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Fig. 5. Filter settings for adding plots to chart.

Fig. 4. The BMAnalyzer application.

selection of IP addresses. After the OK button is pressed, the
choice is evaluated and request is sent to the database. Chart
is created and shown in the analyzer window based on data
received from database.

Current version of BMAnalyzer is capable to measure and
visualize network traffic parameters such as byte rate, packet
rate and flow count. Variation of selected traffic parameter in
given time interval can be computed from user defined set of
particular traffic flows. Byte rate plot is suitable for overview
of utilization of network links and interfaces of devices. Packet
rate plot can be useful to localize network invasive traffic

sources. Using flow count monitoring it is possible to detect
denial of service attacks, computer viruses and port scanning
attempts.

IV. CONCLUSION

In this paper we introduced WebAnalyzer and BMAnalyzer
which represent our approach to construction of analyzing
application for network traffic monitoring. In the close future,
WebAnalyzer will become a part of more complex system
and will cooperate with more instances of BasicMeter over a
network. We also plan to implement more features like a new
interface and enhanced security.

We also plan to implement new features to the BMAnalyzer
such as table output, statistical analysis and measuring of
round trip time, which is important for performance analysis
of network traffic interactive services. For more accurate
selection of specific data from the database, filter will be
extended. As a significant step we consider enabling real
time monitoring of network traffic. To implement this part,
ACP protocol will be used, which was created just for the
purpose of direct communication between BMAnalyzer and
JXColl. Finaly, BMAnalyzer will be integrated as a module
to the WebAnalyzer, which will significantly increase its
accessibility.
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Abstract— In today´s technological time, which is result of 

many inventions and discoveries of new technologies by users, 
but also service providers and network operators are 
increasingly imposed requirements for broadband Internet 
access. This paper presents the FSO system for transmission of 
large amounts of data.  
 

Keywords—Free space optics, modeling attenuation FSO, FSO 
channel modeling 
 

I. INTRODUCTION 

 Free Space Optics (FSO) is a fibreless, laser-driven 
technology that supports high bandwidth, with easy to install 
connections for the last mile access. Free Space Optics 
systems are starting to gain acceptance in the private market 
place as a solution to replace expensive fiber-optic based 
solutions. Optical wireless now allows services providers to 
cost-effectively provide optical bandwidth for networks, 
reducing Capex. Today the modern internet users are very 
much inclined towards the high bandwidth demanding 
applications, like video on demand, video conferencing, voice 
services, etc. FSO is a well-suited technology to make the 
high bandwidth of the backbone (Fiber network) available to 
the end user [2]. The main advantages of using FSO are that 
there is no licensing or tariffs for their utilization, there is no 
need to dig up roads, and they permit very high bit rates and 
thus a high bandwidth connection [4]. 

 

II. FSO TECHNOLOGY 

      FSO system, respectively optical communication free 
environment can be defined as a telecommunications 
technology that uses spread of light to transmit information 
between two points. It is a broadband telecommunications 
technology for line of sight, LOS technology which uses 
optical pulses modulated signals for wireless data 
transmission. Unlike fiber optics, where light pulses 
transmitted glass fiber the pulses of light transmitted through 
the atmosphere of a narrow beam, respectively free 
environment. FSO technology does this transfer using light 
beams instead of radio waves as the current wireless 
technologies. In other words, an FSO based optical 
communication lasers without optical fibers. 
      FSO system is based on optical wireless connectivity 
between units of the FSO. The basis of this FSO is FSO 
optical wireless unit, each unit consisting of the optical 
transceiver which provides full duplex communication, i. e. 
two-way communication. Each optical wireless unit uses an 
optical source with lens or telescope through which it 

transmits light free environment to the telescope or lenses 
other wireless units. These lenses, respectively telescopes are 
associated with highly-sensitive optical receiver via optical 
fiber. 
       FSO communication system is type point to point 
communication of two equal nicety optical transceiver 
mounted on a route with directly visibility. Usually these are 
transceiver mounted on roofs or windows of buildings and 
usually consist of the laser transmitter and optical detector as 
the receiver which is given full duplex communication. FSO 
systems operate in the order of tens of meters distance to 
several kilometers. FSO system operates in the infrared 
spectrum (IR) which adjoins of the visible spectrum. The 
human eye is invisible optical beams. It is therefore very 
important for the safety of using these systems. Operability of 
these systems in the frequency domain falls within the range 
of hundreds terahertz what analogy correspond to the 
operating wavelengths on the order of tenths of micrometers. 
Modern FSO systems operated in the infrared radiation 
wavelength range 0,75 � 0,85 �	 and 1,55�	. In terms of 
safety and protection of the human eye is better choice for the 
application of laser working wavelength 1,55�	. The 
wavelengt of 0,85 �	 optical beams to get across the cornea 
and lens on the retina which can occur in permanent damage 
to the eye. Conversely, using a system with a wavelength of 
1,55�	 optical rays are absorbed by the lens and cornea and 
thus there is no damage to the retina. 
       FSO systems provide transmisson speeds in the range of 
the order of hundreds of Mbps to several Gbps (100 Mbps, 
155 Mbps and 622Mbps) There is commercially available 
transfer rate 2,7Gbps ,being tested speed 10Gbps. The 
aforementioned transfer rates giving rise to the transfer of 
large volumes of data at the time of friends, for example 
transmission of video, voice and various multimedia. 

A.  FSO principle 

    FSO principle is based on previous knowledge simply in 
the following five points: 

1. required data coming from the network interface to 
the first FSO unit, where the digital signal will 
increase and converges to the optical signal, 

2. broadcasting part of the first FSO unit by laser sends a 
signal through an optical lens or a telescope and then 
using the detector receives for optical signal 
transmission, 

3. receiver part of other FSO unit accepts a beam of light 
through the lens or a telescope and then using detector 
the broadcast optical signal, 

4. optical signal is obtained converges to the original 
electrical signal, amplifier is amplified and comes to 
the second interface of unit FSO,  
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5. inverse transfer, i.e.  from the second unit to the first 
FSO unit is implemented in an identical manner – 
duplex transmission 

     
        To illustrate the points described above are shown in 
Fig. It should be noted that is it the simplified model of 
communication based on FSO technology, real 
communication take place in more difficult partial steps. 
 

 Fig.1 FSO principle [1] 
 

 

B. FSO advantages 

1) Interference between devices 
       There are not to interferences as on WI-FI card, because 
on the side of receiver is small point of the beam, so you can 
put around 7000 FSO facilities on 1kilometer square. 

2) Capturing data 
       Capturing it is almost impossible for a small active range 
of the beam for the receiver. It would have to be used the 
same technology, moreover, the data going through this 
device can encode. 

3) Low latency 
        FSO equipment has very low latency because it 
communicates the speed of light. It is also somewhat faster 
than the optical fiber because speed of fiber is limited by 
refraction of light.  

4) Improved speed 
         Actual speed is 10 Mbps full-duplex. There are not 
delays (attenuation or waiting for waves) than with Wi-Fi. It 
has not speed control, so it can transmit data only 10 Mbps 
speed.  

5) The maximum distance range 
         Distance is limited transmitter power and weather. The 
laser transmitter may reach several kilometers, but in severe 
fog loses the ability to transfer. Infrared wavelengths are 
better performance in fog, but not unlimited.  
 

C. Channel Modeling 

         Power proposal for each communication system is 
heavily dependent on a precise understanding of the spread in 
the transmission channel. Selection of the appropriate 
modulation and coding is the most important for 
comprehensive model describing the channel attenuation and 
scattering characteristics of terrestrial FSO links. The aim of 
modeling channel is develop channel with similar properties 
will in fact be used to test the effectiveness of modulation. 
The proposal should take into account several system 
parameters. The effectiveness of land FSO links is depending 

mainly on climatic and physical characteristics of the selected 
areas. [1] 

D. Modeling attenuation 

         Terrestrial FSO links have to deal with the atmosphere 
just above the Earth´s surface, where the maximum density 
due to gravitation forces. The atmospheric attenuation 
recognize attenuation molecular absorption, Rayleghiho 
scattering and aerosol scattering. Molecular absorption is a 
resonance effect of electrons and nuclei of atmospheric 
molecules. Aerosol scattering is caused by droplets and 
particles that are larger than the wavelength. Attenuation in 
the atmosphere FSO systems typically dominated by fog, but 
it is also affected by low clouds, rain, snow and the threshold 
of their various combinations. Molecular absorption can be 
minimized by appropriate choice of optical wavelength. 
 

E.  Attenuation effects of rain 

         Rain causes attenuation of optical signal. Rain drops are 
typically average about 0, 2 mm. Since the wavelengths are in 
the nanometer range, causing drops significantly less 
attenuation, much less then the fog. Scattering effects of rains 
drops is called non-selective because the size of the drops is 
much larger than the wavelength that causing effect 
independent of wavelength. [5] 
 Attenuation due to rain is given by: 

��
�� � 1,076. �
�

�  ��/�	                            (1)    
   where R is the rainfall rate in mm/hr. Figure 2. shows the 
simulation curves of rain attenuation.  
 

 
Fig. 2 Simulation curves of rain 

 

F.   Attenuation effects of snow 

        Snow causes attenuation depends on the wavelength 
optical signal. Attenuation due to snowfall was modeled as 
dry and wet snow and specific attenuation is given as follows: 

 
����� � ���  ��/�	                              (2) 

    
 , where    �– snowfall rate in mm/hr 
                 parameters � and   for the dray snow :  

 � � 5,42. 10#$� % 5,4959776;    � 1,38 
                 parameters � and   for wet snow : 
                 � � 1,023. 10#)� % 3,7855466;    � 0,72 
           
                 * � introduced wavelength in nm  
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Figures 3 and 4 show the simulated attenuation for dry and 
wet snow. [3] In Figure 5 we see the difference between the 
attenuation characteristics of dry and wet snow.  
 

 
Fig.3 Simulated attenuation for dray snow   

 
 

 

 
 

Fig.4 Simulated attenuation for wet snow   
 
 

 
 

Fig.5 Simulated attenuation for wet and dry snow   

III.  CONCLUSION 

Optical Wireless is an excellent nomadic broadband 
solution, supporting high bandwidth and services quality. This 
technology should be seen as supplement to conventional 
radio links and fiber optics. The use of low cost FSO-systems 
for private users. At the moment the main work in this field is 
to increase reliability and availability. Those two parameters 
of the FSO link are mainly determined by the local 
atmospheric conditions.   
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Abstract—Very important part of our daily lives are activities, 

requiring special level of private safety. Data security in any sort 

of eletronic communication is indispensable. Security,  practicaly 

in any kind of software solution, is the more important, the more 

is system vulnerable to attacks of various kinds. Intrusion 

detection systems are one possible solutions for these problems. 

This kind of system is in most cases implemented as a primary 

security and monitoring center. Durability against failures and 

ability to regenerate from system errors is therefore problem 

worth research. This paper talks about basic decentralized 

architecture of intrusion detection system, focusing on 

minimalisation of single points of failure and supporting 

encryption of internal communication. It has ability to resize on 

the fly and ability to regenerate from error states without turning 

off. 

 

Keywords: Network based intrusion detection system, distributed 

intrusion detection system, multicast, communication encryption, 

parallel computing 

 

I. INTRODUCTION 

The research about intrusion detection systems using the 

agent based detection representative program approach can be 

separated into multiple levels. Some important and related 

researches are AAFID [4], DOS resistant IDS [5] mobile 

agent based IDS [6,7] and recoverable IDS approaches [8, 9]. 

Communication over multicast channel is occasionally used 

too [10, 11] 

II. ARCHITECTURE 

From a structural point of view, DIDS modules can be 

divided into two groups. Agents, which are monitoring the 

system, and logical modules, their work is detection of 

anomalies. In presented architecture, agent is an active part of 

system gathering information by monitoring selected 

environment. Stored information are analyzed and compared 

to default behavior tables.  If there was some activity during 

monitoring, that was marked as suspicious, it is sent to other 

agents in the same network segment. Cooperation of agents on 

analyzing possible non default behavior of some activity has 

multiple pros. It prevents sending duplicate data to logical 

modules for deeper analyzing. If there is no success on agent 

level, there is no activity on logical module. Therefore, many 

unconfirmed possible attacks are removed before they are 

even deeply controlled by another layer of the system, so 

sharing of information between agents is decreasing amount of 

false alerts. If there is an agreement present in critical amount 

of detection rules, then these are moved to suspicious activity 

buffer prepare for deep analyses on logical module layer. Duty 

of this layer is to confirm, or deny the primary mark as a 

suspicious data, predetermination of importance, level of 

danger and appropriate reaction. 

III. PROCEDURE OF ERROR STATE HANDLING 

It is well known fact, that creating of false alert is normal 

behavior of every intrusion detection system. In case of 

distributed system, node that alarm is in false state and it 

needs to be corrected. In this architecture proposal, there is 

very important diversification in creation of false state into 

multiple levels. Result is then more optimized and resources 

usage split. Last but not least single points of failure are 

minimized. System regeneration is divided into two levels. 

Regeneration after wrong evaluation of monitoring data by 

agents (synchronization of agents) second level is recovery 

after wrong identification, or activity joining with some 

particular attack in logical IDS module (synchronization of 

logical modules) Following is important in case of agent 

synchronization. If the activity was finally evaluated as normal 

potential attack was cancelled. All agents that were reporting 

potential attack, will be synchronized with common 

knowledge. Of course possibility, that anomaly is located only 

in one segment of the network and can be detected only by 

small amount of agents is taken under consideration too. 
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Fig. 1. System topology based on mentioned architecture 
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IV. INTERNAL COMMUNICATION 

 

Internal communication is the key aspect in tendency to 

achieve milestones made at the beginning of his paper. Whole 

communication is based on hybrid encryption. Logical module 

is taking care of encryption key distribution for all agents that 

are signed to it. Communication between agents, will be 

implemented as a IP Multicast ring. Communication between 

logical modules will be implemented in the same way as IP 

Multicast  ring(Fig 1). Initial encryption keys are built into the 

module during installation process. Every datagram inside of 

internal communication is carrying unique byte (or set of 

bytes) in its header. Thanks to this approach are all datagrams 

that belong to internal communication better recognizable 

from other communication inside the network. There is lower 

chance to attempt to decipher the invalid content, and the 

marked diagram is in most cases immediately discarded. Other 

uses are offered directly by the proposed DIDS, when a 

private communication between a group of agents, although it 

is available to them superior ITS junction, will not be taken 

into account by this junction as the unique byte is different for 

communication between the logical IDS nodes and data flow 

between sensors. As it has been said earlier, hybrid encryption 

is used for whole communication. After asynchronous key 

exchange, the symmetric encryption is used, and the 

communications may/can be monitored by potential attackers, 

the cipher used is changed in regular intervals. Another 

catalyst for the launch of a new redistribution cipher between 

the various elements of the proposed DIDS is the detection of 

a possible attack on one of the active nodes of the system. In 

this case before updating the communication is interrupted 

with the compromised element, whereas the already used one 

could be compromised. 

 

 
Fig. 2.  Picture of system architecture and internal communication between 

single system modules. 

 

 

 

V. INITIALIZATION OF NEW NODES 

 

Initialization of new agent and its connection to internal 

communication works as follow. . Encryption key pair Pk and 

Vk is already present in basic installation package, as well as 

multicast channel identifier is present. First action is 

initialization request sent to default multicast channel. All 

logical modules can decrypt this message because keys are 

part of their installation. Node with smallest amount of nodes 

is chosen to continue the operation. Chosen node then send 

current cypher for communication between agents related to 

this logical node, bit sequence needed for communication with 

logical IDS nodes and bit sequence needed for communication 

between agents. These bit sequences are added to every 

datagram header. Last thing that agent receives is identifier of 

multicast channel for inter-agent communication. New agent 

responds to its superior logical IDS node confirming message 

encrypted with received encryption key and special bit 

sequence in every datagram. Superior node is sending list of 

all active agents as a response. After this action, initialization 

phase is successfully completed. 

 

Connection of logical module to DIDS network, logon 

procedure and verification of incoming node is divided into 

multiple phases. Encryption key pair Pk and Vk is already 

present after basic installation, it also possess second pair of 

encryption keys for communication with its future agents and 

channel identifier of multicast. Node, that is performing logon 

action will send a request to whole multicast group. This 

request is encrypted with Vk key. Every member of multicast 

group will respond its own identifier. (encrypted with 

initialization public key Vk) Received list of IDs is sent back 

to multicast group. This procedure is necessary to confirm, if 

new node understand the communication, therefore is able to 

decrypt and encrypt data. If it is not, it is an attacker trying to 

use random packets, or data sniffed from previous logon 

attempts. After this security precaution will node with highest 

uptime send current cipher for synchronous communication 

inside the multicast group. Node will also receive new 

multicast channel identifier, where this communication is 

performed, because this channel was only channel for 

initialization. New node is then sending confirmation message 

to new channel encrypted with new key, informing others, that 

everything went as expected. 

VI. CONCLUSION 

Every layer of proposed DIDS is created from equal nodes. 

This information is important when taking to consideration, 

that every node in the architecture is redundant. Failure or 

absence of any node is not crucial for runtime. Agent nodes 

are able to move to replace other dead or attacked agent 

module module.  

This paper presents architecture proposal of distributed 

intrusion detection system with focus on effective resource 

handling, security and encryption of internal communication 

and error state regeneration without need of system restart or 
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shut down. Architecture has minimized most of single points 

of failure, therefore it is showing better stability results than 

standard architectures. Part of responsibilities were moved to 

agents to lower system requirements as a result of faster 

detection of some false states. 
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Abstract—Video transmitted over unreliable environment, like
wireless channels or in generally any network with unreliable
transport protocol, is subject to packet loss due to network
congestion and channel noise. Therefore it is necessary to study
impact of packet loss to obtain knowledge about effect on the
video quality. Packet losses can be modeled through Markov
chains based network models. In our paper we have analyzed
in which way has occurred packet losses during transmission of
video through wired network and we have computed parameters
of the Gilbert model.

Keywords—Gilbert loss model, ns-2, video streaming.

I. INTRODUCTION

Most of the Internet traffic is controlled by the Transmission
Control Protocol (TCP) protocol, which uses retransmission to
control loss rates. However, TCP is not suitable for real time
multimedia applications while it introduces some undesirable
delay.
Another widely used transport protocol is the User Datagram
Protocol (UDP). It is also unsuitable for multimedia trans-
mission, while UDP does not guarantee ordered delivery of
packets. Therefore the Real-time Transport Protocol (RTP)
protocol based on UDP is widely used for multimedia stream-
ing applications.

Packet loss is the main factor which degrades the visual
quality of video content transported through networks based on
IP protocol. Content of such real-time multimedia application
should be delivered without any significant packet loss and
with low delay.
Video transmitted over wireless environment, or in generally
any network with unreliable transport protocol, is facing the
losses of videopackets due to network congestion and noises
of different kinds. By using highly efficient videocodecs prob-
lem is becoming more important. Visual quality degradation
could propagate to the subsequent frames due to redundancy
elimination in order to gain high compression ratio. Therefore
it is necessary to know in which way the packets are lost and
one of the possible ways to learn about losses is creation of
networks model.

The impact of packet loss can be studied from recorded
measurement traces of traffic and loss patterns. To generate
error process with similar characteristics as observed in mea-
surements, stochastic model can be modeled [1]. The most
popular examples of such models are discrete-time Markov
chain models. The use of discrete-time Markov chain models
has been proposed in [2]. Discrete-time Markov chain mod-
els of increasing levels of complexity, including the 2-state
Markov chain model have been described in [2], [3].
Obviously, Gilbert model is simple but its major drawback is
inability to correctly model heavily tailed error runs. In such

cases Hidden Markov models with up to five states are used
to model the distribution of error and error-free burst lengths
[4].

In our paper we have transmitted video through wired
network and after that we have constructed Gilbert model for
our network topology from recorded packet sequence numbers.

II. PACKET LOSS MODELING

In order to evaluate quality of transmission we have random
variable X. If packet is not lost then X=0, otherwise X=k for k
lost packets. After that we can build loss model with infinite
number of states (m is infinite value. Such model gives us
opportunity to model packet loss probabilities in dependence
on burst lengths (several consecutively lost packets). For every
additional lost packet which adds to the length of a loss burst
a state transition takes place. If packet is correctly received,
then the state returns to X=0 [4].
State probability for system with k > 0 is P(X ≥ k).For
finite number of received packets a, state probabilities of the
system with k > 0 can be approximated with cumulative loss
rate [4]:

pL,cum(k) =
∞∑

n=k

pL,n (1)

Cumulative loss rate for k=0, thus for no loss case, can be
computed according the following equation:

pL,cum(k = 0) = 1−
∞∑

k=1

pL,cum(k) = (2)

1−
∞∑

k=1

∑∞
n=k on

a
= 1−

∞∑
k=1

kok

a
= 1− pL

where ok (on ) is occurrence of loss with length k (n).

A. Gilbert model

Packet loss measurements on the Internet have shown that
the probability of loss episodes of length k decreases approxi-
mately geometrically with increase of k [3]. Thus it is possible
to use simpler packet loss model, e.g. Gilbert model.
Special case of k-th order Markov chain model is Gilbert
model with k=2.
In this model, 0 represents state with no packet loss and on
the other hand 1 represents the state of packet being lost.
The matrix for transition probabilities and for state probabili-
ties can be expressed in form:[

1− p01 p10

p01 1− p10

] [
P (X = 0)
P (X = 1)

]
=
[
P (X = 0)
P (X = 1)

]
(3)
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For unconditional probability P(X=1) holds the following
equation:

P (X = 1) =
p01

p01 + p10
(4)

If previous packet is lost, then for conditional probability of
having loss holds:

P (X = 1|X = 1) = 1− p10 (5)

Gilbert model memorizes only the previous state, thus the
probability the next packet will be lost is dependent only on
the previous state.
Transition probabilities p01 and p10 can be expressed with the
following equations:

p01 = P (X = 1|X = 0) =
∞∑

k=1

ok

a
(6)

1− p10 = P (X = 1|X = 1) =
∑∞

k=1(k − 1)ok

d− 1
(7)

The probability of having a loss episode with length k [3]:

pk = (1− p10)k−1p10 (8)

III. EXPERIMENTAL RESULTS

In experimental part of our work, we have transmitted video
sequences through a fixed network using RTP protocol. There-
fore we have modeled network topology with 12 computers
and one video server in The Network Simulator–ns-2. The
video server was source of video sequences, one PC was
receiver of video traffic and other PCs have introduced some
background traffic using FTP and CBR agents. The data rate
used by this agents was 0.5Mbs and it was tried to transmit
several flows in every node (1–6 flows). As a transport protocol
RTP was used.

We have used Akiyo, Foreman, Mobile and Stefan video
sequences with CIF resolution, and sequences created from
previous sequences with length up to 1h40min.
The video sequences were coded using MPEG-4 codec, after
that they were streamed with VLC using MPEG transport
stream and captured with rtptools in order to obtain video
in RTP packet format.
This converted files were transmitted through the network
topology made in ns-2, each video sequence at least ten
times. At the end of simulation we have obtained file with
order numbers of transmitted packets and received packets.
After that MATLAB has been used to compute transition
probabilities and also unconditional probabilities as an average
of partial results for every video sequence with standard length
300 frames and Gilbert model was made:[

p00 p10

p01 p11

]
=
[

0.91537 0.79802
0.084629 0.20198

]
(9)

[
P (0)
P (1)

]
=
[
0.904179
0.095821

]
(10)

This process was repeated, but for background traffic were
used more CBR streams (up to six). Again, transition proba-
bilities and unconditional probabilities were computed as an
average of partial results for every video sequence:[

p00 p10

p01 p11

]
=
[
0.80151 0.77453
0.19849 0.22547

]
(11)

[
P (0)
P (1)

]
=
[
0.796
0.204

]
(12)

The conditional probabilities of loss p11 = 0.20198 in the first
case and p11 = 0.22547 for second case are larger than the
unconditional probabilities P1 = 0.095821 and P1 = 0.204
as it has been shown in [3]. These results also confirm that
loss has appeared in bursts.
Interesting fact is also the length of loss episodes. In our
network topology, the longest loss episode includes ten packets
but the most frequent loss episode takes only two packets.
Packet losses were concentrated mostly to loss episode with
two packets. There were only several loss episodes with 10
packets.
After adding more background traffic the loss episodes have
kept their allocation, the difference was in frequency of packet
losses. As it was expected, more CBR streams led to bigger
packet losses.

IV. CONCLUSION

In this paper, we have studied packet losses during trans-
mission of video through a fixed network.
Even though the most used protocol for data transmission is
TCP, RTP is more suitable for multimedia delivery, while
it supports jitter compensation and out of sequence arrival
detection, which have occurred during the transmissions on
an IP network. Therefore we have used RTP as a transmission
protocol in our ns-2 simulations.

To study impact of packet loss, packet loss models have
been proposed in the literature. We have decided to use Gilbert
model as a loss model, for which we have computed transition
probabilities and unconditional probabilities. It is obvious from
our results that losses have appeared in bursts as was expected.
The longest packet loss episode takes ten packets, but the most
frequent are episodes with two packets.
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Abstract—Nowadays, lots of different kinds of Petri nets exist 

in which time aspect is incorporated. The most popular Petri net 

model for specification and verification of real-time systems are 

Time Petri nets. For analytical purposes of Petri nets the most 

suitable method is the reachability analysis. An important issue 

for time-critical systems is the end-to-end delay derivation in 

task execution. The CS-Class technique for reachability problem 

solution takes this issue into account for Time Petri nets. In this 

paper the CS-Class approach of Time Petri nets is applied to 

Time Basic Nets. Time Basic Nets represent the upper class of 

Time Petri Nets. 

 

Keywords—CS-Classes, Reachability problem, Time Basic 

Nets, Time Petri Nets.  

I. INTRODUCTION 

Real-time systems, such as patient monitoring systems, 

aircraft control systems or traffic control systems, are very 

common in our everyday life. Even the smallest failure in 

such a system can cause enormous damages or loss of human 

lives. That’s why these systems must be carefully and 

precisely verified.  

Several extensions of Petri nets with incorporated time 

issue have been already proposed [1], [2], [3], [4], or [5]. The 

most used are Time Petri net, Stochastic Petri nets and Time 

Basic Nets. Time Petri nets are capable of modeling real-time 

systems but just a specific part of them. Time Basic Nets on 

the other hand have all the advantages of Time Petri nets plus 

they have a bigger modeling power. 

II. TIME PETRI NETS 

A. Basic Definitions 

Time Petri Nets (TPNs) are Petri Nets where to each 

transition a static time interval (SI) is assigned [1] – [4]. The 

smallest time value of these time intervals is called Static 

Earliest Firing Time (SEFT) and the largest time value is 

called Static Latest Firing Time (SLFT). The Static Firing 

Interval of the transition will be the closed left bounded 

interval of times comprised between its SEFT and SLFT. For 

two time intervals I1 = [u1, v1] and I2 = [u2, v2] with 0 ≤ ui ≤ vi 

≤ +∞ we define I1 + I2 = [u1 + u2, v1 + v2] and I1 – I2 = [u1 – u2, 

v1 – v2]. 

A state in TPNs is a pair S=(m, I) where m is a marking and 

I is a firing interval set (function) which associates with each 

enabled transition the time interval in which the transition is 

allowed to fire. 

From the initial state a new state can be reached by a given 

sequence of firing times corresponding to a firing sequence. 

Since all time intervals assigned to transitions consist of real 

numbers the number of reachable states produced by the firing 

of a single transition is infinite. To handle this problem a state 

class is introduced.  

A state class represents all states reachable from the initial 

state by firing all feasible firing values corresponding to the 

same firing sequence. More formally, a state class is a pair C 

= (m, D) in which m is the marking of the class and D is the 

firing domain of the class, which is defined as the union of the 

firing domain of all the states in the class. All states in the 

class have the same marking. A transition t is firable from 

class C = (m, D) if t is enabled by marking M, and may fire 

before the minimum of all LFT’s related to all enabled 

transitions. Firing rules in detail can be seen in [3] and [4].  

B. Clock Stamped State Classes of Time Petri Nets 

 As we will see later, clock stamped state classes are very 

helpful in those cases, when we want to find the answer to the 

question, whether some process or action ends its execution 

until a specified time [3]. 

A clock stamped state class (CS-class) is a 3-tuple C = (m, 

D, ST) where m is a marking; D is a firing domain, i.e., a set 

of constraints on the values of the time to fire for transitions 

enabled by current marking m. D(ti) represents the firing 

interval of an enabled transition ti. The left bound of D(ti) is 

denoted as EFT(ti) (earliest firing time) and the right bound of 

D(ti) is denoted as LFT(ti) (latest firing time); ST represents 

the (global) time interval of the CS-class. 

For an enabled transition ti, D(ti) gives the global firing 

time interval of ti. The word “global” means a relative 

counting of values to the beginning of the net’s execution 

from the initial CS-class C0. The initial CS-class is defined as 

C0 = (m0, D0, ST0) where m0 is the initial marking, D0 contains 

all the static firing time intervals of the transitions enabled in 

 
Fig. 1.  A simple TPN 

  

290



SCYR 2010 - 10th Scientific Conference of Young Researchers – FEI TU of Košice 

M0, and ST0 = [0, 0]. ST represents the global time delay 

interval in which the net runs from C0 to current CS-class C. 

The following firing rules guide the generation of all 

reachable CS-classes of a TPN. An enabled transition tj is said 

to be firable at CS-class Ck if EFTk(tj) ≤ min{LFTk(ti), ti

E(Ck)}, where E(Ck) is the enabled set at Ck. Let Fr(Ck) be the 

set of firable transition at CS-class Ck, and let 

( ) min{ ( ), ( )}.k k i i kMLFT C LFT t t Fr C          (1) 

 

where MLFT(Ck) defines the minimum of latest firing times of 

all firable transitions in Fr(Ck). The firable transitions in 

Fr(Ck) can be divided into two groups: a) inherited firable 

transitions thaht were firable before Ck is reached and b) new 

firable transitions that begin firable at Ck. The firing of 

transition tf Fr(Ck) changes the CS-class to Ck+1. If CS-class 

Ck = (mk, Dk, STk) and Ck+1 = (mk+1, Dk+1, STk+1) then the 

following steps define transition firing rules: 

1) Calculate Dk(tf), the feasible firing intervals of the firing 
transition tf, by shifting right bound of D(tf) to 
MLFT(Ck) while keeping its left bound unchanged, i.e., 

          1( )  [ ( ),  ( )], ( ).k f k f k k k fD t EFT t MLFT C ST D t  (2) 

 
2) The calculation of firing intervals of inherited firable 

transitions in CS-class Ck+1 can be done following 
ways: 

a) Let 1' ' ( )k k fm m B t  and collect (inherited) 

firable transitions at 1'km . Function B(tf) is 

responsible for removing tokens from input places 
of transition tf. 

b) Let Dk+1 = Dk and delete from Dk+1 all entries 
whose corresponding transitions are disabled by 

1'km . 

c) For each inherited firable transition tj (tj ≠ tf) at 

1'km , let 

                 1( )  max( ( ), ( )).k j k j k jEFT t EFT t EFT t
 (3) 

 
3) Calculate the firing intervals of new firable transitions 

after firing tf: 

a) Let 1 1' ( )k k fm m F t  and collect new firable 

transitions. These transitions are firable in 1km  

but not in virtual marking 1'km . Function F(tf) is 

responsible for adding tokens to the output places 
of transition tf. 

b) Add into Dk+1 entries that corresponding new 
transitions at mk+1: if tj (tj ≠ tf) is new firable 
transition at mk+1, then 

                  1 1( ) ( ) .k j j kD t SI t ST   (4) 

 
c) If tf is still firable at mk+1 after its own firing, then 

              1 1( ) ( ) .k f f kD t SI t ST   (5) 

 

Formal proofs and examples for the above mentioned 

approach can be found in [3]. In Section IV a modified 

version of this approach will be used to generate the reachable 

state classes of Time Basic Nets.  

 

III. TIME BASIC NETS 

Time Basic nets (TB nets) are a particular case of Time 

Environment Relationship nets (TER nets) [8]. When we 

assume that the only types of tokens in TER nets are time 

values (chronos) then we get TB nets .TB nets have been 

introduced in [2].  

A. Basic Definitions 

A TB net can be characterized as a 6-tuple where P, T and 

F are, respectively, the sets of places, transitions, and arcs of 

nets. The preset of transition t, i.e., the set of places connected 

with t by an arc entering t, is denoted by t . Symbol Θ (a 

numeric set) is the set of values (timestamps), associated with 

the tokens. A timestamp represents the time at which the 

token has been created. In the following, we assume Θ to be 

the set of non-negative real numbers, i.e., time is assumed to 

be continuous. Function tf associates a function tft (called 

time-function) with each transition t. Let enab be a tuple of 

tokens, one for each place in t . Function tft associates with 

each tuple enab a set of  value θ ( ), such that each 

value in θ is not less than the maximum of the timestamps 

associated with the tokens belonging to enab. At this moment 

we can define the enabling tuple, enabling time and the firing 

time. 

Given a transition t and a marking m, let enab be a tuple of 

tokens, one for each input place of transition t. If tft(enab) is 

not empty, enab is said to be an enabling tuple for transition t 

and the pair x = <enab, t> is said to be an enabling. The triple 

y = <enab, t, τ> where <enab, t> is an enabling and 

( )
t

tf enab , is said to be a firing. τ is said to be the firing 

time. The maximum among the timestamps associated with 

tuple enab is the enabling time of the enabling <enab, t>. 

Firing occurrences, which ultimately produce firing 

sequences, define the dynamic evolution of the net (its 

semantics); markings represent the states and transitions 

represent events of the modeled system. 

The following axioms must hold in TB nets: time never 

decreases; if the system does not stop, time eventually 

progresses. More axioms for TB nets can be found in [2]. 

In TB nets we can distinguish two time semantics: weak 

and strong time semantics. At this point we will describe the 

advantages and disadvantages both of them. 

 

 

 

 
Fig. 2.  A simple TB net 
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B. Weak and Strong Time Semantics 

As it was mentioned above two time semantics can be 

considered in TB nest. These time semantics are weak time 

semantics (monotonic weak time semantics - MWTS) and 

strong time semantics. The following axioms hold for both 

time semantics. 

Axiom 1: All the times of the firings of an MWTS firing 

sequence σ must be no less than any of the time stamps of the 

tokens of m0. 

Axiom 2: All the times of firings of an MWTS sequence σ 

are monotonically nondecreasing with respect to their 

occurrence in σ. 

Axiom 3: For all ,  there exists k, k ≥ 0, such that all 

firing sequences with at least k firings contain at least one 

firing whose time is greater than τ, i.e. the number of firings 

that can occur within a given time interval is bounded. 

Axiom 1 requires that all firings must occur not earlier than 

the times associated with the tokens in the initial marking m0. 

Axiom 2 describes the monotonicity of the occurrences of 

firings in the sequence with respect to their firing times. 

Axioms 1 and 2 capture the fact that time never decreases. 

Axiom 3 states that if the system does not stop, time 

eventually progresses, or in other word, there exist no 

infinitely long firing sequences that take a finite amount of 

time. This property is often required in real-time system 

models [6]. 

For strong time semantics (STS) the following two axioms 

must hold in addition:  

Axiom 4: No enabling tuple exists in the initial marking m0 

whose maximum firing time is less than maximum of the 

timestamps associated with the tokens in m0. In this case the 

marking m0 is called strong initial marking. 

Axiom 5: Let σ be a monotonic weak firing sequence of a 

TB net with a strong initial marking. σ = <y1, y2,…, yi,…> is a 

strong firing sequence if and only if for each transition t and 

for each reachable marking mi, 1≤ i, there exists no tuple enab 

enabling transition t in mi such that the time of firing yi+1 is 

greater than all the firing times of t under tuple enab. 

C. Time Interval Semantics 

Instead of time point semantic a more powerful time 

semantic can be used [7].  

Interval semantics of TB nets give us the opportunity to 

assign a time interval (TI) to each token. This time interval 

specifies the time values in which the tokens can be created. 

Using TI instead of timestamps gives us a bigger modeling 

power. Any token (chronos) τ in TI is considered to be a TI 

[ , ]i a  , where [0, ] . In TI semantics we 

replace any enabling tuple | |1( ( )... ( ))tenab m p m p  with a 

corresponding collection of TIs that is called Time Interval 

Profile (TIP). Besides the set operation ,  ,  ( )c  a new 

operation “+” is defined. For a given constant c   and TI 

[ , ]i a   we have: c + τ = [τi + c, τa + c], c . τ = [τi . c, 

τa . c]. For TIs τ’ and τ’’ we have:; τ’ + τ’’ = τ  τ = [τi, τa], 

τ’ = [τ’i, τ’a], τ’’ = [τ’’i, τ’’a], τi = τ’i + τ’’i, τa = τ’a + τ’’a.  

Given TB net N0 = (P, T, Θ, pre, post, tf, q0), then tft(enab) 

has for a given enab the unique representation  

                    ( ) (0)t ttf enab en tf                           (6) 

where τen is a TI that depends on enab, tft(0) is a TI that 

does not depend on enab. To put it another way, any t-

generated TI τt can be represented as a sum of two TIs: τen- 

the determinate TI that depends on TIP enab in question and 

on t (or tft) and a constant TI tft(0), which depends only on the 

structure of the TB nets in question.  

According to the above mentioned unique representation of 

enab some interesting features can be found in [7] and [9]. 

IV. CS-CLASS APPROACH IN TIME BASIC NETS 

As it was mentioned earlier, reachability problem for time-

critical systems is quite different then for ordinary systems. 

Several researchers tried to solve this crucial problem [7] – 

[12]. Unfortunately, no general solution of this problem exists 

for Time Basic Nets. 

For the TB net shown on Fig. 3 we will apply the 

generation rules introduced in section II. For this TB net a 

strong time semantic is used. 

To use the generation rules we simply replace the names of 

the places in all time functions with concrete time values. The 

time values (time intervals) are written in square brackets, i.e. 

the marking m0=([0],0,[0],0,0,0) shows, that the place p1 and 

p3 has one token with time value zero (marked as [0]) and 

place p2, p4, p5 and p6 has no tokens. 

In TB nets the (global) time interval is not used in the same 

way as in the CS-Class of TPNs. In TB nets the (global) time 

interval represents the same time value as the time (time 

interval) of the newly created tokens. 

For the TB net shown on Fig. 3 the initial CS-Class is C0 = 

(m0, D0), where  

0

0

301 20 0 0

[0,0],

([0],0,[0],0,0,0),

( ) :[30,50], ( ) :[10,7{ }.0], ( ) :[40,90]D D D D

ST

m

t t t
 (7)

 

 

From the initial CS-Class C0 three transitions are enabled; 

t1, t2 and t3. After the firing of transition t1 the new CS-Class 

C1 = (m1, D1) can be computed in the following way 

 

 

 

 

 

 

 

 
Fig. 3.  TB net with synchronization and concurrency 
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0 1 2 3

1 0 1 0

1

( ) min( ( ), ( ), ( ))

min(50,70,90) 50,

[ ( ), ( )] [30,50],

(0,[30,50],[0],0,0,0),

MLFT C LFT t LFT t LFT t

ST EFT t MLFT C

m

 (8) 

21 1 2 2

1

1 1 33 3

( )

( )

max( ( ), ( )), ( )

[30,70],
.

max( ( ), ( )), ( )

[40,90]

D EFT t EFT t LFT t

D
D EFT t EFT t LFT t

t

t
 

 

From the further computation of CS-classes we can create 

the reachability tree as described on Fig. 4. Questions like “Is 

the specified marking reachable until 20 time units?” or “Can 

this situation happen in the time interval [12, 24]?” can be 

easily answered by this reachabilty tree.  

The complete reachability tree of CS-Classes is depicted on 

Fig. 4. Questions like “Is there any marking reachable until 20 

time units?” or “Is this piece of metal ready to use in time 

interval [12, 24] or should I take another one?” can be easily 

answered by this reachabilty tree.  

V. CONCLUSION 

The most crucial problem in Petri nets is the reachability 
problem. It can be proved, that this problem is closely related 
to other problems like liveness, deadlock, boundedness or 
coverability problem. 

 For this reason we tried to find the solution for this 
problem. At first we proposed an approach which solves this 
problem for TPNs. Later on we introduced TB nets with their 
different time semantics, such as weak time semantics, strong 
time semantics and time interval semantics. For TB nets with 
STS the approach from Section II was applied because TB nets 
are far more general then TPNs. 

Our future work will be focused on the further examination 

of unbounded TB nets. Currently we are working on a 

computer tool which will use TB nets to create and verify 

models of systems.  
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Abstract — The article deals with possibilities of vector control 

induction motor. The article described two main methods of 
vector control, which are the direct and indirect vector control. 
In direct vector control are discussed two methods for 
determining the rotor magnetic flux, their advantages and 
disadvantages. In indirect vector control is also described 
method of determining the magnetic flux and moreover, this type 
of vector control is also verified by simulation. 

 
Keywords—induction motor, vector control, current model, 

voltage model, magnetic flux   
 

I. INTRODUCTION 

At the present time induction motor drives are used in many 
industrial applications from low powers to high performance 
systems. This is due to the fact that induction machines have 
simpler construction in comparison with DC machines, and 
therefore they are cheaper, easier, more reliable, and have less 
servicing requirement.  

In the past the induction motors were used mainly in 
applications, where speed control was not required. Main 
reason was lack of technical means and microprocessors, 
which would allow control an induction motor in full speed 
range. Today these problems are solved therefore the research 
is concentrate to control structures development, which can 
improve quality of control induction motor drives. The main 
disadvantage of induction motor is complexity of control. 
Compared with DC motor induction motor is more complex 
and non-linear system.  

Where the drives are working mostly in steady-state, it is 
possible to used scalar control, also called volt-hertz control 
(V/f). The principal aim of the control is maintaining the 
constant ratio of voltage/frequency, thus the stator magnetic 
flux was constant. Because the scalar control does not give 
accurate results in transient state, and so is only used for 
simple applications, where is not required high accuracy and 
dynamics of control.  

When the high accuracy and dynamics of control is 
required, it is necessary to use the vector control. A major 
revolution in the area of induction motor control was 
invention of field-oriented control (FOC) or vector control. 
The fundamentals of direct vector control were the first 
proposed in the early seventies by Blaschke [1] and indirect 
vector control by Hasse [2]. The vector control provides 
independent control of the torque and flux, similarly how it is 
in the DC machine control.  

Direct torque control (DTC) was proposed by Depenbrock 
[3] and Takahashi [4]. The principle of this method is based 
on the control of stator flux vector position, so that the 
reference values of the torque and flux were obtained. These 
reference values can be obtained by selection of suitable 

switching combinations of inverter, thus by selection of the 
suitable voltage space vector. For the DTC is characteristic 
high dynamics of torque control. Disadvantage of the DTC is 
a larger oscillation torque and problems at a low speed.  

The present research focuses on possibilities of the vector 
control without using speed sensor (called a sensorless vector 
control). The main reasons of elimination speed sensor are 
size and price reduction of drive, elimination of cable for 
a sensor and advanced reliability. The motor speed can be 
estimated by observers in the following ways: 

 
- observers based on the mathematical model  
- observers based on artificial intelligence 
- observers utilizing the motor construction properties. 

  

II. VECTOR CONTROL 

A. Induction motor equations 

Stator and rotor voltage equations of squirrel-cage induction 
motor are: 

 
�� � ���� � �	�/��  in stator reference frame  (1) 

 
0 � �
�� � �	�/��  in rotor reference frame  (2) 

 
Stator and rotor flux equations are expressed as follows: 
 

	� � ���� � ����́    in stator reference frame   (3) 
 

	� � �
�� � ����́ in  rotor reference frame  (4)   
 
Where L1 and L2 are the stator and rotor inductance, Lh is 

the main inductance, i1´ is the stator current expressed in rotor 
reference frame, i2´ is the rotor current expressed in stator 
reference frame. 

The motor torque can be expressed by the stator current and 
flux components as follows. 

 

�� � �

�	� � �� � �


 ��Ψ����� � Ψ������   (5) 

 
Where p is number of pairs poles.   

 

B. Vector control of induction motor 

 The vector control can be oriented on the rotor, stator or 
magnetic flux. Important part of vector control is 
determination of the magnetic flux vector position, since 
correct operation of the vector control depends on the 
determination of the flux position. The necessary angle for the 
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transformation of quantities from stationary reference frame 
α,β to synchronously rotating reference frame x,y and 
backward is computed from the flux vector position. The 
vector control can be classified into two groups, the direct and 
indirect vector control. The direct method obtains the position 
of flux vector either by measurement by Hall probe or the 
position is computed by using estimators, Kalman filter, 
Luenberger observer, etc. The indirect vector control 
calculates rotor flux from the model of rotor circuit and the 
measured value of stator currents or voltages and speed. It 
should be noted that all considered method are sensitive on 
parameter variation of the induction motor. 

 
Direct vector control 

In direct vector control the position of flux is usually 
obtained by estimation, since using Hall probes complicates 
manufacture of induction motor and increases its price. The 
flux vector can be estimated by using the voltage model or 
current model of the magnetic flux [5]. 

 
 

Fig. 1.  Direct vector control block diagram 

 
Voltage model 

 
This method utilizes the stator voltage equation of 

induction motor. The machine terminal voltages and currents 
are sensed and the fluxes are computed in the stationary 
reference frame α,β.  

 
	� � � �� � ����! ��       (6) 

 
From the rotor flux equation (4) is expressed current i2 and 

is substituted to the stator flux equation (3), and then is 
expressed rotor flux Ψ2:  

 
	� � �
/���	� � "��# ���      (7)  

 
Equation (7) is further distributed to the real and imaginary 

components: 
 

Ψ
� � �
/���Ψ�� � "��# ����     (8)  
 

Ψ
� � �
/���Ψ�� � "��# ����     (9)  
 
Where ��# � "�� and " � 1 � ��
 /���
 is coefficient of total 
leakage. 

Angle of the rotor flux vector can be obtained from 
equation: 

 
cos (
 � Ψ
�/|	�|  or  sin (
 � Ψ
�/|	�|   (10) 

 
Where modulus of rotor flux can be computed as follows: 
 

|	�| � ,Ψ
�
 � Ψ
�
       (11)  

 
The voltage model is not suitable for very low frequency 

(including zero speed), because at low frequency the voltage 
us is very low and therefore estimation of the magnetic flux is 
inaccurate. The estimation accuracy is affected by the 
variation of machine parameters R1, L1, L2 and Lh, and 
particularly temperature variation of R1 becomes more 
dominant [5].  

 
Current model 
  

In industry is often required, that the drive worked from 
zero speed. At low speed region is convenient using current 
model to estimate the rotor flux, which utilize current and 
speed signals. The rotor circuit equations expressed in the 
stationary reference frame are: 

 
dΨ
�/�� � �
�
� � .
Ψ
� � 0     (10)  

 
dΨ
�/�� � �
�
� � .
Ψ
� � 0     (11)  

 

Adding terms  ���
/�
!��� and  �/�2/�2!�11 on both 
sides of the above equations, we get: 

 
2345
26 � 74

84
 ����� � �
�
�! � .
Ψ
� � 8974

84 ���   (12)  

 
234:
26 � 74

84 ������ � �
�
�� � .
Ψ
� � 8974
84 ���   (13)  

 
Real and imaginary component of the rotor flux equation 

(4) is: 
Ψ
� � ����� � �
�
�      (14)  

 
Ψ
� � ����� � �
�
�      (15)  

 
Substituting equations (14) and (15) in equations (12) and 
(13) respectively, and simplifying, we get  

 
2345
26 � 89

;4 ��� � .
Ψ
� � �
;4 Ψ
�     (16)  

 
234:
26 � 89

;4 ��� � .
Ψ
� � �
;4 Ψ
�    (17)  

 
Where <
 � �
/�
 is rotor time constant. 

Estimation accuracy of flux by current model is affected by 
the variation of machine parameter, and particularly the rotor 
resistance variation R2 becomes dominant. 

Since the voltage model flux estimation is better for higher 
speed and the current model estimation can be used at any 
speed, it is possible to have a hybrid model [5] (current model 
would be used for low speeds). 

 

295



SCYR 2010 - 10th Scientific Conference of Young Researchers – FEI TU of Košice 

Indirect vector control 
 
The only one difference between the direct and indirect 

vector control is manner of determination of flux vector 
position. The stator and rotor voltage equations and the stator 
and rotor flux equations are expressed in the synchronously 
rotating reference frame x,y. 

 

��= � ����= � 2	�=
26 � >.?	�=      (18)  

 

0 � �
��= � 2	�=
26 � > .? � .!	�=     (19)  

 
The magnetizing current i2m is proportional to magnetic 

flux 	� and is defined as follows:  
 

	�= � ����@         (20)  
 
The magnetizing current i2m can be determined from the 

measured values of currents or voltages and speed. 
 

<

2A4B
26 � �
� � ��C        (21)  

 
The magnetizing current is aligned with the x axis, and thus 

x component of stator current i1x will respond rotor flux and 
will be called flux producing component. The second 
component of the stator current i1y determines the motor 
torque and is called torque producing component. The 
immeasurable rotor current can be expressed by magnetizing 
current as follows: 

��= � 89
84

 ��@ � ��=!       (22)  

 
Angular speed .? � .
� of synchronously rotating magnetic 
flux is given as: 

 

.
� � . � ADE
;4A4B        (23)  

 
By integration of angular speed ω2m, we get angle, which is 

necessary for the transformation between various reference 
frames. The speed control range in indirect vector control can 
be extended from zero speed to the field-weakening region 
[5]. Therefore the indirect vector control is very popular in 
industrial applications. However control accuracy is affected 
by parameter variations of machine. 

 

III.  SIMULATION OF INDIRECT VECTOR CONTROL 

 
Before the proposed control is necessary to transform the 

three-phase system for the two-phase system, thus the number 
of equations describing the behaviour of the induction motor 
is reduced. Furthermore is required the transformation from 
stationary reference frame α,β to synchronously rotating 
reference frame x,y. This ensures that in the synchronously 
rotating reference frame the variables are not changed 
periodically. Due to non-linearity compensation can be 
designed conventional linear controllers.  

Because the indirect vector control is very popular in 
industrial applications, such control was proposed. Detailed 
procedure for the proposal of vector control is described in 

[6]. As state variables were chosen following quantities: 
 
x1 = i2m   x2 = i1x   x3 = ω   x4 = i1y 
 

 
Fig. 2.  Indirect vector control simulation block diagram 

 
Fig. 3.  Waveforms of reference and actual angular speed 

and torque 

 
Fig. 4.  Waveforms of state variables 
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IV.  CONCLUSION 

Where is the demand for high dynamics and accuracy of 
control, it is advisable to use vector control in combination 
with asynchronous motor. Currently induction motor is 
preferable to the DC motor despite a much more complex 
control. This is mainly due to its simple construction. 
Induction motor control problem was solved by the 
appearance of vector control and improvement of hardware 
and microprocessors. In the present research is focused on the 
vector control without encoder, i.e. sensorless vector control. 
Also, much attention is concentrated on the possibilities of 
using artificial intelligence in control and estimation of state 
variables. 
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Abstract—The paper presents a way how to create 

implementation of domain specific language (DSL) using XML 
technology relatively easily. The advantage of XML is better 
readability than general purpose programming language for non-
programmers and existence of many tools for parsing XML tree 
structure. Therefore, development of new DSL is easier and less 
time consuming. The paper provides example of DSL built at 
Technical University in Košice as part of international project 
MonAMI.  
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I. INTRODUCTION 

There are some situations when software users, usually 
people without programming skills, have to inject some rules 
into the system or define conditions to achieve required 
functionality. To teach a user at least the basics of 
programming language in which the system is developed and 
allow to define rules directly in source code can be very 
inefficient. A configuration using domain specific language 
(DSL) seems to be a better solution. DSL is a computer 
language that is targeted to a particular kind of problem, rather 
than a general-purpose language which is aimed at any kind of 
software problem [1]. In comparison to general-purpose 
programming languages DSLs provide expression capabilities 
targeted directly to users domain and therefore they are easier 
to learn and use. Apparently graphical user interface (GUI) 
with drag-and-drop components provides the most intuitive 
way to define the rules for user who is non-programmer. 
Although GUI makes an average user work productively, an 
expert or a user with advanced skills in application domain 
can be slowed down [2]. Moreover, to develop robust GUI 
may be more complex task than building the system itself if 
the system is not expected to be very complex [3]. In general 
DSL development may be considered a difficult task because 
there are both domain knowledge and language development 
expertise necessary. Existing technologies as XML and 
parsers like Java Architecture for XML binding (JAXB) [4] 
with the assumption that rule set is not large and rules by 
themselves are not very complicated makes DSL development 
makes much easier. 

The purpose of this paper is to show an example how to 
simply build DSL for a specific purpose. At Technical 
University of Košice (TUKE) we have developed our own 
simple DSL when working on project MonAMI to support 

research at Department of Biomedical Engineering, 
Automation and Measurements, Faculty of Mechanical 
Engineering. 

II.  DEVELOPING DSL WITH XML 

As mentioned above, DSLs are designed to be useful for a 
specific task in a fixed problem domain. An advanced 
computer user uses daily DSL: configuration file, makefile, 
CSS etc. Expression capabilities of DSL are fairly limited. 
They are focused on a certain type of problem or domain, as 
its name implies, and on expressing narrow set of solutions 
within the context of that limited scope [2]. Simplicity is very 
important feature of DSL. A person familiar with domain must 
easily understand the domain language. Keywords must be 
very close to user’s vocabulary. Syntax should be also simple 
and clear to facilitate user’s work and focus on domain 
problems that user tries to solve. Depending on how DSL is 
implemented, we classify it on external or internal DSL [1]. 

External DSL – is designed to be independent on any 
particular language. An author of such language must decide 
about syntax, grammar and the way to parse the syntax. Any 
language and tools can be used to implement this DSL. For 
instance it can be Java and Groovy. When using external DSL, 
author is free to define syntax as he likes – to use symbols, 
operators, constructs and structures, which fit the best to the 
domain. On the other hand, it is necessary to define grammar 
for the language, to create a compiler to parse and process the 
syntax and map it to the semantics that is expected. Flexibility 
provided is an advantage, but it may be a really complex task 
to implement DSL well. 

Internal DSL – is designed and implemented using a host 
language. The advantage is that author does not have to worry 
about grammar, parsers and tools. However, it brings 
disadvantages in form of constrains and limitations of the host 
language. Internal DSL provides easier implementation at the 
expense of flexibility. 

The example of external DSL is also ANT build file [5], 
which uses XML representation. XML file is processed by the 
ant utility using the XML parser. Ant's vocabulary contains 
various terms, such as target and properties, which are valid in 
the domain and context of compiling and bundling code. 
 XML brings many advantages to DSL development, though 
it is not appropriate everywhere. XML-based DSL, grammar 
is described using DTD or XML schema [6] where 
nonterminals are analogous to elements and terminals to data 
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content. Element definitions determine grammar rules when 
the element name is the left-hand side and the content model is 
the right-hand side. XML documents form a tree structure that 
starts at the root, which corresponds to start symbol in 
grammar. DSL defined by Backus notation (BNF, EBNF) may 
be transformed easily to XML tree structure. There is no need 
to make a big effort to create a parser, since DOM parser or 
SAX (Simple API for XML) tool already provides this 
functionality. Since the parse tree can be encoded in XML as 
well, XSLT transformations can be used for code generation. 
Therefore, XML and XML tools can be used to implement a 
programming language compiler [7], [8]. 

III.  MONAMI  SERVICES 

An intention to create our own DSL arose from a need of 
service configuration when cooperation on MonAMI project. 
The configuration should have been made primarily by 
postgraduate students from Department of Biomedical 
Engineering, Automation and Measurements without 
programming knowledge.  

MonAMI - Mainstreaming on Ambient Intelligence project 
[9] (funded by the EU is 6th framework program. It was built 
on an assumption there will be a high percentage of population 
over the age over 65 who are still active, computer literate 
with the ambition to maintain their quality of life. Mission of 
the project is to improve daily activities and the quality of life 
of elderly and disabled people at home. It is based on 
mainstream systems and platforms which create one complex 
system comprising of different technologies. Services and 
applications developed with a “Design for All approach” are 
from following areas [10]: 

• Home control, personalized communication interface,   
activity planning. 

• Health control, medication. 
• Safety and security at home, visitor validation, activity 

detection. 
• Communication and information. 

 
Department of Biomedical Engineering, Automation and 

Measurement took a part as centre for testing and validating 
technologies and services. Selected elderly people and people 
with disabilities will test services in a laboratory – Feasibility 
and Usability (FU) centre where the whole system is installed. 
There are different types of sensors for temperature, humidity, 
light level, motion and gas detection and different types of 
actuators as light, shutter and alarm actuator installed. People 
involved into project research are responsible for testing, 
satisfaction evaluation, measurement, services adjustment and 
configuration. Testing is divided into two phases. First phase 
comprises of evaluation, bug resolving, user insights 
incorporation and system adjustments to user’s needs in 
laboratory. After this phase is finished, the system will be 
installed in real households. The role of people working on 
project is to prepare questionnaires for interviews with users, 
evaluate the answers, present elderly and disabled people 
offered MonAMI services in order to understand their purpose 
and functionally; and finally control, configure and create new 
services depending on user’s ideas in the testing phase [11]. 

 

MonAMI service is an activity with strictly defined 
behavior. Implementation of services diverse:  

• Collect data from sensors. 
• Actuate devices when pre-defined conditions are 

fulfilled. 
• Provide information to users in friendly way. 
• Actuate devices by human input. 

 
The services could be divided into two groups depending 

on an action taken when measured values exceed defined 
thresholds or when some values are detected e.g. smoke, gas. 
The first group represents actions taken by humans – carer 
responsible for disabled person is at the moment in a shop and 
is noticed by SMS about fall or heart attack of treated person. 
He can immediately call an ambulance or just check up the 
state of treated person depending on character of information. 
The second group represents actions executed automatically. 
In case smoke and high temperature is detected in a kitchen, 
fire department is automatically informed about this situation. 

The whole system is implemented in Java programming 
language based on component oriented architecture OSGi. 
More detailed description of system architecture is not in the 
scope of this article but it is important to sketch service 
implementation. Particular sensors can be understood as 
services as well, which purpose is nothing more than reading 
values from sensors and providing them to other services. 
Each service is one component in the system that could be 
added or removed. 

Behavior of majority of services can be simply defined by 
following formula: if values from sensors exceed thresholds, 
take an appropriate action. This condition has to be defined 
in particular service source code. 

Here the problem has arisen, because thresholds could be 
made configurable by some simple interface, however, to add 
only one extra AND/OR condition could be a serious problem. 
To simplify the testing we have created a component, which 
parses XML configurable file where all services are defined 
by DSL. Structure of XML is defined by XSD and JAXB has 
been used as a parser. 

IV.  FLEXIAMI DSL 

FlexiAMI is the name of component, which provides 
configuration capabilities for MonAMI services (“flexi” as 
flexibility in definition and AMI is taken from MonAMI) [12]. 
Keywords and service definition principle are close to user 
domain however users are tightened up by a relatively larger 
set of rules. They are straightforward, therefore easy to learn. 
Rules format is based on XML, which has been used because 
of many advantages, as mentioned also in previous part, the 
most important advantages are: 

• hierarchical structure of final configuration file; 
• self-describing and simple syntax;  
• existence of validators; 
• existence of APIs parsing the XML file; 
• easy implementation in Java. 

 
To provide the whole formal grammar is not necessary, 

however simple showcase can be very helpful. The 
configuration itself comprises of two parts – definition of 
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sensors and actuators represents first part and rules definition 
is the second.  

 
First part could be following: 

<sensor> 
 <name>temperature</name> 
 <type>TemperatureSensor</type> 
 <location>Kitchen</location> 
</sensor> 
<actuator> 
 <name>alarm</name> 
 <type>AlarmActuator</type> 
 <location>Kitchen</location> 
</actuator> 

 
Each sensor and actuator has to be declared by its unique 

identificator <name>, which is used consequently in rules, 
<type> specifies sensors and actuators according to MonAMI 
naming and <location> determines room where devices are 
installed. 

Rules follow this diagram: 

 
 

 
Below is an example of rule, which uses temperature 

sensor, smoke sensor and alarm actuator. When smoke and 
high temperature is detected at once, alarm actuator is turned 
ON. Alarm actuator can represent beeper in house, alarm 
connected directly to firehouse station or some other 
notification method as SMS. 

Definition is following: 
 
<service> 
 <name>FireService</name> 
 <type>AmbientMonitoringAlarm</type> 
<condition> 
<and> 

<cond oper="eq" val="TRUE">smoke</cond> 
<cond oper="ht" 
val="40.0">temperature</cond> 

</and> 
</condition> 
<action> 
 <actIf val="ON">alarm</actIf> 
 <actElse val="OFF">alarm</actElse> 
</action> 
<service> 
 

Each service has its name and type according to MonAMI 
specification. Other bundles in OSGi system can find and use 
this service by defined type, which tells something about its 
behavior. 

Condition comprises of three values: sensor identifier, 
operation and value to compare. The meaning of <cond 

oper="eq" val="TRUE">smoke</cond> is: if smoke is 
detected in kitchen then TRUE. The result of conditional 
expression can be TRUE or FALSE. The content of <cond> 

element refers to identifier in first part service definition, 
where is specified which sensor from which room should be 
used. Possible operations oper="eq" are: eq, nq, ht, 
lt, he, le denoted to: equal, not equal, higher than, less 
than, higher equal, less equal respectively. Compare value 
val="TRUE" depends on used sensor. Some sensors provide 
only two values – detected/not detected and some numeral 
values. Element <and> represents Boolean logical operator. 
Conditional expressions surrounded by this operator are 
translated as: cond1 AND cond2 AND cond3. 
 
<and> 

<cond ... >...</cond> 
<cond ... >...</cond> 
<cond ... >...</cond> 

</and> 
 

Logical operators can be embedded to define condition 
evaluation priority. For example (1, 2, 3 here means 
conditional expression number, not sensor identifier): 
 
<and> 

<cond ... >1</cond> 
<cond ... >2</cond> 
<or> 
 <cond ... >3</cond> 
 <cond ... >4</cond> 
</or> 

</and> 
 

It is evaluated as: cond1 AND cond2 AND (cond3 OR 
cond4). 

 
Condition embedding allows defining any type of logical 

expression. Elements <and> and <or> can surround arbitrary 
number of conditional expressions. 

Execution of some services may depend on more aspects 
than only on sensor values. An example is time when sensor 
value is measured. 

Elderly person is used to wake up at 8:00 am. When there is 
no motion detected in an hour after 8:00 am, carer is informed 
about this situation by SMS. This service is defined 
accordingly: 
 
<service> 
 <name>WakeUPService</name> 
 <type>PersonPresenceDetector</type> 
<condition> 
<and> 

<cond oper="FALSE" val="TRUE" 
duration="3600">motion</cond> 
<cond oper="ht" val="08:00:00" 
>time</cond> 

</and> 
</condition> 
<action> 
 <actIf val="ON">sms</actIf> 
</action> 
<service> 
 

In the first conditional expression there is one additional 
attribute duration="3600". This attribute determines how 
long measured value has to be unchanged. In this case, no 
motion is detected during one hour. Duration value is set in 
seconds, because there could be some services when only 

Condition 

Action if TRUE Action if FALSE 

_ 

+ 

Fig. 1 Rule behavior diagram 
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some seconds are needed. For example when person leaves the 
toilet and no movement is detected for 20 seconds, the light is 
turned off: 

 
<cond oper="ht" val="08:00:00" >time</cond> 

is translated as: if actual time is higher than 8:00 am then 
TRUE. 

 
Service action comprises of two action expressions. One is 

executed when condition result is TRUE (actIf) and the other 
is executed when condition result is FALSE (actElse). There 
can be some additional properties to service added by:  
 
<properties> 
 <prop name="name">value</prop> 
</properties> 

CONCLUSION 

FlexiAMI component becomes very helpful in the phase of 
MonAMI services testing. DSL has enabled programmers to 
delegate configuration responsibility to people working on 
MonAMI project who are non-programmers. For that reason it 
was not necessary to change the application code after each 
new requirement of user. XML format and used elements have 
been descriptive enough and FlexiAMI users get used to them 
very quickly. JAXB parser significantly simplifies the DSL 
development process, and therefore XML technologies seem 
to be very effective for DSL creation for this purpose. There 
are also some other innovative approaches of DSL 
development as Annotation Based Parser Generator [13]. 
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Abstract—This paper describes training of acoustic models on
extended Speechdat database with aim to reduce word error in
ASR system as a part of IRKR. The origin database was extended
to titles of towns and villages as they are recognized frequently
due to services provided by IRKR system. Although the extending
database is small in compare with original database, the results
show that extension had postive effect to recognition accuracy of
own names.
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I. INTRODUCTION

It is well known that good trained acoustic models are
very important part of speech recognition system. For training
of acoustic models the training database is very important.
The best results of recognition are achieved with the acoustic
models trained on similar data as the system will be onset
[1]. IRKR system [2] that was developed in state project
is the voice orientated dialog service that provide weather
forecast, traffic guide and shedule of urban mass transportation
in Košice in telecomunication networks in Slovak language
and it is based on Galaxy architecture [3]. IRKR is a spo-
ken language dialogue system that consist of Audio server
(interface between telecomunication network and computer),
Text-to-speech server (transforms text into acoustic form),
Communication manager (control communication with user),
Information server (find informations requested by user) and
Automatic speech recognition server (ASR server). The acous-
tic models used for recognition are hidden Markov models of
context dependent triphones. Acoustic models were trained
on Speechdat database [4]. ASR server is specialized to
recognition of isolated words and connected digits represented
by date, time, town and bus stops names. Due to this fact the
Speechdat database was extended to 580 utterances of titles of
towns and villages in Slovakia. Each of the utterance duration
is about 35 seconds. Utterances were recorded through VoIP
channel with 8KHz sampling frequency to achieve real using
conditions.

New acoustic models were trained with using scripts of
Masper project [5]. For training of acoustic models the HMM
toolkit HTK [6] was used.

II. ACOUSTIC MODELS TRAINING

Training of acoustic models was controlled by Masper
scripts. Whole training process consist of some steps.

A. Features Extraction

First step in training is parametrisation of speech waveforms
into sequence of feature vectors. Feature extraction is provided
by tool HCopy that generate MFCC coefficients with zero,
delta and acceleration coefficients. The cepstral mean normal-
ization to MFCC coefficients was also used.

B. Monophones training

The flat start monophones training is started with tool
HCompV that compute global means and variances to initialize
the parameters of HMM model. Baum-Welch reestimation of
acoustic model parameters is provided by tool HERest. After
the prototype acoustic model is reestimated the next step is
isolated word training. Using initialized acoustic model the
Viterbi alignment to phones is performed with HInit. Using
alignment to phones the acoustic model parameters with HRest
are reestimated again.

C. Triphones training

Triphones training starts with creating triphone transcription
from monophone transcription with tool HLEd. HHEd provide
cloning monophone models and tying parameters. With HD-
Man the triphone lexicon and list of triphones is created. HMM
parameters for triphone models are estimated by tool HERest.
Increasing the number of Gaussian mixtures that model every
emitting state of HMM model is provided by HHEd.

Using the training process described above there were
trained 3 state left to right HMM models with up to 32
Gaussian mixtures. The block diagram of training process is
illustrated in Fig. [1]. The first set of acoustic models was
trained only on Speechdat database and second models set
was trained on Speechdat database extended to utterances with
titles of towns and villages.

III. RESULTS

The acoustic models were tested on own names that contain
names of the persons and titles of villages and towns. Results
of speech recognition are illustrated in figure Fig. [2].

Due to using only tied models in IRKR system the table
of results is omitted to phone models and contains results of
tied-state triphone acoustic models in Table [I].
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Fig. 1. Block diagram of training acoustic models.
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Fig. 2. Results of recognition own names with acoustic models trained on
Speechdat (SD) and Extended Speechdat database (ESD)

TABLE I
OWN NAMES RECOGNITION WITH TIED-STATE TRIPHONE MODELS

Acoustic SD ESD Improvement
Model WER (%) WER (%) (%)

tied 1 1 17.97 14.55 3.42

tied 1 2 18.37 14.96 3.41

tied 2 1 18.46 14.63 3.83

tied 2 2 17.56 13.82 3.74

tied 4 1 16.34 11.87 4.47

tied 4 2 15.2 10.65 4.55

tied 8 1 14.72 10.49 4.23

tied 8 2 14.07 10.09 3.98

tied 16 1 13.41 9.19 4.22

tied 16 2 12.6 8.86 3.74

tied 32 1 13.09 9.18 3.91

tied 32 2 13.82 9.76 4.06

IV. CONCLUSION

Results show that Speechdat database extension to towns
and villages titles had influence to word error rate. In case of
tied-state triphone models set the WER was 3.96% in average
better in extended database. Tied-state triphone acoustic model
with 32 Gaussians (tied 32 2) used in IRKR system had
4.06% worse WER than model trained on extended database.
These results show that even if the origin training databse had
about 80 hours af acoustical data the extending with small, but
with aimed database to real onset conditions of the system had
positive effect on WER of the ASR system.
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Abstract— A lot of control systems are using computer 

workstations for process control, whether personal computers or 

workstations distributed over a network. Control interventions 

to control systems can be performed from multiple sites, using 

distributed workstations, possibly with a web browser. The point 

of article was to analyze in more detail the existing real model 

Bells in the laboratory. Visualization of model was created by 

using software RSView32 and supervisory control of the 

application using web browser is realized by using software 

RSView32 Active Display System. 

 
Keywords— visualization, supervisory control, model, control 

system 

 

I. INTRODUCTION 

Currently, visualization has become part of the information 

and control systems of different technological processes. With 

the help of visualization we can design the graphical user 

interface of different machines, major technological 

equipment and processes.  

Visualization systems have become standard part of 

automation. It’s not only the part of large industrial plants, but 

has become part of the management systems in small 

workplaces. Current trends are becoming controlling and 

monitoring technological processes remotely, thus using a 

web browser [3]. 

  

II. VISUALIZATION OF PROCESSES AND SUPERVISORY 

CONTROL 

A. Visualization 

We often encounter with the acronym SCADA/HMI 

(Supervisory Control and Data Acquisition / Human-Machine 

Interface) in visualization, which states that it is a solution of 

operator interface. When we use naming visualization, is 

necessary to draw attention to possible distortion of the 

concept. As a SCADA system is called software product that 

is used universal as an instrument which can create a 

specialized product that visualize conditions and actions in a 

particular controlled object, enables its manual control, data 

entry of input parameters and executes several other functions, 

for example, long-term monitoring and documenting the 

development process. This is useful in showing the volume of 

production, its quality, disposal and raw materials, to 

determine the cause or offender for any problems, accidents 

and losses or to solving technical diagnostics. Visualization 

system serves as an interface between higher levels of 

corporate information systems and particular processes. Only 

in this context it is appropriate the term of visualization [3]. 

 

Visualization features can be characterized as: 

 View information not only about the actual 

technological process, but also statistical information 

for monitoring and quality control process. This 

information may be appropriate for managers. 

 Extending the possibilities of remote control by using 

various technology  

 Imaging, processing and archiving of data coming 

from the process with alarms signalization, their 

validation, sorting by severity and the possibility of 

assigning an audio alarm 

 Ability to communicate with subordinates or 

superiors stations from different manufacturers 

 Diagnosis of various technological activities, as well 

as devices in periodic intervals, or according to 

special requirements [5] 

 

The well-made interface HMI improves working conditions 

for users and also helps to regulate the error substantially and 

thereby reduce potential damage to the devices. Technical 

equipment may be formed by operator station and its 

communication tools. 

 

B. Supervisory control 

 Supervisory control is a general term for control of many 

individual controllers or control loops, whether by a human or 

an automatic control system, although almost every real 

system is a combination of both.  

Supervisory control often takes one of two forms. In one, 

the controlled machine or process continues autonomously. It 

is observed from time to time by a human who, when deeming 

it necessary, intervenes to modify the control algorithm in 

some way. 

 In the other, the process accepts an instruction, carries it 

out autonomously, reports the results and awaits further 

commands. With manual control, the operator interacts 

directly with a controlled process or task using switches, 

levers, screws, valves etc, to control actuators.  

Supervisory control means that one or more human 
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Flow 

Flow plugin is on both sides of the system. On the client 

side it contains a form which is used to control the system 

runtime and sending the commands and its related data to the 

server part. Server part receives the commands and its data, 

makes the processing and sends back the results. 

 

Output 

Output plugin is showing the results received from the 

server part as a response to Flow commands and related data 

sent from the client part. Output can contain a script which 

reacts on current results. This script is being compiled 

dynamically and is usually used to represent a robot behavior. 

 

Input 

Input plugin is providing some kind of data to the system. 

Usually it has a thread which is collecting data and a thread 

which is taking the collected data, putting them into the system 

chain and waiting until the data are processed. 

 

Filter 

Filter plugin is receiving data from a previous plugin which 

could be Input or another Filter. After it gets data, it can 

transform them but it cannot change the form of data. That 

means that image data will change their look but they will be 

still image data. 

 

Processor 

Processor plugin is processing the data which are provided 

by a simple function call usually from the Flow plugin. In 

contrast with the Filter plugin, Processor can change also the 

form of the data, e.g. image data can be changed to a list of 

local features. This plugin type can be placed on both sides of 

the system. 

 

Handler 

Handler plugin is used for manipulation with database data 

or data in general. For example it can find the nearest neighbor 

for some descriptor from the database full of descriptors. 

Handler is therefore a suitable plugin where to implement 

clustering or classification functionality. 

 

Robot 

Robot plugin contains all the functionality needed for 

working with the robotic platform which it represents. Usually 

it contains robot specialized Input and Output plugins and 

functions for controlling the robot movement. All this robotic 

functions can be then accessed by the Output script. 

E. Incremental 

Incrementality is quite important for systems which are able 

to gain some kind of knowledge. Being incremental also 

means that the system is also able to store more and more 

knowledge. With this comes the need of database. 

Because our middleware is programmed under .NET 

framework, we were able to develop our custom, tiny but 

handy C# database. With this database you can store any class 

and you only need to modify one row of it. It supports also 

linked tables and partially indexing. Because the Table class 

acts as a collection, you can simply use Language Integrated 

Query (LINQ) to perform the SQL-like queries. 

F. User friendly 

MASS has a simple and user friendly graphical interface 

with which you can create new ActualSystems by choosing, 

connecting and configuring the right plugins (Fig. 2). 

 
Fig. 2 Creating ActualSystem 

Simple graphical interface is also used to control the 

runtime of ActualSystem (Fig. 3) or to view its output (Fig. 4). 

Moreover this interface is being generated based on what is 

specified in Flow and Output plugins of a current 

ActualSystem. If your ActualSystem has Input and Output 

plugins which can be used in a web interface, the web forms 

can be also generated. 

A. Free and open source 

We think it is very important for a middleware to be free 

and open source. Therefore anyone can try the web interface 

of the system, read the wiki pages, download the installation 

package or find the MASS repository address at 

http://brain.fei.tuke.sk. There are also links to some of our 

demonstration videos with MASS.  

We would be happy to welcome new people who would like 

to contribute to the future development of this middleware or 

the development of plugins. 

 
Fig. 3 Controlling ActualSystem runtime by Flow plugin 

III. APPLICATIONS 

Although there is still not a first release version of MASS, 

there are already some applications which are using it. We will 
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now briefly describe the two most important application areas 

and mention others. 

 
Fig. 4 Output from ActualSystem 

A. Object Recognition 

The first application and also the guiding application of 

MASS was the object recognition [1], [10], [12]. Currently 

MASS installation package contains plugins necessary for 

extracting local feature descriptors of an object (Scale 

Invariant Feature Transform - ProcessorSIFT, Speeded Up 

Robust Features - ProcessorSURF), matching object 

descriptors (simple nearest neighbor with distance ratio - 

HandlerNearestNeighbor), clustering matched descriptors 

(Hough Transform - ProcessorHoughTransform) and drawing 

object parallelograms (solution of affine transform parameters 

– ProcessorAffineTransform). 

With this plugins you can learn new object from a webcam 

(InputVideoDirectShow), picture file (InputPictureFile) and 

video file (InputVideoFile). Then you can recognize them like 

on Fig. 4. 

B. Command Recognition 

Command recognition was the second application done with 

MASS [2], [3], [13]. Latest publication is using MFCC 

coefficients together with DTW algorithm while the training 

set is being reduced by evolutionary algorithm. Currently 

MASS installation package contains of plugins for MFCC 

(FilterHamming, FilterFFT, FilterABS, FilterOverlap, 

FilterMel, FilterLog, FilterDCT, FilterSpeechDetection, 

FilterFIR), a library with DTW (MASS.Audio) and audio input 

plugins (InputAudioDirectShow, InputSoundFile). 

 
Fig. 5 Flow plugin for command recognition 

C. Other 

There were also some other applications which were hosted 

on MASS middleware. We can name few of them together 

with their references: foreground segmentation [6], 

recognition of visual information [7] and local image 

operators for improvement of object recognition [8]. 

IV. CONCLUSION 

We have introduced a new open source middleware for 

artificial intelligence and robotics named Multi-Agent Serving 

System (MASS). Our middleware was developed to by simple, 

user friendly and based on the latest software technologies. It 

can be used to develop, test and demonstrate new algorithms 

on one of the supported robotic platforms. 

ACKNOWLEDGMENT 

This publication is the result of the project implementation 

Centre of Information and Communication Technologies for 

Knowledge Systems (project number: 26220120020) 

supported by the Research & Development Operational 

Programme funded by the ERDF. 

REFERENCES 

[1] T. Reiff, Incremental system for object recognition, Written work for 

dissertation exam, Kosice, Slovakia, 2009. 

[2] Z. Fedor, Command processing with use of artificial intelligence, 

Written work for dissertation exam, Kosice, Slovakia, 2009. 

[3] Z. Fedor – T. Reiff, Classification of isolated words with Point-Border 

Artmap, In: SCYR 2009, Kosice, Slovakia, 2009. 

[4] Z. Fedor – P. Sincak, AIBO talking procedure in multi-languages based 

on incremental learning approach, In: SAMI 2009, Herlany, Slovakia, 

2009. 

[5] T. Reiff – P. Sincak, Towards intelligent systems with incremental 

learning ability, In: Studies in Computational Intelligence, Vol. 243, p. 

627-638, 2009. 

[6] K. Chomjak, Detection of moving objects in image sequence, Master 

thesis, Kosice, Slovakia, 2009. 

[7] M. Kica, Incremental system for recognition of visual information, 

Master thesis, Kosice, Slovakia, 2009. 

[8] T. Sabol, Use of local operators for image quality improvement during 

recognition, Master thesis, Kosice, Slovakia, 2009. 

[9] T. Reiff – P. Sincak, Multi-Agent sophisticated system for intelligent 

technologies, In: AEI 2008, p. 87-91, Athens, Greece, 2008. 

[10] T. Reiff – P. Sincak, Multi-Agent sophisticated system for intelligent 

technologies, In: ICCC 2008, p 37-40, Stara Lesna, Slovaka, 2008. 

[11] P. Sincak – T. Reiff, Incremental building of intelligent systems, In: 

Kybernetika a Informatika, p. 5, 2008. 

[12] T. Reiff, Incremental system for image pattern recognition, Master 

thesis, Kosice, Slovakia, 2008. 

[13] Z. Fedor, Incremental system for linguistic command recognition, 

Master thesis, Kosice, Slovakia, 2008. 

320



SCYR 2010 - 10th Scientific Conference of Young Researchers - FEI TU of Košice
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Abstract—The paper presents the model of software evolution
based on differentiating between two independent parts of the
software system - domain-specific language reflecting appli-
cation environment and implementation of solution reflecting
the specification of the problem. The process of evolution is
executed accordingly to the type of evolutionary change. The
categorization of changes, made upon cause which induced the
change, is also discussed in the paper.
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I. INTRODUCTION

Laws of the software evolution were written by Lehman in
early 1970s [1] but despite long time period, tools for effective
solving of the problems identified by these laws have still not
been developed. The model of software evolution proposed in
this paper is targeted towards first two of the laws - law of
continuing change and law of increasing complexity.

Law of continuing change states that effectivity of the
system will be progressively deteriorated until it is continually
adapted to changes in the application environment. Many
solutions have been proposed to address this law [2], [3], [4],
but success always came with the increase of complexity of
the system. This negative side effect of the first law is also
the main concern of the second Lehman’s law. It states that as
system evolves, its complexity will continually increase until
progressive or anti-regressive effort is invested into maintai-
ning or reducing it. What it means is as changes to the system
are successively implemented upon each other, interactions
and dependencies between system elements increase in an
unstructured pattern and lead to an increase in system entropy.
The best results in addressing this issue have been achieved
with the generative methods of software development. In this
approach changes are applied to the model of the system
on higher level of abstraction and final implementation is
generated from this model automatically.

Model of software evolution proposed in this paper in-
troduces the differentiation of particular parts of the system
representing the application environment and actual solution
of the problem. Evolutionary changes can be applied that
way directly to the subject it concers without increasing the
overal complexity of the system. Categorization of evoluti-
onary changes according to the cause of the change is also
defined. Changes in each category are targeted towards specific
part of the system, modification of which does not influence
other parts therefore overal complexity of the system is well
preserved during the whole process of evolution.

II. INEVITABILITY OF CHANGE

Change is the main characteristic of software evolution as
software systems have to react on constantly evolving requ-
irements and underlying platforms and other impulses from
environment which they operate in. Changes are inevitable
from different reasons:

• New requirements on system – requirements on sys-
tem can change early in the process of software deve-
lopment but this phase may not always be convenient
for their implementation from different reasons (e.g.
firmly determined deadlines do not allow for unforeseen
activities). On the other hand, it is the pressure from
satisfied customers which are creating new requirements
for functional extensions of the system.

• Modeling of reality – as the environment of the sys-
tem dynamically evolves and changes, system must be
continually adapted else it becomes progressively less
satisfactory [1]. In extreme cases when systems are
interconnected with application environment too tightly,
environment is influenced by the system right after the
deployment which in turn results in immediate need for
adaptation of the system on these changes.

• Bug fixing – these requirements arise mainly in the
testing phase.

• Architectural changes – significant changes in the
structure of the system (e.g. system working with business
processes evolves and increasing complexity requires
integration of the rule engine which will interact with
many modules within the system).

• Enhancing the performance and reliability of the
system

III. TYPOLOGY OF SOFTWARE EVOLUTION

In the 1970s, Swanson proposed the typology of software
maintenance [5] which was distinguishing between mainte-
nance activities accordingly to the purpose which they were
executed for:

1) perfective – any enhancements which increase the qua-
lity of the system (e.g. adding new features, increasing
performance or system documentation).

2) adaptive – ensure the usability of the system after chan-
ges in environment or technical infrastructure of the
system.

3) corrective – remove bugs from implementation, usually
cover the solving of problems caused by discrepancies
between requirements and actual implementation.

Some taxonomies [6] added another category:
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4) preventive – this last category is often the subject of
discussions, considered by some as part of perfective
maintenance [7]. IEEE software engineering terminology
standard [6] defines preventive maintenance as ”mainte-
nance executed with intention to prevent the problems
before they even occur”.

This typology had been rafined over time and based on the
work experience, the classification of 12 types of software
evolution and software maintenance [8] was defined later.

TABLE I
TYPOLOGY OF SOFTWARE EVOLUTION (E) AND SOFTWARE

MAINTENANCE (M).

Object of change Type of change E/M

Business rules
Enhancive

E/MCorrective
Reductive

Software properties

Adaptive
E/M

Performance
Preventive

M
Groomative

Documentation
Updative

M
Reformative

Support interface
Evaluative

MConsultive
Training

Complementary view on this topic presents Mens in his
work [9] which is focused towards technical aspects of the
software change. He proposes the taxonomy of software
evolution based on characteristic mechanisms of change and
factors which influence these mechanisms.

Even though precise fine-grained typology of software evo-
lution is well documented, the model of software evolution
proposed in this paper distinguishes only four fundamental
types of evolution - perfective, adaptive, corrective and pre-
ventive.

IV. CAUSE-DRIVEN SOFTWARE EVOLUTION MODEL

Model of software evolution proposed in this paper is
focused on elimination of the negative side effect of adaptation
to the continually evolving environment - increased complexity
of the system. The main idea is targeting the application of the
changes strictly to those parts of the system implementation
which represent the evolved objects in real world. For systems
developed in general purpose languages this constitutes a com-
plicated problem because development requires implementa-
tion of the concepts of application environment at first and
just after that the actual solution may be implemented. Both
implementations are tangled together and therefore adaptation
of the system to enviromental changes requires identification
of parts of the system to be adapted before adaptation can be
executed. Even after that, change of the adapted code may
be delegated further into system because of tangled code.
The result is increased complexity of the structure of system.
Proposed model of software evolution separates the implemen-
tation of application environment from the implementation of
solution for the problem therefore evolution can be targeted
directly towards the actual subject of change. Domain-specific
languages, as technology following the principles of generative
approach to software development, are utilized as tool for

representation of application environment of the evolving
system.

A. Software evolution in domain-specific languages

For the implementation of the change in software systems
developed in general purpose languages (GPLs), its type is
not relevant because all changes are applied on the same level
- source code of the application. It does not matter whether
changes relate directly to the change in specification of the
application or are induced by the change in environment thus
do not relate to the specification at all.

From the perspective of evolution, development of software
systems in domain-specific lanaguages offers some benefits.
Changes are always executed on the level which they directly
relate to. Domain-specific languages (DSLs) are by definition
[10] languages which directly reflect some specific domain.
Therefore they can be considered as model of application
domain [11]. The implication of this is that any changes arisen
in the application domain should be reflected in appropriate
DSL which models this domain. Contrary to software systems
developed in GPLs, the impact of the implementation of such
changes on models/specifications of systems developed in DSL
is minimal or none [12]. Considering evolution induced by the
change in environment and not by the change of definition of
the problem, DSL approach follows these events precisely:

• changes in environment ⇒ changes in DSL and genera-
tor/interpreter

• (no) changes in definition of the problem ⇒ (no) changes
in model/specification of the application

B. Causes of change

Changes occuring during software evolution can emerge
from 3 different sources:

1) application environment
2) definition of the problem
3) specification of the solution

Problem
specification

Model of
solution

Application domain

DSL

generator / interpreter

Application

adaptive
changes

perfective
changes

corrective
changes

preventive
changes

Fig. 1. Causal model of the software evolution.

Evolutionary changes of application environment are ref-
lected in modification of DSL which models the application.
The modifications include addition, removal or modification of
the language constructs, modification of relations between the
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constructs and modification of generator or interpreter. While
implementing these changes, the specification of the solution
can remain intact and new evolved version of the system
will be created using modified generator or changes will be
comprised in modified language interpreter [13], [14]. Changes
caused by evolution of application environment belong among
adaptive changes.

Changes in the definition of the problem are either
caused by errors which occurred in previous versions
(corrective changes) or result from new requirements on
performance, usability, maintainability or other attributes
of the solution (perfective and preventive changes). These
changes are implemented directly in the model/specification
of the solution or they can also induce change of the language.

V. SOFTWARE EVOLUTION USING CAUSAL MODEL

Considering subject of the change implementation defined
by the causal model, evolution of software systems can be
divided into:

1) evolution of language
2) evolution of solution specification (program or model)

A. Evolution of language

Evolution of the language is closely connected to the man-
ner in which the language has been designed. Domain-specific
languages are generally designed in two ways - internal and
external. Considering internal DSLs as higher level abstraction
of GPLs, the evolution of such languages gets down to the
regular evolution of code written in general purpose language.

On the other hand, external DSLs are usually designed using
metamodeling languages in language workbenches specialized
for language development [15]. After the model of language
is created, the complete development environment for the new
language, including tools such as editors, browsers, generators
and interpreters, is generated automatically from the model of
language. The evolution of such DSLs therefore includes only
modifying the model of the language [10].

Similar approach to the evolution of external textual DSLs
is provided by the language development tool YAJCo [16],
[17] which is based on definiton of abstract syntax. Model
of the language consists of the classes representing abstract
syntax. Concrete syntax is defined upon abstract syntax classes
through annotations. The change of the language, in the same
manner as language workbenches, requires only modifications
on the abstract and concrete syntax level and new generator
for the language is created automatically.

B. Evolution of solution specification

Evolution of the solution specification, which is either in the
form of program or model, is similar to the evolution of the
program written in GPL. Use of DSL, however, brings some
advantages specific for this approach such as specification
directly in the concepts of the domain, domain-specific control
checking and domain-specific optimalization.

The biggest advantage of using domain-specific languages,
however, is that changes targeting solution specification can be
implemented in a straightforward manner because implemen-
tation language (DSL) in which the changes will be applied
is on the same level of abstraction as language in which the

requirements are specified (language of domain experts). All
in all, evolution of the software systems developed in domain-
spedific languages is simple, easy to execute and less prone
to errors.

VI. CONCLUSION

In this paper I have presented the causal model of software
evolution. This model satisfies both of the first two Lehman’s
laws of software evolution - law of continuing change and
law of increasing complexity. Preservation of complexity of
software system during the process of evolution, as the main
problem identified by these laws, is achieved by application
of the evolutionary changes strictly to those elements of
the system which represent the subject of change in real
world. The part of the system to reflect the evolutionary
change is determined with respect to the type of change. The
categorization of types of changes, based on the cause which
induced the evolutionary change, is also presented in the paper.
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Abstract—The paper presents different views on the notion
of Domain-Specific Language. Since a lot of controversy exists
around DSLs, various approaches on understanding the princip-
les applied by DSLs are provided. Key characteristics of DSLs
are analyzed and adjusting of the definition of DSL is proposed.
The controversy concerning whether internal DSLs qualify for
labeling a Domain-Specific Language is widely discussed and
some propositions on this topic are concluded.

Keywords—application programming interface, domain-speci-
fic language, fluent interface, language extensions

I. INTRODUCTION

In software development, using the language of the domain
of the problem which you intend to address, is becoming
more popular and also considered as one excellent technique
to producing software of high quality. The common name used
for this kind of languages is domain-specific languages or
shortly DSLs. Recently, however, the term DSL seems to have
become overused, causing it to become vague. By unders-
tanding of many people omitting parentheses from function
calls or using a block and including one or more well-named
methods already qualifies a piece of code to be labeled a DSL.
Since no precise definition of domain-specific lanuage has
been widely accepted yet this happens quite often. This paper
gives some insight on this problem and tries to provide the
convenient explanation of what can what can not be classified
as a domain-specific language.

II. DEFINITION OF DSL

The question what exactly is a domain-specific language is
subject to debate but the idea of DSL is definitely not new.

The first time the concept of DSL has been used was in
LISP which is a 40 years old programming language. Paul
Graham states that the best way to write applications in LISP,
is to extend LISP environment into a language to write that
application [1]. For example, if you want to write a word
processor, extend LISP to be a word processor language.
According to Graham, a domain-specific language can be
defined somehow like this:

Definition 1. A domain-specific language is the way of
treating the code as a language (where appropriate)

by writing lower level code that eventually enables to
write code and think in a higher level domain.

This definition addresses the languages with syntax that
can be twisted or bent to allow for more concise code [2],

however, it does not rule out other approaches on how to
achieve domain-specific code.

Arie van Deursen provides summary on an exhaustive
survey on the literature available on the topic of domain-
specific languages as used for the construction and
maintenance of software systems [3] and proposes a
definition for domain-specific language as follows:

Definition 2. A domain-specific language is a
programming language or executable specification
language that offers, through appropriate notations
and abstractions, expressive power focused on, and
usually restricted to, a particular problem domain.

The key characteristic of DSL according to this definition
is its focussed expressive power, although one of the defining
term - problem domain is rather vague and defined simply by
the listing of domains.

Martin Fowler makes an important and useful distinction
between internal and external DSLs. Internal DSLs are
particular ways of using a host language to give the host
language the feel of a particular language, while external
DSLs have their own custom syntax and a full parser has to
be written to process them. Considering that majority of the
most common DSLs today are textual, he distinguishes also
a third kind - graphical DSLs which require a tool along the
lines of a language workbench [4]. The general definition of
domain-specific language by his comprehension is:

Definition 3. A domain-specific language is a
computer language that’s targeted to a particular kind

of problem, rather than a general purpose language
that’s aimed at any kind of software problem.

There are many more definitions of a domain-specific
language out there but these are the ones which are being
most referred to. They are all aiming for different aspects
of the gist of a domain-specific language but some common
characteristics stated by all definitions can be identified.

III. WHAT MAKES A DSL A DSL?

A. Key characteristics

1) Focussed expressive power: Instead of aiming to be the
best for solving any kind of computing problem, DSLs aim to
be particularly good for solving a specific class of problems.
A distinguishing feature of DSLs is their ability to precisely
and concisely express the logic through code in a way that
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somebody else reading the code can easily figure out what the
original intention of author of the code was.

2) Narrow scope of applicability: A DSL cannot be too
generic. The more it is generified, the less of a DSL it
becomes.

B. Other characteristics

1) Small in size: DSLs usually offer a restricted suite of
notations and abstractions as a result of constraining by the
scope of the domain. In literature they are also called micro-
languages and little languages [5].

2) Declarative in nature: As well as programming langu-
ages, DSLs can be viewed as specification or configuration
languages. This is not a defining characteristic of DSLs but
the majority of them appear usually in a declarative context.

3) Fluent readability: The concept of a DSL is generally
used to describe a language that has a vocabulary suited for
expressing concepts and/or syntax appropriate to a particular
body of knowledge. The popular argument for creating DSLs
is that they allow to write code that is easy to read and
understand and does not hide its meaning behind language
constructs such as loops or conditionals. The notation of DSLs
is designed for use by a domain expert, as free of ”code-like”
syntax as possible. This characteristic is sometimes considered
as a consequence of the high expressiveness of the language.

IV. CONTROVERSY OVER DSL

The question whether something qualifies for a domain-
specific language or is just an application programming inter-
face for the language has been around since the very beginning
of DSLs due to absence of generally accepted definition. The
greatest controversies stem mainly from ambiguity of two
terms in the definition - domain and language.

A. Domain specificity

The main problem concerning the term Domain is that
no definition prescribes what might and what might not be
considered a domain. The constroversy over DSLs has arisen
lately due to statements that Ruby on Rails is a domain-specific
language for Web Application domain because it expresses a
web applications behavior in web application native terms.
First of all, Rails is not a programming language but web
framework, however, it is not the main point of the statement to
argue about. What is more doubtful is the area of specialization
of Rails. The main objection of the opponents is that Web or
Web Application is an area too broad and generic to qualify as
a domain. This argument is based on valid reasoning because
if Rails is awarded the DSL for the Web attribute, C might
be as well called a Systems DSL or Assembler a Computer’s
DSL.

Following this thought, I would suggest to broaden the
definition of a domain-specific language with a constraint for
the domain:

Definition 4. Along with the DSL being specific to the
domain, the domain itself needs to be specific.

B. The L in DSL

The single word, Language, creates the major discussion in
the world of DSLs. Essentially, opinions on DSLs might be
divided into two groups, depending on whether you interpret
the term language strictly by the definition of a formal
language [6] or loosely just as means of communication.

Definition 5. A formal language is a (usually infinite)
set of finite-length sequences of symbols defined (or

generated) by a formal grammar.

Martin Fowler wrote some thoughts of this subject [4]
and he divided DSLs into two types: external and internal.
External DSLs examples are SQL, Hibernate’s HQL or Ant
scripts. Internal DSLs would be certain aspects of Rails, or
Javascript’s Event.Behavior.

1) External DSLs: External DSLs are glaring example of
DSLs. They are accepted as domain-specific languages even by
the community understanding the term language accordingly
to the strict Chomsky’s definition and there is no discussion
about them whatsoever.

They have their own custom syntax and full parser has to
be written to process them. There is a very strong tradition of
doing this in the Unix community [5]. Many XML configura-
tions have ended up as external DSLs, although XML’s syntax
is badly suited to this purpose.

DSLs can be implemented either by interpretation or code
generation. Interpretation (reading in the DSL script and
executing it at run time) is usually easiest, but code-generation
is sometimes essential. Usually the generated code is itself a
high level language, such as Java or C#.

Domain concepts and relations between them are commonly
designed by abstract grammar which can be implemented in
many ways to provide the concrete syntax for DSL [7]. To
name a few, concrete syntax implementations include own
custom syntax, XML, diagrams to express statements, content
management system, formatted spreadsheets to describe the
intent or records read in from database tables. Having all of
these as possible options, it is much more likely to use the
right tool for the job depending on use case.

2) Internal DSLs: Internal DSLs are domain-specific langu-
agues using the syntax of an existing programming language,
a host language. This approach has recently been popularized
by the Ruby community although it’s had a long heritage in
other languages, in particular Lisp [1]. Although it’s usually
easier in low-ceremony languages like Lisp, effective internal
DSLs can be created also in more mainstream languages like
Java and C#.

They are very much constrained by the used host language.
Since any expression must be a legal expression in used host
language, a lot of thought in internal DSL usage is bound
up in language features. A good bit of the recent impetus
behind internal DSLs comes from the Ruby community, whose
language has many features which encourage DSLs. However
many Ruby techniques can be used in other languages too,
although usually not as elegantly.

There are two approaches on how to implement internal
DSLs, albeit the second quite controversial - via language
extensions (embedded DSLs) or APIs (fluent interfaces). The
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easiest way is to create a set of functions (or more likely these
days classes with methods) where the method signatures define
an API. The other way of implementing internal DSLs is via
language extensions.

The question whether an API implementation should be
considered as domain-specific language brings the major con-
troversy over DSLs nowadays. What is it that distinguishes a
DSL from a (really well designed) API? Is it method chaining?
Is it the fact that API/DSL is readable by a domain expert?
What does DSL enable you to do that API does not? So, is the
term DSL in this case bad or misleading? How can a library
written for a general purpose language be a language too? Isn’t
that just a well written API?

V. DISTINGUISHING DSL AND API

The impulse to create own little consistent API for expres-
sing something when developing an application for specific
domain is usually considered as good programming practice.
Naming it a DSL, however, may somebody call an exag-
geration. The preferred names for such APIs are domain-
specific dialects, domain-specific jargon, or even domain-
specific slang. The emphasis is put on ”domain-specific”
collocation and what it is actually referring to is the code
acting like a language (suited for expressing concepts of a
particular domain).

The same apply for language extensions. For example, the
problem with calling the code written in Ruby a language is
that it is still using the grammar of Ruby, just more expressive
human interface has been written for the grammar.

The way of facilitating the use of domain-specific idioms
may be classified as using domain-specific language. However,
no new langauge has been constructed actually, therefore
creating an API or adjusting the host language in any way
can not be classified as creation of a DSL. The main idea to
conceive is that when arguing about creation of a DSL, often
more precisely might be saying using of DSL. Most of the
time, no language has been created but use of a particular
aspect of one has been made.

Engine e =
new Engine ( 8 , 3996 , Fue l . DIESEL ) ;

T r a n s m i s s i o n t =
new T r a n s m i s s i o n ( T r a n s m i s s i o n .MANUAL, 6 ) ;

I n t e r i o r i =
new I n t e r i o r (AC. FULL , Audio .UNKNOWN,
S e a t s . RACING, n u l l ) ;

re turn new Car ( Model . C o n v e r t i b l e , e , t , i ) ;

c a r ( )
. c o n v e r t i b l e ( )
. e n g i n e ( )

. c y l i n d e r s ( 8 )

. c a p a c i t y ( 3 9 9 6 )

. d i e s e l ( )
. t r a n s m i s s i o n ( )

. manual ( )

. g e a r s ( 6 )
. i n t e r i o r ( )

. a i r C o n d i t i o n ( )

. r a c i n g S e a t s ( )
. b u i l d ( ) ;

Fig. 1. Comparison of the definition of an object in traditional approach and
with fluent interface (Java programming language).

The synonym for internal DSLs looked at from the API
direction if fluent interfaces. This term was coined by Eric

Evans and Martin Fowler to describe more language-like APIs
[4]. It tackles directly the difference between a DSL and an
API - the language nature.

A. Fluent interfaces

Fluent interface represents a certain style of interface with
the intent to do something along the lines of a DSL which
it implements. This is why Evans and Fowler chose the term
”fluent” to describe it.

The primary focus of API design is readability and flow.
The key test of fluency is the domain-specific language quality.
The more the use of the API has that language like flow, the
more fluent it is. So far, fluent APIs have been mostly seen
in declarative context (e.g. to create configurations of objects,
often involving value objects).

VI. SPECTRUM OF ”DSL-NESS”

Certainly there is a spectrum of conformance with DSL
definition, accordingly to the expressiveness, for different
approaches to DSL implementation. API and fluent interfaces
fall at one end, closer to the GPL, because their expressiveness
is considerably limited by the syntax of the host general-
purpose language. Embedded DSLs (language extensions) are
a little bit more expressive because host language offers some
features to make syntax more natural. The real DSLs are
represented by external DSLs which have no limitations.

DSL
 

External DSL
 

Embedded DSL
 

Fluent interface 
 

API

GPL

ex
pr

es
si

ve
ne

ss

Fig. 2. Spectrum of DSLs accordingly to the level of focussed expressive
power of the language.

VII. CONCLUSION

This paper presented different views on the topic of domain-
specific languages. Since no widely accepted definition for
a DSL exist, multiple definitions were provided, abstracting
the key characteristics of a DSL from them in the following
section.

The focus of the paper was on the resolution of con-
troversy about whether API, which provides some domain
logic, qualify for labeling a DSL or where is the imaginary
boundary between an API and a DSL. According to the
thoughts presented in the paper, it is obvious that problem
stems from ambiguities in terminology.

Firstly, the term Domain does not have precise definition
which causes disagreement on what qualifies and what does
not for a domain. The extension to definition of a DSL
concerning this issue has been proposed (Definition 4.).
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Secondly, the term Language may be interpreted in many
ways. The most strict view is understanding a DSL as a
formal language. Chomsky’s definition of formal language
dictates that language is defined by formal grammar. By
this definition, external DSLs are considered as the only
languages qualifying for label DSLs. This view is quite rigid
and I incline more towards the looser view on DSLs focusing
on domain-specific expressiveness of the language rather than
the language itself. However, this view brings the problem
mentioned above:

Does API (or language extension) qualify for a DSL?

My answer is No, unless the following conditions are met:

1) Domain-specific validation. DSL must be able to provide
error messages on the same level of abstraction as the
solution - program or model specified in DSL.

2) Domain-specific optimization. Having domain kno-
wledge captured in a DSL, it is possible to optimize
the final implementation of the solution accordingly to
this knowledge.

Meeting the second condition may be the subject of further
research but I contend that language must necessarily provide
domain-specific validation to qualify for a DSL.
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Abstract —This paper is concerned with processing and an 

analysis of ECG samples with using method Template matching. 
Mainly it deals with recognition of ECG samples of diagnoses of 
myocardial infarct and arrhythmia. Template matching method, 
which is used here, can find the best similarity between the test 
sample and ECG templates. According to the metrics it calculates 
their relative similarity too. For a visualization of relative 
similarities is used Kohonen network as processing. Input data 
were obtained from the project PhysioNet, gathered at the 
Institute of Cardiology at the University Clinic Benjamin 
Franklin in Berlin and digitalized in the National Metrology 
Institute, Germany under the name PTB ECG database. The 
outputs are the similarity coefficients of the twelve conventional 
ECG leads and the six basic parameters of waves. The results of 
our proposal with used methods for data preprocessing and 
implemented algorithm are comparable with the results obtained 
by systems based on neural networks classification.  It has the 
potential to help physicians in the initial analysis and 
identification of the patient's condition. 
 
 

Keywords—template matching, diagnostic of heart disease, 
ECG  

I. INTRODUCTION 

 
In compliance with the European Heart Health Charter [1] 

cardiovascular diseases represent the most frequent cause of 
death of women and men in Europe. They are annually 
responsible for more than 1.9 million deaths in the European 
Union. Cardiovascular diseases are also a main cause of 
disability and reduced quality of life. Speed and accuracy in 
determining the correct diagnosis often decide about life or 
death of the patient. Therefore, it is the area of continuous 
research. 

As noted in [8], statistical methods are used in artificial 
intelligence and are capable to acquire new knowledge from 
test ECG samples and then accomplish the awareness for a 
doctor as decision support system. On the basis of comparison 
of two samples to determine their similarity and then to 
declare, that the sample belongs to the group of samples or 
not. 

Using this method for the evaluation of ECG waves we can 
facilitate and accelerate the physician`s work. Important in this 
method is samples preprocessing. The main role has a 
computation of relative similarity of the ECG waves with 
diagnosis templates. 

The main goal of this work is not to classify the samples 
with zero error, because this issue is very broad and it 
exceeded the scope of this paper. The intention is to try to 
facilitate and accelerate of the physician`s work and give him 
a important time to saving lives or reduce the consequences of 
the disease. 

One of the simplest and the first approaches to pattern 
recognition is based on a Template matching [5] (comparison 
on the basis of the test samples and templates). Matching is 
the generic algorithm in pattern recognition, which is used to 
determine the similarity between two entities (points, curves, 
other services) of specified type. The template (or we can all it 
etalon) is the most important element of recognition in this 
method. 

The test sample, which is an effort to recognize indications 
of diseases, is compared with template. The comparison is 
making with respect to the metrics and is calculated the 
similarity. It is necessary to make the normalizing changes of 
sample, in order to achieve the best similarity. In this paper is 
also described process of visualization of ECG similarities. 

 

II.  DESIGN OF SYSTEM FOR CLASSIFICATION OF ECG DATA 

USING THE TEMPLATE MATCHING METHOD 

 
Our goal from as is mentioned in [8], is to create an 

application that would implement processing and analyze of 
ECG samples on the specific data. We try to classify the ECG 
sample to healthy class of data or to any class of selected 
cardiology diagnosis. Applications should be able to display 
the results numerically and graphically. Below is the block 
diagram of program (Fig. 1). 

After loading the test ECG sample and a template of the 
fixed length from the database samples, it is calculated pulse 
of both data objects. According the size of pulses, the test 
sample or template is sent to horizontal scaling depending on, 
where smaller pulse was found. Test ECG wave is normalized 
with template, in order to normalize value of ECG pulse. 
Followed by a phase of vertical scaling and then it is finding 
the best similarity ECG template to test ECG sample using 
Template matching algorithm. Using the differential function 
is calculated relative mutual similarity.  The outputs are the 
similarity coefficients of the twelve conventional ECG leads 
and the six basic parameters of waves. 
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The algorithm of ECG waves comparison is described here. 
To compare are used two vectors. One of them is a sample, 
which we find the most similar image of template and the 
template, which is equally large or smaller than the sample. 
We search on ECG sample the most similar image of template. 
The calculation of similarity is made on the basis of the 
specific metrics method.  

The mathematics formula of calculation doesn`t depend on 
the used metrics, it depends on the size and dimension of the 
ECG sample and template. 

 

 
Fig.  1. Complete block diagram of our ECG comparative system, called 

CardioSys 

 
 

During the comparison of samples are made different shifts 
on the ECG sample. The scaling adjustments are performed in 
order to find the most similar image on the sample. 

The following comparison function is used for the 
comparison of one-dimension ECG curves: 
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Parameters: 

xn,i - vector`s value of the sample at position n, 

xrefn,i - vector`s value of the template at position n, 

n - position of value in the vector, 

N - size of template vector, 

ri - similarity value in attached template to the ECG 
sample, 

k - count of all different allowable positions of template to 
ECG sample, 

i - identifier of the position. 

 

III.  PROPOSAL OF VISUALIZATION  

 
In output data of the Template Matching method, we get 

twelve coefficients of similarity from twelve ECG leads and 
other six coefficients of similarity from base parameters of 
ECG wave. It means that in the end we have eighteen-
dimensional space, which we want to visualize. As human 
receives maximally three dimensions (we not count a time 
dimension), we reduce dimensional space in our case to two 
dimensions. For this purpose we decided to use Kohonen 
neural network, which is unsupervised and it is possible to 
reduce feature space.  About Kohonen network you see [2]. 
Kohonen network will have eighteen input neurons in input 
layer and two output neurons in Kohonen layer. It means that 
in the output we get x and y co-ordinates of one comparing 
point. See a Fig. 2. 

 
 

 
Fig.  2. Proposed Kohonen network for visualization of similarity coefficients 

 

IV.  THE GROUP OF EXPERIMENTS 1 – COMPARISON OF TEST 

SAMPLES TO TEMPLATES ACCORDING TO DIAGNOSIS 

 
The goal is to determine, how the our CardioSys program 

classify (with a probability in percentage terms) diseased and 

(1) 

(2) 

(3) 
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healthy ECG waves [8]. To detect, which lead is important for 
the diagnose (where is seen a pathological abnormality). 

For  first part of the experiment test ECG samples were 
from one type of diagnose (eg. arrhythmia) and  for second 
part they were test ECG samples of healthy persons. 
Templates, which were compared to these samples, they were 
of two types: the healthy ECG waves and the type of 
diagnosis, which are test samples. In the other experiments test 
samples with other diagnoses were changed (and these are also 
replaced in the templates database).  

To each test ECG sample were compared all templates in 
the database templates. The results were statistically evaluated 
according to the results of the comparison, which are eighteen. 
Coefficients of similarity of ECG-leads were twelve and 
another six values were the main coefficients of the ECG 
waves.  

We calculated two types of statistical evaluations of final 
results. One type of summary computations was called types 
Min and second Avg. 

The most similar template (Min): We find the most 
similar template from the set of all templates and according 
with winning template. The test sample is classified into the 
same category of diagnosis. 

The most similar class of templates (Avg): After making 
the comparison is made the arithmetic average for each 
diagnosis and according with the best results of these averages 
is test sample classified to this diagnose. 

Number of all the ECG samples, which are involved in the 
test process, was 337. The total number of matching 
combinations was 99 669. Many of the coefficients of 
similarity correctly classified to ECG waves with a probability 
of 100% or closely to this value. However, only in one 
direction. This means, if the parameter correctly classified test 
samples with some diagnose, he often incorrectly classified 
samples from healthy persons in the same database templates 
and reversely. We found out, that the classification of the 
voting form is not appropriate in determining the correct 
diagnose. It is preferable to use only similarity coefficients of 
those parameters, which in this case they know to classify 
sample the most exactly. Healthy ECG wave by using a 
statistical method Min classifies lead V6, and the method Avg 
classifies lead II, aVF and V5 as the best result. 

 

In the experiment results described in [3], the neural 
network is able to classify acute myocardial infarction of 
94.5% accuracy. Experiments in this work demonstrated, 
that the statistical method Min using a parameter for the 
classification of "Min. value (V), capable of correctly 
classified 100% of the samples with the diagnosis of 
myocardial infarction. In the statistical method Avg was 
classification result 98.28% using lead "v1". It should be 
noted, that both experiments use different classification 
methods, different sets of input test data and evaluation 
results. 

 
Fig  3. Example of comparison with the ECG sample wave and template 

 
In the experiment results described in [4] neural network 

correctly identified 90.2% of patients with myocardial 
infarction of front wall and 93.3% of patients without 
myocardial infarction of front wall. Template matching 
algorithm can successfully identify 88.24% of patients with 
myocardial of front wall using method MIN and ECG lead 
"v3", 84.38% of patients without infarction of front wall. In 
the method AVG was classification accuracy 92.65% of 
patients with myocardial of front wall, using the ECG lead "i" 
and  90.63% of patients without a diagnosis of myocardial 
infarction. It should be noted that both experiments use 
different classification methods, different sets of input test 
data and evaluation results. 

V. EXPERIMENT 2 – VISUALISATION OF OUTPUT SIMILARITIES 

USING KOHONEN NETWORK 

 
The basic intention of this experiment is try to visualize the 

results of the comparisons (i.e. similarity coefficients of 
twelve leads and another six base parameters of wave) and try 
to obtain new knowledge  from this images about diagnosis 
after analyze. 

In order to results would be able graphically visualize, we 
need to reduce a dimension of feature-based space from 
eighteen to two. For this purpose Kohonen network is 
proposed, which is described in section III. 

First, the Kohonen network must learn across all data of 
comparisons of one test diagnosis. After learning is step of 
testing, where data are giving on the input and on the output 
we get x and y co-ordinates of one sample. Then these data are 
drawn as points.  

 

A. Tests and experimental results 

After several experiments with setting of Kohonen network 
is found out that the best configuration of parameters is: 

 
• Cycles: 8 
• Gamma coefficient: 0.9 
• Neighborhood coefficient: 2 
• Adaptive height: 0.8 

 
We want visualize comparing infarction ECG samples with 

healthy ECG samples and conversely. 
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Fig  4. Images of graphically displayed similarity coefficients after reducing 
of dimension of featured space by Kohonen network from eighteen to two for 
myocardial infarction diagnose. Section A visualize comparing healthy ECG 
samples with healthy ECG templates, Section B visualize comparing healthy 
ECG samples with infarction ECG templates, section C visualize comparing 
infarction ECG samples with healthy ECG templates, section D visualize 
comparing infarction ECG samples with infarction ECG templates. Scale of 
images is 255 x 255 pixels.  

 

B. Evaluation of experiment 2 

Result are final images of graphically displayed similarity 
coefficients after reducing of dimension of featured space by 
Kohonen network from eighteen to two for myocardial infarct 
diagnose and healthy ECG samples. In Fig. 4 Section 
A visualize comparing healthy ECG samples with healthy 
ECG templates, Section B visualize comparing healthy ECG 
samples with infarction ECG templates, section C visualize 
comparing infarction ECG samples with healthy ECG 
templates, section D visualize comparing infarction ECG 
samples with infarction ECG templates. Coordinate of the 
image is 255 x 255.  

From analyze of these images is deduced some 
conclusions. On the images can be found two types of models: 
clusters, where is a number of points very high and sparsely 
labeled areas, where the number of points is small per unit of 
area. 

From number of clusters we can find out number of 
various types of one diagnose in templates or test waves. 

If the unknown test ECG sample is in a cluster, where 
other samples belong with known diagnose, we can classify 
this unknown sample to same diagnose as known samples in 
this cluster. 

Comparisons, where are situated outside of centers of large 
clusters, are not ordinary and matching this samples has 
uncommon results. It may means, that this samples or 
templates have a specific type of diagnose. 

In a comparing of healthy ECG samples with templates of 
healthy ECG waves, we can deduce, that this images have 
similar pattern. However, in analysis of section D of Fig. 4, 
where are compared test samples with various diagnose, we 
can see, that each diagnose has its own pattern on the image, 
which is essentially different. This pattern can be 

characterized as a stamp of this diagnose (with this samples 
and templates), what is helpful in classifying of test ECG 
samples. 

VI.  CONCLUSION 

The primary purpose of this paper was to implement a 
method of Template matching for the diagnosis and analysis 
of ECG samples, to perform basic experiments and to compare 
results with other scientific work in this area. As a ECG 
samples and the ECG templates were used data from the PTB 
Diagnostic ECG database. Specific diagnoses were selected: 
five types of myocardial infarction, arrhythmia, and samples 
from healthy persons. The experiments show that this method 
can classify the data, but the accuracy of the classification of 
each diagnose is different. There is a better to use for the final 
classification of the samples specific parameters of ECG 
curves (each ECG lead, the basic parameters of waves). Type 
of a selected parameter depends on the type of diagnosis. It 
was also confirmed, that important is the preprocessing of data 
(the correct pulse calculating, vertical and horizontal scaling 
of ECG samples, determining the good length of the sample). 
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Abstract—Language model is the one of the fundamental 

components in automatic speech recognition (ASR) system. For 
continuous speech recognition, building language models trained 
on huge text corpora with large vocabularies is needed. These 
systems are usually called large vocabulary continuous speech 
recognition (LVCSR) systems. The aim of this article is to present 
main model of building process for modeling the Slovak language. 
In this article the operations of data mining, text normalization, 
language models generation and additional steps for correct and 
efficient language modeling will be described. Experimental 
results for Slovak language models trained on news text corpus, 
retrieved from web pages will be evaluated and some main 
problems about modeling Slovak language in the end of this 
article will be discussed. 
 

Keywords—speech recognition, language model, n-grams, 
spelling check, text normalization, vocabulary  

I. INTRODUCTION 

Automatic speech recognition (ASR) can be defined as 
independent, computer controlled transcription system of 
spoken language into readable text that works in real time. The 
aim of ASR system is to convert the speech signal correctly 
and efficiently in real time into the text form, independently of 
speaker, vocabulary, noise of surrounding environment and 
characteristics of microphone. The system of ASR, especially 
for LVCSR, is the complex area and consists of a number of 
components. One of these components is also building a 
language model. 

Language model determines the probability of a sequence 
of words, as well as the word itself, this consequently helps to 
find the most probably sequence of words for ASR system, 
which corresponds to the acoustic information pronounced by 
the user. For ASR systems the stochastic language models 
(SLM) the most frequently are used. Those mainly consider 
the statistical dependency between individual words. 

In general, the main aim of the SLM is to determine a priori 
probability P(W) estimation of this sequence for an optional 
sequence of words W={w1w2…wn-1} and to extend the 
quickest and the most exact estimation of this sequence of 
words in the process of search strategy in ASR system. This a 
priori probability can be defined as follows [1] 
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where P(w1w2…wi-1) is the conditional probability of oc-
currence of word wi conditioned by its history of words 
w1w2…wi-1. Such process of decomposition allow us to 
recognize for ASR system certain sequence of words during 
its pronouncing (in real time) and determine our probability 
P(W) for decoding process purposes gradually. 

However in practice, it is impossible to compute all of these 
probabilities for certain sequence of words, therefore the 
approximation is usually done by reducing the history of 
words to certain number. These SLM are called the n—gram 
models (for n = 1 we have the unigram model, for n = 2 we 
have bigram model etc.). Usually, in practice the trigram 
models for ASR systems are used. The trigram model can be 
defined as follows 
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In this case, the probability of word wi is conditioned by 
history of two words, wi-2 and wi-1. Main advantage of the   
n—gram models is simplicity of computation of their esti-
mations of probabilities, which is based on computation of the 
relative occurrences of words, or sequences of words in the 
text set, called the training set, using maximum likelihood 
estimation (MLE) method [2]. For example, for computing the 
estimation of the bigram probability we can write  
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where N(wi-1wi) is number of occurrences of bigram wi-1wi and 
N(wi) is number of occurrences of unigram wi. 

Because every training set is finite and cannot include all 
word combinations, it might happens that such events can lead 
to the zero conditional probability, because a speaker can also 
pronounce a sentence that does not occur in training set. 
Moreover, zero probabilities lead to the errors in recognition. 
Therefore, every smoothing technique is based on this know-
ledge, which comprehensive summary can be found in [3], [4]. 
The problem of events that does not occur in training set, 
smoothing are resolved by more uniform redistribution of 
parts of probabilities of observed n—grams among n—grams 
that are not observed in training set. Using smoothing has not 
only better effect in recognition but also increases the 
accuracy of the SLM itself. 

It is also necessary to limit the size of vocabulary that 
participates in the generating of the SLM. Moreover, with the 
size of vocabulary also increases the number of n—grams. 
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The storage of high-level n—grams (n = 3, 4, 5…) yields not 
only the problem with the memory requirements. Searching 
language models in decoding process is time consuming and 
requirements for computing are too high. Most of the high-
level n—grams occur in training set just once. Therefore such 
SLMs need to be reduced, which can be done by using one of 
the pruning techniques that were published in [3], [5]. 

For efficient building of the SLMs, it is needed to create the 
optimal model just by using smoothing and pruning 
techniques. In addition, the right size of vocabulary should be 
chosen. 

This article is organized in follows. First, the fundamental 
proposed model of building SLMs for Slovak LVCSR will be 
presented. Then, a short overview about every block of the 
proposed system will be described and some of problems in 
process of building correct vocabularies and SLMs will be 
mentioned. In following sections, the first experimental results 
of basic, smoothed and pruned SLMs and a short discussion 
about obtained results will be summarized. At the end of this 
paper the future intentions in language modeling of the Slovak 
language will be indicated. 

II.  PROCESS OF BUILDING SLMS 

Process of building SLMs for Slovak language consists of 
several parts, illustrated in Fig. 1. First, it is needed to collect 
a large amount of text data by automatic systems for text 
mining. These texts in uniform encoding (UTF-8) and raw text 
form are stored. Then all texts through the block of text 
normalization are passed. In this step, some additional text 
improvements are transacted. For example, into the verbal 
form are transcribed all numbers, abbreviations, symbols, etc. 
Then each of transcribed texts with description about their 
title, author, source etc. is stored in relational database. 
Selecting texts from database, the text corpora (general or 
domain-specific) are created and prepared for training SLMs. 
Training SLMs include operations of counting words, 
selection of vocabulary, spelling checking and generating 
various SLMs. Finally, consequential evaluations of SLMs are 
performed. In the following subsections, each of these steps 
for building SLMs in detail will be explained. 

A. Text Mining 

In the LVCSR system, it is needed to collect a large amount 
of text data in order to get the efficient SLM of given langu-

age. Texts are retrieved usually from electronic documents 
such as MS Word documents (DOC, RTF) or Portable 
Document Formats (PDF), etc. Another way is retrieving text 
data from web (HTML) pages. We use two automatic systems 
for text mining designed in our laboratory. 

The first system, called RSS Downloader, retrieves the text 
data from HTML pages using RSS channels, which are manu-
ally predefined by user in configure manager. The system 
automatically expands every link in RSS channel and extracts 
text from every expanded HTML page, written in Slovak 
language, which in form of text file is stored [6], [7]. 

The second system, called webAgent, retrieves the text data 
from various Internet pages that are written in Slovak 
language. Besides text data, the system also collects links on 
the other web pages situated on a given web page. Moreover, 
the system is able to detect the encoding of given web page 
and also retrieves text data from PDF and DOC documents. 

Both automatic systems have implemented tools for 
duplicity verification (at the level of the URI and content), 
spelling check and amount of various constraints for incorrect 
text exclusion, etc. 

B. Text Normalization 

The following steps include additional modifications of text 
data. All text data must fulfill following conditions: 

- Each of these sentences is in one line. Sentence segmen-
tation is not a simple task. Not every full-stop mark 
indicates the end of sentence (that can be indicated by 
some cardinal number or abbreviation). Usually, it is 
performed using appropriate regular expressions. 

- Text data are tokenized. Token is a word, symbol, 
punctuation or hyphen. Cardinal numbers, dates, time 
stamp, abbreviations etc. are represented by. 

- Every word is mapped to lowercase. In recognition step 
is not needed to especially recognize for example proper 
nouns. This part is component of a postprocessing step. 

- Numerals, dates, time stamps and other numbers are 
replaced by their pronunciation. This step is one of the 
most difficult. Numbers must be transcribed in correct 
grammatical category, which is complicated in highly 
inflected language such as Slovak language. Correct 
grammatical form is usually obtained with the help of 
surrounding context by using hand-written rules (focus 
on the ending of the following word) or statistically. 

- Abbreviations and monetary units must be expanded. 
Similar case like numbers. 

- All punctuation is deleted, because is not needed in 
training process. 

- Sentences containing high count of grammatically incor-
rect words, words without diacritic marks and other 
ungrammatical events are filtered. 

C. Relational Database 

Relational database is based on PostgreSQL and is closely 
associated with systems for text mining (see subsection A). In 
database both the raw texts obtained from web pages and 
normalized texts are stored. Duplicity verification by one of 
the system for data mining in process of insertion text data 
into the database is performed (both, on the level of the URI 
and content). Duplicity on the level of content by comparison 
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Fig.1. Demonstrative block scheme of the process of data mining, text 
normalization and building language model 
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of hash codes of the entire blocks of text data is done. The 
database also contains a description about particular text data 
in form of metadata. Metadata involves URI of web page, 
article title, time stamp of received article and name of the 
source that where article were published. 

D. Text Corpora 

Text corpora are generated by selecting the set of articles 
from database in form of plain text. Usually, corpora are 
divided by the theme, for example corpus of news articles, 
corpus of blog pages, etc. Such corpora are known as domain-
specific corpora. Then these corpora are further shifted to the 
training process.  

E. Vocabulary 

First step in the process of language modeling is building a 
vocabulary. Vocabulary includes a list of unique words that 
are performed by appropriate program for counting words. 
Because the number of unique words is usually too high (it 
can be contain grammatically incorrect words, etc.), the 
number of words is limited by the number of the most frequent 
words of a certain value (for LVCSR usually 100,000—
350,000 of unique words).  

F. Spelling check 

Grammatically incorrect words or words without diacritics 
can occur in vocabulary, the spelling check is often needed. 
Spelling check is performed by separation all of the words that 
are not found in dictionary, which includes only grammatically 
correct words. In our case, the dictionary for spelling check is 
created by merging available Open Source dictionaries such as 
aspell, hunspell, and ispell [8] with dictionaries of proper 
nouns available on the Internet such as list of frequent names 
and surnames, cities, towns and villages, names of streets, 
geographic terms, names of companies, etc. Size of individual 
lists of unique words in dictionary for spelling check is 
illustrated on the Fig. 2. Remaining incorrect words are manu-
ally checked, corrected and added into the dictionary. 

G. Building Language Models 

For building language models toolkits are usually applied 
that by using various program tools can generate several types 
of SLMs such as smoothed models, pruned models, etc. One 
of the most universal toolkits is the SRI Language Modeling 
Toolkit [9]. Beside the necessary tools for building n—gram 
SLM in standard ARPA format, includes the set of tools for 
evaluation, pruning n—gram models, etc.  

H. Evaluation 

For evaluation SLM two standard measures are used, 
extrinsic evaluation using word error rate (WER) and intrinsic 
evaluation using perplexity. 

WER is a common extrinsic measure of the performance of 
a speech recognition, which is defined by the formula  
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where NS is the number of substituted words, ND is the number 
of deleted words, NI is the number of inserted words and N is 
the total number of words in reference. For evaluation of the 
WER the ASR system is needed to have itself. 

Another measure is perplexity, which is defined as the 
reciprocal of the (geometric) average probability assigned by 
the language model to each word in the test set and is related 
to cross-entropy H(W) by the equation [4] 

( )

1 2

1
2 ,

( ... )
H W

n
n

PPL
P w w w

= =    (5) 

where P(w1w2…wn) is the probability of sequence of n words. 
Perplexity does not ensure necessary the increase in recogni-
tion itself, but usually highly correlates with such recognition 
improvement. Therefore, perplexity is often used if we do not 
have ASR system. 

III.  EXPERIMENTAL RESULTS 

For speech recognition, we have used Julius high-perfor-
mance LVCSR decoder (in version 4.1.3) adapted for the 
Slovak language. Recognition algorithm using Julius is based 
on a two-pass strategy. Therefore, it is necessary not to use 
only basic language models but also models trained on the 
reverse set of text data. In the case of two-pass strategy, the 
input data are processed in the first pass, and again the final 
search is performed again for the input using the result of the 
first pass to narrow the search space [10]. 

The acoustic model is made of context dependent phones 
[11], triphone HMMs with 32 Gaussian mixtures. It has been 
trained by using about 75 hours of annotated recordings of 
parliament speech. 

The test data contains some manifestations recorded in 
parliament. The test data represent 75 minutes of speech and 
contain 8,778 words. The test vocabulary has 3,187 different 
Slovak words. 

The corpus used for the training of word-based language 
models consists only of newspaper articles obtained from 
Internet pages. It contains about 2.5 million sentences with 
30,820,506 Slovak words, 546,715 of them are in unique word 
forms. For building trigram language models three different 
sizes of vocabulary we used: 100k containing 100,275 unique 
words, 200k containing 200,711 words and 300k with 281,933 
unique word forms. All language models (basic, smoothed and 
pruned) in standard ARPA format using SRI LM toolkit [9] 
were created. 

We have tested four smoothing methods using SRI LM 
toolkit in training process: Katz model with Good-Turing 
discounts [4], absolute discount model [4], Witten-Bell model 
[4] and modified Kneser-Ney model [4] to the basic model 
and the effect of smoothing by evaluation of perplexity and 
WER were observed. 

7 234

6 378

32 882

37 799

175 835

317 011

859 141

1 231 740

manually added

cities, villages and streets

business names

names and surnames

ispell

hunspell

aspell

together

Fig.2. Size of particular dictionaries in dictionary 
for spelling check (number of unique words) 
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Table I shows results of perplexity and WER for bigram 
and trigram language models of different sizes of vocabulary 
and various smoothing methods. As can we see, the modified 
Kneser-Ney algorithm significantly outperforms the others in 
the case of perplexity as it is published in [4], [7]. Unfortuna-
tely, perplexity is not always correlated well with result of 
recognition itself. For the condition of bigram model, the Wit-
ten-Bell algorithm usually performs better, whereas Kneser-
Ney the worst, especially in the case of vocabulary size of 
200k. Regarding to trigram language models, similar results 
we can be seen. Further we can observe that the increase of the 
order of n—gram language model requires larger vocabulary. 
The results show that the Witten-Bell and modified Kneser-
Ney are the most interesting. It would be interesting to see 
how these smoothing techniques behave on several times 
larger training set, which might be subject promising of further 
research.  

 Table II shows language model perplexity and WER results 
evaluated on the test set for various pruning thresholds. We 
used relative entropy-based pruning [5] for the trigram model 
with Kneser-Ney smoothing, size of 200k. Only the one-pass 
strategy for recognition were used, because pruned language 
models trained on reverse texts were different in number of 
bigrams and trigrams. As is shown, pruning is highly effective 
in model size reduction. For the threshold equals 10-7 we have 
obtained a model that is 35% of the size of the original model 
with negligible degradation in recognition, both in the case of 
bigrams and trigrams. The best result, both perplexity and 
WER, was achieved when the threshold was 10-8. Recognition 
results show, that the pruned model with this threshold is 
better in WER than the basic unpruned model for both cases, 
for bigrams and trigrams. It would be interesting to find the 
best pruning threshold (for the maximum reduction of size of 
the model) that would not cause a significant degradation in 
recognition, which will be subject for further research. 

IV.  CONCLUSIONS 

In this article the complete building process of stochastic 
n—gram language models in case of the Slovak language have 
been presented. That includes process of text mining, text 
normalization and generation of language models. This is also 
the first attempt of such extent in research in Slovak language 
modeling. For efficient language modeling, both smoothing 
and pruning techniques were applied. This first experimental 
results lead to find the optimum ratio between the using one of 
the smoothing technique and appropriate pruning threshold. 
However, the fundamental problem is still the process of 
normalization of the text data into the shape most appropriate 
for correct training of models of inflective Slovak language. 

In future work, we want to focus on the training of stochas-
tic language models on several times larger training text set 
with optimal size of vocabulary. Further research should be 
also focused on the other types of language models suitable 
for inflective language such as adaptive models, morphologi-
cally motivated or morpheme-based language models. 
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TABLE II 
EVALUATION OF PRUNED MODELS 

Threshold 
PPL 

bigrams 
WER [%] 
bigrams 

PPL 
trigrams 

WER [%] 
trigrams 

Size 
[MB] 

Base-KN 1288.5 23.30 1059.5 21.01 314 
1e-8 1284.5 23.10 1070.4 20.46 243 

25e-9 1302.4 23.31 1090.9 21.47 203 
5e-8 1332.7 23.30 1122.2 21.20 160 

75e-9 1358.7 23.31 1148.6 21.03 131 
1e-7 1389.3 23.43 1175.3 20.92 110 

Perplexity (PPL) and word error rate (WER) as a function of pruning 
threshold and language model sizes of a base 200k language model smooth-
ed by Kneser-Ney method. 

 

TABLE I 
EVALUATION OF SMOOTHED MODELS 

Evaluation Size Base Katz-GT 
Absolute 
discount 

Witten-Bell 
Modified 

Kneser-Ney 
100k 1170.6 1170.6 1170.6 1170.1 1153.7 
200k 1289.1 1289.0 1289.1 1288.5 1269.6 

PPL 
bigrams 

300k 1327.8 1327.8 1327.8 1327.0 1307.6 
100k 23.97 23.99 24.03 23.99 24.07 
200k 22.90 22.88 22.85 22.85 23.07 

WER [%] 
bigrams 

300k 22.86 22.86 22.86 22.92 23.13 
100k 977.7 977.7 977.7 977.4 963.7 
200k 1075.8 1075.7 1075.8 1075.3 1059.5 

PPL 
trigrams 

300k 1108.2 1108.2 1108.2 1107.5 1091.3 
100k 18.76 18.77 18.77 18.77 18.85 
200k 17.57 17.59 17.56 17.51 17.65 

WER [%] 
trigrams 

300k 17.08 17.04 17.08 17.07 17.21 

Perplexity (PPL) and word error rate (WER) as a function of used smooth-
ing method and language model sizes of different vocabularies. 
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Abstract — The paper presents a three-dimensional 

representation for visualizing software systems. The use of three-

dimensional is almost as new as the more recent research 

directions and the focus is on the newer visualizations that make 

use of the extra dimension for the display of information. We 

present an overview of current research in the area, describing 

visual representations. 

 

Keywords— three-dimensional software visualization, 3D,   

software comprehension, visual representation, graphical 

representation.  

 

I. INTRODUCTION 

The essence of software visualization consists of creating 

an image of software by means of visual objects. These visual 

objects may represent, for instance, systems or components or 

their runtime behavior. 

To visually encode information, one can use text as well as 

two-dimensional (2D) or three-dimensional (3D) computer 

graphical representations. As software visualization mostly 

deals with software artifacts and their interrelations, graph-

based representations play a major role. 

Developing software systems is an arduous task, involving 

a set of related phases that spawn along the software lifecycle. 

During all these phases, software engineers need different 

ways to understand complex software elements.  

Software visualization can be seen as a specialized subset 

of information visualization. This is because information 

visualization is the process of creating a graphical 

representation of abstract, generally non-numerical, data. 

We focus on research in the areas of Knowledge-based 

software life cycle and architectures [1], [2], [7] 

 

II. SOFTWARE VISUALIZATION 

There are three primary types of visualization:  

 Information visualization is defined as ―the use of 

computer-supported, interactive, and visual 

representations of abstract data to amplify cognition‖ 

(Wakita & Matsumoto 2003). 

 Scientific visualization is described by (Aref, Charles 

& Elvins 1994) as ―when computer graphics is 

applied to scientific data for purposes of gaining 

insight, testing hypothesis, and general education‖ 

 Software visualization is used to understand complex 

software systems and their lifecycles.   

 

Software visualization is defined as ―the use of the crafts of 

typography, graphic design, animation and cinematography 

with modern human-computer interaction and computer 

graphics technology to facility both the human understanding 

and effective use of computer software‖  

The goal is to provide a view on the software system on a 

higher level of abstraction which supports in understanding 

the software system. 

The graphical representation of a software system is realized 

by displaying nodes for source code artifacts (e.g. classes, 

methods, attributes, etc.) and edges for relationships (e.g. 

inheritance, invocation, etc.). [3], [4], [6] 

 

A. Software Visualization in 3D Space 

For large, complex software systems, the comprehension of 

such diagrammatic depictions is restricted by the resolution 

limits of the visual medium (2D computer screen) and the 

limits of user’s cognitive and perceptual capacities. One 

approach to overcome or reduce the limitations of the visual 

medium is to make use of a third dimension by mapping 

source code structures and program executions to a 3D space. 

 

3D visualizations, the use of the third dimension is typically 

motivated by one or more of the following reasons: 

Aesthetics: 3D graphics rendered with photorealistic rendering 

techniques are appealing to many people.  

Evolution: Humans are used to 3D. It has been argued that the 

human visual system has been adapted to the real world – and 

this is a three-dimensional world.  

Dimensionality: The third dimension can be used to add 

additional information to an originally two-dimensional 

representation. There are two notable instances of this:  

 Multiple views: The same object can be shown in 

different ways by placing different, typically 2D, 

views of the object in the 3D space.  

 History: The third dimension can be used as a time 

axis. Along this time axis, the states of an object at 

different points in time can be shown. 
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TABLE 1 

3D STRENGTHS AND WEAKNESSES 

Strengths Weaknesses 

+Greater information density. -Intensive computation. 

+Integration of local views with 
global views. 

-More complex implementation. 

+Composition of multiples 2D 

views in a single 3D view. 

-User adaption to 3D metaphors and 

special devices. 
+Facilitates perception of the human 

visual system. 

 -More difficult for users to 

understand 3D spaces and perform 

actions in it. 
+Familiarity, realism and real world 

representations. 

-Occlusion. 

  

The work of Hubona, Shirah and Fout [Hubona et al. 1997] 

suggest that users' understanding of a 3D structure improves 

when they can manipulate the structure. Ware and Franck 

[Ware and Franck 1994] indicate that displaying data in three 

dimensions instead of two can make it easier for users to 

understand the data. In addition, the error rate in identifying 

routes in 3D graphs is much smaller than 2D [Ware et 

al.1993]. [5], [8] 

 

III. VISUAL REPRESENTATIONS FOR 3D SOFTWARE 

VISUALIZATIONS 

It is crucial not only to determine which information to 

visualize but also to define an effective representation to 

convey the target information to the user and support software 

engineering tasks.  

Indeed, the design of software visualization must address a 

number of different issues, e.g., what information should be 

presented, how this should be done, what level of abstraction 

to support, etc. 

Many representations for visualizing software have been 

proposed. For instance, some visual representations are based 

on abstract shapes such as graphs, trees and geometric shapes 

and others are based on real-world objects like 3D cities solar 

systems molecules video games metaballs 3D landscapes and 

social interactions among others. 

Several 3D abstract visual representations based on graphs, 

trees, and geometrical shapes. 

 

A. Abstract Visual Representations 

Abstract visual representations based on graphs, trees, and 

geometrical shapes. 

 

1) Graphs 

A graph is a network of nodes and arcs, where the nodes 

represent entities such as procedures, objects, classes, or 

subsystems, while the arcs represent relationships between 

entities, such as inheritance or method calls. As seen in Fig. 2. 

 

 
Fig. 1Node representations. Class and design patterns 

 

2) Trees 

A tree can represent many software entities such as 

subsystems, modules, or classes and the relationships between 

them such as inheritance or composition. Moreover, since 

trees have no cycles, unlike graphs, they are generally easy to 

layout and interpret. As seen in Fig. 3. 

 

 

 
Fig. 2 Hierarchical Net 3D. Image courtesy of M.   

 

 

3) Geometrical Shapes 

Many software visualization tools use traditional node-link 

diagrams, but sometimes, they present scalability or layout 

problems. In an effort to explore new representations beyond 

graphs, several visualization techniques were proposed using 

abstract 3D geometrical shapes. As seen in Fig. 4. 

 

 
Fig. 3 Abstract software representations. Callstack and FileVis 
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B. Real World 

Several researchers proposed using real-world metaphors. 

These techniques use well-understood elements of the world 

to provide insights about software. 

 

 

 
Fig. 4 View over a software district showing many, possibly complex, 

methods 

 

 

Further advancing the 3D space aspect of the visualizations, 

work by [5] moved to considering the use of virtual reality 

environments for software visualization. Software World was 

created to show that three-dimensions (in this case also 

showing the viability of real world metaphors) could be used 

to create automatable and scalable software visualizations. 

Buildings, cities, and also at the highest level atlas views, 

were used to represent Java source code. An example view of 

this visualization can be seen in Fig. 6. [2], [5] 

 

 
Fig. 5  Real-world metaphor. Visualizing Software Systems as Cities 

 

 

 

 

 

 

 

 

 

IV. CONCLUSION 

Visualizations developed for program and system 

comprehension should have two aims; to reduce the 

complexity of the perceived view of the software and to 

increase the user’s understanding of the software. 

Software visualization tools have to provide not only 

effective visual representations but also effective interaction 

styles to ease the exploration and help software engineers to 

achieve insight. 

Using three dimensions for visualization adds an element of 

familiarity and realism into systems. The world is a three-

dimensional experience and by making the visualization more 

like that world means there is less cognitive strain on the user. 

One of the main problems for software visualization (and 

other forms of information visualization) is of trying to create 

a tangible representation o something that has no inherent 

form. 

Given the complexity of software and the different problem 

solving characteristics of programmers, it is now well 

recognized that there is unlikely to be any one single 

visualization metaphor that can be considered most optimal 

for software visualization. [2], [7] 
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Abstract—Utilization of high power amplifiers in their 

nonlinear part of characteristic at the OFDM transmitters 

lowers their energy consumption, but comes with the cost of 

nonlinear distortion inflicted into transmitted signal. When 

assuming perfect channel state information present at the 

receiver, only data symbols are nonlinearly distorted, what 

results in a severe performance decrease. However, in practice 

channel state information must be obtained through 

estimation process, which is usually based on insertion of so 

called pilot symbols into transmission and subsequent pilot 

symbols channel estimation. In this case, also transferred pilot 

symbols are subject to nonlinear amplification and distortion, 

which lowers the accuracy of channel estimation process, and 

further decreases the transmission performance. This article 

concerns with evaluation of channel estimation error for a 

comb-type pilot symbol arrangement in a situation of 

nonlinear amplification, and with an improvement of channel 

estimation error by the means of iterative algorithm for 

nonlinear distortion estimation, channel re-estimation and 

distortion cancellation. 

 

Keywords—OFDM, comb-type pilot symbol channel 

estimation error, nonlinear amplification, iterative algorithm.  

 

I. INTRODUCTION 

Orthogonal Frequency Division Multiplex (OFDM) 

transmission scheme is one justified major candidate for 

Beyond 3G and 4G wireless communication systems [1], 

and has very promising potential to meet the demands for 

high data rate transmissions over multipath radio channels 

of future communication systems. OFDM based 

communication systems have large number of benefits in 

comparison with traditional schemes.  On the other hand, 

high Peak-to-average power ratio (PAPR) of OFDM signal 

makes it very sensitive to the nonlinear amplification which 

results in the high Bit Error Rate (BER) penalty as well as 

to the enormous out-of-band radiation. These effects have 

harmful impact on OFDM system performance and 

therefore steps to mitigate these effects must be taken. 

Many different techniques have been introduced to mitigate 

large sensitivity of OFDM systems to nonlinear 

amplification. The conventional solution is to back-off the 

operating point of the nonlinear amplifier, but this approach 

results in the significant power efficiency penalty. Other 

alternative approaches are active constellation extension 

[2], tone reservation [3] or selected mapping [4], which are 

quite computational demanding. Another solution is to use 

nonlinear detector at the receiver side. The first 

contribution on this topic was proposed by Kim and Stuber 

in [5] for reduction of clipping noise of OFDM symbols by 

decision-aided reconstruction at the receiver. In [6] Declerq 

et al. proposed reducing the clipping noise in OFDM by 

introducing a Bayesian interference to the received signal. 

Finally Chen et al. [7] and Tellado et al. [8], proposed 

iterative techniques to estimate and eliminate the clipping 

noise in OFDM.  

Besides the well-known and investigated BER 

degradation and out-of-band radiation, nonlinear 

amplification has in addition another important 

consequence. The pilot symbols, which are inserted into 

selected time and frequency positions of OFDM frame for 

the purpose of acquiring channel state information (CSI) 

are also nonlinearly distorted and therefore CSI acquired by 

traditional estimation techniques is also severely degraded. 

 In this paper, CSI error inflicted by nonlinear distortion 

on pilot symbols is measured for Saleh model of 

nonlinearity. Moreover, improvement of CSI error by the 

means of iterative algorithm for channel re-estimation and 

nonlinear cancellation [9] is measured and evaluated.  

 

II. OFDM SYSTEM MODEL 

The block scheme of the investigated OFDM system is 

presented in Fig. 1. Bits assigned for the transmission are 

first mapped into the complex-valued vector of 64-QAM 

constellation points. Then, every m th−  block of the 

mapped symbols is put into parallel streams using the serial 

to parallel converter. In the next step, pilot symbols are 

inserted into the OFDM frame according to comb-type pilot 

symbol arrangement, which is depicted in Fig. 2, with a 

uniform distribution of pilot symbols among all N  sub-

carriers. Then, obtained signal is send to the block of 

Inverse Fast Fourier Transform (IFFT) for OFDM 

modulation. If ( )
m
fx n  is resultant T N -spaced discrete-

time  vector,  and m  denotes  the m -th  block  of  the input  

Channel estimation error of comb-type pilot symbol 

arrangement in nonlinearly distorted OFDM system  

with iterative compensation algorithm 
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Fig. 1. The block scheme of the OFDM system with iterative receiver. 

 

symbols, the IFFT can be described as follows: 
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With the aim to mitigate the inter-symbols interference (ISI) 

caused by multipath propagation of the transmitted signal, 

carefully selected cyclic prefix (CP) is inserted. CP consists of 

cyclically extended part of the OFDM symbol over the time 

interval [0, ]CPT , and it’s length is set longer than the delay 

spread assumed during the transmission. The resulting OFDM 

symbol after insertion of CP is given as: 
 

             ( )
( )
( )

, , 1,..., 1

, 0,1,..., 1

f

cp

f

g gx N n n N N
x n

x n n N

 + = − − + −
= 

= −
 (2) 

 

where Ng is the length of a guard interval and N is the length 

of the OFDM symbol. Finally, the signal ( )cpx n  is amplified 

in a high-power amplifier (HPA), and sent to the antenna for 

transmission. 

 Nonlinear Amplification: 

Both two most used high power amplifiers (TWTA), 

traveling wave tube amplifiers and solid state power amplifiers 

(SSPA) are not perfectly linear in their entire range of 

characteristic. If operating in it’s linear part, their energy 

efficiency is decreased, but signal is undistorted. However, 

when lower energy consumption is required, characteristic  

 

must  be  widened  to  include  for  its  nonlinear  part.  In this 

paper, Saleh model has been used to model the nonlinearity of 

HPA, which is typical model for TWTA amplifiers. The Saleh  

model can be described by the following amplitude-to-

amplitude modulation (AM/AM) and amplitude-to-phase 

modulation (AM/PM) characteristics: 
 

                
2

2 2

. .
( ) , ( )

1 . 1

G

G

u u
G u u

u u

κ κ
χ χ

Φ

Φ

= Φ =
+ +

 (3) 

 

where 2, 1G Gκ χ χΦ= = =  and / 3κ πΦ =  was chosen. The 

operation point of HPA is defined by so called input back-off 

(IBO), which is defined as: 
 

                             max

10
[ ] 10 log

input

P
IBO dB

P

 
=   

 
 (4) 

 

The output signal tx , as can be derived from Bussgang 

theorem [10], can be written as the sum of scaled version of 

the input signal cpx  plus uncorrelated distortion term ( )d t : 

 

          
1

1

( )
where

( )
( ) . ( ) ( ),

xy

t cp

xx

R

R
x n x n d n

τ
α

τ
α == +  (5) 

 

where xyR  is the cross-correlation function of the signals 

( )tx n and ( )cpx n , and xxR  is the autocorrelation function of 

the signal ( )cpx n , and 
1

0τ = . The complex scaling term α  

can  be  easily  compensated  by introducing correcting  factor  
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* 2/ | |α α , however the distortion term ( )d n  cannot be 

compensated by conventional receivers [11]. 

III.  ITERATIVE COMPENSATION OF NONLINEAR DISTORTION 

Investigated iterative receiver decreases the nonlinear 

distortion inflicted to data and pilot symbols by a nonlinear 

estimation and cancellation algorithm, firstly proposed in [12] 

for clipping noise mitigation, in an iterative manner.  

In a backward loop of iterative receiver, received signal is 

send to the model of HPA with knowledge of nonlinear 

function q( )⋅ . Nonlinear distortion ( )d n  can be estimated by 

subtracting nonlinearly distorted signal from its original 

version, thus obtaining estimate of distortion inflicted to data 

as well as pilot symbols:  
 

                              
( ) ( )

. .

( )ˆ ( ) ( )
i i

iter iter

id n q x x= −  (6) 

 

Although the estimate of the nonlinear distortion ˆ( )d n  is 

degraded by the incorrect estimate of the transmitted signal 

( )x n , the overall performance will be improved if: 
 

                ( ) 2 2ˆ[| ( ) ( ) | ] [| ( ) | ]iE d n d n E d n− <  (7) 
 

The estimate of nonlinear distortion is then transformed into 

frequency domain, multiplied with estimated CSI, and 

subtracted from the output signal ( )fY k  of FFT, thus 

decreasing nonlinear distortion in an iterative manner: 
 

                
( 1)

( ) ( ) ( )ˆ( ) ( ) ( ) .
i i i i

c fY k Y k D H k
+

= − ⋅  (8) 

 

Then, using the corrected pilot symbols, which are now less 

distorted by nonlinear distortion, the channel is re-estimated 

and used for the more reliable equalization and subsequent 

data detection. Then, the iterative process repeats, but now 

with less distorted data and pilot symbols by the nonlinear 

distortion. For more information regarding investigated 

iterative receiver and its mathematical description, see [9].  

 

IV.   SIMULATION RESULTS 

The simulations of OFDM communication system were 

obtained using the Monte Carlo computer simulations. The 

performance results were evaluated for 256 subcarriers with 

64-QAM modulation for Saleh model of nonlinearity. 

Transmitted signals were generated by using 4-multiple 

oversampling, with cyclic prefix set to 3.33 µs, utilizing 

subcarrier spacing 18.74 kHz. The transmission channel was 

modeled as 4-tap COST 207 RA (Rural Area) Rayleigh fading 

channel, and zero forcing was utilized as equalization method. 

Channel estimation error was evaluated for comb-type pilot 

symbol arrangement, measured utilizing Mean absolute 

percentage error (MAPE), defined as:   
 

                

1

1
100%

n
i i

ii

r e
MAPE

n r=

−
= ⋅ ⋅∑  (9) 

 

where ir  is real value of CSI and ie  is estimated value of CSI 

obtained from pilot symbols at symbol positions. 

In a results outlined in Fig. 3. is shown a development of 

CSI error in a communication system with changing noise 

conditions with IBO levels ranging from 1 to 12 dB. As can be 

observed from the figure, the worst case is obtained for IBO = 

1 dB, with distortion of CSI obtained through estimation 

process with comb-type arrangement at approximately 40 %. 

The distortion then decrease gradually. An improvement of 

CSI error by means of iterative algorithm of nonlinear 

distortion cancellation for IBO = 4 dB, is shown in Fig. 4.  As 

can be observed from the figure, for the noise value of Eb/No 

= 35 dB, the very first iteration of investigated algorithm 

improves the CSI error from 28,8 to 18,0 %, by a merely 10 

%. The next iterations provided 4.5, 5, 4.2, 1.5 and 0.6 % 

improvement of CSI error.   

Development of CSI error for different iterations of 

iterative  receiver  for  and  for  conventional  receiver  and  is  
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Fig. 3.  Channel state information error for comb-type arrangement of pilot 

             symbols and Saleh model of nonlinearity with different IBO values. 

  

       
 

Fig. 2.  An example of comb-type arrangement of pilot symbol in  

                  an OFDM frame. 
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depicted on Fig. 5. As can be seen from the figure, the first 

iteration of iterative receiver provided best improvement of 

CSI error, from 35 % to 25 % at IBO = 2 dB, from 25 % to 14 

% at IBO = 5 dB and from 17 % to 7 % at IBO = 8 dB. For 

this level, the very next iteration provided improvement of 

CSI error to 1.5 %, very close to the lower bound of 

improvement. As can be seen from the results, the lower 

bound for improvement of CSI error for a comb-type pilot 

symbol arrangement by an iterative receiver is approximately 

1.3 %.  

The improvement of CSI error by iterative receiver is 

significantly slower, e.g. requires more iterations for lower 

IBO levels, requiring full 7 iterations to obtain 1.5 % CSI 

error at IBO = 4 dB,  but  faster at higher IBO levels, 

requiring just 3 iterations at IBO = 6 dB and 2 iterations at 

IBO = 8 dB to reach the same, 1.5 % level of CSI error.     

 

V.   CONCLUSION 

In this article, channel state information error for OFDM 

communication error with comb-type pilot symbol 

arrangement is measured and evaluated for Saleh model of 

nonlinearity with IBO levels ranging from 1 to 12 dB. 

Additional improvement of channel estimation error is 

measured for 7 iterations of channel re-estimation and 

nonlinear distortion compensation algorithm. The results have 

shown that investigated iterative algorithm can be used 

efficiently to reduce the channel estimation error inflicted by 

nonlinear distortion in a case of comb-type pilot symbol 

channel estimation.  
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Fig. 5.  Development of CSI error for OFDM transmission system with 

              Saleh model of nonlinearity, IBO = 1-12 dB, and Eb/No = 35 dB. 
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Abstract— This paper introduces a solution to the 
reference trajectory tracking problem done by 
a differential wheeled mobile robot Khepera II. The paper 
includes a mathematical model of mobile robot, which we 
use for the acquisition of a set training data for creating 
forward and inverse neural model. The purpose of the 
control structure was the reference trajectory tracking, 
which we verified using the Neural Network Toolbox of 
Matlab/Simulink.  
 

Keywords— mobile robot, MLP neural network, forward 
neural model, inverse neural model.  

I. INTRODUCTION 

The primary task of every mobile robot in the industry is to 
track predefined trajectory form its initial to a final position. 
Track trajectory of mobile robot is possible by using neuro-
fuzzy controller [9]. In our paper, we have used neuro 
approach for tracking trajectory. Training data, necessary for 
proposal nonparametric controller, we have obtained from 
simulation model of the robot, which was controlled the 
proposed control structure. Simulation model of the mobile 
robot was used for verify algorithms of tracking defined 
reference trajectory. Simulation model of the mobile robot is 
based on a real mobile robot Khepera II of K-team Corp. [8].  

II.  MATHEMATICAL  – PHYSICAL MODEL OF MOBILE 

ROBOT 

Created a model is based on several assumptions, namely 
that the robot moves on  a perfect flat surface without sliding 
and also neglects the rolling resistance of the wheels. Position 
of the mobile robot is given by the coordinates yx,  and 

angleθ , which represents the rotation of the mobile robot in 
relation to the chosen coordinate system. Mobile robot is 
controlled by the angular velocities of the wheels RL ωω , . 

Between the angular velocities RL ωω ,  and peripheral speeds 

RL vv ,  there are the following relations    

 

LL rv ω=  ,  RR rv ω=      (1) 

                  (1) 
where r  is radius of the wheel. Position and rotation of the 

robot in the space can be based on (1) to express the following 
equations, which form a kinematic model of the mobile robot 
(Fig.1)     

( )
( )
( ) ωθ
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=
=

t

vty

vtx

&

&

&

sin

cos
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−
=
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ω
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where the inputs into the kinematic model are speeds 

wheels Lv resp. Rv  and the outputs are θ,, yx . The kinematic 

model (Fig.1) allows us to determine the position and rotation 
of the robot under the condition that we know the initial state 
of the robot and we have updated information about the speed 
of the  individual wheel [10].  
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Fig. 1 Kinematic model of mobile robot 

 
The kinematic model does not include friction forces acting 

on the wheel and the total mass of the mobile robot, so we 
have extended the mathematical – physical model about the 
dynamic part (Fig.2), which has the following shape:  

 

( )
2

bFF
J

FFma

RL

RLt

−
=

+=

ε
  (3) 

                 
where tangent acceleration ta  is given by mass of the robot 

mand tangent forces LF  a RF , which acting on the wheels 

due to change in the rotation speed. Angular acceleration ε  is 
determined by the same forces, the moment of inertia of the 
robot J and distance between the wheels b [3]. Angular 

velocities Lω and Rω  ),( RRLL θωθω && ==  of the mobile 
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robot are driven by the voltage LU  and RU . Differential 

equations expressing this fact have the following shape [1] 
 

( ) ( )
( ) ( ) RRRTR

LLLTL

UrFtFtJ

UrFtFtJ

=++

=++

θθ
θθ
&&&

&&&

 (4) 

 
where TF  is friction force acting on the wheel. From 

equations (3) and (4), we have obtained dynamic model of the 
mobile robot in the state space :   

 
( ) ( ) ( )
( ) ( )tCxty

tButAxtx

=
+=&

 (5) 

 
where the state variables and their derivates have the 

following physical meaning: 
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and inputs into the system are: 
  

[ ] [ ]RLRL UUFFtutututuu ,,,)(),(),(),( 4321 ==  

And outputs from the system are: 
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Fig. 2 Dynamic model of mobile robot 

 
We programmed simulation scheme of the mobile robot 

(Fig.3)(Fig.4) in the Matlab/Simulink, based on the equations 
of the kinematic (2) and dynamic model (3) (4) :  
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Fig. 3 Simulation scheme of mobile robot - kinematics 
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Fig. 4 Simulation scheme of model robot – dynamics 

 
We proposed a control structure to ensure that the mobile 

robot can track one of the set reference trajectory [2]. The 
inputs into control structure of model robot are coordinates of 
current position of model robot x, y and coordinates of 
reference trajectory xref, yref. We have calculated Euclidean 
distance between current and desired position of the model 
robot by means of these coordinates. The outputs from control 
structure are angular velocities for left and right wheels. 
Subsystems control structure and model robot (Fig.5) we used 
in the simulation schemes for acquisition of training data 
necessary for design forward and inverse neural model. 
Simulations were carried out in the sample period sTvz 01,0= . 
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Fig. 5 Simulation scheme is designed for to simulate 
movements of the mobile robot 

III.  FORWARD NEURAL MODEL OF MOBILE ROBOT 

Neural model, which approximates dynamic of the system is 
called forward model. Neural network is placed in parallel 
with identification system and error between output of the 
neural network ( )1ˆ +ky  and output of the dynamic 

system ( )1+ky , the so-called prediction error, is used as 

training signal for neural network (Fig.6). Forward network of 
MLP type was used as neural network. 

SYSTEM
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TRAINING 
ALGORITHM

z-1

u(k) y(k+ )1  

 1  ŷ(k+ )

e(k+ )1

+

-

d
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Fig. 6 Identification scheme based on output prediction 
error 
 
If the output of the neural model is ( )1ˆ +ky  then we can 

express the equation by approximation   
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( ) ( ) ( ) ( ) ( )[ ]1,...,,1,...,ˆ1ˆ +−+−=+ mkukunkkyfky   (6)          (18) 

where f̂ is represents the non-linear input-output 

representation by the neural model and ( )ky  resp. ( )ku  is n -

output resp. m - input of the previous values [4].  
Training data for proposal forward neural model, we 

obtained from simulation scheme to simulate the movement of 
the robot along defined reference trajectory. Reference 
trajectory was represented by vectors x and y coordinate. For 
training the forward neural model, we used a forward neural 
network of Multi Layer Perceptron (MLP) type with ten 
neurons in the input layer, with ten neurons in the hidden layer 
and with two neurons in the output layer (Fig.7). The training 
of forward neural model was carried out by the Levenberg-
Marquardt algorithm using Neural Network Toolbox.  
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Fig. 7 Forward neural model of the mobile robot 

 
The validation of the model is the next step after training of 

the neural model. The result of testing of trained forward 
neural model (Fig.7) is shown in the Fig.8. From picture 
(Fig.8) shows that forward neural model can approximate with 
accuracy, which meets for its further use at the tracking 
defined reference trajectory.    
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Fig. 8 Comparison outputs of the system and the forward 
neural model 
 
 
 

IV.  INVERSE NEURAL MODEL OF MOBILE ROBOT 

Inverse neural model of the system is an important part of 
the theory of control. If the forward neural model was 
described by the equation (6), then the inverse model can be 
expressed in the form:  

 










+−
+−+

= −

)1(),....,(....

),...1(),..,(),1(
)( 1

mkuku

nkykykr
fku    (7)       (20)

 
where ( )1+ky  is an unknown value, therefore it is 

substituted by the reference value of the control 
variable ( )1+kr . To obtain inverse neural model, we have 

chosen General training architecture (Fig.9), which requires 
a known reference trajectory( )kr . Signal ( )ku  is applied to 

the inputs of structure based on input predictive error with the 
aim of to obtain a corresponding system output ( )ky , while 

the neural network is trained by the error ( )keu , which is 

obtained as the difference of the neural model output ( )kû  and 

input signal ( )ku  into the system [4]. 
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Fig. 9 General training structure 

 
For training the forward neural model, we used forward 

neural network of Multi Layer Perceptron (MLP) type with 
fourteen neurons in the input layer, with five neurons in the 
hidden layer and with two neurons in the output layer (Fig.10). 
Training of forward neural model was carried out by the 
Levenberg-Marquardt algorithm. 
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Fig. 10 Inverse neural model of mobile robot 

 
We applied inverse neural model (Fig.10) together with 

forward neural model (Fig.7) into control structure IMC 
(Fig.12), which we have used for tracking defined reference 
trajectory. We proposed the IMC filter into control structure 
for better tracking trajectory. The goal of the tracking is to 
control the movement of the mobile robot from the point A to 
the point B along the chosen reference trajectory (Fig.11).       
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Fig. 11 Reference trajectory 
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Fig. 12 Control structure Internal Model Control 

 
The output from control structure IMC is current trajectory 

of simulation model of mobile robot (Fig.13), which is 
controlled nonparametric neural controller. 

-2 0 2 4 6 8 10
-0.1

-0.08

-0.06

-0.04

-0.02

0

0.02

0.04

0.06

0.08

0.1

axis x [dm]

ax
is

 y
[m

]

 

 

reference trajektory
output from IMC structure

 
Fig. 13 Comparison the defined reference trajectory and 
output from IMC structure 
 

From Fig.13, we can see that simulation model of mobile 
robot tracks the defined reference trajectory. We verified the 
functionality for other sinus trajectories with other amplitudes. 
When we have changed trajectory is necessary training the 
new inverse and forward neural model.       

V. CONLUSION 

We have analyzed the problem of tracking predefined 
reference trajectory of the mobile robot in the paper. As 
solution to the problem, we have proposed nonparametric 
neural controller, which we implemented into the control 
structure IMC together with forward neural model. Training 
data, necessary for proposal nonparametric controller, we have 
obtained from simulation model of the robot. The obtained 
knowledge in the field tracking reference trajectory of the 
mobile robot, we want to use for real mobile robot Khepera 
III, which are in our laboratory at the Department of 
Cybernetics and Artificial Intelligence.            
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Abstract— Paper describes experience with selected methods 

of structural and parametric adaptation of neural networks for 
real time learning and application in Reinforcement strategy. 
Non-linear function aproximation is tested and evaluated with 
these approaches with the aim of perspective application in 
Computer games and building an intelligence for Bots in the 
virtual reality. TWEANN and NEAT methods are tested and 
experimental and theoretical study was accomplished on these 
methods. They are based on evolutionary computation and 
optimization of neural networks structure and synaptic weights. 
Application potential for supporting the intelligence of NAO 
humanoid robots is mentioned in the conclusion of the paper. 
 

Keywords— neural networks, evolutionary algorithms, 
Neuroevolution, TWEANN, NEAT, genetic algorithms. 

I. INTRODUCTION 

Evolutionary algorithm  (EA) is used for solving 
optimization problems and one of these tasks could be a 
search for optimal Neural Network (NN) and its topology. 

Finding the optimal neural networks by using EA may 
consist of NN topologies optimization - searching NN 
topology able to solve the problem and of NN synaptic 
weights (SW) optimization - search for suitable values of SW. 
As it is described in [6], neuroevolution (NE), the artificial 
evolution of neural networks using genetic algorithms (GA), 
has shown great promise in complex learning tasks.  

 

II.  NEAT 

The method NeuroEvolution of Augmenting Topologies 
(NEAT) was created by K. O. Stanley and R. Miikkulainen, 
from the Texas University in Austin, described in [6]. From 
the same publication is the following description. 

A. Genetic Encoding 

NEAT's genetic encoding scheme is designed to allow 
corresponding genes to be easily lined up when two genomes 
cross over during matting. Genomes are linear representations 
of network connectivity. 

B. Historical Markings of genes 

Whenever a new gene appears through structural mutation, 
a global innovation number is incremented and assigned to 
that gene. The innovation number thus represents a 
chronology of the appearance of every gene in the system.  
When crossing over, the matching genes in both genomes with 

the same innovation numbers are lined up, see [6] 

C. Protecting Innovations through Speciation 

Speciating the population allows organisms to compete 
primarily within their own niches instead of with the 
population at large. This way, topological innovations are 
protected in a new niche where they have time to optimize 
their structure through competition within the niche. In NEAT 
is the measure of the compatibility distance of a different 
structures a simple linear combination of the number of excess 
E and disjoint D genes, as well as the average weight 
differences of matching genes W, including disabled genes, 
see (1) [6]. 

 
___

321 Wc
N

D
c

N

E
c ⋅+⋅+⋅=δ            (1) 

___

W  – average of SW differences of matching genes 
E – number of excess genes 
D – number of disjoint genes 
N – number of genes in larger genome (for normalization 
because of its size) 
c1, c2, c3 – coefficients 
δ − compatibility (gene’s) distance 

  

III.  IMPLEMENTATION OF NEAT APPROACH 

For the implementation of experiments we have proposed 
and implemented the software in the creation of which we was 
inspired by the method NEAT, see chapter II. We’ve been 
using evolutionary calculations, namely the GA to find the 
simplest topologies with optimized SW for XOR problem. 

A. Representing individuals 

The population is made up of individuals - NN. Particular 
individual, which we call the genome, contains a list of "genes 
of links" [6]. 

In the initialization of the population are individuals with a 
minimum NN topology, see Fig.1., whose structure is made up 
of only input and output layer, i.e. without hidden layers, and 
with the philosophy that their structure is rising only when it is 
appropriate for a given solution, see Fig.2. Input layer consists 
of two input nodes, output layer of one output node. Node 
"bias" was incorporated into the topology so that we can 
introduce the entry of the external world to all of the neurons. 

Evolutionary approach for structural and 
parametric adaptation of  NN for XOR problem  
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For each neuron in the NN, we used the same sigmoid 
activation function. 

 
Fig. 1. Initial NN topology – 4-Node NN 

 

 
Fig. 2. The Genome is rising through the evolution 

 

IV.  EXPERIMENTS 

A. Experiment example 

This experiment shows that in 500 generations, the program 
NEAT created 4-Node, 5-Node, 6-Node and 7-Node NN. 
Figure 3 shows the number of individuals pertaining to the 
topology in the certain generation, as well as the emergence 
and disappearance of species in the population. 
In this case, the 7-node NN was created at the end of the 
experiment, in the 450. gen. there were only 5 such individuals 
in the whole population, see Fig.3. Therefore, the program had 
sufficient time to search SS (State Space) of SW of 6-Node 
NN and founds its optimization in the 350. gen., i.e. founds 
the optimal topology and values of NN’s SW able to solve 
XOR task. The 5-Node NN was optimized in the 130.gen. and 
the search for the 4-Node NN, see Fig.1 (which we know that 
is not able to solve XOR task) the program stopped in 
260.gen., so that entire 4-Node type was thrown away from the 
population, see Fig.3 and charts of SSE (Sum of Squared 
Error) during the evolution which are shown in figures Fig.4-
Fig.8 
 

 
Fig. 3. Number of individuals in the population. 

 
Fig. 4. SSE of NN through evolution in all population. 

 

 
Fig. 5. SSE of the 4-Node NN through the evolution. 

 

 
Fig. 6. SSE of the 5-Node NN through the evolution. 

 

 
Fig. 7. SSE of the 6-Node NN through the evolution. 

 

 
Fig. 8. SSE of the 7-Node NN through the evolution. 
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The reason why the 7-Node NN was not optimized, is due 

to lack of time (generations) needed for sufficient scan of 
NN’s SW state space. 

In most cases to find the simplest (5-Node) topology of NN 
able to solve XOR task (where SSE = 0) only 100.gen. were 
needed, but for NN with more complex structure we need 
more generations for its optimization.  

Figures Fig.9 - Fig.12 shows individuals of particular 
species which were evolved on the end of the evolution 
process.  

 

 
Fig. 9. The individual from species No1 

 

 
Fig. 10. The individual from species No2 

 

 
Fig. 11. The individual from species No3 

 

 
Fig. 12. The individual from species No4 

 
Tab. 1. SSE of the best individual of each species at the end of evolution 

INDIV. ID SSE INDIV. ID SSE 

ID_28551 3.09e-05 ID_30748 1.19e-08 

ID_28588 0.006266 ID_30647 1 

V. CONCLUSION 

The functionality of the NEAT method was tested for its 
ability to evolve various topologies of NN able to deal with 
XOR problem. 

This work has shown strong and weak points of the system 
TWEANN, as well as the NEAT system, and outlined possible 
pitfalls, which can be given when using these systems. Tested 
approach is very effective for the problems of TWEANN 
which were easily solved. 
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Abstract—This paper presents interaction between knowledge 

discovery and social networks, and possible exploitation of net-

work data. After brief introduction to knowledge discovery we 

present Social Networks. We deal with definition of Social Net-

work, and with their representations by graphs and matrices. In 

second part of this paper we discuss special type of Social Net-

work – Affiliation network and also possible representation of 

these kind of networks. In the last section we propose approaches 

for exploitation of data from Social Networks and we present our 

future work. 

 

Keywords—Social Network, Knowledge Discovery, Data Min-

ing, Affiliation Network, Graphs, Representation of networks. 

I. INTRODUCTION 

Social network (SN) is a concept very well known in nowa-

days, but SNs were introduced and defined many years ago, 

exactly at the start of previous century [1]. The huge amounts 

of scientific articles were published with this theme, but many 

of them were faced with deficient of source data. The rapid 

growth of SN analysis was facilitated with big popularity of 

Internet. Generally, we can say that it is almost infinite data 

source, especially for network data. 

Many web portals provide international SNs of unimagina-

ble dimensions, e.g. by [2] in July 2009 the five most visited 

SN portals were Facebook, MySpace, Blogger, Twitter 

and WordPres with more than ten millions accesses per 

month. 

 Except these gigantic (worldwide) SNs, there are also avail-

able middle and small SNs for specific communities. One of 

such examples is the Slovak portal birds.sk oriented on stu-

dents and young people who want to express and spread their 

opinions and reflections [3]. Another example is portal esve-

ty.sk, which wants to invite people of real word communities 

to build their own social network. [4]. 

II. DATA MINING 

Knowledge discovery (KD)
1
 is a process of (semi–) auto-

matic knowledge extraction consists of several steps: Business 

understanding; Data understanding; Data preparation; Mod-

eling; Evaluation and Deployment [5]. 

There are many definitions of KD [6], [7], [8] and [9], but 

the most suitable definition is by [10] and [11] which states: 

KD is nontrivial process of identifying valid, novel, potentially 

useful, and ultimately understandable patterns in data, where 

 
1 Sometimes referred as data mining, although data mining is in fact one 

particular step in the knowledge discovery process.  

term pattern goes beyond its traditional sense to include 

models or structure in data. 

A. Data for Knowledge discovery 

Traditional data for KD may exist in several forms, e.g. in 

computer files written by humans, business information in 

SQL databases or in other standardized database formats, au-

tomatically recorded information by machines (logs of devic-

es, binary data streams, etc.). All of these data forms describe 

identifiable objects (usually from real world) and relations 

between them [7]. 

Each of the examined objects is described by a set of values 

corresponding to their measurable properties. In KD the set of 

values assigned to an object are called attributes and usually 

are recorded as one row or one instance in the table. Thus data 

set is set of all reachable information usually stored in the ta-

ble (see Table I.). Each record (row) in the table is one object, 

in our case one person, which attributes are stored in columns 

whereas in this particular example the last column “class” has 

specified significance and serves for classifying into prede-

fined categories [11]. 

 
TABLE I. 

DATA SET OF TRADITIONAL DATA 

NAME SEX AGE NUM. OF FIENDS CLASS 

Robert man 32 2 social  

Joseph man 30 1 non social 

Catherine woman 26 1 non social 

Mary woman 27 3 social 

Thomas man 29 3 social 

Alice woman 28 3 non social 

 

B. Knowledge discovery Tasks 

In [7], there are many forms of knowledge discovery de-

fined, such as Data Warehousing and OLAP; Mining Fre-

quent Patterns, Associations and Correlations; Classification 

and Prediction; Cluster Analysis, Mining Stream, Time-Series 

and Sequence Data; Graph Mining, Social Network Analysis 

and Multirelational Data Mining; Mining Object, Spatial, 

Multimedia, Text and Web Data. 

III. SOCIAL NETWORKS 

In the rest of the paper we focus on knowledge discovery in 

social networks data. “What is a Social Network?” One of the 

“traditional” answers is that a social network consist from a set 

of nodes (or network actors) connected to each other by one or 

more types of ties [12], or by [13]: social network is a set of 
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socially-relevant nodes connected by one or more relations. 

Nodes, or network members, are the units that are connected 

by the relations whose patterns we study. These units are most 

commonly persons or organizations, but in principle any units 

that can be connected to other units can be studied as nodes. 

From the point of view of KD, the most appropriate definition 

is by [7]: social network is a heterogeneous and 

multirelational data set represented by a graph. The graph is 

typically very large, with nodes corresponding to objects and 

edges corresponding to links representing relationships or 

inter-actions between objects. Both nodes and links have 

attributes. Objects may have class labels. Links can be one-

directional and are not required to be binary. 

A. Network Data 

Network data are different from traditional data. They con-

sist from representation of one (or more) relation(s) between 

actors [12]. Usually are stored in tables with the same number 

of rows and columns. First row and first column of the table 

are representing actors, whereas other cells of the table are 

representing relations between them [14] (see Table II.). 

 
TABLE II. 

DATA SET OF NETWORK DATA 

Actor Robert Jozeph Catherine Mary Thomas Alice 

Robert – 0 0 0 1 1 

Joseph 0 – 1 0 0 0 

Catherine 0 1 – 1 0 0 

Mary 0 0 1 – 1 1 

Thomas 1 0 0 1 – 1 

Alice 1 0 0 1 1 – 

 

Network data consist of two types of variables: structural 

and composition. Structural variables are measured on pair of 

actors and are the cornerstone of social network data sets. 

Structural variables measure ties of a specific kind between 

pairs of actors, e.g. friendships between people, or trade be-

tween nations. This kind of data is represented by 0 and 1 in 

the Table II., where 0 means absence of the tie and 1 means 

presence of the tie between actors
2
 [12]. 

Composition variables are measurements of actors’ 

attributes. There are standard social and behavioral attributes, 

and are defined at the level of individual actors, e.g. we might 

record gender, race, or ethnicity for people, or geographical 

location, act. [12]. In Table II., composition variables are 

names of particular actors which should be expanded by data 

from Table I. 

B. Types of Social Networks  

Many different types of SNs exist in the real world, and they 

are not always coming from social context. Examples of them 

are technologic, business, economic, or biological SNs. We 

can distinguish SNs by distinct set of entities on which the 

structural variables are measured to: one-mode, two-mode and 

higher-mode SNs. 

 

1) One-mode networks 

One-mode networks are dominant type of SNs with just 

a single set of actors, e.g. people, organizations, nation act. 

The actors themselves can be of a variety of types: subgroups, 

organizations, or communities. Relations between them that 

 
2 If we assume that is not possible to create cyclic ties of one actor to 

him/herself. 

can be studied are: Individual evaluations; Transactions of 

transfer of material resources; Transfer of non-material re-

sources; Interactions; Movement; Formal roles; or Kinship.  

2) Two–mode networks 

A two-mode network involves measurements on two sets of 

actors, or on a set of actors and a set of events. 

Two Sets of Actors. These networks describe for example 

companies and its employees, or authors and their articles. 

Typical analysis of such networks is between actors of one 

type and actors of second type, because it is not possible to 

create ties among actors of the same type. Usually in this case, 

just one type of actors should create tie (sender), and second 

type of actors should accept tie (receiver) [13]. 

One Set of Actors and One Set of Events. It is special type 

of two-mode network, commonly referred as affiliation net-

work. It arises when one set of actors is measured with respect 

to attendance at, or affiliation with, a set of events or activi-

ties. Actors (the first mode) are related to each other through 

their joint affiliation with events or activities (the second 

mode). The events are often defined on the basis of member-

ship in clubs or voluntary organizations, attendance at social 

events, sitting on a board of directors, or socializing in a small 

group [12]. 

IV. REPRESENTATIONS OF NETWORK DATA 

Based on [12], there are three forms of network data repre-

sentation: Graph theoretic – is most useful for centrality and 

prestige methods, cohesive subgroups ideas, as well as dyadic 

and triadic methods; Sociometric – is often used for the study 

of structural equivalence and blockmodels; and Algebraic 

notation – is most appropriate for role and positional analyses 

and relational algebras
3
. 

A. Simple Graphs 

A graph is a model for a SN with an undirected dichotom-

ous relation; that is, a tie is either present or absent between 

each pair of actors. In a graph, nodes represent actors and 

lines represent ties between actors (see Fig. 1 a)). 

Graph G is ordered couple (V, E), where V is non-empty set 

of vertices and E is set of subsets, each one consisting of two 

elements from set V. Elements of set V are called vertices of 

the graph G and elements from set E are named as edges of the 

graph. 

We will use only graphs with finite set of vertices (there ex-

ist graphs with infinite set of vertices). A graph G with vertic-

es V and edges E is noted as G = (V, E), the set of vertices in a 

concrete known graph G is labeled as V(G), accordingly the 

set of edges is E(G). 

Graph is combinatory object that giving the elements of two 

sets into relationships. Graphs are visualized as projection into 

the plane, the vertices (nodes) are the points in the plane and 

edges are expressed as a straight line or spline (connection or 

link) between the points. This visualization of the graph is also 

called diagram of the graph [15] (see Fig. 1). 

Subgraph. Graph G' is a subgraph or factor of graph G if set 

of vertices V(G') are subset of vertices V(G) and set of edges 

E(G') is subset of edges E(G), so V(G') ⊂ V(G) and 

E(G') ⊂ E(G), we write G' ⊂ G (see Fig. 1 b)). 

 
3 For more details see [12], section 3. 
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Complete graph at n ≥ 1 vertices is graph Cn = (V, E), 

where |V| = n and E includes all possible two element subsets 

of vertices. 

 

   
Fig. 1.  a) Diagram of the simple graph;   b) Diagrams of subgraphs. 

B. Directional and Valued Graphs 

Many relations are directional in SNs. A relation is direc-

tional if the ties are oriented from one actor to another. The 

import/export of goods between nations is an example of 

a directional relation. A directional relation can be represented 

by a directed graph G


, or digraph for short. A digraph con-

sists of a set of nodes representing the actors in a network, and 

a set of arcs directed between pairs of nodes representing di-

rected ties between actors. The difference between a graph and 

a directed graph is that in a directed graph the direction of the 

lines is specified (see Fig. 2) [12]. 

Often SN data consist of valued relations in which the 

strength or intensity of each tie is recorded. Examples of va-

lued relations include the frequency of interaction among pairs 

of people, or rating of friendship between people in a group. 

Thus, next step in the generalization of graphs and digraphs is 

to add a value or magnitude to each line or arc (see Fig. 2). 

Valued graphs are the appropriate graph theoretic representa-

tion for valued relations [12]. 

 
Fig. 2.  Diagram of the valued directional graph 

C. Matrices 

The information in a graph G may also be expressed in 

a variety of ways in matrix form. There are two such matrices 

that are especially useful. The first is the sociomatrix (dis-

cussed below), and the second is incidence matrix [16]. 

A sociomatrix is the primary matrix used in SN analysis, al-

so called as adjacency matrix [12]. This matrix indicates 

whether two nodes are adjacent or not. For one-mode net-

works is sociomatrix of size g × g (g rows and g columns), and 

there is a row and column for each node, and the rows and 

columns are labeled 1, 2, …, g. The entries in the sociomatrix, 

xij, record which pair of nodes are adjacent. There is a 1 in the 

(i.j)
th

 cell (row i, column j) if there is a line between ni and nj, 

and a 0 in the cell otherwise (see Table II). 

More formally, sociomatrix of graph G = (V, E) or digraph 

G


= (V, E) with vertex set V = {v1, v2, …, vn} is a square ma-

trix B = (bij) of order n, and its elements are equal [15]: 

 


 


otherwise.,0

,if,1 Evv
b

ji
ij  

 

V. AFFILIATION NETWORKS 

Affiliation network (AN) differ in several ways from the 

types of SN [12]. First, ANs are two-mode networks, consist-

ing of a set of actors and a set of events. Second, ANs describe 

collections of actors rather than ties between pairs of actors. 

A. Properties of Affiliation networks 

Most importantly, since ANs are two-mode networks, we 

need to be clear about both of the modes. As usual, we have 

a set of actors N = {n1, n2, …, ng}, as the first of two-modes. 

In SNs we also have a second mode, the events, which we 

denote by M = {m1, m2, …, mh}. The event in an AN can be 

a wide range of specific kinds of social occasions; e.g. social 

clubs in a community, treaty organizations for countries, and 

so on. 

Another important property of ANs is the duality in the re-

lationship between the actors and the events. However, the 

duality in ANs refers specifically to the alternative, and equal-

ly important, perspectives by which actors are linked to one 

another by their affiliation with events, and at the same time 

events are linked by the actors who are their members. 

Duality of an AN means that we can study the ties between 

the actors or the ties between the events, or both. Focusing on 

events, two events have a pair-wise tie if one or more actors 

are affiliated with both events, this we will refer as overlap-

ping events. When we focus on ties between actors, we will 

refer to the relation between actors as one of co-membership 

[12]. 

B. Representing Affiliation networks 

ANs are in the graph theoretic representation represented by 

bipartite graph (see Fig. 3). A bipartite graph is a graph in 

which the nodes can be partitioned into two subsets, and all 

lines are between pairs of nodes belonging to different subsets. 

Thus, each mode of the network constitutes a separate node 

set in the bipartite graph. Since there are g actors and h events, 

there are g + h nodes in the bipartite graph. 

 
Fig. 3.  Diagram of bipartite graph of an Affiliation network 

 

Formally, complete bipartite graph Cm,n = (V, E), where 

m, n ≥ 1, is graph, in which V = {n1, ..., ng} ∪ {m1, …, mh}; 

E = {ni, mj} : i = 1, 2, …, g; j = 1, 2, …, h [15]. 

In the Sociometris, ANs are represented by matrix that 

records the affiliation of each actor with each event. This ma-

trix, which we will call an affiliation matrix, A = {aij}, codes 

for each actor, the events with which the actor is affiliated. 

Equivalently, it records for each event, the actors affiliated 

with it. The matrix A, is a two-mode sociomatrix in which 

rows index actors and columns index events. Since there are g 

actors and h events, A is a g × h matrix, where (i,j)
th

 cell is 

equal: 






.otherwise,0

event  with affiliated is actor  if,1 ji
aij  
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Actor Event 1 Event 2 Event 3 

Robert 1 0 1 

Joseph 0 1 0 

Catherine 0 1 1 

Mary 0 0 1 

Thomas 1 1 1 

Alice 1 1 0 

 

Fig. 4.  Example of an Affiliation matrix 

VI. PROPOSAL OF SOCIAL NETWORKS EXPLOITATION 

A. Social networks of small communities 

Small real communities and their networks can have several 

targets. One of these targets is grouping of people and creating 

new relationships between them. The relations depend on real 

world activities, but correct representation of these relation-

ships is crucial in analysis of these, small communities net-

works. 

SN of small communities has several advantages in contrast 

of gigantic networks such as Facebook, LinkedIn, or others. 

We can analyze small networks in whole and also in parts, 

because there are usually still sufficient counts of members. 

Other, very important advantage of small networks is that they 

can be analyzed by visualization tools. This analyzing tech-

nique is of course very sensitive to the number of network 

members. 

B. Network Data exploitation 

Extracted knowledge from the network data can be used in 

many ways. Some of them can be used for business targets, 

increasing of working process effectiveness, or for customiz-

ing and forming of social network by itself. 

In case of small community, the extracted knowledge 

should be very useful for achieving of community targets. For 

example, small community target is to group people who are 

not previously known each other in a group during some ac-

tion or activity. Thus it is possible to make new friendships 

between group participants. 

Representation of relationships by SNs is very useful for fu-

ture partition of people into groups. Except data of past affilia-

tion in the groups we can store an additional data in SN. We 

can customize ties between people by their intensity of com-

munication or by other relations (not exactly) added by hu-

mans, like grouping in their own (virtual) groups or their dis-

cussions in forums. 

VII. CONCLUSION 

In section II. we briefly presented Knowledge discovery, 

and its relation to Social Networks which were presented in all 

other parts of this paper. Section III. dealt with  definitions 

and basic principles of Social Networks. Finally, in section IV. 

we presented some possible representation of networks. Affili-

ation networks as special type of Social Networks were pre-

sented in section V., and in the following, section VI., we 

made a proposal for exploitation of data from Social Net-

works. 

Next future work will be oriented to data preprocessing of 

small community network, their analysis and visualization. 

After this, we will start experiments with modeling of network 

and analysis of variety modeling methods with reflection to its 

expression power. 

Finally we want to use data from SN for specific tasks, e.g. 

for partitioning of people into groups during actions and com-

pare it with classical methods (methods without reflection of 

past data), or for creation of new friendships automatically by 

providing possibilities for communication and interaction be-

tween people. 
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