppose x is found at position i
in the array, then i is the MTF value of x. Once found, x
is moved to become the symbol occupying the first
position in the array, and all symbols in front of x in the
array are shifted one position to the right. Both
searching and moving the accessed symbol to the first
position in the array require O(n) time in the worst case.
Two things that dominate the running time of MTF
is the time required for searching the position of the
accessed symbol and for “shift one position to the
right” all other symbols in front of the accessed symbol
in the array. In the word-based approach, the number
of distinct symbols in the array could be hundreds of
thousand tokens, and thus the time required to do these
two things become very slow and thus expensive. One
solution to this issue is to use different data structure
for the implementation.
Alternative data structures that can be used to
handle the running time issue of MTF with large

number of symbols have been addressed and discussed
by Isal and Moffat [9],[10]. MTF can be implemented
using a splay tree, which introduced by Sleator and
Tarjan [1]. Splay tree is a self-adjusting binary search
tree with a very good amortized efficiency for an
arbitrarily but sufficiently long sequence of retrieval.
Amortized cost for each operation to access, insert or
delete a specified node on an n-node tree is O(log n). A
specified node will be moved to the root of the tree by
performing a sequence of rotations along the path from
the node to the root. Subsequent access to this node in
the near future is becoming cheaper as this node is
closer to the root of the tree [1].
B. Approximation of Ranking
In this section, a modification of MTF is
presented, in which several splay trees are used instead
of one. An alternative rank as an approximation of
computing the MTF value will be explained. Suppose
the set of alphabet symbols S is partitioned into k
subsets Sj ,0≤ j<k and the elements of each subset Sj are
stored in a splay tree Tj. The size of partition Sj is the
number of symbols in Sj, denoted by |Sj |, and the size
of splay tree Tj is the number of nodes storing the
symbols, denoted by |Tj|. Hence, |Sj | = |Tj|, for all j. In
this arrangement, tree T0 stores the most recently
accessed symbol or symbols, T1 stores the next most
recently accessed symbols, and so on. In each tree, the
symbols are stored and ordered by their key values.
Searching a symbol x in S will succeed in exactly one
tree Th.
Figure 3. Modified Ranking by using Forest-of-Splay-Trees.

To facilitate simulation of move to front operation,
nodes in each tree are doubly threaded according to
their insertion times into the tree. For each tree Tj, there
are two additional data items: oldest(Tj) and newest(Tj),
which are the oldest and the latest inserted node among
the nodes in Tj. Another useful pre-computable data for
Tj is prev(Tj) = ∑i<j |Ti|. In the initialization, each tree Ti
is initially empty, and all symbols in the partition Si are
inserted one at a time. The symbols can be inserted in
any order, but the same order has to be applied in the
initialization of trees in the reverse ranking process, to

give exactly the same decision which symbol in each
tree Ti is to be demoted next.
The rank value of a symbol x in Tj is defined as
prev(Tj) + rank(x,(Tj)), where rank(x,(Tj)) is the number
of symbols in Tj that are smaller than x in terms of the
key ordering. The value rank(x,(Tj)) can be computed
by splaying x in Tj, and when x reaches the root of Tj,
returning leftsize(x).
The partition size Sj, 0 ≤ j < k, is fixed in advance,
together with the number of splay trees k. Each symbol
x that belong to partition Sj is inserted to the initially
empty splay tree Tj, keeping track the information about
newest and oldest. In general, the algorithm is similar to
MTF except for the returned rank value of a symbol
being accessed and how to move the symbol to the front
position.
The modified ranking operates as follows: reads an
input symbol x, searches x in Tj starting from j = 0,1, ..,
and stops whenever the search is successful in Th for an
integer h. If h > 0, x is then deleted from Th and inserted
into T0; so x is now become the currently foremost
symbol. To preserve the sizes of the splay trees, the
oldest node of Tj should be deleted and inserted as the
newest node to Tj+1, for all j,0 ≤ j ≤ h−1. Changes in the
threaded nodes in each tree Tj mimic changes of
symbols in the corresponding list of the subset Sj .
Compared to the list version of MTF, these cascading
delete and insert operations replace the sequence of
“shift one position to the right” operations.
The returned rank value may deviate from the MTF
value, but by its definition, the rank value of x is ranged
within this partition. Therefore, choosing the sizes of
partitions determines a bound for the deviation.
Regarding the deviation between MTF value and rank
value, it can be stated as follows: if x in Tj then prev(Tj)
< MTF(x) and rank(x) < prev(Tj)+ |Tj |, that is |MTF(x) rank(x)| < |Tj|.
Accessing a symbol x initially in tree Tj begins
with searching x in T0, T1, up to Tj, and the total cost
for searching in these trees is the sum of the logarithm
of the sizes Si = |Ti|, for i = 0,1, ..., j. The total cost of
cascading deletes and inserts involving these trees is
h
also O ( log | S |) . The rank of x is at most |Si|

∑

i

i=0

and SSEG, and show that different partition give
different compression effectiveness; so it is still
appealing to try another partition that give better
compression effectiveness. In this paper, two
additional partition are used as comparison, namely
FIB and ARITH, and will be described later.
In the analysis, the cost of producing rank of an
accessed symbol depends on the size of the trees. The
size of T0, which stores the most recent symbol, is set
to 1; the sizes of T1, T2, and so on, can be set manually
or governed by any growing function. The four
partitions used in the experiment are selected, as
shown in Table 1. The number of splay trees involved,
their sizes, and the generating functions are presented,
ordered from the most aggressive growth to the
gentlest. The size of each splay tree in the partition
follows the function in the last column, except for the
last tree which is assigned to contain all the remaining
symbols, that is |Tk−1| = maxsymbols - prev(Tk−1), where
maxsymbols is the maximum number of distinct
symbols in the alphabet (set to 1,048,577 in the current
implementation).
The partition 1, 2, 8, 128, ... in the first row of
Table 1 is governed by the function double power of
j

two (called DSEG): | S j |= 22 =1 , or | S j |≈| S j−1 |2 . Taking
the base 2 logarithm of both sides, gives:
log2 | Sj |≈ 2log2 | S j−1 | . In other words, the depth of Tj is
double the depth of the next tree Tj-1. Hence, accessing
a symbol of rank r currently reside in tree Tj requires
j
With the
O ( log | S |) ≤ O (2 log | S |) ≈ O (log r ) .

∑

i

2

i =0

j

2

2

aggressive growth of function, DSEG only requires 6
trees to store all the alphabet symbols.
The second partition of Table 1 is generated by the
function | S j |= 2 j , giving tree sizes 1, 2, 4, 8, ... The
partition requires k = log n trees to store all the
alphabet symbols. This single power of two function
(call this SSEG) doubles the size from Tj-1 to the next
tree Tj, or increase the depth of the next tree by 1. The
cost of accessing a symbol of rank r is
log r
j
O( log | S |) ≤ log | S |) ≈ O(log2 r) .

∑
i=0

2

2

i

∑
j =0

2

j

VI. SIZE OF PARTITION

The partition in the third row of Table 1 is
generated by the function Fibonacci (denoted by FIB),
in which |S0| = |S1| = 1; and |Sj| = |Sj-1| + |Sj-2|, for j≥2.
The sizes of the trees in this partition grow more slowly
than in the previous two partitions. In geometric series,
partition FIB is similar to partition SSEG but it only has
a growth ratio approximately equal to the Golden ratio
φ ≈ 1 + 5 = 1.618. Hence, the cost analysis of SSEG

The sizes of splay trees can be chosen freely. Isal
and Moffat [9] have experimented two partition DSEG

can be used, except that the upper limit of the
summation becomes log1.6 r, which means possibly

difference with its equivalent MTF value. Hence, the
total cost for calculating the rank of an accessed
symbol initially in tree Th is proportional to
h
O ( log | S |) , since it involves some operation from

∑
i=0

i

T0 to Th.

2

more splay trees are required to be searched before the
node with rank r in the forest is found in Tj . This
partition requires k = log1.6 r ≈ 28 trees to store all the
alphabet symbols. The cost of accessing a symbol of
rank r requires
log r
j
O ( log | S |) ≤
log | S |) ≈ O (log 2 r ) .
1.6

∑
i=0

∑

i

2

j

2

j =0

Partition

No. Of
Trees:k

Sizes: |Sj|, 0 ≤ j < k

Remarks

DSEG

6≈
log n

1,2,8,128,32768, 1015670

| S j |= 2 2

20 ≈
log2 n

1,2,4,8,16,32,64,128,256,
512,1024,2046,4096,8192,
16384,32768,65536,
131072, 262144,524290
1,1,2,3,5,8,13,21,34,55,89,
144,233,377,610,987,1597
,2584,4181,6765,10946,
17711,28657,46368,75025,
121393,196418,534349
1,2,3,4,5,6,
....,
1446,
1447,2396

SSEG

1448 ≈
2n

ARIT

=1

Double
power of 2

28 ≈
log1.6 n

FIB

j

| S j |= 2 j
Power of 2

∑

i

i

2

i=0

∑

j =0

2

N

2

N

5.07
5.46

6.66

4.86

4.91

4.87

4.85

4.86

6.42
5.98

4.61
3.97

4.75
4.02

4.62
3.96

4.61

Sum

3.95

4.60
3.96

| S j |= j

asyoulik.txt

7.33

6.45

6.55

6.38

6.37

6.38

Arithmetic

alice29.tex

7.65

6.46

6.56

6.40

6.39

6.40

lcet10.txt

7.99
7.73

6.78
6.98

6.88
7.06

6.70

plrabn12.txt

6.86

6.69
6.86

6.69
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

| S j |= 1.6 j
Fibonacci

j

∑

j =1

cp.html

5.04
5.45

Applying a ranking mechanism to a block sorted
sequence of symbols transforms into another sequence
of symbols in the same size of alphabet, but changes
the probability distribution of symbols. Different
ranking strategies work on the same size of alphabet
and produce similar probability distributions. To
compare the effectiveness of various ranking
strategies, the 0-order self entropy of the transformed
sequence is calculated. For a sequence of symbols in
which symbol i appears fi times, the 0-order self
entropy of the sequence is calculated as:
n
fi
f
where N = n f . Assuming an
. lo g i
H =−
i =1

fields.c

FIB ARIT

5.04
5.46

VII. EXPERIMENT

∑

xargs.1

6.09
6.28

Partition Sizes
SSEG

cost of accessing a symbol with rank r in tree Tj is
j
2r
.
O ( log | S |) ≤
log | S |) ≈ O ( r log r )

∑

MT
F

5.11
5.52

2

i=0

BWT
Only

5.04
5.46

The last partition in Table 1 is generated by the
arithmetic series (denote this by ARIT): |Sj| = |Sj-1| + d,
where d = 1. Each tree Tj contains j symbols. This
partition, which has the gentlest growth in the table,
requires k = 1448 trees to store all the alphabet
symbols. The number of trees can be derived from the
sum of all symbols in all trees:
k
k
1
i = k ( k − 1) = n; and gives k = 2n . The
|S |=
i=0

Input File

DSEG

Table 1. Various Partition as the Sizes of Splay Tree.

∑

The Table 2 shows the 0-order self-entropy for test
files taken from Calgary and Canterbury corpuses.
Each file is parsed by using implicit-dictionary
spaceless-word, and the output sequence of tokens
were processed by BWT, and then processed by using
various ranking methods. The column “BWT only”
presents the 0-order self-entropy of the files without
the RANKING stage. It can be seen that by applying a
RANKING stage (by using whichever RANKING
method) resulted in a sequence of ranks that has a
smaller 0-order self-entropy; which also means that the
output file is more compressible.

j

ideal coder is available, H can be interpreted as the
average number of bits per symbol required to
represent the sequence.

grammar.lsp

Table 2. 0-Order Self-Entropy from the test files by using
Approximation Ranking with various Partition Sizes (after parsed
with Implicit Dictionary Spaceless-Word, and BWT).

The test files in the table are presented from top to
bottom, ordered by size from the smallest (the file
grammar.lsp) to the largest (the file wsj20, with the size
of 20 MB, taken from the collection of articles from the
Wall Street Journal). For each input file, the resulted 0order self-entropy are presented in the corresponding
row, where the best and the second best values are
presented in shadowed; and the best value are printed in
bold.
VIII. DISCUSSION AND CONCLUSION

It can be seen from Table 2 that by using
approximation of RANKING with different partition
gives better probability distribution than that is
produced by MTF. In general, SSEG is better than
MTF, especially for large input files. The partition ARIT
also consistently same or better than MTF; and is
comparable to SSEG. However, since ARIT uses more
splay trees, its running time is slower than SSEG (about
7 times slower for the file wsj20, see Figure 4).

Figure 4. Time vs 0-order self-entropy for wsj20, parsed with
implicit-dictionary and spaceless word, and then BWT. Reported
time is 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
7.75

DSEG

0-order self entropy

7.7
7.65
7.6
7.55
MTF

7.5
7.45

SSEG

7.4

ARIT

FIB

7.35
7.3
0

50

100

150

200

250

300

350

Time (seconds)

It can be seen that for small file, grammar.lsp, the
MTF, SSEG and FIB equally produce the best 0-order
self-entropy. However, for all other test files, in general
the partition of FIB produces the smallest 0-order selfentropy, except for the file cp.html. In conclusion, the
best partition is the one produced by FIB, and followed
tightly by SSEG.
The Fibonacci sequence is interesting to try since
there are many things in nature that can be
reconstructed or explained with this unique sequence.
Fibonacci himself used the sequence to explain the
growth of a population of rabbits as an example. More
examples of the application of the sequence can be
found in various things, such as spiral shapes of shells,
tree branching, the number of petals on some flowers,
seeds, pine cones, leaves, etc. The sequence have also
inspired many designers in their structural or
architectural masterpieces. Drawing many objects in
nature using geometric shapes with sizes derived from
Fibonacci sequence, not only is easy to do but also
visually artistic.
Why does the FIB partition produce smaller 0order
self-entropy,
or
better
compression
effectiveness? It can not be explained clearly why it
happens, but from the experiment it is clear that by
using the partition FIB, the average bits per symbol
requires to represent input text files can be improved
further. Fibonacci sequence used as frequencies of
symbols serves as a pathological input in the Huffman
tree construction to produce minimum redundancy
code. All the peculiarity of the Fibonacci sequence
have mysteriously, yet convincing, shown one more
example of its superiority especially in data
compression, a classical topic in the field of computer
science.
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Abstract–Odd-even-transposition is a parallel
sorting algorithm which is a development of the
sequential algorithm “bubble sort”. The odd-eventransportation algorithm is specially designed for
linear array network models.
For n data
elements, the time complexity of the bubble sort
algorithm is O(n2), while that of the oddeven-transposition algorithm is Θ(n). So there is
an improvement in speed in the performance of
the parallel algorithm by the factor of n of
that
of
its
sequential counterpart. The
hypercube of dimension k is a nonlinear
network model comprising of
n = 2k
processors, where each processor has degree
k. The Fibonacci cube and extended Lucas
cube network models each are subnetwork models
of the hypercube with
less
than
2k
processors
with maximum degree k. This
article shows how the odd-even-transposition
algorithm can be executed in the nonlinear
cluster computer network models namely the
hypercube, Fibonacci cube, and extended Lucas
Cube with time complexity O(n), respectively.

I. INTRODUCTION

S

ORTING is one of the most important operations
in database system, the efficiency of which
drastically influences the system’s performance. To
improve a database system’s performance, paralellism
paradigm (computations performed in a parallel way)
is used to execute operations for data administration
[9,10,11].
A group of computers connected in a local area
network called a cluster computer network enables the
improvement of application processing speed. To
observe the strength of parallel computing in a
computer network relevant researches have been
studied and evaluated in variousscientific
applications.
The parallel machine discussed in this paper is
specially appliedto paralleldatabase system.
Beforehand there has been so many researches which
were addressed to problems related to database. But
there were only few which dealt with evaluating the

performance of parallel sorting algorithm in a
nonlinear cluster computer network.
Odd-even-transposition algorithm is a parallel
sorting algorithm which is a development of the
sequential “bubble sort” algorithm, specially designed
for (homogeneous) linear array computer networks.
For n data elements, the time complexity of the bubble
sort algorithm on a single processor is O(n2),
meanwhile the odd-even-transposition algorithm on n
or more processors is Θ (n). It is easily seen that the
speed of this parallel algorithm is n times that of its
sequential version [9,10,11].
The main problem in parallel computing
architecture is on the processor interconnection
network topology design. Network interconnection
topology is usually represented by a graph, where its
vertices represent processor elements and its nodes
represent communication channels in the network
[10].
Parallel computing supporting computers are
currently available with various interconnection
topology; the popular hypercube topology is the most
widely used [5]. The number of processors in a
hypercube of dimension k is 2k. The hypercube has
many special and interesting properties, among others:
its nodes and vertices are symmetric, having simple
recursive structure, having Hamiltonian cycles and
paths, and other networks models are efficiently
embeddable in it such as the linear array, ring, mesh
and tree. But its weakness is when the dimension is
enlarged, the number of processors increases
exponentially. This limits severely the size of the
network system to be built [6,7,12]. To overcome this
deficiency, interconnection network models with
vertex numbers much less than 2k possessing almost
all special features of the hypercube were introduced,
namely the Fibonacci cube (FC), the Extended
Fibonacci cube (EFC) and the Extended Lucas cube
(ELC), each in 1993 by Hsu [6], by Wu in 1997 [12],
and by Ernastuti in 2007 [2,3,4,5]. These graphs are
induced subgraphs of the hypercube.
In other words, a hypercube of dimension k is a
nonlinear network model with n = 2k processors.
While FC, EFC and ELC cube networks each are

subnetwork models of the hypercube with processor
numbers less than 2k and the maximum degree of
each processor is k. Previous researches showed that
these subnetworks admit the embedding of linear
array, ring, mesh and tree network models.
This paper shows how odd-even-transposition
algorithm can be executed in the nonlinear cluster
computer network models the hypercube, FC and ELC
with time complexity O(n), where n = 2k.
II. DEFINITION AND NOTATIONS
Definition 1: Let A be a list of n elements A1, A2,
…, An in the memory. Ordering (sorting) A is
the operation of arranging the elements in A in
such a way so that they become numerically or
lexicographically ordered, namely A1 ≤ A2 ≤ A3
≤…≤ An.
In other words Definition 1 is equivalent to the
following statement. Assumptions:
1. Table of n elements: A1, A2 , …, An
2. For two elements Ai and Aj, exactly one of
the following conditions should be true: A1 ≤ A2
, A1 = A2 or A1 ≥ A2.
3. The aim of sorting: to discover a permutation
(π0, π1 , …, πn-1) so that Aπ0 ≤ Aπ1 ≤ …≤
Aπn-1.
Definition 2: A graph G=(V,E) where V is its set
of vertices and E is its set of edges; an arch is an
unordered pair (x,y), where x ≠ y  VG. To avoid
ambiguity, V and E in the graph G is written as VG
and EG.
Definition 3: A Hamiltonian path in an undirected
graph G=(VG, EG) is defined to be a walk through
each vertex vi  VG exactly once. If a Hamiltonian
path in G starts from the vertex v1 and ends in the
vertex vn, where (v1,vn) is an arch in EG, then the path
is called Hamiltonian cycle. A graph possessing a
Hamiltonian cycle i called a Hamiltonian graph.
Finding a Hamiltonian path and a Hamiltonian cycle
in a graph requires nonpolynomial time, the problem
has even been proven to be in the NP- complete class.
But for some graphs this problem can be solved in
polynomial time [2,4]. As examples, the following
graphs will be considered. Hypercube of
dimension-n Q(n) is an undirected graph where each
of its vertices is represented by a binary strings of
length n bits ∈ {0,1}n. According to its bipartite
nature, the hypercube graph is proven to be
Hamiltonian. Some of induced subgraph models of the
hypercube has also been proven to be Hamiltonian.
The subgraphs are the Fibonacci cube (FC) graph,
Extended Fibonacci cube (EFC) graph, and extended

Lucas cube (ELC) graph. Hsu [6] showed that less
than a third of FC graphs are Hamiltonian, although
all FC graphs have Hamiltonian paths. While Wu
[12] showed that all EFC graphs are Hamiltonian.
EFC graph is an improvement of FC graph. For
Hamiltonicity EFC is better than FC. Jean L Baril and
Vincent Vajnovzki [1] in their paper of 2005
employed minimal change list and Gray code
concepts to determine Hamiltonian path in FC and
Lucas cube (LC). Afterwards, in papers [2,4] with 1Gray code and bipartiteness approach, it was shown
that all ELC is Hamiltonian.
Definition 4: A bit is a binary digit 0, 1 or λ. A
binary string of length n is a finite sequence of bits
with length n, in other words a binary string of length
n is a sequence a1 a2 … an where ai  {0,1}.
A λ string is a string with empty bit of length 1. If
α is a binary string and V is a set of binary string, then
the operation α·V expresses the concatenation of the
string α and any bit-string in V.Example:
01.{0,1}= {010, 011}.
Definition 5: A Fibonacci string of length n is a
binary string a1 a2 … an which does not contain
two ‘1’ consecutive bits.
The following are all Fibonacci strings of length 3:
000, 001, 010,100,101.
Definition 6: The Hamming distance among two
binary strings x and y of length n are the number of
bit positions with different elements between them; its
notation is: H(x,y). Example: H(001,100)=2.
Definition 7: A linear array network model LA(n),
where n ≥ 2, is a graph with n vertices comprising of
two vertices of length one and n-2 vertices of length
two.
Figure 1 demonstrates an LA(8) network model.

Fig. 1. Linear Array Network Model LA[8]
Definition 8: A ring network model R(n), n ≥ 2, is
a graph with n vertices each with degree two.
Figure 2 demonstrates an R(8) network model.

Fig. 2. Ring R[8] Network Model 1

III. NON LINEAR NETWORK MODEL
The hypercube of dimension k, denoted by Q(k), is
an undirected graph each vertex of which is
represented by a binary string of k bit length. Each
two vertices in Q(k) is connected if the strings
representing them differ in one bit position. The
number of vertices in Q(k) is 2k, where each vertex
is connected to k other vertices. Thus the degree
of each vertex is k. The hypercube can be defined
rekursively as follows.
Definition 9: (hypercube) For k ≥ 0, Q(k) =
(VQ(k),EQ(k)) is a graph with the set of vertices VQ(k)
recursively formulated as VQ(k) =0.VQ(k-1) 
1·VQ(k-1), where VQ(0) ={}; VQ(1) ={0,1}; two
vertices x,y  VQ(k) is connected by an arch in
EQ(k) iff their Hamming distance is H(x,y)=1.
Example: The hypercube of dimension-3, Q(3), has
vertex set {000, 001, 010, 100, 101, 110, 011, 111}.
Figure 3 demonstrates a hypercube graph Qk, for
dimensions k=1,2,3,4.

Fig. 3. Hypercube graphs Q(k): (a) Q(1), (b) Q(2), (c) Q(3), (d)
Q(4)

Hsu developed FC with much lesser number of
vertices (sparse) as compared to the hypercube. The
Fibonacci cube graph of dimension k FC(k) is an
undirected graph.
Definition 10: [6] (Fibonacci cube) For k ≥ 0,
FC(k) = (VFC(k), EFC(k)) is defined with the vertex set
VFC(k) rekursively formulated as VFC(k) = 0·VFC(k-1)
 10·VFC(kn-2), where VFC(0) = { }, VFC(1) =
VFC(2) = {λ } and VFC(3) = {0,1}; two vertices x,y 
VEFC(k) is connected by an arch in EFC(k) iff their
Hamming distance is H(x,y)=1.
FC(k) is an induced subgraph of the hypercube
Q(k-2), for k ≥ 3. Figure 4 demonstrates a graph
FC(k), for k=3,4,5,6
The graph model FC was extended by Wu in the
form of the extended Fibonacci cube (EFC).

Fig. 4. FC: (a) FC(3), (b) FC(4), (c) FC(5), (d ) FC(6)

Definition 11: [12] (Extended Fibonacci cube) For
k ≥ 0, EFC(k) = (VEFC(k), EEFC(k)) is defined with the
vertex set VEFC(k) rekursively formulated as VEFC(k) =
0·VEFC(k-1)  10·VEFC(k-2), where VEFC(0) = { },
VEFC(1) = VEFC(2) = {λ }, VEFC(3) = {0,1} and VEFC(4)
= {00,10,11,01}; two vertices x,y  VEFC(k)is
connected by an arch in EEFC(k) iff their Hamming
distance is H(x,y)=1.
EFC(k) is an induced subgraph of the hypercube
Q(k-2), for k ≥ 3. Figure 5 demonstrates the graphs
EFC(k), for k=3,4,5,6.

Fig. 5. Graphs EFC: (a) EFC(3), (b) EFC(4), (c) EFC(5), (d)
EFC(6)

In 2007 the first author formulated an
improvement of those, namely the Extended Lucas
Cube (ELC) graph. It is defined as follows.
Definition 12: [3,4] (Extended Lucas cube) For k
≥ 0, ELC(k) = (VELC(k), EELC(k)) is defined with
vertex set ELC(k) formulated recursively as: VELC(k) =
0·VEFC(k-1)  10·VEFC(k-3)·0, where VEFC(0) = { },
VEFC(1) = {0, 1} and VEFC(2) = {00, 10, 11, 01}, in
which VEFC(k) is the vertex set of the graph EFC(k).
Figure 6 demonstrates the ELC(k) graph models for
k = 3,4,5,6.

Fig. 6. Graphs ELC: (a) ELC(3), (b) ELC(4), (c) ELC(5), (d)
ELC(6)

IV. SORTING ALGORITHMS
A. Bubble Sort (Sequential)
The bubble sort algorithm is designed a single
processor computer. The algorithm runs as follows, if
n is the number of data elements with elements T1
, T2 , ..., Tn-1 , Tn then:
1. Traverse from behind to compare two adjacent
elements.
2. If elements in Tn-1 > Tn
, then data
exchange process (swap) is executed. If not,
proceed to the next data until meeting the
already sorted data.
3. Repeat the step for all the remaining data.
The bubble sort algorithm for linear array data

structure is as follows:
for i ← 1 to (n-1) do
for j ← n downto (i+1) do
If data[j] < data [j-1]
then temp ← data[J]
data[j]← data[j-1]
data[j-1]← temp
endif
endfor
endfor
Figure 7 illustrates an example of tackling a sorting
problem with the sequential algorithm bubble sort. In
the initial condition the numbers 4, 2, 7, 8, 5, 1, 3, 6
each was placed in a linear array with 8 elements. The
required iteration number to solve sorting problem
with bubble sort technique in Figure 7 is 8 × (8-1) / 2.
In general the complexity of the sequential
algorithm bubble sort in a single processor for n
numbers is O(n2).

Fig. 7. Bubble sort algorithm applied to a single processor with
array data structure

B. Odd Even Transposition
The odd even transposition algorithm is designed
for a homogeneous linear cluster computer network.
This algorithm is suited for an array processor model
with processing elements arranged to form a onedimensional mesh. Let A = (a0, a1, ..., an-1) be a set of
n elements to be sorted. Each n element processing
contains two local variables: a, the unique element of
the array A, and t, a variable containing value taken
from the neighboring processing element.
The algorithm performs n/2 iterations, each of
which has two phases:
1) Phase 1: Odd-even exchange: The value a
in an odd numbered processor (except processor
number n-1) is compared to the value a contained in
the next processor. The values are exchanged if
necessary so that the processor with lesser number
contains the smaller value.
2) Phase 2: Even-odd exchange: The value a in

an even numbered processor is compared to the value
a contained in the next processor. The values
are exchanged if necessary so that the processor
with lesser number contains the smaller value. After
n/2 iterations, the values should have been sorted.
The odd even transposition algorithm for linear
array processors is as follows:
Parameter n
Global i
Local a {the set of n elements to be sorted}
t {temporary values }
begin
for i ← 1 to n/2 do
for all Pj, di mana 0 ≤ j ≤ n-1 do
if j < n−1 and odd(j) then
t ⇐ successor(a)
successor(a)⇐max(a,t)
a ← min(a,t)
endif
if even(j) then
t ⇐ successor(a)
successor(a)⇐max(a,t)
a ← min(a,t)
endif
endfor
endfor
end
Figure 8 illustrates an example of handling a sorting
problem with the odd even transposition parallel
algorithm. In the initial condition the numbers 4, 2, 7,
8, 5, 1, 3, 6 are located at the processors P0 , P1 , P2
, P3 , P4 , P5 , P6 , P7 respectively. The number
of iterations required to solve the sorting problem is
8. Thus, in general the time complexity of the odd
even
transposition
parallel
algorithm
for
homogeneous cluster computer network with n
processors for n numbers is Θ(n).

Fig. 8. Applying odd even transposition parallel algorithm to 8
processor linear array

V. METHOD OF EXPERIMENT
In order to run the odd even transposition parallel
algorithm to nonlinear network models hypercube, FC
and ELC, first it should be shown that to the three
models the linear array network model can be
embedded. Secondly, to discover the time complexity
of the algorithm, the number of vertices (processors)
in each network models should be counted. The
following theorem and lemma are employed as
intermediary steps to solve this problem.
Embedding technique is defined as a function g
mapping the vertices of a guest graph G to the
vertices of a host graph H.

Theorema 3 and Lemma 2 yields the following:
Corollary 4: The linear array network model
LA(fk-2.) is embeddable in the nonlinear Fibonacci
cube network model FC(k), k > 2.
Theorem 4: [2,4] For k > 2, the extended Lucas
cube ELC(k) is a Hamiltonian graph for all k, except
at k = 5.
Lemma 3: [2,3,4] For k > 6, the number of vertices
of the extended Lucas cube network model ELC(k) is
2 fk-2 + 2 fk-4. while for k = 3,4,5,6 , the number
of vertices of ELC(k) each are 2, 4, 5, 8.

Theorem 1: [3] If a graph G with n vertices is a
Hamiltonian graph, then the ring network model R(n)
is embeddable in G.

Theorem 4 and Lemma 3 yield the following result.

In Theorem 1, the ring network R(n) is regarded as
a guest graph, while the graph G is a host graph.
Because the linear array network model LA(n) is an
induced subgraph of R(n), then

Corollary 5: [3] The linear array network model
LA( 2fk-2.+ 2fk-4
) is embeddable in the
nonlinier extended Lucas cube ELC(k) network
model, k > 6. While LA(2), LA(4), LA(5) and LA(8)
is embeddable in ELC(3), ELC(4), ELC(5) dan
ELC(6) respectively.

Corollary 1: Linear array network model LA(n)
can also be embedded in the graph G.
VI. RESULT AND DISCUSSION
Theorem 2: [7] The hypercube Q(k) is a
Hamiltonian graph for all k.
Lemma 1: [7] The number of vertices in a
hypercube Q(k) is 2k.
Theorem 2 and Lemma 1 yield the following result:
Corollary 2: The linear array network model
LA(2k) can also be embedded in the nonlinier
hypercube network model Q(k).
Theorem 3: [6] For k > 2, the Fibonacci cube
FC(k) is a Hamiltonian graph only for certain k, but
FC(k) do have Hamiltonian paths for each k.
Definition 13: The Fibonacci numbers fn are
defined through the recursive relation fn+1 = fn + fn-1
, with initial value f1 = f2 = 1.
.
Lemma 2: [6,8] For k > 2, the number of vertices
of Fibonacci cube network model FC(k) is fk-2.
Theorem 3 and Lemma 2 yield the following result.
Corollary 3: Linear array network model LA(fk-2.)
is embeddable in the nonlinier Fibonacci cube
network model FC(k), k > 2.

From previous considerations, the nonlinear
hypercube network models Q, the Fibonacci cube FC
and the extended Lucas cube ELC each has
Hamiltonian paths. This entails that the linear array
network model LA can also be embedded in the three
networks.
To apply the odd even transposition algorithm in
the hypercube Q, an experiment is performed on
hypercube Q(3).
An illustration of the odd even transposition
aplication algorithm in Q(3) can be seen at Figure 8.
Theorem 5: Let there be n elements to be sorted on
an array of processors arranged as a linier array LA.
Assume that before and after sorting, the elements are
evenly distributed, one element for each processor. A
lower bound of time complexity of any sorting
algorithm is Θ(n).
Theorem 6: The time complexity of sorting n
elements in a linear array processors LA(n) with n
processors using odd-even transposition sort is Θ(n).
Corollary 6:
The time complexity of sorting
n elements in the non linear hypercube network
Q(k) with n = 2k
processors using odd-even
transposition sort is Θ(n).
Proof: The result follows easily from Corollary 2
of Theorem 6.

k

Lemma 4: For k > 2 and n = 2 , the
time
complexity of sorting
fk-2
elements in the
nonlinear Fibonacci cube network model FC(k) using
odd-even transposition sort is O(n).
An illustration of the odd even transposition
aplication algorithm in Q(3) can be seen at Figure 8 .
An illustration of the odd even transposition
aplication algorithm in Q(3) can be seen at Figure 8 .
Theorem 5: Let there be n elements to be sorted on
an array of processors arranged as a linier array LA.
Assume that before and after sorting, the elements are
evenly distributed, one element for each processor. A
lower bound of time complexity of any sorting
algorithm is Θ(n).
Theorem 6: The time complexity of sorting n
elements in a linear array processors LA(n) with n
processors using odd-even transposition sort is Θ(n).

transposition sort is O(n).
3. For k > 4, the time complexity of sorting 2 fk-2 +
2 fk-4
elements in the nonlinear extended
Lucas cube network model ELC(k) using oddeven transposition sort is O(n), where n = 2k.
4. In general, the complexity of the odd even
transposition algorithm in the nonlinear induced
subgraphs of the hypercube network models
having Hamiltonian paths is O(n), where n = 2k.
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Abstract–Image compression is a process of
reducing the size of an image by means of
reducing its quality. Fractal method used for the
compression works by finding similarity in the
pixels and grouping them into clusters. The more
similarities found in the image, the compression
ratio will be better. In color (RGB) image, the
method is repeated for three times, once for each
color elements. The final result of this compression
is three virtual codebooks, one for each color
elements, which store the value of brightness,
contrast, and type of affine transformation
used for each clusters. The Decompression
process of this method is recreating an empty
image of same resolution and putting RGB value
into each corresponding pixels by calculating the
values stored in the virtual codebooks. Using CV
(Coefficient of Variation) value as a modifier for
Standard Deviation value and 57 24-bit BMP
Images used in final testing, the result shows that
average compression ratio using fractal method
is 41.79%. Based on the nature of the fractal
method in performing color image compression,
we proposed a parallel solution, as an
alternative to the sequential one, to speed-up the
compression. Using our parallel fractal method,
the color image compression time reaches by
average speedup value of 1.69 and efficiency value
of 56.34%.
I. INTRODUCTION

F

RACTAL ALGORITHM is one of lossy image
compression methods [1]. This compression
states the fact that in an image there are parts which is
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similar to other parts. Fig. 1 shows how this fractal
compression algorithm works. Assuming that we have
had a matrix with only one color element (Red,
Green, or Blue) of an input color image, compression
process starts by making domain image from range
image (original image). Domain image is created by
doing down-sampling the range image. To both
domain image and range image is partitioned using
fixed partition method to get domain blocks and range
blocks. To the previously created domain blocks and
range blocks, clustering is done, creating cluster range
blocks and cluster domain blocks. Each cluster
domain block transformed using affine transformation
and then compared to cluster range blocks for
similarity by calculating contrast and brightness factor
and root mean square error (RMSE). Those processes
are done to find the minimum RMSE value for each
cluster range blocks. After the minimum RMSE value
is found, virtual codebook is created which listed the
value of contrast and brightness factor, index of
cluster domain block and transformation coefficient.
Every pixel in a color image consists of three color
elements: [Red, Green, Blue]. As an example, a pixel
with RGB [255, 0, 0] represents red color, while RGB
[255, 255, 0] represents yellow color. For the color
image, the compression process is repeated three times
for one color element each, thus creating three virtual
codebooks.
Decompression process of fractal compression
starts by creating a new image frame with same
resolution as original image. The new image frame is
then partitioned using the same block partition as
original image. Then, each partition block is filled by
the value of corresponding domain block
transformation times contrast factor and added by
brightness factor, and then rebuilt based on the index
on virtual codebook.
Knowing the nature of this algorithm works
sequentially, especially in its compression process, we
could see that when it deals with large size color
images, the process will take significant amount of
time. A number of proposed approaches have been
suggested by researchers such in [2] and [3] to reduce
the amount of processing time by means of parallel
processing. In this paper, we discussed not only the

compression quality resulted from implementing the
fractal compression algorithm, but we also described
our own parallel solution to speed-up the compression
process.

Fig. 1. Fractal Compression Process

The rest of the paper is organized as follows.
Section 2 discusses in more detail steps of the fractal
compression algorithm, along with its sequential
time complexity analysis. The proposed parallel fractal
algorithm and its time complexity analysis are given in
Section 3. Section 4 reports the results of our
experiments on implementing, which is then followed
by Section 5 that concludes the paper and outlines our
future research plans.
II.

following subsections discuss these steps in more
detail.
1) Resampling
Resampling is a process to change the dimension of
a digital image. There are two types of resampling,
down-sampling to reduce the dimension, and upsampling to increase the dimension [1]. We used the
down-sampling as the first step of the compression
process. Down-sampling process is done by
calculating mean value of 2x2pixel x block as a
corresponding pixel value in domain image. As
example, for 256x256 pixels image, the downsampling process creates 128x128 pixels image.
2) Image Block Partition
Partition means break or separate an object into
parts [8]. In this case, we used fixed block partition
for image partition. In this method, image is broke
into square shaped parts at similar size. We used 4x4
pixels block, where for 256x256 pixels image, the
process creates 4096 4x4 blocks. Illustration for the
partition process can be seen on Fig. 2.
3) Coefficient of Variation
Following the partition process, standard deviation
value is calculated on both range image and domain
image. Standard Deviation is a divergence value of
the compared objects. Bigger value means bigger
divergence [5]. Equation (2) shows the formula to
calculate standard deviation.

Fig. 2. Fixed Image Block Partition of 4x4 block[4]

FRACTAL COMPRESSION ALGORITHM

Fractal commonly is known as a geometry shape
which can be divided into several parts, where each
part is a tiny part of its previous shape. This geometry
shape was firstly introduced by Benoît Mandelbrot in
1975. Barnsley and Hurd used this basic concept of
fractal to propose a new compression approach [1].
Fractal compression states the fact that in an image
there are parts which is similar to other parts [1][2][3].
Fractal algorithm changes those similar parts into a
mathematic data called “fractal code”, which will be
used to recreate the compressed image. Those images
which compressed by fractal method lost its
resolution attributes, thus make it possible to recreate
the image to different resolution without any visible
artifacts. Fig. 1 shows how the fractal compression
approach works.
A. Image Compression Step-by-Step
Referring to Fig. 1, there are six steps in
compressing a color image using fractal [1]. The
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σ = root mean square deviation value
n
= numbers of samples
xi = value of sample #i

x

= samples mean value
From the calculated standard deviation value, is
then used to calculate Coefficient of variation (CV)
value. CV is a ratio from standard deviation value to
samples mean value [6]. Equation (3) shows the
formula to calculate CV value.
(3)
Notes :

CV = Coefficient of variation value
σ = root mean square deviation value

clusters and calculate the contrast factor, brightness
factor, and RMSE value. Transformation with least
RMSE value is then stored along with brightness
value, contrast value, and type of transformation used.
This process is then repeated for every domain cluster.
6) Creating Virtual Codebook
Contrast value (S), brightness value (O), RMSE
value, and type of transformation used are then stored
in virtual codebook. Each RMSE value in every
codebook is compared to find the most minimum value
for the final codebook. Step 1 to 6 are done for each
color element, starting from red, green, and lastly
blue, so there are three final codebook. After all color
elements have been processed, the final step is to
write the virtual codebook one by one starting from the
first color element, which is red, then green, and lastly
blue to a compressed image file.

x

= Samples mean value
4) Clustering
After all the processes above finished, clustering is
done on range image and domain image. Clustering is
a process to group scattered objects into clusters by
similarity. Clustering algorithm used in this approach
is subtractive clustering. This method does the
clustering by comparing each object to the next
following object until all samples are covered. The
comparing method used is root mean square error
(RMSE) [7][8].
Using subtractive clustering, every block similarity
to other blocks will be calculated, and grouped in
clusters according to their similarity value. Similarity
value of image block is got by calculating the contrast
and brightness values, in (4) and (5) respectively [1].
From those values the root mean square error value
can be calculated. The equation to RMSE value is
calculated in (6).
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B. Time Complexity Analysis
We used Big-Oh notation to show the result of the
time complexity of all of the six steps explained
previously. Assuming variable n as width and height
in a processed image, the following steps explain its
time complexity.
 Resampling : n  n  n 2  O n 2 
 Block Partition :
n2
n n
n2      n2 
 O n 2 
4
2 2



(5)

m





m



(6)
Notes:
Ri
= range block #i
Di
= domain block transformation #i
m
= numbers of pixel in a block
Si
= contrast factor block #i
Oi
= brightness factor block #i
RMSE = root mean square error value
The RMSE value is then compared to standard
deviation value. If RMSE value is lower or equal to
standard deviation value, those block compared is
included in the same cluster along with the base
block, and the pixel value of that cluster is the mean
value of all the blocks in that cluster. While doing this
process, index table is also created to specify the
location of blocks in decompression process.
5) Affine Transformation
Next process is doing affine transformation for
every domain cluster. Affine transformation is a set of
many linear transformations. Transformations used
are reflection to x and y axis, reflection to x - y and x
= y line, 0°, 90°, 180°, and 270° rotation. All
transformation results are then compared to all range
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III. PARALLEL FRACTAL ALGORITHM
In the sequential fractal algorithm (Section 2), the
six steps are done three times for each color element.
In this case, we straightforwardly could identify that
the hotspot of the fractal compression for a color
image lies in the repetition of its 6-steps. Thus, our
proposed parallel fractal algorithm takes advantage of
this condition by processing concurrently the 6-step
fractal process of each color element. Referring to Fig.

1, we only need three processors, each working on
compressing one color image element. Fig. 3 illustrates

these parallel task mapping in more detail. When the
program writes fractal file (the compressed image
file),
each
computer
writes
the
virtual
codebook one by one starting from the first color
element, which is red, then green, and lastly blue to a
single file.

algorithm, in more detail analysis, we could see that
the computation time is three times faster than the
sequential. Due to the existence of data communication
time among the three processors, in real
implementation, it is hardly to achieve this speedup.
However, since the data communication should not
take significant time, compared to the computing the
compression process, we were believed that the
speedup will still be achieved. We have proved that
in our experimental results in the next section.
IV.

Fig. 3. Parallel Fractal Compression Task Mapping

To measure the performance of proposed parallel
fractal algorithm, we considered two factors, speed up
and load balancing. In this case, we utilized speed-up
factor value and efficiency value of each processor,
where the formula is shown in (7) and (8),
respectively.
t
Sp  s
tp
Notes:
S(p) = speedup factor
ts = sequential algorithm execution time
tp = parallel algorithm execution time using p
numbers of prosesor.
ts
E 
 100 %
tn  p
Notes :
E = efficiency value in percent
ts = sequential algorithm execution time
tp = parallel algorithm execution time using p numbers
of prosesor
p = number of processor used
Since the 6-steps of fractal process of Red, Green
and Blue color elements in our parallel algorithm is
done separately on three different computers, the
complexity for parallel algorithm will consist of
computation time and communication time. Assuming
data communication among three processors occurs
only at the writing process of virtual codebook into a
compressed image file, the resulting complexity is
(n2+ n2+ n2+ n4+ n4+ n4+ n2) = O(n4) for the
computation time, plus O(n2) for the communication
time. Thus, in total, the time complexity for our
proposed parallel algorithm is O(n4). Although the
time complexity is the same with the sequential

EXPERIMENTAL RESULTS

A. Processing Environment
We coded both our sequential and parallel fractal
algorithms using message passing programming
model. In this experiment, we used Microsoft Visual
C/C++ and MPICH NT version 1.2 for Windows
operating system developed by Argonne National
Laboratory [9]. The program is then run in a cluster
computer based on the Beowulf model [10]. This
cluster consists of three identical computers, having
Intel Pentium IV of 1.66 GHz as the processor, 1 GB
RAM, and NIC Broadband netxreme gigabit Ethernet.
B. Results
We used 57 24-bit color images in BMP format to
test the algorithms. For each image, we noted its
compression ratio (size of compressed image
compared to size of original image, in bytes),
sequential execution time, parallel computation time,
parallel communication time, granularity (a ratio of
communication to computation time in parallel
algorithm), and efficiency value of each processor.
Fig. 4 shows the compression ratio. Fig. 5 shows the
real speedup of our parallel algorithm when it was
implemented in the defined processing environment.
The comparison of sequential and parallel execution
time is depicted in Fig. 6. Finally, Fig. 7 shows the
granularity of our parallel algorithm.
C. Discussions
From the compression ratio of 57 24-bit color
BMP images shown in Fig. 4, the result shows that
average compression ratio using fractal method is
41.79%. As can be seen also from the graphic, the
ratio tends to be varies. This trend happens due to
CV value used, which is depending on the detail
level of an image. The smaller CV value used, more
clusters are created, which lead to smaller
compression ratio.
Related to its execution time, from the
experimental using several tested images, the result
is quite significant, noting 1.69 speed-up value.
This result can be clearly seen in Fig. 5 and Fig. 6.
Furthermore, based on our experimental result, the

processors were being used half the time on the
actual computation. This was shown by the average
efficiency for each processor of 56.34%.
Granularity of this parallel algorithm is coarsegrain, where the ratio of computation to
communication on most test images is bigger than 1.
Graph showing the ratio of computation to
communication is shown below.

Fig. 4. Compression ratio of the 57 42-bit BMP Images

As an example, imagine an image with processing
time on red element is much faster than the other
color element. During the file writing process, process
0 (working on red element) have to wait for the next
color element (green) to finish its process, in order to
continue writing the fractal file, which is the final
compressed image file. That is also the reason why in
some images the parallel processing time is longer
than its sequential time. Take a look at Mandrill.bmp
in Fig. 8, the image has parallel processing time took
421.58 seconds, while the sequential processing time
only took 282.41 seconds. But, based on our noted
computation time on parallel process, it only took
245.7 seconds, which is the longest computation time
among all color elements. This is due to the Mandrill
image has imbalance RGB colors, and therefore, there
is significant amount of time spent for certain process
(processing a certain color and having shorter
processing time to perform that) to wait for other
processes to finish their tasks in order to be able to
write into the final compressed file (the fractal file).
While the file writing process time is insignificant due
to very short time taken, it is clearly seen than even for
just a bit, the parallel process still reduce the
processing time.

Fig. 5. Speed-up Value of Processing Fractal Algorithm
Compression using 57 24-bit Images in Parallel

In some images, the ratio is lower than 1. That is
caused by high dependency while writing the FRAC
file, where the process must be done in order from
process 0 to process 2. For image with processing
time on each color element relatively equal, the
communication time will become less. While high
processing time on the later color element will result
a higher communication time.

Fig. 7. Granularity in Performing Parallel Fractal
Compression Algorithm using 57 24-bit BMP Images
File
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399.83

118.44
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282.41

245.70 175.88

1.63

483.17
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118.58

3.37

112.39%

1.40
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22.33%

granit.bmp

0.14
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Fig. 6. Comparison of Sequential and Parallel Total
Execution time in Performing Fractal Compression using 57
24-bit BMP Images

Fig. 8. Compression Ratio, Sequential Execution Time, and
Parallel Execution time for three tested color images

V. CONCLUSION
Based on the discussion of our experimental results
in the previous section, we have made the following
conclusion:
1. Parallel algorithm used, has succeed to reduce
compression time by average speedup value of
1.69 and efficiency value of 56.34%.
2. Parallel algorithm used has coarse-grain
granularity, which the sum of computation time
is bigger than the sum of communication time.
3. Complex images tend to increase the numbers of
cluster, thus making compression time longer
and reducing compression ratio.
4. Dependency while writing FRAC files makes
images with fewer numbers of cluster in earlier
color element (color element that is written first
to file) had longer communication time.
For our next research, it will focus on the following
experiments:
1. Perform another test using 2x2 image block
partition in to increase the compression quality,
and this lead to longer processing time, which in
this case, parallel algorithm will be preferable.
2. Increase the speedup of parallel execution time
by examining the possibility to parallelizing each
step of the 6 steps of performing fractal
compression process.
3. Minimizing up to removing dependency in the
proposed parallel fractal compression algorithm
when writing a FRAC file.
REFERENCES
[1]

[2]

[3]

[4]

[5]

[6]

[7]

[8]
[9]

Uni-Oldenburg, “Fractal Image Compression”, retrieved from:
http://www.rasip.fer.hr/researchs/compress/algorithms/adv/fra
ccomp/index.html, 20 Agustus 2008.
G. Ong and L. Fan, "An efficient parallel algorithm for
hexagonal-based fractal image compression, International
Journal of Computer Mathematics”, Vol. 84, Taylor &
Francis, Inc., 2007, pp. 203-218.
H. Peng, M. Wang, and
C.H. Lai, “Design of parallel
algorithms for fractal video compression”, International
Journal of Computer Mathematics, Vol. 84, Taylor & Francis,
Inc., 2007, pp. 193-202.
Texas Instrument, “An Introduction to Fractal Image
Compression”, retrieved from:
http://focus.ti.com/lit/an/bpra065/bpra065.pdf, 19 Agustus
2008.
A.J. Hobson,“Statistic3”, retrieved from
http://www.mth.uea.ac.uk/jtm/18/Lec18p3.pdf, 23 Agustus
2008.
Math Central, “Quandaries and Queries”, retrieved
from:
http://mathcentral.uregina.ca/QQ/database/QQ.09.05/Jan1.ht
ml , 23 Agustus 2008.
Alexandria University, “A Novel Secure Image Coding
Scheme Using Fractal Transformation”, retrieved
from:
http://longwood.cs.ucf.edu/~ahossam/research/paper/UR
SI98.pdf, 20 Agustus 2008.
Rorres, Anton C. “Elementary Linear Algebra Applications
Version”, 8th Edition. Boston: Philadelpia University, 2000.
Argonne National Laboratory, MPICH for Windows NT,
retrieved from:
http://www.mcs.anl.gov/mpi/mpich/download.html, 12 April
2007.

[10] R.G. Brown, “Engineering a Beowulf-style Compute Cluster”,
retrieved from:
http://www.phy.duke.edu/~rgb/Beowulf/beowulf_book/beow
ulf_book/index.html, 8 May 2008.

Solving University Timetabling As a Constraint
Satisfaction Problem with Genetic Algorithm
Teddy Wijaya and Ruli Manurung
Faculty of Computer Science, University of Indonesia
Email: tedd50@gmail.com, maruli@cs.ui.ac.id



Abstract—The process of manually creating a
university timetable is a laborious and error-prone
task due to the multitude of constraints that must
be satisfied. This paper proposes a method to
automate this process. It models the task of
producing a course timetable as a multi objective
problem that must take into account various
resources such as the curriculum, lecturers,
classrooms, and time slots. More specifically, in this
paper we represent the timetabling problem as a
constraint satisfaction problem which we then
solve using the Genetic Algorithm (GA). We
present our modeling of real-world constraints
encountered at the Faculty of Computer Science,
University of Indonesia. One of the key issues we
explore is the scheme for representing a potential
timetable as a chromosome string. Four different
schemes are proposed, some of which encode
certain heuristics about the domain problem. Our
experimental results show that the choice of
representational scheme significantly affects the
quality of the yielded solution, and that for
modestly-sized input problems the GA can
successfully solve timetables that satisfy all
constraints.
I. INTRODUCTION

C

OURSE timetabling

is a routine activity which must
be carried out by every educational institution. A
poorly-designed timetable can cause various problems,
such as a student not being able to enroll in the course
that she wants because the course conflicts with a
compulsory course. Consequently, good timetabling is
needed to support course activities and provide
benefits to students and lecturers.
The process of manually creating a university
timetable is a laborious and error-prone task due to the
multitude of constraints that must be satisfied. In this
paper we propose a method to automate this process.
More specifically, we represent the timetabling
problem as a constraint satisfaction problem which we
then solve using the Genetic Algorithm (GA). In
Section 2 we provide background to timetabling,

constraint satisfaction problems, and solving multi
objective optimization problems using the Genetic
Algorithm (GA). In Section 3 we present our modeling
of real-world constraints encountered at the Faculty of
Computer Science, University of Indonesia, including
our various proposals for chromosome representation
schemes. Section 4 presents our experimental design
and results.
II. TIMETABLING AS CSP
In previous research [2], timetabling is represented
as a constraint satisfaction problem (CSP) and solved
in two steps using the branch-and-bound mechanism.
The first step is teaching assignment, i.e. mapping
courses to lecturers, and the second step is timetabling:
mapping courses to time slots and classrooms.
In this paper, the timetabling problem is represented
as a CSP and then solved using the Genetic Algorithm
(GA). The mapping of courses, lecturers, classrooms,
and time slots is done in a single step, thus leaving the
opportunity as wide open as possible to satisfy the
various constraints.
A. Timetabling
University timetabling is a problem in creating a
schedule of lectures with limited resources available
while satisfying the constraints on the limited
resources. The resources in this case are courses,
lecturers, classrooms, and time slots. For example, one
obvious constraint is that a lecturer cannot teach more
than one course at the same time.
B. Timetabling as CSP
A constraint satisfaction problem (CSP) is defined
as a set of variables {X1, X2, …, Xn}, and a set of
constraints {C1, C2, …, Cm}. Every variable Xi has a
non-empty domain Di. Every constraint Ci involves
some subset of variables and determines allowable
values from this subset. A problem state is then
defined as an assignment to some or all variables,
{Xi=vi, Xj=vj, …}. An assignment that does not violate
the various constraints is called a consistent or legal
assignment. The solution to a CSP is a complete
assignment that satisfies all the constraints [1].

C. Solving CSPs with Genetic Algorithms
Finding a solution to a CSP is a non-trivial
computational task. One commonly applied solution is
to employ the genetic algorithm (GA). The genetic
algorithm is a local search algorithm that uses the
principle of natural selection and genetic inheritance,
where the best individual can survive and produce
descendants which inherit characteristics from its
parents. Essentially it is a heuristic search strategy that
relies on random traversal of a search space with a
bias towards more promising solutions. Specifically, it
evolves a population of individuals over time, through
an iterative process of evaluation, selection, and
evolution. Upon termination, the fittest individual is
hoped to be an optimal, or near-optimal, solution [4].
The pseudo code of the Genetic Algorithm can be seen
in Fig.1.
function GENETIC-ALGORITHM(population, FITNESS)
returns an individual
inputs: population, a set of individuals
FITNESS, a function that measures the fitness of
an individual
repeat:
new_population ← empty set
loop for i from 1 to SIZE(population) do
x ← RANDOM-SELECTION(population,FITNESS)
y ← RANDOM-SELECTION(population,FITNESS)
child ← REPRODUCE(x,y)
if(small random prob.) then child ←
MUTATE(child)
add child to new_population
until an individual is fit enough, or enough time has elapsed
return the best individual according to FITNESS
Fig. 1. The Genetic Algorithm Pseudocode [1].

D. Multiobjective Optimization
Timetabling is usually a multiobjective problem
because there are many aspects that determine the
quality of a schedule. For example, one aspect is that
compulsory courses at the same level must not conflict
with each other. Another aspect would be that
lecturers cannot teach more than one course during the
same time slot. Every constraint that determines
whether a timetable is good or bad can be seen as one
objective function. The problem is that sometimes not
all objective functions can be maximized altogether.
The factors that determine their value are highly
interdependent. In particular, some objective functions
can directly contradict each other, or at least form a
tradeoff between them [3]. The goal of multiobjective
optimization is then the maximization of all objective
functions as optimally as is possible.
There are two general approaches in computing
fitness function within a multiobjective optimization,
i.e. aggregation-based and Pareto-based. An
aggregation-based fitness value is obtained from the
aggregation of all objective function values, or in other
words, a linear combination of all objective functions.
On the other hand, Pareto-based fitness uses the
principle of domination to calculate the fitness value

of an individual within a population. An individual A
dominates individual B if all objective function values
of A >= B. The purpose is to eliminate a bad
individual (the dominated individual). An example of
a Pareto-based algorithm is SPEA2.
E. SPEA 2
One of the best performing Pareto-based algorithms
is Strength Pareto Optimization Algorithm (SPEA) 2.
This algorithm maximizes all objective functions, no
objective function is ignored. Therefore, this algorithm
also maintains genetic diversity. This algorithm works
Input: M (offspring population size)
N (archive size)
T (maximum number of generations)
Output: A* (nondominated set)
Step 1:
Initialization: Generate an initial population P0 and
create the empty archive(external set) A0 = Ø. Set t
= 0.
Step 2:
Fitness assignment: Calculate fitness values of
individuals in Pt and At.
Step 3:
Environtmental selection: Copy all nondominated
individuals in Pt and At to At+1. If size of At+1
exceeds N then reduce At-1 by means of the
truncation operator, otherwise if size of At+1 is less
than N then fill At+1 with dominated individual in Pt
and At.
Step 4:
Termination: If t ≥ T or another stopping criterion is
satisfied then set A* to the set of decision vectors
represented by the nondominated individuals in
At+1. Stop.
Step 5:
Mating selection: Perform binary tournament
selection with replacement on At+1 in order to fill
the mating pool.
Step 6:
Variation: Apply recombination and mutation
operators to the mating pool and set Pt+1 to the
resulting population. Increment generation counter
(t = t+1) and go to Step 2.
Fig. 2. The SPEA2 Algorithm [3].

with steps shown in Fig.2.
III. DESIGN OF TIMETABLING AS CSP
A. Variable and domain definitions
There are four elements that comprise a university
timetable: courses, lecturers, classrooms, and time
slots. Every course has the following information: (1)
course name, (2) amount of credit units – referred to as
SKS or satuan kredit semester, (3) course year/level,
(4) a flag indicating whether it is compulsory, (5)
number of course participants, and (6) prerequisite
relationship with other courses. Every lecturer is
associated with his/her (1) name, (2) expertise, (3)
available time slots, and (4) maximum teaching load
(in SKS). A classroom is associated with (1)
classroom name/number and (2) capacity. Finally,
each time slot is associated with (1) its day and time,
and (2) a flag indicating whether it is before or after
the lunch break.

At the Faculty of Computer Science, University of
Indonesia case, timetabling can thus be represented as
a CSP with variables {X1, X2, …, Xn} where n = total
number of course units (SKS) offered during a
semester. Xi is a 4-tuple < ci, li, ri, si > where 1 ≤ i ≤ n,
ci is a course, li is a lecturer, ri is a classrooms, and si
is a time slot. In other words, each individual credit
unit (SKS) from course ci is assigned to be taught by
lecturer li in classroom ri at time slot si.
A more precise mathematical elaboration is as
follows. Given:
C = {Course1, Course2, ..., Coursep}
p = number of courses offered in a semester
L = {Lecturer1, Lecturer2, ..., Lecturerq}
q = number of lecturers
R = {Room1, Room2, ..., Roomt}
t = number of rooms
S = {Slot1, Slot2, ..., Slotu}
u = number of slots
the CSP variables are thus {X1, X2, …, Xn},
n = total number of SKS offered in one semester
1 ≤ i,j ≤ n ; i,j  Integer
Xi = { (ci, li, ri, si) | ci  C, li  L, ri  R, si  S}

TABLE I
COURSE INFORMATION FOR TINYFASILKOM
ID
Name
S
P
L
C
C
DDP-A 4
60
1 Yes
0
C
DDP-B 4
60
1 Yes
1
C
12
PSD
4
1 Yes
2
0
C
12
SDA
4
2 Yes
3
0
C
OSK
3
60
2 Yes
4
Legend:
S = amount of credit units
P = number of course participants
L = course year/level
C = course is compulsory
TABLE II
LECTURER INFORMATION OF TINYFASILKOM
ID

Name

Expertise

L0

Halsen

[C0, C1]

L1
L2
L3

Kivin
Rus
Yuba

[C2]
[C3]
[C4]

[T0, T1, T2, T3, T8, T9,
T10, T11]
[T4, T5, T12, T13]
[T0, T1, T8, T9]
[T4, T5, T12]

Max
Sks
8
4
4
3

TABLE III
ROOMS INFORMATION OF TINYFASILKOM
Code
Name
Capacity
R0
R 2102
130
R1
R 2301
65
R2
R 2302
75

To illustrate this model, the following sample case
is presented: a faculty called TinyFasilkom offers five
courses during one particular semester. There are four
lecturers and three classrooms in this faculty. Lecture
activities only fall on Monday and Tuesday, thus there
are a total of 16 time slots. Information about this
TinyFasilkom faculty can be seen in Tables 1 to 4.
B. Constraints and fitness function design
A solution to a timetabling problem is the creation
of a schedule that satisfies all constraints. In other
words, all courses must be assigned lecturers,
classrooms, and time slot configurations that satisfy all
hard constraints and soft constraints. Hard constraints
(HC) are constraints that must not be violated because
if violated, the schedule becomes invalid, whereas soft
constraints (SC) may be violated but ideally should be
satisfied.
Hard constraints (HC):
1. The schedule assigned to all courses should be
appropriate with their required teaching load. This
constraint is called HC1. Assumption: a course
load ranges between 1 to 4 SKS. The
mathematical definition of this constraint:
a sks(a)  k 1 same(ck , a), a  C
n

sks( x)  {1,2,3,4}, x  C


1 if x  y
same( x, y )

0 if x  y
2. Compulsory courses at the same year/level must

Available time slots

3.

TABLE IV
SLOTS INFORMATION OF TINYFASILKOM
Code
Day Time
Before Lunch Break
Monday (08.00T0
Yes
09.00)
Monday (09.00T1
Yes
10.00)
Monday (10.00T2
Yes
11.00)
Monday (11.00T3
Yes
12.00)
Monday (13.00T4
No
14.00)
Monday (14.00T5
No
15.00)
Monday (15.00T6
No
16.00)
Monday (16.00T7
No
17.00)
not overlap.
This
constraint is called HC2.
Tuesday
(08.00T8
Yes
Mathematical09.00)
definition of this constraint:
(09.00T9
i, j i  Tuesday
j  level
(c )  level (c j )Yes
 comp(ci ) 
10.00) i
comp(c j )Tuesday
 si (10.00sj
T10
Yes
level ( x) {1,11.00)
2,3,4}, x  C
Tuesday (11.00T11 ( x) {true, false}, x  C Yes
comp
12.00)
(13.00-and time slot is not filled by
The
sameTuesday
class room
T12
No
14.00)
more than one
course. This constraint is called
Tuesday (14.00HC3.
T13 Mathematical definition of this
Noconstraint:
15.00)
i, j i  Tuesday
j  (ri (15.00 r j  si  s j )
T14
No
16.00)
Tuesday (16.00T15
No
17.00)

4.

A lecturer does not teach more than one course at
the same time. This constraint is called HC4.
Mathematical definition of this constraint:
i, j i  j  (li  l j  si  s j )

5.

The number of participants of a course is smaller
or equal to the assigned classroom capacity. This
constraint is called HC5. Mathematical definition
of this constraint:
i participan t (ci )  capacity (ri )
participan t ( x)  I , x  C
capacity ( x)  I , x  R

Soft constraints (SC):
1. The teaching load of a lecturer does not exceed
his/her maximum load. This constraint is called
SC1. Mathematical definition of this constraint:
b load (b)  k 1 same(lk , b), b  L
n

2.

3.

4.

load ( x)  I , x  L
A lecturer only teaches courses which he/she
possesses the required knowledge/expertise. This
constraint is called SC2. Mathematical definition
of this constraint:
i ci  exp(li )
exp( x)  C, x  L
A lecturer only teaches during his/her available
time slot. This constraint is called SC3.
Mathematical definition of this constraint:
i si  available(li )
available( x)  S , x  L
Course schedules are not cut by the lunch break.
This constraint is called SC4. Before presenting
our mathematical modeling this constraint, we
need to define some auxiliary operators: timeslot,
which takes a course teaching assignment and
returns the time slot in which it is scheduled, and
overlap, which takes two time slots and indicates
whether they overlap:
slot ( X )  {s | s  S  X is taught during s }, x  C


true if sy  sx
overlap( sx, sy)
sx, sy  S

 false if sx  sy
The mathematical definition of this constraint:
a, b overlap( slot (a), b), a  C, b  V

v = number of lunch break
V = {V1, V2, ...,Vv}
Vc = {xc,yc}, xc ≠ yc, xc  S, yc  S, 1 ≤ c ≤ v, c  I
5. Course schedules are not cut by day. This
constraint is called SC5. Mathematical definition
of this constraint:
a, b overlap( slot (a), b), a  C, b  W
w = number of day break
W = {W1, W2, ...,Ww}
Wc = {xc,yc}, xc ≠ yc, xc  S, yc  S, 1 ≤ c ≤ w, c  I

C. Chromosome Representation
To solve the timetabling problem using GAs we
need to represent the schedule as a chromosome.
There are many ways of achieving this. In this paper,
four representations are explored. They are R1
(“CLRS”), R2 (“LRS”), R3 (“LRSRSF”), and R4
(“LRSRS”). CLRS representation is the canonical
„phenotypic‟ representation whereas the three other
representations can be seen as higher level „genotypic‟
representations that also encode some heuristics.
Regarding the labels, the symbol C means courses, L
means lecturers, R means rooms, S means slots, and F
means flag.
Every symbol has its own domain. The domain of C
is integer from 0 to number of courses – 1. The
domain of L is integer from 0 to number of lecturers –
1. The domain of R is integer from 0 to number of
rooms – 1. The domain of S is integer from 0 to
number of slots – 1. Finally, the domain of F is 0 and
1.
R1 Representation (CLRS)
In this representation, every tuple Xi = { (ci, li, ri, si) |
1 ≤ i ≤ n, i  integer, ci  C, li  L, ri  R, si  S}
is explicitly stated as four integer values that represent
the course code, lecturer code, room code, and slot
code. Thus, the chromosome length in this
representation is 4 x total SKS (n). If say there are 2
courses, each with a load of 3 SKS, then the total SKS
is 2 x 3 = 6 and the chromosome length is 4 x 6 = 24.
The CLRS representation is illustrated in Fig.3.

Fig. 3. CLRS representation.

If this representation is used on the TinyFasilkom
sample above, the chromosome length will be 4 x 19 =
76. Illustration of CLRS representation for a complete
assignment of the TinyFasilkom sample can be seen at
Fig.4.

Fig. 4. CLRS representation in TinyFasilkom sample.

R2 Representation (LRS)
This representation is a modification of the canonical
CLRS representation. In this representation, the course
order and load is fixed. This also ensures that HC1 is
satisfied. Chromosome length in this representation is

thus 3 x total SKS. If there are 2 courses, each with
load of 3 SKS then the total SKS is 2 x 3 = 6 and the
chromosome length is 3 x 6 = 18. The ordering is
significant. There is a rule to determine which course
corresponds to an LRS: the first course in C
corresponds to the m first LRS, where m is the first
course SKS load. Subsequently, the second course
corresponds to the n next LRS, where n is the second
course SKS load. The LRS representation illustration
can be seen in Fig.5.

first meeting occurs. Otherwise, if F = 1 then only
second meeting happen. Finally, in a case of courses
with 4 SKS load, both meetings will have 2 SKS load
regardless of the value of F. LRSRSF representation
illustration can be seen in Fig. 7.
If this representation is used on the TinyFasilkom
sample, the chromosome length will be 6 x 5 = 30.
Illustration of LRSRSF representation for a complete
assignment of TinyFasilkom sample can be seen in
Fig.8.

Fig. 5. LRS representation.

If this representation is used on the TinyFasilkom
sample, the chromosome length will be 3 x 19 = 57.
The illustration of LRS representation for a complete
assignment of the TinyFasilkom sample can be seen at
Fig.6.

Fig. 8. LRSRSF representation in TinyFasilkom sample.

R4 Representation (LRSRS)
This representation is a slight modification of the R3
(LRSRSF) representation, where the F element is
removed and F is thus always assumed to be 0.
IV. EXPERIMENT

Fig. 6. LRS representation in TinyFasilkom sample.

R3 Representation (LRSRSF)
This representation is a modification from the LRS
representation, thus HC1 will surely be satisfied. In
this representation the lecture time of a course is
divided into two meetings with the same lecturer,
classroom, and time slot during each meeting. The
chromosome length in this representation is 6 x the
number of courses. If there are 2 courses, each with
load 3 SKS then the chromosome length is 6 x 2 = 12.
In this representation, a course is taught by only one
lecturer and is divided into a maximum of two
meetings, called the first meeting and second meeting.
Here, flag (F) is functioned as a marker that indicates
how the SKS load is distributed to these meetings. For
courses with 3 SKS load, if F = 0 then 2 SKS is
distributed to the first meeting and 1 SKS is
distributed to the second meeting, whereas if F = 1
then 2 SKS is distributed to the second meeting and 1
SKS is distributed to the first meeting. For the case of
courses with 1 or 2 SKS load, if F = 0 then only the

Fig. 7. LRSRSF representation.

Our experiments are conducted to determine the
best variant of genetic algorithm and the best
chromosome representation. We use a medium-sized
test case taken from actual data in preceding
semesters. We feel this test case represents a fairly
realistic scenario at a typical small computer science
department. Within this test case there are 20 courses
to be taught. The resources within the faculty are: 20
lecturers, 17 classrooms, and 39 time slots. More
specifically, the variables tested in this experiment are
as follows:
1. Multiobjective
algorithm:
SPEA2
and
aggregation-based (AB).
2. Representation: R1 (CLRS), R2 (LRS), R3
(LRSRSF), and R4 (LRSRS).
In our experiments, all combinations of the above
multiobjective algorithms and representational
schemes are tried. The GA parameters used are:
population size 100, iteration number 5000, crossover
rate 1, mutation rate 0.05, single-point crossover,
archive size 50%. Each configuration is run with 5
different random seeds, and the presented results are
the average over these 5 runs.
ECJ1 is used for the implementation. The charts
shown in Fig.9 and Fig.10 are convergence graphs
which show the progression of the best fitness value
within the population while the GA iteration occurs.
The horizontal axis represents time/iteration from 0 –
1

ECJ is a Java-based evolutionary computation library and can be
downloaded from http://cs.gmu.edu/~eclab/projects/ecj/

5000 and the vertical axis represents the fitness value
in the interval [0.0, 1.0]. The fitness value shown is the
average of the best individual from the populations at
each iteration from the 5 random seed runs. Fitness
value calculation depends on the active constraints.
The fitness value calculation for aggregation-based
algorithm in this experiment uses the following fitness
function formula, which is essentially a linear
combination of the penalty contributions of each hard
constraint (HC) and soft constraint (SC):
F(i)=(1/(1+HC1(i))+…+1/(1+HC5(i))+1/(1+SC1(i))+…+1/(1+
SC5(i)) )/10

The SPEA2 algorithm has its own way to calculate
fitness value. However, this fitness value can not be
compared with the aggregation-based algorithm fitness
value. Therefore, the fitness value of individuals
shown in Fig.10 is also calculated using the above
aggregation-based fitness function formula while
running SPEA2 algorithm. However, whilst the GA is
running, it uses the domination-based SPEA2 fitness
value.

Comparing between Fig.9 and Fig.10 we can also
observe that the SPEA2 multiobjective algorithm
performs better than the simple AB algorithm.
If we analyze the representational scheme, we can
observe that R2 explores a larger search space than R3
and R4. This is due to the fact that R2 allows the
possible state where a course is taught by more than
one lecturer, whereas R3 and R4 enforces that a course
can only be taught by one lecturer. In reality, no
constraints actually prevent these states, and this
makes R3 and R4 more bounded than R2. Intuitively
we may expect that R3 and R4 prevent the GA from
exploring potential solutions, but in fact the pruned
search space enables it to find optimal solutions.
According to [5], there are two ways that constraints
can be implemented: ensuring that all possibly
evolvable solutions never violate the constraint, or
imposing penalties on individuals that violate a
constraint. There is a trade-off: the former approach is
obviously ideal, but its intractability is often the very
reason GAs are employed in the first place. On the
other hand, imposing excessively heavy penalties often
leads to premature convergence on the first found
well-formed solution, whereas if the penalties are too
light, the GA may continue to evolve ill-formed
solutions that score better than well-formed ones. Our
experiments show that given the task of university
timetabling, the balance achieved by representational
schemes R3 and R4 is ideal.
V. CONCLUSION

Fig. 9. R1 vs R2 vs R3 vs R4 - AB

The conclusion of this experiment is twofold:
firstly, that the SPEA2 multiobjective algorithm is
much more effective than the simple AB linear
combination, and that secondly, the R3 and R4
representational scheme yields the best results.
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Abstract—This paper presents an on going
research report on the acceptance and use of
Learning Management System (LMS) at Sanata
Dharma University. Sanata Dharma University
has been implementing web based LMS c a l l e d
Experiential E-Learning of Sanata Dharma
University (Exelsa), since 2008 to enhance learning
process. The research aims to reach better
understanding on student’s perception in accepting
and using Exelsa. In this research, we apply the
Unified Theory of Acceptance and Use of
Technology (UTAUT) to analyze the acceptance
and use of Exelsa. In this preliminary study, we
have distributed questionnaire to 59 students of
Sanata Dharma University, who adopt the LMS.
After that, we analyzed the questionnaire to
measure the reliability of the research instrument,
then analyzed the correlations among UTAUT
constructs. The result shows that all of the scales
that represent the UTAUT constructs have more
than .70 of Cronbach’s Alpha. It means that all of
the scales are reliable. The results of Spearman
correlation analysis revealed several of UTAUT
concepts that are not supported by data. Also we
analyzed descriptive statistics on students’
perception on the LMS. The results show that
Exelsa makes the learning process more
interesting.
Index terms– Learning Management System,
UTAUT, Exelsa.
I. INTRODUCTION

A

pplying Learning Management System (LMS) is
a strategic action to enhance learning process and
interaction between students and lecturers in higher
education. LMS serves role as a tool to support course
management and make interaction b e t we e n

students and lecturers easier. Students and lecturers
can interact each other anytime and anywhere [2].
To reach the objective above, Sanata Dharma
University has been applying Experiential E- Learning
of Sanata Dharma University (Exelsa), funded by
Program Hibah TIK from National Education
Department, the Government of Indonesia, as learning
management system since 2008. The project is
followed by University’s policy to support the
adoption and use of Exelsa in class course/traditional
course, including training to use Exelsa and
developing digital learning material for all lecturers
[2]. Almost in 2 years of its implementation, Sanata
Dharma University still meets many constraints to
combine Exelsa with traditional courses, especially the
limited number of lecturers that use Exelsa. Some
lecturers meet difficulties to transform the way of
teaching from traditional courses into the combination
of Exelsa and traditional course. On the other hand,
based on our short interview, many students did not
use Exelsa because of many reasons related to their
willingness.
The research aims are to reach better understanding
on students’ perception in accepting and using the
Learning Management System, Exelsa. In this
research, we adopted Unified Theory of Acceptance
and Use of The Technology (UTAUT), developed by
Venkatesh et al. [12]. The theory provides useful tools
to understand the drivers of acceptance for designing
interventions, including training and socialization in
the university [12]. UTAUT has been tested in the
academic setting by many researchers. When UTAUT
was applied to understand student’s perception on
acceptance and use of Case tools, effort expectancy
did not have an effect on intention to use the
technology [5]. Marchewka et al also reported that
they found a bit difference from the original theory
when they tested the UTAUT into academic setting

[7]. Although, UTAUT research in an academic setting
results bit differences from the original model (in nonacademic setting), UTAUT still contributes to reach
better understanding on the acceptance and use of
Information and communication Technology (ICT) in
academia. We believe that applying UTAUT will help
us to understand user acceptance and use of the
technology. In this research, we only use gender as
moderator variable.

influence and facilitating conditions. The others are
not considered to serve role as direct determinants of
the intention to use the system. The dependent
variable in UTAUT model are behavioral intention
and use behavior. Besides, they are four moderators:
gender, age, voluntariness, and experience that have
an effect, although to a lesser extent. Figure 1 shows a
schematic of how these determinants and moderators
interact.

II. EXELSA-LEARNING MANAGEMENT SYSTEM
Exelsa is a learning management application, webbased system which is expected to improve the quality
of learning and education at Sanata Dharma
University. Exelsa provides a number of learning
facilities, including an online discussion board, lecture
materials, course content management, a course
calendar/schedule, information announcement, online
test, auto-marked quizzes and exams.
Furthermore, the presence of Exelsa at Sanata
Dharma University is expected to increase the
effectiveness of communication and quality of learning
with knowledge management approach among the
various parties such as faculty, students, academic
administrative agency, the learning media providers
and other parties concerned [9].
III. THE UTAUT MODEL
One of the latest technology acceptance models was
formulated by Venkatesh et al. in "User Acceptance of
Information Technology: Toward a Unified View"
[12]. This model is called the Unified Theory of
Acceptance and Use of Technology (UTAUT).
UTAUT synthesized elements across eight well known
technology acceptance models to achieve a unified
view of user acceptance [12]. The eight well known
models are: the theory of reasoned action (TRA), the
technology
acceptance
model
(TAM),
the
motivational model (MM), the theory of planned
behavior (TPB), the combined TAM and TPB , the
model of PC utilization (MPTU), the innovation
diffusion theory (IDT) and the social cognitive theory
(SCT). The UTAUT model combines the successful
features of each of the eight theories into one theory.
UTAUT has proven more successful than any eight
individual theories in explaining up to 70 percent of
user variance [12].
Seven constructs which are independent variables,
were identified to influence the use of information
technology in the UTAUT model. They
are
performance expectancy, effort expectancy, social
influence, facilitating conditions, attitude toward using
technology, self-efficacy, and anxiety. From those
constructs, only four are considered to have significant
effect on user acceptance and usage behavior:
performance expectancy, effort expectancy, social

Fig 1. UTAUT Model [12]

IV. RESEARCH METHODOLOGY
Based on research background environment, we
have modified UTAUT model into more simple model
as follows:

Fig 2. Research Model [12]

The research was conducted in two steps. The first
step aims to explore the UTAUT Theory and Exelsa.
The step is conducted by studying many documents
and research reports related to UTAUT, Technology
Acceptance Model (TAM) and other research report
on Information and communication Technology (ICT)
adoption in academic environment. We also studied
many documents related to LMS especially Exelsa.
The second step aims to develop and test the model
by using statistical approach. We have developed
questionnaire by adopting research instrument from
Venkatesh et al. [12]. We have customized the
questionnaire to fit in with the case study and
environment background. In the preliminary study, we
distributed the questionnaire to 59 students of Sanata
Dharma University, who adopt Exelsa. They
are

assisted by the researcher to fill the questionnaire in
class to minimize human error in filling the
questionnaire. After that we test the reliability of the
research instrument. We also analyzed the correlation
among UTAUT constructs by using Spearman’s
correlation and the finding on student’s perception.
V. RESULT AND FINDINGS
A. Respondent’s Profile
In the preliminary study, we have decided to
distribute questionnaire to the user of Exelsa. It means
that we only chose students who access Exelsa during
learning process in Sanata Dharma University. They
are located in diverse location in main campus of
Sanata Dharma University. The first main campus is
located in Jl. Affandi, Mrican. Most of the students
are undergraduate students. Most of them are studying
in the Faculty of Economics, Teacher Training and
Education, and Letters. Sanata Dharma University
only has limited number graduate students. Less
than100 students are graduate students. So we
focused on the undergraduate students. The second
main campusis located in Paingan, Maguwoharjo, it is
about 5 km from the first main campus. Most of them
are studying Psychology, Pharmacy, and Science and
Technology. However, a limited number of the
students of Teacher Training and Education study in
Paingan. Table 1 shows respondent’s major profile.
TABLE I
Reported Majors (n=59)

Major

Frequency

Percent (%)

Informatics
Engineering

26

44.07

Mechanical
Engineering

9

15.25

10

16.95

14

23.73

accounting
education
Guidance
and
Counseling

In the preliminary study, we have distributed
questionnaire to 59 students who have adopted Exelsa.
More than a half of them are female. Table 2 shows
gender profile of the respondents.
TABLE II
Participants Gender (n=59)

Gender

Frequency

Percent %)

Female

35

59.32

Male

24

40.68

B. Reliability
Reliability means the degree of instrument
consistency or repeatable instrument competency [4],

[10]. In this research, we apply Cronbach’s Alpha as
reliability test method. Higher value of Cronbach’s
Alpha is a better value of reliability.
The result of reliability test based on 59 respondents
summarised in Table 3. The table shows that each of
the UTAUT scales that represent the UTAUT
constructs are reliable, since Cronbach’s Alpha is
above .70 [8].
TABLE III
Reliability Analysis (n=59)
Cronbach's
UTAUT Construct
Alpha

Number
of Items

Performance Expectancy (PE)

.795

5

Effort Expectancy (EE)

.721

5

Social Influence (SI)

.724

5

Facilitating Conditions (FC)

.722

5

Self-Efficacy (SE)

.720

3

Anxiety (ANX)

.840

4

Attitude Toward Using
Technology (ATT)

.725

5

Behavioral Intention (BI)

.891

3

C. Correlation Analysis
Table 4 shows the results of Spearman’s correlation
analysis to test the relationship among the UTAUT
constructs. There are some concepts of UTAUT that
are not supported by the data, that is: a significant
relationship between Effort Expectancy and
Behavioral Intention, a nonsignificant relationship
between Facilitating Condition and Behavioral
Intention, a nonsignificant relationship between SelfEfficacy and Behavioral Intention, and a
nonsignificant relationship between Attitude Toward
Using Technology and Behavioral Intention. The data
also shows no significant relationship between gender
and Performance Expectancy, Effort Expectancy, and
Social Influence. However, the data also supported
some of the UTAUT concepts, they are: a significant
relationship between Performance Expectancy and
Behavioral Intention, as well as between Social
Influence and Behavioral Intention at the .05 level of
significance.

TABLE IV
Spearsman’s Correlation (n=59)

TABLE VI
Effort Expectancy
Questionnaire
Item

1

2

3

4

5

1
1.7%

3
5.1%

7
11.9%

37
62.7%

11
18.6%

1
1.7%

6
10.2%

17
28.8%

32
54.2

3
5.1%

1
1.7%

3
5.1%

23
39.0%

27
45.8%

5
8.5%

EE4: It would
be easy for me
to
become
skillful
at
using Exelsa.

0
0%

5
8.5%

23
39.0%

26
44.1%

5
8.5%

EE5: I believe
that it is easy
to get Exelsa
to do what I
want it to do.

0
0%

7
11.9%

25
42.4%

23
39.0%

4
6.8%

EE1: I would
find Exelsa
easy to use.
EE2:
I
understand the
various
facilities thatI
use
in
Exelsa.
EE3: Learning
to operate
Exelsa is easy
for me.

D. Descriptive Analysis
This section aims to provide richer understanding of
student’s perception. For note, all items of instrument
had 5 interval scores, in range from 1-5. The lowest
score was 1 and the higher score was 5. As can be
seen in table 5, most of the students did not have the
highest score on performance expectancy. They are
not sure that Exelsa will increase their productivity.
However they believe that Exelsa is useful, provides
chances to raise better grade, and helps them do their
task easier.
TABLE V
Performance Expectancy
Questionnaire
Item
PE1: I would
find
Exelsa
useful in my
studies.
PE2:
Using
Exelsa
enables me to
accomplish
tasks more
quickly.
PE3: Using
Exelsa increases
my productivity.
PE4: If I use
Exelsa, I will
increase
my
chances
of
getting a better
grade.
PE5: By using
Exelsa
enables me
easier to
accomplish
my tasks.

Scores
1

2

3

4

5

1
1.7%

0
0%

15
25.4%

29
49.2%

14
23.7%

Scores

Table 7 provides a general student perception of
social influence in using Exelsa. The most important
thing is the item number 1, 2 and 3. The items indicate
that the students may not be influenced by others who
think they should use Exelsa, but they tend to agree
that the university’s administration and lecturers
support the use of Exelsa.
TABLE VII
Social Influence
Questionnaire

2
3.4%

1
1.7%

20
33.9%

26
44.1%

10
16.9%

2
3.4%

4
6.8%

29
49.2%

19
32.2%

5
8.5%

Item
SI1: People
who
are
important to
me think that I
should
use
Exelsa.

1
1.7%

5
8.5%

23
39.0%

28
47.5%

2
3.4%

SI2:
My lecturers
give support to
use Exelsa.
SI3:
In
general,
the university

0
0%

3
5.1%

18
30.5%

29
49.2%

9
15.3%

has supported
the use of
Exelsa.
SI4: People
who influence
my

Table 6 provides a clear understanding of student’s
perception on effort expectancy. They agree that
Exelsa is easy to use, understandable and easy to
become skillful. Also they believe that learning Exelsa
is easy. Most of the students have score 3 and4 on
effort expectancy. We think that Exelsa is easy to use
and adopt by the students.

Scores
1

2

3

4

5

1

8

29

19

2

1.70%

13.60%

49.20%

32.20%

3.40%

0
0%

4
6.80%

16
27.10%

28
47.50%

11
18.60%

2

1

15

34

7

3.40%

1.70%

25.40%

57.60%

11.90%

behavior think

1

14

32

11

1

that I should
use Exelsa.

1.70%

23.70%

54.20%

18.60%

1.70%

1

16

21

20

1

1.70%

27.10%

35.60%

33.90%

1.70%

SI5: I use
Exelsa
because
my friends
also use it.

Table 8 shows students perception on compatibility
of Exelsa with other ICT resources and knowledge.
We find that most of the students believe that Exelsa
is compatible with their daily ICT resources, for
example MS word. They also believe that they have
enough knowledge to use Exelsa. It is supported by
their perception on the easy of using Exelsa related to
the effort expectancy.
TABLE VIII
Facilitating Condition
Questionnaire
Item
FC1: I have
the
resources
necessary to
use Exelsa.

Scores
1

2

3

4

5

1

12

21

22

3

1.70%

20.30%

35.60%

37.30%

5.10%

TABLE IX
Attitude Toward Using Technology
Scores

Questionnaire
Item
ATT1: Working
with Exelsa is
fun.
ATT2:
Using
Exelsa is a good
idea.
ATT3: Exelsa
makes classes
more
interesting.
ATT4: I like
working
with
Exelsa.
ATT5: Once I
start working on
Exelsa, I find it
hard to stop.

1

2

3

4

5

1
1.7%

0
0%

17
28.8%

36
61.0%

5
8.5%

1
1.7%

4
6.8%

11
18.6%

29
49.2%

14
23.7%

2
3.4%

2
3.4%

16
27.1%

33
55.9%

6
10.2%

0
0%

2
3.4%

24
40.7%

30
50.8%

3
5.1%

4
6.8%

19
32.2%

32
54.2%

4
6.8%

0
0%

3

4

5

17

1

24

28.80%

1.70%

TABLE X
Self Efficacy

FC2: Exelsa is
not compatible
with
other
applications I
use such as MS
Word).
FC3: I have
the
knowledge
necessary to
use Exelsa.
FC4:
Operators
are available
to help when I
had difficulty
in using

4

27

24

2

2

Questionnare
Item

6.80%

45.80%

40.70%

3.40%

3.40%

1
1.70%

5
8.50%

26
44.10%

25
42.40%

2
3.40%

4

15

25

13

2

6.80%

25.40%

42.40%

22.00%

3.40%

Exelsa.
FC5:
I think that
the use of
Exelsa
matches my
way
of
working.

SE1: I could
use most of
Exelsa
facilities
if
there was no
one to tell me
what I should
do.
SE2: I could
use most of
Exelsa
facilities if I
could
ask
someone for
helping me if
I got stuck.

Scores
1

2

2

15

3.40%

25.40%

40.70%

1

6

1.70%

10.20%

28

22

2

37.30%

3.40%

47.50%

SE3: I could
use most of
Exelsa
facilities
2

3

33

18

3

3.40%

5.10%

55.90%

30.50%

5.10%

Table 9 shows students perception on attitude
toward using technology. The most important thing is
most of the students feel fun when they work with
Exelsa. Students also perceive that combine Exelsa
with the traditional class make the class more
interesting. The students perceptions align with
university’s policy to combine the traditional class
with web based LMS.
Table 10 shows students perception on self efficacy.
Most of the students have score 3. We think that most
of them feel have enough capability on using Exelsa.
It is showed by the highest percentage of respondent
in filling the questionnaire. Most of them have
score3, it means the medium, and only a few of
respondent fill the lowest score.

just use the
built-in help
(manual)
facility

0

8

32

18

1

0%

13.60%

54.20%

30.50%

1.70%

for assistance.

The students do not have a high score on anxiety
when using Exelsa, because they are familiar to ICT’s.
Based on the short interview with the students, we
obtained information that they have been introduced to
ICT’s since senior high school so they are not too
scared to use a computer. This result is showed in
table 11.
Table 12 shows importantinformation on behavioral
intention to use Exelsa Most of the students have
score 3 for the behavioral intentions items. It means
that they uncertain to use Exelsa in the next 7 days.
We presume that the university and lecturers should
increase the amount of digital content in Exelsa to
attract more students visiting Exelsa.

TABLE XI
Anxiety
Scores

Questionnare
Item
ANX1: I feel
apprehensive
about
using
Exelsa.
ANX2:
It scares me to
think that I
could lose a lot
of information
using Exelsa by
clicking
the
wrong button.
ANX3:
I hesitate to
use Exelsa for
fear of making
mistakes
I
cannot correct.
ANX4: Exelsa
is
somewhat
intimidating to
me.

1

2

3

4

5

5
8.5%

35
59.3%

15
25.4%

4
6.8%

0
0%

sample. Also the research needs to be implemented to
other samples, for example to lecturers, to reach better
understanding on lecturers’ perception. The interaction
of lecturers and students in using Exelsa is the key to
reach Exelsa implementation successful.
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VI. CONCLUSION
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Abstract— The use of information technology
in the area of education plays a major part in
today’s learning technology development. Many
new revolutionary ways of learning have been
invented, thanks to the progress of the information
technology. One of them that catches the world’s
attention is e- learning technology. The vast
growing usage of e-learning has just begun
recently, not only educational institutions that are
using it, but many companies are also using it to
provide trainings for their workforces. The
concern of this paper is why e-learning usage is
not available to anyone in any part of the world so
that each user can interact and share their
knowledge each other. Besides, this paper also
discusses how- web based communication media
for learning can be developed as well as its
effectiveness in view of its concept within the
framework of e-learning.
Using e-learning which is absolutely dependent
on the internet in delivering its content is very
plausible to implement the concept of social
community e-learning site which emphasizes on
user interactions rather than one way static
content distribution. Many social community sites
have been created today, such as friendster and
facebook. The idea here is to combine the
flexibility of the social community site with the
power of e-learning to deliver new revolutionary
ways of learning.
The content itself has to be rich and employs all
available media, so that the users can choose
what kind of learning materials suitable to their
needs. In this case, the content has to be in the
form of multimedia. By using multimedia
technology which is very rich and convenient,
learning aids can be delivered to users attractively.
Also, this gives the users new experience in
learning.
Index terms– learning, web-based comunication
media.
I. INTRODUCTION

I

n the global era, communication has major role
in the development of a nation. Communication as
one of the collective efforts is demanded to continue
and synchronized data, information, and action. In the

e d u c a t i o n system, communication is formulated
as a means to develop people that are indicated in
the enhancement of knowledge, skills, competence,
and individual and collective behavior. The important
role of communication in education is strengthened by
the implementation of information technology.
Communication media has influenced almost every
aspects of human life in different ways.
The media development according Ashby (1972;9)
has brought two revolutions out of four revolutions in
the education field. The first revolution is the time
when parents assign other people-teachers-to educate
their children. The second revolution is the time when
written language is used as a means in the education.
The third revolution is the use of printed material as a
result of printing machine and printing technique in
the education. And the fourth revolution is the widespread use of electronic media in the communication.
The use of ICT specifically computer (including
internet) as a supporting tool in teaching-learning
process is inavitable, since this tool has characteristics
which are interactive and attractive while integrated
within networks to allow people in different places to
work together. This tool also provides communication
facilities that could work synchronically and
asynchronically to achieve a learner-oriented learning.
ICT has potential roles to be utilized in the
education field. In the Ministry of Education blueprint,
it is stated that there are seven functions of ICT.
They are: as learning resource, learning aid, learning
facility, competence standard, administration system,
decision support, and infrastructures.
The recent development of e-learning is focusing
on the content delivery rather than user involvement
and user interaction with the e-learning system and
also with the other users in the learning process. As
the first implementation of e-learning, content
delivery is the main focus, namely on how learning
content can be delivered to users in the internet. This
approach has been proven to work well. But the idea
of e- learning is more than just content delivery, the
way users interact with the content and with the other
users becomes the main concern in today’s e-learning
development.
The growth of social community networking sites
has been high recently after the introduction of
friendster and facebook, while the growth of elearning sites is not as high as those social community
sites. The main reason why the development of elearning sites is still low is that many individuals

still think about content delivery rather than social
interaction within the e-learning sites. Social
interaction has been proven to be so effective to
attract users such as in facebook which demonstrated
its gain of users. So why can’t e-learning employs
the same concept such as social community site to
enable user interaction within the e-learning sites?
The content of an e-learning site should also be
improved, since the majority of e-learning sites use
static contents as their presentation files. A more
comprehensive content model has tobe developed to
give users more variety of learning media. By using
multimedia content, more diverse selections of
learning media can be created and delivered to the
masses. Web-based communication media with the
multimedia content can be such powerful means of
learning for the masses.

itself. The communication on this concept also
derived from the time and space dimension of the elearning.

Fig 2. E-Learning Time and Space Dimension

II. MODEL, ANALYSIS, DESIGN, AND
IMPLEMENTATION
The concept of web-based communication media
had to be visualized to obtain a better understanding
of the concept, so that a physical model can be built
based on the existing conceptual models.
2.1 Main Theory

The main theory that is used here is derived
from the profile methodology of the e-learning.

This model resembles with the way web-based
communication
media
providing
means
of
communication and interaction to its users. The
communication is consisting of two different types of
communication, the asynchronized models and
synchronized models. The asynchronized models is a
model which enables users to communicate without
having the other user to participate in the same times,
this types of communication can be achieved by using
technology such as blogs and wikis or e-mails and
forums.
On the other way around, this model is more
sophisticated and harder to implement than the
asynchronized models. It requires both participants to
exchange information in the same time. Synchronized
models can be achieved by using technologies such as
live chat, video conference, and voice conference.
2.2 Design and Technology Used

The Design of Elearning.gunadarma.ac.id/~cai
Fig 1. E-Learning Profile Methodology [2]

As can be seen from the figure 1 there are several
ways of learning methodologies. The models on the
left side are the conventional ways of learning, such
as face to face learning and directed learning. But the
models on the right are the more intuitive learning
methodology such as distant learnings and open
learnings.
Web-based communication media is value more on
the right, which is the more comprehensive approach
but did not deminished the right value which is the
more traditional approach. The value on the left is
emphasizes on the social interaction just like the
concept of the web-based communication media, but
the value on the left is the main concept of learning

Navigation Structure Design
The navigation structures used to design
Elearning.gunadarma.ac.id/~cai
is
non-linear
navigation structure, in which the sub-menu made
in the non-linear on each page has the same
position. There is no master page and slave page.
Next step is making the navigation map. Map
navigation is the detail of navigation structures used.
The
navigation
made
for
the
Elearning.gunadarma.ac.id/~cai can be seen in the
figure 3.
Page Design
In this stage, the design will show the basic format
of Elearning.gunadarma.ac.id that contains home
page, video on demand page, articles page, learning

site page, and learning site contact page. The format
of the flows is described as follows:

Fig 3. Navigation Structures of Elearning.gunadarma.ac.id/~cai

1. Home Page
This page will show the first appearance of the site.
This contains the explanation about the
websites, short review of the articles, short review
of video on demand, and short review of the
courses.

Fig 4. Home Page Design

Figure 4 consists of :
1) Course Menu, This menu contains buttons
directed to the subjects of Data Structures and
Bahasa Indonesia.
2) Video on Demand Menu. This menu contains
buttons directed to the page of Video on Demand
containing tutorial videos.
3) Home menu. This menu contains Menu
buttons directed to the main page of home page
which shows articles about learning sites and
contacts.
4) UG Services menu. This menu contains
buttons directed to the links in Gunadarma websites,
such as studentsite.gunadarma.ac.id,
sap.gunadarma.ac.id,
v-class.gunadarma.ac.id,
etc.
5) The Logo of Elearning.gunadarma.ac.id/~cai
6) About learningsite. This menu contains the
elearningsite.
7) Brief about the Course. This menu contains

brief explanation about the content of a course in
Course Menu.
8) Brief about Articles. This menu contains
brief explanation about the content of article menu.
9) Brief about Video on Demand. This menu
contains brief explanation about video on demand
on the video on demand.
2. Page of Course
This page contains the courses listed in the
Elearning.gunadarma.ac.id/~cai. The format of
this page is as the following:
1) Course Menu, This menu contains buttons
directed to the subjects of Data Structures and Bahasa
Indonesia
2) Video on Demand Menu. This menu contains
buttons directed to the page of Video on Demand
containing tutorial videos.
3) Home menu. This menu contains Menu buttons
directed to the main page of home page which
shows articles about learning sites and contacts.
4) UG Services menu. This menu contains buttons
directed to the links in Gunadarma websites, such
as
studentsite.gunadarma.ac.id
sap.gunadarma.ac.id, v-class.gunadarma.ac.id,
etc.
5) The Logo of Elearning.gunadarma.ac.id/~cai
6) Introduction. This page contains brief
explanation about the course learned
7) Brief about Course, Part 1. This menu contains
brief explanation about the first part of the course
in the Course Menu.
8) Brief about Course, Part 2. This menu contains
brief explanation about the second part of the
course in the Course Menu.
9) Brief about Course, Part 3. This menu contains
brief explanation about the third part of the
course in the Course Menu.
10) Brief about Course, Part 4. This menu contains
brief explanation about the fourth part of the
course in the Course Menu
3. Page of Video on Demand
Content of this page is about tutorial videos listed
on Elearning.gunadarma.ac.id/~cai. The format of
the page of Video on demand is as the following:
1) Course Menu, This menu contains buttons
directed to the subjects of Data Structures and
Bahasa Indonesia.
2) Video on Demand Menu. This menu
contains buttons directed to the page of Video
on Demand containing tutorial videos.
3) Home menu. This menu contains Menu buttons
directed to the main page of home page which
shows articles about learning sites and contacts.

4) UG Services menu. This menu contains buttons
directed to the links in Gunadarma websites,
such
as
studentsite.gunadarma.ac.id,
sap.gunadarma.ac.id, v-class.gunadarma.ac.id,
etc.
5) The Logo of Elearning.gunadarma.ac.id/~cai.
6) Video 1. This button contains tutorial video
for Topic 1.
7) Video 2. This button contains tutorial video
for Topic 2.
8) Video 3. This button contains tutorial video
for Topic 3.
4. Page of Articles
This page explains about the content of learning
site within learningsite.gunadarma.ac.id. This
page contains:
1) Course Menu, This menu contains buttons
directed to the subjects of Data Structures and
Bahasa Indonesia.
2) Video on Demand Menu. This menu contains
buttons directed to the page of Video on Demand
containing tutorial videos.
3) Home menu. This menu contains Menu buttons
directed to the main page of home page which
shows articles about learning sites and contacts.
4) UG Services menu. This menu contains buttons
directed to the links in Gunadarma websites,
such
as
studentsite.gunadarma.ac.id,
sap.gunadarma.ac.id, v-class.gunadarma.ac.id,
etc.
5) The Logo of Elearning.gunadarma.ac.id/~cai.
6) Article 1. This button contains about the first
article.
7) Article 2. This button contains about the second
article.
8) Article 3. This button contains about the third
article.
5. Page of Learning Site.
This page explains about the content of learning
site within learningsite.gunadarma.ac.id. This
page contains:
1) Course Menu, This menu contains buttons
directed to the subjects of Data Structures and
Bahasa Indonesia.
2) Video on Demand Menu. This menu contains
buttons directed to the page of Video on
Demand containing tutorial videos.
3) Home menu. This menu contains Menu buttons
directed to the main page of home page which
shows articles about learning sites and contacts.
4) UG Services menu. This menu contains buttons
directed to the links in Gunadarma websites,

such
as
studentsite.gunadarma.ac.id,
sap.gunadarma.ac.id, v-class.gunadarma.ac.id,
etc.
5) The Logo of Elearning.gunadarma.ac.id/~cai.
6) About learningsite. This menu contains about
the elearning site.
6. Page of Learning Site Contacts.
The content of this page covers the contacts of the
learning sites administrator. The format of this page
is as the following:
The content of Figure 7:
1) Subject Menu, This menu contains buttons
directed to the subjects of Data Structures and
Bahasa Indonesia.
2) Video on Demand Menu. This menu contains
buttons directed to the page of Video on Demand
containing tutorial videos.
3) Home menu. This menu contains Menu buttons
directed to the main page of home page which
shows articles about learning sites and contacts.
4) UG Services menu. This menu contains buttons
directed to the links in Gunadarma websites,
such
as
studentsite.gunadarma.ac.id,
sap.gunadarma.ac.id, v-class.gunadarma.ac.id,
etc.
5) The Logo of Elearning.gunadarma.ac.id/~cai.
6) About learning site. This menu contains about
the elearning site.
2.3 Early Physical Model
An early physical model was built using ASP.NET
3.5 for sites and Adobe Flash for multimedia content.
The early model only consists of several functions
described earlier in the conceptual model, the
difference lies in the absence of wiki engine and
synchronous interaction, whereas other functions
were implemented flawlessly.
The early physical model is tested to a group of
college students, using quesitionaires to examine site
effectiveness where the site has already underwent a
rigorous compatibility testing and debugging. The
result of the early physical model testing will be
described briefly in chapter 3.
2.4 Research Methodology
The subjects of the research are the students of
Gunadarma University. The research instruments are
questionnaires with Lickert scale measurement, with
five scales (1 to 5) namely worst, bad, neutral, good,
and best. The aspects of measuremnt are: quality and
compatibility, visual quality, content delivery, and
user interaction. Data were obtained from the
questionnaires to be analyzed by using descriptive

statistical tests.
2.5 Data Analysis

the site and the use of multimedia content. IP is the
label for the indicated variables.

The test is done to approximately 40 students that
randomly picked from Gunadarma University. As
listed in table 1, responses for site quality and
compatibility are quite good. Each variable has
values ranges between 3,23 to 4,13 which are within
the scales good and best. Here KK is the label for
the indicated variables.
TABLE I
Students response on the quality and compatibilty

Maximum Mean

Range Minimum
KK1
KK2
KK3
KK4
KK5
KK6
KK7
KK8
KK9
KK1
0
KK1
1
KK1
2
KK1
3
KK1
4

3
2
2
2
2
2
3
3
3

2
3
3
3
3
3
2
2
2

5
5
5
5
5
5
5
5
5

3,70
3,80
3,87
3,87
4,00
4,13
3,67
3,87
3,40

3

2

5

3,27

2

3

5

3,73

2

3

5

4,03

2

3

5

3,97

2

2

4

3,23

Visual quality of the sites appears in table 2, the
result is outstanding with values ranging from 3,53 to
4,00, which are within the scale best. The boosting
factor for this variable is the use of multimedia
content possessing better visualization for learning
content rather than ordinary documentary. The use of
web interface also helped. KT is the label for the
indicated variables.
Content delivery is described in table 3. The result
shows that it is very good where the majority of
students responded with values ranging from 3,67 to
4,20 within the scale 1 to 5. This achievement was
due to the usage of Adobe Flash multimedia
application for learning content which give the user
more interactivity with the content. PM is the label for
the indicated variables.
User interaction is described in table 4. The result
shows that it is surprisingly very good with the
majority of students responded with values ranging
from 3,63 to 4,17 within the scale of to 1 to 5, thanks
to the concept of social community interaction within

TABLE II
Students response on the quality and compatibilty

KT
1
KT
2
KT
3
KT
4
KT
5
KT
6
KT
7

Range
2
2
2
3
2
2
3

Minimu
m

Maximu
m
3
3
3
2
3
3
2

5
5
5
5
5
5
5

Mean
3,73
4,00
3,93
3,70
3,97
3,53
3,53

TABLE III
Students response on the visual quality

PM
1
PM
2
PM
3
PM
4
PM
5
PM
6
PM
7
PM
8

Range
2

Minimu
m

3
2
2
2
2
2
2

Maximu
m
3

5

Mean
3,90

2
3
3
3
3
3
3

5
5
5
5
5
5
5

3,70
3,87
3,90
3,87
3,97
3,67
4,20

TABLE IV
Students response on the visual quality

IP1
IP2
IP3
IP4
IP5
IP6
IP7
IP8
IP9
IP10

Range
3
2
3
2
3
3
3
3
3
3

IP11
IP12

Minimu
m

Maximu
m
2
3
2
3
2
2
2
2
2
2

5
5
5
5
5
5
5
5
5
5

Mean
3,80
3,87
4,17
3,90
3,83
3,70
3,63
3,70
3,77
3,63

2

3

5

3,77

3

2

5

3,77

III. RESULT
The results of this study show that web-based
communication media concept can be used as
guidelines for those who want to build such sites. The
concept itself is proven to be hard to achieve in real
world. However, it is possible to build such site by
using the existing technology, many Content
Management Systems already shows that’s such a

concept can be made to reality with ease. But the
concept of web-based communication media had
several advantages and constraints. The advantages
for this concept are
Available to All: By using the power of internet
websites it is accessible to all over the world as long
as one is connected to the Internet and no matter what
device one uses.
Platform Flexibility: A website is accessible no
matter what operating system or device is employed
because web has open standard and cross platform
compatible.
Powerful Means of Learning: By harnessing the
power of the Internet, the concept of
social
community based e-learning will evolve as an
alternative learning method.
Diversity in Content: By using multimedia
technology, users can choose any kind of learning
media suitable to their needs.
Better User Interaction: By using social
community site for e-learning, users can interact with
each other on the site.
Better Knowledge Sharing: Social community
implementation also gives advantages for much better
knowledge sharing than conventional content delivery.
Despite of all this advantages and despite the
research that was done with the early physical models
indicated good, there are several constraints in the
realization of the concept.
Technology Diversity: Vast number of internet and
web technologies can give the developer many
selection tools but also development challenges.
Browser Incompatibility: This is proven to be a
major problem of website. Incompatibility between the
browsers has proven to be devastating.
Improper Content Material: Very large numbers
of users submitting and sharing their knowledge
within the sites can be troublesome to filter proper
user content.
User Management: Management of user within the
site where the user can share their knowledge and
communicate each other is a challenging task. Many
problems will occur and even more problems will
come up as the number of users grows.
Development Challenges: The development of this
concept is not an easy process, because it deals
with many technologies and diverse fields of study,
information
technology,
communication,
and
education technology. It requires joint forces to
develop the concept.
IV. DISCUSSION AND CONCLUSION
This concept of a web-based communication media
needs further researches or even tests, so that the
concept can evolve as actual implementations based
concept and can be used effectively as alternative

ways of learning. The conceptual model is suitable for
implementing the theoretical concepts in view of good
feed back of the early physical model provided by
the students. But it is still based on a rather
insufficient sample of early physical model and
conceptual models. Further research and development
of an implementable ideal physical model is required
to gain more actual benefits and to know more of the
challenges for the concept so that the know-how of
the concept has to be developed can be well improved.
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Abstract— Personalization is an effective way to
increase the quality of learning in online learning
environment. To create an e-learning application which
supports personalization, learning objects should be
designed to have the ability to adapt with various
characteristics of learners; with diverse needs and
capabilities. The focus of this study is the design of
learning objects model that supports personalization by
integration between SCORM standard and semantic web
approach. This research proposes an adaptive learning
objects model, in both syntactic and semantic forms, and
produces semantic portal to demonstrate the use of the
model. Learning object ontology resulted in the research
is able to support personalization based on student’s
prior knowledge, learning style and performance.
I. INTRODUCTION

E

LEARNING is growing up rapidly and has
become the important part of educational system
in Indonesia. Making web as the communication
media and source of information in e-learning method
are appropriate and effective ways since the access is
quiet easy and fast. Web offers lots of information
which varies at the structural, syntactic, and semantic
level. Variety of language and information domain
provided have also making web as the store of
perception and knowledge which worth so much in
educational world.
Syntactic heterogenity of information spread in web
nowadays, such as differentiation of data
representation format or the variety of terms used,
have often cause problems in interoperability of
information. Users’ needs to gather information as
many as they can from various sources is bounded by
the ability of search engine in identifying information
since they were presented only in human-readable
format. Information processing machine in web
doesn’t have ability to read and conceive data or
information as the users did. These then become the
historical background of the appearance of new
technology which uses semantic mediation approach
in their database, thus the data and information kept
are machine-readable. This technology has been
known as semantic web.
This new technology has increased the ability of

computer machine in embracing information
accurately, useful, and appropriate with the context of
the users. Information which are presented in web not
only based on syntactic compatibility (keyword match)
but also have semantic relevance. These abilities do
not apart from the use of ontology which support
formal description and comprehension of ontology
itselves. Ontology is a theory about meaning of an
object, and also the relation among objects which
probably occur in a domain knowledge [3]. Object, in
this case, means an entity of data or information that
has been stored on web repositories. The presentation
of
information semantically, which could be
accomodated by semantic web technology, is nothing
but an implication of the ontology implementation in
the data modeling.
In e-learning context, those data and information
were stored in each unit of learning materials which
have been known as learning objects. The
implementation of ontology model is expected to
enrich the capabilities of e-learning system to gain and
process those learning materials such that they can
support learning personalization effectively in order to
increase the quality of learning. With ontology,
learning objects are designed in such a manner so that
they become adaptive to learner characteristics and
still have interoperability at syntactic and semantic
level in various system or e-learning environment.
This research intent on developing a prototype of
semantic portal which implement learning object
ontology. The output of this research then will be used
as a stage in creating personalization for e-learning
system which will be implemented by Fasilkom UI.
II. E-LEARNING PERSONALIZATION
Personalization in the context of computer science
refers to the ability of a system or application to adapt
to meet the needs of each user. In conventional
learning, it is difficult to implement the concept of
personalized learning. This is due to diverse learning
styles, prior knowledge, and intelligence of the
learners owned. While on the other hand, teachers only
implement one type of learning methods in one period

of time in accordance with at least one type of learning
style and they usually apply the same standards of
prior knowledge and intelligence for all students.
When this happens, other learners with different
learning styles will be ignored; learners with less prior
knowledge would have difficulties in following the
learning process, whereas learners with better prior
knowledge and intelligence would learn faster than
others. Teachers can adjust to the lowest standards of
prior knowledge and intelligence, but it is not efficient
and cannot accommodate students who have higher
ability.
In the context of e-Learning, personalization could
be applied to some aspects, which are personalization
of learning material (based of preferences, learning
style, educational background, capabilities), ways and
presentation form of learning materials, or the
composite of them [13].
There are several methods that can be implement to
do personalization in e-learning[5]:
i. Personalization controlled by the learner – It
requires direct input of the learner's needs and
preferences by filling question forms or by
choosing options and alternatives.
ii. Personalization based upon an existing user
profile and meta-descriptions of the information
content - In this case, the learners' preferences
are stored in their profile.
iii. Personalization via searching for a correlation
between the learners - Correlation is through the
values of the attributes, describing the learner's
profile. If there is a strong correlation, there is a
possibility that the content for a given profile is
suitable for applying to its close (adjacent)
profiles.
In this research we propose an e-learning
personalization based on user profiles that have been
stored with metadata that shows the information about
student characteristics. Users with different user
profile will receive different learning objects. To
fulfill the need of personalization, the learning objects
also stored with metadata that shows some
pedagogical information. We discuss the learning
objects in the following section.
III. LEARNING OBJECTS
According to Learning Technology Standards
Committee Institute of Electrical and Electronic
Engineers (LTSC) , Learning Objects (LO) is:
“Learning Objects are defined here as any entity,
digital or non digital, which can be used, re-used,
referenced during technology supported learning.
Examples of learning objects include multimedia
content, instructional content, learning objectives,
instructional software and software tools, and persons,
organizations, or events referenced during technology

supported learning” [8].
In this research, the discussion is focused on digital
learning objects as they are more appropriate with the
context of utilization for web-based learning
application, where the learning material have to be
communicated and accessed via internet or computer
network.
At the minimum, a digital learning object [11]
consists of content and an interface. The content is
made up of assets, which are the materials or “blocks”
that make up the learning object: images, text
passages, videos, etc. The interface is the part of the
learning object with which the user interacts. It
includes the graphic design, navigational elements,
and other controls that the user sees. An interface may
be as simple as a single web page that presents text
and images, or as complicated as a screenful of
controls to set the parameters of a simulated chemistry
experiment.
Learning objects, especially digital learning objects,
can also include metadata, which is information about
the learning object itself (as opposed to the
information in the learning object that is part of the
learning experience). For example, title, author, major,
education level, level of difficulties, interactivity level
and type, copyright, etc. By using metadata, learning
material searching and identifying process become
easier since various information which can be used as
identity for certain learning object are stored on
metadata. Metadata is used for three purposes related
to learning objects: cataloging and searching for
learning objects; tracking ownership and attribution
information and handling rights management issues;
and communicating with learning management
systems[10].
The main issue regarding the implementation of
learning object is the heterogeneity of platforms such
as differences in operating systems, learning
management system, or authoring system in many
organizations. Therefore, some experts took the
initiative to establish a standard in the manufacture
and development of teaching materials named
SCORM (Shareable Content Object Reference
Model). SCORM development objective is to create
teaching materials that meet the six functions of
accessibility, adaptability, interoperability, reusability,
affordability, and durability [9].
There are several main components in any SCORMbased learning content, namely:
i. Asset: The smallest component of the learning
objects, either in the form of text, images,
graphics, audio, video, or animation.
ii. Shareable Content Object: a combination of
several assets and are reusable such as
paragraphs, body, conclusion, reference, section,
etc.

iii. Content Aggregation: structure of content that
can be used to perform aggregation of learning
resources in a good learning unit (e.g. course,
chapter, module).
SCORM supports the personalization of e-learning
system in two aspects. First, SCORM supports in
defining different organization for a course. Learning
Management System (LMS) is then responsible for
determining which organization best fits the profile of
learners before learning begins. This is done by using
the metadata in the organization. The second aspect is
the sequencing information that enables to build a set
of rules (rules) which are used by LMS in selecting
next activities that should be given to the learners. All
parameters are interrelated data stored in the SCORM
model.
However, SCORM does not consider the external
aspects such as preferences and learning background
of learners [2]. Moreover, to carry out the more
advance tasks, such as composing some learning
objects at the run time, some intelligent components
should be added to LMS. After get personalization
data especially user profile, the intelligent components
compose courseware based on the available learning
objects that relevant to the user’s need.
IV. USING SEMANTIC WEB FOR E-LEARNING
PERSONALIZATION
Nowadays, research direction in the field of elearning personalization refers to the combination of
object standardization approach (such as SCORM)
and semantic web approach. In the approach, it is
possible to implement some reasoning techniques that
have been developed in the semantic web area to
choose the learning objects, and to compose the
appropriate learning objects according to the user
characteristics.
Semantic web approach is focused on the use of
ontology. The term ontology originally presents in the
area of philosophy of science. In the field of computer
science, which is "a shared and common
understanding of some domain that can be
communicated between people and application
systems" [6]. According to Daconta [4], an ontology
is represented by several components, namely (1)
Classes or concept, general things in the domain of
interest, (2) Instances or individual, particular things,
(3) Properties and value of the things, (4) Constraints
and rules of the things, (5) Relationships between the
things and (6) Functions and processes involving the
things.
In semantic modeling, ontology is represented by
standardized languages which are RDF, RDFs or
OWL[1].

V. DESAIN OF LEARNING OBJECT ONTOLOGY
Learning objects in this study was designed based
on the SCORM standard to maintain compatibility of
e-learning content for a variety of Learning
Management System (LMS). SCORM is chosen
because it is known that most of current LMSs use
SCORM as their standard. Thus the structure of
learning objects are designed to follow the standards
defined in the SCORM, including the metadata used.
The following are explanation of the structure and
metadata that we use for each unit of learning objects
that are adopted from SCORM standard:
Asset, which is defined as the smallest
component of the learning object that contains the
actual content of teaching materials, either in the form
of text, images, audio, and so on. Metadata used as
additional information contains information of asset
name, keyword, contributor, creation date, and last
modified.
i. Shareable Content Object (SCO) which
represents unit such as paragraph, body,
references, tables, conclusion, section, lists, and
other units which are composed of a set of assets
and become part of a unit of a larger document.
Metadata used in this unit includes name,
description, keywords, and contributor.
ii. Lesson, which is defined as a document that
becomes part of a course. It consists of two
types of document which are course material and
assessment material. Course materials represent
the teaching material in the form of chapters or
sections within a course. Meanwhile, the
assessment materials represent documents for
evaluating learners in the form of assignments,
quizzes, or exams. Lesson is a container which
consists of one or more SCO. Lesson metadata
includes name, title, description, keywords,
interactivity type, interactivity level, difficulty.
iii. Course, which is defined as a unit consisting of
several Lessons. Course may have relationship
to other courses, such as prerequisite
relationship. Course metadata includes name,
description, contributor, difficulty, interactivity
level, and interactivity type.
After defining the structure of learning objects, we
apply the ontology approach to our design. Each unit
on the learning objects will be mapped to an entity
(class) in the ontology. Metadata will be mapped as
properties of each class. Some additional properties in
addition to the metadata may also be made to adjust
the needs of ontology modeling.
Table 1 summarizes the metadata used for our
learning objects.

Tabel 1. Metadata of Learning Objects
Unit
Course

Lesson

Shareable
Content
Object
Asset

Metadata
name, description, contributor,
keyword, status, version, difficulty,
interactivity level, interactivity
type, creation date, last modified
name, title, description, keyword,
creation date, last modified,
contributor, interactivity type,
interactivity level, difficulty, status,
version
name, description, keyword, last
modified,
creation
date,
contributor, status, version
name,
keyword,
contributor,
creation date, last modified

In our design, we modify the ontology of learning
objects from ALOCoM (Abstract Learning Object
Content Model), a learning object model which is
result of comparison carried out by several e-learning
experts to several models of learning objects that have
been commonly used [7]. Table 2 illustrates the
comparison and mapping between several models of
learning objects with ALOCoM.
Table 2 shows that SCORM and ALOCoM
ontology are learning object model which are

compatible each other. ALOCoM structure is similar
to SCORM model used in this research, thus we can
map the learning object model in SCORM to the
ontology structure in ALOCoM. ALOCoM has three
components of learning objects, namely:
i. Content Fragment (CF), which is a unit of
learning objects that have the most basic form,
such as text, audio, or video. In essence, the CFS
is the raw digital resources. CF is specialized into
two forms, namely the discrete elements (text,
graphics, images) and continuous element (audio,
video, simulations, animations).
ii. Content Object (CO), which is a combination of
some of the CFS and has navigation. Navigation
elements regulate the structure or sequence of
CFs in CO. In addition to CF, CO can also be
arranged from other CO.
iii. Learning Object (LO) which is the largest unit in
the learning objects structure. LO is defined as a
collection of some of COs with learning
objectives that are related to each other.
Figure 3 provides an illustration of the structure and
relationships between units of learning objects in
ALOCoM model.

TABLE 2.
MAPPING OF LEARNING OBJECT MODEL [7]

Content Object

Learning Object

Learn
activity

Content
Fragment
Raw Media
Element

Information Object

SCORM

Asset

Sharable Content
Object

Application Specific Object
Aggregate Assembly
Collection
Content Aggregation

CISCO

−

NETg

−

Content Item
Practice Item
Assessment Item
−

ALOCoM

Reusable
Information
Object

Reusable Learning Object

Topic

Unit

Lesson

Course

From the figure, we can conclude that the
Content Fragment can be mapped to an Asset,
Content Object can be mapped to Shareable
Content Object and Learning Object can be mapped
to Content Aggregation, which later it can be
divided into two forms of Lesson and Course.
By considering this learning object mapping, we
modify the ALOCoM ontology to be suited with our
needs, particularly in order to comply with learning
object structure that has been defined in SCORM
standard. The results of ontology modifications can
be seen in Figure 4.
Fig. 3. ALOCoM Structure [7]

Fig. 4. Learning Objects Ontology

When
implementing
the
ontology
for
personalization in e-Learning system, it is required
that we integrate Learning Object Ontology and
Student Model Ontology. After integration of the
ontology, some reasoning processes can be performed
to meet some personalization aspects listed below.
i. Prior knowledge aspects
With navigation elements provided on each unit of
learning objects, namely follows, precedes, and
prerequisites property, system will get information
about relationships and dependencies between
teaching materials. For example, to study topic on
Normalization in Database course, a learner should
pass previously topic about the Entity Relationship
Diagram.

ii. Learning style aspects
Learning style of learners is also an aspect that can
affect the learning process. When designing student
model ontology, we consider supporting the FelderSilverman 44 Learning Style Model that consists of
five learning styles. However, our learning object
ontology is developed based on SCORM standard
that does not provide properties that support all
learning styles. There are two types of learning style
met by our learning object models, which are
Visual-Verbal and Active-Passive learning style.
iii. Student performance aspects
The use of difficultyLevel property in the ontology
will assist in personalization regarding to the
performance of learners. The learner performance

can be examined from tests, assignments, and
quizzes results. The learners whose performance is
less good (measured by test scores for example) will
get teaching materials with lower difficulty level,
whereas learners whose performance is good will
get course materials with high difficulty level. For
the sake of simplicity, we can define the difficulty
level into three, namely difficult, medium, and easy.

VI. ONTOLOGY IMPLEMENTATION
In this research, we use portalCore to develop the
prototype of semantic portal. portalCore is an opensource software from SWAD-E project which develop
SWED[12]. It is one of family tool from Jena, a
framework in API form (Application Programming
Interface) for Java-based semantic web and has been
used in many applications development with ontology
as the model. Besides, the use of portalCore is a
software reuse so that the development can be done
more efficient since we do not need to build from
scratch.
The first step in the development process of
semantic portal is to prepare several data which are
required as input of the system. Those data are the
ontology model itself, data instances and rules. The
next step is portal configuration which done by
defining data source, defining a group of attributes
which are used in information searching at the portal
called facets and defining templates that used to
present data in the portal. The functionality contained
in this portal includes faceted browse, text search,
refined search and tree search. There are four objects
that can be browsed via facet, which are Course,
Lesson, Shareable Content Object, and Asset. Refined
search or narrowing search is searching function that
allow users to filter the search results several times
with more specific category. Tree search is searching
process which can be done through a tree that show
the hierarchy of a wanted object. This tree is obtained
from the facet that has hierarchical type.

since it is equipped with appropriate semantic
information.
iv. Prototype of semantic portal that has been
developed can demonstrate the process of
information retrieval through the learning objects
ontology implemented to the system and has been
equipped with searching and browsing function.
These are several things that could be done for
further research and development system:
i. Implementation of aggregator component in
portalCore to do harvesting or data collection in
order to desentralized information stored on portal.
ii. Integration between the learning objects ontology
with other ontologies which are related to the
scenario of personalization (such as student model,
learning design, etc).
iii. Customization and further development of
portalCore to implement reasoning techniques
those comply with our personalization scenario.
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Abstract—Each student has different style in
learning process. One student may prefer to learn
visually which mostly involves picture, diagram,
etc. Other students may prefer to learn verbally
which mostly involves the use of audio/sound.
These learning styles as well as prior knowledge
and intelligence are considered success factors in
learning process. Accommodating these aspects in
conventional learning is almost impossible as we
only have one teacher that must control tens even
hundreds of students. However, the emergence of
e-Learning technology offers benefit to student as
it enables each student to have his/her own
learning process that can be suited with his/her
characteristics that we refer this as the
personalization. In order to support this, recently
researchers develop semantic web technology that
allows system to inference existing data, including
learning records of student. This research
contributes in developing student model ontology
as a stage in creating personalization for eLearning system. The ontology we develop is based
on student performance as representation of prior
knowledge and learning style which is adapted
from Felder-Silverman Learning Style Model. Our
implementation on semantic portal shows that the
ontology has work properly and system is capable
in concluding new knowledge by reasoning existing
data/instances.
Keywords — ontology, semantic web, e-Learning,
personalize-tion, learning style, student model.
I. INTRODUCTION

E

-LEARNING offers many advantages compared to
conventional learning [1]. One of its advantages
is the learning method which can be more adaptive
than conventional learning. Conventional learning
tends to support only one learning style because in a
typical classroom situation, a teacher often has to deal
with tens or even hundreds of students in the class.
Such a situation forces each student to receive the
same course materials, disregarding personal needs
and characteristics of the student. This situation can
be improved in e-Learning system in which each
student can be arranged to receive course materials
which are more fine-tuned to his/her learning

characteristics. This e-Learning capability is referred
to as personalization.
The Internet is an important ingredient of eLearning. The exponential growth of the amount of
data available in the Internet necessitates the use of
machines to process the sheer amount of data more
efficiently and intelligently. However, data and
information currently available in the Internet are
presented mostly in a form that is more humanreadable, rather than machine-readable. In this
situation, it is very difficult for the machines to
provide helps for the processing of data except in a
very limited way.
The Semantic Web [2] offers a solution for this
problem by providing a standard way to incorporate
semantic information to the data. This is done by
expressing the meaning of the data using formal
languages which are equipped with precise semantics.
This then allows the data to be read, processed and
understood by the machine precisely and intelligently.
The personalization feature of an e-Learning
system requires the system to be adaptive with the
needs of the user, i.e., the students. Ideally, each
student should only be presented with learning
scenarios and materials which are most suitable for
his/her learning ability and preferences. On the other
hand, semantic web technology enables systems to be
more adaptive and intelligent with the capability of
reasoning any related data. For an e-Learning system
that is used by many students with various
characteristics of learning, this technology can be very
beneficial to provide the personalization needed by
each student.
In each application of the Semantic Web, ontology
holds an indispensable role for its successful use.
Ontology is a formal representation of knowledge
within a particular domain of application. It is realized
as a collection of definition of concepts in that
particular domain as well as relationships between the
concepts. It is therefore a basic component to
represent data and information semantically.
In order to establish e-Learning system with
personalization capability, we need to formally
specify any concepts in e-Learning domain and their
existing relationships. Among these concepts, we
consider student model as one of the most important

concepts for personalization in e-Learning system.
Therefore, this research focuses on development of
student model ontology which is suited with the needs
of learning process in Faculty of Computer Science
University of Indonesia. Thus, we expect that in the
future our development of student model ontology can
be incorporated into our Student Centered e-Learning
Environment (SCeLE) as our daily Learning
Management System (LMS).
To verify our ontology design, we implement it on
semantic portal. We create some instances of our
model and some rules that represent relationship
between the concepts. By exploring this technology
we hope to demonstrate the benefit of the technology
for personalization in our e-Learning system.
II. E-LEARNING
E-learning is learning that is supported by
electronic tools and digital contents. It usually
involves some form of interactivities; including online
interaction between students and teachers or groups of
them. E-learning mostly involves access via Internet,
but other technologies such as CD-ROM can also be
used [3]. However, e-Learning terminology nowadays
refers to learning through the Internet or network.
Learning process according to Huitt [4] has various
influenced components among which are learner
characteristics and activity/learner behavior. Learning
styles, prior knowledge, and intelligence are part of
the characteristics of learners, as well as the
motivation that will affect the activity of learners in
the learning process [1].
One of the learning style models that is widely used
is the Felder-Silverman Learning Style Model [5]
which divides learning styles based on the five
dimensions, namely:
 Active-Reflective (processing dimension): Active
learners tend to maintain and understand
information by doing activities. On the other hand,
reflective learners will take a couple of time to
think before doing something. Active learners
prefer learning in groups; in contrast reflective
learners prefer to learn alone.
 Sensing-Intuitive (perception dimension): Sensing
learners prefer learning from facts, while intuitive
learners often prefer to find possibilities and
relationships as a map of concept.
 Visual-Verbal (input dimension): Visual learners
remember what he sees well such as images,
whereas verbal learners get more information from
the words and spoken explanations.
 Sequential-Global (comprehension dimension):
Sequential learners gain understanding through the
linear steps, while global learners trying to
understand from the global perspective.
 Inductive-Deductive (organization dimension):

Inductive learners process information from
specific to general, while deductive learners process
in the opposite way.
In conventional learning, teachers usually support
only one type of learning style in a particular time and
assume similar standard of prior knowledge and
intelligence for all students. When this happens, other
learners with different learning styles will be ignored.
Learners with less prior knowledge will be difficult to
follow (conversely for students with better prior
knowledge and intelligence). Teachers can adjust to
the lowest standards of prior knowledge and
intelligence, but it is not efficient and cannot
accommodate students who have higher ability.
Therefore, implementing personalized learning
concept in the context of conventional learning is
quite difficult due to diverse learning styles, prior
knowledge, and intelligence of the learners.
In the context of e-Learning, personalization is
possible to do through a series of treatment to
Learning Management System and learning objects.
Personalization in e-learning can be made on some
aspects: the personalization of learning materials
(based on preferences, learning styles, backgrounds,
level of understanding), ways and forms of
presentation of materials, or a combination of both.
III. SEMANTIC WEB AND E-LEARNING SYSTEMS
Semantic Web is an extension of the current (World
Wide) Web in which information is provided with a
well-defined meaning, i.e., formal semantics that
allows for greater degree of automatic processing by
computers and better cooperation between people and
computers [2]. The semantic web technology relies on
ontology as its backbone [6]. Ontology defines a set
of primitives to represent and model a particular
domain of knowledge [7]. Primitives can be in the
form of classes (or sets), attributes (or properties), and
relationships (or relations between members of the
class). Primitive definition includes information about
meaning and constraints.
Semantic Web is increasingly popular for various
needs in educational institutions to assist management
functions. Memon and Khoja [8] proposed a Semantic
Web-based framework for administering academic
program in UAE University. They showed the use of
semantic web technology to help support various
program management functions. Mason [9] advocated
the use of semantic web as the technology for
developing institutional repositories. He described the
problems which are inherent with the informality of
traditional repository metadata, and proposed a data
model based on the Semantic Web which supports
more efficient use of data, with the aim of
streamlining scientific communication and promoting
efficient uses of institutional research output.

In e-Learning systems, Semantic Web is also
considered important to link and structure the learning
resources. Millard, et.al. [10] proposed the integration
of Semantic Web and Wikis technology into Semantic
Wikis which shows potentials as a media of
collaboration to produce hypertexts which are
structured like ontology as well as connected
semantically. Wills, et.al. [11] proposed an e-Learning
framework for assessment (FREMA) based on
semantic web technology. They aim to provide a
guide to what resources (standards, projects, people,
organizations, software, services and use cases) exist
for the domain, aimed at helping strategists
understand the state of e-learning assessment, and
helping developers to place their work in context and

thus the community to build coherent systems. Other
researchers such as Chen, et.al. [12], Kay, et.al. [13],
Jovanovic, et.al. [14] [15], Henze, et.al. [16], Paneva,
et.al. [17] developed ontology on student model to
develop personalization system in e-Learning. These
researches demonstrated the potentials of Semantic
Web to be implemented in various platforms. The
Semantic Web enables data to be reasoned
automatically by the system, thus allowing the system
to generate new important knowledge.
IV. DESIGN OF ONTOLOGY
In this research, we develop a student model
ontology comprising student personal data, learning

Fig. 1. Framework of personalization model in our e-Learning system
Table 1. Comparison with other student model ontologies

Ontology Description
Student Learning Style
Student Performance
Student Preference
Student Personal Data
Student Background
Student Learning Goal
Student Motivation State
Student Behavior
Observation
Student Data/Information

Jovanovic
V
V
V
V

Henze

Paneva

V
V
V
V
V
V
V

Our
Requirements
V
V
V

V
V

V

style and student performance. These aspects are
considered important to describe the student profile.
Student performance in general describes the prior
knowledge and intelligence as personal aspects of

data/information. From the table, it can be seen that
our requirements are similar to Jovanovic’s student
model. The only difference is that we do not include
the student preference in our student model.

Fig. 2. Student model ontology; the graphical notation follows the one used in [20]

student. It includes GPA, cumulative GPA, grade of
prerequisite courses, as well as grades of quizzes,
assignments, mid/final test. We conclude that all
grades of each student will reflect his/her
performance. Fig. 1 shows the framework of
personalization model in our e-Learning system.
Comparison with similar researches due to
Jovanovic, et.al. [14], Henze, et.al. [16], and Paneva,
et.al. [17] are described in Table 1. The table shows
the difference of three ontologies developed by
Jovanovic, Henze, and Paneva with our requirements
on student model ontology according to the following
aspects: student learning style, student performance,
student preference, student personal data, student
background, learning goal, student motivation state,
student behavior, observation, and student

According to Table 1, our student model ontology
is a combination of four smaller ontologies, namely
student learning style, student performance, student
personal data and student information. However, the
last two actually provide similar information. Thus, in
order to simplify our design, we merge student
personal data and student information into single
ontology and proceed with three ontologies, namely
student learning style, student performance and
student data. The student model ontology in Fig. 2 is
obtained by combining those three ontologies.
The student learning styles ontology is developed
by considering the Felder-Silverman Learning Style
Model. In this context, each student has a learning
style that can be inferred from questionnaire results.
The student, learning style and learning style theory

are modeled as classes. Between every pair formed
from these classes, we construct a relationship that
reflects the interconnection between them. In the Fig.
2Error! Reference source not found., each
Student has a LearningStyle. We also define
the basedOnTheory relationship between the
classes
LearningStyle
and
LearningStyleTheory since the categorization
of the LearningStyle is based on a particular
theory.
The student performance ontology describes
knowledge
about
each
student’s
learning
performance. The student performance reflects the
achievement of each student in a particular topic or a
particular course or even in the whole duration of his
study. Some criteria we have chosen to measure the
student performance are:
 the accumulative GPA which is represented by the
class Performance_Accumulative;
 GPA of previous semester which is represented by
the class Performance_PreviousTerm;
 grades obtained in particular courses which is
represented Performance_Course;
 mid/final term grade which are represented by the
class Performance_Test; and
 assignment grades which are represented by the
class Performance_Task;
In the student performance ontology, we define
Student and Performance as classes. Note that
the Student class in the student performance
ontology coincides with that of the student learning
style ontology. We also put the hasPerformance
relationship between Performance and Student
to reflect the achievement of each student. Each
criteria of the performance is represented as a subclass
of Performance.
For the student data ontology, we identify three
kinds of information required about a student:
 information related to student attributes, such as
enrolling year, semester, full name, etc. which are
expressed as datatype properties;
 personal information such as e-mail address and
telephone number; these are expressed as datatype
properties of the PersonalInformation class;
 information requiring the creation of a new class,
such as origin school, faculty, department, course,
etc.; we then define relationships between these
classes, such as hasFaculty that relates between
University and Faculty, hasProgram that
relates between Faculty and Program, etc.; this
particular model is based on the organizational
hierarchy of the Faculty of Computer Science,
University of Indonesia.
The student model ontology is finally obtained by
combining those three smaller ontologies described
above. The class Student in all those three
ontologies coincides. Thus, the combination is done

by connecting three ontologies through the class
Student and the result is given by Fig. 2.
V. IMPLEMENTATION ON SEMANTIC PORTAL
We implement our design on semantic portal using
PortalCore tool from SWED [18]. We aim to verify
our implementation of the ontology, by implementing
some logical rules and observing whether the
semantic portal works well to generate implicit
knowledge from the ontology. This is an important
step in order to develop the personalization on top of
existing semantic web and e-learning technologies.
Our ontology is realized using the Web Ontology
Language (OWL) [19]. We create some instances and
rules to ensure that the system will infer new
knowledge. Some of the defined rules include:
a. (?A rdf:type sm:Student),
(?A sm:hasLearningStyle ?B) ->
(?B sm:reflectedBy ?A).
b. (?A sm:isAStudentAtUniversity
?B), (?A sm:studiesAtFaculty ?C)
-> (?B sm:hasFaculties ?C) .
c. (?A sm:studiesAtFaculty ?B), (?A
sm:studiesAtMajors ?C) -> (?B
sm:hasMajors ?C) .
d. (?A
sm:studiesAtFaculty
?B),
(?A
sm:inProgram
?C)
->
(?B sm:hasPrograms ?C) .
e. (?A sm:studiesAtMajors ?B),
(?A sm:isAtDegree ?C) ->
(?B sm:hasStudyDegrees ?C) .
f. (?A sm:inProgram ?B),
(?A sm:isAtDegree ?C) ->
(?B sm:heldInDegrees ?C) .
g. (?A sm:inProgram ?B),
(?A sm:passesThrough ?C) ->
(?B sm:canBeEnteredThrough ?C) .
We then apply the ontology, instances, and rules to
the PortalCore. Results on semantic portals show that
the portalCore displays data as entered and ontology
as designed, and as well as rules that have been
defined. For example, in the instance of “faculty of
Computer Science", we do not define that it has
"international bachelor program". However, after
creating instance of student named "Muhammad Ali"
who enrolls “international bachelor program” at
“faculty of Computer Science", the portalCore create
a new data representing the fact that “faculty of
Computer Science” has “international bachelor
program”. It happens since we have defined the rule
given by (c) above that allows inference by the portal.
Our experiment on the semantic portal shows that
the ontology and rules are quite enough to represent
the data modeling for personalization in our eLearning system. The ontology and rules needs to be
integrated with other ontologies in order to ensure the
capability of the semantic portal before it is
implemented for the real system.

VI. CONCLUSION
In this research, we develop student model
ontology as one of the main ontology needed to
perform personalization in e-Learning system. The
ontology covers the knowledge about student learning
styles, student performance, and student data. The
experiment on the semantic portal shows that the
proposed ontology, data, and rules are working as
expected, inferring implicit knowledge as needed.
In the future, we expect to integrate this ontology
with other ontologies to support personalization in eLearning system. Moreover, the system should allow
addition of new properties, and removal of existing
properties for each instance of student without
altering the basic design of ontology that have been
made. Integration with other ontology will create new
relationship between classes in the student model
ontology with classes in other ontologies which are
previously undefined.
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Abstract—Students in final year normally are encountering high
pressing of their study. In view of this fact, this research focuses
on determining mental states condition of college student in final
year by using the psycho-physiological information. The
experiments were conducted in two times, i.e., prior- and
post-final-examination. The early results indicated that student
profile of mood states (POMS) in prior-final examination state
showed higher than students in post-final examination state. Thus,
relation between biofeedback signal representing by heart rate
variability (HRV) and questionnaire response was evaluated by
hidden Markov model (HMM) and neural networks (NN).

Index Terms— heart rate, biofeedback, human states, HMM,
neural network.

I. INTRODUCTION
Human body will be response to given stimulant from
outside e.g., working, studying, or other activities. This
response could make increment of heart rate, body temperature,
saliva in mouth, or etc. It is believed that people will also react
to the problems they encounter in their daily life, such as
pressing of their study. This body reaction will change
metabolism inside the body which affecting to all organs, such
as heart rate.
The heart rate varies from beat to beat. Heart rate variability
(HRV) results from the dynamic interplay between the multiple
physiologic mechanisms that regulate the instantaneous heart
rate. Heart rate variability (HRV) has been widely used as
indication to diagnose symptoms of disease or sickness in
medical fields such as diabetes and cardiovascular disease.
The electrocardiogram (ECG) is used to record the
electrical signals generated by the heart. The signals are
generated when cardiac muscles depolarize in response to
electrical impulses generated by pacemaker cells. The ECG
reveals many things about the heart, including its rhythm,
whether it’s electrical conduction paths intact, whether certain
chambers are enlarged, and even the approximate ischemic
location in the event of a heart attack. Generally the various
characteristic features of ECG could be extracted and used for
decision making purposes. This makes the decision making and
diagnosis process simpler and faster. Thus, employing signal
processing techniques to extract HRV signals for diagnose

mental states is a challenge problem in the field of pattern
recognition problems.
There were several works studying related health problems
caused by mental workload using signal processing techniques.
However, only few works have observed directly the human
physiological indication responding mental workload. Zhang et
al., [1] reported about estimating visual display terminal (VDT)
mental fatigue using multichannel linear descriptors and
kernel-principal component analysis-hidden Markov model
(KPCA-HMM). Mizuno et al., [2] examined the relationship
between the job satisfaction and work-family balance of
Japanese nurses. Healey and Picard [3] have evaluated mental
stress in real-world driving tasks using physiological sensors.
In this research, mental states of final year of college
students were evaluated by conducting two experiments, i.e.,
prior- and post-examination. The purpose is to determine
mental states of students based on relation between heart rate
variability (HRV) and questionnaire response.
The outline of this paper is the following. Section 2 presents
the experiment procedure conducted in this study. Section 3
presents the practical used of hidden Markov model (HMM)
which is employed to extract pattern of HRV. This section also
describes the methodology of neural network (NN) which is
used as general regression for evaluating mental states of
students. Section 4 shows the experimental results of this paper.
Finally, discussion and conclusions are presented in Section 5.
II. EXPERIMENT PROCEDURE
2.1

Subjects
Eighteen male students between 22 - 23 years olds
voluntary participated in two experiments. Personal data were
acquired with a standardized interview before recording
physiological information. They did not have any health
problem during the experimental period, and that they were not
being under any medication. Smoking and hard exercise were
also prohibited before the experiment. None of them reported
on any cardiovascular disease or neurological disorders in the
past. This experiment was conducted in conformity with the
Helsinki Declaration. All subjects were well informed
regarding the purpose and contents of the experiment, and
informed consent was obtained before their participation. They
were also informed that they had the right to renounce their
participation anytime.

2.2

Experimental Procedure
The experiments were conducted in two periods, i.e., prior(A) and post- (B) final examination towards final year students.
Both experiments have the same intermittent schedule for
doing calculation tasks: subjects were instructed to conduct 2
sets of 18 min of the calculation tasks with 9 min of an
intermediate break for both experiments. It should be note that
the total duration of the calculation task and break was 77
minute in total for each participant doing each experiment, i.e. 3
minute for initial state, two set of 18 minute and 9 minute for
intermittent schedule and 20 minute for recovery states as
shown in Figure 1. In addition, the subjects were required to fill
a profile of mood states (POMS) before and after each
experiment. POMS is a measure of six identified mood factors,
i.e., tension-anxiety (TA), depression-dejection (D),
anger-hostility (A-H), vigor (V), fatigue (F), and confusion (C);
it is commonly used for psycho-physiological studies. During
experiments, electrocardiogram (ECG) physiological sensors
were attached to the body to measure heart rate variability
(HRV) as shown in Figure 2. The HRV data were recorded
using commercial BioPAC MP150 systems.
Participants were comfortably seated facing a LCD display
at about 50 cm. A simple calculation task with a laptop
computer was taken as a mental workload in this experiment. It
is a simple addition of two double-digit integers. These integers
were repeatedly presented on the laptop monitor every 3.0 sec
with changing figures. The subjects were instructed to input the
answer of the addition by keyboard as fast and correct as
possible. Such a simple calculation task is quite similar to
so-called the Kraepelin psychodiagnostic test and which has
frequently been introduced for researches investigating
physiological responses induced by mental stress. Moreover,
the task has typical features of mental workload in our daily life
such as routine, simple, boring, and unlimited. Thus, the result
of the experiment is expected to be a practical model of mental
workload in our daily life.

3

Initial

Task

Break

Recovery

18

9

18

9

present in the data set [4]. The principal components are
derived as a linear combination of the variables of the data sets;
with weights chosen so that the principal components become
mutually uncorrelated. Each component contains new
information about the data set, and is ordered so that the first
few components account for most of the variability.
The objective can be achieved by choosing to analyze only the
first few factor principal components. The number of principal
component is, ideally, known prior to the analysis. In this study,
the first six principal components are determined by examining
the proportion of total variance over 90% explained by
principal component.
3.2 Evaluating Pattern of Psycho-Physiological data by
HMM
The main objective of this section is to develop models and
techniques which can apply in real time to track physiological
signal and make inferences about the level of arousal of a
subject. We envision this study being a useful building block
that can be integrated into a computer that uses this information
to adapt itself to the needs of the user. This more ambitious idea
goes beyond the present scope of this study but is a future
research topic in this area. Figure 3 describe the framework of
this study.
Human physiology behaves like a complex dynamical
system in which several factors, both internal and external,
shape the outcome. In approximating such system, we are
interested in modeling its dynamical nature and given that
knowledge of all the independent variables that affect the
system is limited. We want to approach the problem in a
stochastic framework that will help us model the uncertainty
and variability that arise over-time. A class of models that has
received much attention in the research community over past
years to model complex dynamic phenomena of a stochastic
nature is the class of Hidden Markov Models (HMM). HMMs
have been widely used for modeling speech and gesture, and
are currently an important block of speech recognition systems.
Motivated by their flexibility in modeling a wide class of
problem, we decided to study the feasibility of using HMMs to
model physiological pattern that are believed to correlated with
different affective states.

20

Fig. 1 Experiment Schedule

III. A SOFT-COMPUTING APPROACH FOR EVALUATING
STUDENTS MENTAL STATES
3.1

Dimensional Reduction by Using PCA
Principal component analysis (PCA) is a statistical
technique whose purpose is to condensate the information of a
large set of correlated variables into a few principal
components while not throwing overboard the variability

Fig. 2 Electrode placement for measuring heart rate

Detection of mental health:
Stress,
Fatigue,
Depression, etc

Central nervous
systems (CNS)

Bio-signal measurement

Automatic nervous
systems (ANS)

Network model for detecting mental
states based on relation between ANS
and CNS
Fig. 3 Mental states detection based on psycho-physiological information using signal
processing and computational intelligent methods

A HMM is a stochastic state machine, characterized by the
following parameter set:
, ,
(1)
where A is the matrix of the state-transition probabilities, B is
the observation probability, and π is the initial state probability.
, ,..,
are continuous
The observation of a HMM
signal representations, called feature vector, modeled by a
Gaussian probability density function of the form:

3.3 Neural Network for Analyzing Relation between
Psycho-Physiological Data.
Neural Network with a back propagation learning algorithm
is well known as a supervised classifier method and suitable for
building adaptive pattern recognition system [6]. Mapping
function of a neuron in a network can be written as

(2)

(3)
where y is the output, fa is activation function, wi is weight of
input xi , b is a bias term and N is total input. In order to
determine the mapping function, first, the network needs to be
trained by using sample data. Learning via back-propagation
involves the presentation of pairs of input and output vectors.
Among several activation functions of Neural Networks, this
study uses sigmoid function as activation function for hidden
layers. The advantages of sigmoid functions are easier to train
than threshold units, because of better smoothing function in
specific range input-output and have upper-lower bound. With
sigmoid function, a small change in the weights will usually
produce a change in the outputs, which makes it possible to tell
whether that change in the weights is good or not. The selection
of an activation function of the output units should suit with the
distribution of the target values. In this study, the identity or
linear activation functions are employed.
In this work, Neural Network Toolbox of MATLAB was
employed to make use of neural network for pattern
recognition. The networks were built by three layers. The epoch
and the learning rate were set to 300 and 0.01, respectively. The
weights were initialized arbitrarily. Further, the network was
trained by resilient back-propagation algorithm until the error
between the desired and the actual outputs below than the
threshold value or until the maximum epoch was reach. Once
the weights have been determined, the network can be used as a
classifier. The network structure was built based on the
experiment by testing several networks model and the designed

is the mean
where is the observation vector at time t,
vector, and is the covariance matrix at state j. The estimated
parameters are obtained by performing likelihood
|
maximization
of the model λ using an iterative
procedure such as Baum-Welch method [5].
The physiological signal generated by human body might
have strong correlation with accumulation of human states. The
accumulation of human states may then be seen as one of HMM
problems. Thus, in this study, the HMM network were
employed to estimate accumulation human states based on the
observed physiological information. The first stage is to build a
system which adapting with the given data by train the HMM
network. The purpose of HMM training is estimating the model
parameters set
, ,
from the observation sequences
data O. The HMM parameter estimation is carried out by
Baum-Welch method which similar with expectationmaximization algorithms. For training purpose, the number of
hidden states of the HMM was assumed having three states, i.e.,
high, medium, and low states. The categorization of hidden
states was performed by clustering method, i.e., competitive
learning algorithms based on the physiological data
representative. This study only considered one Gaussian
density function per state. After training, the HMM was then
employed to evaluate probabilities of human states condition.

layers were confirmed as the effective network structure for this
problem.
3.4 Verification Methods
In this paper, the classification accuracy of neural networks
was tested by the leave-one-out cross validation (LOO-CV)
method [7], which can be applied when the samples are small.
The procedure consists of picking up one example for testing
while the rest of the data are used to train the classifiers, and
then testing the removed example. After testing, the
classification result is recorded. The process is repeated until all
examples have been tested. The accuracy of classifier is
evaluated by calculating the average error as following;
e 

1
N

anger-hostility (A-H), vigor (V), fatigue (F) and confusion (C).
Unlike personality traits, profile mood states are thought to be
transitory and specific to a given situation, although moods can
also be measured for recent prolonged periods such as the past
several months.
Table 1 t-test results of POMS scores
T-A
**
**=p <0.01

D
**

A-H
*

V
n.s

F
**

C
**

*=p <0.05

n.s = not significant

N

e

i

(4)

i

where N is the total number of experiments conducted.

As shown in Table 1, there are interesting factors, i.e.,
Tension – Anxiety (T-A), Depression – Dejection (D), Fatigue
(F) and Confusion (C) which have significant different scoring
between experiment A and B based on t-test. Thus, this study
evaluated relation between psychological mood index, i.e.,
Tension-Anxiety,
Depression-Dejection,
Fatigue
and
Confusion towards the physiological data.
4.2 Evaluating Performance of Proposed Systems

Fig. 4 Distribution POMS Values of Experiment A

Fig. 5 Distribution POMS Values of Experiment B

IV. RESULT
4.1 POMS Results
The questionnaire responds are evaluated by profile of
mood states (POMS) method to measure psychological mood
scores as shown in Figure 4 and 5 for experiment A and B,
respectively. The self-report questionnaire reveals that subjects
in the session of pre-experiment and post-experiment. POMS is
a psychological test designed to measure a person's affective
states. These include tension-anxiety (T-A), depression (D),

It is believed that physiological information generated by
human body have strong relation with psychological condition
such as fatigue, confusion, depression, anxiety and others,
which might associate with sensitivity in the kansei engineering
fields. However, monitoring human states times by times are
difficult to be obtained, even performing by human. Thus, this
study attempt to determine human states condition based on the
psychological and physiological information by employing
several information processing techniques.
First, the collected data were subject to analyze using
statistical approach. The data were extracted from segment of 3
min data for all signals. To calculate heart rate variability
(HRV) features, it used the instantaneous heart rate time series
derived from ECG. The ratio of the low-frequency (LF) band
(0.04 – 0.08 Hz) and the high-frequency (HF) band (0.15 – 0.5
Hz) were calculated to produce new data. Five statistical
features were calculated from ratio of LF/HF data, i.e., the
mean, the standard deviation, the slope mean, the maximum
and the minimum.
The LF/HF is used as an index of sympathetic to
parasympathetic balance of heart rate fluctuation. The mean,
the standard deviation, the slope mean, the maximum and the
minimum of the ratio LF/HF were then used as features. HF is
driven by respiration and appears to derive mainly from the
parasympathetic nervous system. The mean, the standard
deviation, the slope mean, the maximum and the minimum of
HF were used as final features in this experiment. There 10
features were used to create a single vector representing each of
the segments used in the recognition analysis. Totally, 648
segments were extracted from experiment A and B, i.e., 432
and 216 from task and rest periods respectively. The resulting
648 feature vectors were then analyzed by principal component
analysis (PCA).
Second, the obtained features vectors generated by PCA
were reconstructed, so the extracted data belongs to each

subject. Totally there were 36 subjects. Each feature vector
consisted of 6 features and 18 time series data. The extracted
data was then set as training data for HMM network. The
parameters of the HMM network were estimated by the given
training data.

The output of HMM was then used as input training for
neural network. The output of training data was consisting of
psychological mood, i.e., T-A, D, F, and C, obtained after the
intermittent calculation task. The classification accuracy was
then performed by measuring the average error of classifier
based on leave-one-out cross validation (LOO-CV) method.
The accuracy of classification between target and output are
72.75 %, 65.39%, 76.87%, and 66.26% for Tension-Anxiety,
Depression, Fatigue and Confusion, respectively, as shown in
Table 2. Evaluating human feeling towards the given task using
physiological and psychological information showed
promising results in this study. So, there are some possibilities
to build systems which have capability predicting human states
condition. However, further investigation has to be made to
find more clear correlation between that information.
Table 2 Performance of the proposed methods
T-A
D
F
72.75% 65.39% 76.87%

C
66.26%

V. CONCLUTIONS
This study has proposed a method to estimating human
states by understanding physiological and psychological
information using information processing techniques. The
results showed that the proposed systems are able to estimate
four POMS score in moderate level. This result is promising for
further study relating to understanding human states condition
more objectively.
However, finding relation between physiological and
psychological information is difficult to be achieved in high
degree using current method. It might that, first, each person
have different capability when handling mental workload.
Second, the proposed model is not sufficient enough for
evaluating human states condition. Third, the subjective
evaluation might not represent the real condition of that person.
This research is still preliminary study about relation
between accumulations of human states and psychological
mood index based on the given task. In future, the systems
which are able to explain relation between physiological
measurement (objective) and psychological mood index or
human feeling, (subjective) should be developed.
This information, in the future, could then be used
automatically by the adaptive systems in various ways to help
the person better cope with stress, fatigue or even for detecting
diseases such as heart attack. The example of this might include
adaptive systems which are able to analyze the stress level of a
person, and give an alert or a suggestion to the person to take a

break if required or even sending the critical information to
hospital related to the person condition.
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Self-Organizing Control for Distributed
Autonomous Systems
Kosuke Sekiyama
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Abstract
One of the most fundamental issues in Distributed Autonomous Systems (DAS) is how globally coordinated
behavior can be realized for a given task environment based on the local interactions among system components
that include robots and devices. DAS is required to exhibit resilience against unknown change of the
environment and some mild system failures. Self-organization is a key principle to deal with such an emergent
adaptive property and structural stability.
In this talk, we overview a general design principle of self-organizing systems, and applications from abstract
model to concrete engineering system will be introduced including evolutionary graph, traffic signal network,
communication timing control for ad-hoc sensor network, and multi-robot coordination etc.
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Abstract–In robotics the tactile sensation is
important to perform manipulation as well. Since
tactile sensors inevitably keep contact with
object, some problems arise from the contact in
marked contrast to the other sensors such as
non-contact vision and audio sensors. It is very
difficult to realize ideal tactile sensors, if a
breakthrough on material science is not
occurred. In the last one decade, however, tactile
sensors have been progressed with a stratagem of
focusing on limited use instead of general use. As
the result, practical tactile sensors have
appeared gradually. In this paper, after
conventional tactile sensors are summarized to
analyze merits and demerits of conventional
tactile sensors, the author describes advanced
tactile sensors such as new MEMES base tactile
sensors, PVDF tactile sensors, a stick-slip tactile
sensor, a wireless tactile sensor, an advanced
conductive rubber type tactile sensor and image
data base tactile sensors.
I. INTRODUCTION

H

UMAN beings obtain important information from
tactile sensation to manipulate objects. If we
loose tactile sensation of hands, we cannot button our
shirt. From this, we can understand the importance of
tactile sensation. In robotics the tactile sensation is
important to perform manipulation as well. Especially,
in the recent robotic research related to cooperative
working of robots and human beings, the tactile
sensation is required to prevent from accidental
contact between them. Consequently, robotic
researchers have demanded robotic tactile sensors [1][14].
Since tactile sensors inevitably keep contact with
object, some problems arise from the contact in
marked contrast to the other sensors such as noncontact vision and audio sensors. One of the problems
is fracture caused by the contact. In design of tactile
sensors, robust structure is required to prevent from
the fracture. The other is fitness of sensing surface for
object surface. If the sensing surface does not possess
enough flexibility, the tactile sensor cannot measure
faithfully pressure distribution caused by the contact.
The abovementioned problems are hindrances in

development of the tactile sensor for long time.
The importance of tactile sensors was first
emphasized in 1982 by Harmon [14]. In his survey
paper, human hand-like properties were desired in
addition to functions of distributed logic array. Based
on questionnaires of robot engineers, he summarized
such specifications of tactile sensors as a 10 × 10 array
size, 1 – 2 mm distance between adjacent sensor
elements, 1 – 10 ms response time, a wide dynamic
range of 1:1000, linearity, and a skin-like surface.
Although two decades of years have spent after
Harmon’s survey, robot engineers still demand almost
same specifications of tactile sensors summarized by
Harmon. The tactile sensor satisfying the
specifications has not been developed yet. In the last
one decade, however, tactile sensors have been
progressed with a stratagem of focusing on limited use
instead of general use. As the result, practical tactile
sensors have appeared gradually in Japan.
In this paper, after conventional tactile sensors are
summarized to analyze merits and demerits of
conventional tactile sensors, advanced tactile sensors
in Japan are described.
II. CONVENTIONAL TACTILE SENSORS
A. Physical Properties Acquired by Tactile Sensors
Although tactile sensors and force sensors are
sometimes classified as the same category, in this
paper the tactile sensor is treated as different sensors
from the force sensor. This is because, the tactile
sensor plays a role of a skin-like sensor, while the
force sensor is usually attached on a robotic wrist and
measures 6-axis force acting on the wrist. Since skin
accepts external stimulus caused by the touch, abilities
capable of sensing contact, pressure and slippage are
requested. Corresponding to these three sensations,
three types of sensors have been developed as the
following.
First, tactile sensors should act as contact sensors,
which sense time event of touch and contact position
caused by handling an object. Since the contact sensor
can be consisted of on-off switching elements such as
micro switches, it has been utilized from an early stage
of this research realm. The contact sensors, however,
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cannot evaluate precisely status of grasping objects,
and on-off information is obtained from threshold
processing on distributed pressure as well. They are
gradually replaced by pressure sensors described in the
follows.
Second, tactile sensors should possess pressure
sensing ability. Indeed, tactile sensors provided into
this research realm so far are almost the pressure
sensors. Time derivative of pressure is used as contact
information, and pressure distribution is used for
stable grasping stratagem. As described in the next
section, several physical phenomena are applied to
sensing principle. In the design of pressure sensor,
small sensing elements are arranged to an array. The
density of sensing elements in the array is requested to
be increased as possible.
Slippage information is important for handling
stratagem to prevent a robotic hand from dropping a
grasped object. A ball or roller is incorporated in a
robotic finger surface to act a slippage sensor. The
slippage is evaluated by the rotation according to
slippage occurring on the finger surface. Since the
slippage sensor is usually designed to detect the
slippage only, it is attached on a robot together with
the pressure sensor.
B. Principle of Tactile Sensors
So far, various tactile sensors have been developed
on the basis of several physical phenomena, such as
the piezoelectric effect, the resistance variation of
conductive rubber, magnetic variation, and the optical
effect. Physical phenomena applied to classical tactile
sensors are shown in the following sections.
1) Resistance Variation of Conductive Rubber
Tactile sensors used this phenomenon is able to be
designed as thin structure using FPC (Flexible Printed
Circuit) [2]. Air gap is existed between two FPCs. If
external force is applied to the sandwich structure of
two FPCs, capacitance between FPCs is changed
according to the external force. However, since
capacitance between FPCs is affected by
circumferential condition, electric noise fluently is
mixed with signal. Moreover, FPC itself does not have
softness like rubber.
2) Static Electricity
The tactile sensor based on this phenomenon is
composed of three layers: an elastomer layer including
carbon particles is sandwiched between two flexible
conductive layers acting as electrodes [1]. In this
sensor, resistance between the conductive layers
decreases with increase of applied pressure due to
condense of carbon particle density. Although it has
excellent flexibility and fragile resistance, it has
spontaneous electronic noise and hysteresis caused by
contact of carbon particles distributed in rubber
medium.
3) Piezoelectricity

Since ceramics of PZT (Lead Zirconate Titanate)
and plastics of PVDF (Polyvinylidene Fluoride) are
known as piezoelectric material, tactile sensors used
these material have been developed [3][4].
Piezoelectric material generates voltage, if it accepts
time difference in applied force. Due to this, an
integral circuit is required to obtain DC output. Since
electric characteristic of piezoelectric material is
similar to capacitance, it has same noise problem.
Although this type of tactile sensor has problems as
abovementioned, it is very effective for special
application such as hardness sensing as described in
the next chapter.
4) Magnetism
This tactile sensor includes magnetic dipoles in an
elastomer sheet, which is put on a substrate forming an
array of magnetic sensors [5]. If normal force is
applied to the sensor, distance between the dipole and
the magnetic sensor is reduced to increase the output
of the magnetic sensor. If shearing force is applied to
the sensor, horizontal displacement of magnetic dipole
is measured by difference between two adjacent
magnetic sensors. As the result, this sensor detects not
only normal force but also shearing force. Since it
requires two arrays of magnetic dipole and magnetic
sensor, it seems to be difficult to enlarge the array size.
And, it is easily affected by circumferential
magnetism.
5) MEMS (Micro Electronic Mechanical System)
Silicon base MEMS has been applied to tactile
sensors of silicon tip. Silicon has excellent linearity,
no hysteresis and high speed response [6]-[8].
Additionally, integration of tactile sensing and data
processing are easy because IC (Integrated Circuit)
can be incorporated into the silicon tip. Although
tactile sensors developed by MEMS possess excellent
characteristics as aforementioned, they are very
fragile. However, they are very attractive because
extra high density is possible. Advanced MEMS base
tactile sensors are shown in the next chapter.

Fig. 1. Optical wave guide type
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6) Optical Waveguide
This tactile sensor is comprised of an optical
waveguide plate, a rubber sheet and a light source as
shown in Fig. 1 [9]-[13]. The light is directed into the
plate remains within it due to the total internal
reflection generated because the plate is surrounded by
air. The rubber sheet featuring an array of conical
feelers is placed on the plate to maintain array surface
contact. If an object contacts the back of the rubber
sheet and produces contact pressure, the feelers
collapse, and at the points where these feelers
collapse, light is diffusely reflected out of the reverse
surface of the plate. Although it possesses excellent
characteristics such as soft sensing surface and
robustness against external impact force, it is very
difficult to design it as thin structure because it
requires a lens system and an image sensor.
C. Summary of Conventional Tactile Sensors
The abovementioned discussion is summarized in
Table 1. As shown in Table 1, every tactile sensor has
both merits and demerits. For example, although
MEMS base tactile sensors utilizing the
piezoresistance effect possess good linearity and can
internally incorporate data processing functions with
IC technology, they are fragile. Such fragility is fatal
since tactile sensing intrinsically requires contact
between the finger surface and an object. While
conductive rubber-type tactile sensors possess such
excellent characteristics as large detective area and
skin-like soft surface, they emit spontaneous noise
generated by the chattering of carbon particles
distributed in the rubber medium and also have
hysteresis.
III. ADVANCED TACTILE SENSORS
It is very difficult to realize ideal tactile sensors
described by Harmon, if a breakthrough on material
science is not occurred. In the last one decade,
however, tactile sensors have been progressed with a
stratagem of focusing on limited use instead of general
use. As the result, practical tactile sensors have
appeared gradually as shown in the following.
A. New MEMS Base Tactile Sensors
Both of pressure sensing elements and PZT ceramic
actuators are incorporated into a silicon tip to detect
not only pressure distribution but also hardness of a
target object [15]. Using PZT ceramic actuators the
tactile sensor can apply trial force on the object
surface to obtain the hardness.
On the other hand, very thin membrane can be
produced in MEMS technology. Using this technology
a fabric tactile sensor is developed [16]. Electrical
resistance between two conductive fibers is measured
in this sensor. It is expected to be applied to entire
body of a robot.

Since MEMS technology possesses high potential to
produce high density tactile sensors, we should pay
attention on this technology. In the future,
breakthrough on material will progress the MEMS
base tactile sensors.
B. Tactile Sensor of Piezoelectric Film
If PVDF film base tactile sensor is oscillated and
obtained sensor output is compared to the input
oscillation, target hardness is calculated. The
oscillation is generated by the piezoelectric bimorph
strip [17]. Since hardness of prostate cancer is
different from hardness of prostatic hypertrophy, this
sensor is applied to a detector of the prostate cancer. It
is very effective to make a diagnosis on the prostate
cancer.
C. Stick-slip Detecting Tactile Sensor
According to tribology, stick-slip phenomenon is
caused by repeating stick and slip on surface. Human
being possesses a finger print, and the stick-slip is
caused on its ridge portion [18]. The stick- slip is not
caused entire finger surface but is initially caused on
circumferential part of contact area. The stick-slip
propagates into inside of contact area with increase of
magnitude of shearing force. Human being controls
grasping force to prevent from complete slippage.
In order to mimic the abovementioned human
grasping, the artificial finger equipped several ridges.
The finger possesses several strain gauges, which are
inclined with 45 degree to the horizontal datum. These
strain gauges detect shearing force generated by
bending deformation of the ridge caused by the stickslip. This sensor is applied to a robotic hand capable
of grasping an object without slippage.
D. Wireless Tactile Sensor Using Two-dimensional
Signal Transmission
In order to develop a tactile sensor possessing
stretchable large sensing area, two-dimensional signal
transmission technology is applied to three layered
tactile sensing structure, which is comprised of two
conductive layers and a dielectric layer [19]. The
dielectric layer is sandwiched with the upper and
bottom conductive layers, and includes sensor
elements. Changes in capacitance and reactance of the
sensing element are measured through microwave, and
are retrieved to an outside circuit through resonant
proximity contactors.
E. Advanced Conductive Rubber Type Tactile
Sensor
The aforementioned conductive rubber type tactile
sensor has been progressed to be mounted on robotic
fingers [20]. The tactile sensor has a three-layer
structure composed of two conductive films
sandwiching a layer of silicone rubber interspersed
with carbon particles as described in the previous
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section. This tactile sensor can detect pressure gravity
center using PSD (Position Sensitive Device). In the
recent study, it is found that detected pressure
degreases temporally according to slippage. This
sensor can detect slippage in terms of the temporal
decrease of pressure. Consequently, the robotic hand
can grasp and hold an object without dropping it.
F. Image Data Base Tactile Sensors
Although optical effect type tactile sensors possess
several defects as described in the preceding chapter,
they can be easily produced using simple equipment
and CCD (Charge Coupled Device) cameras and
image data processing, which are mature techniques.
On the other hand, according to continuum
mechanics, traction caused on an object surface
possesses three components of stress vector, while
stress tensor is generated in the inside according to
Cauchy’s principle. Therefore, three components of
force vector should be detected, if we want to evaluate
faithfully contact phenomenon.
There are two projects to develop three-axis tactile
sensors using image data processing. One is a tactile
sensor of transparent gel (it is called gel sensor). The
shape of sensor is similar to a human finger. On the
finger surface several colored dots are drawn. If an
external force is applied to the surface, positions of
these dots are changed by the finger’s deformation.
Every dot is recorded with a CCD camera attached
on the back side of the finger. Three-axis force
distribution is calculated according to the movement
distribution of the dots [21].
The other is a three-axis tactile sensor based on the
principle of the optical tactile sensor as shown in the
preceding chapter. As shown in Fig. 2, the tactile
sensor is comprised of an acrylic dome, a light source,
an optical fiber scope, and a CCD camera [22]. The
light emitted from the light source is directed onto the
edge of the hemispherical acrylic dome through
optical fibers. The sensing elements are concentrically
arranged on the acrylic dome. The sensing elements
are made of silicone rubber and are designed to
maintain contact with the conical feelers and the
acrylic dome and to make the columnar feelers touch
an object. The light emitted from the light source is
directed into the acrylic dome through the optical
fiber. Contact phenomena are observed as image data,
acquired by the CCD camera through a fiberscope, and
transmitted to the computer to calculate the three-axis
force distribution.

Fig. 2. Optical three−axis tactile sensor

Fig. 3. Two hand robot equipped with optical three−axis tactile
sensors

IV. AUTHOR’S RECENT ACHIEVEMENTS ON THREEAXIS TACTILE SENSOR
The author continues experiments using a robot
equipped with the three-axis tactile sensors shown in
Fig. 3 to indicate that tri-axial tactile data generate the
trajectory of the robotic fingers [23]. Since our tactile
sensor can detect higher order information compared
to the other tactile sensors, the robotic hand’s behavior
is determined on the basis of three-axis tactile data.
Not only three-axis force distribution directly obtained
from the tactile sensor but also the time derivative of
shearing force distribution is used for the hand control
program. If grasping force measured from normal
force distribution is lower than a threshold, grasping
force is increased. The time derivative is defined as
slippage; if slippage arises, grasping force is enhanced
to prevent fatal slippage between the finger and an
object. In the verification test, the robotic hand rotates
a bottle cap to close it. Although input finger
trajectories were a rectangular roughly decided to
touch and turn the cap, a segment of the rectangular
was changed from a straight line to a curved line to fit
the cap contour. Therefore, higher order tactile
information can reduce the complexity of the control
program.
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V. CONCLUSION AND FUTURE WORKS
Tactile sensing is important for both robots and
human beings. So far, several tactile sensors have been
designed according to human skin sensation
mechanism. These trail tactile sensors are not
successful, because specifications for ideal tactile
sensor demonstrated by Harmon are very severe for
engineers.
In the last one decade, however, tactile sensors have
been progressed with a stratagem of focusing on
limited use instead of general use. As the result,
practical tactile sensors have appeared gradually, such
as new MEMES base tactile sensors, PVDF tactile
sensors, a stick-slip tactile sensor, a wireless tactile
sensor, an advanced conductive rubber type tactile
sensor and image data base tactile sensors. If these
tactile sensors will be progressed, combined design
seems to be presented to compensate their demerits
each other in the future.
Cooperative working of robots and human beings
will be common situation. Since the tactile sensation is
required to prevent from accidental contact between
them, importance of tactile sensor will increase year
by year.
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Abstract—We present an overview of the various
sampling algorithms of the reservoir family: algorithm R,
algorithm Z, random pairing, resizing samples, biased
sampling, simple window sampling and chain window
sampling. We also present a novel, eﬀective and eﬃcient,
yet extremely simple algorithm for the sampling of
sliding windows. The algorithm, called ﬁrst in ﬁrst out
window sampling, maintains a near random sample of a
sliding window with just enough memory to hold the
sample. It involves minimal computation. In order to
illustrate the performance of the various algorithms we
present the results of an empirical comparative
evaluation for the case of sliding windows.
I. INTRODUCTION

S

AMPLING is a utility task used in diverse
applications such as data mining [6, 9, 11], query
processing [2], and sensor data management [4, 10]. It
is rather straightforward to eﬀectively build a random
sample of a ﬁxed dataset. There are many different
algorithms whose eﬃciency varies and depends on
how data is stored and accessed. It is however less
obvious to incrementally maintain a random sample
when the dataset is updated. This is for instance the
case when dealing with data streams. Reservoir
sampling [12] is a family of algorithms, algorithm R
and algorithm Z, precisely able to do so. A data stream
is an append-only dataset. Therefore a generalization
of the problem considers both insertions and deletions.
The algorithms in [5], random pairing and resizing
samples, cater for such updates. Users may also be
concerned by the freshness of data. They may need to
focus on most recent data or consider that data is
expiring. The algorithm in [1], biased sampling,
allows a bias towards recent data. The algorithms in in
[3], simple window sampling and chain window
sampling, sample from a sliding window. Data outside
the window, older data, expire. We proposed in [8] an
algorithm, first in first out window sampling, or FIFO
window sampling for short, that is biased towards data
in a sliding window and therefore provide an eﬀective
approximation of a sliding window random sampling.
We present in the next section an overview of the
above algorithms. In Section 3, for illustrative
purposes, we present the results of an empirical

comparative evaluation for the case of sliding
windows. Finally, we draw our conclusions in Section
4.
II. SAMPLING ALGORITHMS FOR DATA STREAMS
A. Reservoir Algorithms
Instructions about final paper and figure
submissions in this document are for IEEE journals;
please use this document as a “template” to prepare
your manuscript. For submission guidelines, follow
instructions on paper submission system as well as
the Conference website. Please check with your editor
on whether to submit your manuscript by hard copy or
electronically for review. If hard copy, submit
photocopies such that only one column appears per
page. This will give your referees plenty of room to
write comments. Send the number of copies specified
by your editor (typically four). If submitted
electronically, find out if your editor prefers
submissions on disk or as e-mail attachments.
A reservoir sampling algorithm incrementally
maintains a random sample of ﬁxed size of an appendonly data set. Reservoir sampling algorithms are not
only useful for dynamic datasets such as data streams
but also allow a one pass progressive sampling of
large static datasets. Reservoir is the name given to the
incrementally maintained sample. The two main
reservoir sampling algorithms are algorithm R and
algorithm Z.
Algorithm R Let us call t the index reﬂecting the
order of arrival of data on the stream. Let us call n the
ﬁxed size of the random sample that we wish to
maintain. Clearly, until t = n all data must enter the
sample (and it is not possible to have a sample of size
n until t = n). At t = n we have a random sample of
size n of the stream; indeed the entire dataset so far is
in the reservoir.
For subsequent t we need to decide whether the
newly arrived data should be put in the sample and, if
so, which data already in the sample it should replace.
It is shown in [12] and reported [7] that if one includes
the tth data with probability n/(t) and randomly
(uniformly) replaces a data from the reservoir, the
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reservoir is a random sample of the current dataset.
It might seem counter intuitive that the probability
of being put in the sample is decreasing with time (as t
increases) but this is balanced by the fact that the
probability to be removed from the reservoir increases.
Surprisingly this leads to every data arrived so far
having the same probability to be in the last reservoir
N at t = N). The sample is equi-probable but also
random.
At time t = N the running time of Algorithm R is
O(N) as every data must be processed. The average
number of data that transited in the reservoir is equal
to the following, where Hk denotes the kth harmonic
number:
n
n
 n1  H N  H n 
t

1
n t
Algorithm Z. Algorithm R needs to make a
decision for every single data from the data stream.
Instead, Algorithm Z ([12] and [7]) computes how
many data can be skipped before selecting a new data
for inclusion into the sample.
The number of data to be skipped is represented by
a series of random variables S n t  . To compute S n t 
for a given t , the problem is then to ﬁnd the smallest
S such that U  F s  . Where U is a uniform
F s  is the probability
distribution Pr obSn t   s. This can be done is in
almost constant time. The technique reduces the
number of data to be processed and therefore the
number of calls to a random function.

random variable and

B. Dealing with Insertions and Deletions
Reservoir algorithms only work for append-only
datasets. In [5], two algorithms, random pairing and
resizing samples are proposed that deal with both
insertions and deletions. Random pairing performs
well when the datasets size are stable, as it is the case
with sliding windows, while resizing samples caters
for grow- ing datasets. We do not summarize here
further details of the resizing samples algorithm.
Random Pairing. As the name suggests, the idea
behind random pairing [5] is to compensate deletions
by insertions (and vice versa). The algorithm
maintains two counters c1 and c2 , which respectively
record the numbers of uncompensated deletions in the
sample S and outside the sample. If a data is deleted
from S , c1 increases by one. If a data not in S is
deleted, c2 increases by one. On the other hand, if a
new data is inserted into S and c1 = 0, c1 decreases
by one to indicate that one previous deletion has been
compensated. c2 changes its value according to
insertions outside S in a similar way. The size of the
sample n is an upper bound since the sample can
shrink when deletions are not compensated.

Initially c1 and c2 are both set to 0. When a new
data is inserted into R , if c1  c2  0 , the algorithm
follows reservoir sampling (where t is now the size of
the dataset). Otherwise, when c1  c2  0 , that is, one
or more previous deletions have not been
compensated, the new data is included in the sample
with probability c1 / c1  c2  . c1 and c2 are updated
accordingly.
C. Sliding Windows
In application in which data expire, sampling from
sliding windows is needed. w is the size of the
window.
Simple Algorithm At ﬁrst the problem of sampling
from a sliding window seems simpler since the size for
the data set is now known. To some extent this is true.
It is possible to statically determine a sample design
and repeat it over tumbling windows. This is the idea
of the simple algorithm [3]. The authors propose to
use reservoir sampling for the ﬁrst window (until
t  w ) and then repeat the sample design by replacing
immediately data in the sample when they expire. The
random pairing algorithm degenerates to simple
window sampling when each deletion is immediately
followed by an insertion (simulating the sliding
window).
Unfortunately, repeating the same sample design
periodically makes it predictable and unsuitable for
certain applications that could be subject to malicious
attacks.
Fig. 1 shows the probability distribution of simple
algorithm over a data stream.

Fig. 1. Probability distribution for simple algorithm.
number of processed data in the stream

t is the

Chain-sample Algorithm. The idea of chain
sampling is to maintain chains of replacements for the
data in the sample. This avoids repeating the same
sample design but necessitate more memory.
When the t t h data arrives, it is selected to be the
sample with probability of Mini, w . If the data is
w
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selected, the index of the data that replaces it when it
expires is also calculated. The index is uniformly
chosen from i  1 to i  w . When the data with the
selected index arrives, the algorithm puts it into the
sample and calculates the new replacement index, etc.
Thus, a chain of elements that replace the outdated
data is built by the algorithm.
D. Biased Sampling
Another solution to favor recent data is to sample
with a bias. The resulting samples are not simple
random sample anymore.
Biased Reservoir Sampling Biased reservoir
sampling [1] produces a biased sample by deﬁning a
bias function to ensure that recent data have higher
probability to be selected for the reservoir. The
functions deﬁning the bias associated with the r th
data at the arrival of the t th data r  t  are as
follows, with λ, the bias parameter between 0 and 1.
f r , t   e t  r  ,

(2)

When a new data arrives it is added to the reservoir.
The bias function deﬁnes the probability that the new
data replaces an existing data in the reservoir or is
simply added (in which case the reservoir size
increases).
E. FIFO Window Sampling
FIFO window sampling is a bias sampling algorithm
that tries and approximates sliding window random
sampling algorithms. The algorithm does not produce
true random samples of the sliding window and may
contain expired data. However it can be parameterized
to produce almost random samples. It is possibly the
most eﬃcient algorithm as it relies on a simple queue
data structure.
The idea of FIFO sampling is to select the next data
from the stream with a ﬁxed probability p and, if
selected, to insert it into the sample which is managed
as a queue. Namely when a data item is selected for
insertion into the sample the oldest element in the
sample is discarded.
The complete algorithm is given in Algorithm 1.

Of course, the main question is to ﬁnd the right
value for p . We ﬁnd empirically and analytically that

p should be taken near n / w . Fig. 2 shows the
probability distributions of FIFO algorithm for
diﬀerent values for p over a data stream.

Fig. 2. Probability distribution for varying p.

III. PERFORMANCE EVALUATION
The experiment that we are presenting here has been
chosen for illustrative purposes among a large number
of experiments that we have conducted and reported
elsewhere (e.g [8]). We chose to report the comparison
of performance of the above algorithms for the
sampling of a sliding window.
We use here a synthetic dataset consisting of
1,000,000 data whose values are natural numbers
between 1 and 10. The distribution of the value is
controlled by a Zipﬁan. The distribution is shuﬄed
every 100,000 data. The sample size is ﬁxed to 1,000
and the window size is 50,000.
We measure the Jensen-Shannon divergence to
quantify the diﬀerence between the distribution of the
data in the window and the distribution of the data in
the sample (how representative the sample is) for the
successive windows and their corresponding samples.
The results are shown as Fig. 3. The most eﬀective
algorithms are the simple window sampling, the chain
sampling as expected but also FIFO window sampling.
This is interesting because FIFO window sampling
does not have a predictable sample design unlike
simple window sampling and requires a ﬁxed amount
of memory unlike chain sampling.

Fig. 3. The Jensen-Shannon divergence values of successive
samples and sliding windows.
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[11] H. Toivonen. Sampling large databases for association rules.
In Proc, pages 134–145. VLDB, Morgan Kaufmann, 1996.
[12] J. S. VITTER. Random sampling with a reservoir. ACM
Transactions on Mathematical Software, 11(1):37–57, March
1985.

Fig. 4. Comparison of FIFO and simple algorithm, 10 datasets of
value range from 1 to 10.

IV. CONCLUSION
We have presented a survey of incremental
sampling algorithms for data streams from reservoir
algorithm to sampling over sliding windows on data
streams. The presentation included a novel simple yet
eﬃcient and effective algorithm called FIFO window
sampling.
These algorithms are potential building blocks for
many modern applications. The dynamic nature and
the volume of data are increasing with the
pervasiveness of data collecting devices and data
sources and the ubiquity of Internet access.
Applications compel incremental summarization
techniques such as the sampling algorithms that we
have discussed here.
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Abstract—To understand and to model human reasoning is
a goal that was established already by the Greek philosopher
Aristotle. With computers becoming more and more part of
our daily life and the increased effort to mechanize thought
processes, this goal becomes even more important. Until recently,
a large part of the Cognitive Science community was convinced
that logic is inadequate to model human reasoning. However,
new developments have shown that this holds only for classical
logic, whereas a non-classical, non-monotonic logic based on
logic programs, completion semantics, and semantic fixed point
operators can adequately model many well-documented human
reasoning episodes. Moreover, this logic can be implemented in
a connectionist setting, which opens up the possibility to discuss
questions concerning biological plausibility. In this paper I will
review the state of the art in human reasoning, present the
mentioned non-monotonic approach to model human reasoning
including its connectionist implementation, and discuss open
questions for future research.

I. H UMAN R EASONING AND C LASSICAL L OGIC
Human reasoning has already been studied by the Greek
philosopher Artistotle († 322 BC) and has remained in the focus of many scientific disciplines like Psychology, Philosophy,
Cognitive Science, Artificial Intelligence and Connectionism.
Within these disciplines, however, different main goals are
pursued. For example, in Artificial Intelligence the goal is to
develop systems which behave rationally, researchers in Cognitive Science try to understand the essence of rationality, and
the research in Connectionsm is driven by our understanding
of the brain and nervous systems, both with humans and with
animals. This has led to very different approaches in the past
ranging from experimental, empirical or statistical to normative or logic based approaches. Moreover, in the last decades
the development was so fast, that, while doing research in
one discipline, it was often difficult if not impossible to keep
track on the development in the other areas. I will argue in this
paper that we need to foster the interdisciplinary collaboration
in order to gain a new and better insight into human reasoning,
which in turn will help the various disciplines to improve on
their main goal. I will also argue that the interdisciplinary
collaboration shall be conducted on specific types of tasks.
In this paper I will focus on particular human reasoning
tasks involving conditionals as investigated by Byrne [6]. For
example, consider the following premises: If she has an essay
to write then she will study late in the library. She does not
have an essay to write. The first premise is a conditional,

whose precondition and conclusion shall be represented by
e and l, respectively. If modeled in classical two-valued
propositional logic, the first premise may be represented by
the implication e → l. Together with the second premise
represented by the negative fact ¬e, classical two-valued logic
does not allow to conclude ¬l although humans systematically
do so. Based on this and similar examples a large part of
the Cognitive Science community was convinced that logic is
inadequate for modeling human reasoning or, conversely, that
humans behave illogical.
But what happens if we switch to a non-classical logic?
II. H UMAN R EASONING AND N ON -C LASSICAL L OGIC
In Artifical Intelligence and, in particular, in Computational
Logic non-classical, non-monotonic logics have been developed in the last decades. In such logics, conditionals like the
premise if she has an essay to write then she will study late
in the library may be represented by implications of the form
e ∧ ¬ab → l.1 Such a rule is considered a rule of thumb
or, as discussed in [22], a licence for a further conditional:
If she has an essay to write and nothing abnormal is known
then she will study late in the library. If we additionally learn
that she has an essay to write, which can be represented by
the fact e, then we may conclude that she will study late in
the library as nothing abnormal is known. The latter can be
represented by the negative fact ¬ab which serves as a default.
If we later learn about abnormalities like, for example, the
library not being open, then this will lead to a rejection of
the previously drawn conclusion and, consequently, to a nonmonotonic behavior.
Formally, the semantics of this logic is defined by completion [7]. The completion semantics is based on the idea that
while a programmer has explicitly specified the if-half of a
definition, the only-if-half is implicit and, in order to make it
explicit, must be added. The previous example contains three
definitions: The rule e∧¬ab → l is the if-half of the definition
for l. The fact e can also be written as a rule: > → e, and, thus,
we obtain a definition for e, where > denotes an expression
which is always true. Likewise, the negative fact ¬ab can be
written as ⊥ → ab, where ⊥ denotes an expression which is
1 To avoid parenthesis I assume the following precedence hierarchy among
connectives ¬  {∧, ∨}  {→, ↔}.
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always false. In order to add the only-if-halves one only has
to replace each implication sign by the equivalence sign to
obtain the completed definitions e ∧ ¬ab ↔ l, > ↔ e and
⊥ ↔ ab, from which we can conclude l, i.e., she will study
late in the library.
The example first presented in Section I can be represented
similarly by the completed definitions e ∧ ¬ab ↔ l, ⊥ ↔ e
and ⊥ ↔ ab, from which we can conclude ¬l, i.e., she will
not study late in the library. One should observe that this logic
correctly models the experimental data reported in [6].
As another example consider the following premises: If she
has an essay to write then she will study late in the library. She
has an essay to write. If the library stays open then she will
study late in the library. These premises can be represented
by the rules e ∧ ¬ab → l, > → e and o ∧ ¬ab0 → l, where o
represents the precondition that the library stays open and
ab0 is an abnormality predicate different from ab. As argued
in [22], the additional premise gives rise to an abnormality
concerning the first premise: If the liberary is not open, then
ab must hold, which is represented by ¬o → ab. Likewise,
one may argue that she will only study late in the library if
she has a reason to do so. As the only reason mentioned in this
episode is the task to write an essay, we obtain the following
abnormality concerning the third premise ¬e → ab0 . In order
to compute the completion of the definitions we first combine
the two rules with conclusion l into (e ∧ ab) ∨ (o ∧ ab0 ) → l.
Now, if we replace each implication sign by an equivalence
sign we obtain the completed definitions (e∧ab)∨(o∧ab0 ) ↔ l,
> ↔ e, ¬o ↔ ab and ¬e ↔ ab0 . One should observe
that there is no definition for o as there was no rule with
conclusion o. This form of completion has been called weak
completion in [17] and it differs from the usual completion as
defined in [7], which would add the equivalence ⊥ ↔ o. One
should also observe that from the weakly completed definitions
we can neither conclude l nor ¬l and, hence, it is unknown
whether she will study late in the library. This is exactly the
answer usually given by humans (see [6]) and it shows the
need for a third truth value U for unknown or undefined in
human reasoning. Finally, one should observe that had we used
completion as defined in [7] instead of weak completion, then
we can conclude l, i.e., she will study late in the library, an
answer which the majority of people usually rejects.
Now, lets have a look at a more formal definition of the
non-classical logic used here.
III. A L ITTLE L OGIC
A (logic) program is a finite set of rules of the form
Body → A, where A is an atom and Body is a finite,
nonempty conjunction of literals, i.e., atoms or negated atoms,
>, and ⊥. Rules of the form > → A and ⊥ → A are called
positive and negative facts, respectively. In this paper, I restrict
logic programs to propositional ones, although most presented
results extend to first-order programs as well (see [17] for
details).
Let P be a program. Consider the following transformation:

¬F
⊥
⊥
⊥
>
>
>
U
U
U

G
>
⊥
U
>
⊥
U
>
⊥
U

F
>
>
>
⊥
⊥
⊥
U
U
U

F ∧G
>
⊥
U
⊥
⊥
⊥
U
⊥
U

F ∨G
>
>
>
>
⊥
U
>
U
U

F →G
>
⊥
U
>
>
>
>
U
>

F ↔G
>
⊥
U
⊥
>
U
U
U
>

Table I
A TRUTH TABLE FOR THE THREE - VALUED Ł UKASIEWICZ SEMANTICS .

1) All rules with the same conclusion Body1 → A,
. . . , Bodyn → A are replaced by the single expression
Body1 ∨ . . . ∨ Bodyn → A.
2) If an atom A is not the conclusion of any rule then add
⊥ → A.
3) All occurrences of → are replaced by ↔.
The resulting set is called (strong) completion of P (comp(P)).
If step 2) has been omitted then the resulting set is called weak
completion of P (wcomp(P)).
Programs as well as their completion will be interpreted
under the three-valued Łukasiewicz semantics as shown in
Table I [20]. The declarative semantics of a program is
given model-theoretically. We represent interpretations by
pairs I > , I ⊥ , where the set I > contains all atoms which are
mapped to >, the set I ⊥ contains all atoms which are mapped
to ⊥, and I > ∩ I ⊥ = ∅. All atoms which occur neither in I >
nor in I ⊥ are mapped to U. The logical value of formulas can
be derived from Table I as usual. As shown in [11], the set I
of all interpretations together with the subset relation ⊆ forms
a complete semi-lattice.
An interpretation I is said to be a model for a program P iff
it maps each rule occurring in P to >. Likewise, I is said to
be a model for the strong or weak completion of P iff it maps
each formula occurring in the strong or weak completion of P
to >, respectively. As shown in [17] programs as well as their
weak completions admit least models under the Łukasiewicz
semantics. Hence, reasoning with respect to programs and their
weak completions is reasoning with respect to the least model
of these programs and their weak completions, respectively.
Let us consider the following programs, which correspond
to the examples discussed in Sections I and II:
P1
P2
P3

=
=
=

{e ∧ ¬ab → l, ⊥ → e, ⊥ → ab},
{e ∧ ¬ab → l, > → e, ⊥ → ab},
{e ∧ ¬ab → l, > → e, ¬o → ab,
o ∧ ¬ab0 → l, ¬e → ab0 }.

Their weak completions are:
wcomp(P1 ) = {e ∧ ¬ab ↔ l, ⊥ ↔ e, ⊥ ↔ ab},
wcomp(P2 ) = {e ∧ ¬ab ↔ l, > ↔ e, ⊥ ↔ ab},
wcomp(P3 ) = {(e ∧ ¬ab) ∨ (o ∧ ¬ab0 ) ↔ l, > ↔ e,
¬o ↔ ab, ¬e ↔ ab0 }.
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Their least models are:
M1
M2
M3

=
=
=

h∅, {e, l, ab}i .
h{e, l}, {ab}i ,
h{e}, {ab0 }i .

Reasoning with respect to the least models shows that the truth
value assigned to l is false in M1 , true in M2 and unknown in
M3 , which corresponds precisely to the results reported in [6].
On the other hand, if we consider the strong completion of P3 ,
comp(P3 ) =

{(e ∧ ¬ab) ∨ (o ∧ ¬ab0 ) ↔ l, > ↔ e,
¬o ↔ ab, ¬e ↔ ab0 , ⊥ ↔ o},

then its least model is
M30

=

h{e, ab}, {o, l, ab0 }i

can be computed by iterating ΦP starting from the empty
interpretation h∅, ∅i (see again e.g. [8]). Moreover, as shown
in [17], the least fixed point of ΦP , lfp(ΦP ), is identical to
the least model of the weak completion of P if we consider
Łukasiewicz semantics.
Returning to the examples from the previous sections we
obtain:
ΦP1 (h∅, ∅i)
ΦP1 (h∅, {e, ab}i)

= h∅, {e, ab}i ,
= h∅, {e, l, ab}i

=

lfp(ΦP1 ),

ΦP2 (h∅, ∅i)
= h{e}, {ab}i ,
ΦP2 (h{e}, {ab}i) = h{e, l}, {ab}i =

lfp(ΦP2 ),

ΦP3 (h∅, ∅i)
ΦP3 (h{e}, ∅i)

= h{e}, ∅i ,
= h{e}, {ab0 }i

= lfp(ΦP3 ).

under which l is mapped to false. In the experiments reported
by Byrne in [6] several people, although not the majority, did
in fact draw this conclusion. The difference between the strong
and weak completion may explain this observation. After
adding the additional negative fact ⊥ → o to program P3 ,
the least model of the completion and the weak completion of
the extended program is M30 .
But how can the least model of the weak completion of a
program be computed?

One should observe that the least fixed point of ΦP is
only obtained, if the iteration of ΦP starts upon the empty
interpretation. What happens if we drop this condition? For
example, consider the program

IV. C OMPUTING L EAST M ODELS

which in turn admits the empty interpretation as least model.
Depending on the initial interpretation the iteration of ΦP4
yields:

In Logic Programming, there is a standard approach to
compute least models based on the seminal work of Apt
and van Emden [3]. Among other results, they specified a
semantic operator associated with (a class of) logic programs2
and showed that the least fixed point of this operator is equal
to the least model of the program under classical two-valued
semantics. The idea was later picked up by Fitting [11],
who specified a semantic operator for the class of programs
considered in this paper, but with a different three-valued
semantics.3 In particular, he showed that the least fixed point of
his operator coincides with the least model of the completion
of a program. The operator, which I will discuss here is a
variation of the Fitting operator and is due to Stenning and
van Lambalgen [22].
Let I be an interpretation, I be the set of all interpretations
and P a program. The operator ΦP : I → I is defined as
follows: ΦP (I) = J > , J ⊥ , where
J > = {A | there exists Body → A ∈ P with I(Body) = >}
and
J ⊥ = {A | there exists Body → A ∈ P and
for all Body → A ∈ P we find I(Body) = ⊥}.
ΦP is monotone on the complete semi-lattice (I, ⊆). Hence,
due to the Knaster-Tarski fixed point theorem it admits a least
fixed point (see e.g. [8]). For finite propositional programs
as considered here ΦP is also continuous. Hence, due to the
Kleene fixed point theorem it admits a least fixed point which
2 So-called
3 Kleene’s

definite programs, where only atoms appear in the body of rules.
strong three-valued semantics with complete equivalence [19].

P4 = {p → q, q → p}.
Its weak completion is
wcomp(P4 ) = {p ↔ q, q ↔ p},

ΦP4 (h∅, ∅i)

=

h∅, ∅i

ΦP4 (h{p, q}, ∅i)
ΦP4 (h∅, {p, q}i)

= h{p, q}, ∅i ,
= h∅, {p, q}i ,

ΦP4 (h{p}, {q}i)
ΦP4 (h{q}, {p}i)

= h{q}, {p}i ,
= h{p}, {q}i ,

ΦP4 (h{p}, ∅i)
ΦP4 (h{q}, ∅i)

=
=

h{q}, ∅i ,
h{p}, ∅i ,

ΦP4 (h∅, {p}i)
ΦP4 (h∅, {q}i)

=
=

h∅, {q}i ,
h∅, {p}i .

= lfp(ΦP4 ),

The first line shows the desired result. In the second and third
line we obtain a fixed point, albeit not the least one. The
remaining lines show infinite loops. On the other hand,
ΦP3 (h{o, l, ab0 }, {e}i = h{e, ab0 }, {l, ab}i ,
ΦP3 (h{e, ab0 }, {l, ab}i) = h{e, l}, {ab0 }i ,
ΦP3 (h{e, l}, {ab0 }i)
= h{e}, {ab0 }i
= lfp(ΦP3 ).
In fact, whatever initial interpretation is selected, the iteration
of ΦP3 will always terminate with least fixed point of ΦP3 .
Under which conditions can such an effect be achieved?
V. C ONTRACTIONAL S EMANTIC O PERATORS
In 1922, Stefan Banach formulated the by now famous
contraction mapping theorem: A contraction mapping f on a
complete metric space has a unique fixed point; the sequence
x, f (x), f (f (x)), . . . converges to this fixed point, where x is
an arbitrary element from the metric space (see e.g. [24]). Let
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P be a program. If we could show that ΦP is a contraction on
an appropriate complete metric space, then applying Banach’s
contraction mapping theorem would ensure that there is a
unique fixed point which can be computed by iterating ΦP
starting with an arbitrary initial interpretation. This idea was
first expressed in [12]. One should observe that because
ΦP4 admits several fixed points, it follows from Banach’s
contraction mapping that it is not a contraction. On the other
hand, we suspect ΦP3 to be a contraction. But how does an
appropriate complete metric space look like?
Let P be a program. A level mapping is a mapping l from
the set of atoms to the set of natural numbers. It is extended
to negative atoms by defining l(¬A) = l(A) for each atom
A. P is said to be acyclic if there exists a level mapping l
such that for each rule Body → A occurring in P the level of
each atom or negative atom occurring in Body is less than the
level of A. Now, consider the following distance function dl
between interpretations I and J: If I = J then dl (I, J) = 0;
otherwise dl (I, J) = 21n , where n is the natural number such
that I(A) = J(A) 6= U for all A with l(A) < n and I(A) 6=
J(A) or I(A) = J(A) = U for some A with l(A) = n. As
shown in [21], the metric space (I, dl ) is complete.
As shown in [16], if a program P is acyclic then ΦP is a
contraction. Returning to the programs P1 - P3 and using the
level mapping
l(e) = l(o) = 1, l(ab) = l(ab0 ) = 2, l(l) = 3
it is obvious that these programs are acyclic. Hence, ΦP1 ΦP3 are contractions.
But is the class of acyclic programs the largest class admitting contractional semantic operators? In Logic Programming
and under a different semantics4 often the larger class of socalled acceptable programs5 is considered. It is beyond the
scope of this paper to show that
P5 = {r ∧ q → p, r ∧ p → q}
is acceptable. Unfortunately, ΦP5 admits two fixed points
h∅, ∅i and h∅, {p, q}i, and, thus, is not a contraction.
To sum up, to each program P a semantic operator ΦP
is attached, which is monotonic, continuous and, for acyclic
programs, also contractional. Moreover, human reasoning
episodes can be adequately modeled by firstly computing the
least fixed point of ΦP , which happens to be the least model
of the weak completion of P, and secondly reasoning with
respect to this least fixed point. Can all this be done in a
connectionist or artificial neural network setting?
VI. A C ONNECTIONIST R EALIZATION
Funahashi has shown in [13] that three-layer feed-forward
networks can approximate continuous funtions arbitrarily well.
Because ΦP is continuous for any program P considered
4 Kleene’s
5 See

strong three-valued semantics with complete equivalence [19].
[2] for a formal definition.
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Figure 1. The stable state of the feed-forward core for ΦP1 . Active and
passive units are depicted in grey and white, respectively. The number depicted
in a unit is its threshold. All depicted connections have weight w ∈ R+ ;
connections with weight 0 are not shown. Mutually inhibitory connections
between the units labeled e and ¬e, l and ¬l as well as ab and ¬ab in the
input layer ensure that only one unit of these pairs is active.

in this paper, ΦP can be approximated by three-layer feedforward networks as well. In fact, as I consider only propositional programs, the networks compute ΦP . If the input layer
of such a network is activated by an interpretation I at time t
then at time t + 2 the activation pattern of the output layer
represents ΦP (I). Connecting the output layer to the input
layer, the network iterates ΦP until a stable state is reached.
According to the results presented in Sections IV and V a
stable state is reached if a network is initialized with the empty
interpretation or any interpretation, respectively. Moreover, the
stable state correspond to the least fixpoint of ΦP , which is
the least model of the weak completion of P.
This method was first presented for two-valued propositional programs in [15] and later called the core method [5] for
connectionist model generation using recurrent networks with
feed-forward core. In [18] it is adapted to the three-valued
programs considered in this paper. Rather than describing
this adaptation in detail, Figure 1 shows the three-layer feedforward network called core for ΦP1 . The input as well as the
output layer is used to represent interpretations. For each atom
A each layer contains two threshold units labeled A and ¬A,
respectively. In addition, the input layer contains two more
threshold units labeled > and ⊥. An interpretation I > , I ⊥
is represented by the input and output layer as follows: The
unit labeled A is active (depicted in grey) iff A ∈ I > ; the
unit labeled ¬A is active (depicted in grey) iff A ∈ I ⊥ .
The connections and units between the input and output layer
encode the rules of the program. If recurrent connections with
weight 1 between corresponding units in the output and the
input layer are added, then the stable state shown in Figure 1
is computed in finite time.
One should observe that until now I have assumed that the
input layer of a network is initialized by an interpretation
I > , I ⊥ . Because by definition I > ∩ I ⊥ = ∅, units A> and
A⊥ in the input layer are never activated at the same time for
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all atoms A. By construction of the network it is guaranteed,
that for all atoms A the units A> and A⊥ in the input as well
as in the output layer are never activated at the same time
while the network settles down to a stable state. However, if
the network is initialized by an arbitrary activation pattern,
then for all atoms A mutually inhibitory connections must
be added between the A> and A⊥ units in the input and
output layer. Such a situation arises if the network is part
of a larger ensemble, where the input pattern is obtained from
observations in the real world. In such a case it is quite likely,
that the ensemble gathers some information for A> as well as
for A⊥ . The inhibitory connections serve as a winner-take-all
network, where for each pair A> and A⊥ only the unit which
receives the higher initial action remains active, whereas the
other one is de-activated (see [22]).
VII. C ONCLUSIONS
I have shown that typical examples from reasoning with
factual and counterfactual conditionals can be adequately
modeled using a non-classical, non-monotonic logic based on
weak completion under three-valued Łukasiewicz semantics.
Least models can be generated by iterating a semantic operator
until a least fixed point is obtained, which is the least model.
Thereafter, reasoning is performed with respect to this least
model. I have also specified conditions under which the
semantic operator is a contraction and, thus, the least model is
independent of the initial interpretation on which the iteration
of the semantic operator is based. Moreover, I have presented a
connectionist realization based on the core method. This is an
intriguing example of interdisciplinary research ranging from
experimental findings in Cognitive Science via logic based
approaches in Articial Intelligence to artificial neural network
encodings in Connectionism, where the involved disciplines
mutually benefit from each other.
However, the paper concerns only particular tasks and
much more research is required to better understand human
reasoning. To the end, let me discuss some open problems.
VIII. S OME O PEN P ROBLEMS
Łukasiewicz semantics versus Kleene’s strong three-valued
semantics with complete equivalence: The idea to model
human reasoning episodes by non-monotonic logic programs
was first presented in [22] in the context of completion and
Kleene’s strong three-valued semantics with complete equivalence. However, as shown in [17], several technical results
hold only if we consider weak completion and Łukasiewicz
semantics. Is there any evidence, that humans really use
Łukasiewicz semantics? The two semantics differ in the truth
value applied to implications in case both, the precondition
and the conclusion, are unknown. How do humans handle
conditionals where the precondition as well as the conclusion
is unknown?
Completion versus weak completion: As already discussed
in Section III the presented approach adequately models
human reasoning episodes if we use weak completion instead
of completion. On the other hand, a considerable number of

people seem to use completion instead of weak completion.
This raises several questions: Under which conditions do
humans prefer a particular form of completion? Are they
switching among the forms of completions and, if so, under
which conditions are they switching? Can this be modeled in
the connectionist realization?
Abduction: The class of human reasoning episodes considered in this paper is quite limited. In [6] additional episodes
are discussed which can be modeled in the logic programming approach if abduction is considered (see [22]). As
discussed before, [22] develop their results under Kleene’s
strong three-valued semantics with complete equivalence. How
can abduction be added to the appproach presented in this
paper, which is based on the Łukasiewicz semantics? How
can the connectionist realization be extended to incorporate
with abduction? There are some connectionist approaches to
abduction (see e.g. [9], [1]), but they need to be adapted to
the approach presented herein.
Attention: Abduction is usually realized as systematic
search through the space of all possible explanations in order
to find a best or minimal explanation for a given observation.
The systematic search realized by state-of-the-art AI systems
seems to be hardly the way humans solve such problems. Does
attention (see e.g. [23]) play a major role here and, if so,
how can models of attention be incorporated into the existing
approach?
Contraction: In Section V I have discussed the case of
contractional semantic operators, which admit a unique fixed
point and, consequently, reasoning with respect to this fixed
point will always lead to the same conclusions independently
of the given initial information. In the presented case, the
initial information can be regarded as a set of positive or
negative facts. Do humans exhibit a behavior which can be
adequately modeled by such contractional semantic operators
and, if so, under which conditions? Is there evidence of noncontractional semantic operators in human reasoning?
Level Mappings: The problem to find a level mapping such
that a program is acyclic or acceptable is undecidable. Can we
generate appropriate level mappings by studying the behavior
of humans?
Biological plausibility: Are the connectionist networks proposed in Section VI biological plausible? Do humans use a
layered structure to compute the value of semantic operators?
Do humans use recurrent connections to iterate these computations? Do stable states corresponding to fixed points of such
operators exist and, if so, do humans draw conclusions with
respect to these stable states?
Learning: The connectionist networks presented herein are
constructed. A major open question is whether these networks
can be learned. As the cores of the recurrent networks are feedforward networks and the threshold units can be replaced by
sigmoidal ones (see e.g. [10], [4]) the networks can in principle
be trained using standard methods like backpropagation (see
e.g. [14]. However, there is no evidence whatsoever that backpropagation is biologically plausible. The only known form
of learning in biological neural networks is Hebbian learning.
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Are there learning methods based on Hebbian learning which
can generate the recurrent connectionist networks used in this
paper?
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Abstract
We human beings are able to listen to a specific
sound even in multiple sound sources are presented.
Binaural hearing is one of major key for selective
listening. In this paper, some extend of the details of
frequency domain binaural model (FDBM) is
presented as well as its applications.

2. Hearing assistance system based on
FDBM
Figure 1 shows the block diagram of FDBM for
hearing assistance system including howling
canceller. This model consists of four sub-blocks.

1. Introduction
Binaural hearing assistance systems have become
popular year by year utilizing the up-to-date
technologies such as a digital signal processing,
modern high-energy density batteries, and
sophisticated power management. Although those
systems utilize the two microphone inputs in order to
provide directional selectivity based on various types
of binaural hearing models, there are still problems to
be solved, especially on robust howling cancellation.
Various binaural hearing models have been
proposed since 1940's such as a coincidence-based
model by Jeffress[1]. Blauert[2] and his colleagues
were made continuous contribution[3][4] and as the
complete model, Bodden proposed the cocktail party
Processor[5] in 1993. Beside this series of activities,
there are many others related to the binaural model
and some of those are reviewed in the recently
published book edited by DeLiang Wang and Guy J.
Brown[6]. Among those approaches, the frequency
domain binaural model (FDBM)[7] has advantages of
signal segregation based on 2 dimensional direction,
i.e. azimuth and elevation, without heavy
computational load. Also for the application of
hearing aids, the FDBM has very efficient howling
cancellation method based on the maximum of
realistic interaural level differences for each
frequency bin[8].
In this paper a binaural hearing assistance system
is proposed utilizing the frequency domain binaural
model which has a simple but very robust howling
cancellation mechanism. The performance of this
system is evaluated by means of PESQ[9] which takes
into account of human perceptual
.

Fig. 1 Block diagram of binaural hearing system.

2.1. FFT Analysis Sub-block
Let us assume the input signals, l(n) and r(n),
observed by microphones at ear positions of human
being or a dummy-head are transformed into spectra,
L(k) and R(k), by means of FFT for each input
channel as shown in Fig.1.

2.2. Sub-block for estimating sound source
directions based on interaural phase and level
differences
The process of estimation of sound source direction
by means of the FDBM uses the interaural phase
difference (IPD) and the interaural level difference
(ILD). Figure 2 shows an example of IPD and ILD
derived from HRTFs of KEMAR Dummy Head
microphone, which are provided by MIT Media
Laboratory [10]. In low frequency range, ILD is quite
small because the low frequency components are well
diffracted by head, but the IPD changes according to
the direction of sound source in lower frequency
range. On the other hand, in higher frequency range
above 1500 Hz ILD becomes large, and IPD has an
ambiguity of direction due to a wave length againt
the dimension of head, so that ILD takes major part
of directional cues. However, above 3000 Hz, ILD
provides many candidates of sound source direction
due to the complex shape of pinna.
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(a) Inter-aural phase difference

Fig.3 ILD threshold for howling cancellation
obtained from 96 HRTFs.

2.3. Howling Canceller Sub-block embedded in
Segregation Filter

(b) Inter-aural level difference
Fig.2 IPD and ILD at elevation 0 degree of KEMAR
dummyhead HRTF database provided by MIT Media
Laboratory.
For lower frequency bands, the sound source
direction of each frequency bin is obtained by IPD.
IPD is calculated through a cross spectrum Clr (k),
defined as
Clr (k) =L(k)R(k)*,
where * the denotes complex conjugate.
IPD, θlr(k), in a frequency bin k is also obtained by
the cross spectrum as
θlr(k) = tan( Im[Clr (k)] / Re [Clr (k)] ).
ILD, ξlr (k), for each frequency bin is obtained as
ξlr (k)=20 log(Clr (k)/ Cll(k))
where Cll(k)) represents a power spectrum of signal
l(n), and it is defined as L(k) L(k) *.θlr(k) andξlr
(k) are utilized to determine the sound source
direction by comparing them with IPD map and ILD
map, respectively.
The sound source direction obtained from IPD and
ILD for each frequency bin is combined based on
frequency bin.

As well known, the howling control for hearing
aids is very important, also it is still under discussion.
Robust howling canceller for FDBM is introduced in
[8]. Basic concept of this howling canceller can be
described as follows.
If we can assume that the howling will not occur
for both of left and right channels at exactly
simultaneous timing, we can say that howling occurs
if ILD is larger than the maximum ILD in the
database. This means that if the howling occurs, the
signal level of the specific frequency bin will exceed
the maximum. Based on the detected information, we
can easily find out the occurrence of howling and also
we can control the howling cancel filter according to
the detected information. Figure 2 shows the
maximum ILD threshold ξmax (k) constructed from
HRTFs of 96 subjects[11], to distinguish whether
howling occurs or not.
Once howling is detected, howling cancel filter
works
as illustrated in Fig. 4. Let's assume that a power
spectrum of observed signal is shown in Fig. 4 (a)
when the howling occurs. Howling cancel filter is set
as shown in Fig.4 (b) according to the detected
information, and Fig. 4 (c) is the controlled power
spectrum after the howling cancel filter is applied.

Fig. 4 Block diagram of feedback model in
simulation.
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(a) Spectrum of input signal to hearing assistance
system

Fig.5 The prototype of headset for hearing assistance
system.

2.4. Segregation Filter Sub-block
The segregation filter is set based on the estimated
direction in each frequency bin and it applied to both
channel signals in frequency domain. A pair of
segregated signals is obtained by means of inverse
FFT of filtered signals. Note that the binaural
information in the segregated signals is preserved.

3. Performance evaluation of the proposed
hearing assistance system
3.1. Howling Canceller
In order to evaluate performance of the proposed
howling canceller, simulations using a feedback
model represented in Fig.4
are performed.
Simulation is designed assuming a prototype hearing
assistance system depicted as Fig. 5 in which the
microphone is attached on the consumer headphone.
The model of feedback path is used to simulate
amplification and signal leakage from the
loudspeaker into the microphone and feedback loop
attenuation α is set to 15 dB. In simulation, the
cancellation algorithm is confirmed using pink noise
with a simulated feedback path designed for every 1
kHz interval between 2 kHz up to 7 kHz.
Figure 6 shows the spectra of signals when the
amplifier gain for the hearing assistance system is set
to 5.8 dB. A frame length of FFT to detect a howling
is set to 32. The spectrum of signal without feedback
is shown in Fig.7(a) while Fig.7 (b) is a spectrum of
left channel signal when howling is occurred, and the
Fig.7(c) represents the one after howling cancellation.
As shown in this result, it is confirmed that the
proposed algorithm can control multiple frequencies
simultaneously.

(b) Spectrum of left channel input signal under
howling condition.

(c) Spectrum of left channel signal under controlled
Fig.6 Spectral representation of howling cancelling
process:
(a) input signal, (b) left channel signal
under howling, and (c) left channel signal under
controlled by the proposed howling canceller.

3.2. Quality of enhanced speech signal
In this subsection, the quality of enhanced speech
signal obtained by hearing assistance system is
examined by means of PESQ. The range of PESQ
score is defined as -0.5 to 4.5 and 4.5 means that the
observed signal is exactly the same as the original
signal. The observed signals at ear position are
generated based on the transfer functions measured
by the microphones of hearing assistance system
instead of ordinary HRTF. between the original
signals and the segregated ones for each channel. The
target is set at (0, 0) [degree] in azimuth-elevation
coordinate while the interference is set at (60, 0)
[degree]. Male speech is used as a target signal, and
female speech is used as an interference. The SNR
corresponding to the target of the interference “input
SNR” is varied from -30 to 30 dB.
Figure 7 shows PSEQ score. The abscissa shows
over all SNR defined as the power level ratio of target
signal against interference, labeled as input SNR For
all input SNR condition, PESQ score is improved,
even if input SNR is higher than 20dB. Also like
SNR, PESQ scores of segregated left and right
channels are almost the same while ones of inputs are
different depending on the input SNR.
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hearing assistant system,'' Acoustical Science &
Technology, Vol.28, No.2, pp.9097 82007).
[9] ITU-T Recommendation P.862, ``Perceptual evaluation
of speech quality (PESQ): An objective method for end-toend speech quality assessment of narrow-band telephone
networks and speech codecs,'' 2001.
[10] B. Gardner and K. Martin, “HRTF measurements of a
KEMAR dummy head microphone,” MIT Media Lab
Perceptual Computing Technical Report #280, 1994.
[11] Head related transfer function distributed by Itakura
Lab in Nagaoya University,
http://www.sp.m.is.nagoya-u.ac.jp/HRTF/

Fig. 8 Evaluation results at left and right channel
signals, when the target and the interference are male
and female speeches, respectively.

4. Conclusions
In this paper, a binaural hearing assistance system is
proposed utilizing the frequency domain binaural
model which has a simple but very robust howling
cancellation mechanism. Also evaluation of the
system performance is performed both for howling
cancellation and segregation quality. Results show
the sufficient performance for howling cancellation,
however, the quality of segregation needs to be
improved.
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