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• Gheorghe Ştefănescu (Bucharest University)
• Emma Tamaianu-Morita (Akita University, Japan)
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C. Şerban, High Coupling Detection Using Fuzzy Clustering Analysis . . . . . . . . . 223
V. Niculescu, Efficient Recursive Parallel Programs for Polynomial
Interpolation . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 227
M. Lupea, Skeptical Reasoning in Constrained Default Logic Using Sequent
Calculus . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 231
A. Vasilescu, Algebraic Model for the Synchronous SR Flip-Flop Behaviour . . . 235
D. Suciu, Reverse Engineering and Simulation of Active Objects Behavior . . . . . 239
xiii

E. Scheiber, Parallelization of an Algorithm with an Unknown Number of
Tasks Using a Fixed Number of Workers . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 244
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KNOWLEDGE REPRESENTATION WITHIN
AN INTELLIGENT TUTORING SYSTEM
HELMUT HORACEK(1)
Abstract. Intelligent tutoring systems, though quite successful in a variety of
applications, are typically limited with respect to the generality of their problemsolving methods and in their communication capabilities. Aiming at exploring the
prerequisites for future, more powerful tutoring systems, we present techniques
for representing knowledge within such a system that allow for reasoning about
more complex problem-solving situations and that enable flexible communication
in natural language. The domain of application is teaching a student how to prove
mathematical theorems.

1. Motivation
Intelligent tutoring systems are currently a hot topic in artificial intelligent research, and a number of widely-used application systems as well as experimental
systems have been built over the last decade. Despite this success, the technology is
still restricted in several ways, which has a major source in the predominant system
architecture that does not support a cleanly separated and in part deep representation
of different categories of knowledge.
In contrast to that, our elaborations feature modularization, based on a strict
distinction between
• problem-solving knowledge
• communication knowledge
• pedagogical knowledge
and their suitable coordination. In particular, we emphasize interaction in natural language, because this way of communication constitutes a crucial asset of human
tutors that intelligent tutoring systems are essentially missing - it encourages students
to explicitly formulate their plans, which is an important step in learning new conceptions. Apparently, such an approach is more difficult to orchestrate, but it is believed
to pay off in the long run, since it allows for the incorporation of problem-solving
and natural language processing components that are developed independently of the
tutoring context. Such components are supposed to be reused beneficially, and they
also support the transfer to other domains of application.
2000 Mathematics Subject Classification. 68T50, 68T30.
Key words and phrases. intelligent tutoring systems, knowledge representation, natural language
processing.
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Babeş-Bolyai University, Cluj-Napoca

3

4

HELMUT HORACEK(1)

The aim of building a tutoring system on these lines is associated with a number of
research challenges. In the following, we elaborate on experience made in the context
of a project carried out at our university, whose goal was
(1) to empirically investigate the use of flexible natural language dialog in tutoring
mathematics, and
(2) to develop a prototype tutoring system that incorporates the empirical findings.
The experimental system engages a student in a dialog in written natural language
to help him/her understand and construct mathematical proofs. Example domains
include elementary set theory and mathematical relations.
2. Problem-Solving Knowledge
Within a tutoring context, demands on knowledge representation for problemsolving purposes are extremely high. First of all, it should allow for incremental and
flexible solution development. In addition, it should support inspection of the state
of affairs, and checking possible continuations, in view of ambiguous and only partial
specifications, which is what contributions of students typically are. When efficient
problem-solving is the only concern, suitable representations are essentially simple and
uniform, such as logical calculi for theorem proving systems. While completed results
can be transformed into more abstract, communication adequate representation levels,
systematic transformation methods cannot reasonably cope with incompleteness and
incrementality.
In order to meet the requirements of intelligent tutoring, representations are built
on an abstracted level, where individual reasonnig steps essentially correspond to the
application of axioms, that is, conceptually meaningful pieces of domain knowledge,
for example, applying the distributivity law. Populating such a representation with
inferences suitable for the chosen subdomain requires some development effort by
system engineers, which is a certain price to pay. Inference steps can be composed
to build a proof graph, which enables one to check the validity of each step down to
the underlying proof calculus, thus making use of a powerful and general reasoning
component. Moreover, testing and completing specifications of inference steps that
stem from the tutoring interaction is supported in a flexible manner, including forward
and backward inferences.
3. Knowledge for Natural Language Interpretation
Within a tutoring context in a formal domain, such as mathematics, natural
language interpretation is confronted with two specific fundamental challenges:
• Descriptions in these domains are characterized by an intertwined combination of exact formulas with sometimes sloppy natural language expressions,
and
• descriptions produced by students may contain errors, and they may be vague
and incomplete, in some cases to a greater extent than this is consistent with
the domain-specific language use as found in mathematical textbooks.
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Mastering these challenges is supported by classical linguistic knowledge sources,
which are extended and adapted in some crucial places for our purposes. Grammar
rules may contain places for mathematical expressions of different types, including
some examples of linguistic structures with gaps that can be filled by mathematical expressions. Such a construct may be essential to cope with specific cases of
intertwinedness, particularly in connection with some operators, such as negation.
The a priori categorization of input components into formulas and pieces of natural
language text, as well as segmentation into individual assertions, a quite critical decision, is done on the basis of some relatively simple heuristics - hence, limitations
in these heuristics are an obvious source of interpretation failures. The meaningful
interpretation of vague and incomplete descriptions is handled by a repertoire of specialized entries in the semantic lexicon, which allow filling gaps in expressions, such
as interpreting domain-specific metonymic relations.
A final and crucial task in natural language analysis is the ultimate interpretation
of the representations oriented on natural language in terms of representations used
for domain reasoning, which differ in some crucial factors among one another. In order
to accomplish this task, we have built a representation that constitutes an enhanced
mirror of the domain representations. It serves as an intermediate representation
between the domain and linguistic models. Measures in this mapping comprise the
interpretation of vague and sloppy natural language expressions in terms of exact
mathematical concepts, where ambiguities can sometimes be resolved by semantic
role restrictions.

4. Tutoring Knowledge
Tutorial goals in teaching mathematical theorem proving are two-fold: teaching
problem-solving methods is the essential target of tutoring, while techniques for building correct formal expressions constitute a somehow subordinate goal. Reconciling
these two complementary tutorial goals is quite challenging, since pursuing one of
them can in some cases interfer with pursuing the other. We support these goals by
dedicated representations of knowledge. In order to address low-level errors, we use
a set of replacement rules which aim at curing formal flaws in otherwise reasonable
specifications of problem solving steps, such as confusing two operators or omitting
parentheses. Here, tutoring knowledge interacts with natural language analysis.
In order to address teaching problem-solving methods, a multi-dimensional taxonomy of hint categories, varying in degrees of precision and content, has been developed. This taxonomy encompasses a variety of contextual factors, such as the
number of trials already made by the student and degrees to which the necessary
elements of the inference step addressed are also covered. Here, tutoring knowledge
interacts with problem-solving knowledge. This interaction comprises the evaluation
of proof-relevant parts of the utterances with respect to completeness, correctness,
and relevance, where correct proof steps may not necessarily be relevant in that they
do not contribute to the progress in finding the proof solution. This categorization is
an integral part of our tutorial strategies.
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5. Assessment
The techniques descibed have been developed and evaluated on the basis of two
corpora of tutoring dialogs obtained through Wizard-of-Oz experiments. Our methods
can mimic the behavior of the human tutors in these experiments in essential elements
for some portions of the tutoring dialogs. As expected, a variety of limitations became
apparent as well. They include
• low-level student errors whose repair is more involved than what our replacement rules can explain,
• telegraphic natural language expressions which are beyond the state-of-theart of syntactic semantic interpretation, frequently caused by the notorious
absence of segmentation markers in student utterances,
• free mixture of dialog functions, including unexpected topic changes,
• the need for a larger variety of tutoring strategies, which to some extext
are limited by missing meta-knowledge about the domain itself and about
problem solving techniques.
Altogether, our investigastions have illustrated the capabilities and the potential
of natural language processing and reasoning methods for intelligent tutoring purposes, which have been extended in some essential ways. However, we have also found
a number of quite principled limitations, which are likely to influence the design of interfaces for these kind of systems in the near future. The most serious drawback of our
approach in comparison to traditional architectures of intelligent tutoring systems lies
in the difficulty to build authoring tools. In existing systems, they typically comprise
scripts of some sort, which are driven by surface-oriented specifications, so that domain experts who are not familiar with computational approaches can populate these
scripts. In our approach with distinct knowledge sources, filling these representations
appropriately requires considerable degree of computational capabilities.
(1)
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MODELING SEMANTIC KNOWLEDGE IN ERLANG
FOR REFACTORING
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Abstract. RefactorErl is a refactoring tool for the Erlang programming language. Refactorings have to collect many kinds of information that appear scattered in the source code. Therefore, when designing a refactoring tool, the most
important concern is how the program is represented so that the many layers of
intertwined information can be accessed conveniently. Such information strongly
depends on the language, therefore we have opted to develop a language specific
model for Erlang. This model encompasses the expert knowledge necessary for
refactoring Erlang programs by describing the connections between the diverse
pieces of information.

1. Introduction
During a large portion of the life cycle of software, after the code has reached
maturity, maintenance and improvement become prevalent. In this phase, it often
becomes evident that the structure of the already produced code is not fit for the
needs of further development. Thus, in order to proceed, changes have to be made.
These changes may or may not involve difficult questions to consider, but most of
the time they are tedious and error-prone to perform by hand. For example, in the
case of renaming a variable, all of the instances of the variable have to be identified
(considering shadowing), and then all of these instances have to be renamed.
Refactoring [6, 7] means changing the program code without changing what the
code does. Tool support for performing refactoring is available for many objectoriented programming languages, and for some functional ones as well [9, 20]. Refactoring tools not only automate systematic transformations of programs, but also ensure that the semantics of the refactored programs are preserved. For this reason, the
refactoring tool will analyse the structure of the refactored program (based on the
syntactic rules of the underlying programming language), and it will also collect and
use static semantical information about the program.
The paper is structured as follows. In Section 2, RefactorErl, our refactoring
tool for Erlang, is briefly described. Some of the transformations implemented in the
2000 Mathematics Subject Classification. 68N15, 68N30.
Key words and phrases. Erlang, refactoring.
Supported by Ericsson Hungary and ELTE IKKK..
c 2009 Babeş-Bolyai University, Cluj-Napoca
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tool are presented in the course of an example. Section 3 introduces the way the
tool acquires and stores information about the program code. Section 4 describes the
extent of knowledge that is represented in the tool. Finally, Section 5 concludes the
paper.
2. RefactorErl
RefactorErl is a tool that is developed for refactoring programs written in Erlang,
both simple ones and large-scale telecom applications. The tool makes use of a grammar description based on an XML description, and specific knowledge of Erlang’s
semantics that provides the necessary information for refactoring.
The tool currently supports 15 refactorings. These refactorings are the following:
•
•
•
•
•
•
•
•
•
•
•
•
•
•
•

Expand fun expression,
Merge expression duplicates,
Eliminate variable,
Inline function,
Extract function,
Generalise function,
Reorder function parameters,
Tuple function parameters,
Move function between modules,
Move record between modules,
Rename function,
Rename variable,
Rename module,
Rename record and
Rename record field.

Our refactoring tool has gone through serious modifications since its first prototype implementation. As we have gathered more knowledge about the requirements
and possibilities of refactoring, we have redesigned the representation of Erlang programs inside RefactorErl. With this redesign, the refactorings have been much easier
to implement than in the previous versions.
2.1. Language specific model. Besides a general, language-independent refactoring software infrastructure [3, 4, 21, 23], a language specific model supporting refactoring concepts proved to be useful. Based on that model a model-driven architecture
can be developed. In order to guarantee consistency and to avoid ad-hoc and conflicting solutions, all the components of the refactoring tool (i.e. the parser, the semantic
analyser, the code generator, the construction utilities for insertion and replacement
of code parts, and the source code formatter) are either generated from, or controlled
by, the same model. This is a declarative approach which maintains the refactoringspecific lexical, syntactical and static semantical rules of the investigated language
as data. Modifying these data should result in the (as far as possible) automatic
adaptation of the code of all the components of the refactoring tool.
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-define(START, 1).

Figure 1. global.hrl
-module(demo).
-export([sum_n/1]).
-include("global.hrl").

-module(demo).
-export([sum_n/1]).
-include("global.hrl").

sum([]) ->
0;
→ sum([H|T]) ->
S = sum(T),
H + S.

sum([]) ->
0;
sum([H|T]) ->
H + sum(T).
sum_n(N) ->
Lst = lists:seq(?START, N),
sum(Lst).

→

sum_n(N) ->
Lst = lists:seq(?START, N),
sum(Lst).

Figure 2. Merging sum(T).
For example, our tool represents the model as an XML-document containing information about the lexical and syntactical rules of Erlang together with instructions
for creating the internal representation of programs. This format was chosen because it is easy to maintain, should the language definition change. Furthermore, it
can be handled easily with XMErl [26], a standard Erlang tool for traversing XML
documents, and it can be easily transformed with e.g. XSLT tools.
2.2. A detailed example. The left side of Figure 2 shows a module that contains a function sum_n/1 to sum numbers from an initial value (?START, defined
in global.hrl, see Figure 1) to the argument N. This function creates a list that
contains the values to be summed, then calls sum/2, which sums the elements of a
list.
sum([]) ->
0;
sum([H|T]) ->
S = sum(T),
H + S.

sum([], Z) ->
Z;
sum([H|T], Z) ->
S = sum(T, Z),
→
H + S.

sum_n(N) ->
sum((lists:seq(?START, N))).

sum_n(N) ->
sum((lists:seq(?START, N)), 0).

Figure 3. Inlined Lst, generalising over zero.

→
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sum([], Z) ->
Z;
sum([H|T], Z) ->
S = sum(T, Z),
plus(H, S).

sum([], Z, _Op) ->
Z;
sum([H|T], Z, Op) ->
S = sum(T, Z, Op),
Op(H, S).

→
plus(H, S) ->
H + S.

→
plus(H, S) -> H + S.
sum_n(N) ->
sum((lists:seq(?START, N)), 0,
fun(H,S) -> plus(H, S) end).

sum_n(N) ->
sum((lists:seq(?START, N)), 0).

Figure 4. Function plus extracted, generalising over Op.
sum([], _Op, Z) ->
Z;
sum([H|T], Op, Z) ->
S = sum(T, Op, Z),
Op(H, S).
plus(H, S) -> H + S.
sum_n(N) ->
sum((lists:seq(?START, N)),
fun(H,S) -> H + S end,
0).

sum([], _Op, Z) ->
Z;
sum([H|T], Op, Z) ->
S = sum(T, Op, Z),
Op(H, S).

→

plus(H, S) -> H + S.

→

sum_n(N) ->
sum((lists:seq(?START, N)),
fun(H,S) -> H + S end,
0).

Figure 5. Inlined plus, reordering the parameters of sum.
Let us first use the RefactorErl tool to extract the call to sum(T) in the second clause of sum/1 to be bound by a new variable S. This can be done using the
transformation Merge Expression Duplicates; the transformation actually merges all
instances of the selected expression. The result of the transformation can be seen on
the right side of Figure 2.
Next, let us eliminate the variable Lst. The result of the transformation can be
seen on the left side of Figure 3. The place where the variable was applied, the first
argument of the function sum/1 in the body of function sum_n/1, has been changed,
and the variable binding Lst = lists:seq(?START, N) has disappeared. Note that
the current transformation creates a superfluous pair of parentheses; this will be
improved in a later version of RefactorErl.
From the following examples on, the first three lines of the module are not repeated.
In the next step, we generalize the function sum/1 by the expression 0 that can
be found in its first clause. This transformation makes the selected expression a
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fold([], _Op, Z) ->
Z;
fold([H|T], Op, Z) ->
S = fold(T, Op, Z),
Op(H, S).
plus(H, S) -> H + S.
sum_n(N) ->
fold((lists:seq(?START, N)),
fun(H,S) -> H + S end,
0).

Figure 6. Renamed sum to fold.

parameter of the function, and all function applications that call this function will
have the selected expression inlined. The result of the transformation can be seen on
the right side of Figure 3.
Let us continue by extracting the expression H+S to a new function plus/2. Only
the name of the new function has to be given; the refactoring detects the free variables
in the selection. The left side of Figure 4 shows the module after the extraction.
Let us generalize the sum/2 function once more along the application of the newly
generated plus/2 function. This makes the function sum/2 gain one more argument
becoming sum/3. At the place of the function application, we have to pass the appropriate function; since the selection along which the generalization takes place may
contain a more complex expression than a function call, the expression wrapped in
a closure is passed. In a future version of this refactoring, the simpler fun plus/2
expression may be used in this place. In the first clause of sum/3, Op is not used,
therefore we write _Op to avoid compiler warnings.
As the next step (seen on the left side of Figure 5), we inline the body of the
recently created fun expression in order to simplify the expression. This transformation replaces the function application with the body of the function. It is very useful
if the function has only one clause, preferably with a simple body; in more complex
cases, where the function contains more clauses, the transformation is still possible,
but the resulting expression is harder to read.
Let us change the order of the last two parameters of sum/3. This transformation
has to change the order in all clauses of the function definition, as well as all function
applications.
As the final step our example, we notice that the function sum/3 has indeed
become more general, therefore we rename it to fold/3. The result of our transformations can be seen in Figure 6.
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3. Knowledge representation
RefactorErl represents an Erlang program as a “program graph”: a directed,
rooted graph with typed nodes and edges. The skeleton of this graph is the abstract
syntax tree of the program. Apart from syntactical information, the graph contains
lexical and semantical information as well. These latter kinds of information are
provided as additional nodes and edges in the graph. For example, each function
in the program is represented as a semantic node in the graph; the definition of
the function and all the calls to the function are linked to this semantic node with
semantic edges. The maintenance of semantic information is useful for boosting side
condition checking. Usually, the hardest part of refactoring is not the application of
the requested transformation, but the evaluation of the conditions that are required to
hold for the refactoring to be safe. These conditions often depend on a large amount
of semantical information – which can be efficiently picked out from the program
graph. Apparently, the stored semantical information, similarly to the AST, must be
updated when a transformation is applied.
Lexical information, such as the tokens produced by the scanner, is also essential.
Even information about the whitespace separating the tokens must be kept available
so that the refactoring tool can preserve the layout of the refactored program.
The kinds of semantic information to be gathered and maintained by the refactoring tool depend on the transformations the tool supports. The RefactorErl tool
is designed to be open-ended: it should be possible to implement a new refactoring
with the relevant semantical analysis and add them to the refactoring framework. To
achieve this goal, the semantical analyses are organized into independent modules,
and result in independent sets of semantic nodes and edges in the program graph.
Examples of semantic analysis modules are analysing scopes, analysing function definitions and calls, or analysing variable bindings. Also, new semantic analyses are
easy to add to the system. One such planned but not already realised analysis collects connections between variables along the data flow.
Interestingly, the concept of using a program graph in order to represent semantic knowledge about source code is not bound to any specific programming language.
Therefore, we have created a language independent framework for building and maintaining a program graph. Within this framework, we have implemented an Erlang
specific model that reflects the semantics of this language, see Figure 7. The services
of the framework enable the development of important components in the Erlang specific model such as the semantic analysis modules and the layout preserving parser.
RefactorErl also includes a query language, similar to XPath [25], for retrieving
information from the program graph. Links of the graph can be traversed forwards
and backwards, and filtering by semantical information is also supported.
To optimize the shape of the program graph for fast information retrieval, the
syntax of the language is reflected in the tool at two levels of abstraction. In the
more abstract view there are four syntactical categories: files, forms, clauses and expressions. Files (including header files) contain forms. Forms can be, among others,
function definitions, which are made up of one or more clauses (clauses are basic
building blocks of several compound expressions as well, such as case-expressions).
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Figure 7. Scanning, preprocessing and parsing in RefactorErl
The right-hand side of a clause is a sequence of expressions (and the left-hand side
of a clause contains further expressions such as patterns and guards). The rich syntactical structure of Erlang (reflected in the close to fifty rules of the grammar) can
be abstracted into these four kinds of graph nodes. Many details of the syntax are
encoded in the types of the graph edges, forming the less abstract syntactic view of
the language.
The low number of types of syntax nodes improves efficiency of the queries written in the query language. Another important source of efficiency is that chains
of applications of the same production rule are not represented by an unbalanced
tree, but rather by a single graph node, which collects all of the syntax edges of the
productions, retaining the order of the edges.
In order to improve the reusability of the refactoring infrastructure, one could
design the model of the refactored programs as general and language-independent
as possible. Our experience in refactoring Clean [20] and Erlang did not foster this
approach. Even in these two functional languages, the syntactic and semantic differences are so significant that it is not worth to introduce a common model, not even
with language-specific extensions (like in [21]). Our approach is to keep the focus of
the tool on a single language, and achieve a level of precision and efficiency that is
sufficient to make the tool applicable in practice.
4. The scope of knowledge representable in the model
Some features of the Erlang language are advantageous for refactoring: side effects
are restricted to message passing and built-in functions, variables are assigned a value
only once in their lifetime, and code is organised into modules with explicit interface
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definitions and static export and import lists. There are, however, some features that
are disadvantageous for refactoring, e.g. the possibility to run dynamically constructed
code, and the lack of programmer defined types. For a more detailed analysis see [8].
Refactorings, by definition, should preserve semantics. Unfortunately, it is practically impossible to guarantee this in the case of a language supporting reflection.
Worse still, industrial Erlang code makes use of such facilities very frequently. On the
one hand, if we design a conservative refactoring tool that always refuses to perform
transformations which might alter the meaning of the refactored program, we might
end up with a tool that, albeit perfectly safe, is completely useless in practice. On
the other hand, a tool offering insufficient support for the preservation of semantics
will never be used in practice: nobody will ever dare to refactor large programs with
it. A good refactoring tool will be sufficiently safe, but not too restrictive. To achieve
this, the decision mechanism in the tool should be customizable and/or interactive.
Since in general it is not possible to completely determine the meaning of an
Erlang program by static analysis, a refactoring tool might decide to compensate for
otherwise unsafe transformations. Inserting dynamic checks into the refactored programs often helps to bring a refactoring into effect depending on run-time information.
Consider the following example. In Erlang, it is possible to construct a function call
by computing the name of the function to be called and the actual arguments, and
passing them to the built-in function apply. There are various ways of computation
that are very hard to analyse by only examining the source code. It is possible to
receive the function name through message passing, which requires data flow analysis
in most of the cases to trace the origination. It is possible to have the user input the
name of the module to be called.
Still another example, used in real life, is to store the names of the modules in a
database and retrieve them from there. Let us suppose that the functions store_mod,
store_fun, and store_args store the the name of a module, the name of a function,
and arguments respectively into a database. Furthermore, let the functions read_mod,
read_fun, and read_args retrieve the said information from the database. Then the
code fragment on the left will apply m:f/2 (that is, the binary function f from module
m) on the actual arguments 1 and 2. A refactoring tool has no chance to find out
by static analysis that m:f/2 is executed here. The only way to preserve program
behaviour when refactoring m:f/2, for example by swapping its arguments, is to insert
dynamic checks. The previous call to apply/3 could be replaced with the expression
shown on the right-hand side of Figure 8, assuming that M, F, A, A1, and A2 are fresh
variables.
5. Conclusions
In this paper, we have presented a tool for refactoring Erlang programs called
RefactorErl. RefactorErl collects, stores and maintains lexical, syntactical and semantic information about Erlang source code. The tool is based on domain specific
expert knowledge about semantics preserving program transformations, while improving the quality of the software product in the most common cases at the same
time.
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store_mod(m),
store_fun(f),
store_args([1, 2]),
...
apply( read_mod()
, read_fun()
, read_args()
)
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store_mod(m),
store_fun(f),
store_args([1, 2]),
...
M = read_mod(),
→ F = read_fun(),
A = read_args(),
case {M,F,A} of
{m,f,[A1, A2]} -> m:f(A2, A1);
_
-> apply(M,F,A)
end

Figure 8. Compensation for swapping the arguments of the function m:f/2.
We have developed a language dependent model for Erlang that serves as the
basis of the tool: the model contains the semantic analyses and the semantics based
program transformations. It is reasonable to refine this model step-by-step to reach
the desired level of syntactic and semantical coverage; also, the model has to be
flexible enough to follow changes in the language definition. We also have developed
a language independent framework in which the model has been implemented. The
framework enables us to produce and manipulate a program graph based on the
lexical, syntactic and semantic information about the source code.
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AN OVERVIEW OF DISTRIBUTED USAGE CONTROL
– EXTENDED ABSTRACT –
ALEXANDER PRETSCHNER
Abstract. Usage control generalizes access control to what happens to data in
the future (“delete after thirty days,” “do not copy,” “notify owner upon access.”) Distributed usage control is about defining and enforcing usage control
requirements on data after giving it away. It is relevant in the areas of data protection, the management of intellectual property, the management of secrets, and
compliance with regulations. In this extended abstract, we provide an overview
of the field. We introduce fundamental concepts, requirements, policy specifications, policy analyses, dissemination models, the enforcement of usage control
requirements at different levels of abstraction, and the challenges ahead.

1. Introduction
Ever increasing amounts of digital data require procedures and mechanisms for
secured access to and usage of that data. Because we live in an interconnected world,
this problem not only extends to the original provider of a data item, but also to
all those parties who have, transitively, received a—possibly modified—copy of this
data item. The subject of usage control [13, 6] is the definition and enforcement of
access control requirements that relate to actions and state information before data
is released, and also to usage control requirements that relate to actions and state
information after the data is released. We distinguish between two kinds of requirements, provisions that reflect access control requirements, and obligations that reflect
requirements on the future usage [6]. Usage control requirements include permissions
(“song may be played at most twice,” “document must not be printed,” “financial
statements must be retained for at least five years”) and duties (“data owner must be
notified upon each access,” “song must be paid for after listening five times,” “data
must be deleted after thirty days”). While both kinds of requirements are stipulated
in usage control policies, we will only be concerned with obligations in this extended
abstract.
1.1. Relevance. Usage control is relevant in at least the areas of privacy, the management of intellectual property, the management of secrets, and compliance with
regulations. In terms of privacy, users may want, among other things, their medical
Key words and phrases. Access Control, Usage Control, Enforcement, Policies, Trust.
This work was supported by the FhG Internal Programs under Grant No. Attract 692166 as well
as by the EU under the project FP7-IST-IP-MASTER.
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information, loyalty card records, telecommunication connection records, and banking
information to be kept under wraps (sometimes they may not, as the current immense
popularity of largely unprotected social network sites shows). At least in Europe, in
addition to EU-wide legal requirements, current developments clearly indicate a potential or actual political fallout when large sets of citizen or customer data become
available.
In terms of intellectual property, business processes are increasingly implemented
in a distributed manner, fueled by an increasing trend to outsourcing. To create
added value, this requires the exchange of usually confidential information, including
blueprints, results of experiments, and the like. Companies may have an interest that
such data is solely used according to their expectations. As far as digital rights management is concerned, artists may be granted a vested interest in receiving royalties
for their artwork.
In terms of secrets, most administrations, state departments, intelligence agencies
and the military may want to have control over how specific information is disseminated.
Finally, usage control is becoming increasingly mandatory. Regulations such as
the EU directive 95/46/EC require data to be collected and used according to a specified purpose; the Sarbanes-Oxley Act (SOX) requires specific data to be retained for
five years; and the US Health Insurance Portability and Accountability Act (HIPAA)
stipulates strict documentation requirements on the dissemination of data [9].
1.2. Big Picture. We assume the following scenario. A consumer wants to get
access to data. To do so, negotiations on the terms and conditions of usage take place
with the provider. The negotiations result in a policy that encodes rights and duties
related to the data item and that reflects regulations, non-disclosure agreements, or
any legally binding contract. After checking if the consumer can enforce the policy,
the provider sends both data and policy to the consumer. In order to prevent simply
throwing away the policy, this is likely to involve some encryption mechanism. At the
consumer’s side, the data is stored so that only well-specified enforcement mechanisms
can access it. This, again, is done by cryptographic means; such ideas are currently
implemented at different levels of abstraction, including the operating system where
so-called data caging takes place. The mechanisms are configured by the policy.
Consumers attempt to use (render, process, execute, disseminate) the data. The
enforcement mechanisms then either check if this is allowed, by turning the attempted
usage into an actual usage, or if a policy violation has occurred, report the violation.
1.3. Overview. Challenges related to usage control roughly encompass the specification of requirements, including their evolution upon dissemination; the enforcement of
respective policies; and the assessment of how easily these enforcement mechanisms
can be circumvented. These issues are considered in the remainder of this paper,
mostly from the perspective of our own work, which is explained by the very nature
of this article.
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2. Requirements, Policies, Analysis, and Evolution
Usage control requirements can be classified into permissions and duties. Both
kinds usually specify conditions in which data may be used or in which actions need
to be taken. Conditions relate to time (“within thirty days”), cardinality (“copy at
most three times”), purpose (“personal use only”), events (“upon access”), and both
the technical (“Windows RMS must be installed”) and organizational (“virus scanner
databases need to be updated every week”) environments [7, 16].
Many policy specification languages have been defined (including [1, 4, 24, 23, 7]),
a few of them also with formal semantics.1 This formal semantics, by its very nature,
however is restricted to the aspects that are captured by temporal, modal, and firstorder logics. Propositions (“print,” “copy,” “delete”) are, essentially because of their
high level of abstraction, much harder to define precisely.
In current languages, policies are mostly specified in terms of events (“play,”
“copy,” “delete”). For well-specified rendering devices in a DRM context that make
use of a standardized ontology, this is often sufficient. However, as we will see, usage
control requirements can be enforced at different levels of the software stack. One
level includes the operating system; relevant events are then system calls. Exhaustively defining the notion of “deletion” in terms of sequences of system calls (unlink,
mv to a null device, overwrite, ...) seems like a Sisyphean endeavor. One possible
remedy is to track data flow through the system, and encoding as abstract state the
(overapproximated) mapping from data containers to data items. Deletion in statebased terms means that in a given state, no container may contain the data item.
Similarly, prohibiting dissemination can be expressed by stating that the a data item
is in at most one data container.
It is useful to distinguish between three kinds of policies. Specification policies
declaratively state what should be the case (“no non-anonymized data must leave the
system”). The decision of how to enforce a policy—by modification, inhibition, or
execution—is done in implementation policies. The example policy can be enforced in
at least two ways: by modifying the data record’s name, birthdate, and address fields
into blanks; and by simply blocking all data packets which are not anonymized in the
sense that their name, birthdate, and address fields are not blanks (which of course is a
very rough definition of anonymization). Implementation policies usually come in the
form of classical operational Event-Condition-Action rules, where the condition must
be specified over the present and the past rather than the future (otherwise it could
not be checked). Finally, configuration policies are rights objects that can directly
be understood by implementations of enforcement mechanisms. In model-driven engineering terms, configuration policies are platform-specific while specification and
implementation policies are platform-independent.
At the abstract level, checking if an implementation policy makes sure that a
specification policy is fulfilled amounts to checking entailment of logical formulae.
Respective reasoning technology can also be used to assess the consistency or subsumption relationships between policies [19].
1
Note that we tacitly assume policies to be data-centric rather than server-centric; this is not a
conceptually fundamental distinction, however.
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When data is disseminated, some policy will have to be associated with it as well.
In some sense, this policy should at most be a “strengthened” version of the original
policy—otherwise, a subject could send the data item to itself, together with a relaxed
policy that allows everything and requires nothing. Strengthening permissions can be
done by restricting them; strengthening duties should then, dually, mean that they are
increased. By ordering events in lattices and specifying lower and upper bounds for
both permissions and duties, one can uniformly express the strengthening of policies
as a combination of logical entailment and interval reduction [20, 19].
Widely applicable usage control frameworks must cater to the problem of policy
management as well, including overwriting and revoking policies as well as handling
conflicting policies.
3. Enforcement
The fundamental problem of enforcing usage control requirements is that a data
provider usually has no control over nor inspection into the IT infrastructure of a
data consumer (note that the roles dynamically change upon re-distribution of data).
In order to prevent simple interceptions or retrievals of sensitive data, data must
be stored and transmitted in encrypted form. Moreover, at the consumers’ side,
tamper-proof and trustworthy monitoring and control devices must be in place. These
devices can come as special rendering software (such as the Adobe Acrobat Reader
in conjunction with the respective rights management system), or as add-ons to a
system, similar to malware intrusion detection systems.
3.1. Reactive and Preventive Enforcement. One way of enforcing usage control
requirements is by observation, or reactive. Provided that adherence to policies can
be monitored, one can at least detect the violation of a policy and react by undoing
the violating action, by penalizing the wrong-doer, or by performing compensating
actions. This is similar to how human law enforcement works [14].
Another way of enforcing respective properties is by control, or preventive. The
goal here is to prevent a policy violation from happening. Rather than observing
events post factum, one must usually observe requests, anticipate the events that
would be a consequence of these requests, and then either inhibit the request, modify
it, or execute some action. For instance, a policy “no non-anonymized data may leave
the system unnoticed” can be enforced by dropping the request that asks for a nonanonymized data item (inhibition); by anonymizing the data item (modification); or
by logging the event that the data item was released (execution) [17, 16]. Whether
a reactive or a preventive enforcement strategy is to be chosen cannot be decided in
general; this depends on the trust relationship of provider and consumer, and also the
value of the data items that are exchanged [18].
Particularly enforcement by control can quickly become impossible. This is often
the case when media breaks occur. Once a song is played, i.e., transformed into sound
waves and has thus left the scope of a controlled (the boundaries of which need to
be defined), one can externally record and replay it. Similarly, a document can be
printed or photographed from a screen, thus rendering most control devices useless.
Watermarking schemes have been developed for these situations. Their purpose is to
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subject such data to the possibility of more or less random observation mechanisms,
and hoping that non-rightful possessors of data will be deterred.
On the other hand, enforcement by control may turn out to be too intrusive. If
usage control is applied to Java API calls, for instance, then one can of course block
calls that are considered sensitive, e.g., calls to text message APIs in mobile phones.
However, unless the original system is programmed defensively and always anticipates
the potential failure of a method invocation, this is likely to lead to a crash—many
exceptions tend to be caught only at the bottom-most stack frame. This problem turns
out to be particularly challenging in asynchronous communication infrastructures such
as service-oriented architectures.
In any case, there never is complete security in life or it would be too restrictive
or too expensive anyway. We believe that increasing the barriers for accessing and
using data in non-permitted ways is sufficient in a large majority of cases. Security
in the sense of usage control must be subject to risk analysis, and we believe in the
idea of just-right-security, similar to the analogous concept of just-right-reliability [12].
Needless to say, we are of course aware that any solution is most likely to encompass
both technical and organizational means.
3.2. Signaling, Monitoring, and Enforcement proper. We have alluded above
that enforcement mechanisms can abstractly be perceived as sets of Event-ConditionAction rules. Conditions relate to the current state of the system (which in many cases
encodes past events); events are triggers; and actions define whether or not an event is
inhibited (which requires the distinction into requests and actual actions), modified,
delayed, or if another action is to be executed. From an architecture perspective, this
necessitates three components: signalers that make events visible so that a monitor
can check if the condition is true, and enforcement components that perform the
respective action. Consider a policy that requires a movie to be played at most three
times before it is paid for. A signaler must provide information on payments and
whether the movie is played or attempted to be played; a monitor must count the
number of times the movie is played; and the enforcer must then issue a payment or
block the attempt to play the movie. Note that these components can but need not
necessarily reside on one single machine [15].
Monitoring can be achieved by many different technologies, including rewriting
logics, state machines that implement policies, and complex event processing technologies (where it is then usually called aggregation). For signalers, it is likely that
the subsystem that generates events must be instrumented; this is sometimes but not
always the case for monitors.
3.3. Levels of Abstraction. Enforcement, which from now on we understand to include signaling and monitoring, can be implemented at different levels of the software
stack. Consequences include both the universe of discourse of the policy language (for
instance, messages vs. files and natural language terms such as deletion vs. unlink())
and—of course depending on the chosen trust or attacker model—the guarantees
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that can be given. It is likely that a combination of several—rather than one single—
enforcement mechanisms at different levels will be necessary to provide guarantees
(e.g., dissemination requirements relate to both files and screenshots).
The lowest level at which software-based usage control can be applied is the
CPU/virtual machine: specific calls or references to memory cells can be blocked or
modified. At this level, data flow within an application (or business logic) or between
processes can be controlled or at least monitored. If the content of a file is written to
a specific memory location, for instance, then subsequent reading operations can be
detected.
The next level is the interface to the operating system. At this level, system call
interposition can take place: system calls that access specific files, for instance, can be
monitored and possibly modified or blocked. Re-distribution at a rather rough level
can be controlled: if a process has accessed a file, it is possible to forbid all subsequent
communication with other processes, file systems, networks, etc. This is likely to be
considered an impediment by the users. Examplary base technologies include systrace
[22] for OpenBSD and the Detours framework for Microsoft Windows [8].
At the level of the runtime system, calls to libraries can be monitored, blocked,
and modified. Specific library calls and their parameters for communication can be
prohibited, for instance, which provides a more fine-grained control than prohibiting
all future communication. One example is the Polymer system that modifies Java
byte code on the go [5].
At the level of dedicated application wrappers, applications can be controlled on
the grounds of abstractions that relate to the specific application. As an example,
the UNO framework for OpenOffice allows to control copying text between specific
documents rather than generally prohibiting copy and paste.2
At the level of applications, all kinds of usage control can be implemented. However, the question arises how the guarantees can be assessed. This is of course simpler
if pre-defined components are installed at the consumer’s side and data is only given
to the client if the respective components are in place.
If we distinguish between end-user applications and infrastructure applications,
such as the X11 server or the window manager, then control can also be exercised at
the level of infrastructure applications. Controlling access to clipboards, for instance,
can also take place at the level of the X11 server. Another example are data base
systems with usage control mechanisms in place [2].
Usage control can also be implemented at the levels of wrappers for services
[9, 3, 18]. The AXIS framework, for instance, allows the definition of handlers that
intercept incoming and outgoing messages. Wrappers can also be written in an ad-hoc
manner and are likely to operate at the level of messages (but need not necessarily,
depending on the implementation).
Finally, usage control that operates on messages can be implemented at the level
of the enterprise service bus. This is the least intrusive yet most vulnerable approach:
2
The latter is all that can be expected at the level of the X11 server because the X11 server
knows about windows, possibly mapping them to processes, but not about single documents that
are simultaneously opened by one process.
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XML tags can simply be compromised. At the level of an orchestration engine for
service-oriented architectures, reactions to a policy violation can be initiated.
Note that in general the step from a lower-layer enforcement framework to a
higher-layer enforcement framework is possible but non-trivial, particularly so if information flow is to be taken into account. One can monitor both the explicit and
the implicit flow of sensitive data through a Java program. However, if this data is to
be rendered on a screen, an AWT or Swing method will be invoked which will then
call some native routines which, in case of a Unix system, will invoke X11 libraries.
Respective interfaces that help identifying the flow of sensitive data across the levels
must be defined.
3.4. Assurance. Among other things, the above logical architecture requires signalers to be complete and trustworthy. There must be means to make sure that signalers are not simply switched off. Monitors must be guaranteed not to miss events,
and they must also be guaranteed to run as long as usage control is, according to
the provider, to be exerted. Finally, the actions executed by a mechanism must be
definitive and not easily overwritten.
Data providers likely want to know if a suitable enforcement framework is in place
at the consumer’s side [17]. Upon negotiation [21] over a data item to be released,
the provider wants to know if the consumer can enforce the requirements as specified
in the policy. At the logical level, this again boils down to an entailment problem
[17]. At the more technical level, we believe that remote attestation on the grounds of
trusted computing technology [3] is a promising candidate technology in this respect.
A further challenge obviously relates to the management of cryptographic keys
that are the prerequisite for avoiding the simple interception and unconstrained usage
of data before it enters the respective enforcement mechanisms.
4. Conclusions
Distributed usage control is about making sure that a data consumer handles
data according to the rules as set forth by the data provider. Without entering the
moral discussion of whether or not this is always desirable, we see usage control as an
indispensable enabler when it comes to data protection or privacy, the management
of intellectual property in distributed business processes, the management of secrets,
and compliance with data-related regulations.
In this article, we have provided a big picture of the field, ranging from the model
world (requirements, policies, analysis problems) to implementations of enforcement
mechanisms that, in addition to fulfilling their functional specifications, must also be
tamper-proof.
There are many open research, engineering and business problems left. Starting
with the latter, it is not entirely clear what adequate business models are, and who
is going to pay for usage control—the idea of usage control as an enabler must also
be translated in business terms. Research problems in particular include problems
related to suitable trust models; policy management schemes in different organizational settings (enterprises; the Internet); the conceptually clean connection between
different levels of abstraction for enforcement; the difficult problem of de-classification
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when information flow is tracked; a better understanding of information flow, including quantitative measures [11, 10]; and the question of how we can, qualitatively or
quantitatively, measure the guarantees that a usage controlled system can provide. Finally, engineering problems relate to efficient signaling, monitoring, and enforcement
technologies at different levels of abstraction, secure key storage, and the question of
how it can be assured that a particular mechanism is in place at the consumer’s side.
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[20] A. Pretschner, F. Schütz, C. Schaefer, and T. Walter. Policy evolution in distributed usage
control. In Proc. 4th Intl. Workshop on Security and Trust Management, pages 97–110, 2008.
[21] A. Pretschner and T. Walter. Negotiation of Usage Control Policies—Simply the Best? In Proc.
AReS, pages 1035–1036, 2008.
[22] N. Provos. Improving host security with system call policies. In Proc. SSYM, pages 257–272,
2003.
[23] W3C. The Platform for Privacy Preferences 1.1 (P3P1.1) Specification, 2005.
[24] X. Wang, G. Lao, T. DeMartini, H. Reddy, M. Nguyen, and E. Valenzuela. XrML – eXtensible
rights Markup Language. In ACM workshop on XML security, pages 71–79, 2002.
Fraunhofer IESE and TU Kaiserslautern, Germany
E-mail address: alexander.pretschner@iese.fraunhofer.de

KNOWLEDGE IN

COMPUTATIONAL LINGUISTICS

KNOWLEDGE ENGINEERING: PRINCIPLES AND TECHNIQUES
Proceedings of the International Conference on Knowledge Engineering,
Principles and Techniques, KEPT2009
Cluj-Napoca (Romania), July 2–4, 2009, pp. 29–32

IDENTIFICATION OF TEMPORAL EXPRESSIONS IN THE
DOMAIN OF TOURISM
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1. Introduction
QALL-ME (Question Answering Learning technologies in a multiLingual and
Multimodal Environment)1 is an EU-funded project that aims to develop a shared
infrastructure for multilingual and multimodal question answering in the domain of
tourism. The purpose of the system implementing this infrastructure is to be able
to answer questions about local events such as movie showtimes, directions to sites
(e.g. cinemas, hotels), etc. Investigation of the domain revealed that a large number
of the user questions contain temporal constraints. This paper presents the temporal
annotator employed to process English questions.
2. Temporal expressions in user questions
2.1. QALL-ME benchmark. The QALL-ME benchmark is a collection of several
thousand spoken questions in the four languages involved in the project: Italian, English, Spanish and German [1]. The benchmark was created for two purposes: to allow
development of applications based on machine-learning for QA and to enable testing
their performance in a controlled laboratory setting. To date, the benchmark contains
15,479 questions related to cultural events and tourism, such as accommodation, gastro, cinemas, movies, exhibitions, etc., associated with the relevant information necessary to train and test the core components of a QA system. In this paper only the
English part of the QALL-ME benchmark was used, with a total of 4,501 questions.
2.2. Types of temporal expressions. Temporal expressions (TEs) are natural language phrases that refer directly to time. TIMEX2 [3] is the worldwide adopted standard for the annotation of temporal expressions in text, due to its coverage and level
of detail. The QALL-ME consortium has also adopted the TIMEX2 standard for the
purpose of temporal expression annotation in QALL-ME. Therefore, each TE present
in the user questions is supposed to be annotated with the TIMEX2 tag that captures
the meaning of the TE.
2000 Mathematics Subject Classification. 68T50, 03H65.
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TEs normally denote position in time, duration or time frequency. The following
classes and subclasses of TEs can be distinguished:
1. TEs indicating time position
1.1 Precise TEs: are the ones for which one can confidently determine their
position on the time axis.
1.1.1 Calendar dates: include TEs denoting specific years, months, dates,
decades, centuries, millennia (e.g. 14th of September ).
1.1.2 Times of day: such expressions can specify times of the day at the level
of hour, minute, second or millisecond (e.g. 10 o’clock, 7:53 am). They
can include references to the time zone where that specific time of day is
applicable to.
1.1.3 Week references: These expressions refer to periods of time having the
granularity at the week level (e.g. next week ).
1.2 Fuzzy TEs: are vague or have imprecise boundaries.
1.2.1 Generic references to the past, present or future: TEs that refer
in general terms to the past, present or future (e.g. now ).
1.2.2 Seasons, parts of the year (quarters and halves): denote certain
parts of a year (e.g. the summer ).
1.2.3 Weekends: TEs referring to weekends (e.g. this weekend ).
1.2.4 Fuzzy day parts: denote parts of the day (e.g. afternoon).
1.3 Non-specific TEs referring to time position: are time position TEs mentioned in generic contexts (e.g. nowadays).
2. TEs capturing durations: indicate periods of time by specifying how long something lasted.
2.1 Precise durations: specify exactly how long something lasted (e.g. 24
hours).
2.2 Fuzzy durations: denote an unspecified number of temporal units included
in a period of time (e.g. weeks).
2.3 Non-specific durations: are durations occurring in sentences that state generalisations (e.g. all day).
3. Set-denoting time expressions: give information about the frequency of a certain event.
3.1 Precise frequency TEs: indicate sets of times telling precisely how often
something happens (e.g. every day).
3.2 Non-specific frequencies: are set-denoting TEs used in generic contexts
(e.g. some nights).
On the basis of benchmark investigation it was noticed that QALL-ME user
questions do not contain the full range of possibly existing TEs defined in the TIMEX2
annotation guidelines. Therefore, not all the classes of TEs need to be tackled by a
real-time QA system aiming at answering questions in the domain of tourism.
In order to identify the most frequent types of TEs encountered in the user questions, and with a view towards evaluating a temporal expression identifier on questions in the domain of tourism, a set of 1,118 randomly selected user questions from
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the QALL-ME benchmark have been manually annotated according to the TIMEX2
standard.
The distribution of types of temporal expressions in the user questions is captured
in Table 1.

Precise

Fuzzy

Non-specific

Time Position
Calendar dates
Times of day
Week
Past, Present, Future
Seasons and parts of year
Weekends
Day parts
43

86
81
12
0
1
16
20

Duration

Frequency

19

13

1

N/A

10

0

Table 1. Distribution of TEs in the QALL-ME user questions
3. The Temporal Annotator in QALL-ME
The Question Answering system developed as part of the QALL-ME project
requires as part of the Question Processing stage a module that adds temporal expression annotations to a user question. As stated before, the TIMEX2 standard
was adopted as temporal annotation schema for this module. Besides the issue of a
shared common annotation schema among all QALL-ME partners and the issue concerning the usability of the QALL-ME benchmark outside the QALL-ME project, the
idea behind adopting the TIMEX2 standard in QALL-ME was also to re-use existing
annotation tools capable of annotating according to the TIMEX2 standard. Such a
tool is available at the University of Wolverhampton, and a brief description of the
tool can be found in [2]. Since it is able to annotate all types of existing TEs, this
tool is very complex, and despite its high performance, a real-time QA system would
compromise performance against a faster runtime. Also, by investigating the user
questions, one can easily notice that only a few types of temporal expressions are
more frequently encountered in the data, and therefore by covering only a few TE
classes, a simpler TE annotator would be enough for the QALL-ME system. Henceforth, a simplified version of the existing TE identifier was implemented following
the design and methodology employed in the initial TE annotator. The simpler TE
annotator covers only the most frequent types of temporal expressions present in the
user questions, such as certain precise TEs denoting time position (e.g. some ways of
expressing calendar dates, times of the day), as well as certain expressions of precise
durations. It also covers some cases of fuzzy TEs, like certain expressions referring
to weekends and day parts. The set-referring TEs, as well as all non-specific TEs are
not covered by the simplified TE annotator.
4. Evaluation
The set of 1,118 user questions that were manually annotated according to the
TIMEX2 guidelines was used as gold standard in our evaluation. Both the original
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TE identifier, as well as the simplified version employed in QALL-ME were evaluated
against this gold standard both in terms of identifying parts of an annotated TE, as
well as at the level of identifying correctly the entire extent of the annotated TEs.
If the evaluation takes into consideration both complete matches, as well as partial
matches, the original TE annotator has an F-measure of 95.5%, while the simplified
version achieves an F-measure of 85.2%. When looking only at the complete TEs
that were correctly identified, the F-measure obtained by the original TE identifier is
88.5%, and the one achieved by the simplified TE annotator is 72.6%.
5. Conclusions and future work
This short version of the paper presented the temporal processor used by the
English question answering system developed in the QALL-ME project. Due to space
restrictions, no error analysis or related work were included. The full version will
present the processor in more detail and will include detailed error analysis. Comparison to other relevant approaches will also be included.
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SEGMENTING TEXT BY LEXICAL CHAINS DISTRIBUTION
DOINA TATAR(1) , EMMA TAMAIANU-MORITA(2) , AND GABRIELA CZIBULA(3)
Abstract. Lexical chains represent a very powerful base for segmentation and
many papers are devoted to this problem. In our study we apply a new method
for obtaining the boundaries, a method that relies on the number of chains which
end in a sentence, which begin in the following sentence and which traverse these
two successive sentences. The method is successfully experimented and evaluated
on ten texts from DUC02 conference both for a set of automated obtained lexical
chains and for two sets of human obtained lexical chains (pair to pair and against
to the manual segmentation).

1. Introduction
The purpose of linear segmentation is to obtain groups of successive sentences
which are linked to each other from a specified point of view. The segmentation is
often a valuable stage in many natural language applications.
The direction used for linear segmentation in this paper relies on the cohesion
of a text, regarded as ”a device for sticking together different parts of the text” [1].
The most usual and appropriate way of identifying cohesion for automatization is
represented by lexical chains (LCs). LCs are sequences of words which are in a lexical
cohesion relation with each other and they tend to indicate portions of a text that form
semantic units [4], [3]; they could serve, further, as a basis for segmentation and/or
summarization. Usually LCs are constructed in a bottom-up manner ([1]). The topdown way of building LCs is introduced in one of our own earlier paper [8]and we
called it CTT (Cohesion TextTiling, similar with the name TextTiling introduced in
[2]).
The main goal of this paper is to introduce a new method for segmentation, Lexical Chains Distribution method (LCD). The method is applied to the automated
obtained LCs and to the human defined LCs for ten documents from DUC2002 competition. The segmentations obtained are compared pair to pair and against to the
manual segmentation.
The paper is structured as follows: Section 2 contains the usual bottom-up
method and our top-down methods for LCs building. Section 3 presents the new
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LCD method of segmentation. The experiment and its results are presented in Section 4. We finish the paper with conclusions and further work directions in Section
5.
2. Building lexical chains
Usually a lexical chain is obtained in a bottom-up fashion, by taking each candidate word of a text, and finding an appropriate relation offered by a thesaurus (as
Rodget [3] or WordNet [1, 6]). If this relation is found, the word is inserted with the
appropriate sense in the current chain, and the senses of the other words in the chain
are updated. If no chain is found, then a new chain is initiated. The following relations are used in identifying related terms in a LC (denoted as WordNet relations):
synonymy, antonymy, hyperonymy, hyponymy, holonymy, and meronymy.
The algorithms to compute LCs suffer either from a lack of accuracy in WSD
or from computational inefficiency. An alternative is to firstly disambiguate all text
and secondly build LCs. A lexical chain obtained after disambiguating a text is
represented as a sequence of the form: w#n(Si ), w#n(Sj ), ....w0 #m(Sk ), ..., where
w#n(Si ) represents the word w disambiguated with the WN sense n in the sentence
Si and Sj and w0 #m(Sk ) represents the word w0 disambiguated with the WN sense m
in the sentence Sk . Here w0 #m and w#n are related by a WN relation as described
above.
To disambiguate a text we use in this paper our CHAD algorithm presented in
[7, 8]. This is a Lesk’s type algorithm based on WordNet. The base of the algorithm is
the disambiguation of a triplet of words, using Dice’s , Overlap or Jaccard’s measures.
In short, CHAD disambiguates at a time a triplet wi−2 wi−1 wi , where the first two
words are already associated with the best senses and the disambiguation of the third
word depends on the disambiguations of the first two words . For CTT algorithm
of determining LCs [8] we used the following observation. Due to the brevity of
definitions in WordNet (WN) it is possible that the overlaps between fixed definitions
(senses) of the words wi−2 , wi−1 and all definitions (senses) of the wi are zero. The
first sense in WN for wi is associated in this case, in a ”forced” way. From the cohesion
point of view, the ”forced” case signals that a LC might stop, and, perhaps, a new
one might begin. Scoring each sentence of a text by the number of ”forced” to first
WN sense words in this sentence, in the graph representing the score function for all
the sentences, the local maxima of the function will represent the boundaries between
LCs and, also, between segments. So, in CTT method, a segment corresponds to a
LC.
LCD method establishes the segments as shown in the next section.
3. Distribution of LCs used in segmentation
Let us consider that the set of LCs is described as:
LC1 : [Si1 , Sj1 ], LC2 : [Si2 , Sj2 ], · · · where Sik represents the first sentence of the
lexical chain LCk and Sjk represents the last sentence of the lexical chain LCk .
Using this information about LCs, a score of each sentence to be the last sentence
of a segment could be calculated. Namely, let denote by input(Si ) the number of
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LCs which end in Si , by output(Si ) the number of LCs which begin in Si , and by
during(Si , Si+1 ) the number of LCs which traverse Si (which is not a beginning for
LC) and Si+1 ( which is not an end for LC). We call this case as ”strict traversal”.
The score of Si to be the last sentence of a segment is:
score(Si ) =

input(Si )+output(Si+1 )
during(Si ,Si+1 )

The justification of the formula is: if input(Si) and/or output(Si+1 ) are large,
there is a large chance for Si to be the final sentence of a segment, and/or for Si+1 to be
the first sentence of the next segment. Also, if during(Si , Si+1 ) is small, this chance is
enforced, because a small number of LCs which ”strict traverse” two sentences indices
a small link between them. So, the bigger the score(Si ) is, the bigger is the chance
to have a boundary between Si and Si+1 . In this way, the points of local maxima
in the graph score(Si ) indicates the boundaries of the text S1 , · · · , Sn . The above
formula improves a scoring method of [4, 6] by introducing the term during(Si , Si+1 )
and by splitting the functions of a sentence to be a final sentence or a first sentence
in a segment. The positive influence of this new term is studied in Section 4.
4. Experiments
The validity of the method for three sets of LCs is proved in an experiment on
ten text from DUC2002. For each text, the sets of LCs are:
•
•
•
•

LCs
LCs
LCs
LCs

manually obtained, using all types of lexical relations ;
manually obtained, using only the repetition and the synonymy ;
obtained after disambiguation of all words by CHAD;
obtained by CTT.

The segmentations obtained for the first three sets of LCs by LCD method are
denoted, shortly, by Manual, Partial and (also) LCD. The segmentation obtained by
CTT as at the end of Section 2 is denoted (also) by CTT. The relative precisions for
segmentation methods are calculated using W indowDif f measure [5]. W indowDif f
is an error measure which counts how many discrepancies occur between the reference
and the system results:
W indowDif f (Hyp, Ref ) =

PN −k
i=1

|r(i,k)−h(i,k)|
N −k

Here r(i, k) represents the number of boundaries of Ref(erence) segmentation contained between sentences i and i+k and h(i, k) represents the number of boundaries of
Hyp(othesis) segmentation contained between the sentences i and i + k. The selected
value for k is 2. The precision between the segmentations Hyp and Ref is calculated
as: P recision(Hyp, Ref ) = (1 − W indowDif f (Hyp, Ref )) × 100.
We calculated all the precisions of segmentations compared pair to pair. The
conclusion is that LCD segmentation has the average precision better than the CTT
segmentation: 69.6 % vs. 55.9% comparing with Manual and 66.1% vs. 60.8% comparing with Partial. Because both LCD LCs and CTT LCs rely on the same tool
of WSD, we conclude that our formula of scoring and the method of segmentation
is the source of this improvement. Another conclusion is that focusing only on the
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repetition and the synonymy in the manually constructed LCs does not affect too
much the quality of segmentation: precision of Manual relative to Partial is 82.8%.
To evaluate how much improves the denominator d(Si , Si+1 ) the quality of the
segmentation we compare a manual obtained segmentation (by experts) with two automated segmentation: one obtained with LCD method as above, the second obtained
with formula of scoring with the denominator equal to 1. In this second case the influence of LCs traversing a sentence is ignored. The result of this experiment confirms
the importance of these LCs. Namely, for six documents the segmentations (and also
the precisions) are the same, for four documents the segmentations are improved (the
precisions are increased).
The methods presented in this paper are fully implemented (in Java): for LCD
and CTT method we used our own systems for WSD task, scoring and segmentation.
5. Conclusion and further work
This paper argues that the use of LCs distribution could be a powerful tool for
topical segmentation. The evaluation is realized by comparing obtained segments
with the manual obtained segments. We intend to study a clustering approach of
topical linear segmentation. The similarity between two clusters could be simply the
number of LCs with the origin in the first cluster and with the end in the second one.
The obtained method will be compared with that presented in this paper.
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RECOVERING DIACRITICS USING WIKIPEDIA AND GOOGLE
ADRIAN IFTENE(1) AND DIANA TRANDABĂŢ(1,2)
Abstract. The paper presents a method to restore diacritics using web contexts.
The system receives one or more sentences in one language and uses the Google
engine to recover diacritics for the sentence words. The system accuracy is similar
to the accuracy of existing systems, but the main advantage comes from fact
that it uses resources and tools available for free or that are easy to obtain for
other languages, leading us to believe that this approach could be valid for more
languages.

1. Introduction
This paper presents a method to restore diacritics using web found contexts. The
system we propose receives one or more sentences in one language and uses various
searches on web pages to recover diacritics for the sentence words.
For Romanian, automatic recovery of diacritics is a real challenge due to the
frequency of those characters and their significant contribution in morphological disambiguation, but also since the majority of the Romanian texts on web is partially
or completely without diacritics. In order to process the texts we need to know in
advance the mapping between diacritics characters and letters without diacritics, i.e.
what form will the diacritics words have if written without diacritics (s for ş, t for ţ
in Romanian, ae for ä, ss for β in German, etc.). Our system also needs to know the
Google starting page for the considered language (i.e www.google.ro for Romanian).
We tested several methods for Romanian diacritics recovery and, in order to assure
time optimality for the program, we consider that a best suited method is building
a database containing, for every Romanian word, all the valid Romanian words with
diacritics added or removed. The starting point of this database was a collection of
Romanian lemmas (nouns, verbs, adjectives, etc.). Our goal is to improve the quality
of the Romanian texts extracted from Ro-Wikipedia were, from almost 80.000 files,
over 43.000 are without diacritics or partially with diacritics.
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2. Methodology
The diacritics recovery problem for Romanian was discussed by [3] and [1], their
methods using n-grams. The method we propose uses statistics obtained over a corpus, considering the percent of diacritics in Romanian texts, their distribution among
different classes, etc., and a map with the correspondence of the diacritics characters
with their non-diacritics form (Ş - S; ş - s; Ţ - T; ţ - t; Ă, Â - A; ă, â - a; etc.). In order
to increase the system precision and to reduce repeated searches, we built a database
containing, for each word without diacritics, all the possible forms with diacritics that
the considered word could have among known correctly spelled words. The existence
of this database is not mandatory and we can start from an empty database, but the
algorithm precision depends on the quality (and quantity) of entries in this database.
Starting from a collection of lemmas we built a database in which for every word
without diacritics we associate a list with all forms with diacritics, forms that exists
in language usage.
The system proposed for the recovery of diacritics for the Romanian language is
presented in the next section. We believe that using this organisation of the needed
resources, the system could be easily adapted for other languages. For example, our
tests on German language shown similar results like on Romanian.
3. The System
The system’s architecture is presented in Figure 1. The steps performed by the
program are described below:

Figure 1. System architecture
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Step 1: Initial text is split into sentences and then sentences are further split
into words;
Step 2: For every word without diacritics, we search in the database of possible
forms (DBPF) the corresponding possible value(s). If the word is in DBPF we count
the number of possible forms for the word without diacritics. If there is only one
correct form with diacritics, the word is directly changed to its correct form. Otherwise, if the word is not in DBPF we check the occurrences in Ro-Wikipedia and in
Google. In this second case, if the frequency is high, the word is added into DBPF,
else if the frequency is low, the word is considered incorrectly written and saved into
a separated file with ”possible problems”;
Step 3: At this step we receive sentences that contain words with multiples
forms in DBFP. We build a query in order to search web pages that contain similar
sentences. For every sentence, the punctuation signs are removed and a query for the
Google engine is built;
Step 4: We extract from web the first relevant pages returned by Google. We use
therefore a crawler that uses as parameters the considered number of links returned
by Google (the default value is 10), and the depth through these pages (the default
value is 1);
Step 5: From downloaded sites we select only pages with texts and ignore files
with images, fonts, and with configuration settings. In the selection process we identify the ”correct” files with diacritics. The relevant text from all these files is concatenated in one file and the formatting tags are ignored and eliminated;
Step 6: Using the file built at Step 5 we identify the most appropriate form for
words with multiple forms. We build path patterns and identify, for every word, the
possible forms and its relative positions in the concatenated file;
Step 7: Context improvement: when we have several paths with similar
values, we use rules for forward or backward identification. The backward rule searches
in previous solved sentences in order to see what forms were already used for words
with multiple forms. The forward rule puts this sentence in a waiting process until
next sentences will be solved. After that we will use the identified forms in unclear
situations.
Another rule can be the maximisation rule. This rule can be used in cases in
which we have a high level of confidence in identifying the correct form for some
words, and we decide to use the same form of these words in other sentences from a
specified ”neighbourhood”.
4. System Evaluation and Discussions
In order to evaluate the system’s performances, we used a large file containing
the Calimera Guidelines (14.148 sentences). This file is transformed into a new file
without diacritics by replacing the diacritics characters with their non-diacritics correspondent.
At a first run, 1.144 sentences are transformed in a deterministic way from new
form (without diacritics) into final form (with diacritics) using the initial database
(DBPF). In this step, sentences that contain all words with only one form in our
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database are identified. At a second run, another 1.550 sentences are discovered,
containing words without correspondent in the database, but words that does not
contain the letters ”a”, ”i”, ”s”, ”t” (854 new words, without diacritics), i.e. no
ambiguities possible between diacritics and non-diacritics forms.
After these two runs, we discovered 6.210 words that contains the letters ”a”, ”i”,
”s”, ”t” and without correspondence in DBPF. For these words we use Romanian
Wikipedia and the Google search engine in order to find possible diacritics forms on
Romanian sites.
We performed some manual tests in order to verify if a word without diacritics
was transformed in the correct form with diacritics. We considered 100 sentences
summing 657 words and the obtained precision is around 94.5 %. This is inferior to
the precision reported in [2] of over 99 %. However, they use advanced techniques
and tools of text processing for Romanian language which are not freely available,
while we only use a frequency table of diacritics characters, a diacritics/non-diacritics
corresponding table, a database of words with and without diacritics (which could be
empty at the beginning), Wikipedia and the Google search engine.
The main errors in our system were introduced for long web documents, containing words both with and without diacritics. Envisaged solutions for these problems
are: 1) the validation using diacritics percentages could be performed at paragraph
level, instead at document level. 2) Saving the previous queries and creating a resource
with queries and obtained solutions.
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AN APPROACH ON MULTILEVEL TEXT MINING
ADRIAN ONET(1)
Abstract. When different text sources are used in text mining application, a
mechanism is needed to take into account the competence of each source and the
validity of the knowledge provided. In this paper, we propose a method to acquire
and process sets of association rules and frequent words, gathered from different
sources, while at the same time taking into consideration the competence factor
of each source (i.e. how trustworthy/relevant a source is). The lower level of
text mining knowledge is then consolidated to form higher level of text mining
knowledge. We call this a multilevel text mining process. We also consider the
problem of discovering patterns from incomplete information and introduce a
chase based technique to infer the missing text patterns.

1. INTRODUCTION
In the past years because of the web growth and also of other media growth there
are a lot of text resources that may be mined for knowledge. Text mining applications
are employed on a single text source from where the knowledge is extracted. Such
systems are henceforth called level-one text mining structures. In this paper, we will
consider the problem of multilevel text mining, where the text mining knowledge
is collected into a knowledge base from different level-one or multilevel text mining
systems. The information in the knowledge base is then consolidated to allow for
another higher level analysis of this collective information. The advantage of this is
that we may have multiple text mining application working on different text sources,
each of text sources may be more or less relevant to our knowledge acquisition process
from all text sources, in this case we may assign to each source a competence value,
that is the association rules extracted from the text mining process will be sent to
a higher level together with the competence of that source. The higher source that
receives these association rules will be able to decide which association rules are more
relevant (i.e. it comes from a very competent source or the association rules are
present in most of the sources).
First let us consider a motivating example for this text mining structure: consider a medical research center that is interested on the cause related to an illness.
The research center in order to collect the possible causes to that illness it searches
2000 Mathematics Subject Classification. 68T50, 03H65.
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in different texts sources for different patterns related to the illness (for example
it searches for association rules or words that appears often together in the same
sentences). The text sources considered may be the web, different medical reports,
different media sources. Each of this sources may have more or less competence, for
example we may have a higher confidence in the knowledge patterns discovered from
the medical reports than the one discovered from the web. The problem the medical
research center faces is to check which of the given knowledge patterns discovered in
different text sources has more relevance.
This paper proposes a formal method to extract knowledge from a set of knowledge sources and present the acquired knowledge in a uniform way. Information usefulness is determined based on the support value, which denotes the degree to which
a certain pattern is supported by the knowledge sources, the more sources supporting
a certain pattern the higher its support value. A predetermined threshold is used to
define the sources that will contribute to the knowledge selection, the detail of the
function which selects the most supported knowledge was described in [11]. Furthermore, we consider the problem of discovering patterns from incomplete information
by inferences based on the closure of the relations used to represent the patterns. We
introduce a chase based technique to infer the missing patterns. In order to represent the text mining patterns in a uniform way, the text mining patterns are mapped
in ternary relations having certain properties, as explained in section 2.2. For text
mining we consider only frequent word sets [10]. The representation is based on the
ternary relation between two objects, as well as some pattern-specific measures. Such
representation, along with a competence matrix, is then employed in the algorithm
that finds most-supported information. This algorithm extends the one given in [1],
making it possible to deal with sources of different competences taking into account
the measures used by the sources to derive these knowledge. The extended algorithm
also accepts knowledge supported by a single source only, with the condition that
such a source meets the competence requirement. Moreover, the algorithm defines
a threshold value, which can be adjusted to achieve optimal results (the adjustment
problem is mentioned but the solution is left for further work).
The method presented in this paper distinguishes itself from previous works as
it presents a solution to a unique mining strategy, where mining is carried out at
multiple levels. At each level, the resulting knowledge-mining information is filtered
(based on a given privacy rules) and then passed on to the next level where another
mining process begins.

2. MULTILEVEL TEXT MINING
By level-one text mining structure, we refer to any current text mining structure that is, it collects the knowledge from different text sources, rather than from pattern
sources. Consider the function M1 : S1 → K, where S1 represents the set of all levelone text mining structures, and K represent the power set of all knowledge patterns.
We will call M1 the first level knowledge function. We need to mention that the
knowledge function may not provide the entire knowledge patterns for a given source

AN APPROACH ON MULTILEVEL TEXT MINING

43

for reasons of information privacy. Rather, it may provide only a subset of the information or even none. As an example consider S1 the level-one text mining structure
used by Source WEB, where the result of applying the first level knowledge function
can be: M1 (S1 ) = {F ({bird − f lu, pandemics} : 10%; {heart, attack, chest, pain} :
8%); A({atherosclerosis → {heart, attack}} : (8%, 65%))}, where F and A represent
the set of frequent itemsets and the set of association rules, respectively. We also define the competence function C : S → (0, 1], where S represents the set of all mining
structures and C assigns a competence value to each of this mining structures.
Let us consider the following set T = {S1 , S2 , . . . , Sn }, a level-two mining structure is one that has as entries the first level knowledge function M1 restricted to T,
the competence function C restricted to T, and has as output the relevant patterns
discovered from T. The second level knowledge function M2 can now be defined as
the natural extension from M1 . For generalization purposes we will denote with M
the knowledge function defined on any text mining structure with values in K.
An n-level text mining structure can now be defined as a mining structure that
has as entries a knowledge function M restricted only to a given set of at most leveln text mining structures, and a competence function C restricted on the same set
of text mining structures. The multilevel text mining problem is formulated in the
following way: given the knowledge function M restricted on the set {S1 , S2 , . . . , Sm }
and a competence function C restricted on the same set, construct a mining structure
S that will find knowledge patterns from the existing patterns given by M. A solution
for the multilevel text mining problem is given by the following algorithm:
Algorithm Multilevel Mining
Input: M (S1 ), M (S2 ), . . . , M (Sm ), C(S1 ), C(S2 ), . . . , C(Sm )
Output: The set of most relevant patterns
(1) create uniform representation M u (S1 ), M u (S2 ), . . . , M u (Sm )
(2) restore new knowledge that may be inferred from the given incomplete knowledge patterns based on the patterns properties.
(3) given the competence of each source, and using the pattern representation
from step 1, find the most supported patterns throughout the sources.
(4) consolidate the results based on each individual pattern’s properties.
The first step is needed because: a) representing the knowledge in a uniform way
makes it possible to relate knowledge of different patterns, b) a well-defined representation helps recover knowledge from existing patterns based on their known properties,
and c) a uniform representation significantly simplifies the process of mining relevant
patterns from different sources, this step is described in [12].
In the third step, the most relevant information is collected through the given
patterns, taking into account source competence, pattern frequency throughout the
sources, and the measures used to find a pattern by the given sources. The detailed
description for this step may be found in [11]
3. CONCLUSION
In this paper, we presented an abstraction of the text mining process on multiple
levels. We introduced the concept of multilevel text mining and a method to derive
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the most supported knowledge patterns from sources that each has a predetermined
competences value. For future work, we intend to consider sources that provide
inaccurate knowledge patterns.
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NATURAL LANGUAGE BASED USER INTERFACE FOR
ON-DEMAND SERVICE COMPOSITION
MARCEL CREMENE(1) , FLORIN CLAUDIU POP(2) , STEPHANE LAVIROTTE(3) ,
AND JEAN-YVES TIGLI(4)
Abstract. The aim of this research is related to services on-demand creation,
by assembling other existent services, using a natural language based interface.
The original aspect of our approach is the use of a joint approach: semantic-based
(connects the natural language with the concepts associated with the services)
and pattern-based (insures that the resulted services are always reliable). The
application field is related to intelligent buildings.

1. Introduction and problem statement
Service composition is a mean to create new services by composing existent services. Usually, the service composition task is solved by a human expert because it
requires an understanding about the services semantics. This means that, the creation of a new service requires usually the human expert intervention, either before,
by prediction, or after the user requirement was expressed. A priori service creation
should be based on the prediction about all possible user request but such an approach
is practically impossible. Even if the human expert will try to predict only the most
probable user requests, this task will be an extremely costly one. A posteriori service
composition by the human expert, after the user request is known, requires an important time, costs, and usually is not an option because the user wants the service
as soon as his request was expressed.
The objective of this paper is propose such a system, that is able to create services
on-demand, starting from the natural language based user request and assembling
existent services according to this request. In particular, our application field concerns
the intelligent environments. The services are offered, in this case, mainly by the
various devices spread in the intelligent space (ex. a building) but we can also use
remote web services.
2. Proposed solution
The proposed system is called Natural Language Service Composer(or NLSC).
System architecture is depicted in Figure 1. This architecture is composed by two
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Babeş-Bolyai University, Cluj-Napoca

45

46

M. CREMENE, F. C. POP, S. LAVIROTTE, AND J.-Y. TIGLI

main parts: a) the Natural Language Processor (NLP), which is composed by a set
of tools necessary for user request analyze and b) the Service Composer (SC). The
Natural Language Processor transforms the user request into a machine readable,
formal, request. This formal request will be used as input for the Service Composer.
An existent English dictionary, WordNet[3], is used instead of creating our particular
ontology. The Service Composer is based on a middleware platform called WComp [2].
This platform is targeted mainly for intelligent environment applications. WComp
was designed for supporting dynamic assembling of services provided by hardware
devices. Web services and UPnP services in general may be used through this platform
also. The AoA (Aspects of Assembly) mechanism that comes with WComp allows
the developer to create composition patterns and use them at runtime in order to
modify the service architecture. The formal request (the NLP output) will be used
in order to select the services and also the AoA patterns. Once we have selected the
services and the patterns, the WComp platform is able to create almost instantly the
new, composite service. Also, WComp platforms is responsible for devices/services
discovery and dynamic architectural reconfiguration support. Contrarily to other
pattern-based approaches, AoA patterns can be combined, superposed. Thus, a large
number of valid combinations (services) may be created.
User Request –
natural language

NLP
User Request formal description

Service created
on-demand

SC
AoA

WComp
Available
Devices/Services

Figure 1. NLSC system architecture
The NLP input is a sentence that is either, written by the user or obtained from
an existent voice recognition system. The sentence is decomposed in a word collection.
The link words are eliminated. In order to do that, we use a list of link words. For
each word, we apply a stemming procedure: the verbs are passed to infinitive, the
nouns are passed to single form. Finally, we obtain a list of words that we will call
further ”request concepts”. The semantic matching is based on what we have defined
as the ”conceptual distance”. The conceptual distance is a measure of the similarity
between two concepts. A specialized dictionary called WordNet [3] was use on this
purpose.
In order to compute the semantic matching, we use a representation called ”conceptual graph”. The conceptual graph has as nodes the user concepts and the service
concepts. The arcs connect each user concept to each service concept. The weight of
each arc represents the conceptual distance between the concepts. In order to select
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the service concepts that are similar to the user concepts, we need to apply the following two transformations to the conceptual graph: a) find the minimum distance
path in the graph (include all nodes) using the Kruskal algorithm that calculates the
minimum spanning tree (MST); after this transformation each service description will
be connected to 2 text segments; and b) for each triplet (service concept, user concept 1, user concept 2) keep the arc that has the minimum weight. Thus, we obtain
a concepts pair.
Once the services are selected according to the concepts pairs, we apply all the
AoA patterns that correspond to the selected services. At this moment, only the
service selection was implemented. The AoA selection (based on the user request)
remains as further work.
3. Implementation
Scenario. The user request is: ”I want to use my phone to turn off the light, turn
on the TV and play some music on HiFi”. All the relevant services are identified and
then composed, by applying the AoA composition patterns. The system will select,
among all available service, only the services that are matching the concepts from user
request. Once the services are selected, the system creates the service architecture by
applying the AoA patterns. The result is depicted in the figure 2. The implementation
is based on the WComp platform discussed before.

Figure 2. The dynamically composed service for Scenario 1

4. Conclusions
The original aspect of our proposal, compared with the related work (described
in [1], [4] and [5] but not detailed here because of the very limited space) is the mixed
approach: semantic and pattern-based. This approach combines the advantages of
the both: thanks to composition patterns, it allows us to build complex composite
services, that are always valid and functional. With other approaches (interface,
logic, semantic based), that are not using patterns/templates, it is very difficult to
create complex architectures that are are valid and work correctly. In particular,
AoA patterns can be composed and this helps us to overcome the limitations of the
traditional patern-based approach (not very flexible).
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In the same time, the service composition is user driven, by natural language
(voice) and allows the user to get the service he want on-demand. From this point of
view, our solution is less restrictive than the other solutions.
Another important advantage of our solution is the reuse of WordNet [3] free
dictionary, that is acting like a huge ontology. Due to this, we can relax very much
the limitations for the natural language, imposed by solutions where an ontology
(usually restricted) must be created by the developer. Otherwise, the creation of a
rich ontology is a very costly task and our solution succeeded to avoid it. Thus, for
describing the services, their developer just need to use a correct English.
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DERIVATIONAL MORPHOLOGY MECHANISMS IN AUTOMATIC
LEXICAL INFORMATION ACQUISITION
S. COJOCARU, E. BOIAN, AND M. PETIC(1)
Abstract. The paper deals with the derivational morphology mechanisms which
permit automatic acquisition of the lexical resources for the Romanian language.
In this context, the possibilities of derivational sequence construction are subject
to review. A separate compartiment is dedicated to formal rules of morphological
derivation for some Romanian affixes. Then, the aspects of word validation are
discussed. Finally, a model of automatic lexical aquisition using derivational and
inflectional morphology is presented.

1. Introduction
One of the methods of lexical resources completion constitutes the generation of
a word form performed by inflection. Derivation means the creation of a new word
by adding some affixes to the existent lexical bases. Different distinctive features
are formulated in [1]. Anyway, the discussions about the strict delimitation between
inflection and derivation do not end here. Nevertheless, there are examples which
may prove the relation between inflection and derivation [2].
The aim of the article is the studying of the derivational morphology mechanisms which permit automatic acquisition of the lexical resources for the Romanian
language.
In this context, the possibilities of derivational sequence construction will be under
discussion. A special section is dedicated to the formalisation of rules of derivation for
some Romanian affixes. Then, the aspects of automatic generated derivatives validation are discussed. Finally, a model of automatic lexical acquisition using derivational
and inflectional morphology is presented.
2. The word structure and its derivational sequence
Taking into consideration the ideea of the model FAVR [3] and the affix classification [4], a word is an entity consisting of three types of fundamental entities: header
(combination of prefixes), root and ending (lexical suffixes and/or a grammatical suffix). The generic structure of the word can be described through the following regular
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expression that uses the usual agreements (in adition, the zero suffix is considered to
be a grammatical suffix):
(simple prefix)*root (lexical simple suffix)*(grammatical suffix) [3].
The roots together with affixes form a set of morphemes, which can be defined
as: the smallest units that convey meaning in the structure of a language [5]. In the
process of derivation it is important the order in which the affixes have been added
(with the possible vocalic and/or consonant alternations). For example, the word
antimuncitoresc, which is valid for Romanian language, consists of a simple prefix
anti-, a root (a) munci, (in engl. (to) work ) and 2 simple lexical suffixes -tor and
-esc. In order to establish which of the derivatives can be considered valid, we verified
the presence of the derivated words in the existent electronic documents on Internet.
The derivational sequence is:
[munci]V b → [muncitor]N n → [muncitoresc]Adj → [antimuncitoresc]Adj .
The derivation sequence from above is the one that has no alternatives. In the case
of the derivative descentralizator the situation is different. The derivative consists of
a simple prefix (des-), a root (central ) and 2 lexical simple suffixes (-iza and -tor ). In
order to establish which of the derivatives can be considered valid we proceeded in the
same way, as in the example described above, by checking the presence of derivatives
in the existent electronic document on Internet. It is clear that it is possible to
form 2 derivatives from the verb centraliza: centralizator (in engl. centralizing) and
descentraliza (in engl. decentralize). So, the derivation sequence has 2 variants,
namely:
[central]Adj → [centraliza]V b → [centralizator]N n → [descentralizator]N n ,
[central]Adj → [centraliza]V b → [descentraliza]V b → [descentralizator]N n .
3. Formal rules for derivation
Besides the problem of derivatives analysis there is a wish to have the possibility
to generate new derivatives, taking into acount the stem and affix peculiarities [4].
Thus we can formulate the following rule for the derivatives with the prefix reand suffix -re. Let ω be the infinitive of a verb, then ω0 = reωre is a noun, for
example: (a) citi → recitire (in engl. (to) read → rereading).
Another known affix is the prefix ne-. Thus, let ω be an adjective of the form ω0=
ωβ, where β ∈ { -tor, -bil, -os, -at, -it, -ut, -ind, -ı̂nd }, it will be generated derivatives
of the form
ω 00 = ne ωβ, the result will be also an adjective, for example: lucrător
→ nelucrător (in engl. working → non-working). In the process of derivation with the
prefixes ne-, re- and suffix -re vocalic and/or consonant alternations are not observed.
So an interest appears in the process of derivation with the suffixes -tor and -bil.
Both of them have the same origin. Let ω be the infinitive of the verb of the form
ω0 = ωβ, where β ∈ {−a, i}, then it is possible to form the derivatives of the form
ω 00 = ωβγ, where γ ∈ {−tor, −bil} is adjective/noun. These rules are too general and
they will be specified later.
This examination includes the verbal lexical simple suffix -iza which has a very
strong relation with the lexical suffixes -ism and -ist. Let ω be an adjective/noun of
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the form ω0 = ωβγ, where γ ∈ {−ism, −ist}. Then it is possible to say about the
derivatives in the case:
(1) β ∈ {−an, −ian}, then the word ω0β = ωiza is verb, for example: roman →
romaniza (in engl. Roman → (to) Romanize);
(2) β ∈ {−ean}, then the word of the form ω0e a n = ωiza is a verb, where a
represents the cut out of the vowel a, for example: european → europeniza
(in engl. European → (to) Europeanize);
(3) β = µic, where:
• µ ∈ {−at, −et, −ot, −if }, then the word ω0 = ωµiza is verb, for example:
dramatic → dramatiza (in engl. dramatic → (to) dramatize).
• µ 6∈ {−at, −et, −ot, −if }, then the word ω0 = ωβiza is verb, for example:
clasic → clasiciza (in engl. classic → to get a classic feature);
(4) β ∈ {−ura}, then the word of the form ω0 = ωur a iza is verb, for example:
caricatură → caricaturiza (in engl. caricature → (to) caricature).
4. The new word validation
One of the methods of new word validation consists of manual verification of every
new generated derivative in order to check the correspondence to the semantic and
morphologic rules. But specific disadvantages of a manual work, namely considerable
time resources and possibility to mistake appear even if the procedure is performed
by a specialist in domain.
Another method of validation consists in verification of the derivatives in the
electronic documents on Internet. The searching on Internet is made for the documents typed only in Romanian language. In addition, it is necessary to consider:
the possibility to exclude the word segmentation, the part of speech of the derivatives,
the meaning of the found word and of the generated derivative [4]. Taking into account
that the words on the Web pages can contain spelling mistakes, the solution will be
the use of reliable resources, for example existent corpora.
5. The concept of the derivation cycle
Following the information stated above, the lexicon completion can be realized
with the help of automatic means. Starting with the derivation rules, an algorithm
which forms a set of words which correspond to the derivation constraints is going to
be elaborated. This algorithm of derivation is applied to these words and the result
is a set of derivaties. Therefore not all the derivatives correspond to the norms of
human language. After applying the method of validation, we obtain correct words
on the basis of language. These words are inflected with the help of the programs of
inflection [6] that result in a set of inflected words. This very set can complete the
initial lexicon, making it actual.
Nevertheless after a cycle of bringing the lexicon up to date it is possible to apply
another similar cycle. So, after a finite number of cycles it is likely to finish the
process of completion, in the end obtaining a “filled”(saturated) lexicon which will be
complete from the point of view of derivation.
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6. Conclusions
The derivational rules formalisation for some Romanian affixes offer the possibility
to elaborate algorithms for the lexical resources completion. The process of new
derivatives validation is one that raises many questions and it seems that there are
solutions though there are some difficulties in this process. Thus, it is impossible
to neglect the aspect of source credibility in the process of word validation. In this
context the word validation using the existent corpora seems to be the best solution.
The automatic completion cycle model for lexical resources by the derivational
and inflectional mechanisms allow the consciousness of the steps in the process of
lexicon enrichment.
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reversibilă şi reutilizabilă, Limbaj şi Tehnologie, Editura Academiei Române, Bucureşti, 1996,
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NAMED ENTITY RECOGNITION FOR ROMANIAN (RONER)
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Abstract. Named Entity Recognition (NER) is the process of automatic identification of selected types of entities in a free text. This article focuses on the
extraction of three kinds of entities - proper names, location names and organization names - from Romanian texts. The system implemented for this task
relies on the GATE framework, and includes a series of tools developed and configured specifically for the RoNER system, such as gazetteers and a JAPE (Java
Annotations Pattern Engine) transducer.

Named Entity Recognition (NER) is the process of automatic identification of
selected types of entities in a free text. The entities are proper name of persons,
location names and organization names. The Named Entity Recognition is a part of
the greater task of Information Extraction, together with the Event Extraction [1].
Some examples of named entities are: proper person names (e.g. ”John Smith”), locations (e.g. ”Cluj”, ”Romania”) and organizations (e.g. ”Parlament”, ”Universitatea
Babes-Bolyai”).
1. Existing Systems in the Named Entity Recognition Domain
1.1. Identifying Unknown Proper Names in Newswire Text.
The first system studied was ”Identifying Unknown Proper Names in Newswire
Text” presented in [2]. This system considers as the entities of interest people, products, organizations and locations. It aims to identify these entities automatically from
large corpora, without relying only on listings of name elements. It performed good
on the task of name entity recognition, it’s highest results are Precision 88% and
Recall 73%.
1.2. FASTUS: A Finite-state Processor for Information Extraction from
Real-world Text.
Another system developed for NER task is FASTUS. The description of this
system is presented in [3]. FASTUS is a system which relies on a nondeterministic
finite-state language model that produces a phrasal decomposition of a sentence into
noun groups, verb groups and particles. After this, another finite-state machine recognizes domain-specific phrases based on combinations of the heads of the constituents
found in the first pass. The FASTUS system performed good, with 44% Recall and
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55% Precision on a blind test of 100 texts, which was among the best scores in the
evaluation.
2. RoNER Structure
The main component used is the GATE system [4]. It functions as a framework
which supports its own components as well as new components designed by the user
and which can be then added to the system. For the development of RoNER several components were added to the GATE system: three gazetteers developed for
Romanian and a JAPE transducer, also developed for the Romanian language. The
gazetteers provide the system with a list of entities (person names, locations, organizations) and the JAPE (Java Annotations Pattern Engine) transducer provides a
set of rules for matching specific patterns in the text aimed at identifying the named
entities which appear in the text.
2.1. The GATE System.
The processing resources for the GATE program are packaged in a collection called
ANNIE (A Nearly-New Information Extraction System), but any of them can be used
individually. ANNIE consists of the following main processing resources: tokeniser,
sentence splitter, POS-tagger, gazetteer, finite state transducer, orthomatcher and
coreference solver. Another resource, which is also used in the RoNER system, is the
semantic tagger, consisting of hand-crafted rules written in JAPE (Java Annotations
Pattern Engine) format, which describes patterns to match and annotations to be
created as a result. It also provides finite state transduction over annotations based
on regular expressions.
2.2. The Gazetteer.
The gazetteer is a component of the GATE system which is concerned with the
recognition of the named entities by comparing tokens from the text with entities in
a list. These lists have been previously generated using my programs and contain
some proper names, locations and organizations. If the token from the text matches
an item from one of those lists it is a very high probability that the token belongs to
the same category as the item in the list.
For the Romanian language there are no such lists of names, locations and organizations. In order to do this, I developed some programs which takes as an input
a Romanian corpus, extracts from that corpus named entities and places them in
the appropriate kind of list. Every program for generating a gazetteer list is based
on some files which contain information about possible previous and successor words
for named entities (names, locations, organizations). Also, for locations and organizations, a list of possible first words could be created. Such words enter in the
composition of the named entity and they provide a very accurate way of placing the
entity in the proper list. After the splitting into words is done, a function is applied
to each of the words which determines whether the word should be included or not in
the gazetteer list. The function calculates a score based on the words surrounding it,
the position in the text and the fact that the word is capitalized. After running the
programs on a 300 files corpus, the results were three lists, one for each named entity
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type. Only the unique items, with a number of appearances above a certain threshold
were kept. These list will be included in the GATE system, in the Gazetteer section.

2.3. Modifying the GATE Components.
For the Romanian NER system, there are three GATE components used. The
first one is a Tokeniser which has the purpose of splitting the text of a given document
into tokens. The resulted document is then given to a Gazetteer, which uses lists of
names, locations and organizations in order to recognize and automatically annotate
some of the patterns and help the use of the third component involved. The third
component is a Transducer and it has the purpose of applying certain rules on the
document in order to discover and annotate named entities.
In order to proper use the Gazetteer and the Transducer, certain resources had
to be translated or adapted for the Romanian language. In the Gazetteer, there are
resources (lists of words), which are used to identify certain words, which can then
be used in the Transducer as clues for finding the named entities. The lists that were
generated by the use of the Gazetteer programs were also included in these lists of
words.
Another change which had to be performed was the one made to the ANNIE
Transducer, where rules had to be modified in order to suit the needs for the Romanian language. In GATE, the rules are written in special files of type JAPE (Java
Annotations Pattern Engine). A JAPE grammar consists of a set of phases, each
of which consists of a set of patterns or action rules. The phases run sequentially.
Rules have the general format: ”LHS −− > RHS”, where LHS is the lists of conditions in the left side of the rule and the RHS are the annotations to be performed.
After all the tools have been run (Tokeniser, Gazetteer and Transducer) on the
document, the annotations will be made for each of the named entity category. These
annotations will be visible in the document window of the GATE system.

3. RoNER Evaluation
The RoNER evaluation was made using Precision and Recall functions. In order
to evaluate the Romanian Named Entity Recognition system, its performance had to
be compared to that of a human annotator. That is why I have created and then
manually annotated a corpus of 10 files. I have chosen for my corpus to be a collection
of articles from the Romanian newspaper ”Adevarul”, because it has to be a collection
of ”natural texts”. The RoNER system was run on it and the results were manually
compared. Then, for every document the Precision, Recall and F-Measures and also
the average value for each of these measures were calculated. The average values
were:
Person: Precision:27; Recall:43; F-Measure:32
Location: Precision:75; Recall:67; F-Measure:66
Organization: Precision:74; Recall:52; F-Measure:58
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4. Conclusion and Further Work
The results obtained by this system were not very high. The highest performance
was recorded when annotating Location entities, followed by performance for the
Organization and then the lowest performance scored by the recognition of Person
entities. This result was expectable, because the tagging of person names is a harder
task that the recognition of organization names, which in turn is harder that the
recognition of location names (because of the context).
The RoNER system could be improved by increasing the size and the quality of
the gazetteers, by writing a completely new Transducer with rules developed especially
for the Romanian language and by adding additional rules to the current Transducer.
The purpose of this project was to develop a Romanian Named Entity Recognition
system and the development of this project succeeded. This project shows that such
a system can be done and, even with limited resources, it is possible for it to achieve
significant performances.
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WEB INTERFACE FOR ROUGE AUTOMATIC SUMMARY
EVALUATOR
ALEXANDRU RARES ZEHAN(1)

Abstract. The exponential growth of available information over the last years
has introduced the need of some kind of summarization to remove the redundant
or less important pieces and to keep only the essence. At first the text summarization was human-made, followed by automatically summarization techniques.
Based on these facts, a set of metrics (e.g. measures) were developed to evaluate
the summaries extracted. For automatic evaluating summaries, using different
metrics, it was developed a tool called ROUGE (Recall-Oriented Understudy for
Gisting Evaluation). While ROUGE must be present on every machine where
the evaluation takes place, in this paper, we suggest a way for bringing this tool
to the web for centralizing and simplifying the process for different kind of users
to benefit from the automatic text summarization evaluation.

1. Automatic text summarization
Text summarization is a task of producing shorter text from the source, while
keeping the information content in the source, and summaries are the results of such
task [1]. These summaries can be classified into two categories: indicative and informative. Indicative summaries are the kind of summaries from which the user can
make use before referring to the text (e.g. to judge relevance of the source text).
On the other hand the user can make use of the informative summaries in place of
the source text. Another classification of the summaries based on how they are composed: extracts and abstracts. Extracts summaries are the kind of summaries formed
by extracting the most important sentences from the source text, while the abstracts
can contain newly produced text [2].
The main goal of this paper is to present an idea for simplifying the process of
using an automatic summaries evaluation tool (e.g. ROUGE, described with more
details in next section), by users from different domains of activity. Section 3 contains
more details about one way to implementation this goal.
2. Automatic summarization evaluation
Metrics that can be used to accurately evaluate the various appropriateness to
summarization are needed. The simplest and probably the ideal way of evaluating
2000 Mathematics Subject Classification. 68T50, 03B65, 68U35.
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automatic summarization is to have human subjects read the summaries and evaluate
them in terms of the appropriateness of summarization. However, this type of evaluation is too expensive for comparing the efficiencies of many different approaches
precisely and repeatedly. There were needed automatic evaluation metrics to numerically validate the efficiency of various approaches repeatedly and consistently.
Automatic summaries can be evaluated by comparing them with manual summaries
generated by humans. The similarities between the targets and the automatically
processed results provide metrics indicating the extent to which the task was accomplished. The similarity that can better reflect subjective judgments is a better
metric.
ROUGE (Recall-Oriented Understudy for Gisting), the most frequently used automated summary evaluation package [4], is closely modeled after BLEU for MT
evaluation [5]. It includes measures for automatically determine the quality of a
summary by comparing it to other (ideal) summaries created by humans. The measures count the number of overlapping units such as n-gram, word sequences, and
word pairs between the computer-generated summary to be evaluated and the ideal
summaries created by humans [6]. ROUGE introduces in addition four different measures: ROUGE-N, ROUGE-L, ROUGE-W, ROUGE-S and a ROUGE-S extension,
called ROUGE-SU.
ROUGE-N (N-gram co-occurrence statistics) is an n-gram recall between a candidate summary and a set of reference summaries. ROUGE-N is computed as follows:
X
X
Countmatch (gramn )
ROUGE-N =

S∈{Reference Summaries} gramn ∈S

X

X

Count(gramn )

S∈{Reference Summaries} gramn ∈S

Where n stands for the length of the n-gram, gramn , and Countmatch (gramn ) is
the maximum number of n-grams co-occurring in a candidate summary and a set of
reference summaries. ROUGE-L (Longest common subsequence) computes the ratio between the lengths of the two summaries LCS and the length of the reference
summary. To improve the basic LCS method, ROUGE designers introduced another metric called ROUGE-W (Weighted longest common subsequence) or weighted
longest common sub-sequence that favors LCS with consecutive matches. ROUGE-W
can be computed efficiently using dynamic programming. Skip-bigram is any pair of
words in their sentence order, allowing for arbitrary gaps. ROUGE-S (Skip-Bigram
co-occurrence statistics) measures the overlap ratio of skip-bigrams between a candidate summary and a set of reference summaries. One potential problem for ROUGE-S
is that it does not give any credit to a candidate sentence if the sentence does not
have any word pair co-occurring with its references. ROUGE-SU (an extension of
ROUGE-S) adds unigram as counting unit.
3. Web interface for ROUGE
From the technical point of view, for using ROUGE, one has to know a few things
about some of the computer science fields like: operating systems, different file types
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Figure 1. Conceptual architecture of the system
and their structures (e.g. XML file), and different platforms (e.g. Perl). These things
are not very interesting (nor easy/fast to learn), if you want only to make some tests
on different summaries, automatically generated or manually written.
Based on these facts, to simplify the process of using ROUGE, by users from
different domains of activity, this paper introduces the idea to bring ROUGE to the
Web. This thing can be achieved by creating a simple and intuitive web interface,
an API for accessing ROUGE and deploy them on a machine. In this way we have a
single centralized system to work with ROUGE and access it using only the browser.
Figure 1 illustrates the interactions of users with this kind of system.
We implemented a simple web interface to evaluate summaries using ROUGE,
but only with a small set of ROUGE’s features. Using this interface, one can log in
to the system and create its own evaluation project. This project consists of peers
summaries (the summaries we want to evaluate), and a set of model summaries (the
summaries against the evaluation is done). These summaries can be given by writing
a text in a textbox, or by browsing to a file on personal file system. Before evaluating
summaries, the project can be customized (Figure 2) by adding/removing ROUGE
options, or by adding/removing summaries from the evaluation.
4. Conclusions and further work
Simplifying the process of using automatic evaluation tools, like ROUGE, we
estimate a growth in the number of users, who can be more attracted to this kind
of automatic evaluation. A next step for this system would be integration with an
automatic summarization tool. An example of such a tool can be the open source
project OST (Open Text Summarizer), found at http://libots.sourceforge.net.
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FEATURE SELECTION IN TEXT CATEGORIZATION USING
`1 -REGULARIZED SVMS
ZSOLT MINIER(1)
Abstract. Text categorization is an important task in the efficient handling
of a large volume of documents. An important step in solving this task is the
removal of certain features of the text that is not necessary for high precision
classification. An interesting and well-founded method of feature selection are
embedded methods that work directly on the hypothesis space of the machine
learning algorithms used for classification. One such method is `1 -regularization
that is used in conjunction with support vector machines. We study the effect of
this method on precision of classiffying the 20 Newsgroups document corpus and
compare it with the χ2 statistic feature selection method that is considered one of
the best methods for feature selection in text categorization. Our findings show,
that the `1 -regularization method performs about the same as the χ2 statistic
method.

1. Introduction
Text categorization is important in information retrieval, the field that lays the
theoretical foundations of search engines. As the number of pages published on the
internet is growing fast, there arises a need to categorize the pages in order to facilitate
further information extraction.
Most modern text categorization systems are based on machine learning algorithms for supervised classification [4], which in turn have their roots in statistics.
The basic building blocks of text categorization are text documents and a set of
labels. The documents are assigned to possibly more than one label, this can be
formalized as a function f : D → 2C where D is the set of documents and 2C is the
superset of labels. This function is determined by a predefined set of document and
label pairs (xi , yi ) (i = 1, . . . , n) that is called the training set. The job of a text
categorization system is to predict with high accuracy the label of a document that is
not encountered in the training set, that is, to find the best approximation of f based
on the available data.
Traditionally text categorization is viewed as the sequential composition of two
separate tasks. The first task is to find a representation for text documents that
can be efficiently stored. The second task is to use a machine learning algorithm
2000 Mathematics Subject Classification. 68P20, 68T30.
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that can efficiently learn the representations of documents and has a good predictive
performance on new documents.
It has been observed, that it is possible to remove some of the features from the
representation of all documents without incurring a performance loss, thus reducing
the amount of space necessary for storing the document data [6]. In the remainder of
the paper we present a feature selection method based on the `1 -regularized support
vector machine.

2. Feature selection by `1 regularization
A support vector machine is a learning algorithm that is able to infer a decision
rule from a set of training data and then by using this rule it is able to predict some
properties of previously unseen data [1]. The main advantage of SVMs over similar
learning algorithms is their good performance, robustness and relatively good speed.
Let us assume, that the data is given by tuples (xi , yi ) where xi ∈ Rd and yi = ±1.
The SVM finds the hyperplane (described by normal vector w and bias b) that separates positive and negative examples with the largest margin. Finding the hyperplane
with maximal margin can be shown to be equal to the minimization of both the total
loss over the training data and the complexity of the hyperplane that is measured by
the norm of its normal vector:

(ŵ, b̂) = argmin
w,b

n
X

2

[1 − yi (x0i w + b)]+ + λ kwk2

i=1

2

where λ is called the regularization coefficient. Introducing kwk2 into the minimization is called regularization because this way the the separating hyperplane is less
prone to overfitting the noise in the data. This is achieved by upper bounding the
length of its norm, excercising some control on the number of nonzero features. To
achieve minimal length, the hyperplane has to disregard some of the less representative features in order to fit the more typical ones well. This minimization problem
can be solved using quadratic programming.
In [5] and [2] it is suggested that using a `1 norm for SVMs results in sparse
separating hyperplanes and thus the SVM formulation is slightly modified to:

(ŵ, b̂) = argmin
w,b

n
X

1

[1 − yi (x0i w + b)]+ + λ kwk1

i=1

This formulation of the SVM can be solved with linear programming. To do this,
w has to be expressed with two positive vectors as w = w+ −w− so that |w| = w+ +w− .
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Then we can formulate the linear programming solution of the `1 SVM as:
min

n
X

ξi + λ

i=1
+

−

0

p
X

(wj+ + wj− )

j=0
+

s.t. yi (b − b + x (w − w− )) ≥ 1 − ξi
ξi ≥ 0

i ∈ {1, . . . , n}
i ∈ {1, . . . , n}

wj+ ≥ 0, wj− ≥ 0

j ∈ {1, . . . , d}

+

−

b ≥ 0, b ≥ 0
In this method, one can not explicitly set the number of variables one wants to
keep, but one has some control over them by setting the appropriate λ, and experiments show that the hyperplanes are indeed very sparse.

3. Experiments
We used the 20 Newsgroups corpus for training and testing. During preprocessing
stopwords are removed and stemming is performed, numbers are converted to the
token “num” and special characters are deleted.
Transforming the two-class `1 -SVM to multiclass is done by training classifiers
for each pair of categories. To make solving that many linear programs easier, 5000
features are pre-selected with the χ2 statistic method, among which the `1 -SVM has
to choose the best ones. Four different sizes were chosen for the training set, having
10, 50, 100, and 300 randomly selected documents for each category. Using the
same selections, `1 -SVM, χ2 , and no feature deletion was used for feature selection.
The resulting documents were then learned by an `2 -SVM with λ = 1 using the
LIBSVM library [3]. For the studied algorithm, λ was set to be 1/3 of the number of
constraints in each linear programming problem (or if there is no solution for that λ,
then λ = 1), and we used the java binding of glpk to solve the LP problems. In the
case of the χ2 statistic, the number of features selected corresponded to the number
of features that the `1 -SVM found to be optimal. For every training set size and every
feature selection algorithm 10 runs were performed. Mean and standard deviation of
performance measures are shown in Table 1.

4. Conclusions
The results show, that the `1 -SVM does induce a sparse model of the data, even
if this model is not more efficient for categorization than the much simpler χ2 statistic
method.
It is interesting to note, that using all features, the `2 -SVM achieves better precision than the feature selection methods, this is mostly due to the fact that this corpus
has well balanced word distribution, and thus many features contribute to the overall
precision of a classifier.
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method
`1 -SVM
χ2
full
`1 -SVM
χ2
full
`1 -SVM
χ2
full
`1 -SVM
χ2
full

#d
#f
mP
mR
mBEP
mF1
10
245.50±15.72
38.00±2.20% 37.61±2.13% 37.81±2.13% 37.80±2.13%
10
245.50±15.72
40.05±1.63% 40.27±3.10% 40.16±2.22% 40.13±2.22%
10
6165.10±508.81 52.42±1.71% 45.58±2.81% 49.00±1.59% 48.70±1.73%
50
679.40±18.84
59.61±0.59% 59.06±0.58% 59.34±0.58% 59.23±0.62%
50
679.40±18.84
60.66±0.56% 60.23±0.60% 60.44±0.57% 60.44±0.58%
50 16697.70±2091.07 69.47±0.80% 61.86±1.92% 65.66±1.11% 65.43±1.21%
100
1042.40±18.81
66.75±0.70% 66.09±0.77% 66.42±0.74% 66.42±0.74%
100
1042.40±18.81
67.05±0.34% 66.45±0.31% 66.75±0.29% 66.75±0.29%
100 23788.30±1387.30 74.72±0.46% 66.53±0.98% 70.63±0.47% 70.38±0.53%
300
1909.10±29.83
76.64±1.67% 75.55±0.83% 75.19±1.66% 76.09±1.22%
300
1909.10±29.83
75.32±0.24% 74.70±0.35% 75.01±0.28% 75.01±0.29%
300 43042.60±1227.71 81.21±0.27% 76.61±1.19% 78.91±0.67% 78.84±0.70%

Table 1. Results obtained for the Reuters corpus given in percentage.
Notation: #d=number of documents per category,
#f=number of selected features, mP=micro-precision, mR=microrecall, mBEP=micro-breakeven, mF1=micro-F1
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A ROMANIAN STEMMER
CLAUDIU SORIN IRIMIAŞ(1)
Abstract. This paper presents an improvement of the Romanian stemmer algorithm described on Martin Porters Snowball web-site. The changes made to the
original algorithm are minimal but our experimental results indicate an increase
of the accuracy with almost 10%, no loss being identified in the computational
time. Two different experiments were made, the first was made on a 22,570
Romanian words vocabulary, and the second was accomplished using an article
from a Romanian newspaper as input. The Romanian stemmer is based on a
suffix stripping algorithm which consists of a set of rules to be applied to the
input word to find its root form. Because of its efficiency, especially in regards to
time and accuracy the Romanian suffix stripping algorithm is suited to be used
in the information retrieval field for problems that require a smaller amount of
computational time and do not necessitate that the accuracy of the result is over
80%.

1. Introduction
Stemming is the process for reducing inflected (or sometimes derived) words to
their stem, base or root form generally a written word form. The stem need not be
identical to the morphological root of the word, it is usually sufficient that related
words map to the same stem, even if this stem is not in itself a valid root. There
are several types of stemming algorithms which differ in respect to performance and
accuracy and how certain stemming obstacles are overcome. Brute Force Algorithms
employ a lookup table which contains relations between root forms and inflected
forms. Suffix stripping algorithms do not rely on a lookup table that consists of
inflected forms and root form relations. Instead, typically smaller lists of rules are
stored which provide a path for the algorithm, given an input word form, to find
its root form. Suffix stripping algorithms are sometimes regarded as crude given the
poor performance when dealing with exceptional relations (like ’ran’ and ’run’). The
solutions produced by suffix stripping algorithms are limited to those lexical categories
which have well known suffices with few exceptions. This, however, is a problem, as
not all parts of speech have such a well formulated set of rules.
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2. The Algorithm
The Romanian writing system uses the Latin alphabet, with five additional letters
formed with diacritics: ă, â, ı̂, ş, ţ. There are three specific vowels, a, â and ı̂ in
Romanian that do not have an equivalent in English. So the following letters are
vowels in Romanian: a, ă, â, e, i, ı̂, o, u.
Defining R1, R2 and RV –as most of the stemmers, the Romanian stemmer
uses word regions denoted by R1, R2 and RV. They are defined as follows: R1 is
the region after the first non-vowel following a vowel, or is the null region at the end
of the word if there is no such non-vowel, R2 is the region after the first non-vowel
following a vowel in R1, or is the null region at the end of the word if there is no such
non-vowel and RV is the region after the next following vowel, if the second letter is
a consonant, or the region after the next consonant, if the first two letters are vowels,
or the region after the third letter, otherwise (consonant-vowel case) and RV is the
end of the word, if these positions cannot be found.
Example: For the word transpunerea the letter n is the first non-vowel following a vowel in beautiful, so R1 is spunerea. In spunerea, the letter n is the
first non-vowel following a vowel, so R2 is erea. The second letter of the word is a
consonant so RV is the region after the next following vowel nspunerea.
Bellow it is presented the algorithm purposed by Martin Porter, after some of
the steps there exists a few notes meant to that explain the ideas for improving the
algorithms accuracy. First, i and u between vowels are put into upper case (so that
they are treated as consonants). Always do steps 0, 1, 2 and 4. (Step 3 is conditional
on steps 1 and 2.)
Step 0: Removal of plurals (and other simplifications) –search for the
longest among the following suffixes, and, if it is in R1, perform the action indicated.
ul, ului →delete
aua →replace with a
ea, ele, elor →replace with e
ii, iua, iei, iile, iilor, ilor →replace with i
ile →replace with i if not preceded by ab
atei →replace with at
aţie, aţia →replace with aţi
Step 1: Reduction of combining suffixes –search for the longest among the
following suffixes, and, if it is in R1, perform the replacement action indicated. Then
repeat this step until no replacement occurs.
abilitate, abilitati, abilităi, abilităţi →replace with abil
ibilitate →replace with ibil
ivitate, ivitati, ivităi, ivităţi →replace with iv
icitate, icitati, icităi, icitaăţi, icator, icatori, iciv, icivaă, icive, icivi, iciva, ical,
icala, icale, icali, icală, →replace with ic
ativ, ativa, ative, ativi, ativă, aţiune, atoare, ator, atori, ătoare, ător, ători
→replace with at
itiv, itiva, itive, itivi, itivă, iţiune, itoare, itor, itori →replace with it
New rule: ator →replace with at, if not prceded by ab
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Step 2: Removal of standard suffixes –search for the longest among the
following suffixes, and, if it is in R2, perform the action indicated.
at, ata, ată, ati, ate, ut, uta, ută, uti, ute, it, ita, ită, iti, ite, ic, ica, ice, ici,
ica, abil, abila, abile, abili, abilă, ibil, ibila, ibile, ibili, ibilă, oasa, oasă, oase, os, osi,
oşi, ant anta, ante, anti, antă, ator, atori, itate, itati, ităi, ităţi, iv, iva, ive, ivi, ivă
→delete
iune, iuni →delete if preceded by ţ, and replace the ţ by t.
ism, isme, ist, ista, iste, isti, istă, işti →replace with ist
New rule: ică, →delete, if not prceded by it
Step 3: Removal of verb suffixes –search for the longest suffix in region RV
among the following, and perform the action indicated. Do this step only if no suffix
was removed at step 1 or step 2.
are, ere, ire, âre, ind, ând, indu, ându, eze, eascaă, ez, ezi, ează, esc, eşsti, eşte,
ăsc, ăştt, ăşte, am, ai, au, eam, eai, ea, eaţi, eau, iam, iai, ia, iaţi, iau, ui, aşi,
arăm, arăţi, ară, uşi, urăm, urăţi, ură, işi, irăm, irăţi, iră, âi, âşi, ârăm, ârăţi, âra,
asem, aseşi, ase, aserăm, aserăţi, aseră, isem, iseşi, ise, iserăm, iserăţi, iseră, âsem,
âseşi, âse, âserăm, âserăţi, âseră, usem, useşi, use, userăm, userăţi, useră →delete
if preceded in RV by a consonant or u
ăm, aţi, em, eţi, im, iţi, âm, âţi, seşi, serăm, serăţi, seră, sei, se, sesem, seseşi,
sese, seserăm, seserăţi, seseră →delete
Step 4: Removal of final vowel –search for the longest among the suffixes in
R1
a, e, i, ie, ă →delete
New rules: a →delete if not preceded by ş
e →delete if not preceded by ere or are
ă →delete if not preceded by ţ
And finally turn I, U back into i, u.
3. Test Results
For testing the Romanian stemmer the algorithm described above was implemented in the C# programming language under Windows operating system. This
implementation differs from the one available on the Snowball web-site, not just by
the improvement made to the rules, but is also different from the platform point
of view. On the Martin Porter web-site the implementation was done in Snowball,
which is a framework for writing stemming algorithms for UNIX operating system.
The accuracy of the test results was establish manually, i.e. the meaning of the words
from which it resulted the same stem were compared and if the words had different
sense the whole set of words was interpreted as non correct.
The first test was done on a vocabulary containing 22,570 Romanian words. The
time required for stemming all the words is about 1.65625 seconds. So the average
time required to stem a word is about 0.000073 seconds. From this test the estimative
accuracy for the Romanian stemmer resulted to be of 80%. For the above specified
vocabulary the number of words reduced was: of 4880 in step 0, 589 in step 1, 3610 in
step 2, 4211 in step 3, 10033 in step 4 and 3603 words remained unchanged. Accuracy
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problems were met especially at words from which the stem was a string formed by
a few characters. So from different words with different meanings we have obtained
the same stem. An example is given by the word abia which means just and the word
abile which represents the ability of a person, the stemming algorithm will return
the same stem which is the string ab. For another test we have used an article from
the online version of the Romanian newspaper Ziua de Cluj. The article had about
2500 words and the accuracy for this test was noticed to be better than in case of the
vocabulary, having an estimative value of 90%. The accuracy is better in this case
because of the fact that in the article there were just a few words that look alike, so
the cases when from two words with different meanings we obtain the same stem are
reduced. The average time needed for stemming a word was about the same as in the
case of the vocabulary.
4. Conclusion
With the presented algorithm for stemming Romanian words, we have obtained
very good results in respect to time and more than satisfactory results in respect
to the accuracy. This algorithm can be used in the information retrieval field for
the problems that do not require an accuracy greater that 80%. Because of the
problems encountered we can conclude that the above stemmer is not as accurate as
Lemmatization algorithms could be, but it is much more time-saving. A resolution
for this problem could be a hybrid algorithm that could have the suffix stripping
algorithm speed and the lemmatization algorithm accuracy.
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TEXTUAL ENTAILMENT AS A DIRECTIONAL RELATION
REVISITED
ALPAR PERINI(1) AND DOINA TATAR(2)

Abstract. There are relatively few entailment heuristics that exploit the directional nature of the entailment relation. This paper discusses some directional
methods that achieve this task. We describe our method which uses Corley and
Mihalcea (2005) formula combined with the condition that must hold for the entailment to be true (Tatar et al, 2009). We have also experimented with possible
derivations of this condition. We show the results that we have obtained using
our applications for the RTE-1 development dataset.

1. Introduction
Recognizing textual entailment (RTE) is a key task for many natural language
processing (NLP) problems. It consists in determining if an entailment relation exists
between two texts: the text (T) and the hypothesis (H). The notation T → H says
that the meaning of H can be inferred from T.
Even though RTE challenges lead to many approaches for finding textual entailment implemented by participating teams, only few authors exploited the directional
character of the entailment relation. That is, if T → H, it is less likely that the
reverse H → T can also hold (Tatar et al, 2009).
This paper presents our experimenting with text entailment transformed into
conditions on directional text similarities. Section 2 recalls some related work on text
entailment, mainly those that exploit in some way the directional nature. In Section
3 we discuss how to implement such a directional text similarity. Section 4 contains
the experimental results that we have achieved using our implementation. Section 5
presents some conclusions and possible improvements.
2. Related Work
2.1. Probabilistic Entailment. Glickman et al (2005) introduced a probabilistic
model for determining the truth value of an entailment. In this context, the entailment
relationship can be transformed into an equivalent statement about probabilities. T
probabilistically entails H if T increases the likelihood of H being true. Formally
P (H = true|T ) > P (H = true). This can be considered a directional method, since
2000 Mathematics Subject Classification. 68T50, 03H65.
Key words and phrases. textual entailment, directional relation, word similarity, text similarity,
WordNet.
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no threshold value is involved and the formal relation that is derived holds only in
the direction the entailment points.
2.2. Entailment Using Text Similarity. The method is based on the similarity
of a pair of documents defined differently depending on with respect to which text
it is computed (Corley and Mihalcea, 2005). Let sim(T, H)T denote the similarity
between texts T and H with respect to T . Then
P P
T (maxSim(T i) × idf (T i))
pos
T i∈W Spos
P P
(1)
sim(T, H)T =
idf (T i)
T
pos
T i∈W Spos
pos involves the set of open-class words (nouns, verbs, adjectives and adverbs) in each
T
text. The set W Spos
contains the words T i from text T that are annotated as having
the part of speech pos. Here maxSim(T i) denotes the highest similarity between
T i and words from H having the same part of speech as T i. A similar formula for
sim(T, H)H could be given. Based on this text-to-text similarity metric, Tatar et al
(2009) have derived a textual entailment recognition system. They have demonstrated
that in the case when T → H holds, the following relation will take place:
sim(T, H)H > sim(T, H)T (2)
In Tatar et al (2007a) a simpler version for the calculus of sim(T, H)T is used: namely
the only case of similarity is the identity (a symmetric relation) and/or the occurrence
of a word from a text in the synset of a word in the other text (not symmetric relation).
In this paper maxSim(T i) is defined as the highest “relatedness” between T i and
words from H having the same part of speech as T i.
3. The Proposed Method
Our approach for computing the directional text similarity is based on the formula
of Corley and Mihalcea (2005). We compute a kind of “similarity” with respect to
each text using (1), then we compare the resulting two “similarities” and if relation
(2) holds, it is likely that we have a true entailment T → H.
The main difference compared to Tatar et al (2009) in using (2) is that they used
pure similarity between words in computing (1), consisting of identity and synonymy,
both being symmetric. On the other hand, our approach uses a relatedness score
for this, based on most of the WordNet relations, many of which are not symmetric.
This relatedness score will be the maximum from the scores attributed to each of
these relations.
Also we tried some other, more complex conditions for detecting entailment:
sim(T, H)T + σ1 > sim(T, H)H > sim(T, H)T > θ (3).
This means that in addition to condition (2), we not only need to reach a certain
confidence level for the hypothesis based “similarity” but also we do not want to have
too big difference between the two ”similarities”.
sim(T, H)H > θ and
(sim(T, H)H > sim(T, H)T or sim(T, H)H + σ2 > sim(T, H)T ) (4).
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Formula (4) says that, additionally, in case the difference between the two “similarities” is negligible (small σ2 ), the entailment is still likely to be true.
Based on the previously discussed directional “similarity” and conditions for entailment, we have developed a Java application that recognizes textual entailment.
A part of speech tagger was needed in order to distinguish the open class words.
We used the Stanford POS tagger implemented in Java. For looking up words and
word relations, we used WordNet, accessed through the Java interface provided by
JWordNet.
We needed to compute two “similarities” based on (1). The current implementation simplifies the formula by considering idf (w) to be 1 and hence the importance
of the word w with respect to some documents is neglected.
We have implemented all of the entailment conditions (2), (3) and (4). We show
the results in what follows.
4. Experimental Results
We have tested our application on the RTE-1 development dataset from [9].
The first run was using the entailment condition given in (2) and the resulting
accuracy was 51.49%. The precision was 50.78%, meaning that it correctly recognized
the entailments for a little more than half of the test pairs. The recall was 91.87%,
so most of the entailment pairs were discovered.
The second run using (3) produced a 55.02% accuracy, but the parameters here
need tuning. We recorded a better precision of 53.41% and lower recall of 77.48%.
The third run using (4) achieved a 55.56% accuracy. Both precision, 53.54% and
recall, 82.68% were somewhat better. The threshold values were chosen empirically
based on several experiments. Overall system accuracies at RTE-1 were between 50
and 60 percent [2]. The best result, 58.60%, was obtained by Glickman et al.

Figure 1. Resulting entailment classification: 1. True positives 2.
False positives 3. True negatives 4. False negatives

5. Conclusions and Future Work
We have implemented an application that exploiting the directional nature of text
similarities, computes if one text entails the other. In this application the “similarity”
between a pair of words was computed using almost all WordNet relations. We
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have tested our application for the RTE-1 training dataset and the best accuracy we
have obtained is 55.56%. We have explored some slight changes to the condition for
entailment in Tatar et al (2009).
Finally, as we have pointed out, there are improvement possibilities. Firstly, we
can use a word sense disambiguation algorithm for finding the exact sense of the word
to work with when computing the “similarities”. Secondly, the parameters, namely
σ1 , σ2 and θ, as well as the word “similarity” scores can be further tuned, potentially
using machine learning techniques.
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http://www.cs.biu.ac.il/ñlp/RTE1/Datasets/dev2.zip. Accessed 21-Mar-2009
(1)

Department of Computer Science, Babes-Bolyai University, Cluj-Napoca, Romania
E-mail address: pai11272@cs.ubbcluj.ro
(2)

Department of Computer Science, Babes-Bolyai University, Cluj-Napoca, Romania
E-mail address: dtatar@cs.ubbcluj.ro

KNOWLEDGE ENGINEERING: PRINCIPLES AND TECHNIQUES
Proceedings of the International Conference on Knowledge Engineering,
Principles and Techniques, KEPT2009
Cluj-Napoca (Romania), July 2–4, 2009, pp. 73–76

ONTOLOGICAL SOLVING OF THE TEAM BUILDING PROBLEM
ANDREEA-DIANA MIHIŞ(1)
Abstract. The problem of selecting the best person for a particular job is not
a simple one. This problem becomes more complex when there are a lot of
candidates. In this case, an application capable of selecting a small group of ideal
candidates or of sorting the candidates is very useful. This kind of application
can be realized easily if there is an ontological job-description database and the
candidates provide a similar ontological description of their competencies.

The team building problem is a complex task, and a continuous one. It starts
with the effective team constitution, and continues with the team performance improvement, from the output’s point of view to the team relationships point of view [1].
Ussualy, . A part of the first team constitution, is the problem of selecting the best
person for a particular job. Every person already has a professional experience that
can be concretized in the last jobs description or in an ontological tree-like structure
of the person’s competencies. If the job is also characterized by ontology, then the
problem of finding the best person for that particular job reduces to the problem of
ontology matching.
But the case of team building can be also considered from another point of view.
Instead of seeing the future team as a set of jobs, every job being characterized
by a set of competencies with a given weight, it can be seen as a set of weighted
competencies. The problem of team building could be reduced to the problem of
selecting the smallest set of persons that covers the ideal set of competencies.
From another point of view, the team building problem can have as starting point
a group of persons, every one with their competencies, and, by lowest cost refinement
of the persons, by training, the persons will match perfectly to the team structure.
The proposed ontological description of competencies can aid in the above problems solving. It is based on the fact that every people have a limited time at the
job, time in which he uses in a given weight his competencies. A base competency
can be a sub-competency of a more general one and a general competency can be
refined by a number of simple competencies every one in a given weight. This refinement/generalization of competencies will correspond to a tree like ontology. And
because a particular job can be seen as a general competency, a job can be also refined
in a set of base competencies, and so, the team building problem can be reduced to
an ontology matching problem.
2000 Mathematics Subject Classification. 68T50, 03H65.
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In my approach, I did not take into account the problem of this kind of ontology
generation, but only the selection problem. The ontology generation can be simplified
if there is available a set of base competencies, and can be facilitated by a domain
based selection mechanism.
1. The ontology of competencies
Ontology is a rigorous and exhaustive organization of some knowledge domain
that is usually hierarchical and contains all the relevant entities and their relations
[5]. There are diffrent kind of ontologies, from the simplest ones, close to a natural
language description, to the formal ones. But the most formal one have the most
aplicabillity [2] [3].
From the competencies’ point of view, a job or a competency can be described
using two or more sub-competencies. Since the job takes a fixed period of time, in this
period of time, the sub-competencies are used proportionally. If the job’s standard
period of time is considered to be 1, the sum of fractions of time in which a particular
competency is used will be 1. Following the same principle, a sub-competency can be
refined by a number of simpler competencies, every one representing a fraction of the
whole denoted with 1, that corespond to the parent competency. This process repeats
until, finally, base competencies are the leafs of the tree-like ontological structure (see
Figures 1 and 2).
This interpretation is a particular type of ontology in which the entities are represented by competencies and the relations are weighted. In this ontology only the
subordination relations are used and the sum of all weights of branches that starts
from the same node is 1.
2. Ontolgy matching
There are a lot of matching techniques [4] the most popular one being based on
natural language processing techniques. Such a technique uses the similarity between
the words from the two ontologies to compute a ontology similarity score. In my
approach, all the competency’s or job’s ontology has a predefined form, and so, is
simple to identify de difference between two ontologies because all the base competencies belongs to the same set.
Because of the particularity of the proposed type of ontology used, the matching
technique reduces to a score computation, as seen in the following example.
3. An example
In Figures 1 and 2 are two possible descriptions of the director job and of a
manager job. Let assume that both are in the same domain, so already the two
ontologies are 50% identical. From the point of view of entities, the two jobs are
identical, but the percentages in which countable skills and communication techniques
are required/used, induce a difference.
The simplest way to compare the two ontologies is from the point of view of base
competences. From this point of view, a
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director
50%

50%

management & communicative skills

domain specific skills
75%

25%
countable skills

communication techniques
50%

50%

50%

computer usage

countable specific computation
formula knowledge & usage

volubility

50%
persuasion

Figure 1. Director ontology
manager
50%
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management & communicative skills
75%
countable skills
50%
computer usage

domain specific skills
25%
communication techniques

50%
50%
countable specific computation
formula knowledge & usage

volubility

50%
persuasion

Figure 2. Manager ontology
director = 50%(75%(50% cu + 50% cscfku) + 25%(50% v + 50% p)) + 50% dss =
0.1875 cu + 0.1875 cscfku + 0.0625 v + 0.0625 p +0.5 dss
while a
manager = 50%(25%(50% cu + 50% cscfku) + 75%(50% v + 50% p)) + 50% dss =
0.0625 cu + 0.0625 cscfku + 0.1875 v + 0.1875 p +0.5 dss
We have abbreviated the competences description to every word’s first letter.
In order to compare in which percentage the manager is suited for the director
job, all the base competencies of the director that are covered by the manager receives
the same weight as in the director (is fully covered) and the competencies that are
not fully covered by the manager are weighted as in manager (not fully covered). If
a competency is missing, it’s score is 0.
So, manager → director = 0.0625 cu + 0.0625 cscfku + 0.0625 v + 0.0625 p +0.5
dss ⇒ 75%
4. The application
The application was developed in C++ and reads the ontologies from files, from
the form radix(subtree1, weight1, subtree2, weight2, ...). For instance, the director
ontology appears in the following form (I have abbreviate the competences description
to every word’s first letter):
director(mcs(cs(cu,0.5,cscfku,0.5),0.25,ct(v,0.5,p,0.5),0.75),0.5,dss,0.5)
First step is to assure the data integrity. No base competence can be the parent of its
parent and a competence cannot be refined using different competencies. Then, the
base competencies are identified. If in some ontologies a non-base competence appears
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as a leaf, there it will receive it’s sub-tree with a medium of the basic component’s
weight.
Next, the application computes the scores of matching a job with another, as
described in the example and finally, the person with the maximum value of the score
will be selected for the target job.
In the case of team building, when the team is seen as a weighted base competencies pool, an evolutionary algorithm will be used to cover the competencies with
the minimum number of persons, such that every person uses at least a given percent
of his/hers capacity.
5. Conclusions
I have proposed a new ontological type competencies based description of a job
and a person’s competency which allows the automatization of the team-building
process. In the future, I wish to automatize the process of constructing the ontologies, first assisting the construction, and next by automatically extraction from text
documents or a pre-form text document, as a CV.
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A ROMANIAN CORPUS OF TEMPORAL INFORMATION – A
BASIS FOR STANDARDISATION
CORINA FORǍSCU
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Abstract. The paper briefly describes the main steps towards obtaining the
Romanian version of the TimeBank corpus, together with the original annotations
- mainly the temporal markups. The automatic import of the annotations has a
success rate of 96%, whereas their preliminary evaluation shows that the transfer
is perfect in 91% of the situations, it needs amendments - due mainly to the
TimeML standard specific rules - in 5%, it has to be improved in 1% of the
cases, due to language specific phenomena, and it is impossible for the rest, due
to missing words in Romanian. These results permit an easier correspondence
from the English TimeML standard to the first version of the standard applied to
Romanian language - a set of guidelines for marking up Romanian text according
to the ISO-TimeML language.

One of the main goals in Information Extraction is to find out who did what to
whom, frequently continued with when and where. This paper intends to support
the ”where” part, especially for Romanian texts. After some preliminaries about
temporal information in texts and its use in NLP applications, in the second section
of the paper, starting with the original TimeBank 1.2. corpus (Pustejovsky et al.
2006), we briefly describe the process of creation, annotation, import and evaluation
for the Romanian version of the annotated corpus. The third section presents, based
on corpus evidence, the first set of guidelines for marking Romanian texts according to
the TimeML language (Saurı́ et al. 2006). The paper ends with the main conclusions
and future work on this topic.
1. Preliminaries about Temporal Information in texts
A simple sentence like On Friday morning, after listening the 8 o’clock breaking news, Sarah will go to her office to finish the article on the last week strikes
in Irak. displays both explicit, and implicit temporal information: time-denoting
temporal expressions (references to a calendar or clock system), and event-denoting
temporal expressions (explicit/implicit/vague references to an event). This text, with
the temporal elements identified, makes possible to arrange all the events on a time
axis through direct or indirect temporal links. Such processings can be then used
in many NLP applications (Mani et al. 2005) like: machine translation, question
2000 Mathematics Subject Classification. 68T50, 68T99.
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generation & answering, information extraction or information retrieval (tracks in
competitions like TREC, CLEF, SemEval), or discourse processing.
Currently the TimeML standard is proposed as an ISO standard1 and it integrates
two annotation schemes: TIMEX2 (Ferro et al. 2005), a component technology in
ACE , conceived to fill the temporal attributes for extracted relations and events,
and Sheffield STAG (Setzer 2001), a fine-grained annotation scheme capturing events,
times and temporal relations between them.
The TimeML standard captures the event-structure of narrative texts, and even
if it has been developed mainly for English, currently there are guides for Italian,
Chinese, Korean, and Spanish. The mark-up language consists of a collection of tags
intended to explicitly outline the information about the events reported in a given
text, as well as about their temporal relations. The standard marks:
• Events through the tags: EVENT - for situations that happen or occur, states or
circumstances in which something obtains or holds true, and MAKEINSTANCE
- for tracking the instances or realizations of a given event.
• Temporal anchoring of events through the tags: TIMEX3 - for times of a day,
dates - calendar dates or ranges, and durations, and SIGNAL- for function
words indicating how temporal objects are to be co-related.
• Links between events and/or timexes through the tags: TLINK (Temporal) indicates 13 types of temporal relations between two temporal elements (eventevent, event-timex); ALINK (Aspectual) marks the relationship between an
aspectual event and its argument event, and SLINK (Subordination) marks
contexts introducing relations between two events.
2. English-Romanian TimeBank parallel corpus
The TimeBank corpus consists of 183 news report documents, temporally annotated conforming to TimeML 1.2.1; it includes XML markups for document format
and structure information, sentence boundary information, and named entity recognition. Even if the dimension of the corpus (4715 sentences with 10586/ 61042 unique/
total lexical units) might be too small for robust statistical learning and the annotation inconsistencies require corrections, it is considered to be the gold standard in the
domain, as the proof of concept of the TimeML specifications.
The Romanian version of the corpus (Forăscu et al. 2007) was obtained through
translation, with a rigorous set of guidelines. The aligned articles (4715 sentences,
65375 lexical tokens in Romanian) were double checked manually so that the next processing steps to perform better. The raw texts of the parallel corpus (sentence-level
aligned through translation) were then preprocessed (tokenized, POS-tagged, lemmatized and chunked) using the TTL module (Ion 2007). For the word-level alignment
we used the YAWA aligner (Tufiş et al. 2006). Two files were not aligned because of
a low translation quality. All the alignments in the 181 files were manually checked,
to improve the accuracy of the automatic transfer of the temporal annotations from
the English version onto the Romanian one. The success rate for the import of the
1ISO/DIS 24617-1: Language resource management – Semantic annotation framework (SemAF)
– Part 1: Time and events. ISO Committee Draft, Switzerland
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temporal markups altogether is 96.53%. The non-transferred tags are due to missing
translations (though the Romanian translation was a good and natural one), nonlexicalisations in Romanian, or missing alignments.
Preliminary evaluations (Forăscu 2008) show that the automatic temporal annotations transfer is perfect in 91% of the situations, it needs amendments - due mainly
to the TimeML standard specific rules - in 5%, it has to be improved in 1% , due to
language specific phenomena, and it is impossible for the rest, due to missing words
in Romanian. As a side-effect of these manual evaluations, we identified and marked
temporal elements (EVENT, TIMEX3 and SIGNAL) not (yet) marked in the English corpus. Most of these new elements, if not due to inevitable manual annotation mistakes,
especially for the SIGNAL tag, have as rationale the fact that all sentences express an
EVENT, through their main verb. The new TIMEX3 tags were added to vague temporal
elements (not that long ago, once).
3. TimeML annotation standard into Romanian language
The manual evaluation and the automatic annotation import of the temporal
information from English into Romanian were based on the original TimeML 1.2.1.
Hence it was foreseeable to have the Romanian temporal information marked in a
parallel manner with the English guidelines. When dealing with linguistic aspects of
Romanian constructions, we considered the main rules of the Romanian grammar2.
Concerning the tags EVENT and MAKEINSTANCE, the definition is the same in Romanian. The types of event-denoting expressions, as well as their extent obey the
rules stated for English. During the evaluation, the TimeML rule stating that ”the
tag will mark only the head of a verbal phrase” imposed to modify the tag extent into
Romanian in situations where adverbs were intercalated between the verbal phrase
constituents (also said - au mai spus), as well as with the reflexive verbs, when the
tag was automatically transferred onto the reflexive pronoun as well ((to) withdraw
- (să) se retragă)). One problem was with the aspect attribute of the EVENT tag,
since for Romanian verbs this grammatical category is not defined the same way like
for the English verbs. This is another reason why this corpus study is a step further
a better definition of the ”aspect” category for the Romanian verbs. For the TIMEX3,
SIGNAL and LINKs tags the rules developed in TimeML for English are also applicable
for Romanian in what concerns their definition, extent and values of their attributes.
4. Conclusions
Since the manual annotation of the temporal information is very time consuming
and expensive, the import of the annotations from English is proved to be a good
solution. The success rate of the import and its evaluation show that this procedure
can be easily used with other types of annotations or even with other language pairs.
The paper shows, based on corpus-evidence, how well the temporal theories can be
applied to other languages, here with emphasis on Romanian.
2

The Grammar of the Romanian Language. Romanian Academy Publishing House, 2006
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Future immediate activities include finishing the evaluation and the correction/
improvement of the annotations in the parallel Romanian-English TimeBank. This
will permit to clearly define the guidelines for temporal annotation in Romanian
language. The parallel corpus will be useful to extract mappings between different
behavior of tenses, as well as accurate translation memories. Moreover, the corpus
and the annotation guidelines can be resources in future evaluation campaigns like
SemEval 2010.
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COMPACTING SYNTACTIC PARSE TREES INTO ENTITY
RELATIONSHIP GRAPHS
PÉTER SZILÁGYI(1)

Abstract. At the moment computers are only able to extract useful information
from natural language using known patterns, reason for which they can only
reach the tip of the information iceberg contained within the texts. To gain more
information, shallow parsing techniques are no longer powerful enough, other
methods are needed, which can execute deep parsing on the texts to determine
the semantic elements and their relationships.
A new approach is introduced, with which the result of syntactic parsers can
be further processed to create a graph that is much more tractable for computer
programs. This goal was achieved in the following three steps: the enrollment of
the words of the text into important semantic categories; the extraction of the
relationships between the categorized words using syntactic rules based on the
syntactic parse tree; and the disambiguation of multi-sense relationships using a
probabilistic model constructed with maximum entropy.

1. Introduction
In this paper we present an approach, that takes computers one step closer to
being able to deal with texts, by further transforming the syntactic parse trees into
an entity–relation graph (Section 2). The processing steps are presented in detail in
Section 3, after which the approach is evaluated in Section 4.
The results produced by this method are similar to those using link grammars [7],
but instead of trying to figure out the best word linkage based on possible connection
points, our approach was to take a parse tree and try to contract that to arrive to the
final relationships. We also tried to simplify the structure as much as possible and to
create a graph with very concrete elements and relationships between them, also by
converting certain words into linkages, with which the link grammar does not try to
deal with.
2. Entity Relation Graph
Our goal is to represent a natural text of several sentences in such a way, that removes as many formulation–related information as possible and retains only the set of
entities, actions and relationships between them. To achieve this, we convert the text
into an entity relation model: a directed graph where the nodes are the entities, actions
and
modifiers
whilst
the
arcs
represent
different
relations.
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For the ease of understanding, consider the following sentence: “An apple
tree has branches and has leaves on the
branches”. This text contains three entities (tree, branches, leaves), one modifier (apple – the type of the tree) and
two actions (has – the tree branches,
has – the branches leaves).
Amongst
these elements a few relationships can
be found:
the basic predicate/object
(tree→has→branches, tree→has→leaves),
refinement (apple→tree) and a more complex relationship, Supporting Surface (branches→leaves).
3. Graph Construction
The syntactic parse trees (defined by the Penn Treebank project [5], introduced
in [4]) of the text were used as the starting point, and further processed to reach the
entity relationship graph defined previously. Our processing consists of three major
steps: extraction of the semantic and metaelements; contraction of the parse tree(s);
and the disambiguation of relationship senses. The first two are based on pattern
matching with manually predefined rules (derived from the structure of English sentences), the third on a maximum entropy model.
The semantic and metaelement extraction is used to substitute some of the word
nodes of the syntactic parse tree with semantic elements (entity, action, modifier)
and temporary meta elements (reference, binding), which will be further processed
in a later step. Entities are the subjects and objects of a sentence, and so reside
in noun phrases; care must be taken for multiple entities separated by coordinating
conjunctions, and for nouns preceding the main noun as they are modifiers not entities. Actions are the simplest elements to extract, all verbs in verb phrases can be
converted. Modifiers can also be easily extracted since they are nouns preceding the
entities in a noun phrase, used to assign a more specific meaning to the entity (these
can be cumulative). References are metaelements which signal that a certain entity is
not a “new” one, but one already mentioned before; these will not remain in the final
graph, but will be used as connection points to other entities in the graph (or even in
another sentence’s entity relation graph). We handled only the simplest of the cases,
when the referencing is achieved by the usage of the definite article “the”. Finally,
bindings are metaelement space holders for special relationships, whose precise sense
will only be disambiguated later; in our case the prepositions present in the text.
With the help of the previous step, all the word nodes in the syntactic parse tree
should have been replaced with semantic or metaelements. In order to completely
rid the entity relationship graph of text formulation constructs, the remaining internal nodes (sentence, clause, phrase) should also be removed, and the tree thus
contracted into a compact graph. Sentence nodes are usually the root nodes and
can be discarded. Clause nodes are more complicated, but to keep things simple, we
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assumed declarative sentences only, so they can be substituted with noun phrases.
Every phrase type has a dominant element (noun, verb, etc.), the place of which it
holds; secondary elements on the other hand only complement the meaning of the
dominant one. This way, to remove a phrase node, we first need to reconnect each
secondary node from the phrase to the primary node and replace the phrase with the
primary nodes (move them up one level and delete the empty parent). Lastly, we
can use the reference metaelements as contraction points: the original entity node is
kept, and every referencing entity is merged into it (graph arcs are reconnected to the
referenced entity, and the empty referencing entity discarded).
The final major step is disambiguating the meaning of the prepositions (binding
nodes), which is a hard task, as the New Oxford Dictionary of English contains 373
prepositions with a total of 847 meanings [1]. Since only contextual information can
help in the disambiguation process, a probabilistic approach based on maximum entropy was taken (first presented in [8, 9]) using the corpus from the SemEval–2007
workshop [6]. In order to keep things simple, the features used by the model were selected manually, these being: the preposition itself and the set of word stems present
in the sentence, each annotated whether it is located before or after the preposition
being processed. This way, the model reached a precision of 68.66% on the coarse
grained evaluation and 59.89% on the fine grained one.
4. Evaluation
Our planned usage scenario for the
entity relationship graph is the representation of information held within a U.S.
patent, to be able to automatically check
for collisions and to help verify that a company indeed has all the required rights for
a system. As a proof of concept, the entity
relationship graph built with our method
from the sentence “a web server for communicating computer programming competition client software to a web browser used
by a contestant”, quoted from U.S. patent
6761631[2] can be seen to the right.
As with every approach, this too has
certain limitations and drawbacks: the
model does not contain any information related to time; the precision and correctness
of the final entity relationship graph depends greatly on the initial parse tree (an error
will be propagated throughout the compacting procedure); and since the substitution
patterns and rules are handmade, there will always be unhandled cases.
It is important to note that the method presented was not designed to be upscaled to fully natural/spoken language, but instead it was concieved to work on a
more controlled and less ambiguous language present in some legal documents (like
patents).

PÉTER SZILÁGYI(1)
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5. Future Work
Possible improvements to the system include the creation of extraction rules to
handle adjectives and adverbs (these are quite rare in our usage scenario, but still
present here and there); the conversion of certain action nodes in the graph into
relationship arcs (e.g. “has”, “contains”). Finally, although our system is capable of
coping with a lot of constructs present in the patent system, the implementation of
one that is robust enough to completely handle the complexity still requires further
research and development.
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FROM DATABASES TO SEMANTIC WEB
LEON TAMBULEA

(1)

AND ANDREEA SABAU

(2)

Abstract. The data on Web is represented using written documents, in different
languages and in many formats. An application is able to perform searches on
the Web based on a number of key words, but it is not able to extract knowledge
from the search’s results. This paper presents some results regarding the Web’s
transformation into a Semantic Web.

1. Introduction
In order to punctuate the evolution of the Web, different version numbers are
allocated. Web 1.0 is characterized by static documents and the fact that does not
offer interraction with the users. Web 2.0 is distinguished by the fact that the users’
actions are dictating the content and the shape of the next document to be sent to
the browser. Different sites and services using the Web as a development platform
are included in this category (for example: blogging, Wiki, Flickr, BitTorrents, etc.).
Web 3.0, also known as Semantic Web or Inteligent Web, is characterized by the
possibility of applications to associate a meaning to various elements stored in the
Internet.
2. Semantic Web
The fast growing volume of information published on the Internet determines
the algorithms used to organize and to perform searches by the user’s given data
to be more and more complex. The currently implemented searching algorithms in
the Internet are usually based on key words and may have as result many links with
non-relevant data.
The idea of a Semantic Web came from the desire to have applications to perform
more complex operations, which are usually done by a human user after the searching
results are obtained: to generate knowledge using partial data, to associate a meaning
to various data, and to draw a conclusion.
In order to perform some reasoning on the obtained data during a search, the
elements stored in the Internet should represent informational units and relationships
between them. In this case, the applications should be able to select, to analyze and
to establish associations between such elements. These operations can be performed
2000 Mathematics Subject Classification. 68P05, 68P20, 68T30.
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by applications only if the informational elements have a fixed and known structure,
even if they are stored in different locations. In other words, their storing format
should be universal or standardized.
These elements are described on several levels [1, 2].
Level 1 is the base level of metadata and presents a way to specify simple semantic
declarations. It describes information and resources on the Internet, as well as the relationships between them, using the RDF (Resource Description Framework) language.
The information is stored in the form of subject-predicate-object (or resource-propertyvalue) expressions. The unique identification of an element (resource or property) is
accomplished by using an URI (Uniform Resource Identifier), in order to differentiate
many similar elements that may exists in the Internet. The properties are used to
describe an element. A property associated to a resource has a specific data type, and
the set of the properties’ names corresponding to a specific domain (or sub-domain)
gives a possible vocabulary for it.
Level 2 is the level of schemas and offers a possibility to build a hierarchic description for a given set of properties. In order to give a unique meaning to each element
for more persons or applications, a formalization of their description is necessary.
This implies the definition of some terms which have associated a ”semantic”. The
extensible knowledge representation language RDFS (RDF Schema, an extension of
the RDF) is used on this level to describe classes of RDF-based resources and generalized hierarchies of classes (sub-classes or super-classes).
Level 3 is the logic level where complex languages can be used (for example Web
Ontology Language) in order to model sophisticated knowledge.
3. RDF Triplets
A collection of RDF triplets is represented as a directed multi-graph with labeled
edges. In order to exemplify the form and the content of the RDF triplets, the schema
in 1 is considered.
The data represented in figure 1 can be stored in different Web pages, databases,
or other kind of files (for example Excel sheets), and can be obtained by consulting or
querying them. For example, the information represented by edges labeled with ”a”
and the connected nodes contains information about a conference, the information
represented by edges labeled with ”b” and the connected nodes contains organizational information about the Faculty of Mathematics and Computer Science, and the
edges noted with ”c” and the corresponding nodes represent the address of the same
institution. Because there are some resources which are used in common, also the
collections of data may be used in common and they are represented in the same
oriented graph.
Each of the labeled edges drawn in figure 1 corresponds to one triplet (r, p, v).
The components r and p represent the resource and the property of the triplet. Their
identifiers can represent different kind of data (for example: an email address for a
person or a Web link for a document), which are accessible items in the Internet
because they represent real addresses. Beside this, it is allowed to define within an
XML document a namespace corresponding to a real address in order to simplify
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Figure 1. Three collections of data retrieved from different sources,
but used in common in order to extract knowledge

the usage of an URI. For example, the namespace called ”a” can be associated to
”http://.../kept2009”, in which case a unique identifier does not represent a real
(accessible) address, like ”a:date”, ”a#date”, ”a/date”, etc.
The answer to the question ”Which is the date of the Kept2009 conference?”
can be determined using the collection of data noted as ”b” in figure 1, even if the
necessary data is not stored in the same data source. Nevertheless, finding the answer
for the question ”Which is the homepage of some Kept2009 conference’s secretaries?”
is not as easy as in the first example, because such data is not stored in any of the
data sources mentioned above. In this case, some additional collections of data have
to be consulted.
Different formats can be used to store subject-predicate-object triplets: RDF (is an
XML document, having the advantage of a well-known and standard format, and also
of many tools designed to manage this kind of data), Turtle (allows the RDF graphs
to be written in a compact text form using specific abbreviations [6]), Notation 3
(also known as N3, offers a more compact and readable non-XML form for the RDF
XML documents [5]) etc.
There is a lot of data stored in databases which could be offered (in whole or in
part) for answering different queries. In order to execute such operations, a conversion
from the relational model of databases in the XML model of the RDF documents
should be performed. Examples of such conversions are:
• The data stored within ”DBLP Computer Science Bibliography”, which contains over 1 million records, is offered as XML documents. In [3] is described
a method to convert this data in RDF documents (there are over 28 million
triplets in present).
• Part of the Wikipedia’s data is provided as RDF knowledge (over 280 million
RDF triplets), according to [4].
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4. Conclusions and Future Work
Semantic Web is intended to satisfy the following requirements:
• To retrieve data from different sources and represent them as RDF triplets;
• The need to have a system to access RDF triplets and query collections
of such triplets;
• To create search engines to perform searching in RDF documents and to
extract knowledge from them;
• To create browsers for Semantic Web.
The proposed future work includes the design of a method to formalize the transformation of the data from regular sources into data specific to Semantic Web.
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DOMAIN ONTOLOGY OF THE ROMAN ARTIFACTS FOUND IN
THE TOMIS FORTRESS
CRENGUŢA MĂDĂLINA BOGDAN
Abstract. In recent years, ontologies play an important role in domains such as
Semantic Web, Artificial Intelligence and Software Engineering, since they provide representations of shared conceptualizations of particular domains that can
be communicated between people and applications. The present paper presents
a domain ontology of the roman artifacts found in Tomis fortress of Constanta.
At first, we identified and informally described the domain concepts, together
with the concepts of their definition. Then we constructed the taxonomy of these
concepts, using the DOLCE and D&S ontologies. Furthermore, we defined the
conceptual relations between the concepts. Finally, with the assistance of the
RacerPro reasoner system, we checked the consistency of the ontology. Now, we
are using this ontology in order to construct virtual scenes of a software-authoring
tool for virtual environments.

1. Introduction
In recent years, ontologies play an important role in domains such as Semantic Web, Artificial Intelligence and Software Engineering, mainly for the knowledge
management.
An ontology is a formal specification of the concepts intension and the intensional
relationships that can exist between concepts. According to Guarino’s definition, ”an
ontology is a logical theory accounting for the intended meaning of a formal vocabulary,
i.e. its ontological commitment to a particular conceptualization of the world” [3].
Nowadays, there are some top-level ontologies (such as DOLCE, SUMO and BFO)
which describe very general concepts like space, time, matter, object, event, etc., i.e.
independent concepts by a particular domain or problem. Among these, we used
the DOLCE ontology [4] and one of its modules D&S [1]. DOLCE is an ontology
of particulars, in the sense that its domain of discourse is restricted to particulars.
Other top-level ontologies might be used.
In this paper, we present an ontology of the roman artifacts found in the Tomis
fortress from Constanta. To our knowledge, an ontology of the roman objects has not
been constructed until now.
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Concept name
amphora

chiton

tiara

Informal description
Big dimensions Greek vessel of conic or cylindrical shape, with
round or sharp bottom, narrow neck and two symmetrical
handles; made of wood or ground; used for hold liquids (oil or
wine), solid matters, or for decoration.
Classical Greek piece of garment consists of a rectangle piece
of cloth, which was draped around the body and caught by an
edge and shoulders with fibula.
A crown-like jeweled headdress
Table 1. Informal description for some important artifacts

2. The Used Methodology
The methodology of ontology construction is based on the few existent methodologies, like ontology development 101 and other ones. From these methodologies,
we used the method that is presented in [5]. According to this method, in order to
construct an ontology we follow the next steps: a) determine the domain and scope of
the ontology; b) consider reusing existing ontologies; c) enumerate important terms
in the ontology; d) define the classes and the class hierarchy; e) define the properties
and relations of classes; f) create instances.
3. Construction of an Ontology of the Roman Artifacts
3.1. Domain and the Scope of the Ontology Identification. The ontology models the roman epoch of the Tomis fortress-Constanta, Romania, between the years 46
A.C. and 610 A.C. and the founded objects from that period. We consider ships, vessels, constructions types, pieces, as well as clothing accessories or armament elements
of the roman fighters.
3.2. Identification of the Essential Concepts and Taxonomy Construction.
Furthermore, we identified the important concepts for the studied domain. In Table
1 we give the informal description of the semantics for some of the concepts used in
the roman epoch of the Tomis fortress. The next step is the definition of the class
taxonomy, in which we map each concept, identified in the previous step, in a class
and sequent generalization of them. The generalization was done on the basis of the
subsumption relation [4]. Furthermore, we made an ontological commitment by using
of the DOLCE and D&S ontologies.
In the next, we present the taxonomy of the roman objects after the categories
that represent ”roots” of their sub-taxonomies. In addition, these categories are directly related by a DOLCE or D&S category. We further mention that in the construction of the taxonomy we used the OWL-DL (Web Ontology Language-Description
Logic) language [8] and the Protégé editor [2]. For instance, the vessels taxonomy is
presented in the figure 1.
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Figure 1. The taxonomy of vessels categories
3.3. Identification of the Conceptual Relations. The most of the conceptual
relations of our ontology map the relations found in the DOLCE and D&S ontologies, such as inherent-in, part-of, participate-in, generically-dependent-on and so on.
For instance, between the amphora and ground concepts exists the DOLCE genericconstituent-of relation, because there are amphorae that are made of ground. There
are also relations which are specific to our ontology such as support, protect, is-put-on,
and so on. For instance, continuing the above example, between the amphora and oil,
wine or solid matter concepts there is the hold relation.
4. Ontology Verification and Validation
In DOLCE, the restrictions are given using a subset of the first-order logic and
their verification is a long time task. That is why, we translated our ontology in OWL
DL language [8] and we checked its consistency with the help of the Protégé tool [2]
and the RacerPro reasoner system [7]. Furthermore, the ontology has been validated
by the National History and Archeology Museum of Constanta.
5. Conclusion
We presented in this paper an ontology of the roman artifacts found in the Tomis
fortress from Constanta. The taxonomy of this ontology was used for the construction
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of 3D models in virtual reality [6]. Now, we are using this ontology in order to
construct virtual scenes of a software-authoring tool for virtual environments.
5.1. Acknowledgements. This work is partially funded within the TOMIS project,
no: 11-041/2007, by the National Centre of Programs Management, PNCDI-2 Partnerships program. We are grateful to Valentina Voinea for her help into the ontology
validation, as well as to Andreea Matei for her efforts in the construction of this
ontology.
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THE AUTONOMOUS ROBOTIC TANK (ART): AN INNOVATIVE
LEGO MINDSTORM NXT BATTLE VEHICLE
RADU ŢURCAŞ, OANA IOVA AND ZSUZSANNA MARIAN
Abstract. The Autonomous Robotic Tank (ART) is a miniature tank built from
Lego Mindstorm NXT parts that scans its surrounding and detects targets of an
apriori set colour with the help of an ultrasonic sensor, a webcam and a flashlight.
ART shoots projectiles towards the identified targets, with a slingshot-based
firing system.We have developed two algorithms named FirstTry and SecondTry
that can be used in different situations by the tank. The SecondTry algorithm
is a more complex adaptation of the FirstTry algorithm. Statistics show that
SecondTry algorithm is better than FirstTry.

1. Introduction
Robots are taking the place of humans in many industrial processes, for faster
and more accurate production. In medical care, robots such as ROBODOC can
perform orthopaedic surgeries [1]. Robots are also an important part of education.
A commonly used educational robot is the Lego Mindstorm NXT, which can be
used both by children and by specialists, depending on the complexity of the task.
Also, robots are often designed to replace humans in life threatening situations. For
example, they can be used to explore unknown terrain, search for wounded people in
poorly accessible areas or can engage in military action.
We have built, designed and programmed a Lego Mindstorm NXT robot that acts
as a miniature version of an autonomous tank, using tracks for mobility and firing
projectiles towards targets. The robot searches for red-coloured objects according to
an algorithm and shoots towards them with plastic balls as projectiles. Based on
its major characteristics, the robot was named Autonomous Robotic Tank (ART).
We implemented two different algorithms, termed FirstTry and SecondTry. Statistics
show that the robot performs very well, with higher efficiency for the SecondTry
algorithm.
The paper is organized as follows: in Section 2 we describe several robots that
share features with ART. In Section 3 we offer a description of the design and engineering of ART. Finally, we give some concluding remarks in Section 4.
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2. Related work
The concept of an autonomous tank or war machine can be identified in several
other robots, such as Ripsaw MS1, The Mercenary, Mad Max, or Stryker. The latter is
an army tank that is able to detect obstacles and to operate based on the information
gathered by its on-board sensors and by the lead vehicle of the convoy [2]. The Ripsaw
MS1 is an Unmanned Ground Vehicle that can reach high speeds and advance over
large obstacles. However, it is not autonomous [3]. The Mercenary autonomously
tracks and shoots at players with paintballs [4]. Mad Max is an autonomous tank
that performs bump sensing, obstacle avoiding, target finding and triggering [5].
3. Autonomous Robotic Tank
The goal of our project was to create a miniature Lego version of a tank that can
autonomously select its targets from a multitude of environmental stimuli and fire
projectiles only at them.
3.1. Components. The Lego Mindstorm NXT kit offers a wide variety of components that can be assembled in different ways, depending on the task to be performed.
The central piece is the NXT brick that serves as the “brain” of the robot [6]. It is accompanied by different sensors, servo motors, and technical pieces. The programming
language used was Bricxcc/NXC [7].
3.2. Technical details. ART has tracks, one on each side, for better stability and
easier manoeuvring. A third track is part of the shooting system, which acts on the
basic principle of a slingshot. This track is located inside the main body of the robot
and has a pin attached to it. When the pin reaches the upper side of the track, it
moves a Lego piece that functions as a striker. The striker has a rubber band attached.
Once the pin reaches the end of the track, the striker slips and is pushed forward with
force by the rubber band, hitting a projectile that flies towards the target. Extra
ammunition is kept in a so-called charger space. Eight projectiles are stacked on
top of each other in the frontal part of the robot and reloading is automatic. The
ultrasonic sensor serves to identify surrounding objects so that the robot will be able
to avoid clashing into them. The NXT V1.1 web cam is used to detect the targets of a
specific colour. A flashlight serves to emit light that can cover only a small surface in
the direction of the projectile, parallel to the ground. Only the lit part of the target
object is recorded as the target. In this way, the detection of fallen targets that lie
on the floor is avoided because the beam of light will not hit targets that are still in
the webcam range.
3.3. Algorithm. In the following sections, we propose two algorithms, named FirstTry and SecondTry, for guiding the actions of ART in the field.
Image processing. The camera can track a line or a maximum number of 8 objects
which may have one of 8 different, user defined colours. The choice for ART was
the object tracking mode. The NXTCamView program allows capturing a picture,
selecting a colour from it and uploading it to the camera. As a result the camera
will only detect the uploaded colour, a hue of red recorded from the lit part of the
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target. NXTCamView has another feature, called tracking, which simulates the way
the camera works: it represents the objects the camera ”sees” as if they were composed
of rectangles with the X and Y coordinates from the upper-left corner, and records
the height, width and colour of the object.
Robot actions. In the FirstTry algorithm, the first contact to the environment
is established by measuring the distance to an object in front of the robot. As long
as the distance is greater than the reliable range of the camera (40 cm) the robot
keeps going forward. When there is something found in its range, ART verifies if the
object is a target by reading the number of rectangles detected by the camera. If this
number is greater than zero, than there is a target in front of the robot and shooting
occurs. If the object is not a target, it makes a random 90 rotation to the left or to
the right. The robot follows this algorithm until it runs out of balls. If the number
of targets is smaller than the number of balls, the robot keeps searching for targets
for surveillance. This algorithm is fairly simple, but it has an advantage: it makes no
assumptions about the size of the territory or about the position of the robot inside
it. This is important because it can apply to any territory.
An improved version. SecondTry is an improved version of the algorithm. When
the robot is stopped by an obstacle, it starts turning around and in the meantime
checks if there are objects around it. If ART senses something closer than 10 cm
it goes back for 0.5 seconds in order to avoid contact and protect the integrity of
the camera or the flashlight. When a target is found at less than 40 cm from the
robot, it stops and shoots. If the camera still detects a target in front of the robot,
a second projectile is shot. To avoid the entrance in a redundant cycle, the rotation
is no longer initiated if the robot has already made a 360 rotation without stopping.
In this case, a while loop makes the robot turn 150 if there is something in its way.
Based on a series of empirical experiments, we observed that 150 is the optimal value
to be used. This turn is important because at the end of a round in which no targets
were detected and no stops were made, the robot might face an obstacle.
3.4. Numerical Experiments. In order to verify that SecondTry is indeed an improved version of the FirstTry algorithm we tested both algorithms in the same conditions. The test field was a square with dimension 180 cm x 180 cm. Four red and
two blue targets were used for the tests, each 30 cm in height and 6.5 cm in diameter.
For each algorithm, thirty tests were conducted. The results showed that for the
FirstTry algorithm the average time needed to hit all four targets is 318.4 seconds
(standard deviation 191 seconds), while for the SecondTry algorithm the time is just
134.4 seconds (standard deviation 54.6 seconds). The 95% confidence intervals for the
results of the two algorithms do not overlap. In conclusion, the SecondTry algorithm
is an improvement of the FirstTry algorithm.
3.5. Discussion. Taking into consideration the statistical analysis, ART can be considered a success, but many improvements could still be achieved. Technically, using
more resistant parts and finding a more firm way of coupling the flashlight to the
robot would improve its stability and the accuracy of the firing. A more specialized
webcam would improve colour recognition of the targets and may allow tracking. In
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the case of other examples such as Madmax or the Mercenary (Section 2), it is enough
to rotate the gun and the camera to follow targets, while in our case ART should turn
as a whole, since its firing system is an integral part of the robot’s main body.
4. Conclusion
The Autonomous Robotic Tank resembles a tank, both in appearance and in
function. However, it is not the epitome of a regular tank, as it has a large charger
rising vertically and also a light-emitting device, a webcam and a Brick for target
recognition. The latter components and the two implemented algorithms make ART
autonomous. By functioning according to a predefined algorithm, the robot can
work in the field independently of the presence of human beings. There is increasing
emphasis on the principle of autonomy because the purpose of robotics is to protect
and improve human lives.
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Abstract. A collaborative search model (DACE) relying on the interaction and
coevolution of spatially distributed individuals is studied. Population is organized
in three agent societies (Local, Far and Global) engaged in asynchronous search
process. Six variants of DACE characterized by the presence/absence of fitness
ordering, local recombination and agent-based search are considered. The most
efficient model is identified for a set of test problems.

1. Introduction
Connections between population geometry and individual interactions in evolutionary search are explored with the aim of developing a model able to efficiently
address complex optimization/search problems. The Distributed Asynchronous Collaborative Evolutionary (DACE) model relies on asynchronous population model and
search operators. The DACE population is endowed with a topological structure
guiding selection and search processes [1,2]. The DACE model is a very general distributed search scheme admitting several instances able to cope with particular fitness
landscapes (environments). Different strategies for recombination and population geometry are investigated and studied in several numerical experiments.
2. Distributed Asynchronous Collaborative Evolutionary Model
The Distributed Asynchronous Collaborative Evolutionary (DACE) model integrates evolutionary optimization with emergent behavior generated by agent-based
interactions and recombination strategies facilitated by a certain population topology.
In order to ensure a flexible search process in solving very difficult problems,
DACE individuals are identified with agents [3] having the objective of optimizing
a fitness function. This objective is pursued by communicating with other individuals, selecting a mate for recombination based on individual strategies and performing
mutation. Individuals can exchange information regarding specific environment characteristics (such as the current fitness value) and specific messages (such as request
and inform) for establishing recombination strategies.
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The model implies three societies of agents (individuals). LIA (Local Interaction
Agents) behaviour emphasizes local search while FIA (Far Interaction Agents) individuals are able to guide the search towards unexplored regions. The GIA (Global
Interaction Agents) society focuses on the global exploration of the search space realizing the connection between the LIA and FIA societies. Population dynamics emerges
through the recombination of individuals from different societies and a dominance
principle - an offspring belongs to the class of the dominant parent. The dominance
probability represents the (probabilistic) membership degree of an offspring to the
society LIA (FIA) when one of the parents is a GIA individual.
The model uses an asynchronous search scheme. Individuals from a certain layer
are updated through proactive recombination and are involved in forthcoming recombination and mutation processes within the same epoch. Details about this search
model can be found in [1,2].
3. DACE Strategies
In order to select the most efficient DACE strategy, different DACE variants have
been considered along the following three main ideas: order of individuals based on
fitness, recombination strategies between individuals belonging to different societies
and agent-based behaviour. Corresponding to these strategic alternatives, six different
variants of the DACE model are studied as follows:
• DACE UL (DACE Unordered Local) and DACE UG (DACE Unordered Global),
where individuals are randomly distributed on layers and individuals from LIA
and GIA accept as mates only individuals from the same society, respectively
GIA individuals as well;
• DACE OL (DACE Ordered Local) and DACE OG (DACE Ordered Global),
where individuals are arranged according to their fitness and individuals from
LIA and GIA accept as mates only individuals from the same society, respectively GIA individuals as well;
• DACE WL and DACE WG (DACE Without societies and with Local, respectively Global recombination), where individuals are arranged according to
their fitness but they are not structured in societies; mates are selected for
recombination only from their local neighborhood, respectively on a global
basis from the entire population.
4. Numerical experiments
A set of six benchmark functions [4] is engaged for these numerical experiments as
follows: f1 - Shifted Sphere Function, f2 - Shifted Rosenbrock’s Function, f3 - Shifted
Rotated Ackley’s Function With Global Optimum On Bounds, f4 - Shifted Rastrigin’s Function, f5 - Shifted Rotated Rastrigin’s Function and f6 - Shifted Rotated
Weierstrass Function.
The algorithms have the following parameters: a population consists of 8*8 (64)
individuals, the mutation probability is 0.2, the tournament size is 1/2 of the considered group of individuals and convex recombination is used. The dominance probability has randomly generated values between 0.45 and 0.65 [2]. The error values
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UL
UG
OL
OG
WL
WG
B 1.49E+04 1.58E+04 8.16E+02 4.34E+02 2.18E+04 1.76E+04
M 6.68E+04 6.53E+04 2.71E+03 2.05E+03 5.23E+04 5.95E+04
S 2.74E+04 2.53E+04 1.44E+03 9.30E+02 1.98E+04 2.01E+04
B 1.68E+10 2.21E+09 1.30E+07 1.87E+07 1.08E+10 8.80E+09
M 8.43E+10 8.01E+10 2.27E+08 1.28E+08 1.00E+11 1.08E+11
S 4.23E+10 6.08E+10 2.58E+08 7.55E+07 6.40E+10 5.75E+10
B 2.13E+01 2.10E+01 2.04E+01 2.02E+01 2.14E+01 2.13E+01
M 2.17E+01 2.17E+01 2.07E+01 2.07E+01 2.17E+01 2.17E+01
S 1.45E-01 2.40E-01 1.40E-01
1.65E-01
2.23E-01 2.41E-01
B 1.51E+02 1.17E+02 1.79E+01 2.18E+01 1.67E+02 1.41E+02
M 2.38E+02 2.20E+02 3.46E+01 3.88E+01 2.43E+02 2.48E+02
S 5.71E+01 4.58E+01 9.36E+00 9.75E+00 4.15E+01 5.92E+01
B 1.58E+02 2.17E+02 3.89E+01 3.15E+01 1.70E+02 2.39E+02
M 3.68E+02 4.23E+02 6.69E+01 5.77E+01 4.28E+02 3.80E+02
S 1.07E+02 1.28E+02 1.60E+01 1.35E+01 1.28E+02 8.96E+01
B 1.41E+01 1.43E+01 6.93E+00 6.99E+00 1.42E+01 1.35E+01
M 2.08E+01 2.05E+01 9.83E+00 9.44E+00 1.99E+01 2.07E+01
S 2.84E+00 2.86E+00 1.31E+00 1.35E+00 3.27E+00 3.15E+00
Table 1. Numerical results for the considered DACE strategies:
best error values (B), average error values (M), standard deviations
(S)

f (x) − f (x∗ ) where x∗ is the real optimum, are presented in Table 1. The best and
the average error values have been recorded after 1E+3 function evaluations (FEs),
after 25 runs of each algorithm for each function with dimension D=10. The obtained
standard deviations are also presented in the table.
The results clearly show an overall better performance of the DACE OG algorithm
compared to the other DACE variants. This is an indication of the benefits generated
by a fitness-ranked population topology and an agent-inspired collaboration strategy
for selection and recombination. Global search delivers better results compared to
the local strategy.
The numerical results obtained using a sorted population structure (DACE OL,
DACE OG) are clearly superior to those obtained by the DACE variants where the
population is distributed in layers without sorting individuals according to fitness
(DACE UL, DACE UG). Furthermore, the DACE variants having no agent-based
behaviour (DACE WL, DACE WG) are outperformed by the DACE models where
the search process is guided by the interactions between individuals belonging to
societies with different strategies.
Similar results have been obtained for 1E+4 FEs and for functions with dimension
D=30.
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5. Conclusions
A distributed evolutionary asynchronous search model is described and analysed.
The main features of the model refer to the geometrical structure of the population
guided by the fitness of individuals and the asynchronous search process facilitated
by collaboration between agent-inspired subpopulations.
The importance of sorting the population based on fitness, local/global search
strategies and society-differentiated behaviours are analysed based on a set of numerical experiments for the optimization of complex functions. Numerical results clearly
emphasize the benefits of fitness-ranked population topology and agent-based search
integrating local, far and global selection strategies. The collaboration between individuals with various selection/recombination strategies facilitates a benefic adaptive
population behaviour in evolutionary models.
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A STEP-BACK SENSITIVE ANT MODEL FOR SOLVING
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Abstract. Ant colony optimization models are investigated with the aim of designing a new ant-based model better suited for real-world complex problems.
The proposed Step-Back Sensitive Ant Model (SB-SAM) is inspired by the real
behaviour of Lasius niger ants including u-turns in the process of selection. A
’step back’ is taken by an agent if it reaches a virtual state modulated by various
sensitivity levels to the pheromone trails. An effective exploration of the search
space is performed particularly by agents having low pheromone sensitivity while
the exploitation of intermediary solutions is facilitated by highly-sensitive ants.
Numerical experiments carried out for solving the Linear Ordering Problem emphasize a better performance of the proposed SB-SAM algorithm compared to
the Ant Colony System (ACS) technique.

1. Introduction
The Ant Colony System (ACS) model [1] relies on the stigmergic interactions between many identical agents (or ants) to find solutions to a given problem. Inspired by
the real-world collective behaviour of social insects, Ant Colony Optimization (ACO)
algorithms have been successfully applied to a variety of combinatorial optimization
problems ranging from quadratic assignment and scheduling to protein folding or vehicle routing. In the ACS model, each ant generates a complete tour (associated
to a problem solution) by probabilistically choosing the next node at each path intersection based on the cost and the amount of pheromone on the connecting edge
(according to the state transition rule) [1]. Stronger pheromone trails are preferred
by ants and the most promising tours build up higher amounts of pheromone in time.
It is proposed to extend the ACS model inducing heterogeneity in the population by endowing each ant with a different level of sensitivity to pheromone trails.
Additionally, the extended model takes further inspiration from biology (specifically
from the real behaviour of Lasius niger ants) allowing ants to make u-turns and take
a step back on the path. The proposed model is called Step Back Sensitive Ant Model
(SB-SAM) and modulates ant behaviour by defining a virtual state for ants having a
certain sensitivity level. The virtual state transition rule avoids a selection of the next
2000 Mathematics Subject Classification. 68T20.
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step from the available nodes forcing the agent to take a ’step back’ to the previous
node and explore other regions of the search space.
Numerical experiments focus on the Linear Ordering Problem (LOP) - a wellknown combinatorial optimization problem seeking a permutation of rows and columns
in a given matrix of weights in order to maximize the sum of weights in the upper
triangle [2]. The results reported by SB-SAM are better than those of ACS indicating the potential of inducing heterogeneity in ant-based models for better addressing
real-world difficult problems where complex behaviour patterns are needed.

2. The Step-Back Sensitive Ant Model
The Step-Back Sensitive Ant Model (SB-SAM) extends the ACS model [1] by
inducing heterogeneity in the ant population and by allowing ants to make u-turns
during the search process. The aim is to enhance the search capabilities of the system
particularly for complex solution spaces.
Each agent is endowed with a pheromone sensitivity level denoted by PSL (expressed by a real number in the unit interval) which triggers many types of reactions
to a changing environment. The variable pheromone sensitivity within the same population of ants can potentially intensify the search (through high PSL values) while
in the same time inducing diversity for the exploration of the environment.
In SB-SAM, the probability (used in the ACS model [1]) of choosing the next
node from those available is renormalized using the PSL values for each agent in
such a way that each potential future transition is associated a lower probability. An
agent k selects the next node u from the current node i at time t with the probability
spiu (t, k) given by:

(1)

spiu (t, k) = piu (t, k) · P SL(t, k),

where piu (t, k) represents the ACS transition probability [1] and PSL(t, k) is the
PSL value of agent k at time t.
A virtual state can be selected by ant k with probability 1−P SL(t, k). The action
associated with the virtual decision rule is nature-inspired: it has been observed that
the Lasius niger ants include u-turns in the process of selection which have a high
impact on the quality of the detected paths [3]. Therefore, the virtual state transition
rule specified by SB-SAM makes the ant to take a ’step back’ by selecting the previous
node. The pheromone trail is locally updated by decreasing the pheromone intensity
on the edge connecting the current node with the previous one. The search continues
from the new current node until a complete tour is built.
It should be noted that the probability of an agent to take the virtual state
decision is inverse proportionally with the agent’s sensitivity level: lower PSL means
higher chance to take a step back whereas high PSL values favour the application of
the ACS-inherited state transition rule.
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3. Numerical Experiments
The proposed SB-SAM algorithm is compared to the ACS model in solving several
LOP instances.
LOP is a well-known NP-hard problem having a wide variety of real-world applications including triangulation of input-output matrices, single-machine scheduling
and aggregation of individual preferences within different contexts [2]. LOP can be
formulated in graph theory terms of searching for an acyclic tournament having the
maximum sum of arc weights in a complete weighted graph. An acyclic tournament
corresponds to a permutation (or an ordering) of the graph vertices.
A LOP solution is a list of n vertices constructed in a step by step manner by
each ant based on the transition rules specified by the ant model. Both ACS and
SB-SAM algorithms are initialized with a greedy solution [4] obtained based on a
2-exchange neighbourhood search (solutions obtained by permuting two positions in
the ordering). In the SB-SAM approach, the P SL value for each agent is randomly
generated each cycle using an uniform distribution.
Numerical experiments use the 49 LOP instances available in the well-known
LOLIB [5] real-world data library. LOLIB provides the known optimum solution for
each problem instance. The deviation of the obtained solution from the optimum
solution is computed for each problem instance. The results are recorded based on
the average over five runs of the algorithm with 5000 iterations each.
To compare the performance of the two ant-based models the average deviation
is analysed for each problem size from LOLIB: 44, 50, 56 and 60. A better overall
performance of SB-SAM is clearly supported by the obtained results (the deviation of
SB-SAM solutions from the optimum is generally lower compared to ACS solutions
while for a small number of problem instances ACS obtains a slightly better average
deviation).
Table 1 presents the numerical results obtained for ACS and SB-SAM for instances
of size 50. The problem instance and the known optimal solution are given in the
first two columns of Table 1. The other two columns present the average deviation of
ACS and SB-SAM obtained solutions from the known optimum. It can be observed
that SB-SAM obtains a lower deviation for all problems in Table 1 indicating that the
solution obtained by SB-SAM is closer to the optimum solution compared to ACS.
Similar results have been obtained for the other problem instances considered (not
given here due to paper length restrictions).
The proposed SB-SAM model obtains solutions of a higher-quality compared to
the standard ACS model emphasizing the benefits of heterogeneous agent behaviour
(induced by the PSL distribution in the population) and the potential of supplementary search space exploration generated by the step-back virtual decision rule.
4. Conclusions
The SB-SAM technique is an ant-based model able to facilitate search diversification by allowing some ants to make u-turns and return to the previous node under certain conditions. Ants are endowed with various sensitivity levels to pheromone trails
generating different reactions to the same environment. Agents with low pheromone
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Table 1. Average deviation from optimal solution obtained by ACS
and SB-SAM for LOLIB instances of size 50
Problem
Instance
50-be75tot
50-be75oi
50-be75np
50-be75eec

Optimal
Solution
1127387
118159
790966
264940

ACS
Avg.Dev.
0.0034
0.0006
0.0004
0.0024

SB-SAM
Avg.Dev.
0.0033
0.0001
0.0003
0.0018

sensitivity tend to select a virtual state transition taking a ’step back’ to the previous
node and exploring other search regions. Numerical experiments indicate a better
performance of SB-SAM compared to the ACS technique in solving various instances
of the linear ordering combinatorial optimization problem.
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IMPROVING DEFINITION ALIGNMENT BY SVM
WITH A KERNEL OF KERNELS
LAURA DIOŞAN(1) AND ALEXANDRINA ROGOZAN(2) , JEAN-PIERRE PECUCHET(2)
Abstract. The alignment between a specialized terminology used by the librarians to index concepts and a general vocabulary employed by a neophyte user in
order to retrieve documents on Internet, will certainly improve the performances
of the information retrieval process. We develop a medical terminology alignment by an SVM classifier with an optimised kernel trained on a compact, but
relevant representation of such definition pairs by several similarity measures and
the length of definitions. The results obtained on the test set show the relevance
of our approach, as the F-measure reaches 88%. However, this conclusion should
be validated on larger corpora.

1. Introduction
The need for terminology integration has been widely recognized in the medical
area leading to a number of efforts for defining standardized terminologies. It is,
however, also acknowledged by the literature, that the creation of a single universal
terminology for the medical domain is neither possible nor beneficial, because different
tasks and viewpoints require different conceptual choices [2].
This situation demands for a weak notion of integration, also referred to as alignment in order to be able to exchange information between different communities. In
fact, the commonalities of two different terminologies have to be found in order to
facilitate interoperability between computer systems that are based on these two terminologies. In this way, the frontiers between general language and specialist one
could be linked.
The goal of our work is to enrich the information retrieval system with a set of
links that correspond to an alignment of two concepts, which allow a better exploitation of specialised terminologies and electronic dictionaries in order to benefit from
the advantages of their strengths. A non-expert user would therefore access documents indexed through the concepts of a professional dictionary if they are correlated
by semantic links to a general dictionary. An important idea is to look for the terms
indexed by an expert by using a non-specialized vocabulary and vice versa. In this
context, one of the most important tasks is to achieve an automatic alignment of
concepts. The main aim is actually to find a mapping between different sequences of
2000 Mathematics Subject Classification. 68T05,91E45.
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words, but of the same meaning, in our case the meaning of a concept being represented by its definition(s) from one or more dictionaries (i.e. to associate definitions
from different dictionaries that correspond to the same or to similar concept). Therefore, the concept alignment is actually viewed in terms of definition alignment.
This paper is structured as follows: Section 2 details the characteristics of the
corpora and of the alignment model, which is analysed (through several numerical
experiments) in the next section. Finally, Section 4 concludes the paper.
2. Corpora and alignment model
To our knowledge, only the problem of aligning sentences from parallel bilingual
corpora has been intensively studied for automated translation. While much of the
research has focused on the unsupervised models [3], a number of supervised discriminatory approaches have been recently proposed for automatic alignment [1].
The growing number of resources to be indexed in the catalogue of online health
resources in French (CISMeF) calls for creating strategies involving automatic indexing tools while maintaining the catalogue’s high indexing quality standards. To this
end, Neveol et al. [4] developed several automatic tools that retrieve MeSH descriptors
from documents titles.
One of the most important tasks is to achieve an automatically alignment of
concepts. In our case, the meaning of a concept is represented by its definitions from
more dictionaries. This alignment of definitions, which is the main goal of the VODEL
project as well, has certainly to improve the fusion between a specialized terminology
and a general vocabulary employed by a neophyte user in order to retrieve documents
on Internet. Therefore, the concept alignment is actually viewed in terms of definition
alignment.
In order to automatically perform this alignment, more definitions are considered
from different dictionaries. Pairs of two definitions (that can define the same concept
– and in this case we deal with two aligned definitions – or different concepts – the
definitions being not aligned in this case) are formed. Thus, the alignment problem
could be considered as a binary classification problem: the inputs of the classifier are
the pairs (of two definitions) and the outputs are the labels ”aligned” or ”not aligned”
corresponding to each pair.
The corpus has been realised during the VODEL project by a team of linguistic
specialists (G. Lortal, I. Bou Salem and M. Wang). They have chosen two specialised
dictionaries (MeSH and VIDAL) and two general dictioanries (LDI and WIKIPEDIA).
Several preliminary treatments of these definitions have been perfomed, since the literature shows that a purely statistical approach on the plain text provides weak
results for automatic text understanding. This linguistic processing refers to: segmentation, stop-word filter, lemmatisation and syntactic labelling. Since the VODEL
project was interested in how different syntactic levels influence the performances
of the alignment process, the definitions have been considered at different syntactic
levels: nouns, nouns and adjective, nouns, adjectives and verbs.
We use several measures of similarity between two structures: the Matching, the
Dice, the Jaccard, the Overlap and the Cosine measure. By working only with a
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representation based on these measures, instead of a classical one, the models we
develop are able to map the initial vectors (based on a bag of word approach) into a
space of reduced dimension, where the computation effort is smaller.
The alignment is considered as a classification problem where each input is represented by the similarity between two definitions and the label associated to that couple
of definitions (aligned or not aligned) represents the output. An SVM algorithm is
actually used to perform this classification-alignment.
In order to classify the definition couples, the SVM algorithm uses the above
representations and a kernel function. The parameters of the SVM model (the penalty
for miss-classification C and the kernel parameters) are optimized on the validation
set by using the model proposed in [5].
This model was aimed to automatically design a complex multiple kernel (called
Kernel of kernels - KoK) and to optimise its parameters by evolutionary means. In
order to achieve this purpose, a hybrid model that combines a Genetic Programming
(GP) algorithm and a kernel-based Support Vector Machine (SVM) classifier was
proposed. Each GP chromosome is a tree that encodes the mathematical expression
of a KoK function. The purpose of this model was to find the best KoK function
and to optimise its parameters, but also to adapt the regularisation kernel parameter
C. These three objectives are achieved simultaneously because each GP chromosome
encodes the expression of a KoK and its parameters. The GP-kernel is involved into
a standard SVM algorithm to be trained in order to solve a particular classification
problem. After an iterative process which runs more generations, an optimal evolved
KoK is provided. The proposed combination of kernels could be learnt from thousands
of examples while combining hundreds of kernels within reasonable time. Thus, the
SVM classifier is automatically adapted to the problem, actually the alignment of
definitions.

3. Experimental validation and discussions
Several numerical experiments are performed by using our model for six different
combinations of dictionaries and for different syntactic levels. Two kernel types are
considered: a well-known RBF kernel and an evolved kernel of kernels. Several performance measures, borrowed from the information retrieval domain, are utilised in
order to evaluate the quality of the automatic alignments: the precision of alignments,
the recall of alignments and the F-measure.
The results on the test set disjoint from that training one show the relevance of
our original approach based on the concatenation of the similarity measures, since the
F-measure reached 87.99%. In the case of using an RBF kernel, the model based on
learning from nominal groups like NA (Nouns-Adjectives) leads to better performance.
In the case of an evolved kernel of kernels the best results are obtained for the MEMO
vs. MeSH combination at the syntactic levels of nouns. In some cases our evolved
kernel of kernels improves the performance of the classifier.
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4. Conclusions and remarks
In this paper we presented our model for the automatic alignment of definitions
taken from general and specialised dictionaries. The definitions have been considered
at three syntactic levels and the influence of each level has been analysed. The best
performances are obtained by using the SVM algorithm and the evolved kernel of
kernels, since the classifier (in fact its kernel function and the hyper-parameters) is
better adapted to the alignment task to be solved.
Further work will be focused on: considering a representation of definitions enriched by semantic and lexical extensions (synonyms, hyponyms, and antonyms) and
on developing of an alignment model based on an SVM algorithm with a specialised
multiple kernel (this specialisation could be considered in terms of combination of
more kernels for text processing (e.g. string kernels)).
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EQUILIBRIA DETECTION IN ELECTRICITY MARKET GAMES
D. DUMITRESCU(1) , RODICA IOANA LUNG(2) , AND TUDOR DAN MIHOC(3)
Abstract. A general technique for finding equilibria in finite non cooperative
games is applied to compute Nash equilibria of an electricity market. The approach is based on a characterization of equilibrium using a generative relation.
This relation induces an appropriate domination concept. A population of strategies is evolved according to a domination-based ranking. The process converges
towards a very good approximation of the game equilibrium.

1. Introduction
Detecting Nash equilibrium is a fundamental computational problem in finite
noncooperative games [1]. In a pure strategy Nash equilibrium each decision-maker
plays a pure, non necessarily dominant strategy, that is the best response to the
strategies of other players.
An evolutionary technique for detecting equilibria is used. Equilibrium is characterized by a binary relation on the game strategies, called generative relation. The
relation induces an appropriate domination concept. Game equilibrium is described
as the set of non dominated strategies with respect to the generative relation. For
equilibrium detection a population of strategies is evolved according to a fitness concept given by domination-based ranking. The process converges towards the game
equilibrium.
This approach is used to compute efficiently the Nash equilibrium for an electrical
spot market modeled as a noncooperative game [2].
2. Basic notions
Some basic notions related to game theory are presented. A finite strategic game
is defined as a system Γ = ((N, Si , ui ), i = 1, n) where:
• N = {1, ..., n} is a set of n players;
• for each player i ∈ N , Si represents the set of actions (pure strategies)
available to her, Si = {si1 , si2 , ..., simi };
• S = S1 × S2 × ... × SN is the set of all possible situations of the game;
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• an element of S is a strategy profile (or strategy) of the game;
• for each player i ∈ N , ui : S → R represents the payoff function.
Let s∗ be a strategy profile. Denote by (sij , s∗−i ) the strategy profile obtained from
s∗ by replacing the strategy of player i by sij i.e.
(sij , s∗−i ) = (s∗i , s∗2 , ..., s∗i−1 , sij , s∗i+1 , ..., s∗n ).
S−i denotes a strategy profile of every player except i.
Definition Profile strategy s∗ is a Nash equilibrium [4] if the inequality ui (s∗ ) ≥
ui (sij , s∗−i ) holds for every action sij of player i, sij ∈ Si .
Let k(s0 , s00 ) denotes the number of individual strategies from s0 which replaced
00
in s give better payoff for the corresponding player.
k(s00 , s0 ) = card{i ∈ {1, ..., n}|ui (s0i , s00−i ) ≥ ui (s00 ), s0i 6= s00i }
Otherwise stated k(s00 , s0 ) is the number of players benefiting by switching from s00 to
s0 and measures the sensitivity of s00 with respect to perturbations supplied from s0 .
The lower sensitivity, the higher is the stability of s00 with respect to s0 .
We may use
m(s00 , s0 ) = n − k(s00 , s0 )
as a measure for the relative quality of s00 with respect to s0 .
Let us consider a relation RN on S × S: (s0 , s00 ) ∈ RN if and only if s0 is better
than s00 with respect to m, i.e. m(s0 , s00 ) > m(s00 , s0 ). Therefore (s0 , s00 ) ∈ RN if and
only if k(s0 , s00 ) < k(s00 , s0 ).
Proposition 1 [5] RN is the generative relation of the Nash equilibrium, i.e. nondominated strategies with respect to RN are the Nash equilibria of the game.
3. Evolutionary equilibria detection
Let R be the generative relation for a the specific equilibrium E.
A sequence of approximations of equilibria set E may be constructed using selection methods based on generative relation R and variation operators.
A population of strategies is evolved. The initial population is randomly generated. Strategy population at iteration t may be regarded as the current equilibrium
approximation. Subsequent application of such operators (like the simulated binary
crossover (SBX) [3] and real polynomial mutation [3]) is guided by a specific selection
operator induced by the generative relation.
Selection for survival can be done by using a procedure based on the same selection operator or another one, also correlated to the generative relation. In this way
successive populations produce new approximations of the equilibrium front.
The previous approach can be summarized in a technique called Relational Evolutionary Equilibria Detection (REED) as described below.
REED algorithm
S1. Set t = 0;
S2. Randomly initialize a population P (0) of strategies;
S3. Binary tournament selection and recombination using the simulated binary
crossover (SBX) operator for P (t) → Q;
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Qmax [MW] cmin [$/h] cmax [$/h]
100
800
2500
200
1300
6000
300
1800
9000
Table 1. Generators data

G1 G2
G3
Avg.
65.6 87.2 114.03
St. dev. 0.02 0.12
0.43
Table 2. Average of detected equilibrium approximation and standard deviation in the final population of 100 strategies after 100
generations

S4. Mutation on Q using real polynomial mutation → P ;
S5. Compute the rank of each population member in P (t) ∪ P with respect to the
generative relation. Order by rank (P (t) ∪ P );
S6. Rank based selection for survival → P (t + 1);
S7. Repeat steps S3 - S6 until the maximum generation number is reached.
4. Numerical experiments
We asses in this section our approach to compute the Nash equilibria on an
electricity market. The spot market consists in three generators G1, G2 and G3. All
generators have a limited production capacity Qi max and a production cost
CMi =

Q2i
2
Qi max

× (ci

max

− ci

min )

+ ci

min

where Qi is the amount of power the generator i is scheduled to produce, ci max is the
production cost when the generator i works at full capacity and ci min is the generator
i maintaining costs per hour. The values for each generator are defined in Table 1.
We consider a price spot market with a price cap of 50$/MWh. The equation
P rmarket = (1 −

Q1

Qtot
+
Q
max
2 max + Q3

) ∗ 50
max

gives the price of the MWh when a total amount of energy Qtot is produced. The
profit ui for generator i is computed using the following expression:
ui = Qi ∗ P rmarket − CMi .
The strategy profile (s1 , s2 , s3 ) ∈ S consists in the amount of power produced by each
generator. A very good approximation of Nash equilibrium has been detected without
difficulty for the game. In Table 2 we have the average and the standard deviation of
the final population.
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5. Conclusions
An evolutionary technique for detecting approximations of non cooperative game
equilibria has been used and evaluated. A game that simulates a spot market with
three players is used to exemplify the detection Nash equilibrium. The proposed
method, based on generative relations, allows to compute with relative small resources
the equilibrium. A qualitative study of the detected approximation also denotes the
efficiency of method.
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UNIVERSICS – A STRUCTURAL FRAMEWORK FOR
KNOWLEDGE REPRESENTATION
IOACHIM DRUGUS(1)
Abstract. A “theory of universes”, or Universics, was developed as a framework for integration of disciplines via their universes of discourse. The formal
apparatus of Universics is obtained by a revision of set theory, motivated by the
necessity to take into account the agents processing sets. This revision lead to
entities of a new kind said to be the universes. The content of mind is regarded
as a universe built according the atom-aggregation-association, or A3, approach,
which in [1] is placed in the foundation of the workings of mind. By “inverse
engineering”, the “form”of any universe is declared as amenable of description
via the data model of the A3 approach. The meaning is assigned to universes via
(homo)morphisms of universes. A universe with meaning is said to be a world a treatment which complies with the usage of this term in Semantic Web. The
integration of knowledge of the worlds of different disciplines can be achieved
via application of functors of category theory. At SemanticSoft, Inc., a software
system for knowledge representation based on the data model of Universics is in
the process of development.

The strength of the Leibniz’ metaphor of possible worlds was demonstrated by
its conceptual service to the development of at least two frameworks - the Kripke
models [2,3] for modelling non-classical logics, and the forcing method in set theory,
which allowed to solve one of the most complex Hilbert problems, the “continuum
hypothesis” problem N1. The aim of this research is to place the Leibniz’ metaphor
of ’possible worlds’ in the basis of a formal holistic discipline which would use a “partwhole” relationship by involving also the largest “whole”, the Universe. I will refer to
this discipline as Universics. In Universics I will treat anything which has a form as
a universe and any universe, the entities of which are meaningful - as a world. This
paper is focused on the data model of Universics, while the operational aspect of this
discipline will be described in a chapter of the book [4].
1. Worlds and Universes
The dictionaries assign different meaning to the two words, “World” and “Universe” - “World” is the name of the planet Earth seen from the human point of view,
and “Universe”- denotes “everything that constitutes reality”. I will use these two
words as plurals, thus, changing their status from names of individuals to names of
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classes. Also, based on the distinction emphasized by dictionaries, I will consider,
that a world is a result of a view of an intelligent agent upon a universe. There can
exist many such views upon just one universe, the Universe (which can be said to be
“worldviews”) and this is responsible for the multiplicity of worlds. Any view can be
treated as limited to a part of the Universe, which I will say to be a body and which
I will treat also as a universe.
I will also treat a view upon a universe V as a constraint on the possible interpretations of the universe. This treatment of view can be regarded as a generalization of
the notion of interpretation treated in Semantic Web as a closed world interpretation.
A view can be treated as an open world interpretation or, simply, open interpretation.
This intuition leads to the category of universes and views (open interpretations),
in the sense of category theory. Also, the intentionality reasons of phenomenology
demand to regard a view as oriented towards an object, and make abstraction from
the subject. Therefore, I define a world W , treated as obtained in result of a view, as
an ordered pair (v, V ) where v is a morphism from a universe U , subject of view, to
a universe V , object of view.
2. The A3 approach
To further formalize the notions introduced above, we need to specify what is a
form, or a “structure”, of a universe. Here, I used “structure” between quotation
marks, because this word is reserved for “structures within” a universe, and I will
accept, that alongside structures, a universe can contain also atoms which, by definition, are “non-structures”. I will regard, the structures to be built via a construction
process, which can proceed from atoms, but which can also create an atom out of
a structure, by encapsulating it, i.e., by limiting the view to only the identity of a
structure. Since a form can be structured into many structures, I regard form to be
a more fundamental notion than “structure”.
In formalization of Universics, I am making use of the atom-aggregation-association
approach, or A3 approach, to brain informatics as outlined in [1], which I also regard
as a method native to Universics. The A3 approach is used to define the form of a
body of knowledge, and via a procedure which I am saying to be “inverse engineering,” I will consider any universe to be “in the image” of its representation in mind
and I will assign to it the same form as its image in mind.
According the A3 approach (formulated here informally), all the logical operations can be reduced to three logical operations: (1) Atomification - associating with
a structure an entity of type atom said to be identity of the structure (an operation which can be ascribed to the bridge between cerebral hemispheres, called corpus
callosum), (2) Aggregation - creating a set and associating with it an atom of type
aggregation said to be identity of the set (operation ascribed to right cerebral hemisphere, for most people) (3) Association - creating an ordered pair and associating
with it an atom of type association (operation ascribed to left cerebral hemisphere,
for most people)
An atom, set or an ordered pair may obtain many identities, so that the names of
these entities may be modified by the prefix multi : multi-atoms said to be individuals
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to keep compliance with of Semantic Web, multi-sets said to be aggregations, and
multi-ordered-pairs, said to be association triples. The universe of such entities is
quite different from the universe of set theory with the ”extensionality axiom”. The
axiomatization of this domain is planned to be done in [4]. I will say the result of
multiple application of these operations to be a body. If in construction of a body no
atom is re-used to serve as an identity, i.e., if in each application of one of the three
operations a new identity is created, so that the identity identifies the entity with
which it is associated, then the body will be said to be a universe. We can regard the
application of each of the three operations as independent on each other and, similar
to physics, will assign a ”dimensionality” to each body or universe, said to be a ”universal dimensionality” - scale (the dimensionality of atoms), space (dimensionality
of aggregations), time (dimensionality of associations) (see also [1]). Based on these
informal considerations, I will introduce formally the basic notions of Universics in
the next section.
3. The Category of Universes
A body B is a tuple (A, A1 , A2 , A3 ), where A is a class said to be foundation of,
and its elements – entities of, the body B, and also
(1) A1 is a 1-ary relationship of “being an atom”, or atomicity property,
(2) A2 is a 2-ary aggregation relationship such that for any (x, i) in A2 , i is an
atom and is said to be identity of the set {x ∈ A|(x, i) ∈ A2 } ,
(3) A3 is a 3-ary association relationship such that for any (x, i, y) in A3 , the
entity i is an atom said to be identity of the ordered pair (x, y).
An argument k of a n-ary relationship R is said to be its primary key, if for any x1 ,...,
xn , y1 ,..., yn such that R(x1 , ..., xn ) and R(y1 , ..., yn ), if xk = yk then
(x1 , ..., xn ) = (y1 , ..., yn )
Finally, we can define our central notion. A universe is a body, such that the
identities of its atoms, sets and ordered pairs are primary keys.
A morphism of a body B = (A, A1 , A2 , A3 ) into a body C = (A0 , A01 , A02 , A03 ) is
a triple (B, h, C), where h is a function from A to A0 , such that h preserves each of
the relationships An , i.e., for n=1,2,3, and a tuple (x1 , ...xn ) in An , h(x1 , ...xn ) =
(h(x1 ), ...h(xn )). This is a very compact definition which allows to generalize the
notion of open function from topology, homomorphism from algebra, and several
other notions, but it also introduces the notion of preservation of atomicity, i.e. preservation of discreteness (vs continuality) of a universe. To discover the behavior
of such morphisms in each of the three universal dimensions, this definition needs to
be examined in detail for each value of n.
A body in a universe is the image of a morphism in a universe. Various notions like
motion of bodies and other notions usually attributed to physics can be introduced,
but since we are focused on IT, I will give below only some examples of universes and
bodies in the IT domain.
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4. Applications of Universics
Examples of universes are the universes of discourse of axiomatic set theories.
In such universes, due to the ”extensionality axiom”, each entity has exactly one
identity. Arbitrary universes as defined in this paper contain entities with multiple
identities which allows to treat named sets as objects of discourse. Additionally,
due to the atomification operation which allows to encapsulate a structure into an
atom, such universes allow to model the organization of matter in levels of different
depth as in physics: elementary particles, atoms, planets and stars, galaxies, or the
organization of the world of biology into bio-molecules, cells, organisms, populations.
To distinguish between the atoms in physics and the atoms in a universe as we defined
this notion, we will say our atoms to be ”logical atoms”.
An important class of examples of universes are the ontologies of Semantic Web,
which can be treated as normalized universes - i.e. universes built up in a uniform
manner. Namely, the ontologies are constructed by first applying the association
operation and obtaining triples, then aggregating many times the triples in different
structures. Such a treatment extracting the pure structure of an ontology helps to
find correlations between different languages of Semantic Web.
References
[1] Drugus, I. A. Wholebrain approach to the Web. In: Proceedings of the “Web Intelligence –
Intelligent Agent Technology Conference”, Silicon Valley, Nov 2-5, 2007.
[2] Kripke, S. A Completeness Theorem in Modal Logic, Journal of Symbolic Logic 24(1):1–14.1959.
[3] Kripke, S. Semantical Considerations on Modal Logic, Acta Philosophica Fennica 16:83–94, 1963.
[4] Web Intelligence and Intelligent Agents, ISBN978-953-7619-X-X, to appear in September, 2009.
(1)

Dimo 31/1 Apt. 117, Chisinau, MD-2045, Republic of Moldova
E-mail address: ioachim.drugus@semanticsoft.net

KNOWLEDGE ENGINEERING: PRINCIPLES AND TECHNIQUES
Proceedings of the International Conference on Knowledge Engineering,
Principles and Techniques, KEPT2009
Cluj-Napoca (Romania), July 2–4, 2009, pp. 119–122

KNOWLEDGE ACQUISITION FROM HISTORICAL
DOCUMENTS
IOAN SALOMIE(1) , MIHAELA DINSOREANU, CRISTINA POP, AND SORIN SUCIU

Abstract. In this paper we present an intelligent system that performs
knowledge acquisition from historical documents. Through knowledge acquisition, the content of documents is semantically annotated and the domain
ontology is enriched. The paper describes the analysis of the document corpus and the steps for creating the core of the domain ontology as prerequisites
of the knowledge acquisition process. Lexical annotation and knowledge extraction are based on domain-dependent components that include rules for
extracting the relevant information from the document’s content and knowledge acquisition rules, for mapping the extracted information to ontology
concepts and properties. Our work was validated on documents addressing
the medieval history of Transylvania, proving to be an efficient approach to
knowledge retrieval as response to ontologically-guided agent queries.

1. Introduction and Related Work
Digital repositories have become necessary for preserving the content of historical and archival documents. Access to document digital copies can be granted
to a wider range of users without the risk of deteriorating the originals. In order
to handle effectively a great number of digital documents, it is useful to provide
mechanisms to automatically process, manage and retrieve relevant information.
Knowledge can be discovered by applying reasoning, learning and data mining
techniques on digital documents repositories. The heterogeneity of such natural
language documents makes them hard to be processed by machines. This problem
can be solved by designing methods for knowledge extraction, creating knowledge
representation models and mapping the extracted knowledge to the models.
The objective of our work consists in developing an intelligent system which
creates a digital repository of semantically annotated documents targeting machine
reasoning and learning based on content data. The obtained knowledge can be
used to provide researchers and historians a means to obtain relevant results to
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their queries. We adopted Semantic Web techniques for knowledge capturing,
representation and processing. As a result, our system adds a layer of machineprocessable semantics over the content of documents by using a domain ontology.
Our case studies focused on processing the documents available in the Cluj County
National Archives [1] regarding the medieval history of Transylvania.
The system is organized on three interacting processing layers: (i) the raw
data acquisition and representation layer, (ii) the knowledge acquisition layer enriches the system knowledge by annotating the raw documents with entities
from the domain ontology and (iii) the knowledge processing and retrieval layer
- retrieves relevant documents and knowledge as response to ontologically-guided
agent queries. The system follows two main workflows, namely knowledge acquisition on one hand and knowledge processing and retrieval on the other hand. In
this paper we detail the knowledge acquisition workflow.
Representative approaches to knowledge acquisition include (i) OntoPop, which
proposes a solution for performing semantic annotation of documents and ontology
population in a single step by using knowledge acquisition rules [3], (ii) Ontea, a
semi-automatic annotation and information retrieval technique which uses regular
expression patterns, lemmatization methods and indexing mechanisms on documents in English and Slovak [5] and (iii) SOBA, which builds a soccer knowledge
base from Web pages by lexically annotating their content, extracting the relevant
information and mapping the annotated entities to ontology elements [4].
2. Knowledge Acquisition Prerequisites
Document corpus. We created our corpus by pre-processing a set of original
archival documents capturing historical facts of medieval Transylvania. The historical evolution of Transylvania is the main source of documents heterogeneity,
mainly determined by (i) the documents language (Latin, Hungarian, German
and Romanian), (ii) the institution that issued the document (e.g. royal, local
or religious authorities), (iii) the writing embellishments that decorate the documents. These characteristics lead to difficulties in automatic document processing
and therefore we decided to use as corpus the document summaries created by
archivists, accompanied by their technical details (e.g. date of issue, archival
fund).
Core of the domain ontology. Our system uses a historical domain ontology in
the processes of knowledge acquisition, document annotation and semantic querying. The domain ontology is developed in two stages: (i) a manual iterative process
which creates the core of the domain ontology after a thorough domain analysis
and (ii) an automatic ontology population process with knowledge extracted from
documents. In designing the core of the ontology we studied the medieval history of Transylvania and a large set of corpus documents together with historians
and archive experts. This way we have identified the most relevant concepts (e.g.
places, persons, dates and events) and relations.
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3. Knowledge Acquisition Workflow
The Knowledge Acquisition Layer performs information extraction and document annotation, having as objectives to (1) populate and extend the domain
ontology with domain-specific information retrieved from the processed documents
corpus and (2) to annotate the documents with domain ontology entities. Our solution is the domain-independent Knowledge Acquisition Pipeline (see Figure 1).
The pipeline is inspired by OntoPop [3] and introduces three new processing steps:
(i) technical data extraction, (ii) synonyms population and (iii) homonym identification. Specializing the pipeline requires modeling the addressed domain as a
set of domain-specific resources: (i) the rules to extract the technical data, (ii)
the pattern-matching rules for lexical annotation, (iii) the domain ontology, (iv)
the knowledge acquisition mapping rules for semantic annotation and ontology
population, and (v) the thesaurus and dictionary for synonyms. In the following
we briefly present the processes in the Knowledge Acquisition Pipeline.

Figure 1. Knowledge Acquisition Pipeline
Technical Data Extraction processes the metadata of the raw documents. The
technical data is domain and organization-specific and is created by a domain
expert. We use the technical data for determining thresholds involved in reasoning.
Through Lexical Annotation the relevant information from the documents’ content is extracted and lexically annotated using GATE [6] with a set of patternmatching rules represented as JAPE grammars [6]. The identified lexical elements
are structured as a hierarchy and stored in an XML file.
Knowledge Extraction relies on a set of knowledge acquisition mapping rules for
(1) semantic annotation of documents using ontological concepts and (2) ontology population. Knowledge acquisition mapping rules define (i) how to associate
ontology concepts to lexical annotations and (ii) actions to be executed for populating the domain ontology with new instances from the documents’ content. A
RDF file containing the semantic annotations of the raw document is also created.
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Ontology Population adds to the domain ontology the new instances discovered
in the knowledge extraction process, together with their synonyms and properties.
We identify homonyms by using a distance function which evaluates the homonymous relationship between a candidate instance and an already stored instance.
Ontology population triggers actions which infer new knowledge and maintain the
ontology consistency by using SWRL rules and the JESS rule engine [2].
4. Conclusions and Future Work
We presented a solution to knowledge acquisition from historical documents
by applying Semantic Web techniques. Knowledge acquisition is organized as
a pipeline of processing components that use domain-specific resources enabling
technical data extraction, lexical annotation, knowledge extraction and ontology
population. The resulting knowledge is composed of the domain ontology populated with instances and relations, together with the RDF files containing the
semantic annotations of each processed document. The knowledge is used for
information and document retrieval in answer to ontology-guided agent queries.
As for future work proposals, we intend to enhance the domain-specific resources
to process multilingual terms. Such an enhancement would allow our system to
address a broader set of documents about medieval Transylvania, not only those
written in Romanian but also those written in German and Hungarian.
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EYE-TRACKING DATA EXPLORATION WITHIN INTERACTIVE
GENETIC ALGORITHMS
MARCEL CREMENE(1) , OVIDIU SABOU(2) , DENIS PALLEZ(3) , AND THIERRY BACCINO(4)
Abstract. This research is part of a project whose aim is to offer a general
method for building artificial faces by using interactive genetic algorithm. Preliminary experiments are concerned with color discrimination and number comparison. The objective of this research is to compute the ranking for each individual
(artificial face), based on the data collected from an eye-tracking system.

1. Introduction and problem statement
The idea proposed in this paper is related to a general method [2] for building
artificial faces (police portraits), based on human interaction. An interactive genetic
algorithm [1] creates artificial faces and displays them simultaneously on the screen.
The idea is to create a ranking between these individuals and use a rank-based fitness
assignment for the genetic algorithm.
An eye-tracking system records continuously the user’s gaze activity (while looking at the virtual faces) in order to replace the human explicit actions like using
keyboard or mouse. The eye-tracking system offers an interface that is much more
faster and easier to use than a keyboard/mouse based interface and avoid the user
fatigue (for a high number of iterations).
Preliminary experiments are concerned with color discrimination and number
comparison. Thus, the rank is known a priori and we can use supervised learning in
order to classify the ocular (eye-tracking) data.
Each subject involved in the experiments is asked to identify the lightest color
(experiment 1) or the highest number (experiment 2). The eye-tracking systems
measures various parameters such as: the time the user has focused on a colored
square, the pupil diameter and its relative rank, the relative time focused on screen,
the maximum variation of the pupil diameter, etc. In our experiments, there are 16
parameters used as inputs for the rank classifier.
Based on this measurements, the system assigns a (subjective) fitness to each
candidate solution shown on the screen. Eight colors/numbers are presented to the
screen simultaneously. Colors/numbers are ranked according to the subjective fitness.
Each epoch, the fittest individual in the population is selected. Using this individual,
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the interactive genetic algorithm generates a new population. The process ends after
a pre-established number of generations.
Our objective is to find a correlation between the ocular activity and the individual (color, number) rank. The aim is to train the system to discover the order the
colors are presented in the experiment, based on the ocular data. Supervised learning technique is used. Data produced by the eye-tracking system is used as training
data for a linear classifier in order to detect rules enabling to associate an unknown
individual to a predefined class.
2. Proposed system
The system based on interactive genetic algorithms and eye-tracker interface is
depicted in figure 1. The Genetic algorithm generates the individuals, the Classifier
computes the rank for each individual, the Individual Strategy selection bloc uses
the ranks in order to select the individuals that will be used for creating the next
generations.

Ocular data
video camera tracking
reflected infrared ray
on user’s cornea
infrared ray sent to user’
right eye

Indiv. Clasifier

Individuals
Genetic Alg.

Individual Ranks
Indiv. Selection Strategy

Figure 1. The system based on interactive genetic algorithms and
eye-tracker user interface
3. Numerical experiments
A set of about 54000 data vectors was recorded from the eye tracking system.
Each vector corresponds to one individual. We make the hypothesis that there is
a correlation between the ocular activity and the individual rank. The rest of this
section presents a set of tests that were done in order to test our hypothesis.
Test 1: MLP neural network classification. In order to classify the ocular
data in 8 classes, a first test was done using a MLP neural network (Multi-Layer
Perceptron) with 16 inputs and 24 respectively 14 neurons on the hidden layers,
using the back-propagation algorithm. The test results with 5000 training vectors
offered very poor results. The network was able to correctly classify only about 14%
of the data (not included in the training set).
Test 2: multi-classifier toolbox. Classifier performance depends very much
on the characteristics of the analyzed data. There is no classifier that works the best
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on all possible problems. Knowing that, we have done also some additional data
analysis using the toolbox ”Matlab Classification Toolbox” from Meraka Institute.
We have analyzed our data using the following classification methods: Fisher’s,
Neural networks (NN), Naive Bayesian (NB), Gaussian (ML), Direct Tree (DT), and
T-distribution with full covariance.
The classification errors obtained using the classification methods described previously are depicted in figure 2. A set of 10000 vectors was used. As we can observe,
the best results were obtained using the Fishers linear classifier that it is also on of
the fastest methods. On the second place we have the neural network classifier but
the difference comparing to the Fisher’s method is high. These errors were calculated
for the training set of 10000 vectors.

Figure 2. Data classification errors obtained with different algorithms
The toolbox includes some other algorithms such as k-Nearest-Neighbor and
Gaussian Mixture Model but we were unable to use them on the full data set because they required too much resources (memory, time). However, we have tested
these two algorithms on a reduced data set but their performances were poor.
Test 3: SVM classification. A multi-class implementation of SVM[4] was
used to classify the dataset. The initial data was split in two parts, a training set
of examples, comprising 5000 examples and the test set, containing the rest. The
obtained accuracy was 32%.
After observing that the output of the classifier is not just a usual pattern, but a
rank that forms an order relation with the rest of the classes, the accuracy analysis
was further developed by taking into consideration the distance between the expected
output and the one obtained from the SVM. An output result was considered accurate
if it had an error less or equal than one. For example, if the expected output was
4 and the actual output was 3,4 or 5, the output was considered correct. For ranks
close to the boundary (1, 2, 7, 8) the new accuracy was 81%. The middle ranks were
classified with 55% accuracy. A possible explanation is that individuals of strong
interest or no interest stand out from the set.
A binary version of the dataset, with the first three ranks in one class and the
rest in the other class was also tested with SVM, but the results were actually worse
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than the multi-class version. A possible explanation is that the SVM implementation
used the one-versus-one strategy for multi-class classification which relied on multiple
small machines with roughly equal number of training examples. The noise in the
binary case contributed against the edge class, which had fewer training examples.
4. Conclusion and further work
The results that have been obtained so far are not accurate, but they indicate
that individuals of interest could be separated from the rest by using ocular data. A
possible improvement to the current approach is to reduce the dimension of the data
(in order to reduce the noise) and classify the new data with SVM.
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DECOMPOSITION METHODS FOR LABEL PROPAGATION
LEHEL CSATÓ AND ZALÁN BODÓ
Abstract. In semi-supervised learning we exploit the “information” provided
by an unlabelled data-set, in addition to the usually small training data-set. A
commonly used semi-supervised method is label propagation [9] where labels are
propagated from labelled to unlabelled data by employing similarity measures.
The drawback of the algorithm is that its time requirement is prohibitive. This
means that when a large amount of unlabelled data is used, a feasible algorithm
is needed to compute the labels. In this paper we propose an approximation to
label propagation. We divide the original problem into sub-problems that are
computationally less prohibitive. A decomposition into K parallel sub-problems
is considered where the sub-problems randomly and sparingly communicate with
each other.

1. Introduction
Semi-supervised learning [9; 1] is a generalisation of the a pattern recognition
problem to data sets where only a fragment of the available data is labelled. The
motivation is that data labelling is a time consuming human activity whilst – in
contrast – collecting unlabelled samples is cheap leading to huge amounts of unlabelled
data, a good example is the data from DNA arrays [2] with only a tiny fraction
processed, or the the huge document set from the internet, exploited by Google [5].
In semi-supervised learning the training data is augmented with unlabelled data, i.e.
L ∪ U = {(x1 , y1 ), . . . , (x` , y` ), x`+1 , . . . , x`+u }, where ` and u are the sizes of the
labelled and unlabelled parts respectively. We assume ` ¿ u and we use n = ` + u.
The task is to assign labels to the unlabelled part, using the information present in
the joint data-set L ∪ U.
Based on the density of the inputs, X = {x1 , . . . , xn }, and further restricting the
structure of the data, we complete the labelling process. Suppose for example that
“professor” is a good predictor for the study category. Then, if the words “professor”
and “university” are correlated in X , detection accuracy when using both words is
improved. We use label propagation [9], a similarity-based technique where the labels
are propagated based on closeness between data items. In this article we propose an
approximation to handle large data-sets using ideas from stochastic sampling.
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2. Label propagation
Label propagation exploits the neighbourhood relation – the topology of the embedding space to construct a graph with nodes from X and edges encoding similarities;
this graph is used to improve classification. Label propagation simulates a diffusion
process that propagates the labels to neighbouring edges leading eventually to labels
for the whole set X . The graph is fully connected with edges weighted by the degree
of similarity Wij of the nodes xi and xj :
¶
µ
d(xi , xj )
n
(1)
Wij = exp −
and W def
= {Wij }i,j=1
α2
where d(·, ·) is a distance between the points and α is the radius of similarity. Other
distance measures are the cosine similarity, Jaccard coefficient, Dice coefficient, or the
similarity in (1) [3; 7]. In the following we use bold capitals for matrices and bold
lowercase for vectors, other quantities are scalars. We normalise the similarity matrix
W, to obtain transition probabilities:
n
X
−1/2
−1/2
(2)
Pij def
D
W
D
where
D
=
Wij
=
ii
j=1

with D diagonal. The resulting graph can be fully connected (see above) or sparse,
these are trimmed from full graphs by cutting edges with small weights [8], here we
use only full matrices. We define the following label matrices, assuming c classes
(usually c > 2): Y L an (` × c) matrix, each row corresponding to an item and each
column to a category; Y U a (u × c) matrix to be estimated; Y = [Y TL , Y TU ]T an (n × c)
matrix – the concatenation of the above two matrices. Label propagation propagates
labels using the following steps [9]:
(1) compute Y(t + 1) = P Y(t).
(2) Reset the labelled data, Y L (t + 1) = Y L (0), set t = t + 1 and go to (1).
When the iterations converge, labels for the unlabelled examples are given simply by
taking the class with maximal label, an illustration is shown in Fig. 1. If multiple
classes are desired, one can threshold Y U . It is interesting to note, that Google’s
efficient PageRank algorithm [5] works in the same way, except that label propagation
is performed on a directed graph.
To analyse the algorithm we write the equilibrium solution as Y ∗ − P Y ∗ = 0,
where Y ∗ denotes the equilibrium solution and 0 is the vector of zeroes of length n.
A subsequent step is to write the above algorithm as a constrained minimisation:
(3)

Y ∗U

=

argmin Y T (In − P) Y
YU

=

argmin
YU

·

YL
YU

¸T ·

IL − PLL
−PUL

−PTUL
IU − PUU

¸·

where the values Y L do not change, with the exact solution [8]:
(4)

−1

Y ∗U = (IU − PUU )

PUL Y L

YL
YU

¸
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Figure 1. Illustration of label propagation: the left sub-figure shows
the labelled data emphasised – there were 4 classes, and the righthand side shows the resulting labels.
where we employed the matrix inversion lemma [4]. As we see, to have the solution,
we have to compute the inverse of a large matrix, which has cubic computation time
3. An approximate solution
O(u3 ) and can be costly for the large data-bases that could potentially be exploited.
We propose a decomposition for the above problem. For this first we consider the
optimisation problem from eq. (4) and observe that the labels can be decomposed into
c components, Y = [y(1) , . . . , y(c) ] and we have to solve the equations independently.
It is therefore enough to focus on two-class case, that is on a single vector y(i) def
= y.
Let {A1 , A2 , . . . , Ad } be a partition of the unlabelled set. Let us decompose the large
L def
= In − P in blocks. We denote with Lk` the block assigned to the pair Ak and Al ,
i.e. Lk` = {Lij |i ∈ Ak ; j ∈ A` } leading to:




L00 L01 · · · L0d
yL = yA0

..
.. 
..

···
y=
L =  ...
.
.
. 
yAd
Ld0 Ld1 · · · Ldd
and the minimisation from eq. (3) is written as:
d X
d
X
(5)
yT (In − P) y =
yTa Lab yb
a=0 b=0

where we stress that a and b start from 0 to include the labelled part of the data.
We re-group the terms in eq. (5) to result in quadratic forms, each within a single
partition Ak . Obviously, there is a link part that is responsible for the global optimum,
the resulting expression – equivalent to eq. (5) – is:
¸T ·
¸· ¸
d ·
X
y0
L00 L0a y0
T
y (In − P) y =
(6)
− (d − 1)yT0 L00 y0
ya
La0 Laa ya
a=1

+2

d
X

yTa Lab yb

a<b

The minimisation of eq. (3) is now equivalent with the minimisation of d independent
small local quadratics, the label propagation problem taken on the labelled set and
A` each and the minimisation of the link terms yTa Lab yb , this latter making the
optimisation problem global. We note that the final eq. (6) is still exactly the original
label propagation problem. We aim for solving the small problems separately and
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then adjusting the original clusters according to the fitness of the clusters w.r.to the
labelled set y0 .
Algorithm.
The proposed algorithm is stochastic minimisation that always
finds the local optima within a single partition and updates the partitions such that
the resulting subsets to be as uniform as possible. The algorithm is as follows:
• for k = 1, . . . , d compute local optima y∗k ;
• select pairs (k, `) where we compute pairwise fitness of the solution, the last
term in eq. (6): −yTk Lk` y` ;
• make adjustments if cluster solutions do not agree: swap data xi and xj that
will lead to the largest increase in fitness, i.e. decrease in error.
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GROUP SELECTION IN EVOLUTIONARY ALGORITHMS
ALPAR PERINI(1)
Abstract. This paper proposes a new approach for selection in evolutionary
algorithms. In this context, the fitness of a group is more important than the
fitness of the individual. Each group evolves for a certain number of generations in
isolation and only then is their fitness compared. The group fitness is obtained by
averaging the fitness of a certain percentage of its individuals. This lesser number
of evaluations is important, because the quality of such algorithms is compared
after a fixed number of such fitness evaluations. This new algorithm was applied
for obtaining the global minimum of functions defined in large dimensions.

1. Introduction
Evolutionary computation is a nature inspired optimization and search paradigm.
It evolves a population of candidate solutions to a given problem. The selection of
the fittest individuals in such algorithms is of utmost importance [1].
In our method, the fitness of a group is more important than the fitness of the
individual. Each sub-population evolves for a certain number of generations in isolation, during which only a percentage of the members is evaluated. In the next step, a
“competition” is made between the groups. Groups having better overall fitness can
win members from the weaker ones, this way better mimicking nature and allowing
for an intermixing between isolated groups.
It has been remarked that less promising individuals, manifesting altruistic behavior, can benefit evolution [4]. This novel model can promote the survival of such
individuals, while the classical evolutionary algorithm clearly favors selfish behavior.
The model was tested on some functions from the Large Scale Global Optimization
(LSGO) Challenge [2].
Section 2 talks about some ideas that are somewhat related to our approach.
Section 3 gives an overview of the model we have used for our method. Section 4 has
some implementation details for applying our model to function optimization. Section
5 contains the experimental results that we have achieved. Section 6 presents some
conclusions and future improvements.
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2. Related Work
Group selection theory accounts for behaviors in societies that appear to benefit
the group, even if it results in poor individual fitness [2]. A question arose that if the
‘altruistic’ individuals eventually die out due to low fitness, how can an altruistic trait
continue to persist? Wilson argued [2] that it is possible for selective forces to favor
traits that benefit the group, even if members are unrelated, as long as some group
structuring conditions are met: the global population must be divided into temporarily isolated but periodically interacting subgroups with varying compositions.
In EAs, the population of individual solutions may be subdivided into multiple
subpopulations [3]. Migration of individuals among the subpopulations causes evolution to occur in the population as a whole. In semi-isolated subpopulations, called
demes, evolution progresses faster than in a single population of equal size. This
inherent acceleration of evolution by demes could be confirmed for EAs and for genetic programming (GP) in particular [3]. Demes have common ground with our
approach, nevertheless they do not refer to the way the selection is done and there is
no competition for individuals within groups.

3. The Proposed Model
The new parameters of the model, compared to a classical genetic algorithm, are
related to the number of groups, to the size of the groups, how many iterations to
perform in isolation within a group, what percentage of the group should be used for
evaluation and finally what percentage can a group loose from its members.
The group iterations can be executed in parallel for each group. They resemble a
“mini” genetic algorithm with differences in selection and evaluation. During evaluation, only the given percentage of members is evaluated and these are the ones that
contribute to the group fitness. As for selection, the individuals having no assigned
fitness enter the competition with the fitness of their group.
After all “mini” GAs have exited, a competition for individuals is started between
the resulted groups. Between two groups, the winner takes away at most a given
number of individuals (percent of group size) from the looser group. This can help
stronger groups evolve with better search space and penalizes groups with bad average
fitness, possibly to the point of extinction.
This model can have the following benefits:
1. It reduces the number of fitness evaluations, which might be very costly for certain
problems.
2. It is in favour of individuals manifesting altruistic behavior because at one step
they might contribute to finding the optimal solution.
3. There is a periodical transfer of genetic material between isolated groups. This
allows for better diversity and potentially to overcome local minima.
4. Isolated evolutions within groups can be done in parallel.
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4. Implementation
We have implemented in Java our group selection model for finding the global
optimum of large-dimensional functions [2]. All algorithm-specific parameters can be
adjusted. The application lists some intermediate groups and the final population.
The chromosomes are encoded as real-valued arrays of dimension d:
x = (x0 , x1 , . . . , xd−1 ). Fitness is assigned such that those that are closer to the
minimum have better fitness values.
The initialization for the arrays is done with uniform random numbers. Within
the “mini” GA, a q-tournament selection is used to populate the mating pool, twopoint crossover is the recombination operator. Mutation range is adapted using the
Normal distribution.
We have chosen to keep the known best individual from the current generation in the
new one, not to loose a known potential good solution.
The evaluation of a group involves a percentage of its members. Individuals are
chosen uniformly random and they are evaluated by making a call to the test function,
which costs one fitness evaluation (FE). In case a call is made when no more function
evaluations remain, an exception is propagated. The group fitness is the average
fitness of the individuals chosen for evaluation.
The competition between resulting groups is done with binary tournament regarding group fitness.
Finally, the algorithm terminates when no more fitness evaluations are available.
At this step, all groups are unified, sorted decreasing by fitness and printed.

5. Experimental Results
Testing was carried out on the large-dimensional functions given at the 2008
LSGO competition [2]. Here a fixed number of FEs are allowed for each problem:
5000 × Dimension.
We show the test results for functions F1-F6 in 1000 dimensions. We have worked
with 10 groups having 100 individuals each. The tournament size varied from 5 to
7. 10 group iterations were done in isolation. 10% of each group was used for group
evaluation. A group can loose up to 10% of its individuals at one iteration.
Table 1 below illustrates the results we obtained for each test function. Based on the
constraint on the number of evaluations, 5 million FES were permitted. OptMin is
the optimal minimum of the function that is known. Error represents the difference
between the optimal and the obtained minimum. StdDev is the standard deviation
of the results that were obtained. ErrMin and ErrMax refer to the best and worst
error result obtained at the LSGO competition.
The accuracy of the results varied very much depending on the function that was
tested. F5, Shifted Griewand was optimzed the best, while F3, Shifted Rosenbrock
was optimzed the worst.
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Func OptMin
F1
-450
F2
-423
F3
390
F4
-330
F5
-180
F6
-140
Table 1. Results
from LSGO .

Error
StdDev
ErrMin
ErrMax
1.89E+00 3.66E-02 0.00E+00 3.58E+04
8.00E+01 7.20E-01 1.04E-05 1.47E+02
34.21E+02 3.39E+02 3.41E-04 8.98E+09
2.73E+00 3.83E-02 0.00E+00 1.03E+04
8.66E-03
6.72E-07 0.00E+00 3.04E+02
9.11E-02
2.76E-05 4.26E-13 1.99E+01
obtained for 1000 dimensional functions F1-F6

6. Conclusions and Future Work
This paper presented a novel approach for improving the existing genetic algorithms. The main purpose was to reduce the number of FEs while avoiding to get
stuck at local minima. Secondly, the proposed selection method allows for altruistic
individuals in a natural way.
Experimental results for very difficult test functions show this is a promising
model but, as with any new approach, requires a lot of fine-tuning for all its many
parameters. A key aspect is, that even though the fitness is only known for a fraction of the overall individuals, the implemented algorithm has shown signs of good
convergence.
Finally, introducing more sophisticated genetic operators can also have an impact
on performance.
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SUSTAINABLE DEVELOPMENT GAME
ANDREI SÎRGHI(1)
Abstract. A game-theory approach to the sustainable development problem,
using a game with three players: economy, environment and society, is proposed.
Standard sustainable development methods are based on models which analyze
the sustainable development of separate areas of a region (e.g. country or city),
and then tries to integrate the results to achieve a complete vision. Proposed
approach introduces a new mathematical model which represents the decision
process of all areas in a single system that is modelled using a game. A key
element of this approach is the impact of each game player on the other players
involved in sustainable development game, which is analyzed using Game Theory.
This makes approach very appropriate to the real life processes, where decisions
for every area are made in conditions of conflict and are based on the behaviour
of the competitors.

Introduction
The concept and methodology of sustainable development (SD) [DalalBass] appeared over the past few decades as a result to a set of interdependent issues like:
climate change, pollution control, preservation of biodiversity and water resource
management.
The paper describes a mathematical model for the decision process within SD
problem. This model is called sustainable development game (SDG) and it is based
on Game Theory principles. Proposed model is intended to show how much the decisions taken in one area influences the other areas of a region. SDG model represents
the decision process within SD by a three player game. The goals of players are
contradictory, and the game equilibrium is achieved when players find a compromise
solution.

1. Sustainable Development Problem
The concept of sustainable development was used in 1987 by Brundtland Commission in [WCED], which formulated what became the most used definition of SD as
“development which meets the needs of the present without compromising the ability
2000 Mathematics Subject Classification. 91Axx, 91Bxx.
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Babeş-Bolyai University, Cluj-Napoca

135

136

ANDREI SÎRGHI(1)

of future generations to meet their own needs”. At the base of the concept is the principle that objectives of society, economy and environment should be complementary
and interdependent in the development process of a region.
The problem related to SD which we propose to solve in this paper can be defined
as:
Create a mathematical model having the next characteristics:
(1) Represents the decision model for a real development process of a region
from the three aspects corresponding to major areas: economy, environment,
society;
(2) Valuable in the real decision making process;
(3) Every area has a particular set of objectives and decision functions;
(4) A solution model represents a compromise solution between all areas.
Our aim is to develop such a model by considering a specific region and supposing to
have complete information about economy, environment and society.

2. Related Work
SD problem received high attention from its first apparition, but until now does
not exist a powerful mathematical model that can be used to represent this problem.
The result of researches of almost all communities that analyze this problem is a huge
set of indicators that can be aggregated to give a mark for the quality of countries
sustainable development process.
There are two widely accepted methods to measure the sustainable development
of a country:
1. Sustainable Development Gauging Matrix (SDGM) [Zgurovsky]. The
measure technique of SDGM consists in the aggregation of three dimension indices:
economic (Iec ), ecological (Ie ) and social (Is ) in the index of sustainable development
(Isd ). Further, each of these indices is calculated by using other six global indices
widely used in Statistics communities.
2. IPAT equation [Chertow]. Expresses the relationship between technological
innovation and environmental impact. IPAT states that human impact (I ) on the
environment equals the product of population (P ), affluence (A: consumption per
capita) and technology (T : environmental impact per unit of consumption).

3. Interaction Model
The SDG model can be built as a system of models for sustainable development
areas: economy, environment and society. The dependencies between particular area
models, are very valuable for our approach. They result in a huge impact to SD. In
this section we give an abstract system of dependences between economy, environment
and society.
The economy plans the optimal amount of products outcome by choosing corresponding quantities of natural resources (E(t)) and social capital (S(t)).

SUSTAINABLE DEVELOPMENT GAME

137

The function of economic development (denoted EC ) may be represented as a dynamical system given by a particular production function [Mishra] ec:
(1)

EC(t + 1) = ec(E(t), S(t)),

where t stands for time period, t=[t0 , T].
The sustainable activity of economy can be measured with the economical sustainability index (Iec ) from SDGM.
Environment tries to clear polluted renewable resources and to achieve a sustainable trajectory in environment development. Environment development may be
represented as a dynamical system which represents the evolution of natural resource
stocks:
(2)

E(t + 1) = e(Rn (t), Rr (t)),

where Rn (t) and Rr (t) are stocks of nonrenewable and renewable resources in period
t.
The development of environment is measured with environmental sustainability index
(Ie ), designed by the Center of Ecological Legislation and Policy of Yale University
(USA), which is also included in SDGM.
The environment and the economy influence the living conditions in region, which
can be suitable or not for people life. Analyzing these conditions, the society has to
choose, to stay in this system or not.
The function of social development may be represented as a dynamical system:
(3)

S(t + 1) = s(E(t), EC(t)).

The society development can be measured with social sustainability index (Is ) included in SDGM.
4. Sustainable Development Game
Within SDG model, Game Theory [OsborneRubinstein] is used to represent the
decision process of SD problem. The SD game involves three players: the economy
(EC ), the environment (E ) and the society (S ).
Player EC has two strategies:
(1) to choose a quantity of resources that follow environmental standards (ES ),
or
(2) to use exhaustingly environment resources (NES ).
Second player in the game represents the environment, and has two strategies:
(1) to be suitable for human life and for economy (ST ) (to restrict as much as
possible resource consumption), or
(2) not suitable (NST ).
The third player is society, with strategies:
(1) to stay in this system, i.e. to live and to work here (L), or
(2) to evade from it (NL).

ANDREI SÎRGHI(1)
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In SD game, economy decides the first move by choosing either an economic
strategy that follow environment standards (ES ), or one strategy that destroys the
environment (NES ).
The environment move can be suitable for people life and for economy (ST ) or
not (NST ). But environment is not informed about EC choice, it has just a belief
about behavior of EC. Selecting an appropriate strategy, the environment imposes
the admissible values of resource usage for EC.
Eventually, the society must choose to live in this system (L), or not (NL), without
any information about the other players moves excluding its belief.
The main idea behind the game is that every agent must “move carefully”. If an
agent will follow a strategy that influences negatively other agents, then the opponents
will limit the future actions of the agent by imposing direct and indirect penalties.
Conclusion and Further Work
Game Theory is a suitable tool to analyze the behavior of players involved in
Sustainable Development and to find compromise solutions between individual plans.
It makes proposed model different from others because it can be used to analyze, predict and control the development of a region in conformity with sustainable criteria,
when other models just propose methods to evaluate the state of sustainability of a
region.
Further, we want to integrate SDG approach with different models for: environment, economy and society development, to analyze the interactions between these
areas in different situations.
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DESIGNING SEARCH STRATEGIES FOR ROBOTS USING
GENETIC PROGRAMMING AND MICROSOFT ROBOTIC
STUDIO
CLAUDIU SORIN IRIMIAŞ
Abstract. Abstract-This paper presents a method for automatically generating
computer programs to search the position of a particular object into a room.
The goal of this research is to prove that genetic programming (GP) can be used
together with Microsoft Robotic Studio (MSRS) runtime to evolve a hierarchical
control architecture for a simple navigation on a autonomous robot. The results
summarized in this paper present a control architecture evolved for a Lego Nxt
Tribot robot simulated in Microsoft Visual Simulation Environment (MSVSE).

1. Introduction
This paper presents a method for automatically generating computer programs
able to perform the task of establishing the position of a particular object into a room.
At this moment mobile robots are usually programmed manually by a programmer.
This approach introduces many difficulties due to the complexity of the task in a
real word environment [2]. Instead, GP will considerably reduce the problem, to the
point to find an appropriate fitness function that can describe how well a particular
individual solves a task.
The use of a GP method to evolve controller architectures for robots has been
reported previously in various ways. GP was used to program a robot to move a box
located in the middle of an irregular shaped room to the nearest wall [1]. Another
variant is controlling GP system to evolve obstacle avoiding behavior in a sensethink-act context [4, 5]. An alternative to standard GP, that applies layered learning
techniques to decompose a problem, was used to evolve agents to play keepaway
soccer, a sub problem of robotic soccer that requires cooperation among multiple
agents in a dynamic environment [6].
2. Objective
The objective purposed to be achieved by the robot is to locate an object (i.e.
a box) in a room only using two bumpers and a web camera. One of the bumpers
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is planned to be attached in the front of the robot and the other on the rear part.
The web camera is not used to locate the box from the beginning, because image
interpretation requires more processing. And, in this case, the web camera can be
easily replaced by another sensor that is capable to identify an object (like a sonar
sensor). The searched item will have a color that could be recognized by the web
camera sensor and no other obstacle, not even the rooms wall has the same color.

3. Representation
The chosen representation was proposed to be as simple as it could, so that it
might be used with a small population size but with a reasonable number of generations and possible moves.
Terminals are used to provide the movement control of the robot. The terminal set is formed from the primitive operations: MoveForward (T1), MoveBackward
(T2), MoveLeft (T3), MoveRight (T4), MoveForwardLeft (T5), MoveForwardRight
(T6), MoveBackwardLeft (T7), MoveBackwardRight T(8). The following terminals
are used to verify the state of the environment and of the autonomous robot: FrontBumperPressed (T9), RearBumperPressed(T11) and BoxHit (T12).
The primitive function used to connect the primitive terminals is a conditional
primitive function. The structure of this function is: Condition(StateTerminal, MovementTerminal, MovementTerminal), where StateTerminal –is one of the terminals T9
–T10, MovementTerminal –is one of the terminals T1 –T8. The conditional function
will evaluate the StateTerminal and depending on result obtained it executes the first
MovementTerminal (StateTerminal evaluated to true) or the second MovementTerminal (StateTerminal evaluated to false).
The fitness function tries to minimize the number of moves needed to locate
the object in the room. If the robot finds the searched object the corresponding
individual will be rewarded with a big value. The chromosome will be penalized with
the number of moves made and with the number of times the robot crosses the same
point. The surface of the room is seen as a two dimensional matrix. The starting
point of the robot is considered to be on line and column 0. Depending on the move
the robot makes, the position in the matrix will be updated. At one point the line
and column values could be increased or decreased by one unit.
After the robot finishes all his movements, applying the rule from above, will
be obtained a matrix having as elements the coordinates visited by it. Using this
information we can penalize the program generated if the robot has been at the same
location more than once. Tests have shown that the value, with which the individual
should be penalized, in case the robot passes through the same location more than
once, should be the number of passes through the same point multiplied by 100. So
for computing the fitness of one individual was used the following formulae: F = R
–MP –CP, where F –the fitness value, R –the reward, which will be equal with 10000
if the object, was found or 0 otherwise, MP –moves penalization, CP –cross through
the same point penalization.
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4. Framework
To evaluate how well an individual from the population is performing the moves
generated for him must be executed by the robot. After that, using the state of the
robot and of the environment the fitness function could be computed. The communication between the GP algorithm and the robot is done by using a framework that
recognizes the movement types required by the individual.
The functionality of the framework is straightforward: 1) The genetic program
has to evaluate the terminals for an individual. 2) These terminals are transformed
into functions known by the framework. The transformation is done by using a
module common between the framework and the genetic program. 3) The functions
obtained are written into a file from the framework, using a predefined file template.
4) The new changes are compiled. 5) The simulation is launched and the new moves
are sent by the framework to be executed by the robot, one by one. 6) After each
execution the environment and the robot state are updated. 7) The final state of the
environment and of the robot is sent to the genetic program. 8) The genetic program
computes the fitness function of the individual based on the information received from
the framework.
5. Experimental Results
This section presents some of the results obtained in different scenarios and will
focus on two specific experiments. The algorithms presented here were implemented
in C# programming language and run on AMD Athlon 64 Processor 1.8 Ghz, 1.5
GB of RAM machine running in Windows Xp environment. 10 experiments were
performed. The experimental runs were made on 25 generations with a population
size of 10. Roulette wheel selection was used and the crossover, reproduction and
mutation probabilities were set to 90%, 10% and 10% respectively. The maximal
number of terminals in a chromosome was set to 100. The simulated room was made
to have a square form having the entire area of 10 m2. The robot was placed in the
lower part of the simulated room, relatively close with the wall, faced with the center
of the area. The searched object is a red cube having one side equal with 1 m. In
each move the robot advances or retreats with 0.25 m powering up the motors at
50%. When a robot makes a turn the actual power for the motors is set to be at 7%,
so that the move can be more accurate.
From the 10 experiments run, only 4 evolved into a solution. In all of the solutions
the objective was achieved using just a part from the set of moves generated for that
individual. However, even if a solution was generated in 4 cases, none of them was the
optimal solution. From the resulted data I have noticed that the individual from the
population leans to the best individual starting, on average, with the 20th generation.
In what follows I will present in more details test number 3, from the 10 tests
presented before, because it was the first to obtain a solution for the problem. In the
solution the box was found after 20 moves: ForwardLeft, Left, Backward, Backward,
BackwardRight, Forward, ForwardLeft, Forward, Forward, ForwardRight, Forward,
Forward, ForwardLeft, ForwardLeft, Forward, Forward, Right, Forward, ForwardLeft,
Right. The best individual from the 3rd test evolved into a solution, generation by
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generation. It can be seen how the best individual of the population had the fitness
equal to -214 until the 7th generation. Starting with the 8th generation the population
fitness has begun to increase up to -86. Then it evolved to -9 in generation 9. And
evolves once again to 8250 in generation 21, remaining the best population fitness
until the end of the generations.
6. Conclusions and future work
This paper has shown that GP can be used to evolve a hierarchical control architecture for a simple navigation on a autonomous robot using the MSRS runtime. The
results have shown that the optimal solution was not found, which means that GP
algorithm will need more evolutionary time to come up with an improved result. The
next step will be to experiment the proposed system on a real environment with a
real Lego Nxt Tribot robot. Also, based on the experimental results described above,
I am currently enhancing the implementation for a new objective for the robot, the
task of moving a box from the middle of an irregular shaped room to the wall [3].
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MODELING MULTIAGENT IRATIONAL ALGORITHMS FOR
GAMES
OVIDIU ŞERBAN
Abstract. Sometimes, theoretical optimal strategies are not the best choice because in nature, a perfect solution of a problem can be found only when several
parameters of the given phenomenom are ignored, and game-theory is no exception. By using multiagent systems, it is possible to solve a number of problems
that are unsolvable using traditional game-theory. In this paper I will try to
present that irrational algorithms are better than rational ones, not due to their
performance, but due to the fact that they easily simulate a human behaviour.
The game played by the agents is an auction game, that could be transformed
into a real business game.

1. Introduction
Games have long been a popular area for research in AI, because games are challenging yet easy to formalize, they can be used as platforms for the development
of new AI methods and for measuring how well they work. In addition, games can
demonstrate that machines are capable of behavior generally thought to require intelligence without putting human lives or property at risk. Also, in the past years
some research fields were interested in simulating emotions of computer software [1].
The so-called good old-fashioned artificial intelligence techniques [2] work well
with symbolic games, and to a large extent, GOFAI (Good Old- Fashioned Artificial
Intelligence) techniques were developed for them. GOFAI techniques have led to
remarkable successes, such as Chinook, a checkers program that became the world
champion in 1994 [4], and Deep Blue, the chess program that defeated the world
champion in 1997 and drew significant attention to AI in general [3].
Also, machine-learning techniques, such as neural networks, evolutionary computing and reinforcement learning, are very well suited to video games. Machine
Learning techniques excel in exactly the kinds of fast, noisy, numerical, statistical,
and changing domains that today’s video games provide. These kind of techniques
can be easily modeled using multi-agent systems, or in other cases they can be described using a mathematical aproach. Our approach in this paper is well suited
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to be expanded for economical games, where players are afraid to ”play” against a
computer software and when they discover one, it could mean the end of it.

2. The Game
The game can be described by making a parallel with an auction. The target of
the game is to maximize the portfolio value in a given budget. The value of an object
and its initial price is known from the beginning, so every player can make its own
strategy to win the game.
We will consider to be the best strategy, the optimal one generated by a single
player game, so that the last price of an object is equal to its initial price. Also
we suppose that the number of optimal strategies is less than the number of players
partincipating in an auction, so that is encouraged the competition between them, and
no one can choose the optimal strategy. In most cases the number of optimal strategies
is equal to one. The objects for the auction are uniformly distributed over the game,
meaning that utility ratio(given by value/initial price) is distributed uniformly over
the collection of objects and so a greedy strategy (where the decision is given by
utility ration) won’t win. Despite this, the greedy strategy is used for comparison
with the obtained strategies. Each round a certain player begin the auction, and the
round ends when all the objects were auctioned. To make all players’ chances equal,
the starter is chosen randomly every round.

3. Algorithms
Algorithms are modeled as a collection of decisional parameters, so the irrationality of the model is given by the possibility of hesitation or withdrawl if the bet is to
high. The reason of modeling an irrational algorithm is that a human player don’t
want an computer oponent to be perfect and he can be sometimes afraid of such an
algorithm. So we are trying to model emotion in a constraint based manner.
One of the possibility of is to have three kind of parameters, that should model
fear, risk and the ability of prediction. Fear is responsible for the hesitation of taking
a decision and modeled in a matematical manner, the fear apears when the remaining
buget is low or there are few remaing objects so you should raise the bet. Risk is a
difficult to model factor, but if you are taking the term in a more general manner,
the risk is modeled as the pushing your buget to the limits by raising a price, or by
obtaing the most valuable object with any price. Prediction is the ability of predicting
a good bet for a certain object, based on its value.
The algorithms are obtained in an evolutionary[5] manner by beginning with a
certain population and grouping players into a group. From that group, after running
a game, you should obtain the two best players, named masters, which would create
another player, as a combination of the two masters. Also the resulting player can
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support a mutation of its characteristics. The two masters and the result player are
added to the new population. Decision can be modeled using the following formulas:

(1)

(2)

(3)

(4)

remainingBuget/initialBuget < riskP x 7→ raiseF actor
(currentBet − objectsP rice)∗
(1 − predicitionP x) 7→ predictionP rice
increase ← currentBet + predictionP rice − objectsP rice
increase/objectsP rice > f earP x 7→ f earF actor
decrease ← remainigBuget − (currentBet + predictionP rice)
decrease/remainingBuget < f earP x 7→ f earF actor

where riskPx (1), predictionPx (2) and fearPx (3)(4) are chosen at the initialisation of
the algorithm. The three factors determine an decision that can be also probabilistic.
4. Conclusions
Since the 1990s, the field of gaming has changed tremendously. From modest
sales in the 1960s [6], sales of entertainment software reached $25.4 billion worldwide
in 2004 [7]. Curiously, very little AI research has been involved in this expansion.
Many video games do not use AI techniques, and those that do are usually based on
relatively standard, labor-intensive scripting and authoring methods.
The techniques described in this paper are probable not so realistic and they represent the begining of an emotional model, dedicated to produce algorithms capable
to play in a more human manner. Human players desconsider in almost all situations
the ”perfect players”, so if the AI simulates fear and maybe hesitation, the algorithm
will be more challenging than a perfect one.
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COEVOLUTION FOR FINDING SUBGAME PERFECT
EQUILIBRIA IN 2-PERIOD CUMULATED GAMES
RADU M. BERCIU(1)
Abstract. Based on strategic games a new type of dynamic game is introduced,
n-Period Cumulated Game, where players engage in a repetitive play of a constituent strategic game for n number of times (an accumulation period), without
receiving their payoff after each stage of the game, but only the cumulated payoffs of all the stages of the game at the end of each accumulation period. Then
we apply a two-population based Genetic Algorithm in order to find Subgame
Perfect Equilibria in 2-Period Cumulated Games.

1. Introduction
The idea to bring together Genetic Algorithms (GAs), a well known optimization
method introduced by John Holland in the early 1970s [1], and Nash strategy [2][3], the
most commonly encountered solution concept in Game Theory, in order to make the
genetic algorithm build the Nash Equilibrium belongs to Sefrioui [4]. As described in
[7] at each generation a player improves its strategy with respect to the other players’
best strategies of the previous generation: Nash Equilibrium is reached when no player
can improve its strategy. Based on this, NCA (Nash Coevolution Algorithm), a two
population based GA, finds subgame perfect equilibria in 2-Period Cumulated Games
interpreted as extensive games with imperfect information.
2. n-Period Cumulated Game (n-PCG)
The notion of cumulated game basically means that, for instance, having two
individuals playing a number of strategic games, there exists a mechanism that sums
and withholds the benefits until the players have completed n plays of the strategic
game; n is called the length of the accumulation period. Their accumulated benefits
are reported only after n stage games. Our goal is to model the situations where players engage in games in which they have different knowledge of the previous plays, and
in which they receive their payoff after different accumulation periods. For example,
consider the model of the relation between an employer and an employee where the
employer agrees to pay the employee a small amount of money every two weeks even
2000 Mathematics Subject Classification. 68T20, 91A25, 91A20, 91A18, 91A10, 91A05 .
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though he may gain benefits from the employee’s work at every two months. The
accumulation period of the employee is two weeks and the accumulation period of the
employer is two months. However, here the focus is on the notion of n-Period Cumulated Games (i.e. equal accumulation periods), and on the analysis of four models of
2-PCGs distinct by their elementary game.
The notion of cumulative benefit game appeared before in [9]. There the author
argued that in the context of repetitive games and a strong temporal discounting,
accumulation can promote a cooperative strategy. However an n-PCG is a not a
repetitive game even though it is a dynamic one.
2.1. n-Period Cumulated Games as dynamic games. An image of the described
game is that of a dynamic game. A dynamic game captures the idea that players act
sequentially and can incorporate previous information about earlier moves in the game
in choosing their next move. Even though a stage game (called constituent game) is
being repeatedly played, the difference between an n-Period Cumulated Game and a
finitely repeated game is that the benefit/payoff is reported only after an accumulation
period.
The n-PCG can be represented as an extensive game. For instance the static
game in Figure 1(a) is equivalent to the dynamic game represented in Figure
1(b). The dashed line between some nodes means that the current decision maker
does not know in which state she is at. Therefore the extensive game can be viewed as
a 2 × 2 strategic game where players act simultaneously. This is the case of extensive
games with imperfect information, i.e. each player, when making a decision, is not
perfectly informed about the events that have previously occurred [5][8].

(a) the game in its (b) the game in its exnormal form
tensive form

Figure 1. Views of the same 2 × 2 Strategic Game
3. Solution Concept for n-Period Cumulated Games
Interpreting the n-Period Cumulated Game as an extensive game the adequate
solution concept is that of Subgame Perfect Equilibrium. A subgame is a subtree
from a game’s directed tree: that begins at a decision node, that gives to the initial
player all the decisions that have been made until that time, and that contains all
the decision nodes that follow the initial node. The Subgame Perfect Equilibrium
(or Subgame Perfect Nash Equilibrium) is a refinement of Nash Equilibrium(NE)
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that induces a NE in every subgame (subtree) of that game. In an n-PCG there are
subgames with simultaneous decisions, therefore all possible Nash Equilibria of that
subgames may appear in a Subgame Perfect Nash Equilibrium.
4. NCA (Nash Coevolution Algorithm)
A coevolution algorithm for finding Subgame Perfect Equilibria in 2-Period Cumulated Games is proposed. This algorithm is called Nash Coevolution Algorithm
(NCA).
4.1. Encoding a strategy. With NCA a chromosome represents a strategy that
is a function of the state of the game: every possible state(history) has one slot
i,0 ≤ i < s, in the sm string that codes the move that the player will take if she uses
that strategy and she encounters the history with index i;s is the number of states
of the constituent strategic game (stage game), m is the length of the history (the
number of stage games that the player recalls) and the hypothetical game is there to
induce the first actions that the player will take. The difference from [6] is that here
there is no restriction for m.
4.2. Fitness Assignment. Every player is represented by a population that at every
generation maximizes the player’s payoff. The populations evolve by optimizing at
each step their chromosomes using the other population’s best q chromosomes from
the previous generation [7], i.e. each player has a population that tries to maximize its
payoff using the best solutions found by the other player’s population one generation
before. The fitness of each chromosome will be the mean payoff it receives after playing
with each of the other player’s best chromosomes from the previous generation.
5. Convergence, stability and more
Different parameters configuration gave an insight into the stability of NCA and
proved empirically that
stability ≈

1
,
exchange × p.m.

where exchange is the number of individuals used to evaluate a strategy and p.m. is
the probability of mutation.
The convergence time to an equilibrium is between 40 and 60 generations for all
the configurations for the Leader game. For the Battle of sexes, for the configurations 1 to 9 in more than 90% of the cases an equilibrium was found in less than 70
generations; for the last three test configurations the convergence time to an equilibrium is under 40 generations. For the Prisoner’s Dilemma game it needs less than 30
generations to achieve its equilibrium in all the configurations. For the Hawk-Dove
game the algorithm achieves an equilibrium under 70 generations with a probability
of 87%.
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6. Conclusion and Future Work
Based on strategic and repetitive games a new dynamic game called n-Period
Cumulated Game has been introduced. Tests on simple forms of these games showed
that in a coevolutionary environment (provided by the developed NCA) players eventually play the Nash Equilibrium in every subgame, even though they are not aware
of their payoff until a certain number of stage games are played.
An interesting focus for future work is that of working with different levels of
accumulation periods, testing the outcome of having the players engage in these basically different games. Another challenging issue can be that of letting two players play
a number of games between each other, thus transforming the n-PCG into a repetitive
one; for instance, preliminary tests show that in the repetitive n-PCG based on the
Prisoner’s Dilemma the players start by cooperating.
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BLOG ZEITGEIST
MIHAI DAN NADĂŞ(1)

Abstract. One of the communication phenomena that the Internet has enabled
in the last years is blogging. Taking into consideration the sociological effects
that are developing in the blogosphere a few questions arise, such as: how is
the blogosphere evolving, do events that develop in the blogosphere influence the
real world or how could one efficiently analyze real time blog data? This paper
addresses the first question just after it introduces the reader into the notions
that represent the foundation of all the results presented. Thus it will define the
concept of blog, blogosphere, blog and post networks and cascades. At the end
the cascade development model will be described along with the conclusions and
future work.

1. Introduction
One of the observations from which this research starts from is that the events
that happen in the blogosphere sometimes affect the real world. For example if
one blogger complains about the poor quality of his recently acquired car and his
experience is cited by other bloggers a decrease in the manufacturer’s sales for that
model could appear. The problem is that at the moment of writing this paper there is
no way of determining if a particular blogosphere event will affect the real world and
how. The ultimate objective of this research is to find a model that binds blogosphere
events to real world events. In order to achieve this, a blog dataset from ICWSM that
contains all the blog posts recorded from August 1st 2008 until September 30th 2008
was analyzed, consisting of aproximately 44 million posts [4].
Blogs were studied in favor of other Internet social environments (e.g. discussion
forums, chat panels) because within the blogosphere there are important properties
that can be used to monitor the events that happen inside it, the most notable are
the conversational cascades.
2. Preliminaries
A blog (a contraction of the term ”Web log”) is a Web site, usually maintained
by an individual with regular entries of commentary, descriptions of events, or other
material such as graphics or video. Entries are commonly displayed in reversechronological order [5].
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The blogosphere represents the collection of all the blogs together with the relations between them. The most common feature of the blogosphere is the web inheritance of links. Through links, blogs can become interconnected leading to a network
with interesting properties.
Blogs are composed of posts and each post can contain several links to other blogs
(or other websites). Because the paper addresses the analysis of the blogosphere only
the links that refer other blogs were taken into account. From these entities two
networks were constructed: a blog network and a post network.
The blog network is a directed weighted graph where a vertex is the representation
of a blog and a weighted arc is the representation of all the links that connect two
vertices, weighing the sum of all the links directed to the source vertex. Alternately,
the post network is also a directed weighted graph where a vertex represents a post and
an arc is a link that connects two posts. In order to easily take time into consideration,
the weight of an arc is represented by a value ∆, where ∆ = tp2 − tp1 , meaning the
time that passed between the moment post 1 was published and the time in which
post 2 referred post 1.
The cascade concept is the foundation for the discoveries presented in this paper
and for the major future work. A cascade is a subgraph of the post network, formed
from all the descendents of a certain root post. Cascades in this context can be easily
regarded as conversational graphs.
The reason for which cascades may represent a high relevancy through the blogosphere properties is that they actually reveal the level of interest a certain post has
in the micro-society it is available in.
3. Cascade Topology
The blogosphere is known being a complex network [3]. This easily takes the
discussion to scale-free theory. A network is named scale-free if its degree distribution,
i.e., the probability that a node selected uniformly at random has a certain number
of links (degree), follows a particular mathematical function called a power law [1].
The cascades that develop in the blogosphere basically point out the degree of
interest that the original article generated. This property can be used to track down
influential events that may have reached the real world.
In order to achieve some kind of prediction a model for the dynamics of the
blogosphere had to be determined based on the properties of the analysed data and
it’s cascades. Figure 1 shows the results of the cascade analysis conducted.
4. The model
The following model represents the innovation and originality of this paper. It
basically manages to provide a very precise way of generating blogosphere cascades,
representing an important step into achieving the proposed goal.
The model, entitled Blogosphere Topology Model (BTM) is inspired from the
SIS (Susceptible-Infected-Susceptible) [2], used in epidemiology. The model handles
the network agents which can have two states: susceptible and infected. When an
agent is infected it can pass its state (i.e. infected) to any of its descendants (that
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Figure 1. Frequency topological chart. Starting from left to right
we may see the shape of the cascades starting from the most frequent
one and ending with more complex scenarios. There were found a
total of 1.1M cascades, from which 97% are trivial (isolated posts),
2.3% are simple (first row from the figure) and the rest are rather
complex. One observation that can be made here is that cascades
tend to be wide and not too deep.

are susceptible) with a fixed probability. Once an agent infects a neighbor his state
becomes automatically susceptible, thus leaving open the possibility of creating cycles
in the network.
In the case of the blogosphere the agents described in the model are the actual
blog posts. In order to generate a cascade the only action that has to be handled is
to select randomly a blog post from the blogosphere’s post network, set its state to
infected and then infect the incident posts with a certain probability.

Figure 2. The BTM simulating the building of a cascade in the post
network. The simulation starts by randomly choosing a node from
the network and assigning it the infected state. With a probability of
0.03% the node infects adjecent nodes and upon infection it becomes
susceptible again. The process repeats as long as new nodes are
infected.
The reason for which this model is appropriate for simulating the dynamics of blog
cascades is that it maintains the topological and mathematical features of the cascades
as seen in the previous observations. Tests have shown that with the probability of
infection set to 0.03% the properties of the generated cascades have been very similar
to the previously infered ones.
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Cascade Topology Model Real Data Occurance Generated Occurence
A
84.3%
76.6%
B
9.1%
10.3%
C
3.7%
3.5%
D
1.2%
2.4%
Other
1.7%
7.2%
Table 1. The table presents the comparative data between the
topology of the cascades found in the real data and those generated
by the proposed model. It is clear enough that the resemblence is
very good and that the model behaves well on generating real-world
cascades.

5. Conclusions & Future Work
Applying advanced analysis methods on the blogosphere is a relatively new domain and this could lead to very interesting results. Currently the focus is to provide
an optimized analysis environment in order to properly isolate blogosphere events and
find real world consequences generated by them. Once such an environment is complete and a binding model is optimized, the findings could easily be applied in several
business scenarios starting from sales, marketing and ending with management and
business intelligence needs.
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A SOFTWARE TOOL FOR INTERACTIVE DATABASE ACCESS
USING CONCEPTUAL GRAPHS
VIORICA VARGA(1) , CHRISTIAN SĂCĂREA(1) , AND ANDREA TAKACS

(1)

Abstract. The basic idea of using Conceptual Graphs as query interface to relational databases has been stated by Sowa. The full expressiveness of modern
database query languages includes negation and the so-called aggregating functions too. These features were introduced in [1] by means of Nested Concept
Graphs with Cuts. The novelty of the paper is the software named CGDBInterface, which offers a graphical tool to query an existing relational database. The
aim of our software tool is to connect to an existing database by giving the type
and the name of the database, a login name and password, then the software
offers the structure of the database in form of a conceptual graph. The software
provides a graph editor and a wizard to assist the user in constructing a query
with Nested Concept Graphs with Cuts. To the best of our knowledge, such a
software was not developed yet.

1. Mathematical background
R. Wille described in [4] how Conceptual Graphs and Formal Concept Analysis
can be connected through their conceptual structures. An abstract concept graph is
defined as a mathematical structure G := (V, E, ν, C, κ, θ) for which
Sn
(1) V and E are finite sets and ν is a mapping of E to i=1 V i (n ≥ 2) so that
(V, E, ν) can be considered as a finite directed multi-hypergraph with vertices
from V and edges from E (where e ∈ E and |e| := k ⇔ ν(e) = (v1 , . . . , vk )),
(2) C is a finite set and κ is a mapping of V ∪ E to C such that κ(e1 ) = κ(e2 )
always implies |e1 | = |e2 |,
(3) θ is an equivalence relation on V .
In order to describe the conceptual structure of a conceptual graph as a conceptual
hierarchy, a power context family is defined as K := (K1 , . . . , Kn )(n ≥ 2) with Kj :=
(Gj , Mj , Ij )(j = 1, . . . , n) such that Gj ⊆ (G1 )j . An abstract concept graph over
the power
Sn context family K is an abstract concept graph G := (V, E, ν, C, κ, θ), with
C = i=1 B(Ki ), κ(V ) ⊆ B(K1 ), and κ(e) ∈ B(Ki ) for all e ∈ E with |e| = i.
In order to connect with previous work ([3]), for a given relational database
the CGDBInterface tool will also compute the realized concept graph of a convenient
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c 2009 Babeş-Bolyai University, Cluj-Napoca

155

156
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power context family corresponding, i.e., the mathematical structure describing the
conceptual structure of the conceptual graphs of a relational database by means of
Formal Concept Analysis.
In order to describe negation and aggregating functions, we need to implement
the so-called nested concept graphs with cuts ([1]).
A nested relational graph with cuts is a structure (V, E, ν, >, Cut, area), where
(1) V, E, and Cut are pairwise disjoint, finite sets whose elements are called
vertices, S
edges, and cuts, respectively,
(2) ν : E → k∈N V k is a mapping,
(3) > is a single element called the sheet of assertion, and
(4) area : V ∪ E ∪ {>} → P(V ∪ E ∪ Cut) is a mapping such that
(a) area(k1 ) ∩ area(k
S 2 ) 6= ∅ ⇒ k1 = k2 for k1 , k2 ∈ V ∪ Cut ∪ {>},
(b) V ∪ E ∪ Cut = {area(k) | k ∈ V ∪ Cut ∪ {>}},
(c) x ∈
/ arean (x) for each
n ∈ N (with area0 (x) := {x}
S x ∈ V ∪{>}∪Cut and
n
n+1
and area
(x) := {area(y) | y ∈ area (x)}).
Nested concept graphs with cuts are constructed from nested relational graphs with
cuts by additionally labelling the vertices and edges with names.
2. Software description
This section presents how our software constructs both the conceptual graph corresponding to an existing relational database and the corresponding concept graph
over a power context family. The actual version of application CGDBInterface can
connect to MS SQL Server, Oracle and mySQL databases. Having a valid user name
and password the user can see in the first screen the conceptual graph of the relational
database. As defined in [2], the table names and their attributes become concepts.
The attributes of a table are linked by conceptual relations to the concept corresponding to the table they belong to. The relationships between tables are designed
by conceptual relations too. To the best of our knowledge, this is a novelty of our
approach. The software reads from the system tables of the database the name of
the tables and their attribute names. In the relational data model, the relationship
between tables are modeled by foreign key constraints. The foreign key constraints
are retrieved from system catalogs too. In order to draw the conceptual graph corresponding to the chosen database Graph Visualization Software (Graphviz) is used. A
database may have a very large number of tables; every table may have a very large
number of attributes. In order to fit in one screen, we visualize on the first step only
the table names and the relations between them.
Example 1. Let be the next relational database table scheme:
Department [departmentID, name]
Teacher [teacherID, firstName, lastName, departmentID]
Specialization [specializationID, name, language]
Group [groupID, specializationID]
Student [SSN, firstName, lastName, GroupID, cgpa]
Course [courseID, name, teacherID]
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Attends[SSN, courseID, mark]
The software provides to enlarge the view, so that the attributes will be visible, see
Figure 1.

Figure 1. Conceptual graph interface for Faculty database in detail
In order to query the database, the CGDBInterface tool offers a graph editor
and a wizard. The graph editor provides rectangles for modeling concepts, circles
for conceptual relations and arrows to link them. The wizard offers the conceptual
graph of the database. The user can select tables from it by clicking on concepts. The
wizard give the possibility to construct queries with aggregate functions and negation
too. These features are implemented using Nested Concept Graphs with Cuts. After
the user constructs the query graph the software will generate the SELECT statement
and execute it against the database.
Example 2. Let be the next SELECT statement.
SELECT firstname, lastname FROM Student WHERE cgpa = 10
In Figure 2 (a) we can see the query graph which was constructed with our software.
Example 3. A more complicated SELECT statement is:
SELECT s.lastName, s.firstName
FROM Student s, Attends a, Course c
WHERE s.SSN = a.SSN and a.courseID = c.courseID
and c.name = "Conceptual graphs"
The Figure 2 (b) depicts the corresponding query graph.
3. Conclusion
Interaction with computers becomes more and more important in our daily lifes.
The goal of conceptual graphs is to provide a graphical representation for logic which is
able to support human reasoning. This article proposes an application which provides
a graphical interface for database interaction in form of conceptual graphs.
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Figure 2. (a) Simple query

(b) Query involving join operation
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SEMI-SUPERVISED FEATURE SELECTION WITH SVMS
ZALÁN BODÓ AND ZSOLT MINIER(1)
Abstract. Feature selection plays and important role in machine learning: eliminates irrelevant dimensions thus turning the learner into a better, more efficient
system. In this paper we use non-linear semi-supervised SVMs for feature selection and through experiments we demonstrate the efficiency of the methods,
showing how unlabeled data can lead to a better reduction. Semi-supervised
feature selection is achieved by using semi-supervised/cluster kernels, that is embedding the information provided by the unlabeled data into the kernel, and
applying dimensionality reduction methods developed for non-linear SVMs.

1. Introduction
Semi-supervised learning (SSL) is a special case of classification; it is halfway
between classification and clustering. In SSL the training data is augmented
by a set of unlabeled data samples, that is we have {(x1 , y1 ), . . . , (x` , y` )} ∪
{x`+1 , x`+2 , . . . , xN :=`+u }, where usually there are far less labeled data than unlabeled ones, i.e. ` ¿ u. Semi-supervised learning is the problem of assigning labels
to the unlabeled samples of the data set using the information provided by both the
labeled and the unlabeled data.
Feature selection or dimensionality reduction methods are important for machine
learning algorithms, because many problems usually deal with thousands of features,
some of them representing only noise, others being strongly correlated, etc. Therefore
in order to handle this high dimensionality and build efficient learners the elimination
of irrelevant features is needed. Feature selection methods can be classified as follows
[4]: wrappers, embedded methods and filters. Wrappers use an arbitrary machine
learning technique with some heuristics for choosing the best feature set observing
the performance of the classifier for these feature sets. Embedded methods are implicitly built into the learning technique, i.e. learning the optimal decision function
and finding the best feature subset are performed simultaneously. Perhaps the most
successful feature selection methods are filters, which choose a subset of features according to a particular measure.
The most popular feature selection techniques are either supervised or unsupervised methods. We expect that by using semi-supervised learners (SVMs) for feature
2000 Mathematics Subject Classification. 68T05, 68T30.
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Algorithm 1 SVM-based feature selection using backward elimination
1:
2:
3:
4:
5:
6:
7:
8:
9:

F = {1, 2, . . . , d}
repeat
Train an SVM (using a semi-supervised/cluster kernel) with all the training
data using the features from F
for fi ∈ F do
Evaluate the ranking criterion Rc (fi )
end for
fr = argmini Rc
. Determine most irrelevant dimension
F = F \ {fr }
. Remove most irrelevant dimension
until F = ∅

selection we can achieve a better dimensionality reduction, that is the larger unlabeled
data set induces a better decision boundary and thus a smaller feature set.
2. Semi-supervised support vector machines
The Laplacian support vector machine [1] approaches the semi-supervised learning problem by introducing an additional regularization term involving the graph
Laplacian L, that reflects the intrinsic geometry of the data:
min F (w, b, ξ) =
such that

X̀
1
kwk2 + C
ξi + γI f 0 Lf
2
i=1

yi (w0 φ(xi ) + b) ≥ 1 − ξi , ξi ≥ 0,

i = 1, . . . , `

where f = [f (x1 ) . . . f (xN )]0 . Interestingly this can be solved by solving the supervised
SVM problem using the kernel [2]
k̃(x1 , x2 ) = k(x1 , x2 ) − k0x1 (

1
I + LK)−1 Lkx2
4γI

Other possibilities to use SVMs for semi-supervised learning exist. One example is to
build a kernel based on the information provided by the labeled and unlabeled data,
that is to use the unlabeled data to build a new representation of the samples [2],
then train SVMs in a supervised setting with this kernel.
3. Semi-supervised feature selection
SVMs and linear classifiers in general, w0 x, can be used for feature selection by
eliminating those dimensions for which the magnitude of wi is small. The feature
selection method proposed in [5] ranks the dimensions by wi and eliminates one or
more features with small rank. This can be argued by the simple fact that large
magnitude dimensions contribute more to the final decision. However this works only
in the input space; introducing kernels for non-linear decision functions this selection
should be done in the feature space, which could be of infinite dimensionality, therefore
no straightforward solution is possible.
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For eliminating the dimension with the smallest influence on the predicted label
in the non-linear case, we calculate the “ranking criterion” as the variation of kwk2
caused by the removal [5]:
¯ ¯
¯
¯
0
¯ ¯
¯
¯ 2
(1)
¯kw − kw(i) k2 ¯ = ¯β 0 Kβ − β (i) K(i) β (i) ¯
where βj = αj yj , K(i) denotes the kernel matrix after removing the ith feature, and
β (i) denotes the vector corresponding to the solution α(i) . This approach is called the
SVM-RFE algorithm. For complexity reasons usually β is used instead of β (i) . In the
experiments both approaches are tested. Other methods include using leave-one-out
error (L) bounds for SVMs for the ranking criterion, like the radius-margin bound of
Vapnik [6]. Since we are using L1-SVMs we apply a radius-margin bound proposed
in [3]:
!
µ
¶Ã
X̀
1
2
2
(2)
L≤ R +
kwk + C
ξi
C
i=1
where R denotes the radius of the smallest sphere containing the data φ(xi ) in the
feature space. Using a backward elimination scheme the expression from eq. (1) and
the right hand side of eq. (2) can be directly used as a ranking criterion for feature
elimination: the feature which minimizes the ranking criterion is removed from the
feature set. The scheme of the feature selection algorithm used by us is shown in
Algorithm 1 [5, 6].
4. Experiments and discussion
In our experiments we tested the methods on a non-linear synthetic data set
described in [7]. From the generated 52 dimensions only 2 are relevant. These dimensions are constructed as follows: if y = −1 then the two dimensions are drawn
from N (µ1 , Σ) or N (µ2 , Σ) with equal probability, µ1 = [−3/4, −3]0 , µ2 = [3/4, 3]0 ,
Σ = I, if y = 1 then the dimensions are drawn again from two normal distributions with equal probability having the parameters µ1 = [3, −3]0 , µ2 = [−3, 3]0 , and
Σ = I. The remaining 50 features are noise, each one is generated from the normal
distribution N (0, 20).
Table 1 shows the obtained results. Because of lack of space the complete settings
of the test are not described here. SVM-RFE and SVM-RMB denote the methods
using equations (1) and (2) with supervised SVMs, LapSVM-RFE and LapSVM-RMB
denote that a Laplacian SVM was used for learning, while the r at the end means
that retraining was performed.
The results show that feature selection methods using SVMs clearly outperform
LapSVMs on the synthetic non-linear data set used. Only the results of LapSVMRMBr with 100 points can be considered as acceptable. The methods require further
tests on data sets where semi-supervised assumptions hold, and detailed analysis of
the results obtained.
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Training set size
30
50

Methods

10

100

SVM-RFE
SVM-RFEr
SVM-RMB
SVM-RMBr

47.06 ± 8%
49.78 ± 5%
51.02 ± 4%
48.52 ± 6%

25.57 ± 20%
32.47 ± 19%
46.85 ± 8%
36.30 ± 18%

9.63 ± 12%
24.48 ± 19%
50.67 ± 5%
14.07 ± 16%

5.78 ± 3%
18.72 ± 18%
47.28 ± 8%
6.65 ± 8%

LapSVM-RFE
LapSVM-RFEr
LapSVM-RMB
LapSVM-RMBr

48.47 ± 6%
48.35 ± 10%
48.80 ± 6%
49.43 ± 4%

43.83 ± 13%
46.95 ± 9%
44.30 ± 12%
40.57 ± 13%

43.27 ± 13%
41.40 ± 14%
37.95 ± 15%
28.25 ± 16%

48.50 ± 7%
41.27 ± 15%
30.57 ± 19%
7.13 ± 9%

Table 1. Test errors (mean and standard deviation) for the nonlinear synthetic problem using SVMs and Laplacian SVMs for feature
selection.
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SENSITIVE ANTS ALGORITHM FOR ROUTING IN
TELECOMMUNICATION NETWORKS
ALEXANDRA-ROXANA TĂNASE(1)
Abstract. Ants with a sensitive reaction to pheromone are considered to be
multi-agents for the metaheuristic called Sensitive ACS (SACS). In the SACS
model, each ant is endowed with a pheromone sensitivity level which allows different types of responses to pheromone trails. Such an artificial system, controlled
by emergent behavior promise to generate engineering solutions to distributed
systems management problems found, for example, in telecommunication networks. A comparison between AntNet Algorithm (based on ACO model) and
Sensitive Ants Agorithm (based on SACS model) is made, for solving routing
problems.

1. Introduction
Ant as a part of a well organised colony, can be a powerful agent, working for the
development of the colony. Each ant is able to communicate, learn, cooperate, and all
together they are capable to develop themselves and colonise a large area. Stigmergy is
defined as a method of indirect communication in a self-organizing emergent system
where its individual parts communicate with one another by modifying their local
environment. In many ant species, ants walking from or to a food source, deposit on
the ground a substance called pheromone.
On sensitive ants we may deal with a degree of smelling the pheromone. This is
called: Pheromone Sensitivity Level (PSL), and has a value between 0 and 1 [2,3,4].
The idea of using ants for solving routing problems is not new; for instance, the ACO
metaheuristic provides good results in this area [5]. The paper aim is to provide
an algorithm where sensitive ants can be used for routing. Numerical experiments
indicate the potential of the proposed algorithm.
2. Sensitive Ants model for routing in telecommunication networks
Routing can be characterized by the following general way. Let the network be
represented in terms of a directed, weighted graph: G = (V, E), where each node
in the set V represents a processing and forwarding unit and each edge in E is a
transmission system with some capacity/bandwidth and propagation characteristics.
The node from where the traffic flow originates is also called source, while the nodes to
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which traffic is directed are the final end-points, or destinations. The nodes between
sources and destinations are called intermediate or relay nodes [1,5,6].
The characteristics of the routing problem make it well suited to be solved by a
mobile multi-agent approach. The ideea of using ants in routing problems is not new,
i.e. M. Dorigo and G. Di Caro, originally proposed four ACO algorithms for adaptive
agent-based routing. They are the following: AntNet, and some improvements of it:
AntNet-FA, AntNetSELA and AntHoc Net [5,6,7].
The aim of the Sensitive Ants Algorithm (SAA) is to provide the best route using
ants with random or global (fixed) pheromone sensitivity. The algorithm refers to
finding a minimum-cost path from a certain source to a randomly chosen destination,
using ants. It stops when the best path is achieved and all the updates are made in
the routing tables. The routing algorithm uses two classes of ants: first one is the
management ants; here three types of ants are considered: exploration ants, message
ants or response ants (they work as backward ants) and error ants. The second
class are exploitation ants which only take into account the improvements made by
management ants. They are also called data packets while the management ants may
be called routing packets [5,6]. The SAA partially follows the SACS model. In SAA
metaheuristic, transition probability is expressed as:
pkiu =

P SL
P [τiu (t)]·ηiu (t)
.
[τ (t)]·ηio (t)P SL
o∈J k io
i

The formula above expresses the probability of ant k, from the node i, to choose
the next node u; P SL is the pheromone sensitivity of the ant; Jik are the unvisited
neighbors of the node i; η is the visibility value: η = c1ij ; where cij is the cost between
node i and node j while in SACS metaheuristic it is expressed as:
pkiu =

β
P [τiu (t)]·ηiu (t)
,
[τ (t)]·ηio (t)β
o∈J k io
i

where β is a parameter used for tuning the relative importance of edge cost in
selecting the next node. The algorithm can be resumed as follows: from each network
node, ants are randomly launched towards specific destination nodes. The agent
generation processes happen concurrently and asyncronously. The agents moving
from their source to the destination node are called forward ants, and they can be
identified by the following formula: Fs→d [5]. At iteration t + 1 every ant moves to
a new node and the parameters controlling the algorithm are updated. At each time
unit evaporation takes place. The pheromone on the trail is updated as follows:
τi,j (t + 1) = (1 − ρ) · τi,j (t) + ln(Ni,j (t) + 1),
where Ni,j is the number of ants which pass on the edge i → j at iteration t
; ρ represents evaporation rate. If an ant arrives at destination, it is deleted and a
backward ant (response ant), Bd→s , is created and goes back following the same path
Ps→d = [s, v1 v2 . . . , d] as before but in the opposite direction.
3. Numerical experiments
SAA paradigm presents a simulation of a routing network, using a network which
is represented by an n-node undirected graph G = (V, E). NFSNet, one of the graphs
used for the simulation, is a WAN composed of 14 nodes and 21 bi-directional links
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with a bandwidth of 1.5 Mbit/s [5]. SAA showed good performance under the NSFNet
graph. All reported data are averaged over 10 trials. The best results were rather
obtained using sensitive ants, with a random PSL, than ants with a global PSL. Costs
on the edges were computed taking into account only the propagation delays: costs
range from 4 to 20 msec. Time To Live (TTL) for an ant (packet) was set at 255 sec.

Table 1. Results on ants with different PSL
PSL
random
0.2
0.5
0.7
1

No of Steps
2524.8
2653.2
2570.8
2573.7
2702.1

No of Ants No of Packets No of Delivered packets
274.5
277.8
255.4
291
290.7
266.9
286.6
279.7
257.9
281.1
277.9
255
299
300.5
277.8

Table 2. Time results of SAA on NSFNet
PSL
random
0.2
0.5
0.7
1

No of Steps
2524.8
2653.2
2570.8
2573.7
2702.1

Time (sec)
37.8
39.7
38.5
38.6
40.5

As it can be seen from Table 1, the better results were obtained using a random
PSL value, so sensitive ants (with random PSL values between 0 and 1) are better than
ants which have a global PSL value, i.e., 0, 2, 0, 5, 0.7 or 1. In ACO metaheuristic,
every ant has the same global value for the PSL and this is considered to be 1.
Time of the simulation is proportional with the number of steps; a step occurs at
every 15 msec. The number of ants and the number of packets generated during the
simulation, represent the neccesarry values for the algorithm to reach the best path
in every situation presented above. All the results from the tables represent average
values of the data.
Table 3. The percentage of delivered packets on SAA vs AntNet
Application Percentage of delivered packets
SAA
92%
AntNet
90%

ALEXANDRA-ROXANA TĂNASE(1)
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4. Conclusions
The Sensitive Ants Algorithm based on the model SACS is presented. SAA obtained good results in routing taking into account the NSFNet graph which was also
used by M. Dorigo et al. in AntNet paradigm. The computational results concerning
the SAA model show that sensitive ants achieve better results than ants with global
PSL because exploration of the map can be made better with ants which have a random PSL. This results may be improved by considering different parameter settings.
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EMERGENCY SERVICE SYSTEMS AND ROBOTS
ALINA MIRON(1)

Abstract. Emergency service systems are evolving once with the development
of different technologies. The tendency of the emergency service systems is to
become universal services that can deal with a great variety of situations. Steps
are made towards the introduction of robots in such systems but there exist many
questions that come into view: how do robots search for people, should there be
used independent robots or controlled from distance, when and how the decision
to announce an emergency service is made. We will try to answer this questions
and focus our attention on the integration of robots in the emergency service
system, presenting some experimental results obtained using a robot Robotino,
a couple of PDAs and a laptop. This experiment main disadvantance is the poor
precision of the human finding process but this is a problem to which we’ll try
to present a solution.

An emergency service is an organization which ensures public safety by addressing
different emergencies. Any of these services could be enhanced by the use of robots.
This is necessary because if you take into consideration the case of a natural disaster
the emergency systems on their own will not be able to handle the situation in a short
time. Here time will mean life. In this case robots could be used to search for people,
such that in the moment a person is found they will announce this to a server and
transmit its position.
1. Robots in emergency situations
Robots can have many usages in emergency situations: from reaching places
human could not (the use of robotic technology allows people to remotely explore
and work in dangerous environments without the risk of injury) to finding people.
Applications of robots to various emergency response can include urban search and
rescue, bombdisposal or other explosive, hazardous material inspection and cleanup.
Emergency response robots must have different characteristics accordingly to the
way they were design to response, but common areas of technologies could be share.
From the physical point of view emergency response robots must have mechanical
durability, high mobility in different environments, manipulation capabilities, recovery
ability from errors or from fallings.
Should a robot be independent? In most situations of emergency a robot must act
independently because this can make the searching process faster. But for now it is
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very difficult to construct completely independent robots due to the lack of precision
(poor sensors, rigid algorithms), and because this can not be afforded in an emergency
situation human assistance is necessary in a certain amount - for example to indicate
to the robot the area to be covered by the searching process, or to confirm if a find is
endeed a human or not.
How can a robot search for humans? The process of human search can be a very
difficult one. For example if you rely on the vision sensor - for example a web cam,
the difficulty is in deciding if a certain form can be a human or not. The human body
is highly complex, and because of the many possitions it can take, different cloths,
different colors,it’s making the search based on the computer vision a highly complex
one. It’s worth noting that nearly all the computer vision algorithms so far deal with
face detection problems and a few with pedestrian detection, that is the hole human
body can be seen and it has a certain position. In what will follow it will be proposed
an algorithm for human detection in more complex situations, for example when the
human is laid on the ground, and the robot must decide whether the found object is
endeed a human or not.

2. Scenario and experiment
There exist some services dedicated in urban search across the world whose scope
is to improve disaster readiness and response through public awareness, collaboration,
research and engineering, which imagined scenarios like pandemics, natural disasters
or terrorist attacks [3].
Imagine a situation in which a robot equipped with a video cam (or for better
results a video cam with infrared thermal images) searches for people and in the
moment a person is found it announces the clients connected to it (like the PDAs
of the members of the searching team) or a central server. The clients can receive
raw images (such that they can perform processing of the received data), or processed
images (with correction algorithms applied to the images), or better receive only news
when a human is found. The connected clients are able to see the localization of the
robot at any moment (localization found using a GPS system). Even if the robot can
search for people in an independent mode it could also be remotely controlled.
For the beginning the robot (in the experiment a robot from the Festo company
was used - Robotino) having a web cam searches for people based on an algorithm of
face detection. The navigation system considered is one based on blind man strategy,
in the sense that the robot does not know the area that it will have to cover and does
not the obstacles it will encounter.
In the system from Figure 1 the transmitions of data between the robot and the
other devices was very good on a short range ( 15 m), but bad on larger distances
because of the chosen transmission method. The robot was able to successefuly find
objects, send images with the results to the ’resque team’, but unfortunately the
overall performace of the system was poor - that is the purpose of finding humans
was meet only in very good conditions - very good lighting, perfect alignment of the
robot with the human face. This lacks can be improved through: (1) direct connection
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Figure 1. Robot system
between the robot with the devices but using as an intermidiary an internet connection
and (2) design a better algorithm than the face detection one.
3. Human Detection
Like we presented above, currently the system of human detection is based on a
face detection algorithm, and we presented the reasons this will not perform well in
a real situation. But what ways do we have to provide a better algorithm?
Human body is a complex structure,and what makes difficult to detect a human
based only on image processing techniques is the variation in pose, clothing, appearance, background, illumination etc. That is why we’ll consider a more complex
approach.
From the computer vision point of view, most of the algorithms, including face
detection are based on 2D searches. There also exist some proposals for 3D searches
[4] that uses 3D scanning grid. This method provided good results - actually better
results than the 2D searches, but makes some assumptions: like the fact that people
are standing, and the camera can see the entire human body. Unfortunatly in the
case of an emergency, the images taken by a robot in most cases will not expose the
entire body of a human, that is why we plan to extend the 3D search to parts of
human body.
The moment the robot finds an object it will try to identify it. If it is a human
than it will announce this to its supervizor (another device). For the algorithm of
human detection it will be made through putting together several informations from
the photos taken. First of all, several photos of the object will be taken - this process
is an algorithm in itself because the robot must decide the number of photos to be
taken, and the area that the photos cover. From each round of photos the best ones
are chosen (the photos with the most clearly defined lines and edges), after which the
remaining ones will be stiched together following the line of the focused object and
ignoring the noise of the background. After the object is separated the 3D analysis
will begin. Even in this case there are situations in which maybe the whole object
(human body) will not be in the analysed image, and that is why the algorithm tries
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to find the best match. First it will search for the head because this is the part of
the human body that can be most easyly identified. Afterwords, based on degree of
freedom it will try the reconstruction of the body based on a 3D model of the human
body(finding the arms, hands, legs etc.)
Of course, if the robot could be equipted with a termal camera, the part in which
it tries to identify the whole area of the found object is simplified, and then it only
remains to find out if the object is or is not a human. The problem here lies in the
highly cost of all this equipment that increases the cost of the system. The purpose of
this system is to show that through the use of simple sensors the objective of human
detection can be meet.
4. Conclusions
The field of emergency systemes based on robots is an exciting one because it can
impact directly human lives. We’d wish to provide a new robot architecture based on
simple sensors tailored for intervention in some emergency situations. The complexity
of the algorithm of image processing for the human detection is an exponential one
and in the future we hope to simplify it.
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APPLICATIONS OF SELF-ORGANIZING MAPS IN BIO-INSPIRED
ARTIFICIAL VISION MODELS
PAUL V. BORZA(1) , OANA GUI(2) , AND DAN DUMITRESCU(3)

Abstract. This paper describes the need for bio-inspired vision models when
detecting dissimilarities and rejecting similarities in consecutively taken photos
in various environments over a certain period of time. Such an approach to this
problem are self-organizing maps that are briefly discussed, focusing more on the
algorithmic process that was used to train these. This machine learning technique
was applied in this research regarding finding regions of interest with the goal
of accomodating the varios properties like weather change, luminance change,
camera shake etc. that invariably occur, and a naive approach would fail.

1. Introduction
The paper aims at drawing attention to the depth and breadth of biologically
inspired design as practiced by scientists and engineers. Both a method and goal, the
biologically inspired design expands across many disciplines that currently are organized around functional criteria, or around levels of inquiry. Two aspects need to be
taken into consideration: first, the need to recognize the fields, problems and applications for which biological inspiration can have an impact and second, understanding
the basic steps required for a successful merge of biological and engineering knowledge. The main concern is to transpose biological principles to engineering designs
and applications.
Biologically inspired design is usually thought of as being problem based, that
is, motivated by the need to generate an improved solution to a particular technical
challenge. An opposed approach is to consider ”biological solutions” as a starting
point and seek out particular technical solutions for which the system is appropriate.
This solution-based approaches may encourage the application of biological principles
in ways that would not be immediately obvious when viewed from a problem-based
perspective.
The ability to examine the implementation of particular principles across many
organisms allows us to discover both the generality and robustness of a particular
”biological solution”, the Region of Interest use, in our case. Common in most biologica organisms, this method significantly reduces the amount of information passed
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to subsequent processing layers. A second advantage of the opportunity for comparison is that biological systems often are dedicated to solve a specific problem within
the more general problem space. In our research we have applied a machine learning
technique (SOM) for detecting and tracking differences in consecutively taken images.
2. Motivation
Given a temporal sequence of VGA snapshots at 30 FPS (frames per second), the
described algorithm detects differences and rejects similarities from these consecutive
photos. The main directions in developing a SOM-based solution were accuracy and
speed of the algorithm in order to run in real-time as the flow of images becomes
available.
Self-organizing maps are used to produce a similarity (and in the same time a
dissimilarity) graph of the input data. These convert the nonlinear statistical relationships between high-dimensional data into simple geometric relationships of their
image points on a regular two-dimensional grid of nodes [1].
3. The algorithm
The SOM defines a mapping from the input data space Rn onto a two-dimensional
array of nodes. For every node in the array, there is an associated model vector,
T
a reference vector, that is defined as mi = [µi1 , µi2 , . . . , µin ] ∈ Rn . The input
domain is represented by 8-bit color depth pixels that are characterized by each of
the R, G, andB channels, making n = 3; each channel spans on the [0 . . . 255] interval.
All input vectors were considered to be connected to all neurons in parallel via
the reference vectors µij . The comparison of the input vector with all mi was done
using the Euclidean distance, such that the location of the best-matching unit could
rapidly be found without much processing power [2].
For each step, each frame, the following recursive formula was used to train the
neurons to the new environment, which usually differs from one frame to the other
in terms of angle (e.g. camera shake), luminance (e.g. change of weather), and other
factors that disturb the scene
(1)

mi (t + 1) = mi (t) + hci (t)[x(t) − mi (t)] .

It is necessary to have the neighborhood function hci (t) → 0 when t → ∞. This
approach considers a neighborhood set, Nc , of nodes around the best-matching unit c,
and defines the function as
(
(2)

hci (t) =

α(t), if i ∈ Nc
.
0,
if i ∈
/ Nc

The learning-rate factor was considered to be bounded by 0 < α(t) < 1 and after
several iterations, together with Nc (t), to monotonically decrease in time. For the
first iteration, the neighborhood set was taken as large as the whole diameter of the
map, while the learning-rate factor almost as high as its upper limit.
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4. Test bench
Three photos taken with a Canon EOS 40D in less than half of second at time t,
t + 1 and time t + 2 were considered.

5. Rejecting similarities and detecting dissimilarities
Each pair of the form t and t + 1 was taken for comparison. In order to decide
whether these photos have changed, an average feature vector (i.e. a hash) measuring
the intensities of the colors was calculated for each photo pt and pt+1 taken at time
t, respectively t + 1. If the difference of the norm of the average feature vectors for
pt and pt+1 was less than , then the photos were said to be the same and no further
computation was necessary. However, if the previous condition failed, then using a
divide et impera approach, each of the pt and pt+1 photos were divided into four
smaller ones, and the whole algorithm ran on each of them as if it would work on
completely new photos. Once the algorithm reached a certain depth, it stopped and
compared each pixel individually from one photo to the other.
The decision whether two pixels located at the same position in each photo pair
are similar or dissimilar was given by the distance between the location of the bestmatching unit BM Ut,(x,y) (i.e. the pixel located at (x, y) in the first photo) and the
location of the other BM Ut+1,(x,y) (i.e. the pixel located at (x, y) in the second photo).
If the distance between these best matching units exceeded a certain threshold, then
the pixels were said to be dissimilar (i.e. changed from time t to t + 1), otherwise the
pixels were said to be similar.
6. Results
Self-organizing maps, an unsupervised machine learning technique, were able to
train themselves using the above formulas and approaches; at each iteration, the grid
of neurons becomes more and more efficient in detecting differences and is able to
rebuild itself regarding the contents of the photos and its properties.

Detecting differences in consecutively taken photos not only requires very efficient
algorithm implementations, but also the ability to distinguish between translations,
rotations and other shifts that would not be detected by naive approaches. The above
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trained self-organizing map was able to see only the correct differences between the
photos used in the test bench.

7. Conclusions
This paper shows that self-organizing maps have the ability to overcome usual
problems such as change of luminance, camera shakes etc. that invariably occur when
a photographer takes photos, or when a camera records video. Being able to detect
regions of interest allows us to focus only on that particular area, recognize the moving
object and even estimate its future trajectory.
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Q-LEARNING AND POLICY GRADIENT METHODS
HUNOR JAKAB AND LEHEL CSATÓ

Abstract. Many real-world tasks require a robotic agent to adapt its behavior to certain environmental conditions and to acquire knowledge without user
interaction. In reinforcement learning knowledge is usually acquired without
preexisting training data, thereby making the learning process more “natural”.
In this paper we investigate two reinforcement learning methods and present a
simulation environment where we test their performance. The simulation environment allows the testing of various reinforcement algorithms without a need for
the physical robot. Its advantage is that it can be used to perform benchmarks
and evaluations of different learning algorithms.

1. Introduction
The development of efficient learning methods is an essential field of robotic research. Several real-world tasks require a robotic agent to adapt its behaviour to
new environmental conditions – usually unexpected ones – and to acquire knowledge
within these changed conditions. This should be done without user intervention, and
this framework is usually called reinforcement learning. These problems can efficiently
be solved using statistical methods linked with dynamic programming, based on the
estimation of rewards linked to action-state pairs. Decision making, in situations
where delayed reinforcement is essential, can be modelled with Markov Decision Processes (MDP), or with Partially Observable MDPs [Dar and Mansour, 2003]. In the
following we give a definition of MDPs and the problem statement in an informative
way, then we present two learning algorithms for reinforcement learning. The comparative behaviour of the two methods is briefly discussed in Section 5, where the
comparisons use the simulation environment developed by us.
2. Markov Decision Processes
A Markov decision process [Kaelbling et al., 1996] is a quadruple M (S, A, Pa , Ra )
with the following components: (1) S is the set of states; (2) A the set of actions;
(3) Pa : S × A → p(S), a ∈ A such that Pa (x1 , x2 ) def
= p(x2 |x1 , a) is the conditional
probability of a transition from state x1 to x2 when executing action a; (4) Ra : S →
R, a ∈ A, Ra (x) denoting the immediate reward received after executing action a
from state x. MDPs provide the framework to solving the reinforcement learning:
the goal is to find a policy π, a probability distribution over actions for a given state
x, denoted π(a|x) and valid for all states x ∈ S. The policy maximizes the expected
2000 Mathematics Subject Classification. 68T05, 68T40, 60J25.
Key words and phrases. reinforcement learning, Markov decision processes, robotics.
c 2009 Babeş-Bolyai University, Cluj-Napoca

175

176

HUNOR JAKAB AND LEHEL CSATÓ

cumulative reward, i.e. the discounted infinite horizon summation:
"∞
#
X
t π
(1)
Jπ = E
γ Rat (xt )
t=0

where E[·] is the expected value over the policy, 0 < γ < 1 is the discount rate, and
Raπ (x) is the reward conditioned on the policy π. The expression on the right hand
side of (1) is analytically tractable and the existence of a solution has been proven
[Kaelbling et al., 1996]. However, finding the solution is often difficult and there are
two possible directions. A first solution is to reconstruct the MDP and afterwards
find an optimal policy for the reconstructed model. The second approach is based
on iterative methods that perform a stepwise update of information, based on which
they estimate the optimal policy [Dar and Mansour, 2003].
3. Q-Learning
The Q-learning algorithm [Watkins, 1989] is a direct minimization approach and
it performs value iteration [Bertsekas, 1995] to approximate the policy that maximizes
cumulative
reward defined in (1). The value of a state can be expressed as V (x) =
P∞
E [ t=1 γ t Rat (xt )], the same as in (1) except that the average is with respect to the
optimal policy. According to the Bellman optimality equation [Bertsekas, 1995], the
optimal state value has the following form:
!
X
(2)
V ∗ (x) = max Ra (x) + γ
V ∗ (x)Pa (x, z)
a∈A

z∈S

Finding the equilibrium state using (2) is usually difficult because one has to integrate
over all successor states which is computationally infeasible. To avoid this, the Qlearning algorithm uses a value function on state-action space, instead of state-space
alone: Q : S × A → R. The value of a state alone is the maximum Q-value among all
actions. The update rules are found by reformulating the optimality condition in (2)
and applying prediction difference to adjust the estimate of Q(x, a):
(3)

Q∗ (xt , at )

=

Q∗ (xt , at )


∗
∗
−α Ra (xt ) + γ max Q (xt+1 , at+1 ) − Q (xt , at )
at+1

where 0 < α < 1 is the learning rate, and Q∗ (x, a) is the estimation of the optimal
Q-value function. By applying equation (3) infinitely often to all the state-action
pairs, Q∗ (x, a) converges to its optimal value [Sutton and Barto, 1998].
4. Policy Gradient methods
Policy gradient (PG) algorithms optimize the parameters θ of a parametric policy,
where the optimization is being done with respect to the expected reward J(θ). We
thus need a good approximation to the policy gradient, as in equation (4) with respect
PH−1
to the episodic reward R(τ ) = t=0 γ t Rat (xt ), and the update is done based on the
expression in (5) [Peters et al., 2007], where α is a learning rate, i is the current
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update step, and τ stands for a history of controller outputs for an episode of length
H:
Z
(4)
∇θ J(θ) =
∇θ pθ (τ )R(τ )dτ
(5)

θ i+1

= θ i + αi ∇θ J(θ)

Likelihood ratio methods [Rückstieß et al., 2008] provide a good way of accomplishing
this. In order to incorporate exploratory behavior in the policy we perturb the outputs
of the controller by random Gaussian noise
a = f (x, θ) + e where e ∼ N(0, σ 2 )
QH−1
Knowing that pθ (τ ) = p(x0 ) t=0 π(at |xt )p(xt+1 |xt , at ) and following the derivation
from [Wierstra et al., 2007] the gradient is expressed as:
!
H−1
X
∇θ log π(at |xt )R(τ )
∇θ J(θ) = E
t=0

This is approximated with Markov sampling by taking the average over a number of
controlled output histories [Williams, 1992]. It was shown in [Sutton et al., 1999] that
PG algorithms converge to a local optimum.
5. Comparative behavior
To analyse the behavior of the described algorithms we created a virtual robot
with two degrees of freedom, as in Fig. 1.a, and we simulated it’s dynamics using
the ODE physics engine.1 Both the Q-learning and the policy gradient algorithms
were implemented, the task being the movement in a certain direction. There are
several parameters that affect the Q-learning, we plotted the convergence rates and the
efficiency of the algorithm in Fig. 1.b. For Q-learning there is no need for a parametric
model, but it leads us to the drawback that one has to discretize the state-space as
seen if Fig. 1.c, limiting its applicability to problems with low dimensions. The policy
gradient algorithm on the other hand is capable of handling continuous search spaces
with the help of function approximators(in our experiments we used neural networks
for f with variable complexity), but gradient variance makes the algorithm converge
more slowly. Computational costs of the PG algorithm are also much higher, as a
result of the complexity of gradient evaluation. In both algorithms the hand-tuning of
parameters such as α, γ, σ 2 is crucial for good performance.This work was supported
by grant POSDRU/6/1.5/S/3/2008-ID 5216 and PNII 11-039/2007.
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(a)

(b)

(c)

Figure 1. (a) Simulated robot (b) convergence and speed changes
(c) Q-value function and trajectory
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A MULTIAGENT DECISION SUPPORT SYSTEM FOR ASSISTING
SOFTWARE MAINTENANCE AND EVOLUTION
GABRIELA CZIBULA(1) , ISTVAN GERGELY CZIBULA(1) , ADRIANA MIHAELA GURAN(1) ,
AND GRIGORETA SOFIA COJOCAR(1)
Abstract. The development of tools for building performant, open, scalable and
continuously adaptable software systems is a major challenge in software engineering and artificial intelligence researches. The problems related to the maintenance and the evolution of software systems are essential, a major requirement
being to develop methodologies for the structural and behavioral optimization of
the systems. In this paper we propose an intelligent multiagent decision support
system for assisting software developers during the maintenance and evolution of
software systems. The proposed system is part of a research project that aims at
developing machine learning techniques for the structural and behavioral adaptation of software systems during their maintenance and evolution. The current
status of our work is also presented.

1. Introduction
The concept of decision support system (DSS) is very broad, because there are
many approaches to decision-making, and because of the wide range of domains in
which decisions are made. A DSS can take many different forms. In general, we can
say that a DSS is a computerized system that facilitates decision making.
The main objective of our research is to use machine learning techniques [1] for
structural adaptation of software systems during their maintenance and evolution
and for their behavioral self-adaptation, as well. The developed techniques will be
incorporated in an intelligent multiagent decision support system for assisting software
developers in the maintenance and evolution of software systems.
The aim of this paper is to propose an intelligent multiagent decision support
system (DSSEM - Decision Support System for Software Evolution and Maintenance)
for assisting software developers during the maintenance and evolution of software
systems. For the structural adaptation of software systems and for their behavioral
self-adaptation we propose to use machine learning [1] techniques.
The rest of the paper is structured as follows. Section 2 presents the motivation
of our approach. The architecture of DSSEM system is presented in Section 3. Some
conclusions and future research directions are given in Section 4.
2000 Mathematics Subject Classification. 68N99, 68T99, 68T05.
Key words and phrases. software engineering, decision support system, refactoring, machine
learning.
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2. Our approach
In the lifecycle of software systems changes appears continuously, because of new
functional requirements. These new requirements impose the necessity of adaptive optimization of the systems during their evolution. In order to meet these requirements,
both structural and behavioral changes of the systems are needed. The structural
changes refer to the improvement of the internal structure of the system in order to
adapt itself to the new requirements, and the behavioral changes refer to optimizing
the behavior of the system in order to adapt its interaction to the dynamicity of its
external environment (users, other systems).
The main objective of our reasearch is the development of machine learning methods and models for structural adaptation and behavioral self-adaptation of software
systems during their maintenance and evolution. We focus our researches on two
essential problems related to the maintenance and evolution of software systems, program comprehension and software reengineering. In order to validate the obtained
theoretical results, we aim at developing an intelligent multiagent decision support
system for assisting software developers in the maintenance and evolution of software
systems.
Two subfields of software engineering which deal with activities related to software
systems understanding and their structural changes are program comprehension and
software reengineering. Both subfields study activities from the maintenance and
evolution of software systems phases. We briefly analyze, in the following, the main
aspects related to the activities from the previously mentioned domains which are the
focus of our researches.
Program comprehension [2] is the domain that deals with the processes (cognitive or other kind) used by the software developers in order to understand software
systems. It is a vital software engineering and maintenance activity, necessary for
facilitating reuse, inspection, maintenance, reverse engineering, reengineering, migration, and evolution of existing software systems. Esentially, it focuses on developing
metholologies and tools to facilitate the understanding and the management of the
increasing number of legacy systems.
Some important activities in program comprehension that we intend to automate
are: design patterns identification, concept location and aspect mining.
Software reengineering was defined by Chikofsky and Cross in [3] as the inspection
and modification of a software system in order to rebuild it in a new form. Recent
researches reveal the importance of software reengineering in the maintenance and
evolution of software systems [4]. Software reengineering consists of modifying a
software system after it has been reversed engineered to understand it, to add new
functionalities or to correct existing errors.
3. DSSEM system
In this section we propose a distributed decision support system for assisting
developers in the maintenance and evolution of software systems. As the system is
distributed and it requires flexible and autonomous decisions, it has been identified
as a multiagent one. The following classes of agents were distinguished at the level
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of the multiagent system: Software developers (human agents); Personal Assistant
Agents (PA); Decision Support Agents (intelligent mobile agents - DSA).
The system that we propose in this paper is a distributed system consisting of
some local nodes, where software developers are assisted by DSSEM in activities
related to software maintenance and evolution (as presented in Section 2), and a
central location that supervises the local nodes.
We assume that at each local node, the human agent (software developer) use
his/her favourite IDE (Integrated Development Environment) for developing a software application SA. At each local node, a personal assistant agent PA is also available. Each time a software developer needs assistance in a task related to refactoring,
design pattern identification, or other tasks supported by DSSEM (see Section 2) PA
agent is activated. PA is a software agent that is responsible for interacting with the
IDE in which the user develops its application.
On the central location six kinds of decision support agents exist: an agent responsible for design patterns identification, one responsible for concept location, one
responsible for crosscutting concerns identification, one responsible for introducing
design patterns, one responsible for refactoring, and one responsible for the behavioral adaptation of the system. All of them are sleeping until they receive a specific
message and they become activated. After a software developer authenticates on a
local node and request assistance for an activity, its personal assistant agent PA sends
an awakening message to the coresponding decision support agent.
Once activated, an instance of the corresponding decision support agent DSA
migrates to the local node, where its interaction with the personal assistant agent
PA starts (DSA agent receives the information that PA agent has collected about the
software application SA). After the task of DSA agent is completed, it sends the
results to PA agent that will communicate the information to the software developer.
After this, DSA migrates back to the central location. DSA are intelligent agents
that accomplish their tasks by using machine learning [1] techniques.
We can conclude that the advantages of the DDSEM system proposed in this
paper are: (1) It benefits from the advantages that the agent based technology offers
- especially autonomy and flexibility [5]. (2) It offers protection of confidential information by using the mobile agent technology. Maintaining security [6] implies that
the software developer’s intelectual property (source code) might be highly sensitive
data that should not leave its location. In such cases, the mobile-agent model [7] offers
a solution: a mobile agent is sent to the local node, and at the end of the process the
mobile agent is destroyed on the location itself. (3) DSSEM system can be simply
adapted to any IDE and/or programming languages (such as Eclipse, Visual Studio;
Java, C++), only by changing the behavior of PA.
We have implemented a prototype of DSSEM system, in which the functionality of
refactorings identification is added. In this direction, RDSA agent was developed, i.e.,
an instance of DSA agent that is responsible for identifying refactorings that improve
the structure of a software system. For refactorings identification we use a clustering
approach that we have previously introduced in [8]. The identified refactorings are
suggested to the software developer, that can decide if the refactorings are appropriate.
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4. Conclusions and furher work
We have proposed in this paper an intelligent multiagent decision support system
(DSSEM ) that can be used for assisting software developers in some activities related
to the maintenance and evolution of software systems. We have presented the architecture of the proposed system, a scenario of using it, and we have also emphasized
the system’s importance.
Further work may be done in the following directions: to identify solutions for
improving the performance of DSSEM system using parallel computation; to extend
DSSEM system by including all the functionalities related to the structural adaptation
and behavioral self-adaptation of software systems; to experimentally validate DSSEM
multiagent system on real software systems.
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A CLUSTERING APPROACH FOR TRANSFORMING
PROCEDURAL INTO OBJECT-ORIENTED SOFTWARE SYSTEMS
ISTVAN GERGELY CZIBULA(1)
Abstract. It is well known that object-oriented programming has mechanisms
for constructing highly flexible, adaptable, and extensible systems. Legacy software systems evolution often requires their reengineering to object oriented systems. In this paper we are focusing on the problem of automating the transformation of procedural software systems into object-oriented systems. For this
purpose we propose a clustering approach and we develop a partitional clutering
algorithm that can be used for assisting software developers in the process of
migrating procedural code into object-oriented code. A simple example showing
how our approach works is also considered.

1. Introduction
It is well known that object-oriented programming has many advantages over conventional procedural programming languages for constructing highly flexible, adaptable, and extensible systems [1].
Object-oriented concepts are useful concerning the reuse of existing software.
Therefore a transformation of procedural programs to object-oriented programs becomes an important process to enhance the reuse of procedural programs. It would
also be useful to assist by automatic methods the software developers in transforming
procedural code into an equivalent object-oriented one.
Unsupervised classification, or clustering, as it is more often referred as, is a data
mining activity that aims to differentiate groups (classes or clusters) inside a given
set of objects [2].
The main contributions of this paper are:
• To introduce a clustering approach for transforming non object-oriented software systems into object-oriented ones. The proposed approach can be useful
during the evolution of non object-oriented software systems.
• To propose a k-medoids based clustering algorithm for our goal.
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The rest of the paper is structured as follows. A clustering approach for assisting
developers in the process of tranforming software systems written in procedural programming languages into object-oriented systems is proposed in Section 2. Section 3
contains some conclusions of the paper and also outlines further research directions.
2. Our approach
Let S = {s1 , s2 , ..., sn } be a non object-oriented software system, where si , 1 ≤
i ≤ n can be a subprogram (function or procedure), a global variable, a user defined
type.
In the following we will refer an element s ∈ S as an entity.
In order to transform S into an object-oriented system, we propose an approach
consisting of two steps:
• Data collection - The existent software system is analyzed in order to extract from it the relevant entities: subprograms, local and global variables,
subprograms parameters, subprograms invocations, data types and modules,
source files or other structures used for organizing the procedural code.
• Grouping - The set of entities extracted at the previous step are grouped
in clusters. The goal of this step is to obtain clusters corresponding to the
application classes of the software system S.
In the Grouping step we propose a k-medoids based clustering algorithm, kOOS
(k-medoids for Transforming Software Sytems into Object-Oriented Software Systems).
In our clustering approach, the objects to be clustered are the entities from the
software system S, i.e., O = {s1 , s2 , . . . , sn }. Our focus is to group similar entities
from S in order to obtain groups (clusters) that will represent classes in the equivalent
object-oriented version of the software system S.
In order to express the dissimilarity degree between the entities from the software
system S, we will use an adapted generic cohesion measure [3]. Consequently, the
distance d(si , sj ) between two entities si and sj is expressed as in Equation (1).
(
(1)

d(si , sj ) =

1−
∞

|p(si )∩p(sj )|
|p(si )∪p(sj )|

if p(si ) ∩ p(sj ) 6= ∅
,
otherwise

where, for a given entity e ∈ S, p(e) defines a set of relevant properties of e, expressed
as follows.
• If e is a subprogram (procedure or function) then p(e) consists of: the subprogram itself, the source file or module where e is defined, the parameters
types of e, the return type of e if it is a function and all subprograms that
invoke e.
• If e is global variable then p(e) consists of: the variable itself, the source files
or modules where the variable is defined, all subprograms that use e.
• If e is a user defined type then p(e) consists of: the type itself, all subprograms
that use e, all subprograms that have a parameter of type e and all functions
that have e as returned type.
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We have chosen the distance between two entities as expressed in Equation (1)
because it emphasizes the idea of cohesion. As illustrated in [4], “Cohesion refers to
the degree to which module components belong together ”. Our distance, as defined in
Equation (1), highlights the concept of cohesion. It is very likely that entities with
low distances have to be placed in the same application class, and distant entities
have to belong to different aplication classes.
kOOS algorithm is a k-medois like algorithm that uses a heuristic for choosing
the initial medoids.
The entity chosen as the first medoid is the most “distant” entity from the set of
all entities (the entity that maximizes the sum of distances from all other entities).
At each step we select from the remaining entities the most distant entity relative
to the already chosen medoids. If the selected entity is close enough to the already
chosen medoids, then the process is stoped, otherwise the selected entity is added to
the medoids list and we try to choose a new medoid from the remaining entities.
We consider an entity close to a set of medoids if the distances between the entity
and any of the medoids are less than a given threshold. We have chosen the value
1 for the threshold because distances greater than 1 are obtained only for unrelated
entities (Equation (1)).
The idea of the above described heuristic is to choose medoids that will act as
seeds for the clusters that will represent application classes in the resulted objectoriented system.
After selecting the initial medoids, kOOS behaves like the classical k-medoids
algorithm.
The main idea of the kOOS algorithm that we apply in order to group entities
from a software system is the following:
(i) The initial number p of clusters and the initial medoids are determined by
the heuristic described above.
(ii) The clusters are recalculated, i.e., each object is assigned to the closest
medoid. Empty clusters will be eliminated from the partition.
(iii) Recalculate the medoid i of each cluster k based on the following idea: if h is
X
an object from k such that
(d(j, h) − d(j, i)) is negative, then h becomes
j∈k

the new medoid of cluster k.
(iv) Steps (ii)-(iii) are repeatedly performed until there is no change in the partition K.
Each cluster from the resulted partition will represent an application class from
the equivalent object-oriented version of the software system S.
We have successfully evaluated our approach on a simple code example written
in Borland Pascal.
3. Conclusions and further work
We have presented in this paper a partitional clustering algorithm (kOOS ) that
can be used for assisting software developers in transforming procedural software
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systems into object-oriented ones. We have also illustrated how our approach is
applied for transforming a simple program written in Pascal into an equivalent objectoriented system. Advantages of our approach in comparison with existing similar
approaches are also emphasized.
Further work will be done in the following directions:
• To improve the distance function used in the clustering process.
• To extend our approach in order to also determine relationships (class hierarchies) between the application classes obtained in the object-oriented system.
• To apply kOOS algorithm on large software systems.
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COMDEVALCO FRAMEWORK - PROCEDURAL AND MODULAR
ISSUES
B. PÂRV, I. LAZĂR, S. MOTOGNA, I-G. CZIBULA, C-L. LAZĂR(1)

Abstract. This work is part of a series referring ComDeValCo - a framework for
Software Component Definition, Validation, and Composition. Its constituents
are: a modeling language, a component repository and a set of tools. The current paper describes the status of the project after implementing procedural and
modular concepts.

1. Introduction
UML 2.0 introduced the action semantics, aimed to help the construction of
executable models [3]. The behavior of such models is completely defined down to
statement level, making possible their construction and execution by tools able to
interpret UML 2.0 semantics.
Unfortunately, this important breakthrough did not increased the use of UML
models in the software development process. The main reasons are at least the following: (1) UML is too general (being unified ) and its semantics contains extension
points deferred to the concrete use of the language; (2) the construction of detailed
models (down to statement level) with existing tools is too dificult, these tools being
too general and (3) there is a lack of (agile) mature development processes based on
executable models.
The above premises were the starting point of the ComDeValCo project: a
framework for component definition, validation, and composition. Its constituents
are: a modeling language, a component repository, and a set of tools.
The software component model is described by an platform-independent modeling language. Component repository represents the persistent part of the framework, containing the models of all full validated components. The toolset is intended
to automate many tasks and to assist developers in performing component definition (DEFCOMP) and V & V (VALCOMP, SIMCOMP), maintenance of component
repository (REPCOMP), and component assembly (DEFSYS, VALSYS, SYMSYS,
GENEXE).
2000 Mathematics Subject Classification. 68N30.
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The original idea of ComDeValCo framework is to use a plaform-independent
modeling language able to model software components in a precise way and to employ a set of tools aimed to help developers in component and system definition and
validation processes. This paper represents a synthesis of early efforts regarding this
framework, most of them being described in separate papers.
The paper is organized as follows: after this introductory section, the next one
contains the results belonging to the procedural programming, continued in the third
section with modular issues. Last section contains some conclusions and discusses
future plans.

2. ComDeValCo: Procedural issues
First phase of the ComDeValCo project had two goals: completing the initial
object model and developing first versions of DEFCOMP and VALCOMP tools.
2.1. Initial object model. The initial object model was started during a feasibility
study performed in the first term of 2007. It has a layered architecture, from bottom
to top: (1) low-level (syntactical) constructions, (2) execution control statements and
(3) program units. Paper [13] contains a detailed discussion.
With this initial object model in mind, an action language PAL (Procedural
Action Language) was designed (see [4] for details). It has a concrete (textual) syntax
and graphical notations corresponding to statements and component objects.
2.2. Tools for procedural paradigm. The first version of DEFCOMP allows model
construction, execution, and testing, covering also some of the functionality of VALCOMP.
Program units can be expressed in both graphical or textual ways. The two
different editing perspectives of DEFCOMP are synchronized, acting on the same
model, which uses PAL meta-model.
VALCOMP tool was designed with the agile test-driven development process in
mind, allowing developers to build, execute, and test applications in an incremental
way, in short development cycles.
DEFCOMP has a debugging perspective also, and the developer can adnotate
the model with breakpoints. Besides assertions, used for testing and functional code,
PAL includes pre- and post-conditions for procedures/functions and invariants for
cycles.
Later on, DEFCOMP and VALCOMP were included in the so-called ComDeValCo workbench, and are described in more detail in [1, 2, 7].

3. ComDeValCo: modular issues
The second phase of the ComDeValCo project had had two main goals: implementation of modular concepts and the design of component repository.
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3.1. Modeling language. The modeling language was improved in two different
directions, by (1) including module and execution environment, and (2) extending its
type system with structured types.
In order to ease the process of implementing modular concepts, an adaptable
infrastructure was created, based on a meta-model defining the concepts of module
and execution environment.
The module is considered in the general case, as a deployment unit, including
either (a) several data types, functions, and procedures - as in the traditional modular
programming model, or (b) several data types, including components - as in the case
of component-based programming. There are dependency relations between modules,
which must be specified during module definition phase and must be satisfied before
module execution.
Static execution environments load all modules of an application before starting
its execution. The proposed model loads modules and starts their execution provided
that all dependencies are solved. It also supports dynamic module load/unload facilities. Some of the existing execution environments have these features - like OSGi [11],
which assembles Java applications from dynamic modules. Our proposal is described
in [5].
The initial modeling language used only primitive data types. Currently, its type
system includes a new ArrayType class, and PAL grammar was changed to allow the
definition of tables (vectors) and structured types, like lists. These achievements are
described in detail in [9], which proposes an extensible data type hierarchy.
3.2. Component repository. The interactions between component repositories, ComDeValCo workbench and client applications are described in [5, 8].
The starting point in the work of providing a correct taxonomy for components
was the establishment of classification criteria. Several concrete approaches were
considered, including information domain and functionality. These criteria may be
used in searching of components stored in the repositories. All these matters are
discussed in great detail in [8].
The root of all objects managed by the component repository is RegistryObject
(see Figure 1), from which all components inherit (thru ExtrinsicObject class). In
order to provide a great degree of flexibility, the hierarchy contains distinct classes
for the two concepts: classification and classification scheme.
In order to describe the representation of components in the repository, an object
model was defined; it includes all component types covered by the modeling language
and allows for adding new ones.
Component representation format complies to OASIS RIM (Registry Information Model) standard [10]. To achieve this, the class ExtrinsicObject was extended by subclasses specific to component-based applications: DModule, DComponent,
Capability - functionality, and Requirement - component dependencies .
3.3. The toolset. The functionality of DEFCOMP and VALCOMP tools was extended to include module and execution environment concepts. Papers [5, 6] describe
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Figure 1. Representation of objects in repositories
in great detail UML stereotypes aimed to define these new constructs included in the
modeling language.
DEFSYS and VALSYS were initially considered as tools for developing/verifying
and validating software systems by assembling components taken from component
repositories. Later on, by adopting a test-driven development method, these two subprocesses (component definition and system definition) were considered as a whole,
and DEFCOMP and VALCOMP tools address all needed functionality. This way, the
functionality of ComDeValCo workbench covers both component/software system
development/verification and validation activities. These results are described in more
detail in [2, 7].
4. Conclusions and Further Work
This paper describes procedural and modular aspects of the ComDeValCo
project. Future developments of the framework will include object-oriented and
component-based issues, as well as repository management and system-level tools.
These steps are considered within the planned evolution of the ComDeValCo
framework, which include activities for improving the modeling language and component repository infrastructure, as well as continuous maintenance of the tools aimed to
operate in the component/system definition, validation, evaluation, and simulation.
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RAPID PROTOTYPING OF CONVERSATIONAL WEB FLOWS
I. LAZĂR, S. MOTOGNA, AND B. PÂRV(1)

Abstract. In this paper we present a rapid prototyping development approach
for conversational web flows based on Model-Driven Architecture (MDA). Prototypes are defined as executable UML models. In order to ensure simple and fast
definition of UML models, we apply the DRY (“don’t repeat yourself”) principle and the concept of “convention over configuration”. Update transformations
in the small may be applied on model elements in order to rapidly create new
elements based on some conventions.

1. Introduction
Prototyping refers to a development approach centered on developing prototypes
(executable model of a system that reflects a subset of its properties) early in the
development process, to allow early feedback and analysis [4]. Prototyping techniques
based on MDA rely on using the UML and profiles. Today, the effort of defining a
standard execution semantics for UML enters the final state of adoption through
Foundational UML (fUML) which defines a “basic virtual machine for the UML” [7].
The proposed solution is a prototyping approach for conversational web flows
based on the following techniques. The model prototypes are captured as executable
fUML models [7] and conform to iComponent profile [6]. For simple and fast definition of fUML models we use model transformations [3] for generating new elements
based on existing best practices for developing web applications.
After this introductory section, the next one presents iComponent profile, the
third section describes our rapid prototyping method, and the last one draws conclusions and future development plans.
2. iComponent Profile
iComponent (injected component) [6] has been designed as a platform-independent component model for service-oriented applications (SOA). Recently, we have
extended iComponent for prototyping SOA on OSGi platform [5] by adding new
stereotypes for domain classes and Model-View-Controller (MVC) architectures - see
Figure 1. A short description of this profile is given below (see [5]).
2000 Mathematics Subject Classification. 68U07, 68U20, 68U35.
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Figure 1. iComponent Profile Extract
Entity and id can be used to mark instances from domain that have identity. View
corresponds to the view part of an MVC architecture and controllers are defined as
simple components having behavioral elements marked as actions.
For binding data between actions and views we use the context abstraction [2],
and the bijection mechanism [1] which is a generalization of the dependency injection
as follows. Whenever a component’s action is invoked, values from the contexts are
injected into the properties of the component being invoked, and also “outjected”
from the component’s properties back to the contexts.
In this paper we add new stereotypes for modeling two contexts of web applications: the request context and the conversation context which represent instances
required for processing a request, respectively a conversation. A conversation is a
unit of work from the point of view of the user and can span across multiple requests.
For instance, registering a new customer can be designed as a conversation composed
of two separate requests, submitting the account information and then the personal
details.
RequestScope and ConversationScope are used to associate components and their
properties to these contexts. Information flow direction must be specified using in
and out stereotypes.
View properties can be marked as input properties - for entering data, or as
output properties - for displaying data. The model part of MVC is represented by
all instances associated to the request and conversation contexts. By convention, a
view property is either directly mapped to a context property, or indirectly using a
selection expression written in OCL.
3. Development Approach
Each of the following subsections describes a step of our prototyping approach on
a simple case study for registering a new customer.
A. Create a new action. A creation wizard [3] can be used to rapidly create a
new action. Figure 2 - (a) presents the result of this creation process for a new index
action and a new Home owner component: a Home component type associated to
the RequestScope is created, an index operation is added which is described by an
empty index activity (not shown in Figure 2); an Index view is also created and a
simple out welcome property is associated to the request context. Now we can run
the model prototype, select a controller and then execute an action; a view is selected
in order to render the response - by convention, a view with the same name as the
action.
B. Create domain classes. Entities and value objects can be created using
any UML tool. We establish their properties and then run a generation wizard for
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Figure 2. (a) Creating a New Action (b) Domain Classes
generating identity properties and basic persistence operations - Figure 2 - (b). See
[5] for more details about our Object-Relational Mapping infrastructure.
C. Create a new conversation and design its flow. As for actions, we are
prompted to enter the conversation name and to choose its owner component. Figures 3 and 4 present the result of creating a NewCustomer conversation and a new
EditCustomer owner component: an EditCustomer class associated to the ConversationScope is created and a NewCustomer state machine is added in the context of
this class. At this stage, the generated artifacts do not contain other elements. For
saving space, Figures 3 and 4 show only the final result of the model prototype.
Now we design the states and the conversation flow. Before running the model
prototype we change the content of Index in order to execute our conversation - see
Figure 5. A view is dynamically generated for each state. At the moment, we have
obtained an executable conversation, but no data is presented. Next, we are going to
enhance our conversation by adding actions and establishing data bindings.

Figure 3. NewCustomer State Machine
D. Add actions to a conversation. At this step we add behaviors to the state
machine in order to produce the data required by the conversation. fUML activities
may be added for specifying behaviors to be performed on a transition when the
transition fires, or as entry/exit behaviors executed when a state is entered/exited. All
activities must belong to the component, in order to easily access the conversational
state. Figures 3 and 4 show the result of this process for our case study. initialize is
added to create a new customer instance, save is added to store the new customer,
and checkPassword is an intermediate step.

Figure 4. EditCustomer Controller
E. Generate views. Finally we can generate the views - see Figure 5. The views
contain only presentation elements together with their mappings, the navigation part
being defined by the state machine. When running the model prototype, actions
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corresponding to outgoing transitions of a state are dynamically added for each view.

Figure 5. Generated Views
4. Conclusions and Further Work
We have extended iComponent for modeling conversational web flows. The new
added stereotypes together with the introduced model transformations allow rapid
generation of executable fUML models. We have also extended the runtime infrastructure of our component model in order to obtain a framework for rapid prototyping
of web applications. As a future direction, we intend to refine the stereotypes for creating views, and to extend iComponent for bussiness processes.
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COMPONENT MODELS' SIMULATION IN ContractCML
VLADIELA PETRACU(1) , DAN CHIOREAN(1) , AND DRAGO PETRACU(1)
Through the support oered for simulation, executable modeling
provides models with a deeper analytical power. In the software components
eld, simulation is highly valuable, since it allows performing component interoperability checks. Within this paper, we propose a simulation method for
ContractCML component services in the context of the XMF framework.
Abstract.

1. Introduction
In [4], we have introduced ContractCML, a hierarchical component DSML focused
on representing components' usage contracts. To date, the language metamodel only
supports the rst two contract levels (syntactic and semantic), but its highly extensible
architecture allows the two remaining ones (synchronization and quality-of-service) to
be easily added. The language was thought as the backbone of a framework meant to
support a rigorous specication of software components, as well as their semantically
correct assembling into component-based applications.
Through the present paper, we intend to further contribute to such a framework,
by proposing a simulation method for ContractCML component services. Adding
simulation capabilities to our language is highly benecial, since it allows us to test
component assemblies and perform component interoperability checks early in a system's lifecycle. The proposed method relies on our approach for representing components' semantic contracts, which is detailed in [4]. The simulation takes place in the
context of the XMF framework [1],[3], being based on a XCore representation of the
ContractCML metamodel and the use of XOCL (an executable OCL-like language).
2. Proposed Simulation Method
To facilitate understanding of the proposed simulation method, we rst recall the
metamodel concepts needed in order to represent syntactic and semantic contracts for
software components (diagrams are omitted due to space constraints of the paper, see
[4] for details). From a syntactic perspective, a ContractCML component Interface
consists of a collection of Services, each of which owns a sequence of Arguments.
The Design by Contract - style semantics of such an interface can be described by
means of its associated DBCSpec metaclass instance. To accomplish this, each dBCSpec
2000 Mathematics Subject Classication. 68N30, 68U20.
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owns an information model, instance of the InfoModel metaclass. An information
model can be thought of as a typical class model. However, among the classes in
the information model, there is one having a special status and which will be called
the main class of the information model in the following. This class, instance of
the InterfClass metaclass, owns operations having signatures identical to those of
the interface services. The other classes in the information model are referred to
as information-type classes; these are instances of an InfoTypeClass metaclass and
alltogether they abstract that part of a component's state that may be aected by the
execution of interface services. The main class should have at least one composition
relationship with an information-type class. The semantics of interface services is
expressed by means of pre/post-condition pairs, written as OCL expressions in the
context of the main class and in terms of the information-type classes.
As emphasized in [2], [4], the main purpose of an interface information model is
to support the specication of level two semantic contracts for software components.
However, by employing an executable OCL-like language, such as XOCL [3], it becomes possible to use the information model for simulation purposes as well. Namely,
we may simulate a service belonging to the provided interface of a component by
dening an XOCL body for its homonymous operation located in the main class of
the interface's information model, and then executing it. Simulation of a provided
interface service will be thus performed in terms of the interface's information model.
Still, this simple technique works only for components that have no requirements on
the environment. In order to realistically simulate those having both provisions and
requirements, it became necessary to enrich the ContractCML metamodel, enabling
it to represent not only usage contracts, but also realization contracts.
Unlike usage contracts, which are for clients, realization contracts are for the component realizers/implementors [2]. A realization contract attached to a component
type contains information regarding the way in which its provided services should be
designed in terms of the required ones. In [2] these interactions are described using
UML collaboration diagrams. In ContractCML, we allow expressing such contracts
by means of a special type of class, called RealizationClass, an instance of which
may be attached to a component type (Figure 1). Any RealizationClass instance

Figure 1.

ContractCML ComponentTypes

attached to a component type has to fulll two mandatory constraints, both of them
being formalized as metamodel WFRs: (1) it has to inherit all main classes from
the information models of interfaces exposed through the component type's provided
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ports, and (2) it has to hold a reference to each main class from the information model
of each required interface. The realization contracts themselves are then expressed by
overriding the inherited methods (which perform simulation in terms of the interface
information models) such that they delegate calls to the owned references. In case a
certain component type has no required interfaces (acting as a leaf in a component
architecture), then no overriding is needed, the simulation of a provided service being
performed at the level of the information model attached to the interface to which
the service belongs.

Figure 2.

ContractCML Architectures

Apart from representing realization contracts, we have added a Simulator class at
the metamodel level. In order to simulate any of the services provided by a particular
component instance, it is necessary to create such a Simulator object. It is assumed
that the component instance is part of an architecture in which its requirements are
provided by other component instances and so on. The Simulator constructor takes
the component instance as an argument, which it uses in order to instantiate what
we have called a simulationBase. The latter is, in fact, a completely and recursively
congured instance of the RealizationClass corresponding to the argument's component type. We give in the following the XOCL body of the Simulator operation
returning the simulation base. All navigations involved in describing the operation
can be tracked in gures 2 and 1.
@Operation getSimulationBase ( inst : ComponentInstance ): XCore :: Element
let arch = inst . architecture ;
compType = inst . component . componentType then
cls = compType . realizationClass then res = cls ()
in @For reqPort in compType . requiredPorts do
let portName = reqPort . name ;
binding = arch . assemblyBindings -> select (b|
b. fromEnd . port = reqPort and b. fromInstance = inst )-> sel then
instance = binding . toInstance then
reqInstance = getSimulationBase ( instance )
in res . set ( portName , reqInstance )
end
end ;
res
end
end
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Having such a base congured, simulation of a service provided by the component
instance is achieved by calling the simulate operation on its corresponding Simulator
instance. The service itself, as well as the sequence of values for its arguments should
be passed as parameters.
@Operation simulate ( service : Service , arguments : Seq ( Element )): XCore :: Element
let cls = self . simulationBase . of () then
op = cls . allOperations () - > select (o |
o. name . asSymbol () = service . name . asSymbol ()) - > sel
in op . invoke ( self . simulationBase , arguments , null )
end
end

3. conclusions
Through this paper, we have provided a simulation method for ContractCML
components' services within the XMF execution framework. To date, we do not know
of similar approaches to simulation in the literature. The feasibility of our proposal
has been proved using a variant of the Reservation System case study from [2]. For
now, the simulations are executed inside the XMF console, but the development of a
graphical concrete syntax for ContractCML and of an associated graphical editor are
planned as future work.
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EFFORT ESTIMATION BY ANALOGY USING A FUZZY
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Abstract. Estimation of cost and time to develop a software product P is a well
known problem. Among the possible ways to do it is analogy with old finished
projects. We describe an experiment using different versions of the Fuzzy cMeans algorithm, to find projects similar to P . Then the information about
these projects is used to estimate the effort needed to build P .

1. Introduction
Estimation of cost and optimal time to develop a software product is a well known
problem. There are various methods to solve this problem:
• expert opinion, i.e. guessing on personal experience;
• analogy with already finished projects;
• decomposition of the system into its smallest components and estimating the
effort to build each component;
• models using mathematical formulas to compute the cost.
There are some models for cost estimation. Here we mention COCOMO I [Boe81],
Albrecht’s Function Points [Alb83], and COCOMO II [Boe85]. The COCOMO I is
based on the size of the product, which is unknown at the beginning of the software
process. Albrecht’s model is based on the requirements and uses the information about
the input data, the needed results, the files used in the system and the inquiries made
by the user. COCOMO II effort estimation equations are adjusted basic equation
using 17 cost drivers and five scale factors. These cost drivers are personnel attributes,
process attributes, product attributes, and computer attributes.
To predict by analogy the cost (effort) and time to develop a software system P
means to find the most similar finished system S and to use its known characteristics
for prediction [She96]. The most similar system is that one which is closest to P in
the Euclidean space.
First problem that arise is to define and compute the similarity of two projects S
and P . We need some important characteristics of these projects, and the possibility
to obtain these characteristics from the requirements of the projects. They appear in
Albrecht’s model, or in COCOMO2, and may be quantifications for the complexity
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of the system, the required reliability, the number of inputs, the number of outputs,
the number of files, the number of screens and so forth. If we use n characteristics
to describe a project, it is represented as a point in the n-dimensional Euclidean
space. The similarity of two projects may be defined as the distance between the
corresponding points.
Estimating the cost of P by analogy is reduced to finding the closest previously
completed similar project S. Then the actual data from the project S is extrapolated
to estimate the cost of P .
An improvement to the above described method is to select some projects most
similar to P and to deduce the cost for the proposed project from data of these most
similar completed projects. Here we suggest using both the well-established Fuzzy
Hierarchical Clustering procedure and as well a restricted approach thereof, to find
the class C of the most similar projects to P .
The cost of P is computed as a weighted average of Cost(P ; S) for S ∈ C, i.e.
X
Cost(P ) =
w(S) × Cost(P ; S), S ∈ C
where the costs Cost(P ; S) are estimations of Cost(P ) based on information available
for project S, the weights w(S) are determined based on the membership degrees of
all items in the class and the sum of all w(S) for all S ∈ C is 1. Alternate estimations
of the cost will be studied in a future paper.

2. Restricted Fuzzy Clustering
Let us consider a set of classified objects, X = {x1 , . . . , xp } ∈ Rs and the fuzzy
partition P = {A1 , . . . , An } corresponding to the cluster substructure of the set X.
Let x0 ∈ Rd be an object that needs to be classified with respect to the fuzzy partition
P.
The algorithm we are presenting here computes the optimal fuzzy partition P̃
corresponding to the set X̃ = X ∪ {x0 }, by using a mechanism similar to Fuzzy nmeans, with the difference that the membership degrees of the objects in X to the
classes Ai , i = 1, . . . , n may not be modified.
In what follows we consider a metric d in the Euclidean space Rs . We will
suppose that d is norm induced, so d(x, y) = (x − y)T M (x − y), x, y ∈ Rs , where M
is a symmetrical and positively defined matrix.
The objective function we have in mind for our problem is similar to that for the
Fuzzy n-Means Algorithm:
˜ P̃ , L) =
J(

p
n X
X
¢
¡
¢2 ¡
Ai (xj ) d2 xj , Li ,
i=1 j=0

with the mention that Ai (xj ) are kept constant for each i and for j = 1, . . . , p.
The main result with respect to determining the fuzzy partition P̃ and its representation L minimizing the function J˜ is the following
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Theorem. (i) The fuzzy partition P̃ = {A1 , . . . , An } has the minimum value of
the function J(·, L) if and only if
(1)

Ai (x0 ) = Pn

1

d2 (x0 ,Li )
k=1 d2 (x0 ,Lk )

.

(ii) The set of prototypes L = {L, . . . , Ln } has the minimum value of the function
J(P̃ , ·) if and only if
¡
¢
j 2 j
x
j=0 Ai (x )
Pp
2
j
j=0 (Ai (x ))

Pp
(2)

i

L =

.

With this result, the optimal membership degrees for x0 to the classes Ai will
be determined using an iterative method in which J˜ is successively minimized with
respect to P̃ and L. The process will start with the initialization of prototypes Li
to the values that correspond to the fuzzy membership degrees of the original fuzzy
partition P .
The resulted algorithm, Restrictive Fuzzy n-Means Clustering Algorithm,
follows:
S1
S2
S3
S4
S5

Let us have X and P as given variables.
Determine the initial positions of the prototypes Li according to value of P .
Determine the membership degrees Ai (x0 ), i = 1, . . . , n, using relation (1).
Determine the new positions of prototypes Li , i = 1, . . . , n, using relation (2).
If the new positions of the prototypes Li are close enough to the former positions,
then stop, else return to step S3.

3. Experiment
We have used the information we had about 19 student software projects to
estimate the cost of a new project (numbered 20). This information refers to the
complexity, reliability, considered difficulty (all three metrics have values between 1
and 5, denoting very low, low, normal, high and very high), number of inputs, number
of outputs, number of files and number of screens). Also, the computed function points
and the cost of these projects are known.
The final partition produced using this 20 × 8 data matrix contains three classes.
All the three classes are well separated. The core elements of the classes have quite
high fuzzy membership degrees, while only a few of elements per class, not members
of the class, have fuzzy membership degrees reasonably large.
We are estimating the cost of project 20 using the projects member of the very
same class project 20 is a member of. Very similar results are obtained using the
other suggested approach, i.e. Restricted Fuzzy Clustering, where we first find the
cluster substructure of projects 1-19 and then embed the 20-th project as an extra
data item in the former fuzzy partition.
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4. Conclusions and Future Research
We have used fuzzy classification as a way to find the projects similar to our
project P . There are usually more than one very similar projects, and these are the
projects found in the same class with P . Then, to predict the cost/effort needed to
built P , we have used the information about all these projects similar to P .
It is considered that estimating by analogy is a superior technique to estimation
via algorithmic model in at least some circumstances [She96]. However, it requires to
maintain a database with information about the finished systems. Oftenly, the information about finished projects is incomplete, and we cannot find and add the missing
information about these old projects. It would be useful to obtain the classification
in the absence of some information, and we intend to experiment such a method in
the near future.
Also, factorial analysis [Wat67] may be used to predict the effort to build a new
project from the information about finished projects. As a further work, we intend
to compare the predictions obtained with these three different methods!
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SOFTWARE COST ESTIMATION MODEL BASED ON NEURAL
NETWORKS
CĂLIN ENĂCHESCU(1) AND DUMITRU RĂDOIU(2)
Abstract. Software engineering is providing estimation models in order to evaluate the costs for important phases of software development such as requirements
analysis, high and low level design, development, testing, deployment and maintenance. The paper proposes a software cost estimation model based on neural
networks and compares it with traditional cost estimation models. The paper
argues that there are at least two considerable advantages for the neural network
model: neural networks can learn from previous experience and secondly, neural
networks can discover a complete set of relations between dependent variables
(software cost, software size, required effort, etc.) and independent variables
(complexity of the project, number of inputs and outputs, files, various cost
drives etc.).

1. Software cost estimation
A very critical aspect for suppliers and clients in a software project is the accuracy of the software project cost estimation [3]. This accuracy represents the basic
argument in contract negotiation, project plan and project controls. Accuracy has a
great influence on the following items [13]:
• Prioritization and classification of the software development projects;
• Accurate estimation of the required human resources;
• Evaluation of the financial impact determined by the chance requests;
• Efficient control of the project based on realistic and efficient resource allocation;
• Keeping the project cost in the reasonable limits as agreed with the client.
The estimation of a project cost (measured in currency) is based (in broad lines)
on the following estimations [5]:
• Project size (e.g. measured in functional points);
• Project effort (e.g. measured in person/months);
• Project duration (e.g. measured in working days);
• Project schedule (measured in calendar days);
• Other cost drivers (e.g. labor cost, organizational overhead, procurement
costs);
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• Constraints and priorities.
One approach starts by decomposing the expected deliverable of the project into
manageable chunks (product breakdown structure), using it to build a work breakdown structure (WBS) and making a direct estimation of the required effort using
expert opinion (experienced professionals who can make estimations based on previous experience). Size of the project and required effort can be converted afterwards
in project duration and project cost using empirical formulas. Estimations made for
each phase of the project are summed up generating overall size, effort, schedule and
cost [17]. For better estimations, the results could be weighted by factors (e.g. complexity of the project, familiarity of the team with the required technology or business
knowledge, risks), generating the final project estimations. In the last 3 decades different models for software cost estimation have been proposed, ranging from empirical
models [12] to elaborated analytical models [3], [5], [16]. Empirical models use data
from previous software development projects in order to make predictions for similar
projects. The analytical model uses a formal approach, based on global presumptions,
like how well can a team member solve a task and how many issues are possible to
appear. Both approaches lead to the conclusion that accurate cost estimation in a
software development project remains a very difficult task [11].
2. Estimation process for software development
An estimation process follows a number of steps [3]:
(1)
(2)
(3)
(4)
(5)
(6)
(7)

Setting cost estimation objectives;
Developing a Project Plan for each request and each resource;
Analyzing the software development requests;
Working out as much detail about the software development project;
Using an alternative cost estimation technique for cross validation;
Comparison between estimations and through repeated iterations;
Permanent controlling of the project during the development phase.

In order to achieve a precise estimation, no matter what cost estimation model
has been chosen, there must be a permanent fine tuning of several parameters during
the whole project development life cycle. The fine tuning can have influence on the
resource allocation strategy for the estimated software development project without
changing the overall cost estimation.
3. Software metrics
The software metrics have a great influence in the estimation of the cost of a
software development project. There are several software metrics used to estimate
the size of a software development project: Lines Of Code (LOC) and Functional
Points (FP) metrics being the most popular.
• Lines of Code metrics (LOC): this software metrics is based on the calculation of the number of source code instructions, excepting comments. LOC metrics
is unfortunately dependent on the technology and programming language used for
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the development and can be used for the cost estimation only in the final phases of
development when the entire software project has been finalized [2].
• Functional Points metrics (FP): this software metrics takes into account
the program functionalities (e.g. number of interrogations, reports), program complexity (e.g. number of logical files) and a large number of ”adjustment” factors (e.g.
does the system require real time processing?) [2].
• Object points metrics (OPM): this hybrid software metrics (borrows concepts from Functional Points metrics and object-oriented paradigm although the concept ”object” is not used as it is used in object oriented paradigm literature) assesses
the complexity of required ”objects” like: user screens, reports, 3GL components etc.
Each object is estimated, a weight between 1 and 10 being attached to each object,
simple objects like user screens are estimated with weight 1 and complex objects (3GL
component) are weighted with 10. One of the most largely used cost estimation model
is COCOMO II [4] which is prized for its results in making estimations in the initial
stages of the software development project.
4. Cost estimation for software development projects based on
neural networks
There are two general methods to estimate the cost for software development
projects: algorithmic methods and heuristic methods. The heuristic methods are
generally based on statistical decisions, on regression models or on complex analytical
differential equations [1].
4.1. Preliminaries. As we have already discussed, cost estimation for software development projects has remained for decades one of the major problems to be solved
in software engineering [15].
Algorithm-based computers are programmed, i.e. there must be a set of rules
which, a priori, characterize the calculation that is implemented by the computer.
Neural computation, based on neural networks, solve problems by learning, they
absorb experience, and modify their internal structure in order to accomplish a given
task [9].
In order to solve a problem using a neural network we have to decide regarding
the architecture of the neural network, learning algorithm and upon several issues
that are influencing the learning process, like: data encoding, learning rate, weight
initialization, activation functions etc. [7]. We are using in our model for cost estimation for software development projects based on neural networks a Multi Layer
Perceptron [6] architecture and a specialized Back Propagation type of learning algorithm [7]. The training set used (COCOMO’81) contains historical data from 63
software development projects. The training samples have each 17 attributed related
to the software development projects.
4.2. Learning data encoding. Learning data encoding is necessary before star-ting
the learning process in order to make all attributes comparable in their influence upon
the learning process. The learning process will stop when a certain error is reached,
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based on a type of Mean Square Error [8], or when a certain number of learning
epochs has been performed.
After stopping the learning process we have to measure the quality of the trained
neural network. For this step we will use a validation set from the training set that
was not presented in the learning phase to the neural network. If, the validation phase
is producing an acceptable result, then the neural network can be used in production
for cost estimations of real life software development projects.
Because the COCOMO [18] training data set contains some attributes like person/months that have a high variation we have applied a logarithmic transformation
in order to normalize such attributes.
4.3. Experiments and simulations. We have implemented a neural network of
Multi Layer Perceptron type with 2 hidden layers and we have applied an enhanced
Back Propagation learning algorithm. Based on this implementation, after the learning and validation phase, we were able to perform realistic cost estimation for software
development projects. During these experiments and simulation we have varied the
parameters that are influencing the learning process in order to obtain the most efficient neural network model. The parameters that have been taken into account
where: dimensionality of the training set, learning rate, number of neurons in the
hidden layers, number of epochs [10].
The simulations where performed using the COCOMO [18] dataset as training
set. We have randomly chosen 40 projects to be included in the learning phase and
the rest of 23 projects have been used for validation.
5. Conclusions
We have applied a new model based on neural networks for the cost estimation
of the software development projects. The obtained results are promising and can
be an important tool for project management of software development [14]. Based
on the fundamental ability of the neural networks to learn from a historical training
data set, we can use the experience contained in previously successful or unsuccessful
estimations to make new reliable software cost estimations for software development
projects.
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[7] Enăchescu C., Properties of Neural Networks Learning. 5th International Symposium on Automatic Control and Computer Science, SACCS’95, Vol.2, 273-278, Technical University (1995).
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ONTOLOGY DEVELOPMENT: A SOFTWARE ENGINEERING
APPROACH
DUMITRU RĂDOIU(1) AND CĂLIN ENĂCHESCU(2)
Abstract. Indentifying several analogies between ontology development and object oriented analysis and design, the paper reviews the existing literature to
assess the practical utility of a software engineering in ontology development as
well as its limits.

1. Semantic Web, Ontology and why should we develop them
Semantic Web [4] is the new-generation Web (Web 3.0) that tries to represent
information in such a way that it can be used by machines not only by humans (as
it is the case with hypertext mark-up languages based Web 1.0); it’s about making
information stored in Web Resources accessible for automatic processing, integration,
and reuse across applications [1]. This leads to large-scale interoperation of Web
services, to creation of a Web of machine-understandable and interoperable services
which intelligent agents can discover, execute, and compose automatically [2].
First step to accomplish this vision is declaring how the information of a domain
(e.g. education) is semantically organized: generic entities, their possible properties,
what type of relationships could we expect to exist among entities, how different
entities could be grouped (taxonomy), what terms (vocabulary) we agree to use when
presenting new information from this domain. This is called developing an ontology
for the domain (an ontology and not the ontology because there is more than one way
to develop it).
Second step - when we make a resource available on the Internet - is to declare that
a this Web Resource adheres to the previously mentioned semantic structure, to the
aforementioned ontology. Although there’s no general agreement with respect to the
term knowledge, we shall use it with the meaning ”organized semantic information”
(different from human knowledge) and the action of making it available in this form
is referred as providing semantic-based access.
Web 1.0, based on mark-up languages, was concerned only with how to display
information in a consistent manner for human consumption. Knowledge was achieved
by humans accessing information distributed in billions of Web Resources. Search
engines would return answers to queries without having any idea about the meaning of
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the returned hits. Most of the hits were useless and extracting structured information
was the job of the humans. Developing an ontology for a domain and writing content
which adheres to it allows automatic extraction of new knowledge from different
web resources either to make it available for further automatic processing or to save
humans effort in finding high value structured information. Building an ontology of
a domain is not a goal in itself; it is just a means to an end.
The first benefit is that we share a common understanding of the way the information in a domain is structured [3]. The second (with huge implications) is that
we can now separate the process of structuring the information of a domain from
the process of automatically retrieving new structured information from different web
resources.

2. Defining Ontology
”An ontology is an explicit representation of a shared understanding of the important concepts in some domain of interest” [5]. Human knowledge is subjective.
Ontology is conceived to explicitly describe a cognitive structure upon which individuals ”objectivity agree about subjectivity” [6].
An ontology can be expressed at different levels of abstractions:
• in a natural language, as sets of declarative statements
• in a visual modeling language (e.g. UML) as a set of glyphs syntactically and
semantically organized
• in a formal language (e.g. OWL) as a set of formal statements
Natural language statements are difficult to process by a computer (program). Visual
representations - although very expressive - don’t provide enough flexibility. Hence
most ontology editors allow visual representations which they convert automatically
in a formal language.
So, the aim of any ontology is to capture the intrinsic conceptual structure of
the domain by providing a ”catalog” of the type of ”things” assumed to exist in
the domain, their properties and how can we ”reason” about them. It follows that
ontology is concerned with:
• The type of ”things” in the domain. ”Things” are called entities (objects,
actors), they may or may not have properties (which may take or take not
values)
• The explicit hierarchical organization/categorization of entities in a domain
(named taxonomy)
• Possible relations among entities (semantic interconnections). They are described in short sentences (named triples)
• What terms (and rules to combine them) we can use when documenting
knowledge about the domain (vocabulary)
• What inference laws and logic laws can we used when we automatically process
a resource which adheres to our ontology
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Meeting all of the above requirements qualifies ontology as a content theory and
its specification calls for elaborate formal languages, namely ontology representation
languages.
Because there’s no ”best way” to develop an ontology there may be several ontology (is there a plural ontologies?) about the same domain. Combining them is an
active research field.
The high-level list of key application areas for ontology includes: collaboration,
interoperation, education, and modeling.
3. Developing Ontology using a Software Engineering Approach
Ontology development is a hard work even with the most advanced ontology
development languages, environment and methodology. Here are a few questions
requiring answers on which there’s a large consensus among the domain experts:
• How do we analyze, design, develop, test, maintain and support ontology to
meet knowledge engineer requirements?
• What ontology development methodology is the most suitable to task?
• How do we combine different ontologies describing the same domain?
• Since all parts of the semantic web evolve in time (ontology, ontological knowledge stored in web resources), how do we resolve the problem of knowledge
maintenance?
The answer is all but easy. One of the goals is to ”partially automate the processes
of ontology development and maintenance by developing tools and frameworks to help
extract, annotate, and integrate new information with the old one in the ontology”
[6]. The paper defends the idea that we can start searching for answers by analogy,
looking at the best practices in software engineering. There are several reasons for
such an approach:
• an ontology represents a model of a domain like software applications which
represent models of the world
• ontology development life cycle and object oriented analysis and design share
many characteristics; both start from specific requirements, are completed
through an iterative and incremental process
• ontology development like software development uses a ranges of methodologies which specify how to perform a sequence of activities, supported by tools
and techniques, to deliver a specific product
• ontologies include classes and subclasses hierarchies similar to object oriented
software engineering and similarly uses UML (Unified Modeling Language)
for knowledge representation
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E-mail address: Dumitru.Radoiu@Sysgenic.com
(2)
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DURATION ESTIMATION OF A WORK PACKAGE
ATTILA VAJDA(1)
Abstract. Estimating the effort and duration of software work packages will be
never an exact science. Too many variables are affecting the result. This article
explores the relation between the effort and duration in software engineering
projects and presents an empirical model to predict work package duration based
on estimated effort and team size.

1. Introduction
In the early days of computing, the project total cost was influenced more by the
computer-based system costs then the software costs. Nowadays, software is the most
expensive element in most computer based systems; any cost estimation deviation in
the software development process will influence considerably the project profit and
loss. Several studies [1], [2], [3] demonstrated that grand majority of software development projects are finished over budget and 30% of large projects are never finished.
No wonder that project cost estimation became crucial, challenging aspects of the
software development process and theme of many researches focusing on minimizing
the gap between the forecasted and real software project costs. Related to project
cost estimations, several researches were done already starting with 1965 (Nelson),
then in the 70s the SLIM model was created by Putnam and Myers, in the 80’s the
PRICE-S model by Park, the SEER by Jensen, the COCOMO by Boehm, in the 90’s
the Checkpoint by Jones [4]. The estimation models, techniques resulted form the
researches are numerous, some are sophisticated mathematical and statistical models,
and others are expert system based [5]. Most of them are calibrated for medium and
long term projects, only a very few can be adjusted for small projects performed by
small teams. Many people work on small projects, which are generally defined as
a staff size of a couple of people and a schedule of less than six months. Because
the estimates for these small projects/work packages (WP) are highly dependent on
the capabilities of the individual(s) performing the work, the best approach is to be
estimated directly by those assigned to do the work. In the reality this is not always
possible, and usually the project effort estimation is performed by a single person
who can be the technical leader or a senior developer. Then the project duration is
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calculated as the estimated effort divided by the number of resources assigned to the
project and eventually multiplied with a risk factor.
Since the WP can be considered as small projects, and any medium and long
term project can be divided into multiple WPs, this paper focuses on WP duration
estimations and proposes a simple empirical model for forecasting the work package
duration based on historical estimation errors of the team members.
2. Work package effort estimation
The aim of this process is to predict the most realistic use of effort to finish a
WP. In case of WP estimations, the experience based techniques are more useful,
since in most cases there is no quantified, empirical data to use for the estimation
process [4]. This technique is based on the knowledge and experience of practitioners
seasoned within a domain of interest. It provides the estimates based upon a synthesis
of the known outcomes of all the past projects he or she previously participated. Two
techniques have been developed which capture expert judgment: Delphi and Work
Breakdown Structure [4], [5]. In case of small projects/teams the second technique
is more widely used, and it is based on the decomposition technique of ”divide and
conquer” approach. After decomposing the WP into components, each component
individually needs to be estimated to produce the overall estimate. The preferred
estimation method for small software projects is the Three Point Estimation (TPE )
technique, which is based on statistical methods, and in particular, the Normal distribution. With the TPE the planner produces three figures for every component, and
the total work package effort will be the sum of the estimated component efforts, as
follows:
X
X µ (a + 4 · m + b) ¶
(1)
EW P =
Ec =
6
c
c
where EW P is the total effort of the WP, EC is the effort estimated for a component
(task), a is the best-case estimate, m the most likely estimate and b the worst-case
estimate of the task.
3. Estimating work package duration
WP duration is the calendar period that it takes from the beginning of the work
till the moment it is completed. Many works like [7], [8] proposed to predict the
duration of the software development project based on project effort. In case of most
effort and duration estimation models the number of resources (P ) involved in the
project are defined in the last step of the estimation process, while in case of WP,
P is known already right after the effort estimation (E), the WP duration (D) is
calculated as follows:
EW P
(2)
D = f (E, P ) =
P
Since the aspiration of every project manager/stakeholder is to have its project completed as soon as possible, the tendency is to minimize D by increasing P. Because
usually the persons involved in the projects have different productivity indexes (P id),
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the relation (2) needs a correction, which will adjust D with a coefficient resulted
from the P id of each project team member. The P id can be calculated as a report
between the estimated (Ecest ) and the actual effort (Ecreal ) a team member spent on
the c component:
ECreal
(3)
P idi =
ECest
Depending on how the original estimations were performed, based on the organization
historical data using T P E technique, or based on a single person experience, the P id
will reflect the person’s relative productivity compared to the organization’s average
or compared to that person productivity. If we introduce relation (3) in relation (2),
the result will be an adjusted D (Dadj ):
Ã
!−1
X P idi
EW P
EW P
EW P
(4)
Dadj = P
·
=
=
P
id
P
P
P
· prod
i
i
i
where prod is the team’s productivity coefficient. The value of prod can be influenced
by the correctness of the E estimations and the learning curve of the personal. For
more accurate prod calculations, the P idi needs to be calculated based on historical
data, or predicted, taking into the trend of its professional evolution. In some situations, like new team members, new project type where no historical data can be
used, the estimation will be erroneous. For this situation Dadj should be adjusted
periodically during the project, by predicting the prod of the team based on their
evaluation till that moment in the project.

Figure 1. Comparing D estimations
Figure 1 shows the different results of the estimations: D1 was estimated with
relation (2), D2 with the adjusted relation (4) and since the real progress is slower
then expected, after the prod readjustments the D4 is obtained, which is more realistic
then the previous ones.
4. Conclusion
Estimation of WP duration is a difficult and key problem in software engineering.
There are several estimation models, but most of them are adjusted for medium and
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long term projects. Researches like [6] based on historical data of 396 projects of ISBSG data set, showed that there exist a relation between E and D, which is nonlinear
in case of medium and large projects, but can be considered as linear in case of small
projects. For small projects, simple duration estimation model is needed, which can
be adjusted easily to the team, project type, and gives a correct result based on the
estimated effort and team size. By using the model presented in this paper, we reduce
the project uncertainty by allowing the manager to obtain more accurate project duration estimations. Based on the P id value the personal professional evaluation can
be observed.
The model can be further improved by taking into account external factors which
can influence the team productivity factors like team experience, team motivation,
technical knowledge, etc. and to develop a model for more accurate productivity
predictions.
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A FORMAL CONCEPT ANALYSIS APPROACH TO ONTOLOGY
SEARCH
IOAN ALFRED LETIA(1) AND MIHAI COSTIN(2)
Abstract. Finding the most suited ontology for a given domain or problem is
not an easy task but through our work here we are trying to ease this endeavor
by providing a semiautomated search mechanism. Semiautomated, because we
need our search target to be defined by an expert. Once that target defined, by
combining the processing power of MAS with FCA, we analyse the search space
in order to find the most compatible ontology with the initial target.

1. Motivation and Goal
The main step for solving a certain problem has always been finding or creating
the best tool for the job at hand, no matter what the domain was.
In information science, our domain of interest, the tool in question is an ontology
capable of mapping the problem domain with success. Finding the right ontology for
a certain task has been even from the begining one of the theoretical strong-points
of the semantic web but things are not as easy as it seems [8]. The right ontology is
never easy to find and creating one is even harder.
This, without any doubt, involves some sort of intelligent ontology search, a
guided search that has an array of ontologies as search space. For this paper, we are
using a predefined set of existing ontologies as search space. The process and the
results themself can later on be applied to a larger scale, all being reduced afterwards
to a scalability problem.
We mentioned guided search because our process starts from a well defined domain. This domain must be described by some expert in the field using a set of
concepts, concepts that will represent the search target. Our system uses this set
of concepts in order to find the best suited ontology by expanding and matching it
against the concepts found in the search space.
2. Proposed Solution
Having the initial domain defined by an expert in the field, as to direct our search,
the search agents can then start trying to find the concepts that match the initial set.
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Babeş-Bolyai University, Cluj-Napoca

219

IOAN ALFRED LETIA(1) AND MIHAI COSTIN(2)

220

This search is conducted by using the properties of the concepts in the initial domain
as targets, and the properties of the concepts in the array of available ontologies as
search space. The most common, and probably the most efficient, method employed
is the direct string search and this means that the search agent will try to find the
given attributes (as strings or text) in the processed ontologies.
The multiagent system has to extract new concepts from the search space, matching the initial set and so, expanding it. We are using two different sets, so that we
won’t loose the initial set. The expanded one is employed when processing an ontology to guide the search. After the current ontology is processed, the expanded set
may be kept for later usage, but the search through the next ontology has to start
from the initial set again. This assures us that the search in one ontology will not be
affected by results from another ontology. However, we can imagine a scenario where
the search should be influenced by previous findings from other ontologies - and that
is, when building a new ontology from an existing array of ontologies with a guiding
set of concepts. But this scenario will probably be taken care of in future works.
The actors of the process are agents, part of a multiagent system, agents that are
specialized for specific tasks - for example we have an agent that will take care of the
”set of concepts into lattice” transformation and an agent that will extract the search
elements from the initial domain. However, we will refer to these specific agents with
the generic name agent.
The initial context is defined by the initial domain - given by an expert in the
field and considered to contain enough information in order to describe the target of
the search - and the array of available ontologies - in our scenario, this resumes to a
couple of ontologies much like the ones we showed the snippets from.
Using this setup, we iterate through the available ontologies and we apply our
search process, process that consists of a few major steps, to be described.
From the initial domain, the agent extracts the search elements that will be used
to guide the search process itself. These search elements consist of properties and
attributes from the concepts in the domain, so basically strings. These strings will
be the target of the search process later on and will guide the agents into finding the
lattice starting points in the search space.
Also from the initial domain, the agent extracts the initial lattice, by considering the ontology concepts to be the ”formal objects” and their attributes to be the
”formal attributes” of the lattice. This initial, or core lattice, in collaboration with
the extracted lattices from the search space will later on provide the generated lattice
and the generated lattice is our way of determinate the best ontology to use for the
given domain.
As already mentioned, we are using string search in order to find a new concept
or set of concepts that have to be added to our lattice. This part of our process might
require some help from a word thesaurus and we base our affirmation on the fact that
ontologies are mainly composed out of concepts that have a representation as a word
in a certain language. This thesaurus, and it can be something similar to WordNet 1,
1
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can help us find the search elements in the search space by using synonyms, meronyms
and other word relations that can alone be the subject of an entire paper.
The concepts found in the previous step are, each one of them, the start point of
an ”extracted lattice”. This lattice is to be constructed in a similar manner with the
initial lattice but taking into account a concept radius. This can be seen as sort of
a threshold for a concept set extracted from the search space. Starting from a found
concept, the agent constructs a lattice by including all the concepts related to the
found concept while staying withing the boundaries given by the concept radius. The
concept radius can be any function defining types of relations between concepts and
a simple example of such a function is the ontology relations set itself.
After the lattice has been extracted from the search space around the starting
point, the agent starts integrating it in the main lattice. This can be done by means
similar to FCA-Mapping[2] but since we started the search with the concepts from
the main lattice, we already have the information regarding to what concept to link
the extracted lattice to. Each starting point can be linked to a subset of concepts
from the initial domain when they are found in the search space, and this process of
integration will be done for each one of them.
After obtaining the generated lattice, by combining the initial lattice with the
extracted ones, we can measure the degree of similarity between the initial domain
and the current ontology by analyzing the generated lattice. There are multiple
metrics we can use here, including the number of lattice concepts, the structure of
the lattice, how well connected are the concepts and how many clusters we have and
so on.
3. Related Work
Formal Concept Analysis has been mixed in the computer science field for a while
now and not without good reasons according to its strong supporters for its benefits
[11], but not until fairly recently researchers in the ontology field became interested
in its potential [13, 2]. At the moment there are applications both theoretical [10, 9]
and practical2 that are using the power of FCA and this shows, without doubt, that
FCA has some leverage in the knowledge related fields. However, we have the string
belief that FCA has much more potential in this area as an ontology tool for tasks
like similarity[3], mapping, validation and enhancement.
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HIGH COUPLING DETECTION USING FUZZY CLUSTERING
ANALYSIS
CAMELIA ŞERBAN(1)
Abstract. Coupling is an important criterion when evaluating a software design
because it captures a very desirable characteristic: a change to one part of a system should have a minimal impact on other parts. An excessive coupling plays a
negative role on many external quality attributes like reusability, maintainability
and testability.
This paper aims at presenting a new approach concerning the identification
of those classes with high coupling, from an object oriented system.

1. Introduction
In order to keep the software system easy to maintain, the assessment of its design according to well established principle and heuristics, has to be made through
the entire development lifecycle. The principle of low coupling is reflected by all the
authors [2, 3, 5] that propose design rules and heuristics for object-oriented programming. They all converge in saying that coupling should be kept low. A change to
one part of a system it is important to have a minimal impact on other parts. Those
design entities that could propagate a lot of changes in the system, if something has
been changed inside them, have to be identified and reviewed.
In this article, we our goal is to identify the design entities that are strongly
coupled with the rest of the system. The approach is based on fuzzy clustering
analysis. Some metrics are used in order to quantify those aspects consired important
with regard to coupling.
The remainder of this paper is organized as follows. Section 2 describes the
theoretical background for our approach. Section 3 presents and discusses the experimental results obtained by applying the proposed approach on an open source
application, called log4net [8]. Section 4 reviews related works in the area of detection design flaws. Finally, Section 5 summarizes the contributions of this work and
outlines directions for further research.
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2. Theoretical background
Object oriented design quality evaluation implies identification of those design
entities that are relevant for the analysis and of the software metrics that best emphasize the aspects (design priciple/heuristics) that we want to quantify, and the
interpretation of the measurements results obtained. These elements were described
in detail in our previous work [9]. In what follows we will not get into their details,
but we will try to list them, addapted to our current problem.
2.1. A meta-model for object-oriented systems. In [4] a meta-model for objectoriented systems is defined as a 3-tuple, S = (E, P, R) where, E represents the set
of design entities of the software system ( classes, methods, attributes, parameters
or local variables), P represents the set of properties of the aforementioned design
entities (e.g. abstraction, visibility, reusability, reuse, binding) and R represents the
set of relations between the entities of set E (e.g methods access).
2.2. Some relevant coupling metrics. A significant number of coupling metrics
have been defined in the literature [10, 11, 12]. Because, we aim to identify those
classes in which a change would significantly affect many other places in the sourcecode, we select coupling metrics that better emphasize this aspect.
Changing Methods (CM) is defined as the number of distinct methods in the system
that would be potentially affected by changes operated in the measured class.
Weighted Changing Methods (WCM) [4]. WCM is computed as the sum of the
“weights”(number of distinct members from the server-class that are referenced in
a method) of all the methods affected by changes operated in the measured class.
Changing Classes (CC). The CC metric is defined as the number of client-classes
where the changes must be operated as the result of a change in the server-class.
2.3. Fuzzy clustering analisys. Consider C = {c1 , c2 , ..., cl }, C ⊂ E, the set of
all classes from the meta-model defined in Section 2.1. Each class, ci from C set is
described by a 3-dimensional vector, ci = (cm, wcm, cc), where the components of ci
vector are the computed values for the metrics defined before.
Next, our goal is to group similar classes, in order to obtained a list of “suspects”
(classes tightly coupled).
Because is hard to establish thresholds for the applied measurements, we used a
fuzzy clustering analysis. An object will belong to more than one class with different
membership degree. Also, in order to determine the number of clusters, which is a
data entry for a fuzzy clustering generic algorithm, we considered the Fuzzy Divisive Hierarchic Clustering (FDHC) algorithm [7]. This algorithm produce not only
the optimal number of classes (based on the needed granularity), but also a binary
hierarchy that show the existing relationships between the classes.
3. Case study
In order to validate our approach we have used the following case study. The
system proposed for evaluation is log4net [3], an open source application. It consists
of 214 classes. The elements from the meta-model described in Section 2.1 have been
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identified. For each class from C set, we compute the values of the metrics defined in
section 2.2. The algorithm FDHC, applied on this data, determine a fuzzy partition
of C set. Table 1 briefly described this partition.
After the first step of the algorithm (the first binary partition), cluster 1 already
contains the first list of five “suspects”. Table 2 presents some details regarding
this list. We are not interested for a further division for this cluster. The second
cluster has been split. The first subcluster, 2.1 contains a list of 16 classes which have
a big coupling, but not comparable with that of entities from Table 2. The second
subcluster, 2.2 has been split and we obtained a list of 53 classes with normal coupling,
subcluster 2.2.2, and a list of 140 classes with zero or low coupling, subcluster 2.2.1.
Due to space restrictions, we include in this paper only some important aspects
concerning the results obtained. All other numerical data are available from the
authors by request.
Class Partition
1.
2.1.
2.2.1
No. of items
5
16
140
Coupling level
strong high
low
Table 1. Fuzzy Partition
Object(Class)

2.2.2
53
normal

CM WCM CC

Appender.AppenderSkeleton
40 20
38
Util.FormattingInfo
34 33
34
Core.Level
65 14
22
Util.LogLog
141 55
111
Util.SystemInfo
47 30
43
Table 2. Tightly Coupled Classes

Fuzzy
Partition
1
1
1
1
1

4. Related work
During the past years, various approaches have been developed to address the
problem of detecting and correcting design flaws in an object-oriented software system
using metrics.
Marinescu [4] defined a list of metric-based detection strategies for capturing
around ten flaws of object-oriented design at method, class and subsystem levels as
well as patterns. Tahvildari et al. [1] proposes a framework for detected object
oriented design flaws using a generic OO design knowledge-base.
However, how to choose proper threshold values for metrics is not addressed in
these research.
5. Conclusions and Future Work
We have presented in this paper a new approach, based on metrics and fuzzy
clustering analysis, that address the issue of coupling detection in an object-oriented
system. The main advantage of our approach is that of avoiding the problem of setting
up the thresholds for metrics that we used.
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In the future work we aim to apply this approach for more case studies and for
other design principle.
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EFFICIENT RECURSIVE PARALLEL PROGRAMS FOR
POLYNOMIAL INTERPOLATION
VIRGINIA NICULESCU(1)
Abstract. PowerList and PowerArray theories are well suited to express recursive, data-parallel algorithms. Their abstractness is very high and assures simple
and correct design of parallel programs. This high level of abstraction could be
reconciled with performance by introducing data-distributions into these theories. We present in this paper the derivation of a correct recursive program for
Lagrange interpolation. The associated costs are analysed and based on this an
improvement of the program is presented.

1. Introduction
In this paper we extend the work presented in [5] by using data distributions
for parallel programs defined using PowerArray structures. Also, by using these
distributions we define also a possibility to define set-distributions.
2. Distributions
The ideal method to implement parallel programs described with P owerLists is
to consider that any application of the operators tie or zip as deconstructors, leads
to two new processes running in parallel, or, at least, to assume that for each element
of the list there is a corresponding process. A more practical approach is to consider
a bounded number of processes np . In this case we have to transform the input list,
such that no more than np processes are created. This transformation of the input
list corresponds to a data distribution.
2.1. PowerList Distributions. Distributions were introduced in [5], where the advantages are presented of using them, too. Functions defined on PowerLists can be
easily transformed to accept distributions. By formally introducing the distributions
on PowerLists, we can evaluate costs, depending on the number of available processors
- as a parameter.
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2.2. PowerArray Distributions. Distributions could be also introduced for PowerArray data structures. The operators tie or zip may be used, on each dimension.
Depending on the possible combinations in the bidimensional case, we arrive to 4
types of data-distributions: linear-linear, linear-cyclic, cyclic-linear, cyclic-cyclic.
2.2.1. Function Transformation.
Theorem 1. For a P owerArrayX.n0 .n1 function f , and a corresponding distribution
distr.p0 .p1 , the function f p , defined by:
(1)

f p .(u ¦i v) = Φi (f.x0 , f.x1 , . . . , f.xm , u, v) , i = 0, 1
f p .[l] = [f s .l]
f s .u = f.u

has the following property:
(2)

f = f lat ◦ f p . ◦ distr.p0 .p1

where, the function f lat has to be defined based on the same operators as the function
f.
The proof contains a demonstration for each dimension, which is similar to the
proof of Theorem of PowerList functions transformations, given in [5].
2.3. Set-Distributions. By using set-distribution, a data element is distributed to
more than one process [4].
• One possibility to introduce set-distributions on these special types of data structures is to increase the dimension of the data structure by replication, and
then apply a distribution on the obtained list.
• Another possibility to introduce set-distribution is to apply first a distribution,
and then use a replication for the distributed data structure.
For P owerLists, a simple 2p times replication on the second dimension, (p ≥ 0),
is defined by:
(3)

rep1 .p.X = rep1 .(p − 1).X |1 rep1 .(p − 1).X
rep1 .0.X = X

Replication could be also combined with different permutation functions. For
example, replication with right rotation.
2.4. Distribution Costs. Data-distribution implies some specific costs which depends on the maximum number of distinct elements (θd ) which are assigned to a
processing element. We denote this cost by Td , and its complexity order depends on
θd .
In PowerList case, this cost is equal to the length of the sublists created after the
execution of the distribution function distr.p. If the input list has 2n elements and
we apply the distribution function with the first argument equal to p, p ≤ n, then the
distribution cost has the complexity order equal to O(2n−p ).
In the set-distribution case, where data replication is used, this kind of costs
depends on more parameters. If we use a simple replication on a new dimension, and
then apply a Cartesian distribution, Td is not influenced by the distribution on the
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new dimension. But, if a more complicated replication is used, Td depends on the
particular replication function.
3. Lagrange Interpolation
The evaluation of the Lagrange polynomial in a given point x is an example of
application where the set-distributions could be used with success. The input lists are:
X = [x0 , . . . , xm−1 ] distinct points; F = [f.x0 , . . . , f.xm−1 ] function values. Because
of the lack of space we will not present the entire derivation of the program.
lagrange.X.F.x = red(+).(L.X.x ∗ F )
L.X.x = U 1.X.x/U 2.X
U 1.X.x =< red(∗).(< x− > .X) / > .(< x− > .X)
Function U 2 computes the list of products formed by (xi − x0 ) . . . (xi − xi−1 )(xi −
xi+1 ) . . . (xi − xm−1 ), for any i : 0 ≤ i < m. Since in these calculations an element
appears in computations more than once, the use of replication is appropriate.
First, we consider a replication that is combined with a rotation function repR1 .n.X.
In this way, each column contains different elements, which means that each column
contains the elements of list X in a different order.
U 2.X = U A.(repR1 .n.X)
U A.A = red1 (∗).(dif.(f irst.A).A)
The function U A is the most costing one, and we will refer to it in more detail.
Distribution We define and use a Cartesian distribution distrll .p0 .p1 , where p0 , p1 <
n and p0 + p1 = p. This means that 2p0 ∗ 2p1 = 2p processors are available for working
in parallel. In order to accept the distribution, the function U A is transformed:
U 2.X = U Ap .(distrll .p0 .p1 .(repR1 .n.X))
U Ap .A = redp1 (∗).(dif p .(f irst.A).A)
Time-complexity is O((p1 ∗ 2n−p0 )α + 22n−p )
Distribution costs In order to reduce the cost of data distribution, the number of
distinct elements on each processor has to be as small as possible;
θd (distrll .p0 .p1 .A) = min{2n , 2n−p0 +2m−p1 −1} But, this cost is very high, so we have
to change the replication method. We can start from a distribution (one-dimensional
distr.p0 .X) of the list X, then to replicate this distributed list based on repR1 .p0 .·,
and then to use replication based on repR1 .(n − p0 ).· for each resulted sublist. After
we apply the function f lat we obtain a matrix B that has the property that each
column is a different permutation of the list X, and we may apply the same function
U A to compute the products u.xi .
If we apply a Cartesian distribution distrll .p1 .p0 , each resulted submatrix will
have only 2n−p0 distinct elements, if p1 ≥ p0 , and 2n−p0 × 2p0 −p1 distinct elements if
p1 < p0 . The analysis of the time-complexity and the distribution cost leads to the
conclusion that the best decomposition of p is p = p0 + p1 = 2p0 , p0 = p1 , provided
that p is even.
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4. Conclusions
One-dimensional, multidimensional, and set-distributions could be defined for
PowerList and PowerArray data structures, and functions defined on these special
data structures are transformed to accept distributed input data, and then costs
analysis could be done.
We have several advantages of formally introducing the distributions; the first is
that it allows us to evaluate costs, depending on the number of available processors as a parameter. In the PowerArray case, this is especially important, since we may
choose the most advantageous factorization of the number of processors on each dimension. The analysis of the possible distributions for a certain function may lead to
an improvement in the design decisions, too. Another advantage is that we may control the parallel decomposition until a certain level of tree decomposition is achieved;
otherwise parallel decomposition could be done, for example, in a ‘deep-first’ manner, which could be disadvantageous. Also, after the introduction of the distributions
functions, mapping on real architectures with limited number of processing elements
(e.g. hypercubes) could be analyzed.
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SKEPTICAL REASONING IN CONSTRAINED DEFAULT LOGIC
USING SEQUENT CALCULUS
MIHAIELA LUPEA(1)
Abstract. Constrained default logic is a version of Reiter’s classical default logic
satisfying desirable formal properties as supraclassicality, semi-monotonicity, commitment to assumptions. In this paper we propose an axiomatic system called
skeptical constrained default sequent calculus, based on sequent and anti-sequent
calculi from classical logics. This system is used to formalize and study from
theoretical point of view the skeptical nonmonotonic reasoning process modelled
by constrained default logic.

1. Introduction
Constrained default logic [7], as a version of Reiter’s default logic [6], models the
nonmonotonic reasoning using special inference rules called defaults, to overcome the
lack of information.
The defaults extend a given set of facts obtaining one or more sets called extensions which contain the nonmonotonic consequences(beliefs). The extensions represent possible belief sets of an agent reasoning about the initial theory. A credulous
reasoning perspective means that an agents’ beliefs belong to at least one extension.
Skeptical consequences are more robust beliefs because they belong to all extensions of
a theory. In the papers [2, 8] the properties of the nonmonotonic credulous/skeptical
inference relations in default logics are studied.
Theoretical studies in the direction of the axiomatization of the credulous/ skeptical nonmonotonic inference process modelled by different versions of default logic
are presented in the papers [1, 3, 5].
In this paper we propose an axiomatic system called skeptical constrained default
sequent calculus. This system is used to formalize and study the skeptical nonmonotonic inference modelled by constrained default logic.
2. Constrained default logic
Definition 2.1. A default theory ∆ = (D, W ) contains a set W of consistent
formulas (facts) of first order logic and a set D of default rules. A default has the
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form d =

α:β
γ

, where: α is called prerequisite, β is called justification and γ is called

consequent. A default d = α:β
γ can be applied and thus derive γ if α is believed and
”it is consistent to assumed β”(meaning that ¬β is not believed).
From all versions of default logics, constrained default logic has the most desirable
formal properties: supraclassicality, semi-monotonicity, commitment to assumptions,
due to the global consistency condition for the applied defaults.
Definition 2.2.[4] Let D be a set of defaults. The set of residues and the set
of justifications
of D with respect to aoset C of formulas are defined as follows:
n
α α:β
ResC
=
|
∈
D, C ∪ {β, γ} 6⇒ f alse ,
D
γ γ
n
o
C
JustifD
= β| α:β
∈
D,
C
∪
{β,
γ}
⇒
6
f
alse
.
γ
The residues corresponding to the applied defaults are monotonic rules and are
used to reduce the nonmonotonic reasoning process modelled by constrained default
logic into a monotonic one according to the following theorem based on a theorem
from [4].
Theorem 2.1. Let ∆ = (D, W ) be a default theory. (E, C) is a constrained
res
C
extension of ∆ if E = T hres (W, ResC
(W, ResC
D ), C = T h(T h
D ) ∪ JustifD ), where
T h(·) is the classical consequence operator and T hres (·, R) is the consequence operator of the predicate formal system enhanced with the set R of residues.
E is the actual extension embedded in the reasoning context C. We remark that
the nonmonotonic reasoning process modelled by constrained default logic is guided
by a maximal consistent reasoning context.
3. Sequent and anti-sequent calculi for residues
The two complementary systems: sequent and anti-sequent calculi [1] for classical
logics are enhanced with specific rules for residues [1, 5] preserving the soundness and
completness of the new axiomatic systems. We use the same metasymbols ⇒ and 6⇒
to express the inference relations in classical sequent/anti-sequent calculi and in the
corresponding systems, enhanced with residues.
Sequent rules for residues:
Anti-sequent rules for residues:
(Re1 ) Γ,Γ⇒Ψ
α
⇒Ψ
γ

Γ,γ⇒Ψ
(Re2 ) Γ⇒αΓ, α ⇒Ψ
γ

α
Γ6⇒Ψ
(Re3 ) Γ6⇒Γ,
α
6⇒Ψ
γ

Γ,γ6⇒Ψ
(Re4 ) Γ,
α
6⇒Ψ
γ

4. Axiomatization of skeptical reasoning in constrained logic
Definition 4.1. Let ∆ = (D, W ) be a default theory. A skeptical constrained
default sequent has the syntax : Constr; (W, D); Res 7−→ U . The set U of formulas is
called succedent. The antecedent contains Constr(a set of constraints expressed using
the modalities: M and L), the default theory (W, D) and Res (the set of residues
corresponding to the applied defaults).

SKEPTICAL REASONING IN CONSTRAINED DEFAULT LOGIC

233

Definition 4.2. (semantics of a skeptical constrained default sequent)
The skeptical constrained default sequent: Constr; (W, D); Res 7−→ U is true if ∨U
belongs to all constrained default extensions of the theory (W, D), that satisfy the
constraints Constr and Res contains the residues of the applied defaults.
Definition 4.3. For a default theory ∆ the skeptical constrained default axcons
cons
cons
cons
= (Σcons
iomatic system is: Sk∆
Sk∆ , FSk∆ , ASk∆ , RSk∆ ).
cons
cons
ΣSk∆ - the alphabet, FSk∆ = all classical sequents/anti-sequents enhanced with residues
and all skeptical constrained default sequents.
Acons
Sk∆ - the axioms (all classical basic sequents and basic anti-sequents).
cons
RSk
= {S1 , S2 , S3 } ∪ {Re1 , Re2 , Re3 , Re4 } ∪ { classical sequent/anti-sequent rules }
∆
Based on Theorem 2.1 we propose the sequent rules for constrained default logic:
M
∪W 6⇒f alse
W ∪Res ⇒U
(S1 ) ConstrConstr;(W,D);Res7
, where ConstrM = {α|M α ∈ Constr}
−→U
(S2 )

Constr∪{M (β∧γ)};(W,D);Res∪{ α
γ } 7−→U

Constr∪{L¬(β∧γ)};(W,D);Res 7−→U

Constr;(W,D∪{ α:β
γ });Res 7−→U

W ∪{β∧γ| α:β
γ ∈D }6⇒δ
(S3 ) Constr∪{Lδ};(W,D);Res
7−→U

S1 verifies if the reasoning context (obtained using the set of applied defaults) is
consistent (left premise) and if ∨U is derivable from the set of facts and the corresponding residues (right premise). Using S2 we search exhaustively if ∨U is a skeptical
consequence of the theory ∆ considering that α:β
γ is applied (left premise) and that the

default α:β
γ is not applied (right premise). The rule S3 checks if there are constrained
extensions that satisfy the constraint Lδ.
Theorem 4.1. The skeptical constrained default sequent calculus is sound and
complete: a skeptical constrained sequent is true if and only if it can be reduced to
cons
classical basic sequents and basic anti-sequents using RSk
.
∆
Consequence: A formula X is a skeptical constrained default consequence of
the default theory (D, W ) if and only if the skeptical constrained default sequent
∅; (W, D); ∅ 7−→ X is true.
n
o
S:T R:¬P H:T
Example 4.1. The default theory ∆ = (D, W ), D = Q:P
,
,
,
,
S
T
H
T
W = {Q, R} has two constrained default extensions: (E1, C1) = (T h({Q, R, S, T }),
T h({Q, R, S, T, P })) and (E2, C2) = (T h({Q, R, H, T }), T h({Q, R, H, T, ¬P })).
We check if T is a skeptical constrained default consequence of the theory ∆:

Π1 :{M (P ∧S)};({Q,R},{d2,d3,d4});{ Q
S } 7−→T

Π2 :{L¬(P ∧S)};({Q,R},{d2,d3,d4});∅ 7−→T

S:T
R:¬P
H:T
∅;({Q,R},{d1= Q:P
S ,d2= T ,d3= H ,d4= T });∅ 7−→T

(S2 )

By applying the rule (S2 ), the default sequent Π1 is reduced to Π11 and Π12 :
S
Π11 :{M (P ∧S),M T };({Q,R},{d3,d4});{ Q
Π12 :{M (P ∧S),L¬T };({Q,R},{d3,d4});{ Q
7 →T
S , T } 7−→T
S} −
Q
Π1 :{M (P ∧S)};({Q,R},{d2= S:T
T ,d3,d4});{ S } 7−→T

The default sequent Π11 is a true default sequent as follows:
..
.
{Q,R,P ∧S,T }6⇒f alse
(Re2)
{Q,R, QS , TS }⇒T
(S1 )
Q S
Π11 :{M (P ∧S),M T };({Q,R},{d3,d4});{ S , T } 7−→T
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For reducing Π12 we apply the rule (S3 ). No extension of the initial theory satisfies
the constraint L¬T , so the default sequent Π12 is reduced to a basic anti-sequent and
therefore is a true sequent according to the following:
Q,R,T,H,¬P 6⇒¬T
(S3 )
Q
H:T
Π12 :{M (P ∧S),L¬T };({Q,R},{d3= R:¬P
H ,d4= T });{ S } 7−→T
Π2 can also be reduced to basic sequent/anti-sequents, therefore the initial sequent: ∅; ({Q, R} , {d1, d2, d3, d4}); ∅ 7−→ T is true and thus T is a skeptical constrained default consequence of ∆.
5. Conclusions
In this paper we have introduced an axiomatic system which formalizes the skeptical nonmonotonic inference in constrained default logic. This system is based on
sequent and anti-sequent calculi for classical logics and uses specific rules for the
defaults. Using the monotonic rules called residues and constraints for the applied
defaults, the default reasoning process becomes a monotonic one.
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ALGEBRAIC MODEL FOR THE SYNCHRONOUS SR-FLIP-FLOP
BEHAVIOUR
ANCA VASILESCU(1)
Abstract. Considering the digital logic level of the computer architecture description, the agent-based approach is applied here to cover both the digital
logic circuits specification and verification. We consider the specific structure
for both the asynchronous and synchronous SR flip-flops. We define the appropriate specification and implementation agents for algebraic modelling the given
circuits behaviour and we formally and automatically prove the corresponding
bisimilarities between the target agents.

1. Introduction
This paper results represent the authors research area consisting in applying
formal methods for modelling the hardware components behaviour and in obtaining
an algebraic-based model for the entire computer system behaviour.
Having an algebraic-based model for a multi-agent system has the main advantage
of increasing the level of confidence and reliability on the model following the formal
methods based verification. For the specific case of a computer system, we have also
the advantage of the opportunity of removing all the possible design errors before
proceeding to the expensive component manufacturing and assembly.
In modern computer science, the process algebras are extensively used together
with the appropriate verification tools such that the combination assures both the
modelling of the computer components behaviour and the formal and/or automated
verification of the proposed models. The most used such combinations are: SCCS/CWB,
CSP/FDR2 and LOTOS/CADP [1, 8]. The SCCS as process algebra and CWB-NC
[9] as verification workbench are used here in order to study the concurrent communicating processes involved in the computer hardware components behaviour and to
model and verify the target hardware components behaviour.
2. Preliminaries
2.1. Flip-flops. Computer memory organization. A flip-flop is a sequential
circuit, a binary cell capable of storing one bit of information. It has two outputs, one
2000 Mathematics Subject Classification. 68Q85, 68N30, 68Q60, 93C62.
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for the normal value and one for the complement value of the bit stored in it. A flipflop maintains a binary state until it is directed by a clock pulse to change that state.
At the different levels of detailing, the theoretical flip-flop might be asynchronous,
but the synchronous models are widely used in practice.
2.2. Process algebra SCCS. The process algebra SCCS, namely Synchronous Calculus of Communicating Systems is derived from CCS [3, 4] especially for achieving
the synchronous interaction in the framework of modelling the concurrent communicating processes. The operational semantics for SCCS is given via inference rules
that define the transition available to SCSS processes. Combining the product and
the restriction, SCCS calculus defines the synchronous interaction as a multi-way
synchronization among processes.
A formal approach such as the process algebra SCCS supports a way to relate
two different specifications in order to show that those specifications actually describe
equivalent concurrent systems, for some specific meaning of equivalence. For each of
the circuits we are interested in, we define a specification Spec which is based on
the definition of the circuit and a specification Impl which is based on the behaviour
and/or the properties of that given circuit. As demonstration technique, we start
with these two specifications Spec and Impl and then we apply a set of SCCS-based
algebraic laws in order to formally prove that the low-level specification, Impl, is
correct with respect to the higher-level one, Spec. This correctness proof is based on
the bisimulation congruence, the appropriate equivalence in the theory of concurrent
communicating processes.
3. Algebraic model for the synchronous SR flip-flop behaviour
In this section we define both specification and implementation agents for asynchronous SR flip-flops and synchronous SR flip-flops. The core of our results consists
in proving, both formally and automatically, the involved agents bisimilarities.
3.1. The case of asynchronous SR flip-flop. The specification Spec for the SR
flip-flop behaviour might be [3]
X
(1)
SpecSR(m, n) =
(σi ρj γ m δ n : SpecSR(k, l))
i,j∈{0,1}

where the values k and l are defined by k = i NOR n and l = j NOR m.
In order to achieve the composition and to assure the fork of the output signal, we
have to define two morphisms to make two appropriately relabelled copies of the NOR
gate. We also define the set E of external actions, E = {σi , ρi , γi , δi |i ∈ {0, 1}}, in
order to form the SCCS product between the two communicating NOR gate-agents.
The SCCS implementation for the SR flip-flop behaviour might be
(2)

ImpSR(m, n) = (NOR(m)[Φ] x NOR(n)[Ψ]) ¹ E
The relation SpecSR(m, n) ∼ ImpSR(m, n) is established.
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3.2. The case of synchronous SR flip-flop. From the structural point of view,
in order to obtain the synchronous SR flip-flop we consider the asynchronous circuit
and we add an extra level of AND gates for involving the clock signal.
We consider two levels for specifying the synchronous SR flip-flop behaviour, a
specification and an implementation, and we conclude with the equivalence result for
these models.
We propose the higher-level specification for the synchronous SR flip-flop behaviour based on the agents:
(3)

SpecSRs(m, n, c) = (SpecInput(c) × SpecSR(m, n)) ¹ E SRmn(c)

where the set of external actions is E SRmn(c) = {CLKc , σ, ρ, γ, δ} for a specific
value of c ∈ {0, 1}. Note that the parameters m and n have complemented values, by
definition of the flip-flop.
We also propose the lower-level specification for the synchronous SR flip-flop
behaviour based on the agents:
(4)

ImpSRs(m, n, c) = (ImpInput(c) × ImpSR(m, n)) ¹ E SRmn(c)
It is for the interest of this paper results to prove the next equivalence.

Proposition 1. The previous agents SpecSRs(m, n, c) and ImpSRs(m, n, c) for (m, n) ∈
{(0, 1), (1, 0)} and c ∈ {0, 1} are bisimulation equivalent.
The previous agents SpecSRs(m, n, c) and ImpSRs(m, n, c) are defined for all of
the binary combinations on the input lines S and R of the flip-flop. In order to extend
the algebraic model of the flip-flops behaviour to the algebraic model of the more complex sequential logic circuits based on flip-flops, it is useful to have the projection of
such an agent on only one input binary combination (S, R). For achieving this target,
we have to project each of the generic agents SpecSRs(m, n, c) and ImpSRs(m, n, c) on
each of the binary combinations (S, R) ∈ {(0, 0), (0, 1), (1, 0), (1, 1)}. The final agents
are SpecCBBSRs(m, n, S, R, c) and ImpCBBSRs(m, n, S, R, c) for each current state
(m, n), input binary combination (S, R) and clock signal c. These agents are also
bisimulation equivalent.
3.3. Automatic verification. In order to have an automatic verification for the
bisimilarities between the corresponding specification and implementation agents already defined in the previous subsections, we have developed the SCCS files with
respect to the CWB-NC platform syntax. For each of the Spec-Impl pair of agents,
we have verified the appropriate bisimilarity. The corresponding CWB-NC answer is
TRUE for all of these tests. We have also obtained successfull CWB-NC automatic
verification for the corresponding implementation agents and for the bisimilarities
tests.
4. Conclusions
Based on ideas from [3, 5], in this paper we have considered the internal structure
of specific memory cells, namely SR flip-flops. As original contribution we have
defined specific agents for modelling the concrete flip-flops behaviour for both the
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asynchronous and synchronous circuit organization and we have proved (formally
and automatically) the appropriate agents bisimilarities.
The results of this paper are algebraic models for some important hardware components ready to be integrated in more complex, scalable structures. The components
we focused on here are some of the most important hardware components for modern computer organization and design. After the modelling achievements from [6, 7],
these modelling attempts represent a further step in the direction of having a global
algebraic model of the entire computer system behaviour.
Implicitly, this result of bisimilarity is a guarantee of using these models in other
complex circuits. An immediate extension of these results will consist in using these final agents into a more complex digital logic circuit like a standard read/write memory
hardware component with input/output controller unit integrated.
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REVERSE ENGINEERING AND SIMULATION OF ACTIVE
OBJECTS BEHAVIOR

DAN MIRCEA SUCIU(1)

Abstract. Testing, debugging and understanding concurrent object-oriented
programs are difficult tasks. Behavior models, especially statecharts, are appropriate tools for helping the development and maintenance of active objects.
The paper presents a process of generating statecharts at runtime and a tool that
assists and supports the main steps of this process.

1. Introduction
Today CASE tools include reverse engineering modules which are able to generate static diagrams from structures defined in application’s source code. Dynamic
diagrams cannot be generated just from the source code. That is because objectoriented languages does not have built-in elements that appear in dynamic diagrams
and because the objects behavior could be much clearly observed during runtime.
These are the main reasons why we have searched solutions on dynamically generating statecharts. We are proposing a process of extracting statecharts that model the
behavior of active objects, based on the formalism described in [4].
2. Process of reversely generating statecharts
Figure 1 illustrates our proposed process of automatically generating statecharts
at runtime. We will describe each step of the process in detail.
Step 0. Code generation and/or programming. This is an optional step, because
we will take in consideration generating statecharts from any source code (no matter
if it was manually implemented or automatically generated). Nevertheless, in absence
of complex formal adnotations of dynamic models, the source code cannot be entirely
generated automatically.
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Step 1. Source code instrumentation. Source code instrumentation is the process
of adding new program logic into the source code of a given program. This new logic
is functionally neutral and it is used for some analytic purposes. In our process, code
instrumentation is used to log information about the object identity and its attributes
values before exiting a constructor or a modifier method.

Figure 1. Steps of generating statecharts using ActiveCASE components
Step 2. Program execution.
During the program execution, information about current state of active objects
are saved on disk, in specific log files, or are directly sent as a stream to the statechart
generator component.
Step 3. Generate Finite State Machines (FSMs). During this step, FSMs are
generated based on information received from active objects. The method of generating states is straightforward: for each new distinct tuple of attribute values, a new
state is generated. If it doesn’t exists yet, a new transition is automatically created
between the states corresponding to previous and current value tuples.
Step 4. Matching and merging FSMs. At the end of step 3 we obtain a set of FSMs
generated for the same class. Usually, for active objects having a complex behavior,
the result consists of partial FSMs. In such situations it is necessary to create a
consolidated FSM, containing all the matching states and transitions, together with
all discovered ”exceptions” in the generated FSMs.
Step 5. Semi-automated FSM refining. During this step the FSMs could be
refined and transformed in statecharts [3] respecting the states aggregation and generalization. The obtained result is a more compact and/or readable statechart.
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Step 6. Comparison, re-analysis, re-design... This step is important for verification and testing of software conformance to specification, analysis and design models.
3. A case study
ActiveCASE is a tool developed for designing, implementing and simulating active
objects behavior in concurrent object oriented applications [5]. We have extended it
to offer support for first 4 steps of the process of generating statecharts.
In order to illustrate how FSMs are generated in ActiveCASE we will use the same
motivating example used in [5]: traffic simulation in a matrix of tracks. The goal is
to generate the corresponding FSMs for Car class using ActiveCASE components.
According to step 0, a statechart is defined for Car class, as described in [5].
The code instrumentation (step 1) has been done manually. First of all, the ActiveObject class was enriched with two specific methods: GetCurrentStateToString()
and GenerateCurrentState(). First method returns a string with information regarding the current state, whith the following configuration: [Class: < ClassN ame >
; Object :< ObjectIdentity >; M ethod :< M ethodN ame >; attr1 ; ... attrn ], where
attr1 ; ...attrn is a list of actual attribute values. Each subclass of ActiveObject class
should rewrite this function in order to add its own specific attribute values. The
second method,GenerateCurrentString(), saves the current state in a log file on disk
or, if the simulation is activated, sends the state strings to the simulator component.

Figure 2. FSMs generated for ”Red Car” and ”Blue Car” objects
Figure 2 shows two FSMs generated for two Car objects (called ”Blue Car” and
”Red Car”). For generating these FSMs, only three Car methods were instrumented:
the constructor, Halt and Go methods.
The analysis of the result reveals the fact that the FSMs are not complete, each
one having a state that was not generated for the other (state ”Stopped; Down;” in
”Red Car” FSM, and state ”Stopped; Left;” generated for ”Blue Car” FSM).
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This observation leads us to the idea that merging several FSMs we can obtain a
more complete view of the behavior of a particular class of objects.
4. Related work
There are papers that refer to automated generation of statecharts based on scenarios description and their sequence diagram [1], [8], [9], [10]. In [7] the sequence
diagrams are extracted from event trace information, generated as a result of running
the target software under a debugger. Sometimes, the sequence diagrams are generated from source code, using code instrumentation [6]. Code instrumentation for
generating statecharts is also used in [2]. Here the instrumentation is more complex
and requires a good understanding of the analyzed source code.
5. Future work and conclusions
Future work consists in continuing the extension of ActiveCASE tool to support
steps 4 and 5 of the statechart generator module. Besides it, the automatization of
the previous steps of the process, mainly the source code instrumentation task, could
improve the usability of the simulation component.
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A PARALLELIZATION SCHEME OF SOME ALGORITHMS
ERNEST SCHEIBER

(1)

Abstract. This note presents a parallelizing scheme of an algorithm with an
unknown number of tasks or dynamicaly varing number of tasks but using a fixed
number of workers or workstations, based on the dispatcher-worker paradigm. A
consequence of this approach is that the same scheme is used to implement, as
an example, the backtracking algorithm and the quicksort method.

1. Introduction
The purpose of this note is to present a parallelizing scheme for an algorithm
involving an a priori unknown number of tasks or dynamically varying number of
tasks but using a fixed number of workers or workstations.
Backtracking, quicksort are examples of such algorithms. There were many attempts to develop parallel versions for the backtracking algorithm [4] and for the
quicksort method [3, 5].
Our scheme is based on the dispatcher-worker paradigm and it focuses on the
data management and the coordination of the worker processes. A consequence of
this approach is that the same scheme is used to implement, as an example, the
backtracking algorithm and the quicksort method. The specific parts of the solving
methods are embedded in the dispatcher and in the workers activities.
2. The parallelizing scheme
As we mention, the scheme is based on the dispatcher - workers model. The
dispatcher manages a repository for the data that will be sent to the workers when
they will be available to proceed their specific job. A stack may be used as the
repository.
The dispatcher and the workers communicate using messages. There are two kind
of messages received by a worker:
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• ordinary message containing the data for the worker to solve a specific task;
• ending type message - command to the worker to finish its activity.
The worker actions are given in Algorithm 1.
Algorithm 1 The workers procedure.
1:
2:
3:
4:
5:
6:
7:
8:
9:
10:
11:
12:

procedure Worker
ending-flag← false
repeat
Receive a message
if ending-type message then
ending-flag ← true
else
Execute the specific actions of the worker
Send the response to the dispatcher
end if
until ending-flag = true
end procedure

After receiving a response, if further processes of the response are required, the
dispatcher will push the corresponding data for future tasks in the repository. While
there are available workers, the dispatcher extracts records from the repository, creates
corresponding ordinary messages and sends them to the workers. To each worker
there is associated a flag indicating the state of the worker (occupied or free). The
dispatcher counts the number of sent and received messages to the workers. The
dispatcher actions are represented in the Algorithm 2.
The available number of workers is denoted by size. The receive command is
supposed to be blocking. The parallelization occurs in moment when the dispacher
send messages to the unoccupied workers - lines 19-24.
Message Passing Interface (MPI) [1, 2, 6] may be used to implement the scheme,
but other frameworks can be used, too according [7].
3. Examples
Using the above presented parallelizing scheme, we give details of the implementation of the n-queen problem, the sixteen grid problem via backtracking and the
quicksort method.
The n queen problem. A message is an instance of a class containing the
rank of the source, a tag and two sequences. The first sequence contains the data
sent by the dispatcher to the worker(the j-th element of the sequence represents the
column occupied by a queen in the j-th raw), while the second sequence is the result
computed by the worker.
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Algorithm 2 The dispatcher procedure.
1:
2:
3:
4:
5:
6:
7:
8:
9:
10:
11:
12:
13:
14:
15:
16:
17:
18:
19:
20:
21:
22:
23:
24:
25:
26:
27:
28:
29:
30:
31:

procedure Dispatcher
Data structures: Stack repository;
boolean[ ]f reeW orker1≤i≤size
send messages number ← 0
received messages number ← 0
for i = 1 : size do
f reeW orkeri ← true
end for
Specific initializations of the application
Send an ordinary-message to the W orker1
f reeW orker1 ← false
send messages number ← send messages number + 1
while repository is not empty or
send messages number 6= received messages number do
if send messages number 6= received messages number then
Receive a response message
received messages number ← received messages number + 1
f reeW orkersender−rank ← true
Process the received message
end if
while exists free Workers and the repository is not empty do
Extracts an object from the repository
Sends an ordinary-message to a free Worker
f reeW orkerreceiver−rank ← false
send messages number ← send messages number + 1
end while
end while
for i = 1 : size do
Sends Ending-type-message to the W orkeri
end for
end procedure

If the worker receives the sequence [x0 , x1 , . . . , xk−1 ] (k − 1 < n) with xp ∈
{0, 1, . . . , n − 1} and

(1)

xp 6= xq

and

|xp − xq | 6= |p − q|

∀p, q ∈ {0, 1, . . . , k − 1},

then it executes the following operations:
1:
2:

for any i ∈ {0, 1, . . . , n − 1} do
It verifies the validity conditions (1) of the sequence [x0 , x1 , . . . , xk−1 , i].

A PARALLELIZATION SCHEME OF SOME ALGORITHMS

247

If the validity conditions are satisfied then i is appended to the sequence of
results.
4:
Builds a message with the results and sends it to the dispatcher.
5: end for

3:

Receiving a responce message, the dispatcher verifies whether some solutions are
obtained (i.e. the length of a generated sequence is n). If the generated sequences are
not solutions then the dispatcher push them into the repository.
As initialization, the dispatcher sends a message with the sequence [0] to the first
worker, while the sequences [i], i ∈ {1, . . . , n − 1} are push into the repository.
The quicksort method. The message class contains the rank of the source, a
tag, an index, a splitting index and a sequence.
Let us suppose that at a stage of the quicksort method, the sequence to be sorted
is [x0 , x1 , . . . , xn−1 ]. The index of a subsequence [xp , xp+1 , . . . , xq ] is p. Let us suppose
that the dispatcher sends this subsequence to a worker. The worker split the received
sequence as it is done in the standard quicksort method. If [y0 , y1 , . . . , yq−p ] is the
modified sequence and r is the splitting index, then
yi < y r ,

∀i < r

and yj ≥ yr

∀j ≥ r.

This sequence will be returned by the worker.
Receiving a response message, the dispatcher update the sequence to be sorted
and if the length of a splited subsequence is greather than 2, then the parameters of
subsequence (the starting index and the length) are pushed into the repository.

References
[1] Z. BAOYIN, 2005, ”Jcluster A Java Parallel Environment.” Docs distributed with the software,
version 1.0.5.
[2] R. BISSELING, 2004, Parallel Scientific Computation. A structured approach using BSP and
MPI, Oxford Univ. Press.
[3] CHENGYAN ZH., 1996, Parallel Quicksort algorithm with PVM optimization. Project report
CS62025. Univ. NewBrunswick, Fac. Computer Science, Fredericton.
[4] HAMADI Y., BESSIÈRE CH., QUINQUETON J., 1998, Backtracking in Distributed Networks.
http://research.microsoft.com/∼youssefh/Papers/ecai98.pdf.
[5] TSIGAS PH.,
ZHANG Y.,
2003,
A Simple Fast Parallel Implementation
of
Quicksort
and
its
Performance
Evaluation
on
SUN
Enterprise
10000.
http://www.es.chalmers.se/∼tsigas/papers/Pquick.pdf.
[6] SNIR M., OTTO D., HUSS-LEDERMAN S., WALKER D., DONGARRA J., 1996, MPI: The
Complete Reference. MIT Press, Cambridge, MA.
[7] SCHEIBER E., 2007, A TSpaces Based Framework for Parallel - Distributed Applications.
Knowledge Engineering Principles and Techniques 1 (2007), Cluj University Press, 341-345.

248

ERNEST SCHEIBER

(1)

(1) Faculty of Mathematics and Computer Science, “Transilvania” University of Braşov,
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THE MULTI-OBJECTIVE REFACTORING SELECTION PROBLEM
CAMELIA CHISĂLIŢĂ–CREŢU(1) AND ANDREEA VESCAN(1)
Abstract. The paper defines the Optimal Refactoring Selection Problem (ORSP)
and generalizes it as a Multi-Objective ORSP (MOORSP) by treating the cost
constraint as an objective and combining it with the effect objective. It considers the refactoring selection as a multi-objective optimization in the Search-Based
Software Engineering (SBSE) field. The results of the proposed weighted objective genetic algorithm on a experimental didactic case study are presented and
compared with other recommended solutions for similar problems.

1. Introduction
Software systems continually change as they evolve to reflect new requirements,
but their internal structure tends to decay. Refactoring is a commonly accepted
technique to improve the structure of object oriented software [3]. The Optimal
Refactoring Selection Problem (ORSP) is the identification problem of the optimal
refactorings that may be applied on software entities, such that several objectives are
kept or improved.
ORSP is an example of a Feature Subset Selection (FSS) search problem in SBSE
field. The paper introduces a first formal version definition of the MOORSP and
performs a proposed weighted objective genetic algorithm on a experimental didactic
case study. Obtained results for our case study are presented and compared with
other recommended solutions for similar problems [5].
The rest of the paper is organized as follows: Section 2 presents the formal definition of the studied problem. The proposed approach and the genetic algorithm with
several details related to the genetic operators are described in the Section 3. Local
Area Network simulation source code was used in order to validate our approach. The
paper ends with conclusions and future work.
2. Optimal Refactoring Selection Problem
In order to state the ORSP some notion and characteristics have to be defined.
Let SE = {e1 , . . . , em } be a set of software entities, i.e., a class, an attribute from a
class, a method from a class, a formal parameter from a method or a local variable
declared in the implementation of a method. The weight associated with each software
entity ei , 1 ≤ i ≤ m is kept by the set W eight = {w1 , . . . , wm } , where wi ∈ [0, 1] and
P
m
i=1 wi = 1 . A software system SS consists of a software entity set SE together
with different types of dependencies between the contained items.
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A set of possible relevant chosen refactorings [3] that may be applied to different
types of software entities of SE is gathered up through SR = {r1 , . . . , rt } . There
are various dependencies between such transformations when they are applied to the
same software entity, a mapping emphasizing them being defined by:
rd : SR × SR × SE → {Bef ore, Af ter, AlwaysBef ore, AlwaysAf ter, Never, Whenever},

B, if rh may be applied to ei only before rl , i.e., rh < rl




A, if rh may be applied to ei only after rl , i.e., rh > rl



AB, if rh and rl are both applied to ei then rh < rl
,
rd(rh , rl , ei ) =
AA, if rh and rl are both applied to ei then rh > rl





N , if rh and rl cannot be both applied to ei


W , otherwise, i.e., rh and rl may be both applied to ei whenever

where 1 ≤ h, l ≤ t, 1 ≤ i ≤ m.
The effort involved by each transformation is converted to cost, described by the
following function: rc : SR × SE → Z,
½

rc(rl , ei ) =

> 0,
= 0,

if rl may be applied to ei
otherwise

,

where 1 ≤ l ≤ t, 1 ≤ i ≤ m.
Changes made to each software entity ei , i = 1, m by applying the refactoring
rl , 1 ≤ l ≤ t are stated and a mapping is defined: ef f ect : SR × SE → Z ,

 > 0,
ef f ect(rl , ei ) =
< 0,

= 0,

if rl is applied to ei and has the requested effect on it
if rl is applied to ei and has not the requested effect on it ,
otherwise

where 1 ≤ l ≤ t, 1 ≤ i ≤ m.
The overall effect of applying a refactoring rl , 1 ≤Pl ≤ t to each software entity
m
ei , i = 1, m is defined as: res : SR → Z, res(rl ) = i=1 wi ∗ ef f ect(ei , rl ), where
1≤l≤t.
Each refactoring rl , l = 1, t may be applied to a subset of software entities, defined
as a function:
re : SR → P (SE), re(rl ) =

©

el1 , . . . , elq

| if rl is applicable to elu , 1 ≤ u ≤ q, 1 ≤ q ≤ m

ª

,

where re(rl ) = SErl , SErl ⊆ SE − φ, 1 ≤ l ≤ t.
The goal is to find a subset of refactorings RSet such that for each entity ei , i =
1, m there is at least a refactoring r ∈ RSet that may be applied to it, i.e., ei ∈ SEr .
Thus, ORSP is the identification problem of the optimal refactorings that may be
applied to software entities such that several objectives are kept or improved, like the
minimum total cost and the maximum overall effect on the affected software entities.
There are several ways to deal with a multi-objective optimization problem. In
this paper the weighted sum method [4] is used.
3. Proposed approach description
The approach presented in this paper uses principles of evolutionary computation
and multi-objective optimization. First, the problem is formulated as a multiple
objective optimization problem having two objectives: the total cost of applying the
refactorings (i.e., rc function) and the overall effect of applying the refactorings (i.e.,
res function). Because the cost function ( f1 ) should be minimized and the res
function ( f2 ) should be maximized, we have modified the value of the cost into
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M AX minus the real cost, where M AX is the biggest possible cost and the real cost
values being less than M AX . Thus, the new function obtained by aggregating the
two objectives can be written as: F (x) = α · f1 (x) + (1 − α) · f2 (x), α ∈ [0, 1] .
The goal is to identify those solutions that compromise the refactorings costs
→
and the overall impact on transformed entities. The decision vector r = (r1 , . . . , rm ),
ri ∈ SR, 1 ≤ i ≤ m determines the refactorings that may by applied in order to
transform the considered set of software entities SE . The item ri on the i-th position
of the solution vector represents the refactoring that may be applied to the i-th
software entity from SE , where ei ∈ SEri , 1 ≤ i ≤ m .
The algorithm proposed was applied on a simplified version of the Local Area
Network (LAN) simulation source code that was presented in [1]. It contains 5 classes
with 5 attributes and 13 methods, constructors included. The current version of the
source code lacks of hiding information for attributes since they are directly accessed
by clients. The abstraction level and clarity may be increased by creating a new
superclass for PrintServer and FileServer classes, and populate it by moving up
methods in the class hierarchy.
Thus, for the studied problem the software entity set is defined as: SE =
{c1 , ..., c5 , a1 , ..., a5 , m1 , ..., m13 } . The chosen refactorings that may be applied are: renameMethod, extractSuperClass, pullUpMethod, moveMethod, encapsulateField, addParameter, denoted by the set SR = {r1 , . . . , r6 } in the following. The
dependency relationship between refactorings is defined as {(r1 , r3 ) = B, (r1 , r6 ) =
AA, (r2 , r3 ) = B, (r3 , r1 ) = A, (r6 , r1 ) = AB, (r3 , r2 ) = A, (r1 , r1 ) = N, (r2 , r2 ) =
N, (r3 , r3 ) = N, (r4 , r4 ) = N, (r5 , r5 ) = N, (r6 , r6 ) = N }.
The values of the final effect were computed for each refactoring, but using the
weight for each existing and possible affected software entity, as it was defined in
Section 2. Therefore, the values of the res function for each refactoring are: 0.4, 0.49,
0.63, 0.56, 0.8, 0.2.
Here, the cost mapping rc is computed as the number of the needed transformations, so related entities may have different costs for the
refactoring. Each
Psame
23
software entity has a weight within the entire system, but i=1 wi = 1 . For ef f ect
mapping, values were considered to be numerical data, denoting estimated impact of
refactoring applying. Due to the space limitation, intermediate data for these mappings was not included. An acceptable solution denotes lower costs and higher effects
on transformed entities both objectives being satisfied.
The parameters used by the evolutionary approach are as follows: mutation probability 0.7 and crossover probability 0.7. Different number of generations and of
individuals are used: number of generations 10, 50, 100, and 200, and number of
individuals 20, 100, 200. Current paper studies the aggregated fitness function where
objectives have equal weights, i.e., α = 0.5.
3.1. Results obtained by the Evolutionary approach. In order to compare data
having different domain values the normalization is applied firstly. We have used two
methods to normalize the data: decimal scaling for the rc function and min-max
normalization for the value of the res function. The algorithm was run 100 times
and the best, worse and average fitness values were recorded. Figure 1(a) presents
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the evolution of the fitness function (best, worse and average) recorded for each run
within 20 chromosomes populations and 10 generations.
The evolution of fitness function (recorded for the best individual in each run)
for 200 generations and 100 individuals is depicted in Figure 1(b).

(a) Experiment with 10 generations and (b) Experiment with 200 generations and
20 individuals with eleven mutated genes 100 individuals

Figure 1. The evolution of fitness function (best, worse and average) and the best individual evolution
While compared with the previous experiments we noted that we are getting a
lower number of different solutions while cumulating the results obtained in all the
100 runs, but the quality (and the number) of these solutions is improving much
more. In a first experiment the greatest value of the fitness function is 0.3508 (with
69 individuals with the fitness > 0.33) while in a second experiment this is not more
than 0.3536 (55 individuals with the fitness > 0.33). But the best chromosome was
found in the experiment with 200 generations and 20 individuals having the value
0.3562.
The best individual obtained allows to improve the structure of the class hierarchy.
Therefore, a new class is added as base class for PrintServer and FileServer and
the print method is renamed, its signature is changed and it is moved to the new
Server class. The correct access to the class fields by encapsulating them within their
classes is enabled.
3.2. Results obtained by others. Fatiregun et al. [2] applied genetic algorithms
to identify transformation sequences for a simple source code, with 5 transformation
array, whilst we have applied 6 distinct refactorings to 23 entities. Seng et al. [6]
apply a weighted multi-objective search, in which metrics are combined into a single
objective function. An heterogeneous weighed approach is applied here, since the
weight of software entities in the overall system and refactorings cost are studied.
Mens et al. [5] propose the techniques to detect the implicit dependencies between
refactorings. Their analysis helped to identify which refactorings are most suitable
to LAN simulation case study. Our approach considers all relevant applying of the
studied refactorings to all entities.
4. Conclusions and Future work
The paper defines the MOORSP by treating the cost constraint as an objective
and combining it with the effect objective. The results of a proposed weighted objective genetic algorithm on a experimental didactic case study are presented and
compared with other recommended solutions for the similar problems.
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Current paper discusses the weighted multi-objective optimization, but the Pareto
approach is a further step in current research since it proves to be more suitable when
it is difficult to combine several objectives into a single aggregated fitness function.
More, the cost may be interpreted as a constraint, with the further consequences.
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VIRTUAL REALITY REHABILITATION ENVIRONMENT FOR
OBSESSIVE–COMPULSIVE DISORDER
SORIN JIBOTEAN(1) AND RARES FLORIN BOIAN(2)

Abstract. Medical rehabilitation often employs virtual environments due to
their flexibility, safety and low costs. The applications of virtual reality in rehabilitation ranges from post-surgery or stroke therapy to ADHD or phobias. The
paper presents a virtual environment developed to train obsessive-compulsive disorder (OCD) patients to focus on the task at hand without trying to first arrange
everything to a perceived perfect pattern. The application is based on reports
of high school results and exam behavior of otherwise good students who suffer
from OCD.

1. Introduction and Approach
Medical rehabilitation often employs virtual environments due to their flexibility, safety and low costs. The applications of virtual reality in rehabilitation ranges
from post-surgery or stroke therapy [1] to attention deficit and hyperactivity disorder
(ADHD) [2, 3] or phobias treatments.
Patient suffering of obsessive-compulsive disorder display symptoms such as: fear
of contamination or dirt, having things orderly and symmetrical, or recurrent and
persistent thoughts and impulses [4, 5]. Based on reports from the Pediatric Psychiatric Hospital in Cluj–Napoca, high school students suffering on OCD, often fail
exams due their focus on arranging things in a perfect pattern instead of focusing on
the test or exam subjects.
The application develop is aimed to training such students to focus on the exam
subjects while ignoring the lack of pattern of the environment. Following the exposure
therapy approach, the virtual reality application, requires the patient to take an exam
in a virtual classroom.
2. Related Work
The applications of virtual reality in the medical field is a very active and extensively investigates subject. The closest work to that present in this paper has been
done by Rizzo et al. [2] with the Virtual Classroom project for studying ADHD in
children. Their virtual environment places the patient in a classroom and presents
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him/her with a lesson during which several distractions are played out to test the
child’s reactions.
Our work differs from the Virtual Classroom in that the patient is required to
complete a real test in the virtual environment. Also, the distractions in our application differ in nature from those of Rizzo’s virtual classroom
3. Virtual Environment
The virtual reality application developed for OCD treatment was implemented
using JOGL, a Java wrapper around the OpenGL library [6, 7]. The environment
consists of a virtual classroom in which the patient is positioned sitting at a desk
between two other students (see Figure 1a). The patient has a test in front of him and
is required to answer the questions in a certain time limit. The patient can interact
with the environment using a joystick. He/she can change the view direction or grab
objects on the table and reposition them as desired, or answer the test questions.

(a)

(b)

Figure 1. Virtual environment. (a) Classroom; (b) Quiz
The patient’s virtual belongings (pencil, eraser, and cell phone) are placed randomly around the test paper, so they would bother the patient and trigger the need
for a pattern. While the patient can grab and move or rotate the objects as desired,
they application intelligently replaces them after a certain time, thus breaking the
pattern created by the patient. The replacement is done with a slow progressive
motion. The level at which the application changes the positions of the objects is
controllable, thus allowing the therapist to choose the desired level of distraction for
each patient independently.
To add realism to the scene, the neighboring students and the professor at the
desk are controlled by the application to move their bodies (mainly the head) in a
pattern suggesting reading.
4. Measurements and Visualization
To provide the therapist and the patient to perform a quantitative evaluation of
the therapy session, the virtual environment stores in an Microsoft Access database
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the score of the test, the duration it took the patient to complete the test, and
percentage of focus on the test out of the entire time spent in the virtual environment
(see Figure 2).
The percentage of focus is calculated using the position of the interaction point
(displayed as a cross-hair). The time when the patient focuses on the test is defined as
the time the interaction point is above the test, either interacting with the questions
or not interacting with anything else. The rest of the time spent arranging the objects
on the desk or looking around is considered out–of–focus time. The graph displays
the ratio between the focus time and the total test time as a percentage.

Figure 2. Visualization of recorded measurements
The test results can be view before or after the therapy session. The graphs
present a historical view of the therapy records, allowing easy visual evaluation of
performance and progress.
5. Future Work
The development of the virtual environment presented here has been completed
as the application reached a stable version. The next step is to validate it with
specialists in psychology and psychiatry. Finally this work will be validated and its
effectively and results evaluated in a pilot study followed by patient trials.
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DISMY – A SEMANTIC GRID SYSTEM BASED ON LINDA, P2P,
AND ALCHEMI
ANDREI-GHEORGHE IACOB AND SABIN C. BURAGA
Abstract. By using the Linda coordination model, the P2P paradigm, and
existing semantic Web technologies, our proposal – DisMy – aims to be a semantic
Grid system, employing the Alchemi Grid as a foundation for a knowledge-based
Grid. The paper discusses aspects regarding the design, implementation, and
practical deployment of the DisMy system.

1. Introduction
Grid computing [2] enables the sharing, selection, and aggregation of world-wide
distributed heterogeneous resources for solving large-scale problems in different areas of interest or for proving access to massive repositories of data, information, or
knowledge.
The paper presents DisMy, a proposal of a semantic Grid system based on the
peer-to-peer (P2P) technologies and on the Linda coordination model that can be
used to have access – in a structured and distributed manner – to resources described
by metadata and ontological constructs.
2. The Linda Coordination Model and its Extensions
2.1. General Presentation. The Linda [5] language provides a communication model
based on a bulletin board rather than direct messaging, using a shared memory called
a tuple space. This approach is very useful in the context of Grid computing. As a
coordination language, its sole responsibility is the communication and coordination
applications developed in host languages (C, C#, or Java).
A Linda system is composed from a set of objects that can basically be of two
kinds: tuples and tuple spaces. A tuple is a collection of fields, each with a certain
type (usually borrowed from the host language). Linda specifications do not impose
any restriction about the types of the fields inside the tuples, and the tuples can have
any size (regarding the number of elements). This fact can extend the definition of
a tuple until the point of these having as fields any type of the host language, other
tuples, or tuple spaces. A tuple space represents a collection of tuples. Different
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instances of the same tuple can reside in the same space. The communication takes
place inside this tuple space, using specific operators [5].
2.2. Extending Linda. For the tuple spaces, our proposed DisMy system uses a
view-based approach, regarding the information in the shared memory space: the
“data view” and the “fact view”. The data are represented as all the tuples along
with the classic Linda primitives presented earlier. The facts are the RDF (Resource
Description Framework) [1] tuples along with the extended Linda primitives that will
be presented further in this section. The fact view, using RDF tuples, maintains
information about the tuple space itself. RDF makes possible semantic connections
between documents, types of data, or other RDF tuples.
RDF triples can be easily adapted to model a Linda tuple [4]. All the RDF tuples
contain fields to represent the basic RDF triple-based model: <subject, predicate,
object>. In the DisMy tuple space, the tuples can have XML documents as fields
(including RDF/XML), primitive data types or custom classes. The classic matching
problem from the Linda model is extended in this implementation to accept these
kinds of tuples.
Additionally, DisMy implements several operators that extend the Linda model
with respect to the semantic Web [8].
3. DisMy as an Extension of the Alchemi system
Alchemi [6] is an open source Grid system, part of the Gridbus project. The goal of
the project is to build an open Grid system using the .NET Framework, interoperable
with existing systems. A P2P extension of a Grid has three requirements [7]: to be
self-organized, without the help of a central server, to implement a Distributed Hash
Table, and to offer support for the resource management based on the level of system
usage.
The first requirement is implemented by the Alchemi management console and
adapted to the P2P level. The second is represented by the Linda based distributed
memory system and the third requirement will be addressed by our proposal.
The P2P model proposed by DisMy is developed on multiple Alchemi systems
working in collaboration within a superior level Grid, which transforms the Alchemi
Managers into peers.
For example, there are four Alchemi grid systems, each having a number of clients
and a single manager. Each manager has a distributed memory space that is seen by
its clients as a local memory space. This is exposed to the Grid by a service called
P2PA (peer-to-peer agent) which has among its roles the management of this memory
space (synchronization between the operations from inside or outside of the Alchemi
Grid) and the communication with other P2PAs using Windows P2P technology.
3.1. The P2PA Service. The P2PA is a composition of three services: Grid Resource Manager, Local Resource Manager, and Distributed Data Manager.
The Grid Resource Manager (GRM) has the role of exporting the Alchemi system
in the P2P network and its responsible of the global network level coordination of the
applications running on the Grid and of the allocated computing resources.
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Figure 1. DisMy upper-level ontology
The Local Resource Manager (LRM) extends the base model of the Alchemi
Manager using pure inheritance from object-oriented paradigm. The LRM inherits
the capability of feeding threads to the Alchemi executors from the parent class.
The Distributed Data Manager (DDM) executes distributed shared memory processes. Its responsibilities are to serve the resource look-up requests and to synchronize
the memory locations.
3.2. Distributed Shared Memory Model. DisMy defines the following types of
fields for tuples: .NET objects, XML content, RDF content, Word, Excel, and PDF
files – of course, these types could be further extended.
The difference between these types are at the implementation level, through their
corresponding classes which have specific properties. For example, for PDF or Word
documents there can be an author, title and any other metadata – denoted in terms
of XFiles [3] or other vocabularies [1] – that can help manage them easier in a large
scale system.
All the information is shared among the active peers in the network at a specific time using an absolute URI (Uniform Resource Identifier) addressing model.
The URI of a resource in DisMy has the following form: dismy://[host]/[tuple]/
.../[tuple]/identification.
The DisMy name solver helps the user with human friendly name support. For
example, if the tuple is named at creation time “reviews”, and the field with “paper”,
the address is: dismy://PC/reviews/paper.
Because Linda supports duplicate tuples, two elements with the same name are
uniquely denoted by extending the address with another level in nesting, like this:
dismy://PC/reviews/paper/1. This model can easily be adapted to support the
development of a document version control system.
Additionally, we develop an ontology used to properly denote, at the semantic
level, the main DisMy entities – see Figure 1.
3.3. Case Study: Document Management. To store metadata (in terms of RDF
assertions), Linda tuples are used. Each field of a tuple is uniquely identified, thus
the indexation could be easily performed. The distributed memory model permits
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the document storage on any Grid host, with the (automatic or manual) possibility of
migration to other computer. Using SPARQL [1] query language, the documents could
be retrieved based on metadata. To insert, delete, and edit documents, standard Linda
operators are used. Metadata management is performed by using Linda operators,
on the basis on existing vocabularies.
Using a desktop/Web interface, the users can apply filters (regarding author,
subject, type, etc.) to perform queries within DisMy, in a transparent manner.
4. Conclusion and Further Work
The DisMy project binds four technologies/paradigms (Grid, P2P, semantic Web,
Linda) to help solve certain issues regarding resource management on a large scale.
DisMy implements a decentralized P2P topology, using the Alchemi managers
to manage the peer connections between executors. DisMy will support a dynamic
connection mechanism in which peers will be linked based on parameters like network
performance and peer load. The addressing schema would be extended to support
meta-tuples.
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DISTORTION-BASED MEDIA-FRIENDLY CONGESTION
CONTROL
ADRIAN STERCA
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Abstract. This extended abstract describes a media-friendly congestion control
algorithm suited for multimedia streaming in best-effort networks. The transmission rate computed by this algorithm follows the shape of the transmission rate
of a TCP-friendly congestion control, but it considers also the distortion it would
create in the stream perceived by the receiver. Based on this predicted distortion, the media-friendly congestion control algorithm alters the TCP-friendly
transmission rate so that it minimizes this distortion.

1. Introduction
The multimedia traffic in the Internet has increased in the latest years. This
increase was boosted by the rise of bittorent and peer-to-peer file sharing applications.
Multimedia streaming applications, as opposed to file transfer applications, have great
bandwidth demands and strict real-time requirements, demands which do not coexist
well with the best-effort nature of the Internet that does not offer any QoS guarantees.
Due to these expectations of multimedia streaming, it is of paramount importance
for the stability of the network that this type of applications perform congestion
control. However, traditional congestion control performed by TCP’s AIMD (i.e.
Additive Increase Multiplicative Decrease) is not suitable for multimedia streaming
because of transmission rate fluctuations incurred and because of delays incurred by
retransmissions. TFRC (i.e. TCP-Friendly Rate Control) [1, 2] alleviates to some
extent the problems of TCP’s AIMD by smoothing out the transmission rate, so that
in the long term it has a throughput approximately equal to the throughput of a TCP
flow in the same network conditions. The TCP-Friendly Rate Control is a rate-based
congestion control that has two main components: the throughput function and the
WALI (i.e., Weighted Average Loss Intervals) mechanism for computing the loss rate.
The throughput function is the throughput equation of a TCP-Reno source [3]:
s
q
(1)
X(p) = q
,
3p
2)
+
t
(3
)p(1
+
32p
R 2p
RT
O
3
8
2000 Mathematics Subject Classification. 90B18, 68M20.
Key words and phrases. media-friendly congestion control, TCP-friendly congestion control, multimedia streaming.
c
°2009
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where X is the sending rate in bytes/sec, s is the packet size, R is the round-trip
time (RTT), p is the steady-state loss event rate and tRT O = 4 ∗ R is the TCP
retransmit timeout value. This throughput function is behind TCP-friendliness of
TFRC. WALI, the mechanism for computing the loss rate as a weighted average of
the last 8 loss intervals, is responsible for the smoothness of throughput. However,
although smooth congestion controls improve the delivery of multimedia streams,
they are not the optimal solution, because they don’t take into consideration media
characteristics of the stream (i.e. they are not media-friendly).
2. Media-friendly and TCP-friendly Congestion Control
The work presented in this extended abstract builds upon our previous work in
media-friendly and TCP-friendly congestion controls for multimedia streaming [4, 5].
More specifically, we are considering the UTFRC (Utility-driven TCP-Friendly Rate
Control ) media-friendly congestion control. By the name UTFRC (Utility-driven
TCP-Friendly Rate Control ) we refer to a congestion control which computes the
transmission rate in the following way:
(2)

XU T F RC (t) = U (q(t)) ∗ XT F RC (t)

where t is time, XT F RC (t) is the transmission rate computed by TFRC at time t using
Eq. 1, U (q(t)) is a utility function (i.e. a media-friendly function) which is increasing
with respect to q(t) and q(t) is an n-dimensional function giving the values of various
media characteristics over time:
q(t) = (m1 , m2 , .., mn )(t)
where t is time and each of m1 (t), m2 (t), .., mn (t) is a function that measures one
media characteristic like bitrate, PSNR value, client buffer fill level etc. The function U (q) embodies the usefulness of increasing TFRC’s throughput above the rate
computed with Eq. 1 to the streaming application.
3. Distortion-based Media-friendly Congestion Control
The main contribution of this extended abstract is to define a media-friendly
function, U (q(t)), which includes the signal power of each frame from the video stream.
In order to obtain the signal energy (i.e. power) contained in each video frame, we
compute off-line for each frame the distortion induced in the perceived stream by not
delivering that specific frame. In order to quantify the distortion we use a simple Mean
Squared Error (MSE) metric. After we have computed the signal energy contained
in each video frame, we compute using these values an average signal energy across
the whole video stream. All these computations are done off-line. Then, during
streaming, whenever UTFRC updates its transmission rate (i.e. once per RTT or
when a loss event is detected, whichever comes first), it uses for the media-friendly
function a value greater than 1 if the signal energy of the current streaming second
is above average (i.e. the distortion is above average) or a value smaller than 1 if the
signal energy of the current streaming second is below average (i.e. the distortion is
below average).
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This way, the transmission rate of UTFRC will also track the signal energy distribution of the video stream (i.e. UTFRC is media-friendly).
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WEB ANALYTICS FOR EDUCATIONAL CONTENT
SANDA DRAGOS(1) AND RADU DRAGOS

(2)

Abstract. Web Analytics helps you to evaluate the performance of your Website. It is a series of techniques used to assess online the behavior of visitors in
order to understand and optimize Web usage.
Although there is an abundance of tools performing Web analytics they are
usually oriented on business and e-commerce traffic analysis. This paper proposes
a Web analytics instrument that assesses traffic on sites with educational content.

The educational content sites (i.e., Google Scholar [2] and CiteSeer [1]) demonstrated their utility through their widespread use. However, like most E-learning systems today, they focus on the technology aspect with apparently lesser efforts spent
on developing a system that can be tailored and adapted to individual learners [4].
Paper [7] proposes a theoretical framework of Web analytics that offers a better
understanding of online teaching and learning.
1. Web Analytics
Web analytics is the measurement, collection, analysis and reporting of Internet
data for purposes of understanding and optimizing Web usage [3].
There are two main technological approaches to collect data for Web analytics
instruments. The first method, logfile analysis, reads the logfiles in which the Web
server records all its transactions. The second method, page tagging, uses JavaScript
on each page to notify a third-party server when a page is rendered by a Web browser.
Both collect data that can be processed to produce Web traffic reports.
The Web server log maintains a history of page requests. The World Wide Web
Consortium (W3C) maintains a standard format [8] for Web server log files. They
contain information about the request, including client IP address, request date/time,
page requested, HTTP code, bytes served, user agent and referrer. These files are
usually not accessible to general Internet users, only to the Webmaster or other administrative person.
2. Our Proposal
The idea of this new line of research started from two existing instruments: an
E-learning tool, called PULSE [5, 6] and a Web analytics instrument. The latter is a
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PHP statistics tool that gathers site-usage information into a MySQL database and
creates analysis such as yearly, monthly, weekly, daily and hourly statistics on the
number of hits, the number of visits, the number of pages and the number of sites.
Such overall statistics over three years are depicted in Figure 1. All these results are
also given in table format.

Figure 1. Generated Traffic

(a) The top of Operating Systems and Browsers from the collected
User Agents

(b) The top of resolutions and resolution ratios

Figure 2. Sample of Web analytics results
There are also generated lists of:
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hostnames that accessed the site: A list is provided with all hostnames corresponding to the host IPs that accessed the site. The list is ordered in a
decreasing order by the number of hits from each hostname. There are also
provided three more lists with Top Internet Domains (i.e., edu, net, com), second level domains (i.e., ubbcluj.ro, googlebot.com, rdsnet.ro), and third level
domains (i.e., search.msn.com, crawl.yahoo.net, staff.ubbcluj.ro). These statistics offer us a view on who is visiting the site in terms of geographic location
(e.g., ro, ie, de, it) or the searching engines they used (e.g., googlebot.com,
search.msn.com, crawl.yahoo.net).
pages that were accessed: The list of pages offers us a view on the most
”interesting” pages on the site.
user agents used: The most important statistics collected from user agents are
the operating systems used by the visitors and their browser type and version.
A sample of such lists is presented in Figure 2(a). The operating systems can
indicate the device used to access the site. For instance ”Windows CE” (the
last line on Figure 2(a)) is used by minimalistic computers and embedded
systems such as personal digital assistants (PDAs) or mobile phones. User
agents can also indicate if a visitor arrived at the site through search engines.
As presented in Figure 2(a) the largest amount of traffic is coming from search
engines such as Google, Yahoo, and MSN.
referrers: Is another way of determining where people are visiting from, as a
referrer is the URL of a previous item which led to this request. Referrers
can be local pages (a page within the site) or an external page (which can
again be a search engine). Statistics on local referrers can help content site
optimization by determining which content areas have the most affinity.
resolutions: As the operating system, resolution can indicate the device used.
Out of the three fundamental questions (Who?, What? and Why?) our current
Web analytics instrument answers the first two. It determines who is visiting the
site and what they are looking for. The most important question remains ‘Why?’.
We are working to extend this Web analytics tool to answer this last question, more
specifically: Why doesn’t one student ever visit the site? Why does another student
visit it twice a day? Is the material helpful? What material is the most helpful?
From current statistics results that PULSE is helpful as it recorded around 3000
hits within last month. However, our goal is to obtain more meaningful statistics by
implementing the two following strategies:
Visitor segmentation: Segmentation isolates the behavior of certain types of
online visitors. By using PULSE’s log-in phase, individual student’s site accesses can be located within collected data. Thus, segmentation can be performed based on demographics such as gender, year of study, line of study,
marks.
Despite the fact that each person’s learning requirements may be different,
there are often wide areas of overlap between individuals that can be mutually
beneficial. Similarity in learning needs defining functional communities of
learners.
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Testing and experimentation: By using slight variations, it is possible to
determine which minor differences make the biggest difference. The same
content presented in different format (e.g., text versus graphical/multimedia,
pdf versus presentation) can have a different impact on students/visitors.
3. Conclusion
There are many ways to monitor user activity beyond the capabilities of a generic
statistics package. Most Web analytics instruments are driven by commercial interests, namely, the tracking of online customers behavior. There are some similarities
between online customers and online students as they both search for information.
However, purchasing is a much simpler act than learning. This paper proposes a
framework that extends the existing tool to assess per student behavior on our ELearning instrument called PULSE.
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NODE RANKING IN A DYNAMIC DISTRIBUTED VIDEO
PROXY-CACHING SYSTEM
CLAUDIU COBÂRZAN(1)
Abstract. A new ranking mechanism for the nodes that form a distributed video
proxy-caching system is introduced. This mechanism is intended to help regulate
the number of active nodes depending on a number of conditions (client request
volume, available computing and storage resources etc.) while considering and
differentiating between data served from different sources (local repository, active
siblings, origin servers).

1. Introduction
The volume increase of multimedia data on the Internet together with its continuous growing popularity has lead to several approaches which aim both at ensuring
easy access for clients demanding such data and the intelligent use of available resources. One such approach is to deploy one or more proxy-caches which ensures well
known and desirable benefits: increased data availability, reduced latency, reduced
bandwidth consumption.
The solution we propose is based on multiple proxy-caches which interact in
a local area network. Various operations within such a system require a ranking
mechanisms for the participating nodes. The current paper makes an overview of
the system proposed in [1] and further developed in [2], presents its components and
refines the ranking mechanism initially introduced in [2].
2. Overview of the Proxy-Caching System
In [1] and [2] we have introduced a video proxy-caching system which starts from
a single proxy-caching node but later on can add/remove caching nodes depending
on a number of factors like the volume and frequency of client requests, the network
conditions and available computing and storage resources.
It makes use of two entities: the dispatcher which runs on the proxy-caching
node(s) and the daemon which runs on the rest of the nodes within the LAN - the
ones which could be used for hosting one new proxy-cache sometime in the future.
Whenever necessary (see [1]), the dispatcher(s) use the running daemon(s) to start
a new proxy-cache, by transferring needed code and possibly data. Besides its role
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in the expansion of the system, the daemons act as a second level on-node proxycache which forwards local client requests to one of the running, dispatcher served,
proxy-caches.
Internet

LAN

proxy−cache

dispatcher
proxy−cache

proxy−cache

dispatcher

dispatcher

client

client

daemon

client

client

client

daemon

Figure 1. The proxy-caching system: dispatchers and daemons cooperating
The system was further refined in [4] and [3] by using genetic algorithms for
deciding the values of the coefficients used when computing the utility values of the
cached objects. Those coefficients are used to weight different characteristics of the
stored data like the size, the number of requests, the moment of the last request etc.
The utility values are extremely important since they are used when deciding which
objects get discarded, replicated or moved within the system.
The goal was to determine the coefficients in such a manner that the overall
byte-hit ratio of the systems is maximal.
3. Node Ranking
In [2] we have introduced a ranking mechanism for the caching nodes participating in a system like the one described in Section 2. This is intended to play
an important part in the dynamics of the proposed distributed proxy-cache, since
nodes are leaving the system (through the hibernate or shut down operations - see [1]
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and [2]) according to their rank. When the existing clients can be serviced by fewer
caching nodes then the ones active, the node(s) with the smallest rank should be put
in hibernation. The ranking of those nodes continues until they are shut down, so
that in situations when a new proxy-caching node is needed (as a result of a split
operation), the hibernating node(s) with the largest rank could become active again.
The idea behind the ranking system in [2] is to provide a way of rewarding the
nodes that have served the largest amount of data while also considering the moment
in time when the last request has been serviced. We intend to refine this mechanism
at node level, more exactly we want to distinguish between data coming from cache
hits, siblings hits (requests serviced by other participating caching nodes) and server
delivered data. This is because the system’s performance equally depends on each
caching node’s performance but also on the degree on which they interact with one
another and with data providing servers.
The rank of a caching node Pi ∈ P (P - the set of available proxy-caches, i = 1..k,
1 ≤ k ≤ n, n - the number of nodes in the LAN) is computed as follows:
(1) rank(Pi ) =

hcache × CacheSD(Pi )
CS(Pi ) × (CT − LRT ) × (hsib × SibSD(Pi ) + hser × SerSD(Pi ))

where:
• hcache = the number of requests served with data from the local repository;
• CacheSD(Pi ) = the amount of data, measured in kilobytes, that has been
served by the proxy-cache Pi ∈ P from the local repository;
• CS(Pi ) = the maximal amount of data, measured in kilobytes, that can be
stored by Pi ;
• CT = the current time;
• LRT = the last moment in time when a client’s request has been serviced
(CT > LRT );
• hsib = the number of requests served with data relayed from siblings;
• SiblingsSD(Pi ) = the amount of data, measured in kilobytes, the proxy-cache
Pi ∈ P has relayed from its siblings;
• hser = the number of requests served with data relayed from origin servers;
• ServerSD(Pi ) = the amount of data, measured in kilobytes, the proxy-cache
Pi ∈ P has relayed from origin servers.
The formula is intended to assign the largest ranking values to nodes serving the
largest amount of data from within the local repository when reported to the amount
of data served from siblings or origin servers.
We can assume that ranking information is exchanged between active proxy-cache
periodically (e.g. when the siblings are sending digests of their cache content).
4. Experiments and evaluation
The evaluation part will focus on the influence of the hibernate and shut down
operations on the overall performance of the system (measured considering byte-hit
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rate as metric) when using the ranking formula in [2] as well as the newly proposed
one (see (1)).
5. Conclusions and Future Work
The paper introduces a new way of ranking the nodes of a dynamic distributed
video proxy-caching system. The idea is to differentiate between served data coming from different sources: local repository, active siblings, origin servers, while also
considering the moment in time the last request has been serviced.
References
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BBUFS: ARCHITECTURE OVERVIEW
DAN COJOCAR

Abstract. BBUFs (Babeş Bolyai University File System) is a peer to peer distributed file system designed to span wide areas and provide continuous access to
persistent information. The file system is designed for ordinary Unix machines
that are IPv6 capable. In this paper we present an architecture overview of the
system. A prototype implementation is currently under development.

1. Introduction
We have witnessed during the past decades to a constant growth of information
and performance of computing devices. Based on this evolution we are seeing many
devices used to control and help different aspects of our day to day life. Weiser [6]
in 1991 has envisioned devices that will add intelligence to ordinary objects such as
cars, books and even buildings. But before such a revolution can occur, computer
devices must become reliable and resilient to failures so that they will be transparent
to the average user .
To achieve such a goal we need to persist information, so that when a device
is not responding or failing, another device will be able to replace it or handle our
request. This way the user will not be disturbed. Also using persistent data we are
decoupling the behaviour from the device: the device can be rebooted or replaced and
the behaviour is maintained. Maintaining the same behaviour on multiple devices will
ensure the reliability and scalability [4].
Peer-to-peer systems and applications are distributed systems without any centralized control or hierarchical organization. All nodes from a system have identical
capabilities and responsibilities, and all communication is symmetric. Some of the
features that must be considered in a peer-to-peer system are: redundant storage, permanence, selection of nearby servers, anonymity, search, authentication, hierarchical
naming, and efficient location of data items.
BBUFs is a peer to peer system that is using IPv6 as a network layer to solve the
persisting framework, that will be used on various devices.
The rest of the paper is structured as follows. In Section 2 we briefly present
an overview of the system, and in Section 3 we present some possible applications
that may use our implementation. More details about the system architecture are
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presented in Section 4. In Section 5 we are presenting the status of our prototype.
Some conclusions and further work are given in Section 6.
2. System Overview
In this section we provide a brief overview of the decisions that we made when
we started to implement the prototype. Details on the individual components are
presented in Section 4.
Our fundamental unit is BBUMeta, all our objects are instances of classes that
are derived from BBUMeta (as shown in Figure 1) [2]. More details about our internal
objects are present in Section 4.
In BBUFs each shared directory is
stored and replicated on multiple nodes.
The replication process provides some
advantages like:
• availability - with each replica of
a directory the chances to loose
a file are decreasing.
• scalability - we are able to serve
more clients concurrently with
more replicas.
• fault tolerant - the system will
tolerate the failures that a device
could encounter.

Figure
1. Metadata
class diagram.

3. Applications
In this section we present some classes of applications that we think that could
be build easily using the BBUFs system and that will have more advantages instead
of building them in isolation.
One class of such applications are the medical applications where the patient is
visiting different healthcare institutions in different places. A patient medical record
will be a shared resource among them. Medical personnel can view and even modify his record concurrently. Even more, the doctors need to see the modifications
in realtime, or almost realtime. Using the update and background synchronization
mechanism offered by BBUFs many of these problems are already solved.
Another class of applications that will scale are the applications in advertising.
Here we need to provide information to a specific target, in BBUFs language for some
specific subnetwork. And the information updates should propagate in each location.
Using BBUFs we can request that a particular shared content to be replicated only
on specific networks.
Finally a backup application that will use BBUFs will easily keep track of files
history because when a file stored, BBUFs will create a new version of that file for each
update operation. The application only has to implement an interface for requesting
files by date or by version.
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4. System Architecture
In this section we describe the technologies that we are using to support the
BBUFs file system. At the base of our system we have the BBUMeta, the superclass
of our objects.
BBUMeta, as presented in Figure 1, is the base class for:
• DirMeta - the metadata object representing directories that are shared by
our file system.
• FileMeta - metadata for representing a file that is shared by our system.
• RefMeta - a reference to an entry that is stored on another node.
BBUMeta and all derived objects are containing at least the following information:
• name - the name of the represented object.
• n - the minimum number of desired replicas that the system will try to maintain.
• hash - the SHA1 hash value [3] of the shared object.
Using these type objects we are building the following mechanisms: lookup, replication, and versioning.
4.1. Lookup. One of the main contributions of BBUFs system is a new lookup mechanism based on IPV6 anycast addressing scheme. Using the IPV6 addressing scheme
approach we eliminate the need of building and maintaining an overlay network structure found in all peer to peer implementations based on Chord or DHash [5]. As a
consequence of using IPV6 addressing scheme we gain the following benefits:
• there is no need to duplicate the routing logic;
• when a new node joins the system we do not have to create data migration
logic (like in DHash);
• the addressing space of IPV6 is considerably larger then IPV4 based implementations;
• using anycast and multicast, the lookup is preformed only on a restricted set
of nodes.
Using the mapping algorithm BBUFsMapper [1] we are binding the directory
name to an IPV6 address. Applying this mapper a client can easily obtain the host
address where is located one of the replicas of the requested content.
4.2. Replication. BBUFs SyncDaemon is a program that is responsible for maintaining data synchronized between nodes [2]. Periodically SyncDaemon performs the
following tasks:
•
•
•
•

Contact all the nodes in its multicast group to check for replicas health.
Call health check routines to verify local shared data.
It determines when to create a new replica.
It initiates a synchronization process when it spots differences of content.
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Using the multicast group, defined in IPv6, we are able to ”talk” only with the
nodes that are sharing the same content. This way we are not overloading our system
with broadcast messages that recipient nodes are not interested.
4.3. Versioning. Using the version field that appear in each persistent object that
our system is handling we are able to track each modification.
The SyncDaemon also notifies the change to other nodes that are in the same
group as the old file, in order to perform update.
5. Prototype Status
Currently we are implementing a prototype that will serve for tests and evaluation.
The system is written in Java, and is running on Unix machines that are IPv6 capable.
We have implemented the lookup mechanism and the SyncDaemon. The result
of the tests that we have made so far have validated our proposal.
6. Conclusions and Further Work
In this paper we have presented the architecture of BBUFs peer to peer distributed
file system. We have described the most important mechanisms of our prototype:
lookup, replication and versioning. Further work still have to be done in the following
directions:
• To compare the performance of our system to other implementations.
• To deal with security concerns that appear in this type of systems.
• To formalize the presented mechanisms.
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CONCEPT PAPER: GENERATING AND ASSESSING TEST
PAPERS COMPLEXITY USING PREDICTIONS IN
EVOLUTIONARY ALGORITHMS
TIBERIU BAN

(1)

1. Introduction
The aim of this paper is to present the theoretical approach to assess the complexity of a given test paper. The rationale behind this is that there are certain
association rules that can be discovered between task types, acting in such way that
if a student is likely to mistake one of the tasks, then we can say with a computable
confidence level that the student will be very likely to mistake the other tasks from
the same rule as well.
At the moment experimental data is still gathered, in order to be able to start
association rule discovery to support this theoretical approach. While completing this
step might take some time if data is to be gathered from regular paper-based testing
used both in high schools and in universities, an online e-learning platform is in the
process of being designed and implemented that would offer the possibility to give
online tests with the results already stored in the database and at the point where
sufficient data exists for each individual student, this platform will be able to predict
each students testing behavior, in order to prepare item tasks targeting the syllabus
area where the student needs attention in order to improve his testing performance.
2. Data Description
This paper briefly presents the data model and the adapted way each test paper
is stored as a transaction in the database. After this step is complete, an association
rule discovery algorithm can be applied, in this case a version of APriori with modified formulae for the support and confidence level. The next step is to define the
complexity level of a test paper as a positive value relative to the maximum score.
The last step is to use an evolutionary algorithm in order to generate test papers (as
collection of task types) that will be as close as possible to a given complexity level.
Lets define a test paper as a set of tasks that can either be correctly solved or
incorrectly solved. Lets call a task incorrectly solved as a mistake. A mistake will be
noted with 0 points and a task correctly solved will be noted with 1 point.
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The main hypothesis this paper is acting upon is that the valid association between mistakes for various tasks exists not because of the tasks themselves, but rather
due to the association of mistakes between the units of information those particular
tasks are assessing. In other words its not the particular task we are interested in,
but the sub unit of the syllabus that task is assessing. Therefore we will only gather
information about the learning unit a particular task is referring to and not the task
itself.
3. Knowledge Discovery Process
In order to discover Association Rules between mistakes belonging to a specific
test paper the APriori algorithm can be used, since all its perquisites are met [2].
Also, the standard definition for the indicators of support and confidence, the way
they are presented in [3] and refined in [1] will be used. Each test paper can be
counted as one transaction, because mistaken tasks are relevant one to the other only
if all these tasks belong to the same test paper. For this reason, we can consider
that recording the mistakes for a given test paper complies with the ACID rule of
transactions: atomicity, consistent, isolation and durability, according to their first
specifications in [5].
However, because of the nature of the problem itself, given the fact that not all
task types are present in test papers for which data has been already gathered, there
might be insufficient data to predict strong association rules for item subsets that
havent all been present in one single test paper. Still, using association rules already
discovered, these can be applied to some extent in order to assess the complexity of
a test paper that has not been presented to the students yet.
Implementing APriori algorithm follows the two major steps, as presented in both
[1] and [4] generation of item subsets with enough support and extracting association
rules from generated subsets. The minimum support level is calculated with respect
to the rationale that only the test papers that contained all task types present in the
given subset should be counted toward the total number of transactions, multiplied
by the number of students that sat for that test, actually the total number of answer
sheets that contained all the task types specified in the given item subset. This step
requires additional passes through the database and needs improvement in the future.
4. Complexity computation
After having discovered enough association rules that pass the selected threshold
of confidence, there is enough data to compute a value of the complexity for any given
test paper. This value will be described in this section and will be used in order to
assess the number of tasks that are likely to be mistaken by a single student, to the
largest extent. In other words, in a worst case scenario, how many mistaken tasks is
one generic student going to have in that particular test paper.
This value will be determined by searching for the largest subset of items (tasks)
that are part of an association rule, with respect to the rationale that should a student
mistake one of the items (tasks) from that items subset, the student is likely (with a
probability equal to the confidence level of the association rule used) to mistake all
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the other tasks from the given subset. Moreover, if the tasks can be divided in several
sets, each set being subject to an association rule, then each of these association rules
can act independent.
In general, if the total number of tasks NR from a test paper can be divided
in nr disjoint item subsets (S1 , S2 , . . . Snr ), having (n1 , n2 , . . . , nk ) items each, each
item subsets being subject to an association rule with the respective confidence level
(conf1 , conf2 , . . . , confnr ), the average percent of points lost by students (from mistaking all these tasks) will be:
nr
X

Complexity =

ni · confi

i=1

NR
Should several ways of dividing the items (tasks) into disjoint item subsets exist
and can be singled out without too much computation effort, at a theoretical level we
could consider the average values computed for Complexity of the test paper.
Later on in the primary data gathering, when there is enough data for a specific
student in order to be representative for the students behavior when sitting for a test
paper, the above computed level of complexity can be altered. If enough data exists
in order to compute the confidence level for the association rules used in computing
the complexity of the test paper based only on the transactions recorded from that
particulars student test paper behavior, then the above formula can be altered. This
is one point for future extensions of this theory.
5. Generating Test Papers through the use of a Evolutionary
Algorithm
After being able to assess the complexity level of a test paper using the above
stated formula, the next step is to use this in generating test papers that would
cover all possible task types (as a final evaluation test paper) with a specified number
of tasks NR (therefore the maximum score being NR), and that would have the
complexity level as close as possible to a given level Desired Complexity.
This is easily achieved by using an evolutionary algorithm that would generate
a population of candidates over a number of evolution cycles until either a desired
complexity level is achieved (by an error of a given threshold), or a specified number
of evolution cycles is computed. The fitness function used in order to select the fittest
candidate in each passing will be as follows:
F itness(Candidate) = |Desired Complexity−Complexity(Candidate)|
When deciding upon keeping one candidate C1 over another candidate C2 in the
next evolution cycle, the fitness function should be Fitness(C1 ) < Fitness(C2 ). The
goal is to minimize the Fitness function as close to zero as possible.
6. Future extensions
The theoretical approach presented in this paper has some future development
directions already pointed out through out this paper.
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For the sake of simplifying the theoretical model of a test paper, each task that is
part of a given test paper was considered being worth 1 point. In real life this is often
not the case, so the formula for complexity should be able to be scaled according to
the number of points of all tasks that are involved in the association rule.
Another assumption that has been made in order to simplify the theoretical model
was that for each test, all the students were present. Most of the times this is not the
case for some test papers, therefore the model should be adapted in order to correctly
compute the support level for a given item (task type) subset.
A third future development direction can be outlined at the moment where enough
data is gathered for each individual student. In that particular case, the complexity of
the paper can be computed taking into consideration the confidence level of association
rules singled out from the transactions that describe that particular students behavior
when sitting for a test paper.
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BBUFS: REPLICATION STRATEGIES
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Abstract. BBUFs (Babeş Bolyai University File System) is a peer to peer distributed file system designed to provide fault tolerant shared content and quality
of service for its clients. The file system is designed for ordinary Unix machines
that are IPv6 capable. In this paper we present our proposal for enhancing the
replicating process using different strategies.

1. Introduction
Peer to peer file systems are distributed systems without any centralized control
or hierarchical organization [2]. In BBUFs each node is independent and is having
identical capabilities and responsibilities [10].
Data replication is a technique used primary for the following reasons:
• redundancy - we need our system to be fault tolerant.
• performance - we need to load balance the requests to our nodes.
Among the advantages that the replication is offering we notice:
• low latency - by creating a new replica closer to user the system will provide
better response times, resulting in a low latency.
• low bandwidth - this is also a direct consequence of our decentralized system,
the client is able to talk directly to the node that is serving our content.
• improved reliability - by making copies of the content we do not risk of not
being able to serve a client, if some of our nodes are failing.
BBUFs SyncDaemon [6] is capable of replicating shared content on different
nodes. Until now the replication process was pretty simple: based on the desired
number of copies that a shared directory was requesting, the SyncDaemon triggers a
new replica, if the existing number of copies is below the requested number.
Using this technique SyncDaemon is ensuring that our system will maintain at
least the requested number of copies.
In this paper we present the modifications that we made to our internal object
and to the SyncDaemon to be able to create replicas for our shared content more
efficiently.
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The rest of the paper is structured as follows. In Section 2 we present some related
work. In Section 3 we present our proposal and some advantages and disadvantages.
Some conclusions and further work are given in Section 4.
2. Related Work
There are many peer to peer file systems that are replicating data, however most
of the work has focused on creating, deleting the replicas [4, 3, 7, 9, 11]. Also there
are results for strategies that are optimizing replications for systems that are mapped
on network with topologies like: tree and ring etc [1, 8].
In [12], Wu et. al present proportional share replication, a heuristic approach,
however the algorithm does not guarantee to find optimal placement.
In BBUFs, using the group information that each node is aware [5], and information like: from where is shared content requested most often we are able to establish
exactly the subnetwork where we should create a new replica.
3. Proposal
Using the information from BBUMeta [6], the fundamental object in BBUFs
system, we are able to determine how many copies each shared content is requesting
to our distributed system to maintain.
In BBUFs for each client request, among other information, the system will store
the following information:
• client location - the IPV6 Internet address of the client that has made the
request.
• requested content - the name of the shared content requested by the client.
• request time - the time and date of the request.
• response status - what was the response status for the specified request.
3.1. Replication based on access counters. Using the above information the
system periodically will update the metadata of our shared content, with information
like the following:
• access no - the number of successful request that the node been served.
• last access time - when was the last time when someone has requested this
content.
We have modified our version of SyncDaemon to watch over the access counter
field: access no too. When this field will grow over a configured threshold value,
configured by our file system administrator or the node administrator, the daemon
will initialize a new replica. Using log information like client location will establish
the subnetwork from where most of the queries are coming from and will trigger a
replica there.
3.2. Replication based on weights. Our clients or system administrators can enable Adaptive replication using weights. If for a BBUMeta object we have configured
this property,
then the system will perform the following steps:
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1. For each such shared directory,
eg. Figure 1a, using log information we
will compute the weight of a branch in
our tree, eg. p1 will be the weight of the
directory d2 in relation to directory d1,
see Figure 1b and p2 the weight for d3.
2. Using requested content and access no the system will compute the
weight. Periodically the weights are upFigure 1. Directory tree
dated based on log history.
with weights on branches.
3. When the system needs to perform a replica for shared directories like d1, using the weights on branches will trigger
replicas for shared content like d2, see Figure 1c, if for example the p1 is greater then
0.5.
Using weights the system can also performs bulk replications. Instead of transferring small directories, eg. only d1 and then d2, using the knowledge that d2 is
likely to be requested after d1 has been requested, the system will pack together the
content of d1 and d2 and will transfer them in one replication process.
3.3. Advantages and Disadvantages. Using strategies like Replication based on
access counters and Replication based on weights our SyncDaemon has the following
advantages:
• Will be able to create more replicas in the same subnetwork if that shared
content is requested by many concurrent clients of that subnetwork. As a
consequence of this the system will load balance the queries to more nodes
resulting in better response times to our clients and low bandwidth requirements per node.
• When our mobile clients start to access their dates from new locations, the
system will trigger replicas in that location, and using weights will replicate
all his most used data, resulting in better response times to our mobile clients
on further requests.
• Using bulk replications will speed the replication process, and the nodes will
have more time to serve our clients.
An disadvantage of using the above strategies is that the system will maintain a
great number of replicas. The nodes are solving this, because when one node is low on
space, using maintenance messages will establish if there are another nodes that have
valid replicas. On successful response will perform delete operations on local replicas
that are unused for some specified time, here we are using the last access time field
from our metadata[6].
4. Conclusions and Further Work
In this paper we have presented some strategies that will enhance our system
to perform location aware and smart replication using access counters and weights.
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Using these strategies our system is able to offer quality of service to our clients and
unload our busy nodes. Further work still have to be done in the following directions:
• Evaluate the performance of the replication system using different strategies.
• Compare the performance of our replication system to other existing implementations.
• Enhance the replication using other log information like location history of
our mobile clients, etc.
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NEW DATA MINING TECHNIQUES FOR MACROFLOWS
DELIMITATION IN CONGESTION CONTROL MANAGEMENT
DARIUS BUFNEA

(1)

Abstract. State of the art approaches in Internet congestion control suggest the
collaboration between streams in a so called macroflow, instead of the current
approach, where streams compete with each other for scarce bandwidth. However, the macroflows granularity follows a simple approach, a macroflow being
constructed on host pair bases. This paper presents new data mining techniques
for grouping flows into macroflows based on their similar behavior over time.

1. Introduction
We are proposing in this paper a new method for grouping flows into macroflows
based on their similar behavior. This paper generalizes and puts in a common template the methods suggested by the author in [2] and in [3], revealing that most state
variables maintained inside the TCP/IP stack of a sender can be used in a similar
fashion for macroflows identification. Also, we complement from a sender’s perspective, the method designed to be implemented inside a receiver stack suggested in [4].
The advantage is a finer macroflow granularity which can be extended to all flows
that share the same source LAN and the same destination LAN or even to the flows
that share the same network bottleneck.
2. Formal Models
Our model is built around a highly accessed upload server (TCP sender) that
maintains continuous data flows towards its clients. The goal is to infer in the incoming connection subsets containing connections having a similar behavior over time. A
Congestion Manager running inside the TCP/IP stack of our upload server will treat
such an inferred subset as a macroflow. We denote by S the upload server itself or
its Internet IP address. Each incoming connection from a client is identified by a pair
(CIP :Cport ) where CIP is the client IP’s address and Cport is the client used port
for the outgoing connection. During a connection life time, server S will periodically
measure and store values of some state variables such as the congestion window’s size
or the round trip time.
Round Trip Time Vectors. From the point of view of the upload server S, the
2000 Mathematics Subject Classification. 68M14, 90B18, 90B20.
Key words and phrases. congestion control, macroflow.
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incoming connection f = (CIP : Cport ) during the time interval (tb , te ) is described by
the Round Trip Time (RTT) vector V = (r1 , r2 , . . . , rk ) where: (tb , te ) ⊆ (CIP : Cport )
connection’s life time; ∆t is the interval between two consecutive measurements;
k = (te − tb )/∆t; ri is the RTT value measured at the tb + ∆t ∗ (i − 1) time moment.
We say that the RTT vector associated to a connection describes the connection’s
behavior. For two connections f1 and f2 coming from the same client or LAN the
RTT values measured at the same moment in time are quasi-identical. Therefore,
their associated RTT vectors during the same time interval are also quasi-identical.
This means that f1 and f2 manifest a similar behavior, which justifies their placement
in the same macroflow.
Congestion Window Size Vectors. From the point of view of the upload server S,
the incoming connection f =(CIP : Cport ) during the time interval (tb , te ) is described
by the Congestion Window Size (CWnd) vector V = (r1 , r2 , . . . , rk ) where: (tb , te ) ∈
(CIP : Cport ) connection’s life time; ∆t is a fixed time interval; k = (te − tb )/∆t;
ri = 0 if the congestion window size decreased at least once during the time interval
Ti = [tb +∆t∗(i−1), tb +∆t∗i), and ri = 1 otherwise (e.g. the congestion window size
increased or remained constant during that time interval), 1 ≤ i ≤ k. For a connection f , the congestion window size represents its own estimation about the network’s
available transport capacity. A decrease of the congestion window size occurs when a
congestion situation appears along the network path from S towards the destination
host. If, during a larger time interval, the congestion window size decreases for two
connections f1 and f2 in approximately the same time this means that congestion
happens for both of them together, in the same moments. So it is very likely that
these two connections share a bottleneck. For this reasons, it is justified to place f1
and f2 in the same macroflow.
Similarity and Distance Measures in the RTT Vector Space. We associated
to a connection an RTT vector describing its behavior. The RTT vector reflects the
RTT temporal evolution of that flow. Two connections will be considered more similar as they are more linearly correlated. A statistical measure for the linear correlation
1
1
of two vectors is the Pearson coefficient. Given two connections, f1 = (CIP
: Cport
)
2
2
and f2 = (CIP : Cport ) measured during the time interval (tb , te ) and their associated
RTT vectors V1 = (r11 , r12 , . . . , r1k ) and V2 = (r21 , r22 , . . . , r2k ), the Pearson correlak
P

tion coefficient of f1 and f2 is defined as: P (V1 , V2 ) =

(r1i −r1 )·(r2i −r2 )
vÃ
!Ã
!,
u
k
k
u P
P
t
(r1i −r1 )2
(r2i −r2 )2
i=1

i=1

i=1

where r1 and r2 are the mean values of V1 and V2 . The similarity measure we use for
2 )+1
. For differentiating conneccomparing connections will be: P (V1 , V2 ) = P (V1 ,V
2
tions the distance function is defined by: dP (V1 , V2 ) = 1 − P (V1 , V2 ).
Similarity and Distance Measures in the CWnd Vector Space. This section will reveal the distance and the similarity measures used in clustering process in the CWnd vector space. A Cwnd vector reflects the Cwnd timely evolution of that flow. Two connections will be considered more similar as they meet
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congestion together more often. We express next the similarity of two given con1
1
2
2
nections, f1 = (CIP
: Cport
) and f2 = (CIP
: Cport
) measured during the time
interval (tb , te ), in terms of their associated CWnd vectors V1 = (r11 , r12 , . . . , r1k ) and
V2 = (r21 , r22 , . . . , r2k ).
Definition 1. Given a radius step, which is an integer number, 0 ≤ step ≤ k, and a
time interval Ti = [tb + ∆t ∗ (i − 1), tb + ∆t ∗ i), 1 ≤ i ≤ k we call f1 and f2 :
a) Congestion Neighbors on interval Ti iif either: r1i = r2i = 0, which means that
during Ti both streams faced congestion or r1i 6= r2i and ∃d ∈ {1, 2} so that rdi = 0
and ∃j, max{1, i − step} ≤ j ≤ min{k, i + step} so that r3−d,j = 0.
b) Congestion Disassociated on interval Ti iif r1i 6= r2i and rdi = 0, d ∈ {0, 1} and
not ∃ j, max{1, i − step} ≤ j ≤ min{k, i + step} so that r1−d,j = 0.
Definition 2. Given a radius step, which is an integer number, 0 ≤ step << k we
define for f1 and f2 the following sets:
a) CN (V1 , V2 ) = {i | f1 and f2 are Congestion Neighbors on Ti , i = 1..k};
b) CD(V1 , V2 ) = {i | f1 and f2 are Congestion Disassociated on Ti , i = 1..k}.
Given a radius step,
( 0 ≤ step << k, the congestion similarity coefficient of f1 and f2
|CN (V1 ,V2 )|−|CD(V1 ,V2 )|
|CN (V1 ,V2 )|+|CD(V1 ,V2 )| , if |CN (V1 , V2 )| + |CD(V1 , V2 )| ≥ 0, . For
is CS(V1 , V2 ) =
0, otherwise
differentiating connections the congestion distance function is defined by: dC (V1 , V2 ) =
1−CS(V1 ,V2 )
.
2
3. Macroflows identification using clustering techniques
Let F = {f1 , f2 , . . . , fn } be the set of all incoming concurrent connections served
by S. For the (tb , te ) time interval, the server will take samples of the state variables
values that we choose to describe a flow’s behavior. Function of the chosen state variables, we will use the corresponding distance and similarity measures. For the (tb , te )
time interval, we consider the measured RTT or CWnd vectors V = {V1 , V2 , . . . , Vn },
i
i
where Vi is the vector associated to the fi connection, fi = (CIP
: Cport
), Vi =
(ri1 , ri2 , . . . , rik ), i = 1..n. We use an agglomerative hierarchical clustering algorithm
[1] for grouping in macroflows the concurrent connections described by similar cwnd
vectors. This bottom-up strategy starts by placing each connection in its own cluster (macroflow) and then merges these atomic clusters into larger and larger clusters
(macroflows) until a termination condition is satisfied. At each iteration, the closest
two clusters (macroflows) are identified. The distance between two clusters Mi and
Mj is considered to be the maximum distance of any pair of objects in the cartezian
product Mi × Mj . If the distance between these two closest clusters does not exceed a
given threshold thr max dist, we merge them and the algorithm continues by a new
iteration. Otherwise, the algorithm stops.
Algorithm M acrof lowIdentif ication is:
Input: n, the number of concurrent connection at server S;
F = {f1 , f2 , . . . , fn } the set of concurrent connection at S;
V = {V1 , V2 , . . . , Vn }, Vi = (ri1 , ri2 , . . . , rik ), i = 1..n, the vectors associated to the connections;
thr max dist, the maximal distance threshold for two connections to be admitted in the same
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macroflow.
Output: m, the number of macroflows inferred in the concurrent connections set;
M = {M1 , . . . , Mm }, the inferred macroflows, where
m
S
Mi 6= φ, i = 1..m,
Mi = F , Mi ∩ Mj = φ, i, j = 1..m, i 6= j.
i=1

m := n; M := φ;
For i:= 1 to m do Mi := {fi }; M := M ∪ {Mi }; End For;
While (m > 1) and ( Continue (M , thr max dist, Mmerge1 , Mmerge2 ) == true) do
Mnew := Mmerge1 ∪ Mmerge2 ;
M := M − {Mmerge1 , Mmerge2 } ∪ {Mnew };
m := m-1;
End While;
End Algorithm.
Function Continue (M the set of current macroflows, thr max dist, out Mmerge1 , out Mmerge2 ):boolean
is
min dist := ∞;
For each Mi ∈ M
For each Mj ∈ M, Mj 6= Mi
dist(Mi , Mj ) = max{d(vr , vt )|fr ∈ Mi , ft ∈ Mj };
If dist(Mi , Mj ) < min dist
min dist := dist(Mi , Mj ); Mmerge1 := Mi ; Mmerge2 := Mj ;
End If;
End For;
End For;
If min dist < thr max dist Return True; Else Return False; End If;
End Function.

Function Continue determines the closest two clusters from the clusters set M .
It will return true if these clusters are closer than thr max dist and false otherwise.
For d(vr , vt ) we will use either dC (vr , vt ) or dP (vr , vt ), function of the chosen state
variable.
4. Conclusions and Future Work
We suggested in this paper a data model for extending the macroflow granularity
outside of the host-pair approach. Our method will prove its advantages in a Congestion Manager framework. As future work we plan to explore the use of different
similarity measures and other state variables to compare the timely evolution of the
connections being analyzed.
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HYPERGRAPHDB – A PEER TO PEER DATABASE SYSTEM
COSTA CIPRIAN(1)
Abstract. HypergraphDB [3] is an open source project that uses BerkleyDB in
order to implement a hypergraph based database management system. Because
of the arbitrary level of complexity supported by hypergraphs, it is a very good
approach to manage structure reach information. This paper presents a summary the efforts to implement a distributed version of this DBMS, with accents
on the choice of technologies and the availability/consistency guarantees. Most of
the implementation was done during my participation to the Google SummerOfCode2008 project [12], where the HGDB project participated as part of the SIAI
(Singularity Institute for Artificial Intelligence).

The increased size of the data that needs to be stored and processed is forcing
the limits of existing paradigms for databases. Recent developments have proved that
alternatives are being searched, even at the cost of not having ACID transactions ([9],
[6]).
When faced with large databases, the standard response in industry is to distribute the database on multiple computers and, depending on the access patterns,
spread the load across the entire range of databases. Most of the standard industry
approaches limit the writes to only one of those databases or use 2-phase-commit to
update all the databases at once and make sure that consistency is ensured. However,
such approaches quickly become useless when dealing with large amounts of data ([8],
[7]), so a more flexible approach is required, with a more relaxed consistency model.
For HypergraphDB we chose a peer-to-peer model that encapsulates horizontal
partitioning. Each node of the network will have its own set of data and will collaborate with neighboring peers in order to update its state and the state of its peers.
Each peer guarantees that it will make a best effort to synchronize with the other
peers and that it will eventually reach a consistent state.
1. Technologies and General system description
For the peer-to-peer network implementation we used JXTA [4] because of its
capabilities to hide the physical network topology and virtually make all nodes be at
the same distance from one another (for example, JXTA can manage communication
between two computers that are both behind a firewall). However, the project is
2000 Mathematics Subject Classification. 68P15, 68M14.
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not tightly coupled with this technology, so it is relatively easy to replace it with
something else.
Another important decision to be made was the style in which the conversations between peers were to be implemented. We opted not to use a client-server
approach because this would impose hierarchies that we see as limiting for scaling the
application and also raise problems related to availability guarantees. So the all the
conversations are based on FIPA (Foundation for Intelligent Physical Agents) standards, especially the communicative act library [2] and the ACL message structure
[1] specifications.
2. Algorithms
The general principles the communication is built upon are:
(1) All communication is done asynchronously.
(2) Peers do not control each other, but each peer should be implemented so that
it maximizes the output of the system. Workers should actually compete for
jobs instead of clients competing for resources.
It is possible for an action to affect atoms on more than one peer and, as such,
the problem of consistency is of actuality. Lets call all actions that affect the state of
the atoms in a database ”write actions”. Given the design of our system we have the
following requirements for the consistency implementations:
(1) Must be asynchronous. In database terminology we distinguish between eager
and lazy propagation of write actions (eager propagates write actions within
the scope of the transaction while lazy allows a transaction to commit locally
and then the change is propagated in the system). HGDB should use lazy
propagation.
(2) Must make a compromise between consistency and assumptions on the delivery order of the messages. We can not rely on the fact that group communication ensures a total ordering on all messages.
(3) Must allow selective replication. That means that only a part of the atoms
in the peer database are replicated to another peer (non-disjunctive sets of
atoms can be replicated to different peers).
(4) Assume that no peer is designated as holding the primary copy of an atom.
A good paradigm to are the epidemic algorithms for database replication ([5],
[10]), but it is important to define what ordering can be imposed on the messages that
are exchanged between peers. An important order is the causality relation between
transactions (if transaction B was executed after observing transaction A, all peers
must execute transaction B after transaction A). While this is important, there are
systems that might require a more optimistic approach and might not be willing to
pay the price of constant election mechanisms (elections assume independence of peer
failures and not all systems have this property). As a first implementation we ignored
the causality order guarantee, and go with a very optimistic approach (assume that
the probability of the same atom being updated on two peers before the second peer
observes the update made by the first is zero). Another important aspect of the
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implementation is the mechanism by which peers can catch up with modifications
after being disconnected. The choice was between a push technique (where updates
are constantly pushed to peers until they come back on line) and a pull technique
(where the peer queries for updates when it comes back online). It is proven that pull
techniques have a higher convergence rate (stale peers get up to date faster) [11]. The
solution we chose was to have each peer, at start-up, present its state to the other
peers and then receive all updates.
The main issue here is how does peer B, based on the description of the state of
peer A, figure out what to send to peer A and in which order. Because peers that
have announced their interest in a certain event (an operation on an atom) might not
be online and available at the time the event happens, the system must guarantee
that the event will eventually reach the peer (we assume down times are not long).
Each peer maintains a log of events. The log will impose the ordering of the events
(it is important that at all peers events from the same source are applied in the same
order). Each event is given a version number (might be a time stamp). The log order
is a stronger constraint then the causality relation between two transactions, so using
the log order is ok, although not optimal.
One aspect to consider here is that, due to partitions, not all peers will see all
events, in other words, if i<k<j, it is possible for a peer to apply event j after event i
(if he is not interested in event k). In order for peers to know what events are required
in order to apply an event j, at the moment the event is created in the local log, it is
also computed what partitions it belongs to and who is the previous event from that
partition.
Log records are required until all interested peers have received them and the
originating peer knows that they have been received. Each peer will have a matrix
T(i, k) = v where i is the current peer, k is a known peer and v is the last event
that originated from i and i knows k received it. It is obvious that a log record v is
required as long as there is at least one k such that T(i, k)<v. Every time a peer i
signals an event to another peer j, it will also send the version number of the event
and the version number of the previous event that should be at j; j will decide based
on the its knowledge about the last event received from i if it is up to date and can
apply the event or not. If yes, j sends a confirm message to peer i which will update
his knowledge about the knowledge of j. If not, it will send a request for all the events
that were missed by j.

3. Conclusions and future work
By implementing this project we demonstrated a new way to approach database
replication and distribution by making the system a peer-to-peer network of database
nodes that are exchanging content under low consistency and high availability scenarios. There is still a lot to be done until the distributed HGDB version can be used in
real life scenarios, but it is already getting some exposure in projects related to text
indexing, where the updates can take longer to propagate.
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MOVING EXCESS DATA INTO EXTERNAL PEER-TO-PEER
STORAGE
RARES FLORIN BOIAN(1) AND DAN COJOCAR(2)
Abstract. Storage space shortage can be solved either by deleting unneeded files
or by adding additional storage. Most of the time, the fastest way to solve the
problem is to move data on external storage. This paper continues previous work
on solving such situations automatically, transparently, and using as external
storage a peer-to-peer file system. The current work addresses performance and
data availability issues raised by the costly network activity and the peer-to-peer
system lack of guarantees. The proposed solutions rely on the integration of
the system with the BBUFs file system for performance improvement and on a
predictive algorithm for choosing the “victim” blocks to be moved to external
storage (BBUFs).

1. Introduction
Running out of disk space is not a frequent problem, however when it appears it is
always a significant one. Even though the cost per gigabyte has decreased dramatically
lately, adding more hard–drives to a machine or upgrading to a larger one is not
always an option. For home users, such problems are often difficult due to lack of
technical knowledge and skill, or simply due to limitations of the cheap home PC
hardware. The usual solution to this problem is the purchase of a large capacity
external hard–drive where the user can move the data. Even so, today’s media files
span multiple gigabytes of data, and tend to quickly fill-up the available space. The
proposed system offers the user an effort–free almost infinite storage space to deal
with the urgent situations when the disk fills up.
The work presented here is the continuation of the system presented by Boian
et al. in [1]. The solution offered in [1] uses a peer-to-peer system for storing the
data not fitting on the local hard–drive. The peer-to-peer system relies on the Chord
algorithm [2] for locating the exported blocks of data. To make the entire system
transparent to the user, the implementation was done as a user-level file system using
the FUSE library [3].
The current work integrates the existing system with an efficient peer-to-peer file
system BBUFs [4, 5] that guarantees O(1) information retrieval. Improvements are
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also brought to the data block handling by the FUSE file system through the use of
a predictive algorithm for choosing the blocks to be uploaded into external storage.
2. Related Work
Peer-to-peer file systems are not a new idea. There are several such systems that
offer the users the possibility to store their data in an overlay network with having a
centralized server. Examples of such systems are UsenetDHT [6], CFS [7], DHash [8],
and IgorFS [9]. These systems store content offered by the user and try to offer a
near perfect guarantee for data availability. As discussed by Chun et al. in [10], this
results in significant network usage and may be relaxed. Chun offers an alternative
solution which insures data durability instead of data availability. This means that no
data will be lost, but there are higher chances that data may not be available when
requested.
Our system requires a solution which insures data availability in a very fast manner, which is the reason for choosing BBUFs for external storage.
3. Selecting Data Blocks To Be Exported
The FUSE file system acts as a transparent layer between the operating system
and the user, offering our system features through the POSIX file system interface.
The logic inside this user–level file system must handle keep the free space on the local
hard–drives above a certain level. Whenever the free space falls below this threshold,
our system must select blocks of data to upload into BBUFs. The algorithm for this
was presented in [1] and was using a simple Least–Recently–Used (LRU) approach,
by searching through the files for the oldest access times. This approach is currently
improved by taking into consideration the relationship between files for predicting
which of them are less likely to be accessed next.
The LRU algorithm states that if a file has not been accessed recently, it is likely
that it will not be required in the near future. While this does a good job of selecting
candidates for export into BBUFs, it can be improved by adding into the calculation
the the processes and the files they access.
3.1. File Grouping By Accessing Process. When looking for files to upload to
external storage, the algorithm should try to insure that none of the currently accessed
or recently accessed files will be exported. It should also insure that none of the files
likely to be needed by the running processed should be exported.
The LRU algorithm solves already the first item above. To address the second
we need to try to find patterns in the way processes access files. For instance, we can
assume that the files opened by a text editor are all related to the same task. This
means that whenever one of those files is accessed, it is likely that in the near future
the rest of them will be accessed as well. To record this pattern we will consider that
all files opened by the same process are related to the same task. All such file will
then be marked with the PID of the accessing process. It may seems as a better idea
to mark those files with the process path, but in reality, the same program may be
used to solve several tasks. Marking the files with the program path, will create false
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relationships between files. For instance, marking all the document files on the disk
with the path to the document editor, will imply that all documents are related to the
same task, which is very unlikely. We avoid this by using the process PID which only
marks on instance of that program. Since the same file can be accessed by several
processes, and hence belong to several tasks, we will store N PIDs for each file, as
shown in section 3.2.
When looking for file to be uploaded we will then avoid exporting any files not
accessed in a long while (found by the LRU algorithm) if they were accessed by the
same PID as recently accessed files.
3.2. File Access Record. Each file stored in the FUSE file system will be attached
a record as shown below. Every time a file is accessed, the oldest PID/Date pair int
he record will be replaced by the current time and the accessing process’ PID.
File path

PID 1 Date 1

PID 2 Date 2

... PID N Date N

4. External Storage
As mentioned above, availability is crucial to our system. While durability is also
necessary, it is not sufficient. Data to be uploaded is selected automatically by the
system, with limited knowledge about its semantics. Exporting a data block from a
large data file, which later on becomes unavailable, may result in malfunctioning of
the process requesting that block. Such unavailable blocks will result in an error which
can only be reported to the accessing process as an I/O error. Such errors generally
cause the process to stop. The BBUFs file system offers availability guarantees and
O(1) data retrieval, which makes it the best choice for our system.
4.1. BBUFs. The BBUFs file system is a peer-to-peer file system relying on IPV6.
The major benefit of BBUFs is the O(1) information retrieval mechanism. Using a
check-sum, BBUFs finds directly the address of the machine storing the requested
data, and in more than 99% of the cases that data is found there.
BBUFs also offers the possibility to specify the number of replicas to store in the
system. This is an important feature that can be used to insure data availability in
a flexible manner. Thus, instead of trying to insure 100% availability for all the data
blocks exported from the local system, we can use a lower number of replicas when
exporting blocks belonging to less crucial files such as video or music.
4.2. Integration with BBUFs. The integration of our system with BBUFs requires
the replacement of the existing UPLOAD and DOWNLOAD commands with the
equivalent commands of BBUFs. In addition, it will require the development of an
algorithm to determine the number of replicas to store in BBUFs. The number of
replicas for a block of data will be calculated based on the following parameters:
(1) Block access count
(2) Type of the file containing the block
(3) The relationship between the replica number and availability percentage
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Given the number of replicas, BBUFs will store the data block on that many
nodes. In case any of these nodes fail, BBUFs adapt and keep the required number
of replicas by creating a new one from one of the nodes still available.
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A SELF-CONFIGURING MIDDLEWARE FOR DEVELOPING
CONTEXT AWARE APPLICATIONS
TUDOR CIOARA(1) , IONUT ANGHEL, IOAN SALOMIE, MIHAELA DINSOREANU,
AND ANCA RARAU

Abstract. This paper introduces a self-configuring middleware that manages
the context information acquisition and representation processes targeting the development of context aware applications. The context information is represented
using three sets: context resources, actors and policies. An agent based context
model management infrastructure generates and administrates the context artifacts at run time. The self - configuring property is enforced by monitoring the
real world context in order to detect context variations or conditions for which
the context artifacts must be updated.

1. Introduction
An important challenge in developing context aware applications is the dynamic
nature of their execution environment which makes the process of context information
acquisition and representation extremely difficult to manage [1]. During the context
information acquisition process, the sources of context information (e.g. sensors) can
fail or new context information sources may be identified. The context acquisition
and representation processes need to be reliable and fault tolerant [4]. A pervasive
application cannot wait indefinitely for an answer from a temporary unavailable context resource and many times the payoff for not taking into consideration the new
available context resources can be very high. The solution this problems is to use the
self-* paradigms to introduce some degree of autonomy for the context acquisition
and representation processes [3].
In this paper we define a pervasive self-configuring middleware that uses a context
management infrastructure to gather context information from sensors and generate
a run-time context representation. The context information is modeled in a programmatic manner using three sets: the context resources set, the context actors set and the
context policies set. The context model management infrastructure is implemented
by using mobile agents that generate and administrate the context model artifacts at
run time. The middleware self-configuring feature is implemented by monitoring and
evaluating the environment changes in order to keep the context artifacts updated.
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2. The pervasive middleware
The pervasive middleware conceptual architecture (see Figure 1) defines three
main layers: (i) the acquisition layer that captures the context information from real
world contexts, (ii) the context model layer which represents the context information
in a machine interpretable way and (iii) the context model management infrastructure
layer that manages the context representation.

Figure 1. The Pervasive Middleware
The context information acquisition layer design takes into consideration the following aspects: (i) the sensor information retrieval mechanism and (ii) the visibility of
the sensor information to middleware upper layers. From the middleware perspective
we have defined both push and pull types of sensor information retrieval mechanisms.
The push mechanism uses event listeners gather the context information from sensors while the pull mechanism uses a query based approach which allows the context
information to be provided on demand.
The context representation layer uses the RAP context model [2] to represent a
real world context in a programmatic manner (readable for the pervasive application
build on top of the middleware). The context is defined as a triple: C = <R,
A, P > where R is the set of context resources that generates and / or processes
context information, A is the set of actors which interact with context resources in
order to satisfy their needs and P is the set of real world context related policies. In
order to provide an accurate representation of the real world context, the following
context representation artifacts are defined: specific context model, specific context
model instance and context-actor instance. The specific context model is obtained
by mapping the context model onto different real contexts and populating the sets
with real context specific elements. A specific context model instance contains the set
of context resources with which the middleware interacts, together with their values
in a specific moment of time. The context-actor instance contains the set of context
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resources with which the actor can interact, together with their values in a specific
moment of time.
The context model management infrastructure layer is based on four types of
intelligent, cooperative BDI type agents: Context Model Administering Agents, Context Interpreting Agents, Request Processing Agents and Execution and Monitoring
Agents. The Context Model Administering Agent (CMAA) is the specific context
model manager. Its main goal is the synchronization of the context model specific
artifacts with the system execution environment. The Context Interpreting Agent
(CIA) semantically evaluates the information of a context instance and tries to find
the context instance “meaning” for the pervasive application. The Request Processing
Agent (RPA) processes the actor requests. It identifies and generates the action plans
that must be executed for serving an incoming request. The Execution and Monitoring Agent (EMA) processes the plans received from the RPA agent and executes
every plan action using the available services.

3. The self-configuring feature
At middleware level the self - configuring feature is implemented by monitoring
the real world context in order to detect the context variations for which the context
artifacts need to be updated and synchronized. We have identified three causes that
generate context variation: (1) adding or removing context sources (resources, actors,
policies) to/from the real world context, (2) actors’ mobility within the real world
context and (3) changes of the resources property values.
Context variation generated by adding or removing context elements. During the
context information acquisition process, the sources of context information can fail or
randomly leave / join the context. These changes generate a context variation that is
detected by the context acquisition layer and sent to the CMAA Agent which creates a
new specific context model adapted to the new real world context. Next, we evaluate
the context variation degree generated by context resources ∆R in relationship with
its associated threshold TR . The same reasoning is used to determine the variation
related to the context policies ∆P and the context actors ∆A with their thresholds TP ,
and TA . The context resources set variation ∆R is generated by adding or removing
a context resource r to / from the pervasive application execution environment. The
context resource set variation is calculated using the set difference operation applied
in two consecutive moments of time: t and t+1 , where t+1 represents the moment
when the resource r became available:
∆R = { Rt+1 \ Rt } U {Rt \ Rt+1 }
(1)
If Card(∆R) ≥ TR a new specific context model is generated by adding or removing the context resources contained in ∆R. The overall real world context variation
∆ENV is given by the union of all context elements’ variation:
∆ENV = ∆R U ∆A U ∆P
(2)
The self-configuring threshold is defined as: TSelf −Conf iguring = min(TR , TA ,
TP ). The CMMA agent should start the execution of the self-configuring process and
generate a new specific context model when Card(∆ENV) ≥ TSelf −Conf iguring .
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Context variation generated by actor’s mobility Due to their mobility, the actors
are changing their environment location and implicitly the set of resources with which
they interact. CMAA identifies this variation and generates (i) a new context-actor
instance and (ii) a new specific context model instance. In order to evaluate the
context variation generated by actors’ mobility we use the isotropic context space
concept, defined in [2]. A context space is isotropic if and only if the set of real world
context resources is invariant to the actors’ movement. Usually, a context space is
non-isotropic, but it can be split into a set of disjunctive isotropic context sub-space
volumes in which the isotropy degree variation is the empty set. Such a volume is
called context granule. The space isotropy variation ∆IZ is non-zero only when an
actor a moves between two context granules. If for an actor ∆IZa 6= ∅, then the
self-configuring process executed by the CMMA agent generates a new context-actor
instance.
Context variation generated by changes of resources property values.A context
resource is a physical or virtual entity which generates and / or processes context
information. In order to evaluate the context variation generated by the changes in
the resource property values, we define a function Kval that associates the resource
property to its value. CMAA calculates the context variation generated by changes
of resource properties’ values ∆RPV as presented in (3) and creates a new specific
context model instance when Card(∆RPV) ≥ 0.
∆RPV = Kval (Rt+1 ) - Kval (Rt ) = {(k1 ,val1 t+1 - val1 t ),. . . , (kn ,valn t+1 - valn t )}(3)
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CHALLENGE-RESPONSE ENTITY AUTHENTICATION
TECHNIQUES
HOREA OROS(1) AND FLORIAN M. BOIAN(2)
Abstract. Entity authentication is a process by which one party obtains evidence regarding the identity of a second party involved in a protocol, and that
the second party effectively participated to the process, being active when the
evidence is obtained or immediately prior to the time the evidence is acquired.
This paper presents general techniques used in entity authentication protocols,
techniques based on challenge-response mechanism. These techniques use timevariant parameters in the form of random numbers, sequence numbers or timestamps. We investigate challenge-response techniques based on symmetric and
asymmetric cryptography.

1. Introduction
The idea in challenge-response protocols is that an entity (the claimant) proves
its identity to another entity (the verifier) by providing evidence regarding a secret
that is known to be associated to the claimant, without unveiling that secret to the
verifier during protocol execution. (In some mechanism the secret is known to the
verifier and it is used to verify the answer; in some other mechanism the secret does
not have to be known by the verifier). This proof is made by providing an answer to a
time variant challenge, answer that is computed using the secret associated with the
entity and the challenge. Ussualy, the challenge is a nonce (number once) choosen
by one entity (randomly and secretely) at the beginning of protocol execution. If the
communication line is monitored by an attacker, the answer from one execution of the
protocol does not offer him any information that he may use in subsequent instances
of the protocol, because the challenges will differ. Much of the work in the field of
authentication-identification protocols was initiated by Needham şi Schroeder [4]. We
have investigated these protocols in [6].
2. Time-variant parameters
Time-variant parameters that are used to distinguish an instance of a protocol
execution from another are also named nonce (number once - numbers that are used
only once for one purpose.
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Definition 2.1. A nonce is a numerical value that is used only once for the same
purpose. Typically, the role of a nonce is to prevent undetectable replay attacks.
2.1. Random numbers. Challenge-response mechanism may use random numbers,
to offer guarantees regarding uniqueness and timeliness, and to prevent some sort of
replay and interleaving attacks. Random numbers may be used to offer unpredictability, to prevent chosen plaintext attacks.
2.2. Sequence numbers. A sequence number (serial number or counter value) plays
the role of a unique message identification number and is usually used to detect message replay. Sequence numbers are specific to a pair of entities and must be associated
implicitly or explicitly with the originator and receiver of a message; sequence numbers for messages from A to B will be different from those from B to A.
2.3. Timestamps. Timestamps are used to offer timeliness and uniqueness guarantees, in order to be able to detect message replay. Timestamps can be used to
implement acces privileges for a limited period of time and detect forced delays.
3. Challenge-response - symmetric techniques
In challenge-response mechanism based on symmetric techniques the claimant
and the verifier have to share a key. In closed systems with a small number of users,
each pair of users can share a symmetric key; in large systems that use techniques
with symmetric keys, the identification protocols involve an online trusted server that
shares a long term secret key with each entity. The online server creates/transmits a
session key to be shared to a pair of entities that wish to authenticate one to another.
3.1. Challenge-response based on symmetric key encryption. The Kerberos
protocol Kerberos [3], [5], [7] and Needham-Schroeder protocol[4], offer entity authentication with symmetric key encryption and implies the usage of an online trusted
third party. These two protocols offer also key transport.
We describe below three simple techniques based on ISO/IEC 9798-2 [1]. These
imply the existence of a secret key (without requiring an online trusted server). In this
case two entities may carry out unilateral entity authentication with a single message
using timestamps or with two messages if random numbers or sequence numbers are
used. Mutual authentication requires an additional message. The claimer proves
its identity by demonstrating its knowledge regarding the secret key that he uses to
encrypt the challenge (and optionally additional data).
(1) unilateral authentication using timestamps:
A → B : EK (tA , B ∗ ) (1)
(2) unilateral authentication using random numbers: to prevent the usage of
timestamps one can use random numbers, the cost being an additional message:
A ← B : rB
(1)
A → B : EK (rB , B ∗ ) (2)
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(3) mutual authentication using random numbers:
A ← B : rB
(1)
A → B : EK (rA, rB , B ∗ ) (2)
A ← B : EK (rB , rA )
(3)
3.2. Challenge-response based on keyed one-way functions. The encryption
algorithm used in the above mechanism may be replaced by a one-way function or
a non-reversible function applied to the key and to the challenge. The modifications
that are made to the 9798-2 mechanism will result in ISO/IEC 9798-4 mechanism.
The revised challenge-response mechanism with three messages based on MAC
function hK offers mutual authentication. The resulting protocol, SKID3, is due to
Bosselaers [2].

4. Challenge-response - asymmetric techniques
In identification based on challenge-response one can use public-key techniques,
in which the claimer proves its knowledge about the private key using one of the
following modes: the claimer deciphers a challenge encrypted with its public key or
the claimer digitally signs a challenge
We have mechanisms that uses only public-key encryption and witness:
A ← B : h(r), B, PA (r, B)
A→B:r

(1)
(2)

and mechanisms that uses digital signature schemes: X.509 mechanism (the
strong authentication protocols ITU-T X.509 with two and three messages specifies identification techniques based on digital signatures with timestamps and digital
signatures with challenge-response), 9798-3 mechanisms:
(1) unilateral authentication with timestamps:
A → B : certA , tA , B, SA (tA , B)

(1)

(2) unilateral authentication with random numbers: Timestamps may be replaced with random numbers, the cost being an additional message:
A ← B : rB
(1)
A → B : certA , rA , B, SA (rA , rB , B) (2)
(3) mutual authentication with random numbers:
A ← B : rB
(1)
A → B : certA , rA , B, SA (rA , rB , B) (2)
A ← B : certB , A, SB (rB , rA , A)
(3)
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Conclusion
We have presented and analyzed challenge-response authentication techniques
based on symmetric and asymmetric cryptography. Time-variant parameters are
essential ingredients of these protocols. These parameters provide security against
replay and interleaving attacks.
Authentication with challenge-response based on symmetric techniques can be
obtained by using symmetric encryption schemes or keyed hash functions.
Authentication with challenge-response based on asymmetric techniques can be
obtained by the claimer proving its knowledge about the private key using one of the
following modes: he deciphers a challenge encrypted with its public key or he digitally
signs a challenge.
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WEB SERVICE COMPOSITION APPROACH BASED ON A
GRAPH OF SERVICE CELLS
VIORICA R. CHIFU(1) , IOAN SALOMIE(1) , AGOTA RIGER, VALENTIN RADOI,
AND DANIELA INOAN
This paper proposes a new method for the automatic composition of
semantic Web services. The proposed method combines graph construction and
sub-graph search to determine all the composition candidates. First, the method
constructs a directed acyclic graph, which represents the functional semantics of
the Web services as well as the semantic dependency between the inputs and the
outputs of the services. Second, composition sub-graphs that satisfy the functionality requested by a client are searched for and ranked according to certain
criteria such as user preferences and QoS. Finally, the method selects the best
service composition for a given user request. To evaluate the method, an experimental framework that automatically composes services has been implemented.
Abstract.

1. Introduction and Related Work
In the area of automatic Web service composition, we present an approach based
on a directed acyclic graph having service cells as nodes. The approach uses the
semantic descriptions of the services and the service cell abstractions. The semantic
descriptions of the Web services, written in the SAWSDL language[1], contain semantic annotations as references to concepts in a common ontology. The service cell
abstraction is specied by a Web service operation along with additional information
about the service operation. The proposed method combines graph construction and
sub-graph search to determine all the composition solutions. Starting from a given
goal node of the graph, the method nds the subgraph of optimal cost between the
goal node and the source node, given a set of user preference constraints. The main
contributions of our work are: (i) dening a new method for Web service composition
based on the service cell graph structure, and (ii) developing an algorithm for the
user preference aware automated service compositions. To validate our approach, we
have implemented an experimental framework that automatically composes services,
and we have demonstrated its eectiveness with the help of an scenario from the trip
planning domain. Previous eorts related to the automatic service composition include various approaches, such as AI planning [2, 3]or semantic approaches[4]. The
composition based on AI planning considers the service composition problem as a
2000 Mathematics Subject Classication. 68P20, 68Q55, 68T30, 68U35, 68M14.
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planning problem while the composition based on semantic approaches proposes the
use of semantics as a key to increase the automation.
2. Semantic Web Service Composition
Our service composition algorithm works upon a pre-processed initial directed
acyclic graph, making use of some additional data structures in order to increase the
speed and reduce the search space. The initial graph is built by chaining the available
services based on semantic matching between their input and output parameters.
Prerequisites of the Composition Algorithm. In order to apply the composition algorithm, a pre-processing step is performed, consisting of the following
stages.
Service Cell : For each service operation, we generate a corresponding service cell
(SC ). An SC is a wrapper of a Web service operation. Each SC has a set of inputs
and a set of outputs representing the input and output parameters of the service
operation. Additionally, QoS parameters (i.e. availability, execution cost) are taken
into consideration and stored into the data structure of the SC.
The initial graph of Service Cells : We construct the initial directed acyclic graph
of SC 's by chaining the available SC 's based on semantic matching between their
input and output parameters. More exactly, for each input of an SC we generate a
set of SC providers. The set of SC providers for an input of an SC represents a set of
edges from the outputs of other SC 's towards that input. Every edge is established
based on semantic matching between an output concept (outi ) of a service cell SCi and
an input concept (inj ) of a service cell SCj . We consider three types of semantic
matching: exact (outi ≡ inj ), plugIn (outi ⊆ inj ), and subsume (inj ⊆ outi ), where
⊆ is the subsumption relation between concepts according to the common ontology.
Start Service Cell and end Service Cell : We generate two special SC 's, startSC
and endSC. The startSC is a special SC which has only outputs, representing the
inputs requested by the user for the composed Web service, while the endSC has only
inputs representing the outputs requested by the user for the composed Web service.
Evaluation Service Cell : The user hard constraints are also modeled with a special
type of SC, namely evalSC. An example of user hard constraint is that the price for a
holiday planning should not exceed 1000 Euro. evalSC evaluates the current solution
for a service composition request and returns an overall score based on the user hard
constraints. The score is computed as a weighted sum of the hard constraints specied
by the user. This evalSC has a single output representing the score of the solution,
and a variable number of inputs, representing all the outputs of the SC 's participating
in that particular composition.
Composition Algorithm. Starting from the initial directed acyclic graph of
SC 's, the algorithm solves the composition problem in four stages: preliminary stage,
search stage, simulated execution stage, and selection and execution stage. In the preliminary stage, three special SC 's are added to the initial graph: startSC, endSC, and
evalSC. In the search stage, the composition solutions which satisfy the functionality
requested by a client are searched for in the graph and ranked according to certain
criteria. The search algorithm starts from the endSC and tries to nd a sub-graph
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of SC 's which leads to the startSC. We say that we found a composition solution if
all the SC 's from the sub-graph have been saturated (i.e. we obtain data for all of
their inputs).When a composition solution has been found, all the outputs of the SC 's
participating in that particular composition should be linked to the evalSC, but only
some of them (based on user provided hard constrains) will be taken into account
in the simulated execution stage. The evalSC also gathers all the relevant data (e.g.
QoS ) from the SC 's involved in that particular composition in order to compute an
initial score of the composition. After all the possible composition solutions have been
determined, the simulated execution stage of the algorithm can start. First, the minimum set of input data which cover the requirements of all the composition possibilities
is determined and the user is asked to provide them. By analyzing the outputs of the
composition solutions, a relevant set of data elds can also be presented to the user,
in order for him/her to set up the hard constrains on these outputs. With these user
provided inputs, each solution is executed on the real-world Web services, in forward
direction. During the execution, a mapping is done to convert the logical, semantic
data labels into primitive data types. Also, a ltering is applied to some edges of the
graph for satisfying the user soft constraints (for instance, the user prefers, from a list
of available ights, only evening ights). In this simulated execution stage, not all the
services of the composition solution are executed. Some services will be considered
locked for execution because they are world-changing services. During the selection
and execution stage, as real-world data are obtained from the outputs of the SC 's
along the solution, these data are fed into the evalSC. At the end, the evalSC can
compute an overall composition score based on the initial composition score and on
the user hard constraints.

3. Framework Implementation
To validate our approach, we have implemented an framework that automatically composes services, and we have demonstrated its eectiveness with the help of
a scenario from the trip planning domain. The framework components are presented
below.The WS Repository is a repository of semantically annotated services. The semantic descriptions generated for each service are based on the Ontology. The Graph
Construction Engine is the component which is responsible for the construction of
the initial graph. The Semantic Matchmaker is used by the Graph Construction
Engine to semantically match the inputs and outputs of the SC 's that are chained.
The Graph Storing Module stores the graph in an XML based language, called Service Graph Description Language (SGDL). SGDL saves all the relevant information
about every node of the graph (i.e. operation of the cell, inputs/outputs, providers,
QoS rating).The Ontology driven GUI guides the user in the composition process
by providing a controlled language that uses the ontology concepts. The Composition Engine takes as input the user goal and generates service composition solutions.
The Constraint Analyzer analyzes each service composition solution by considering
the non-functional requirements of the goal, i.e. the user preferences in terms of
hard and soft constraints. It selects a Web service composition that meets all the
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non-functional requirements for the goal. The Execution Engine is responsible for
executing the services included in the selected service composition solution.
4. Conclusions
In this paper we have presented a novel approach for the automatic Web service
composition, based on a graph of SC 's. Our composition algorithm is a combination
of backward chaining (for nding the composition solutions) and forward chaining
(for executing the selected composition solution). The algorithm uses the semantic
service descriptions to impose the correctness of the possible solutions. Also the algorithm allows for correcting the solutions when some services become unavailable,
by providing alternative solutions. By comparison with other approaches, our composition algorithm can overcome the performance issue by working directly on the
preprocessed graph. As such, a given query can achieve a quick response during the
process of nding the composition solutions.
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RDDNS – RESOURCE-BASED DYNAMIC DNS
ANDREI CRACIUN

(1)

AND ADRIAN STERCA
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Abstract. This paper tries to solve the problem of resource location in Peer 2
Peer network topologies using Domain Name Servers. A resource is registerred
as a DNS record on different name servers by each resource provider. When a
peer node requests the resource, it is searched using the dynamic resource-based
DNS and the first reply will give the closest resource.

1. Introduction
Usually, when talking in terms of P2P file sharing systems [3], resources are
provided by services that run on machines connected to the network. So the elements
that define a resource are:
• the address of the machine on which the resource is hosted
• the port on the machine that is used by the service that provides the resource
• an id that identifies the resource
Considering this, an application searching for the resource should receive a response
containing all 3 elements.
2. RDDNS Architecture
We can imagine that a P2P network will have a DNS domain that will be used
for the search.
Example: Let our network be somep2p.net. Let there be 2 providers P1 and P2, 3
resources Res1, Res2 and Res3 and 2 requesters Req1 and Req2. P1 provides Res1
and Res2 and P2 provides Res2 and Res3. There are also 2 DNS servers DNS1 and
DNS2 that are both responsible for resolving requests for the somep2p.net domain.
DNS 1 is closer to P1 and DNS2 is closer to P2.
An example of a possible scenario is the following:
(1) P1 sends 2 register request for Res1.somep2p.net and Res2.somep2p.net to
DNS1.
(2) P2 sends 2 register request for Res2.somep2p.net and Res3.somep2p.net to
DNS2.
(3) Req1 tries to get Res2 and makes a request to both DNS1 and DNS2.
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(4) DNS1 answers first providing to Req1 the address of the P1, the port on which
the service is opened and the resource’s unique ID.
A possible RDDNS response can be: Res1@195.132.123.23:12354.
Regarding the fact that the resource found by using this method is the “closest”
one, we rely on the fact that the provider is responsible for registering the resource on
a machine that is considered to be the closest. This means that the distance between
the requester and the provider is significantly minimized. There are some cases on
which this method does not find the top closest resource, but these are rare.

3. Resource IDs
Let there be a resource called Res. What is required is an ID that should identify
in an unique manner the resource. One important restriction when choosing an ID
is that the ID should comply with the DNS requirements (RFC2136). We argue
that there cannot be given a specific way to create the resource ID as this should
be specific to the resource type. Also the resource ID generation should take into
consideration how much information has the requester about the resource. To be
more specific we can consider a system on which the resource is a service (i.e. a server
application). In this case the name of the service is known by the requester, so the
ID can be the name itself (e.g. mytalkservice.somep2p.net). If a file sharing system is
considered, the resource ID can be either an MD5 hash on the file (but in this case a
parallel search mechanism should be available; that mechanism will provide a way to
obtain the hash by making a search using words contained by the filename) or some
identification information (such as name and size) can be concatenated to provide an
id (e.g.: myfile.txt.10277.somep2p.net).

4. Closest provider
When a provider registers its resource to a DNS server it is responsible for the
fact that this DNS server is the closest to it. This can be achieved either by using
a network mechanism (e.g. number of hops) or by pre-configuration (in the same
manner as the DNS servers are set up on a regular network configuration).
The requester will ask its own DNS server for the address of the resource. The
request will be forwarded and the first DNS server that will send a response will be the
closest one (in terms of speed). This way by having two shortest paths, the sum path
(this may not be the concatenation of the paths, but a sub path of the concatenation)
is the shortest one (this is similar to the principle on which Dijkstra’s shortest path
algorithm is based).
In our example (Fig. 1) we suppose that the speed between all routers in the
Internet is the same, and the only think that matters is the number of connections
(hops) between 2 nodes. Provider 1 finds as closest DNS server, NS3 (path length
is 2). Provider 2 finds as closest DNS server, NS1 (path length is 3). The requester
creates the DNS request and the first one which responds is NS1, path length is 5.
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Figure 1. Network topology example
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CLUSTERING ALGORITHMS IN OODB FRAGMENTATION – A
COMPARATIVE EVALUATION
ADRIAN SERGIU DARABANT(1)
Abstract. The design of Distributed Databases relational (DDBs) or object
oriented (DOODs) involve two major steps: fragmentation and data allocation.
These two steps have always been difficult to apprehend and conduct by the
average database administrator. It comes to no surprise that there aren’t many
implementations of real true distributed databases as the design process is often
too complex. When a database fragmentation is designed it is difficult to asses the
quality of the obtained fragments before the actual implementation is in place. In
the following we present a comparative evaluation on the quality of fragmentation
on DOODs in the context of cluster based horizontal fragmentation.

Horizontal fragmentation is the process of splitting databases entity instances
into multiple subsets, each assigned afterwards to different nodes of the system. All
fragmentation know at the present date need and use some prior knowledge about the
future system. One type of required information is about the structure of the data or
relationships between entities (relations or classes). The second type of information
regards the applications that will run in the final system once the distributed database
design is implemented. The later is in fact a sine-qua-non for the design process. There
is no fragmentation method known to the author that can be performed without the
knowledge about the applications (queries, updates,etc) that will actually be running
in the system. Of course, in any normal real life case it would be difficult to have
prior knowledge about all applications, so in practice the applications that have the
greatest impact on the system are used. Some researchers [2] state that the most
active 20% of user queries will stand for 80% of total data accesses.
1. Contributions
This paper presents a comparative evaluation between two fragmentation algorithms we propose: the hierarchical fragmentation and k-means clustering fragmentation. Both algorithms are based on clustering techniques [1].
We also compare our methods with some of other fragmentation methods presented in [2, 4, 5, 6, 7]. Most of these are derived from fragmentation methods based on
relational models which are simpler than the Object Oriented Data Model (OODM)
and do not capture all its features and characteristics.
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As (OODM) can be generally considered a superset of the relational data model,
we can assume that the same implications and results will hold when fragmenting a
relational data set.
We focus in this paper on comparing the quality of horizontal object oriented
fragmentation obtained by applying our customized clustering algorithms. They are
presented in detail in [6]. Basic hierarchical and k-means centroid-based algorithms [1]
are well known techniques in the clustering theory. Our work emphasizes on enhancing these algorithms in order to apply them in distributed database fragmentation.
We focus on showing that database fragmentation by clustering could be a lot more
simpler to apply than traditional methods, while maintaining or enhancing the fragmentation quality. The comparative study is performed for object models with simple
attributes and methods by computing a cost function over the obtained results.
2. Fragmentation with k-means and Hierarchical clustering
Our fragmentation method takes as input a set of simple predicates from the
most representative queries. We attach to each object numerical values representing
the way that object respects the simple predicates. We obtain thus, for each object,
a numerical vector that stores quantitative and qualitative information about object
selection by all predicates. We represent all objects as N dimensional vectors(points)
in the N dimensional space of query predicates. The distance(or similarity) between
two points in this space reflects how strong are the two corresponding objects related
in terms of behavior to user queries. Sets of strong related objects are good candidate
to form distinct fragments.
For the instance set of a given class, represented in our N dimensional space as
vectors, we define the notions of distance(similarity). Similarity computation is based
on well known metrics as Manhattan and Euclid or uses implicit similarity functions
as the vectorial cosine.
Finally, we only need some algorithmic way for determining sets of similar/close
objects in the space of user queries. We use our enhanced versions of the k-means
and hierarchical clustering algorithms to find the sets of strongly similar objects that
form the resulting fragments.
3. Results
By using an example database and a set of user queries available to public we
applied our fragmentation methods and measured the fragmentation quality. In order
to evaluate the fragmentation quality we use the partition evaluator proposed in other
similar works as [4, 2].
(1)

P E(C) = EM 2 + ER2

The evaluator (PE) computes the cost of accessing local data (EM) and remote
data (ER) when running the set of user queries over the fragments of a class. As the
value of the cost increases, the quality of fragmentation is weaker.
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The quality of fragmentation expressed as the cost of evaluating queries against
the resulting database is expressed in the Figure 1:

Figure 1. The cost when evaluating queries against the fragmented database.

4. Conclusions
In this paper we present a comparative evaluation of the fragmentation quality obtained by applying our k-means and hierarchical clustering algorithms. Experimental
results show that applying the algorithms is straightforward for a given set of queries
and the results are usually better or within the same limits as the ones obtained with
traditional fragmentation methods. We compared the fragmentation costs(quality)
for multiple variations of the algorithms and similarity measures in order to extract
the best combination. As observed experimentally the Manhattan similarity with the
k-means algorithm generally obtains the best scores as it reduces error propagation
during clustering by re-assigning objects to their proper clusters.
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ON EVALUATING THE PERFORMANCE PARAMETERS IN A
DISTRIBUTED SYSTEM
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Abstract. Parallel and distributed applications have a variable workload due
to the fact that these types of applications contain software and hardware components that vary a lot as well as due to their evolution in general, and due to
the evolution of computers and networks in particular. With respect to this evolution many different benchmarks to evaluate the performance of distributed and
parallel algorithms were developed. The benchmarks are often based on different
performance factors starting with execution time, failures, hardware counters,
bandwidth measurement between memory and CPU, network bandwidth etc. In
this paper we introduce a performance factor based on the approximation error.
We also propose an algorithm for the estimation of this performance factor.

1. Introduction
Performance is defined based on the response time and the computing capacity.
Furthermore, the performance of a distributed system is defined and evaluated using
different measurable performance factors like: instructions per second, CPU speed,
the number of floating point operations per second or the total amount of time need
for a benchmark execution [7].
Using the approximation spaces we introduce a performance factor which can be
measured like other performance factors (execution time, bandwidth etc). For example, when using matrix operations, in the parallel and distributed computing there are
often cases when approximations are made (for example a high dimensional matrix
is approximated through a low dimensional matrix). The approximation errors are
actually number sequences that are contained into an approximation space on which
corresponding norms are defined. In the matrix multiplication case it is desirable
that the approximation of the product obtained by aproximating the initial matrices
be exact. Each matrix approximation and matrix operation approximation (sum,
product, etc.) leads to an approximation number sequence. We define a performance
factor f by dividing the approximation number sequence given by the original matrices approximation to the approximation numbers sequence given by matrix operation
result. The factor f characterizes the performance in two ways: approximations made
and the relation between them is related to the quality of approximation so that the
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operation result (sum, product) is exact and approximations can be made more than
once until the result is appropriate so that the response time is variable.
It can be noticed that this form of the performance factor based on the approximation number is more general and it is valid for any approximation not only for the
operation with the approximation of matrices through smaller matrices. In [6] Aldea
treats the sequence spaces as special approximation spaces based on the idea that
the approximative ideals of operators are particular sequence spaces [4] and proves
the inequality on which the definition of the factor f is based on the approximation
numbers on a normed space X.
For evaluating of implied performance factors in a parallel and distributed system one uses special methods called benchmarks[7]. The main characteristics of a
benchmark system are: it determines unique standardized factors for characterizing
hardware and software systems; it proposes optimal values for factors on which the
system design relies, etc.
2. Preliminary results
Let X be a normed space and S = {y ∈ X :k y k∗ < ∞}. We define, ∀x ∈ X, the
approximation number sequence (En (x)) as follow:
En (x) = inf{k x − y kX : y ∈ S, k y k∗ < n}, n = 1, 2, ...
where k · k∗ is a norm on X.
We define the sequence of approximation numbers (an (x)), for ∀x ∈ `∞ as follow
[6]:
an (x) = inf{k x − x k∞ : card(x) < n}, n = 1, 2, ...,

(1)

where x = (x1 , ..., xn−1 , 0, 0, ...) is a subsequence for which card(x) < n.
The approximation number sequence (1) of the sequence x ∈ X is the sequence
(En (x)) for the particular case when X = `∞ [6].
Proposition 1
The numbers an (x) observe the inequality [6]:
(2)

k
X
n=1

an (x1 + x2 ) ≤ 2

k
X

(an (x1 ) + an (x2 )), k = 1, 2, ..., x1 , x2 ∈ `∞ .

n=1

In this paper we consider X = M2 , so that the inequality implies that the sum or
product (for e.g.) of the matrices approximation errors is devided by the approximation error of matrix operation results.
3. Main results
By using the inequality (2) we introduce the performance factor f computed as
fraction between the inequality members and we propose an algorithm for estima-ting
the factor in the case of matrix addition and matrix product. To simplify the calculus,
we use the two dimension matrices (M ∈ M2 ).
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If in the inequality (2) we substitute 2 by f in the case of the product of two
matrices A, B ∈ M2 we have:
(3)

ET (A · B) ≤ fprod

·ET (A) · ET (B)

While A, B ∈ M2 we have:
(4)
(5)

E1 (A) =
E2 (A)

max |aij |, ∀i, j = 1, n

≤ k A − A1 k, where A1 ∈ M2 and rang(A1 ) < rang(A)

The approximation errors for a diagonal matrix are equal to the values on the
main diagonal [5].
We present the parallel thread based algorithm which estimates the factor f .
The steps of the parallel algorithm PAf2M2 (Parallel algorithm for factor f
estimation in the case of the sum and the product of two matrices from M2 ):
S1. for each aij , bij ∈ {−α, α}, α ∈ R+ determines the matrices A, B for which:
(a) rang(A) = 2 and rang(B) = 2,
(b) A + B is diagonal matrix and A · B is diagonal matrix;
S2. it computes the approximation numbers E1 (A) and E1 (B) (using (4));
S3. for each matrix A, B, computes using (5), the inferior rank matrices A1 , B1 to
evaluate the approximation numbers E2 (A) and E2 (B). It generates the A1 and B1
elements using the incrementation step ², ² ∈ R+ , ² → 0 in the interval
(−| max(aij )| + ², | max(aij )| − ²). We choose from the A1 generated matrices the
one with the minimum value of norm k A − A1 k;
S4. it computes ET (A + B) and ET (A · B) as the sum of the diagonal elements of the
sum matrix, and respectively, of the product matrix (ET (A) = E1 (A) + E2 (A));
S5. it computes the total approximation error for the sum, respectively, for the product
of the matrices by using ET (A) + ET (B) and ET (A) · ET (B);
S6. it estimates the factor f for sum (fsum ) and also product (fprod ) from inequality
(3) :
(6)

fsum ≥

ET (A + B)
,
ET (A) + ET (B)

fprod ≥

ET (A · B)
ET (A) · ET (B)

The algorithm PAf2M2 was implemented in Java using peer thread model [2].
In this model, each thread is responsible for its input data. The peer knows the
type of the input at the beginning and has its own means for working with input
data. In PAf2M2 algorithm peers compute the following: after receiving a matrix it
computes the E1 number using (4) - step S2 or after having E1 numbers it generates
inferior matrices and it computes E2 numbers using (5) - step S3.
4. Conclusion
Analyzing the data obtained through the program PAf2M2 execution using
α = 3 and ² = 0.1 it can be observed that fsum ∈ [1, 1.40] and fprod ∈ [0.35, 1.91].
It can also be observed that, based on the approximations made for the matrices the
studied performance factor f for matrix product fprod and sum fsum is variable.
The running parameters of the program (α = 3 and ² = 0.1) give fsum ≤ 2 and
also fprod ≤ 2 which is in concordance with the theory [4].
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Relativ to performance, based on the data obtained through the program PAf2M2
execution two cases for the factor fprod are distinguished:
(a) when fprod ≤ 1, for example fprod = 0.35, it results, by using (3), that
ET (A · B) ≤ 0.35 · (ET (A) · ET (B)); thus, the product of approximation errors for
the initial matrices is bigger than the approximation error for the result (which is
preferable);
(b) when fprod > 1, for example fprod = 1.91, then the product of approximation
errors for the initial matrices is smaller than the approximation error for the result
(from good approximation with smaller errors of the initial matrices are obtained
larger error values for the result). In the second case new approximations are needed
and the execution time and the computational performance are negatively affected.
In this paper we have discussed the estimation of the performance factor in the
case X = M2 , but this performance factor can be estimated in the case of any
approximation space X using the corresponding norms.
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ENHANCING YAHOO! SEARCH RESULTS USING LINKED OPEN
DATA
CIPRIAN AMARIEI, EMANUEL ONICA, AND SABIN BURAGA
Abstract. The common web searches in the present day can no longer be fulfilled through simple page content based crawling. Usually, an informational
query made through a search engine is far less often targeted only to finding a
specific result containing the asked terms and is much more focused on getting
the most relevant response in a specific context and eventually broaden up this
context by offering related information without losing the initial search idea. To
satisfy such user needs, methods based on the semantic mechanisms of the web
emerged, many of these using Linked Open Data (LOD) in their functionality.
We present certain ideas of enhancing the search results obtained through one of
the current semantic search solutions – the Yahoo Search Monkey, mainly based
on custom LOD exploitation.

1. Introduction
One of the most important issues in web search is the relevancy of the results.
A common definition of relevancy [1] may be expressed as the ability of the search
platform to obtain information that closely satisfies the needs of the user. Unfortunately, even taking into consideration the case when the search result will closely
match the concept the user had in mind when entering the query, this will not guarantee that starting from that result, further searches are not initiated in order to find
other related information, but from a different context. We consider the following
scenario: a search based on key phrase “fried tomatoes“. Besides finding possible
culinary aspects related results, the user may be informed about a movie or a book
that matches the same query.
One possible way of interconnecting the mentioned concepts in the context of
web search is using Linked Open Data (LOD). A concise definition of LOD would be
a “style of publishing data on the web that emphasizes data reuse and connections
between related data sources” [2]. According to [3] recent trends in Semantic Web
focus “almost exclusively” on LOD rather then Annotated Web. Thus, by making
use of LOD annotations, additional queries related with the main search subject, like
the exemple presented, are possible. A similar idea is described also in the context of
an entity-centric search engine in [4].
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We propose such an entity centric solution idea based on the current support for
semantic search within the Yahoo Search platform. The next section shortly describes
the Yahoo Search Monkey framework and the idea of an entity centric enhancement
using LOD. In the section 4, we detail a proof of concept implementation of a use
case starting from the movie search example we presented above.
As related work we mention an Entity Centric Semantic Search Engine using
Sindice infrastructure combined with the capabilities of Okkam [4]. Another application of an entity centric approach is Zemanta.
2. Background of Web Search
The queries could be classified into three categories [5]: navigational, informational, laptop), and transactional.Our previous example might be included in the
informational area according to the original intent of the user. However, the initial
query could “evolve” into one of the other two classes.
The search categories specified are further refined in [6]. Our “fried tomatoes“
example belongs to the undirected class (queries targeted to learn any information
about the topic). The user’s intent behind the query is not restrained to specific
information. In [6] the results of an analysis showed that in two of three sets of
queries the most were undirected – around 30%. Therefore, we consider important
the study of undirected queries as one of the predominant classes of web searches.
Another query goal subcategory of informational class [6], is list – to obtain a list
of candidate web sites to further help the user regarding the topic. According to the
results obtained in [6], which are regarded as distinct by classifying a query in only
one of the categories during observation tests, we believe that the list class intersects,
with the undirected one. Actually such links could be established between other goals
too, having the list goal as a “hub” for linking them. Based on user’s behavior we
may imply a possibility of more than one goal, or a goal evolution of the query, that
could be also translated into additional queries.
3. LOD Query Enhancement using the Yahoo Search Monkey
Yahoo, one of the major web search engines, has introduced support for semantic
search through the associated Search Monkey Platform. However, this still is in an
early state having limitations [7] like no SPARQL [8] endpoint crawling and no LOD
crawling support. To build an entity centric search, our approach overcomes these
drawbacks by a certain degree as we describe bellow.
Yahoo Search Monkey (YSM) is essentially a framework dedicated to developers
for creating add-ons which can be associated with the results obtained from web
queries entered via this search engine.
Two add-on types are defined: Enhanced Result, that reconfigures the search
result itself and Infobar – an expandable HTML pane which is attached to a typical
display of the Yahoo query result exhibiting additional information. In our proof of
concept, described below, we have used the latter for its flexibility.
The developer may use as a data source an approach based on XSLT transformation applied on the query results page. To achieve a more versatile way of acquiring
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Figure 1. Linked Movie Monkey Infobar architecture
needed data we opted for custom data services based on external web services which
is the other data source type defined by YSM.
This involves the internal supported data sources like Yahoo Index (StructuredData Service in Figure 1) and other custom data services which in order to obtain
input parameters needed for our purpose are linked based on a custom service ID
generated by the framework. Though this is not very well documented, we concluded
to be unique.
The custom service chaining described above is completely distinct from actual
using the external web services which means an even further extension of service
linking. Therefore the platform offered us the possibility of putting in connection a
virtually unlimited series of either YSM data services or external web services.
Such an approach gives the developer a large range of possibilities for enhancing
the final results obtained through such a link of services, limited however by the
response time aspects. These possibilities can include LOD browsing, stepping over
the limitations caused by the lack of actual support, ontology matching and alignment,
or common operations like text processing.
Also in direct relation with using external web services we also would like to point
out another limit stated in the official YSM documentation, to crawl a SPARQL [8]
endpoint, that our solution overcomes, at least at a certain degree. So an SPARQL
endpoint was used as an external web service by passing parameters to a fixed query
template. Although quite inflexible, it is a possible way to enrich a query result with
data gathered through SPARQL.
In the next section, we detail the proof of concept of a simple use case, in which any
term search results are enriched with additional possible related movie information.
In the example, we are using several of the mentioned techniques in order to achieve
this bringing a normal search closer to an entity centric search.
4. Use Case: Linked Movie Monkey
We describe an YSM application as basic proof of concept for the notions presented above. The add-on has the purpose to enhance every query result received by
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the user with an additional response containing a movie reference on related topic. As
mentioned before, a query implying “fried tomatoes” with results describing culinary
aspects, might have attached an YSM Infobar displaying “Fried Green Tomatoes” as
a related movie. Solution architecture is depicted by Figure 1.
5. Conclusion
In the present, there are not many YSM applications using the service chaining
mechanisms described in this paper, the majority being focused on using the platform in presentational purposes. From our point of view, this situation has roots in
the lesser complexity of developing an YSM based on the page content related data
services, and not in the lack of interest on LOD opportunities.
Related to our enhancement approach, and specifically the described movie use
case, we could say that many of the depicted steps may be simplified or substantially
improved. Our purpose was not actually getting the closest related movie, but to
offer a straightforward approach on YSM data services and external web services or
wrappers pipelining, proving how multiple semantic Web technologies can be linked
to obtain the desired result, with real benefits for the end-user.
We proved the feasibility of the platform for supporting an entity centric search
approach query enhancement using LOD to make possible the semantic mash-ups.
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Abstract. The main purpose of this paper is to prove that nowadays mobile
devices can serve successfully as hardware and software support for several types
of server-side applications. Also we’ll give some implementation solutions for
most topologies, including the worst case scenarios. Another very important
aspect of the current paper is that all the solution given should work in a real
life environment.

1. State of the art
Mobile devices have been created having in mind the fact that their role in distributed applications will be the role of a client and most of the time as a ”non-smart”
client (because of the poor computational power not many features can be found on
mobile based application, comparing to let’s say the desktop or the web version of
the same application).
During the last few years the technical capabilities of the mobile devices (mobile
phones, PDAs) have been increased in order to face the new challenges required by the
market (specially media requirements). Also the requirements for connected mobile
devices forced the manufacturers to add more and more features as nowadays it is a
common thing for a mobile device to have both WAN (GPRS, EDGE, 3G) [1] and
LAN (Wi-Fi) [2] capabilities.
2. Connectivity, networks, nodes
The most important part of a server side application is it’s visibility. The highest
visibility an application can get is if any device with an Internet connection can access
it. Unfortunately the policies of the mobile carriers do not allow mobile devices to
have public IP addresses because all traffic has to be paid by the user. On the other
hand, when talking about mobile server-side applications is the fact that the type of
the connection (GPRS[1], WiFi[2]) and the topology of the network is very dynamic.
Connections are made between network nodes. Network nodes are usually represented by machines. We always say: I ping-ed that machine. Ive made an ssh
connection [3] to that machine. Is this true? Yes and no. Yes because actually that
really happens and no because a machine is a little too generic. We actually connect
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to an application, a server application. So a network node is an application (server
or client application).
While studying mobile network topologies we’ve reached to the conclusion that
there are two types of networks, depending on the life cycle of the connection between
nodes. We’ll define these two types in the following statements:
Let N be the set of nodes in a network.
If a, b are nodes in a network there is a direct connection between a and b if a and b
share the same network (IP network).
Static network: If randomly chosen n and m out of N and if there is a direct connection between n and m that connection will not be changed.
Dynamic network: If randomly chosen n and m out of N and if there is a direct
connection between n and m that connection can be changed and no assumption can
be made on it.
Considering the elements defined above the following problem raises: Supposing that
n and m are two nodes in a dynamic network, the problem is to create an IP connection
between n and m.
3. Dynamic networks topologies
As said before in a dynamic network no assumption can be made upon the connection between nodes. This means that connections can be broken, new connections
can be made or some of the nodes can change the state into a NAT[4] type of connection.
The worst case is: Having in mind a permanent connection between 2 nodes located
in a dynamic network we can consider an worst case scenario (in terms of network
topology). The worst case scenario reproduces when the two nodes we want to connect are both in a NAT [4] topology, and the gateway that does NAT[4] for each of
them changes.
An example: We have two persons (Romeo and Juliet) who both have phones (lets
call the phones R and J). R is using a different mobile provider than J and both
phones have a WLAN connection available. The scenario is the following:
1.Romeo is at home and R is connected to the internet via the local WLAN[2] connection.
2.Same thing for Juliet.
3.Romeo wants to go to visit Juliet and as he gets far from home; the WLAN[2] connection is no longer available and R is connected now through 3G.
4.While R leaves the city the 3G is no longer available and R is connected through
GPRS[1].
5.In the same time Juliet comes to visit Romeo and she leaves home now using an
EDGE[1] connection.
6.When J arrives at Rs and R at Js they both use the others WLAN[2] connection.
7.Being upset for not finding Juliet at home Romeo went to a local in order to have
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a coffee. Now R is connected through the open WLAN[2] at the coffee shop.
So, in any of those moments the 2 phones R and J should be able to send data
from one to another.
4. A solution
The system that we are trying to implement has two main components:
• the rendez-vous server (R server) having as a main role the keeping of a live
server connection in order to be accessible from any network
• the name server (N server) which is responsible for keeping the name of the
server application
The two machines must have public internet addresses (IP) in order to be accessible
from any machine/device in the internet.

Figure 1. The proposed scenario
The scenario (see Fig. 1)
1.a connection is opened from the server phone to the R server in order to notify it
that a new application is available. During this step the server phone provides all the
data needed for back notification.
2.the R server opens a server connection on a required or random port and closes the
connection with the server phone.
3.the new application name along with the port is registered to the N server by R.
4.the client phone requests from the N server the host and the port where the application can be found.
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5.a new client connection is made by the client phone to the R server on the port
indicated by the N server.
6.the R server notifies the server phone on the fact that there is a new inbound connection (this is the back notification).
7.the server phone creates a new connection to the R server and the R server will
associate the 2 phone connections.
With this scenario it is possible to create connections between two node located in a
dynamic network in a client transparent way.
We’ve identified some areas where the system developed by us can be used. A first important domain is home automation. The main usage is that a mobile device (phone
or PDA) is located in the house and it plays the role of a bridge between the home
appliances and the remote device which is used as a remote controller. We’ve realized
two projects, one using Internet (IP) and one using GSM network. The main goal of
the projects was to prove that in real life mobile devices can be used to host server
side applications. One other domain identified is remote controlled machines. We
are currently developing a project which has as a main goal making of a boat that
can execute a mission based on GPS coordinates. The boat is controlled by a mobile
device located on it.
5. Conclusion
As proved in the statements above it is clear that there are several classes of
server side applications that can be hosted by mobile devices. Also there are a lot of
advantages of using a lite platform as a mobile one, such as power consumption and
space occupied by the device. Considering these aspects we think that this subject
should be investigated mainly in order to find new approaches of the technology and
to solve the problems created by the client oriented design of the mobile devices.
References
[1] Guide to GSM, GPRS, 3G, EDGE, HSDPA –
http://www.clove.co.uk/viewTechInfo.aspx?Content=3B2BD491-6465-4C70-ABDB5A12A06C3D8D&Category=TECHINFO
[2] Wireless LAN - http://en.wikipedia.org/wiki/Wireless LAN
[3] The SSH Protocol - http://www.snailbook.com/protocols.html
[4] Network address translation - http://en.wikipedia.org/wiki/Network address translation
[5] Bluetooth serial connection - http://developers.sun.com/mobility/apis/articles/bluetooth gps/part1
[6] X10 (industry standard) - http://en.wikipedia.org/wiki/X10 (industry standard)
[7] X10 CM11 interface - http://www.uk-automation.co.uk/computer-interface-p-996.html
[8] Windows Mobile 5 - http://www.pocketpccentral.net/wm5brief.htm
(1)

Faculty of Mathematics and Computer Science, Babes-Bolyai University, ClujNapoca, Romania
E-mail address: rubik@cs.ubbcluj.ro

KNOWLEDGE ENGINEERING: PRINCIPLES AND TECHNIQUES
Proceedings of the International Conference on Knowledge Engineering,
Principles and Techniques, KEPT2009
Cluj-Napoca (Romania), July 2–4, 2009, pp. 331–334

VIRTUALIZATION, THE SOLUTION FOR DYNAMIC IT
MIRELA CARMEN BIZON (FLOREA)(1)
Abstract. In a world in which things are changing rapidly at global level, when
organizations are spread functionally all over the planet, what gives priority to
competitors is mainly the imperative spirit of innovation. Information technology
and communications are omnipresent components and integrating parts of all
the organizations’ work environment. Employees communicate with partners
electronically, without ever meeting face to face. The disappearance of limits
regarding time, location, culture, business relation, software, leads to new and
diverse ways of process organization.

Within the economical environment that is influenced by the financial crisis, when
the main objective of organizations is to decrease expenses, the IT environment feels
the impact of recession and it must adapt by assuming a new approach that can
improve flexibility, efficiency and performance.
The IT projects are required to diminish costs, to increase effectiveness, and
all these without security breech or system instability generation. From the point
of view of the IT activity, of optimizing at each and every level (place, equipment,
administration, human resources, energy efficiency, etc.), the solution for all these
problems is represented by virtualization technology.
The word ”virtualization” originates in the well-known procedure of ”partitioning”, which means dividing one physical server into more servers. Virtualization was
defined as a programming layer that separates physical hardware from application
(Virtualization) and it was first introduced in the 1960’s.
First of all, in the 1990’s, the ”virtualization” concept was used to re-create
different work environments on only one hardware partition. The Gartner Group
made public at the Gartner Symposium / Itxpo yearly event, held in Orlando, SUA,
its traditional study about new key technologies of the next year - ”Top 10 Strategic
Technology Areas for 2009”. The conclusion of the Gartner specialists was that the
year 2009 will be the year of virtualization, of the new server generations (”Beyond
Blades”), of the Web Oriented architectures, of the specialized systems, of mash-ups,
of Social Software and Social Networking, of Business Intelligence technology and of
”Green IT”. [2]
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Babeş-Bolyai University, Cluj-Napoca

331

332

MIRELA CARMEN BIZON (FLOREA)(1)

Implementing such a server virtualization application allows only one physical
platform to run more virtual machines simultaneously. Each of these machines has
its own processor, its own memory, network interface, and the operation system that
functions on each virtual machine is called ”guest”. From the functional point of view,
each virtual machine is autonomous and it does not ”know” that the resources are
parted so that only one platform could have more servers (with the same operating
systems or even more different systems). Regarding the virtualization technologies,
one can usually choose either proprietary technologies or OpenSource.

1. The benefits of virtualization
Virtualization increases calculating capacity. Normally, the servers are dedicated
to only one application and to only one operating system, the degree of use of the
servers in a datacenter is about 17% according to a study made by the company.
Virtualization allows more systems and applications to function on only one physical server. With more virtual machines consolidated within a variety of hardware
resources, the utilization rate is monitored continuously and it increases up to 80%.
Virtualization helps us use the servers more effectively, the servers in which we have
invested time, money and knowledge. Decreasing the number of servers lowers the
cooling and supplying costs and it generates a considerable reduction of the occupied
space.
But not only physical factors are important. From a software point of view, the
companies can use the resources more flexibly or they can increase the availability of
services. The gained competitiveness cannot be calculated in financial terms, but the
advantage is visible. When a visible machine is too loaded because of virtualization,
a part of the virtual machines can be rapidly and easily moved to another physical
machine (server). This phenomenon is called migration. Concretely, the image of a
virtual machine is copied (a file) which is to be moved to another hardware system.
Another functionality of virtualization is represented by the testing capacity.
Most of the software companies but also the IT personnel of companies use virtualization to test diverse applications or procedures that run on diverse operating
systems. Cloning in such situations and generating a new virtual machine can be
accomplished in only a few minutes, as compared to installing a physical machine
which can last 2-3 hours. The configurations can be changed much easier and they
don’t require a physical machine for each modified configuration. The different testing
environments can run simultaneously on the same virtual machine, too, which implies
a better analysis of the test products.
Another benefit of the virtualization implementation is represented by the continuity of the business. In case of system errors that cannot be remediated, the data
can be rapidly recovered. The immediate relocation function will allow the execution
of the load balance operation of the virtual machines even while these are running.
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2. Data storage and data protection
The challenges of the virtual work environment are the storage method and administrated data protection. Replication can be made either within a ”host” operating system, more specifically within the same physical machine, by using dedicated
virtual machines, the method of hard disks, or within a ”guest” system - in the traditional way - by the help of a recovery physical machine. Replication from ”guest”
supposes that the disk can be written at host platform system level while all the other
applications will run at folder level.
The most secure and the most often used method is installing a target server
and a backup solution within the operating system of the host platform to realize
the replication of data directly on the target server. The target server monitors the
activity of the host operating system and in case that a problem might occur, a script
will run and will install an identical virtual server on the target server using the
replication of the data on the virtual disk.
Protecting multiple applications, replication of more virtual servers on a target
operating system implies permanent analysis of data and used replication technologies
because software and hardware compatibility problems may occur. The target server
must be able to install at any moment a virtual machine for each source server.
3. Case study. Projecting a virtual system within a public institution
According to the Romanian Constitution, art.135, point 5, the public institutions
came into being by power acts or by dispositions of the Central or Local Public
Authorities in order to accomplish commercial activities or to do non- patrimonial
public services. There are structures organized in each county and in Bucharest.
For the local and central administration, the computerized evidence is needed.
At the starting point of IT development, data storage process was not a problem,
thanks to the data type used (text and numeric data). The acquisition and the usage
of a server and using the corresponding storage system was enough. This is the Single
Server Architecture (SSA). At present the DSA - Distributed Server Architecture infrastructure is utilized, which is based on the usage concept for application servers,
data base servers, e-mail, schedule, internal application ERM/ERP/CRM.
This is not the best solution because once occupied the maximum storage capacity, adding a new server is necessary to supplement the stocking space. A brief
analysis of this situation discovers a lot of problems: the lack of a centralized storage
system, the users and the running processes are dependant on the best functioning of
the computer communication infrastructure, lack of a modern system of continuing
the activity and service restoration automatically in case of damage, many different
software and hardware configurations that are used, which leads to the impossibility
to apply centralized management, exploitation costs that keep on increasing (electric power, cooling Systems, storage Systems, physical space, personnel, personnel
specialization, etc.).
The solution of these problems can be virtualizing the processing resources, the
servers, installing virtualizing platform. This application ensures the centralized management of the entire computerized communication activity will decide the dynamic
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allocation of activities on the physical machines, will ensure system functionality in
case of damage.
4. Conclusion
The market of virtualization solutions is increasing continuously even during the
crisis period, especially because using virtualization solutions will become a necessity
in order to turn nowadays costs into more effective ones and to survive in the market.
From the point of view of the home users, virtualization will mean the appearance of on-line operation systems, which means that the personal computer will use
graphics cards and the motherboards online, on the Internet.
Regarding the small and medium enterprises, the next step in the IT industry
is integrated management of calculating resources, network, stocking environments
and virtualization in a unique system, the purposes being: maintaining perfection in
the IT environment, increasing productivity and improving the companies’ flexibility.
Thus, the IT departments must become more than they are being, when they are
only maintaining the system. Their role is to innovate.
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