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Fig. 7. Speed and current controller in converter

are controlled by converter without feedback. Right vehicle
direction is controlled by PLC. Vehicle direction is received
from superior laptop. Also steady state of vehicle is controlled
by PLC. Vehicle position controller is very suitable for the
global navigation.

Fig. 8. IXR compensation, fuzzy position controller

2) Global Motion: Global motion control is set from lap-
top, according to figure 8. Zero point is defined after motion
control start. Shifts on X and Y global axis are calculated by
PLC every 200ms. Also changes é¢. Calculation is based on
IRC signals A, B. Global parameters are transfered to superior
software through wireless connection. Definition for the next
motion [v; 7] is feedback for this parameters. Formated data
are sequenced to Front In Front Out (FIFO) buffer. Interaction
system for obstacles can consists of laser, ultrasonic, infrared
or other systems for scanning space. Additional module is
useful for this purpose [5].

D. Safety System

Safety system was designed for the prevention of crashes.
Four infra distance sensors located in corner of chassis repre-
sent the basic part of the safety system. Reaction distance is
100mm. System automatically brakes the vehicle in front of
the obstacle. Then the vehicle is waiting for new commands
with limited motion direction.

1V. COMMUNICATION BUSSES

Synchronous RS485 bus was used for communication be-
tween modules in the vehicle. ARION communication pro-
tocol was used in this bus. Network consists of five slave
modules and one master represented by PLC. HalfDuplex
mode was preset for this network. Communication is described
in [6]. DB-Net/IP protocol was used for transferring data
between PLC and laptop. Data path consists of Ethernet
and wireless section. DB-Net/IP protocol has been specially
designed for Ethernet automation networks. WPA encryption
with Pre-Shared key was chosen for wireless security.

V. VISUALIZATION

Standard MS Windows interface based on desktop appli-
cation was used for visualization. Application was created in
developing software Control WEB 5. DDBNET32 driver was
parametrized for the connection Control WEB 5 to DB-Net
network. This driver is described in [7]. Visualization allows

Fig. 9. Constructed model without cover

control of all vehicle functions. Object programing in Control
WEB 5 is the best tool for application methods of autonomous
vehicle navigation [8], [9].

V1. CONCLUSION

Education based on the real model is much more interesting
for students than theoretical. Constructed vehicle can be used
inside classrooms. The electrical structure enables using of six
types of control loops. Ramp obstacle can be used for motion
testing. Current and speed characteristics can be compared for
each type. These facilities are useful for educational purposes.
Also superior laptop structure enables testing of navigation
theories in real environments. Additional module can be used
for mapping of environment and the other applications for the
next research.

APPENDIX A
Type MCC 24MP4N
Supply voltage 24 4
Current 9.6 [A]
Input power 230 W]
Output power 150 W]
Input rotation speed 2800 [rpm]
Gear ratio 75
Output rotation speed 373 [rpm)]
Rated torque 34 [Nm]
Isolation class F
Covering P65
Weight 6.26 [kg]
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Abstract—This paper defines the term fault tolerance and
explains the differences between the failures, errors and faults
and their occurrence in systems. It presents two traditional fault
models, fail-stop and Byzantine, and new fail-stutter fault model.
Finally, it describes the Two Army as well as Byzantine Generals
problem with the deeper explanation of Lamport’s algorithmic
solution of Byzantine Generals problem.
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1. INTRODUCTION

We are increasingly dependent on services provided by
computer systems and our vulnerability to computer failures is
growing as a result. Reliability and availability have become
more and more important in today’s computer dependent
world. In many applications where computers are used,
outages or malfunction can be expensive or even disastrous.
Just imagine the computer systems controlling nuclear
equipments or aircrafts. To achieve reliability and availability,
we need fault-tolerant computer systems.

II. FAULT TOLERANCE

Fault tolerance is the ability of a system or component to
continue normal operation despite the presence of hardware or
software faults [6].

System is able to perform its function correctly following
the system specification even in the presence of internal faults.
The purpose of fault tolerance is to increase the dependability
of a system.

A system is k-fault tolerant if it can survive faults in k
components and still meets its specification.

III. FAILURES, ERRORS AND FAULTS

A failure occurs when an actual running system deviates
from this specified behavior. The cause of a failure is called an
error. It represents an invalid state of system, one that is not
allowed by the system specification. The error itself is the
result of a defect in the system or fault. Fault is the root cause
of a failure. It is a malfunction, possibly caused by a design

error, manufacturing error, programming error, physical
damage, deterioration in the time, unexpected input, operator
error and many other causes. That means that an error is
merely the symptom of a fault. A fault may not necessarily
result in an error, but the same fault may result in multiple
errors. Similarly, a single error may lead to multiple failures

(2107]-

Lee et al. [5] expanded the definition of failure to meet also
the Quality of Service (QoS) criteria in GRID systems as
follows:

It is a failure if and only if one of the following two
conditions is satisfied:
a. Resources stops due to resource crash
b. Availability of resource does not meet the minimum
levels of QoS

They recognize three types of failures related to the
previous definition with the reason of failure:

a. Process failure — process stops or starves

b. Processor failure — processor crashes or processor
throughput decreases due to burst jobs

c. Network failure - network disconnection and
partition or a decrease of network bandwidth due to
communication traffic

IV. FAULT CLASSIFICATION

Based on duration, faults can be classified as transient,
permanent or intermittent [2][7].

Transient faults occur once and then disappear without any
apparent intervention. If the operation is repeated, the fault
goes away.

Permanent fault is one that continues to exist until the
faulty component is repaired.

Intermittent fault occurs, then vanishes of its own accord,
then reappears and so on. It behaves often unpredictably
which makes that kind of fault hard to diagnose and handle.

A different way to classify faults is by their underlying
cause [7].

Design faults are the result of design failures. It may appear
that in a carefully designed system all such faults should be
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eliminated through fault prevention, this is usually not realistic
in practice. For this reason, many fault-tolerant systems are
built with the assumption that design faults are inevitable.

Operational faults are that occur during the lifetime of the
system and are invariably due to physical causes, such as
processor failures or disk crashes.

Finally, the classification of faults can be made on how
failed component behaves once its failure occurs. That
classification provides following groups of faults [7]:

a. Crash faults - the component either completely
stops operating or never returns to a valid state

b. Omission faults — the component completely fails to
perform its service

c. Timing faults — the component does not complete its
service on time

d. Byzantine faults — these are faults of an arbitrary
nature

V. FAULT MODELS

There are countless ways in which computing systems and
applications may fail. These failures can be categorized by
abstract models that describe how a system will behave in the
presence of faults. A fault tolerance technique will assume a
certain model of failure when making claims about the types
of faults it can handle. We present the two most common
failure models here, as well as a relatively new model which is
a more accurate, but more complex representation of how real
systems work.

The fail-stop fault model allows any node to fail at any
time, but when the failure occurs, it stops producing output
and interacting with the rest of the system. Furthermore, all
other nodes automatically know that the node has failed. This
fault model represents common modes of failure such as a
system hang or crash. It is also called fail-silent model [2][4].

The Byzantine fault model represents the most adversarial
model of failure. This fault model allows failed nodes to
continue interacting with the rest of the system. Behavior can
be arbitrary and inconsistent, and failed nodes are allowed to
collude in order to devise more malicious output. Correctly
operating nodes cannot automatically detect that any nodes
have failed, nor they know which nodes in particular have
failed if the existence of a failure is known. This model can
represent random system failures as well as malicious attacks
by a hacker. Dealing with the Byzantine faults is much more
difficult than dealing with fail-stop one [2][4].

The Byzantine fault model is extremely broad, perhaps
unrealistically so, and is therefore extremely difficult to
analyze or tolerate. The fail-stop model is commonly used
when presenting fault-tolerance techniques, but it is often
criticized as overly simplistic due to its failure to represent
many types of real-world failures. The fail-stutter fault model
is an attempt to provide a model between these two extremes.
The fail-stutter model is an extension of the fail-stop model. It

attempts to maintain the tractability of that model while
expanding the set of real-world faults that it includes. The fail-
stutter model includes all provisions of the fail-stop model, but
it also allows for performance faults. A performance fault is
an event in which a component provides unexpectedly low
performance and doesn’t meet the performance specification,
but it continues to function correctly with regard to its output.
This extension allows the model to describe failures in
systems much more realistic such as poor latency performance
of a network switch when suddenly hit with a very high traffic
load [3].

VI. AGREEMENT IN FAULTY SYSTEMS

There is a need in many distributed systems to have
processes agree on something. Examples are electing a
coordinator, deciding whether to commit a transaction or not,
dividing up tasks among workers, synchronization and many
others. When the communication and processors work
correctly, reaching such agreement is often straightforward.
The problems arise when they are not perfect and some faults
appear in system. The general goal of distributed agreement
algorithms is that all properly working processors reach
consensus on some issue and do that within finite number of
steps.

Let us have a case of perfect processors but
communication lines are not reliable and can lose messages.
There is a famous problem known as the Two Army also called
Two Generals or the Coordinated Attack problem. It
illustrates the difficulty of getting even two perfect processors
to reach agreement.

The red army is encamped in a valley. Two blue armies are
encamped on the surrounding hills overlooking the valley.
Two blue armies will be victorious just in case they will
coordinate their attacks on the red army. The goal of the blue
armies is to reach the agreement about the attacking. The catch
is that they can only communicate using an unreliable channel
— sending the messenger who can be caught by the enemy
army.

Now assume that the commander of blue army 1, General
Alexander, sends a message to the commander of blue army 2,
General Bonaparte, with following contents: “Let’s attack at
dawn tomorrow”. The messenger goes through and Bonaparte
sends him back with a note saying: “Perfect idea. See you at
dawn tomorrow.” The messenger arrives back to his base
safely. Later Alexander realizes that Bonaparte does not know
if a messenger got back safely and not knowing this, may not
dare to attack. Therefore Alexander sends the messenger again
to go and tell Bonaparte that his message arrived and the battle
is set. Once again the messenger gets through and delivers the
acknowledgement, now Bonaparte worries whether Alexander
knows that the acknowledgement was received. He assumes
that if Bonaparte thinks that the messenger was captured, he
will not be sure about the plans and may not risk the attack so
he sends the messenger back again. Even the messenger makes
it though every time it is easy to show that Alexander and
Bonaparte will never reach agreement, no matter how many
acknowledgements will be sent. It is clear that the sender of
last message does not know if the last message arrived. Even
with non-faulty processors (generals), agreement between two
processes is not possible in a system with unreliable
communication [2].
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VII. BYZANTINE GENERALS PROBLEM

Now let us assume that the communication is reliable but
the processors may occur like faulty. The classical problem
here also occurs in a military setting and is called the
Byzantine generals problem which was expressed by Lamport

et.al [1].

Lie.urenant l

Figure 1: Byzantine Generals model

The army consists of several divisions. Each of them is
commanded by its own general. The divisions are camped
outside the enemy city and the generals can communicate each
other by sending a messenger. The generals must decide on
the course of action. This must be a collective decision based
on all available facts. However in some cases there may be a
traitor. Traitor generals try to prevent loyal general from
reaching agreement. They do this by sending inconsistent
messages regarding the order to other generals.

The generals must have an algorithm to guarantee that

a. All loyal generals decide upon the same plan of
action.

b. A small number of traitors cannot cause the loyal
generals to adopt a bad plan.

Condition a. means that the loyal generals will all obey what
the algorithm say, but the traitors may do anything they wish.
The algorithm must guarantee condition a. regardless of what
the traitors do.

Condition b. is hard to formalize. Instead, we consider how
the generals reach a decision. Let v; be the information
communicates by the i-th general. Each general knows how to
combine the values v, .. ,v, into a single plan of action, where
n is the number of generals. Condition a. can be reached by
having all generals use the same way how to combine the
information. Let the possible values for v; be attack or retreat.
Then v; can be General i’s opinion which opinion is the best.
The final decision can be made on the majority vote among
them. To satisfy the condition a., the following must be true:

1. Every loyal general must obtain the same information

Vi, Vp
2. If the i-th general is loyal, then the value that he sends
must be used by every loyal general as the value of v;

A commanding general must send and order to his n-1
lieutenant generals such that
IC1. All loyal lieutenants obey the same order.

IC2. If the commanding general is loyal, then every loyal
lieutenant obeys the order he sends.

Conditions IC1 and IC2 are called interactive consistency
conditions.

It has been shown that for a solution to the Byzantine
Generals problem using oral messages to identify m traitors,
there must be at least 3m+1 generals [1]. The definition of an
oral message is:

1. Every message that is sent is delivered correctly.
2. The receiver of a message knows who sent it.

3. The absence of a message is detectable.

Assumption 1 and 2 prevent traitors from interfering with
the communication between two other generals. This is
prevented by the fact that assumption 1 does not allow for
messages sent to be interfered with. With assumption 2 we can
assert that communications can not be inserted to confuse the
network with spurious information. Assumption 3 foils a
traitor who tried to prevent a decision by simply not sending
messages. The following algorithms require for each general
to be able to send messages directly to every other general.

A traitorous commander may decide not to send any order.
Each lieutenant is required to presume that an order is to be
communicated across the network, so a default order must be
specified and it’s RETREAT.

Lamport [1] defines the Oral message algorithm OM(m) for
all positive integers m, such that each commander sends an
order to n-1 lieutenants. OM(m) solves the problem for 3m+1
or more generals in the presence of at most m traitors.

Lamport’s algorithm presumes a function of majority with
the property that if a majority of values v; equals v, then
majority (v;, ..., v,;) equals v. There are 2 natural choices for
the value of the sequence (v,, ..., v,.;):

1. The majority value among the v; if it exists, otherwise
the value RETREAT

2. The median of the v; assuming that they come from
an ordered set.

The following algorithm presented by Lamport [1] requires
only a majority.
Algorithm OM(0):
1. The commander sends his value to every lieutenant.
2. Each lieutenant uses the value he receives from the
commander or uses the value RETREAT if he
receives no value.

Algorithm OM(m), m > 0

1. The commander sends his value to every lieutenant

2. For each i, let v; be the value Lieutenant i receives
from the commander or else be RETREAT if he
receives no value. Lieutenant i acts as the commander
in Algorithm OM(m-1) to sent the value v; to each of
the n-2 other lieutenants.

3. For each i, and eachi# j, let v; be the value

lieutenant i received from lieutenant j in step (2)
(using Algorithm OM(m-1)) or else RETREAT if he
received no such value. Lieutenant 7 uses the value of
the majority (v;, ..., Vi)

We will now work through an example, so as to
understand how the algorithm works. Let us consider the
case with one traitor m = 1, n = 4. As we can see from
Figure 2 the messages received by Lieutenant 2 when the
General sends the value v and Lieutenant 3 is the traitor. To
summarize OM(1):

General sends v to all Lieutenants

Lieutenant 1 sends v to Lieutenant 2 using OM(0)
Lieutenant 3 sends x to Lieutenant 2

Lieutenant 2 has v; = v,=vand v3=x

Value is v = majority(v, v, X)

AR
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General
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v X

Figure 2: Lieutenant 3 is a traitor

VIII. CONCLUSION

This paper is focused on the problems related to the fault

tolerance. At the start, the term fault tolerance is defined as
well as the distinctions between the failure, fault and error.
Furthermore, the classification of failures from several points
of view is presented. After that, the paper continue describing
two standard fault models (fail-stop and Byzantines) as well as
one recently introduced fail-stutter fault model. The second
part attends to reaching agreement in faulty systems with
deeper explanation of two army problem and Byzantine
Generals problems and its Lamport’s algorithmic solution.

(4]

(3]

(6]
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Abstract—Steganography is the art and science of writing
hidden messages in such a way that no one apart from the
intended recipient knows the existence of the message. Recently,
many digital techniques have been developed that perform
steganography on electronic media, most notably sound and
image files. This paper presents the basic idea of steganography
in colour images by using spread spectrum technique. The
discrete cosines transformation and its major properties are
briefly described too. Finally, some experimental results verify
the effectiveness of designed algorithm.

Keywords—Steganography, DCT, Spread Spectrum Systems,
Colour spaces.

I. INTRODUCTION

Criminals, spies, and terrorists are always looking for better
ways to communicate with one another without detection by
police and intelligence officers. These officials fear their foes
might turn to steganography, a technique that hides a small
message within the code representing an image or other
standard computer file. While classical cryptography is about
concealing the content of messages, steganography is about
concealing their existence. Classical steganography concerns
itself with ways of embedding a secret message which might
be a copyright mark, or a covert communication, or a serial
number in a cover message such as an image, video film, an
audio recording, or computer code. The embedding is
typically parametrised by a key; without knowledge of this
key or a related one it is difficult for a third party to detect or
remove the embedded material. Once the cover object has
material embedded in it, it is called a stego object. Thus, for
example, we might embed a mark in a covertext giving a
stegotext; or embed a text in a cover image giving a stego-
image; and so on. This terminology was agreed at the First
International Workshop on Information Hiding [1][2].

IL.

The Discrete Cosine Transformation (DCT) helps separate
the image into parts or spectral sub-bands of differing
importance with respect to the image's visual quality. The
DCT is similar to the discrete Fourier transform. It transforms
a signal or image from the spatial domain to the frequency
domain.

The general equation for a 1D (N data items) DCT is
defined by the following equation:

THE DISCRETE COSINE TRANSFORM (DCT)
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)= a(u)g 7(x) cogw_

for u=0,1,2,...,N-1. Similarly, the inverse transformation is

defined as:
[2(2x+1)u ]

()= ga(u)p(u).cos x4

for x=1,2,...,N-1. In the both equation (1) and (2) a(u) is
defined as:

(1)

>

2

E)

L for u=0
3)
alw)=1"N
2 e #0
— or u
N
clear from (1) that for u=0,

It is
1 N-1
F(u = 0) = 1fWZf(x) Thus, the first transform
x=0

coefficient is the average value of the sample sequence. This
value is referred to as the DC coefficient. All other transform
coefficients are called the AC coefficients.

In this paper all works has been doing with 2-D discrete
cosine transformation. The 2-D DCT is a direct extension of
the 1-D case and is given by the following way:

Flu,v) =3 3 £(x )

x=0 y=0
OS[

7z(2;c ]:; 1)u}0{7z(2 2y ]\J; 1)y

for u,v=0,1,2,...,N-1 and a(u) and a(v) are defined in (3).
The inverse transform is defined as:

Fen)=3 3 fle )l (ev)

Cos{ﬁ@x—k 1)M}COSV(2 ; ]\J]rl)v}

“4)

)

2N

for x,»=0,1,2,...,N-1. The 2-D basis functions can be
generated by multiplying the horizontally oriented 1-D basis
functions with vertically oriented set of the same functions.
The basis functions for N = 8 are shown in Fig. 1.



SCYR 2008 - 8" Scientific Conference of Young Researchers — FEI TU of Kogice

Ll I LR
fﬂHMM’HWH

R
B0 00 ey i
i =
HEEEE
BEBEEE
HEEEE
EEEES

MFmmmmee

Fig. 1. The basic functions for N=8

Again, it can be noted that the basis functions exhibit a
progressive increase in frequency both in the vertical and
horizontal direction. The top left basis function of results
from multiplication of the DC component in Fig. 1. with its
transpose. Hence, this function assumes a constant value and
is referred to as the DC coefficient [3].

block of transformation
coefficients 8x8

block of image 8x8

Fig. 2. Transformation from the spatial domain to the frequency domain

III. THE SPREAD SPECTRUM TECHNIQUE

Spread spectrum uses wide band, noise-like signals.
Because Spread Spectrum signals are noise-like, they are hard
to detect. Spread Spectrum signals are also hard to intercept
or demodulate.

Spread spectrum techniques are methods by which energy
generated in a particular bandwidth is deliberately spread in
the frequency domain, resulting in a signal with a wider
bandwidth. These techniques are used for a variety of reasons,
including the establishment of secure communications,
increasing resistance to natural interference and jamming, and
to prevent detection.

In this paper the new algorithm uses the Direct Sequence
Spread Spectrum (DSSS) is presented. Direct sequence is the
best known Spread Spectrum Technique. The data signal is
multiplied by a Pseudo Random Noise Code (PN code). A PN
code is a sequence of chips valued -1 and 1 (polar) or 0 and 1
(non-polar) and has noise-like properties. This results in low
cross-correlation values among the codes and the difficulty to
jam or detect a data message. Several families of binary PN
codes exist; a usual way to create a PN code is by means of at
least one shift-register. This work uses a Hadamard PN codes.
In direct sequence systems the length of the code is the same
as the spreading-factor. This can also be seen from Fig. 3;
where we show how the PN code is combined with the data

[4].
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IV. SYSTEM DESIGN

The basic communication techniques with the spread
spectrum systems and the processing technique of the static
colored images are combined with aim to achieve the Spread
Spectrum Image Steganography (SSIS). The basic idea of
SSIS includes the embedding a secrete message to a noise,
that is subsequently embedded to a digital cover image. As far
as the power of the noise is constrained at a low level, the
embedded informations are not visible either to a human
person or even to computational resources that have no prior
knowledge of the original cover object.

A. Basic activity of the designed method

The designed method is based on embedding a secrete
message m to the transformation coefficients 2D DCT of a
cover image c. It is necessary to know the original image at
the receiving side to achieve successful extraction.

B. Embedding a secrete message to a cover image

The first step of this procedure is based on the choosing of
the particular cover image and secret message. Afterwards,
cover image is decomposed into single colored component
that belongs to the colored model that is distributed to 8x8
blocs. These single blocs are transformed into the
transformation  coefficients with using the DCT
transformation. Each single matrix 8x8 of transformation
coefficients are rearranged to the vectors with the “cik-cak”
method in such a way that always the first coefficient is the
DC element and the other coefficients consist of AC
coefficients.

In this paper the variable offset defines a number of
coefficients in a single block that are not modified. In this
block, if the offset equals e.g. 8 then the first 8 coefficients
are not modified. This protective procedure causes the fact,
that the coefficients with the greatest energy are not changed.

The secrete message is decomposed at first to a single
colored component in correspondent colored model. It is
necessary to change all values of secret message to binary
values (1,0) and due to increase the error robustness they are
modified to values (-1,1). Subsequently, the secrete message
is spread by Pseudo Random Noise Code (PN code). Each
information bit of secret message is spread by the PN code.
The computer simulation of this algorithm uses Hadamard PN
codes with period 8 bits for spreading the information signal.
The following spread data are multiplied by the scale factor a
and then it is added to transformation coefficients. The next
step is the inverse arrangement of coefficients and application
of the inverse cosine transformation (IDCT). The block
diagram of the designed method of embedding the secrete
message to the cover image is shown on Fig. 4.
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PN code ﬂ
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Secret
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Fig. 4. Embedding of images to messages

C. Extraction

For the successful extraction of a secrete message it is
needed to know the original image, stego image and the kind
of PN code on the other side. The procedure of the extraction
is analogical to embedding. It starts with the DCT
transformation of original and stego image. After the DCT
transformation of the original and stego image are the
consequent transformation coefficients subtracted from each
other. It makes the spread data. The secrete message is
obtained if the spread data are multiplied with the correct PN
code. The process of extraction is shown on the fig. 5.

Stego
Image

PN code

Binary
Transform. |- g’
(Narrowing B
Secret
Original Message
Image
Fig. 5. Extraction process of the secrete message
V. EXPERIMENTAL RESULT
In experiments two static colour cover images

Motorka246.bmp and Lietadlo256.bmp with spatial resolution
256x256 pixels and bit depth 24 bit/pixel were tested in my
experiments. These two images have different dynamic details
and different colour contrast. Two static colour images with
different spatial resolution and colour contrast were tested as
secret messages. Three colour models, the RGB, YCgCr and
HSV were employed in experiments.

The important properties in steganography systems are the
undetectability, the secrete message imperceptibility and the
capacity, as well as the quantum of the embedded secrete
message. All of these properties are tested in experiments and
some of the results are written in Tables I, II and III. The
general indicator of undetectability is the value of PSNR
(Peak Signal to Noise Ratio). The most highly achieved
values of PSNR are highlighted in these tables.

TABLEI
DEMONSTRATION OF THE HIGHEST VALUE OF PSNR FOR RGB
RGB scale factor a 0,35 0,40 0,45 0,50 0,55
PSNRygs [dB] 49,143 | 48,431 | 47,759 | 47,084 | 46,454
Extraction [%) 99,979 | 99,988 | 99,998 100 100
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TABLEII
DEMONSTRATION OF THE HIGHEST VALUE OF PSNR FOR YC;Cy
YC3Cy scale factor a 0,35 0,40 0,45 0,50 0,55
PSNRycce: [dB] 48,971 47,245 46,879 45917 45,032
Extraction [%)] 99,966 99,972 99,986 99,992 100
TABLE IIT
DEMONSTRATION OF THE HIGHEST VALUE OF PSNR FOR HSV
HSYV scale factor a 0,35 0,40 0,45 0,50 0,55
PSNRygy [dB] 48,984 48,239 47,554 46,881 46,250
Extraction [%)] 99,979 99,994 99,997 100 100

We can see that the most highly achieved values of PSNR
presented for the YCgCpr colour model as well; however it is
impossible to apply them for steganography using the
designed method on the ground of visible degradation of the
stego image, i.e. sensibility of embedding the secret message
into the cover image. Therefore, we can only use RGB and
HSV colour models. If we compare the values for these two
colour models in tables I and II, then we can state that the
steganography using the designed method in the RGB colour
model is more efficient as in the HSV colour model.
Regarding the capacity of embedding data, it is the same for
both colour models, because the method of embedding and
extraction of the secret message into or from the cover image
is identical.

VI. CONCLUSION

In this paper, there has been presented some possibilities of
steganography exploitation by systems of spread spectrum in
colour images with different colour models. The main idea is
the embedding the spreaded secret message by PN code to 2D
DCT coefficients of the cover image. By increasing the
volume of secret data, the number of modified transformation
coefficients is increasing as well, and so do the degradation of
the stego images. Therefore, it is necessary to choose a
volume of secret data which would not threaten the safety of
the communication in the chosen cover image.
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Abstract—In this paper, the performance analysis of uplink
perfectly synchronized multi-carrier code division multiple access
(MC-CDMA) transmission system model for different spreading
sequences (Walsh code, Gold code, orthogonal Gold code, Golay
code and Zadoff-chu code) and different types of receivers
(minimum mean-square error receiver (MMSE-MUD), bank of
matched filters (BMF) and microstatistic multi-user receiver
(MSF-MUD)) at the Saleh model of high power amplifier (HPA) is
made. The results of our analyses based on computer simulations
will show very clearly, that the application of MSF-MUD in
combination with Golay codes can provide significant better
results than the other tested spreading codes and receivers.
Taking advantage of convolutional coding even highlights the
performance improvement provided by MSF-MUD. Besides, a
failure of Walsh code at the Saleh model of HPA will be presented.
This effect will be explained by using constellation diagram
symbol migration depending on input back-off of HPA.

Keywords—MC-CDMA, HPA, Saleh model, multi-user detec-
tion, convolution coding

I. INTRODUCTION

MC-CDMA is a modulation technique that exploits the ad-
vantages of spread spectrum and orthogonal frequency division
multiplexing (OFDM). One of the major disadvantages of
multi-carrier systems based on OFDM is the high sensitivity
to nonlinear amplification, which requires large back-off in the
transmitter amplifier and, as a consequence, inefficient use of
HPA. On the other hand, using low back-offs leads to signal
distortion and, as a result, increased performance degradation.

Several techniques can be found in the literature to reduce
the sensitivity of MC-CDMA systems to nonlinear amplifica-
tion. Most common solutions at the transmitter side include
predistortion and PAPR reduction [1]. Receiver side strate-
gies usually combine iterative decoding [2] and multi-user
detection so both HPA nonlinearity compensation and multiple
access interference (MAI) are taken into account [1], [3], [4].

In this paper, the performance analysis of uplink MC-
CDMA transmission system for the different spreading codes,
different input back-off (IBO) parameters, Saleh model of HPA
and different receiver types (bank of matched filters (BMF),
MMSE-MUD, MSF-MUD) will be done. Moreover, for the
enhanced performance of MC-CDMA system, convolution
coding is applied in presented MC-CDMA system model.

The results of our analyses obtained by computer simula-
tions will show, that the best performance properties of MC-
CDMA transmission system can be obtained by Golay codes
application in conjuction with MSF-MUD and convolutional
coding at Saleh model of HPA. Besides, a failure of Walsh

codes at the Saleh model of HPA will be presented. This
Walsh code behaviour will be explained by using constellation
diagram symbol migration depending on input back-off of
HPA.

II. NONLINEAR EFFECTS IN MC-CDMA

The basic scenario of our study of nonlinear effects in
MC-CDMA systems is represented by uplink MC-CDMA
transmission system performing through AWGN transmission
channel, at K active users and under condition of perfect
synchronization.

A block diagram of the base-band model of MC-CDMA
transmitter is given in the Fig. 1. It can be seen from this figure,
that the information bits to be transmitted by a particular user
are firstly feed into the block of convolutional coder, followed
by QAM base-band modulator. Then they are spreaded by
using a specific spreading code c,,. In the case of MC-CDMA,
as the spreading codes Walsh codes, Gold codes, orthogonal
Gold codes, polyphase Zadoff-Chu codes and complementary
Golay codes are used mostly [5]. The spreaded symbols
are modulated by multi-carrier modulation implemented by
IFFT operation. The IFFT block outputs after parallel-to-
serial conversion represents the input signal of a HPA. In the
transmitter model according to the Fig. 1, the traditional block
of cyclic prefix insertion is not included because of AWGN
channel assumption.

The basic structure of receivers considered in this paper is
sketched in the Fig. 2. It can be seen from this figure, that the
receiver consists of serial-to-parallel converter (S/P), blocks
of FFT, BMF, block of linear or non-linear transformation
(labelled as T), QAM demapper block, followed by block
of convolutional decoder, which is represented by Viterbi
algorithm. A deeper description of MC-CDMA transmission
systems can be found e.g. in [6] or [7].

In order to extend the BMF into multi-user receiver, the T-
transformation block is included in the receiver structure. In
this paper, the linear MMSE-MUD [7] as well as nonlinear
MSF-MUD for MC-CDMA [4] are considered. MSF-MUD
is based on complex-valued multi-channel microstatistic filter
aplication (C-M-CMF). C-M-CMF is minimum mean-square
error estimator based on the estimation of desired signals
by using a linear combination of vector element obtained by
treshold decomposition of the filter input signals. The detailed
description of MMSE-MUD and MFS-MUD structure, design
and performance is beyond of this paper and can be found e.g.
in [4], [7].
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Fig. 2. MC-CDMA receiver

It is well-known, that the output of multi-carrier modula-
tor based on IFFT operation are characterized by the wide
dynamic range or so-called large fluctuation of signal enve-
lope [1], [7]. Measure of this fluctuation is usually expressed
by PAPR. The PAPR of signal s(t) is defined as follows:
maz|s(t)|?
Els(t)/?]

where EJ.] is the expectation operator. It can be shown
(e.g. [5]), that in the case of MC-CDMA systems, PAPR
parameter strongly depends on the applied spreading code.

Because of the large envelope fluctuations of the input signal
of HPA, the real HPAs have to be modeled as nonlinear
amplifiers. The most widely used models of HPAs applied for
this purpose are Saleh and Rapp model and models known
as soft- and hard-limit [1]. Because of the limited range of
this paper, we will focus on Saleh model. The Saleh model
is the most complicated model from above introduced list
of nonlinear HPA model. The Saleh model is defined by
so-called amplitude-to-amplitude (AM/AM) and amplitude-to-
phase (AM/PM) characteristics given by

PAPR = 6]

RGUg

AM/AM : G, = -G 2
/ ¢ 14 xgu? @)

2

RelU
AM/PM : &, = 2% 3
/ ‘ 14 xou?2 ©)

The HPA operation in the region of its nonlinear character-
istic causes a nonlinear distortion of transmitted signal, that
subsequently results in higher BER and out-of-band energy
radiation. The nonlinear HPA operating point is defined by
IBO which corresponds to the ratio between the saturated
and average input power[4]:

IBO4p = 10logo(

P,
=27 4
o) @

The measure of nonlinear effects due to nonlinear HPA
could be decreased by the selection of relatively high value
of IBO parameter. However, this approach will result in
inefficient HPA performance. Another solutions intent on

decreasing of nonlinear HPA influence are representing by a
number of methods implemented in transmitter or/and receiver
side of MC-CDMA transmission system [3]. It has been
proposed in [4] that MC-CDMA performance improvement
under the nonlinear HPA application could be reached also by
the application of nonlinear receivers.

It follows from the above outlined analyses that the MC-
CDMA performance expressed by BER depends strongly on
spreading codes, HPA model and the applied receiver. The
spreading codes selection depends on the PAPR parameter
(the lower PAPR the better performance is expected) as well
as on the level of MAI due to cross-correlation properties
of the particular spreading codes. It will be shown in the
next, that in the case of the spreading code selection, the
HPA model including /BO parameter should be taken into
account. Because of non-linear distortion due to HPA and
MALI inherency, it is expected that the application of non-linear
and multi-user receiver will overcome linear and single user
receivers.

III. MC-CDMA PERFORMANCE ANALYSIS

MC-CDMA performance analysis presented in this chap-
ter is based on computer simulations. The basic scenario
of our simulation is represented by the uplink MC-CDMA
transmission system performing through AWGN transmission
channel, at 16-QAM based-band modulation, for K active
users (K = 8), under condition of perfect synchronization
of transmitter and receiver, at the presence of Saleh model of
HPA.

As the spreading codes, Walsh codes, Gold codes and
orthogonal Gold codes with period of 32 chips as well as
complementary Golay codes and polyphase Zadoff-chu codes
with period of 31 chips have been applied. In our simulations,
the total number of sub-carriers has been set to N = 128.
In order to avoid aliasing and the out-of-band radiation into
the data bearing tones, the oversampling rate of 4 has been
applied [1]. Then, N, = 32 (Walsh codes, Gold codes and
orthogonal Gold) and N,, = 31 (complementary Golay codes
and Zadoff-chu codes) carriers per transmitted block have
been used for the spreaded 16-QAM symbol transmission.
Non-recursive, non-systematic convolution encoder with rate
R = 1/3 is applied at the trasmitter side. For convolution
decoding, Viterbi algorithm is employed in presented MC-
CDMA system model. For the precise specification of the
Saleh model of HPA, the parameters kg = 2, xg = Xo = 1
and kg = /3 have been chosen.

It follows from M-ary QAM theory that symbols generated
by M-ary QAM modulator are located on finite number of
circles of signal constellation. For example in the case of 16-
QAM, there are 3 cycles where the particular symbols are
located. The symbols located on the same circle have the same
magnitude. Therefore if we assume nonlinear HPA modeled by
Saleh model at single user scenario under noiseless condition
all M-ary QAM symbols located on the same circle will be
mapped by nonlinear HPA following (2) from the original
circle into another circle called image circle. Because the
nonlinear HPA will cause also phase distortion, the particular
symbols at the receiver side will be rotated along the image
circle in an angle given by (3). It follows from (2), that the
image circle radius (i.e. the magnitudes of the symbols located
on the image circles) depends on the particular symbols and
IBO parameter expressing of HPA operating point.
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As we declared above, the aim of simulations is to analyze
MC-CDMA performance for the different spreading codes,
IBO parameter values, receiver types (BMF, MMSE-MUD
and MSF-MUD) at Saleh model of HPA. In the Fig. 3
and Fig. 4, the original signal constellations and symbol
constellations at the output of BMF for E},/Ny = 40dB are
given. In these figures, small empty circles represent original
signal constellation of the 16-QAM symbols and other small
filling blue circles represent signal constellation of the 16-
QAM symbols at the BMF output for I BO = 0dB. The black
solid curves illustrate the symbol constellation migration due
to changing I BO from 0 dB to 20 dB. The direction of the
symbol migration is outlined by the arrow. It will be seen from
these figures, that if /BO = 20dB then the original signal
constellation and constellation at the BMF output is the same.
It simply means, that if /BO = 20dB then HPA operates in
linear region of its characteristics.

If Walsh codes are applied as the spreading codes and Saleh
model of HPA is used, very interesting phenomenon can be
identified in the symbol constellations given in the Fig. 3.
As it is clearly seen from this figure, all symbols of symbol
constellation of the signal at the BMF output (red asterisks) are
located on the same image circle for IBO = 5dB. It means,
that the trajectories of all migrated symbols for increasing
IBO intersect the same red-dash circle for IBO = 5dB.
This special phenomenon can be explained as the result of
combination of relatively high fluctuation of the envelope of
signal at the HPA input for Walsh codes (i.e. relatively high
PAPR) and AM/AM characteristic shape of the Saleh model
of HPA. This critical / BO values are varied in dependance on
Walsh sequences that are considered for transmission. Follow-
ing [7] this feature is critical for all conventional receivers and
as we can see in the Fig. 5 and Fig. 6, even for MSF-MUD.
This phenomenon results in significant high BER that is not
acceptable in conventional communication systems.

It can be seen from the Fig. 4, that the Golay codes do not
generate an effect similar to that of Walsh codes. Other codes
(Gold, ortogonal Gold, Zadoff-chu) generate similar figures
than Golay codes do and therefore corresponding constellation
diagrams are not depicted here. Fig. 4 indicates that the
application of Golay codes, Gold codes, ortogonal Gold codes
and Zadoff-chu codes should provide better performance of
MC-CDMA system than Walsh code using. This conclusion
is confirmed by the simulation results given in the Fig. 5 and
Fig. 6.

In the Fig. 5, BER vs. IBO for E,/Ny = 17dB is
illustrated. It can be seen from this figure, that the worst
performance of MC-CDMA is provided by the Walsh code
application what is due to the effect outlined in the Fig. 3. On
the other hand, the best performance can be provided by the
application of Golay codes in combination with MSF-MUD.
This performance can be explained by Golay code PAPR
and the MSF-MUD ability to decrease nonlinear distortion
influence of HPA. It follows from this figure, that there is
the interval values of I BO for which the application of MSF-
MUD can provide meaningful improvement of the MC-CDMA
performance in comparison with that of BMF and MMSE-
MUD application.

The performance of the MC-CDMA expressed by
BER vs. Ep/Ny at IBO = 3 dB is illustrated by Fig. 6.
The simulation results confirms the previous conclusions i.e.
the best performance can be obtained by using Golay codes
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in combination with MSF-MUD.

Fig. 7 and Fig. 8 show the impact of convolution coding on
the performance of MC-CDMA system. These figures expose
the fact, that by applying convolution coding, MC-CDMA
system becomes more robust against HPA influence as well
as against AWGN. These results confirms the error-correction
coding theory and therefore, the combination of relatively
low I BO, Golay codes, MSF-MUD and convolutional coding
provides perfect performance of MC-CDMA system in selec-
tected scenario depicted in Fig. 7 and Fig. 8. Note that higher
computing complexity of convolutional encoder and decoder
has to be taken into account.

IV. CONCLUSIONS

In this paper, we have investigated performance for MC-
CDMA for the different spreading codes, IBO parameter
values and receiver types at the Saleh model. It has been
found that the application of Walsh codes provides the worst
performance of MC-CDMA what is due to Walsh code PAPR
and HPA model according to Saleh. Therefore, the simulation
results indicate that the Walsh codes are unsuitable for the
scenario where HPA is described by the Saleh model. On the
other hand, the application of the Golay codes as the spreading
codes in combination with MSF-MUD and convolution coding
can overcome clearly the other investigated spreading codes
and receivers. These properties of MSF-MUD are reached at
the cost of its the higher complexity [4].
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Abstract—In the present, there is the innumerable
amount of various types of attacks, which it is necessary to
know. By the analysis of the security solutions it is possible
to prevent an attack, if not completely, at least to restrain
its. So the article dwells on the analysis of the security
solutions which should contribute to the computer
network security effectively and by that it refers to the
way how it is possible to prevent these attacks or precede
them. The research team deals also with problems of use
of security solution in the computer network under the
VEGA project titled: *“Intrusion tolerant security
architectures of heterogeneous distributed and parallel
computing systems and dynamic computer networks.”

Keywords—Firewall, IPS, 802.1x, Security.

The process of computer network security is the serious
problem for all types of networks. It is the continuing problem
with constant evolution and changes. It is necessary to come
from fact that every computer network is permanently under
the attack. Whether this attack is known or not, computer
network is permanently scanned. After the term security, it is
understood the protection against malicious attacks which
originate from the intruder. Security also controls the result of
the mistakes and device failure [6]. In the article there are
analyzed different security solutions which it is possible to
implement to the computer network. The choice of the
concrete security solutions depends on the structure and
topology of the computer network as well as on its analysis.

INTRODUCTION

Il. SECURITY GOALS

Before it is implemented any security solution to the
computer network, it is important to know what it is necessary
to protect in the computer network, or rather, before what we
want to protect the computer network. So, it is needful to
determine the security goals.

The goal of network security is to keep confidentiality,
integrity and availability of data. There are three main goals
of network security [2]:

Confidentiality,
Integrity,
Availability.
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A. Confidentiality

Confidentiality relates to data protection before
unauthorized revelation by the third side. Whether this data
are customer data or internal data of a company, the company
is responsible for the privacy protection of this data. All
customers have the right to their privacy information be
protected. In many cases it is a legal demand. In the best
concern of the company, it is needful to keep a relation with
its customers by respecting their rights for privacy
information. Company information protected by the law
should also keep confidential. Moreover, the transmission of
this information should be executed by the secure way which
would precede whatever unauthorized access.

B. Integrity

Integrity relates to certainty that data are not changed or
destroyed by the unauthorized way. For example, integrity
will be preserve, if the sent message will be consistent with
the received message. Even for data which are not
confidential, the protective treatment measures must be

accepted. These measures assure data integrity.

C. Availability

Availability is defined as the continuing operation of the
computer systems. To the application be available, all
components must offer the uninterrupted services. These
components include application and database servers, store
devices and transport end-to-end network.

These three primary goals seem to be very simple. But the
task of a secure network can represent very difficult task, if it
regards the needs of the society.

In the present, there is a huge amount of devices that carry
out the task of firewall that protect the computer network
before outside attacks. Firewall can include the list of various
access rights to separate the computer network from the
Internet. There are not only the hardware solutions, for
example ZyWALL5, ASA or PIX but also the software
solutions which are included for example with Netfilter.

SECURITY SOLUTIONS
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A. ZyWALL 5

The ZyWALLS5 device represents the “gate” for all data
which are situated in the network traffic between the Internet
and LAN. It is a security solution which can effectively
protect the computer network. Its advantage lies in integration
of Network Address Translation (NAT), firewall, contents
filtering, certificates and Virtual Private Networks (VPN)
ability in one device. [4]

B. ASA

Cisco Adaptive Security Appliance (ASA) is security
product with the wide use. There are integrated the functions
of firewall, VPN and Intrusion Prevention System (IPS) and
antivirus and antispyware protection of e-mail in one device
[5]. It allows standardizing the security functions.

C. PIXFirewll

Cisco PIX firewalls are secure, reliable and high-
performance hardware state firewalls which have the wide
use. They offer the application inspection, network address
translation, support VPN, IPS, user authentication, dynamical
routing, backup and so on [5]. The creation of security rules is
assigned via the creation of objects.

D. IPS

Security of information should be based on the influence of
the technology stratifying in the whole organization to
provide protective shield which restrains the risk and so
minimizes the threat. One of these layers is also IPS (Fig. 1).

Intrusion prevention systems represent the security layer,
which was set up to combine the protection of firewalls with
the ability to monitor the network using Intrusion Detection
System (IDS).

In the last twenty years the security technologies were
divided into different IDS, firewalls, routers, switches and so
on. Each of them works on the different segment of the
network, although together provides restraining of the threats
and minimizing the risks by using collection of records, rules,
policies and configurations [7].

Accessibility of IPS provides simplification of network
management problem [1]. IPS offers the ability to identify an
intrusion, suitability, effect, direction and appropriate analysis
of events and then to send an appropriate information and
commands to the firewalls, switches and other network
devices in order to reduce the risk of events.

To the network which is suggested on the Department of
Computers and Informatics it is not possible to physically
implement models such as IDS. This fact follows from the
character of the computer network, which is not modular. But,
there is possibility for passive monitoring of the computer
network. System can only warn against suspicious activities,
but it can not prevent them. In the present, there are
implemented programs which partially secure the prevention
against intrusions to the network. This analysis follows from
the suggestion of the VEGA project No. 1/4071/07. In the
future the research will focus on the improvement of this
problem by using security model.
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Fig. 1. Intrusion Prevention System

802.1x

It is an access control based on the client-server and
authentication protocol that restricts an access for
unauthorized devices to a LAN through publicly accessible
ports [3]. It is a software solution of protection on the routers.
The main benefits of 802.1x are following:

Uses technology based on standards to allow
controlling network access.

Extends authentication to other security areas, for
example - authorization, access control, and policy
enforcement.

Controls exercised at link layer, so all services
running on it can use link layer services.
Interoperates in  wired, wireless,
scenarios.

Reduces overall IT costs by preventing external
and internal threats.
Enables and performs
administration.

switching

centralized  user

IV. CoMPUTER NETWORK ON THE DCI

The research team deals with all variants of security
solution which were mentioned above within the VEGA
project No. 1/4071/07. With the help of the analysis of the
computer network the research team tries to constitute the
model of security solution which will be applied to the
computer network on the Department of Computers and
Informatics (DCI), Fig. 2, as well as eliminate the defects in
the protection of computer networks against the possible
attacks from the Internet which it is necessary to daily solve
and eliminate.
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Fig. 2. Computer Network Topology on the DCI

V. CONCLUSION

The choice of the suitable security solution depends on the
network administrator to determine which security features
can implement to the computer network. This is based on the
network analysis. It is not possible to implement the same
security solution into many networks. Every computer
network has own particularities which determine how to
proceed by the implementation of the security solution into
the computer network. For that reason, it is needful by the
suggestion of the security solution to come out from the
detailed analysis of computer network which reveals the
network defects in the relation to the threats and attacks from
the side of the intruder. The research team deals with the
detailed analysis as well as the suggestion of the security
solution for the network on the DCI within the VEGA project:
“Intrusion tolerant security architectures of heterogeneous
distributed and parallel computing systems and dynamic
computer networks.”

Supported by VEGA project No. 1/4071/07
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Abstract— The main reason for implementing the TCP
congestion control algorithm is the effective utilizing of network
based on the philosophy that a sender should not introduce
additional traffic onto a network too rapidly, and that it should
respond to network congestion, detected by packet losses, by
significantly reducing its transmit rate. In the article presented
| introduce the congestion control problematic, how the
congestion collapse is occuring in telecommunications networks
and how can be handle that. Elementary theory and principles
is decribed by several example on typical undesirable failures.
General forms of congestion control is offered and binomial
algorithm is described more closely.

Keywords—congestion collapse, congestion contral, fairness,
bottleneck link

|. INTRODUCTION

Generally several links are sharing the same connection by
bottleneck link, which offers specified transfer rate. The
packetdrop can occur in the case, when the overall requested
transfer rate is alittle bit higher then the offered one. Even if
buffer is used for regulation, incoming flows packet delays
will increase until the congestion collapse. For ashort time
this can be solved be increasing buffer size, ese it is
undesirable case for regular and reliable connection. Flow
control is neccesary to regulate incoming packet flows and
prevent congestion collapse within the network. Flow control
enables asource to match its transmission rate to the
available service rate at areceiver and in the network. The
TCP protocol provides flow control in the Internet. More
frequently the term ,,congestion control” is used.

Il. THE OBJECTIVE OF CONGESTION CONTROL

Let’'s start with example of asimple network exhibiting
some inefficiency where sources are not limited by some
feedback from the network. We assume that only resources to
alocateislink bit rates. Consider first the network illustrated
on figure 1. Sources 1 and 2 send traffic to destination nodes
D1 and D2 respectively, and are limited only by their access
rates. There are five links labeled 1 through 5 with capacities
shown on the figure. Assume sources are limited only by their
first link, without feedback from the network. Call A; the
sending rate of source i, and A’; the outgoing rate ( Ay =
100kb/s, but only A"1= 1", =10kb/s, and the total throughput
is 20kb/s I). Source 1 can send only at 10 kb/s because it is
competing with source 2 on link 3, which sends at a high rate

136

on that link; however, source 2 is limited to 10 kb/s because
of link 5. If source 2 would be aware of the global situation,
and if it would cooperate, then it would send at 10 kb/s only
already on link 2, which would allow source 1 to send at 100
kb/s, without any penalty for source 2. The total throughput
of the network would then become 6 = 110kb/s. In complex
network scenarios, this may lead to a form of instability
known as congestion collapse. [2]

Source 1 Link 1 _ Link 4
1 c1=100kb/s Link 3 c4=100kb/s_{ p1
C3=110kb/
X Y
217 Link2 Link 5 D2
Source 2 c2=1000kb/s c5=10kb/s

Fig. 1. Simple network

One objective of congestion control is to avoid such
inefficiencies. As we will see in the next section, a secondary
objectiveisfairness[2].

n0 Type Q link i
Sources at rate x0 capacity ¢
‘ | | | | | \(ﬁ | | T
A L L A
™~ .
ni Type i

Sources at rate xi

Fig. 2. Simple network for fairnessilustrating

Assume that we want to maximize the network throughput.
Consider the network example in Figure 2, where source i
sendsat aratex;, i =0, 1. .., 1, andall links have a capacity
equal to c. We assume that we implement some form of
congestion control and that there are negligible losses. Thus,
the flow on link i is ngxo + nix;. For a given value of ny and
X0, Maximizing the throughput requires that nix; = ¢ — nNgXo
fori=1,..., |. Thetotal throughput, measured at the network
output, is thus Ic — (I — L)ngXe; it is maximum for xo = 0!
The example shows that maximizing network throughput as
a primary objective may lead to gross unfairness; in the worst
case, some sources may get a zero throughput, which is
probably considered unfair by these sources. In summary, the
objective of congestion contral is to provide both efficiency
and some form of fairness. In asimple vision, fairness simply


mailto:pavol.kocan@tuke.sk

SCY R 2008 - 8" Scientific Conference of Y oung Researchers— FEI TU of Kodice

means allocating the same share to al. In the ssmple case of
Figure 2 with n; = 1 for all i, this would mean allocating x; =
c 2toall sourcesi = 0O, ..., I. However, in the case of a
network, such asimple view does not generally make sense.

I1l. END-TO-END CONGESTION CONTROL

There are three families of solutions for congestion control:
rate based, hop by hop and end-to end. Take a look closer at
end-to-end form. A source continuously obtains feedback
from all downstream nodes it uses. The feedback is
piggybacked in packets returning towards the source, or it
may simply be the detection of amissing packet. Sources
react to negative feedback by reducing their rate, and to
positive feedback by increasing it. The difference with hop-
by-hop contral is that the intermediate nodes take no action
on the feedback; al reactions to feedback are left to the
sources. In the example of the previous section, node Y
would mark some negative information in the flow of source
2 which would be echoed to the source by destination D2; the
source would then react by reducing the rate, until it reaches
10 kb/s, after which there would be no negative feedback.

A. Sow start and Congestion avoidance

In early implementations of TCP before 1988, the
sender injected multiple segments up to the window size at
once into the network. This immediate burst of segments can
cause buffer overflow, hence, packet loss in intermediate
queues of routers. Even worse, it can put the connection into
a perdgent failure mode of continuous retransmissions.
Beside the advertised window, the dow start algorithm
imposes a second window, called the congestion window W,
to the sender. The amount of data allowed to send is the
minimum of the advertised window and the congestion
window. At connection setup, W = 1 maximum segment size
(MSS). Each received acknowledgment increases the
congestion window by 1. After 1 round trip time (RTT), 1 ack
is recaved and W = 2, which alows the sender to send 2
segments and causes 2 acks to be returned. After 2 RTT, the
congestion window is W = 4. In general, the congestion
window sze doubles every RTT. Hence, the dow gart algorithm
provides an exponential increase regulated by the return of acks.
The exponential increase in W continues until the dow start
threshold (sstresh) is reached. Crossng sstresh makes the
sender to enter the congestion avoidance phase. The best
sender's policy in the congestion advoidance phase is an
additive increase, but multiplicative decrease of his congestion
window.

B. Additive increase, multiplicative decrease

Aslong as there are no losses, the TCP congestion window
increases approximately linearly in the congestion avoidance
phase. Upon detection of a loss, the fagt retransmit algorithm
halves the window effectively. If the channd is stable and the
loss probability p is not too large, TCP exhibits a sawtooth
behavior. This window update rule has been introduced as
"Additive Increase, Multiplicative Decrease” (AIMD). The
"additive increase” refers to the congestion avoidance phase
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when signals of congestion (i.e. losses) are absent, while the
"multiplicative decrease” reflects the reaction to a congestion
signal. Beside the control theoretic argument based on
gqueueing theory, the AIMD rule also leads to inherent
fairness among TCP sources: AIMD results in an equa
division of the available capacity among identical, competing
TCP sources.

Consider a sgingle bottleneck link with capacity C
[packets/s] that is shared by two TCP flows with congestion
windows W; and W, respectively. Assume that the TCP flows
are completely synchronized: their round-trip times T are
equal and constant, and losses at the bottleneck link occur for
both flows at the same time. TCP's self-clocking property and
the conservation of packets when no loss occurs implies that,
during a round-trip time T, the maximum number of packets
arriving at the bottleneck link, W; + W,, equals the
maximum number of packets transmitted by that link, CT.
Hence, the maximum throughput is CT = W, + W,. Assume
that initially W, is larger than Wy, W, (tg) > Wy(tp). In the
congestion avoidance phase, both windows inerease linearly
in time with same slope because the round-trip times are
assumed to be equal. Hence, W(t) = t/T + W; (to) for either i
=1andi = 2 In the W,W, plane, the additive increase
corresponds to a trgjectory of the system state moving parallel
to the diagonal W; = W,. When the line W; + W, = C.T is
reached, both flows will experience congestion. The fast
retransmit algorithm reduces both windows by a factor of 2.
This corresponds to halving the vector W with components
(W1,W5). Subsequently, a new cycle of congestion avoidance
begins and the trgjectory of the system state will again move
parallel to the diagonal, until congestion occurs again, etc.

C. Binomial congestion control algorithms

TCP is not well-suited for several emerging applications
including streaming because its reliability and ordering
semantics increases end-to-end delays and delay variations.
The protocols used by such applications as audio and video
streaming must implement “TCP-compatible” congestion
control algorithms, which interact well with TCP and
maintain the stability of the Internet.[5] Ideal for this are
binomial congestion control algortihms aclass of nonlinear
congestion control agorithms.

They generalize TCP-style additive-increase by increasing
inversely proportional to a power k of the current window
and also they generalize TCP-style multiplicative-decrease by
decreasing proportiona to a power | of the current window.
There are infinite number of TCP-compatible binomial
algorithms with rule k + | = 1 which converge to fairness on
the term  k+I>0; k,I>0. Binomial algorithms interact well
with TCP across a RED gateway, implicative-increase
additive decrease (IIAD) and square root (SQRT) are well-
suited to applicationsthat do not react well to large TCP-style
window reductions. We call the first IIAD (k=1, |=0) because
its increase rule is inversely proportiona to the current
window, and the second SQRT (k =1/2, |=1/2) because both
its increase is inversdy proportional and decrease
proportional to the square-root of the current window.

The parameter k represents the aggressiveness of probing,
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while | represents the conservativeness of congestion
response of a binomial control algorithm. Small value for
k implies that the algorithm is more aggressive in probing for
additional bandwidth, while alarge value of | implies that the
algorithm displays large window reductions on encountering
congestion. Thus, it would seem that there is a trade-off
between kand | in order for for a binomial protocol to
achieve a certain throughput at some loss-rate. Binomial
algorithm is TCP-compatible if and only if k+l =1 and I<1.
We call thisthe k+l rule.

\AIMD

1 L ess aggressive

05 f 2 :
| TCP friendly

AIAD i ITAD
0 05 1 k

M ore aggressive

Fig. 3. The(k,l) space of nonlinear controls

Algorithm should be converge to fair and efficient
operating point x;=x,=1/2. When k=0, the increase is
additive, when k>0, the increase curve lies below the k=0.
Increase improve efficiency, since x;+x; increases, and moves
towards afairer allocation.

X2

Fig. 4. Path showing the convergenceto fairness

When 1=0, additive decrease, the window reduction occurs
aong the 45°-line, worsering fairness. When =1, the
decrease is multiplicative and moves along the line to the
origin without altering fairness. For 0<I<1, the window
reduction occurs along a curve with the shape shown in the
middle picture of Figure 5, this curve evolve to an under-
utilized region. The key to convergence argument is to
observe that the successive points of intersection of a
binomial evolution curve with the maximum-utilization line
always progress toward the fair allocation point, when x; >
Xz, this continually moves downwards, and when x; < X, it
continually moves upwards, towards the x;=x,=1/2 point.
Once x; = Xp, a binomial algorithm behaves like a linear
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algorithm, moving on the equi-fairness line, though with
different magnitude of oscillation depending on k and I.

According to simulation results done by Bansa and
Balakrishnan [5], where one connection is TCP and the other
a binomial algorithm parametrized by k, IIAD or SQRT
obtain higher long-term throughput than TCP across a drop-
tail bottleneck gateway, because of ahigher average buffer
occupancy. Active queue management schemes like RED
allow binomial algorithms and TCP to interact well with each
other, which may be viewed as another among many
important reasons to eliminate drop-tail gateways from the
Internet infrastructure.

I[IAD connections are fair to TCP and to themselves across
awide range of loss-rates. At very high loss-rates, TCP gains
because of its more aggressive probing for bandwidth, and it
is able to recover faster from burst losses. Similar results
were obtained with SQRT agorithm that gave faster
convergence to fairness and hence was fairer to TCP over
smaller time scales than 11AD. AIMD mechanism causes the
noticeable amount of oscillation in transmission rate even
when the loss rate is constant. On the podittive side, it
responds fast to changes in loss rate. I11AD have anegligible
oscillations, but is sower to respond to bandwith changes.
SQRT congestion control mechanism have asmaller
magnitude of oscillations than what AIMD would observe.

IV. SIMULATIONS

Three congestion control algorithms was smulated [6].
SQRT and I1AD algorithms will be compared with the basic
AIMD congestion control algorithm in this section.

Important in all cases is that the sender adjusts its sending
rate according to receiver's feedback information. Look
closer for thefirst five secondsin graphs.
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Fig. 5. Increase/decrease of the TCP sending window (wnd)

Sending rates starts at the same value, the six times of the
basic sending window. AIMD have a fluent congestion
regulation, after detecting the congestion the decrease is
multiplicative, usually the transfer rate gets down to the half
rate. IAD and SQRT congestion control algorithms achieves
little more transfer rate at start, but greater window increases,
which is more suitable for streaming transfer where the
variable data rate is used. Simulations also shows that SQRT
algorithm has globally more transfer rate as [1AD.

V. CONCLUSION

Problematic of TCP Congestion control is much more
extensive so only brief overview was described in this article.
In streaming media aplications, sent over the internet with
TCP, can suffer from various fluctuations and low utilization
due to TCP's AIMD congestion control mechanism that was
found unsuitable for video applications. Therefore smoother
congestion control methods such as binomia agorithm has
been developed. Improved methods and apparatuses are
provided in which logarithm-based rate control algorithms
are employed to better utilize available bandwidth or control
and smooth the sending rate of the streaming media. Such a
algorithm is binomial congestion control implemented in new
H.264 codec, with faster transmission rate it eliminating the
loss retransmission by removing the feedback mechanism for
each packet. The next development of the binomial
algorithms is focused right at this ubiquitous codec.
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Abstract—The need for software changes after delivery is here
from the beginning of electronic calculations. These changes are a
consequence of the nature of software and the changing
environment in which it is used. The change of software system
after delivery is called software maintenance. Development in the
area of software maintenance is still falling behind the
development in software systems. This is the reason why the
interest of a research is growing up in the maintenance area in
the present. The research tries to find methods and tools which
could streamline and speed up maintenance process. This article
analyzes present state in the software maintenance, with
emphasis on current problems in this area which need to be
eliminated to decrease the great coast of software maintenance
(and through it also a total cost of software life cycle) in the
future. Knowledge about software system is essential in the
maintenance process. The easiest and the most rapid way how to
reach them are abstract models. Therefore article also analyzes
UML models which could be used as easy readable and
understandable source of essential knowledge about software
system.

Keywords—maintenance, models, software artifacts, software
system, UML.

I. INTRODUCTION

During the past few decades, there has been a proliferation
of software systems in a wide range of working systems.
Among the sectors of society which exploit these systems are
manufacturing industries, financial institutions, information
services and construction industries. There is an increasing
reliance on software systems and correct use and functioning
of software system can be a matter of life and death. Therefore
the factors like functionality, flexibility, continuous
availability, correct operation and security are required from
software systems.

According to the first Lehman law of the software evolution
[9]: “A program that is used must be continually adapted else
it becomes progressively less satisfactory.*

The need of these changes is either a result of changing
environment in which the system is used or changing of user
requirements.

Maintenance is undoubtedly the most expensive stage of
software system life cycle. By this way software maintenance
influences total software expense, and therefore solutions that
could improve maintenance productivity are bound to have
adramatic impact on software costs and the overall
profitability of companies. It is interesting to note that
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advancements in software technology over the last two
decades, as well as much research on maintenance methods,
have not improved the situation. The cost of maintenance,
rather than dropping, is on the increase [8].

In the present, the research demands lead to development of
strong maintenance mechanism, which will be fast, cheap,
reliable and secure, and also will be able to exploit knowledge
and experiences.

The paper is organized as follows. First, essential
information about software maintenance are briefly analyzed
in Section 2. Then, Section 3 introduces importance of
knowledge in the maintenance process. Section 4 introduces
UML models and the importance of visualization in
maintenance. Finally, Sections 5 presents the conclusions.

II. SOFTWARE MAINTENANCE

A. Definition

Traditionally we use the term “software maintenance” for
naming the discipline concerned with changes related to
software system after delivery. An appreciation of this
discipline is important especially because the cost is now
extremely high. Safety and cost of software maintenance mean
that there is an urgent need to find ways of reducing or
eliminating maintenance problems [6].

Many definitions of software maintenance exist. Some take
a specific view and others take more general view. The IEEE
Standard for Software Maintenance [7] defines maintenance
as: “Modification of a software product after delivery to
correct faults, to improve performance or other attributes, or
to adapt the product to a modified environment.”

Several authors disagree with this view and affirm that
software maintenance should start well before a system
becomes operational. The view that maintenance is strictly a
post-delivery activity is one of the reasons that make
maintenance hard. Therefore Thomas Pigoskil [11] formed
new definition:

“Software maintenance is the totality of activities required
to provide cost-effective support to a software system.
Activities are performed during the pre-delivery stage as well

' THOMAS M. PIGOSKI is Senior Software Engineer at TECHSOFT,
Project Editor and primary author of ISO's proposed International Standard
on Software Maintenance, and General Chair of the IEEE International
Conference on Software Maintenance.
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as the post-delivery stage. Pre-delivery activities include
planning for postdelivery operations, supportability, and
logistics  determination. Post-delivery activities include
software modification, training, and operating a help desk.”

According to Pigoski’s definition of software maintenance,
it is very important to prepare software system for its
modifications still during the development of the system and
not only after delivery. Erasure of the border between software
development and maintenance will make maintenance process
more effective and will decrease the amount of costs needed
for maintenance process.

B. Problems of Maintenance

Software maintenance task is the most expensive part of the
software system life cycle. The surveys [4], [12] indicate that
software maintenance consumes 60% to 90% of the total life
cycle costs. Survey also shows that around 75% of the
maintenance effort is on the enhancements, and error
correction consumes about 21% (Fig. 1).

O Perfective
maintenance

4%

W Caorrective
maintenance

O Adaptive and
preventive
maintenance

75%

Fig. 1. Costs of maintenance activities.

This proves that the maintenance cost is not only a function
of poor design, but mostly a function of the changing customer
or environmental requirements and the manner in which the
system was constructed [1].

Since we aren’t able to stop development of the software we
can’t eliminate the need of maintenance. According to survey
the maintenance costs are largely due to enhancements (75%),
rather than corrections. Therefore even if we develop systems
without errors, the maintenance will be always needed for
improving these systems, for supplying the requirements for
system changes of users and constantly changing environment.
This is the reason why the research in the future would aim to
improvement of maintenance, instead of trying to eliminate it.

The most challenging problems of software maintenance are
[3]:
program comprehension
impact analysis
regression testing

Program comprehension is a well known problem of
software maintenance, which increases the costs for
maintenance a lot. Whenever a change is made to a piece of
software, it is important that the maintainer gains a complete
understanding of the structure, behavior and functionality of
the system being modified. As a consequence, maintainers
spend a large amount of their time (from 50% up to 90% of
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total maintenance time) reading the code and the
accompanying documentation to comprehend its logic,
purpose, and structure. Program comprehension is frequently
compounded because the maintainer is rarely the author of the
code. On the other side many times also a programmer who
developed system isn’t able change system without studying
documentation and the code due to understanding its own
work.

Impact analysis is one of the major challenges in software
maintenance in the present. It tries to determine the effects of
a proposed modification on the rest of the system. Impact
analysis [5] is the activity of assessing the potential effects of
a change with the aim of minimizing unexpected side effects.
The task involves assessing the appropriateness of a proposed
modification and evaluating the risks associated with its
implementation, including estimates of the effects on
resources, effort and scheduling. It also involves the
identification of the system’s parts that need to be modified as
a consequence of the proposed modification.

Regression testing is a retest of the system after a change
has been implemented to gain confidence that it will perform
according to the (possibly modified) specification. The
process of testing the system after it has been modified is
called regression testing. The aim of regression testing is
twofold: (1) to establish confidence that changes are correct
and (2) to ensure that unchanged portions of the system have
not been affected.

An inconsistent state of the software’s artifacts markedly
contribute to three mentioned problems. Each software system
consist of artifacts which describes only a limited part of the
software and the actual system is their composite (Fig. 2).
When a software system is changed, each artifact which is
influenced by this change has to be modified for preservation
of software maintainability”.

Software System

PROGRAM DOCUMENTATION

- source code - Analysis/ specification
- object code - Design
- makefile - Implementation
- libraries - Testing

OPERATING PROCEDURES
- Instructions to set up a software system
- Instructions to use a software system
- Instructions on how to react system failures

Fig. 2. Artifacts of software system.

III. KNOWLEDGE IN THE MAINTENANCE PROCESS

For each member of maintenance personnel is very
important to know and understand to software system which

2 MAINTAINABILITY—-the ease with which a software system or
component can be modified to correct faults, improve performance, or other
attributes, or adapt to a changed environment [7].
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he wants to change - he needs knowledge about certain
software system. For the maintenance process is important
especially knowledge about the artifact which need to be
changed and also knowledge about the effects of proposal
changes to another artifacts of software system.

Essential knowledge for maintenance process is critical
knowledge and general knowledge.

Critical knowledge — is knowledge related with the certain
software system (are useful only for maintenance of this
system). Next knowledge belongs to this category:

- relationships and dependences among software
system artifacts

- relationships and dependences among components of
diverse software system artifacts

- knowledge about made changes on previous versions
of software system

- knowledge about connectivity between software
system and environment in which system is used

- knowledge about the data representation

The main problem of the software systems in the present is,
that critical knowledge are stored separately from the source
code, which lead to longer time required for accessing and
processing this knowledge. Therefore is important to find their
common representation for ease of software maintenance in
the future.

General knowledge — is knowledge useful for all or certain
category of software systems. On the basis of the feedback
from wide group of software systems which use this
knowledge, knowledge could react on the changes in the
design and implementation and could be updated at the basis
of new trends and technologies.

Knowledge about software system could be acquired from
artifacts of this system. Although two artifacts contain the
same knowledge, the times needed for acquiring them from
one and from another may differ a lot. Therefore the artifacts
from which programmers could obtain knowledge in the
shortest time are important for maintenance process.
Appropriate artifacts for obtaining knowledge during
maintenance process are abstract models. They are easy
readable and understandable source of essential knowledge
about software system and therefore are regarded as future of
maintenance of software systems.

IV. VISUALIZATION AND UML MODELS

A. UML Models

The Unified Modeling Language (UML) is a general
purpose visual modeling language for systems. Although UML
is most often associated with modeling OO software systems,
it has a much wider application than this due to its inbuilt
extensibility mechanisms. UML was designed to incorporate
current best practice in modeling techniques and software
engineering [2].

When we are talking about UML, it is important to realize
that it does not give any kind of modeling methodology, it just
provides a visual syntax that could be used to construct
models. A methodology is the Unified Process (UP), which
tells us the workers, activities, and artifacts that we need to
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utilize, perform or create in order to model a software system.

In UML the models are used for describing structural or
behavioral parts of the software system. The model is the
repository of all things (structural, behavioral, grouping,
annotational) and relationships that you have created to help
describe the required behavior of the software system you are
trying to design [2].

Diagrams are windows or views into the model and also
are the most used device for inserting new things to UML
models. There are thirteen different types of diagrams in UML
2 (Fig. 3).

Diagram
Structure Behavior
Diagram Diagram
[y [y
| | Component | | Interaction 4 Comunication
Diagram Diagram Diagram
Composite
Structure
Diagram | | Activity Sequence
|| Deployment Diagram Diagram
Diagram
Package Stal
Diagram ate Timing
- =~ Machine Diagram
| Object Diagram g
Diagram
Class -
Diagram [ | UgeCase Intarac'tmn
Diagram — Overview
Diagram

Fig. 3. UML 2.0 diagrams. Each box represents a type of diagram. When
the text in the box is italic, it represents an abstract category of diagram
types. Shaded boxes indicate concrete diagram types that are new in UML
2.

In the present UML diagrams are widely used in software
engineering. Popularity of UML diagrams result from the fact
that these diagrams are human-readable and yet are easily
rendered by computers.

B. Utilization of UML Models in Maintenance Process

As was mentioned in Section 3, acquiring of essential
knowledge for maintenance process consumes great portion of
time and with it increases costs of software system
maintenance. One way how to decrease the time required for
maintenance process and by this way also decrease total cost
of software maintenance is visualization. The role of
visualization is during maintenance more important than
during development [10]. The proof for this statement is a lot
of tools which use visualization for supporting software
maintenance, e.g. xVue [14], VIFOR 2 [13]. In this case
visualization helps to understand to software system in shorter
time.

UML models could be also utilized in maintenance process
in different way. As was already mentioned before, uncovering
the impacts of made changes (required by users or changing
environment) is another challenging problem of software
maintenance in the present.

In ideal case all impacts of required changes would be
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uncovered even before their implementation. It would allow
implementation of required changes together with the changes
eliminating impacts of these required changes. For this
purpose the UML models could be used. On the basis of
dependencies among various components of UML models is
possible to uncover the chain reaction of the impacts of made
changes.

In my research I would like to engage in Model Driven
Maintenance (MDM), in which the impacts of required
changes will be identified by comparison of abstract models
(before and after implementation of required change) and at
the basis of knowledge obtained from UML models the
recommendations for maintenance personnel will be
generated.

Since UML models in this case represent artifacts of
software systems, which are source of critical knowledge, is
important to store them together with source code in extended
source files.

V. CONCLUSION

We can often encounter with an opinion, that software
maintenance is still inefficient and ineffective. This opinion
has the basis in high costs of software maintenance (the
highest of all stages of software life cycle). The costs of
software maintenance still arise in spite of new technologies
and solutions in area of software maintenance were built.
Therefore the importance of research in the area of software
maintenance doesn’t terminate and constantly are finding
solutions how to decrease maintenance costs, speed up and
increase efficiency of maintenance process.

Utilization of the UML models could streamline
maintenance process and decrease the time needed for
maintenance of certain software system. Therefore in my
future research I will work on Model Driven Maintenance
based on UML models.
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Abstract—This paper deals with a modeling and control of an
induction motor (IM) by the fuzzy logic. There is designed the a0
IM fuzzy model using the data obtained by the real system and
the fuzzy inverse model based control of it. The results obtained 5 o
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Fig. 2. Fuzzy model of controlled system
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On the real system were made experimental measureme e w0
in order to obtain its qualitative information. The qualitative
information is a simplified speed torque characteristic. I
order to identification, we need to know several points on the The data for fuzzy syste g(M,,«,,) were obtained from

characteristic. In Fig. 3 is characteristic surface describirgrface in Fig. 5 by the functiogriddata (Matlab Package).

Fig. 5. Surface described controller

fuzzy system properties. The obtained database of points is consistent, what is
presented in Fig.6.
[l. FuZzY INVERSE MODEL BASED CONTROL The fuzzy system (Fig.7) was created from consistent points

In Fig. 4 is shown control structure based on the inverse database by the toahfisedit (Matlab Package).
fuzzy model. The functiol f (¢;,«,) is a controlled system

and function g(M,,«,) iS a controller. The surface of
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IV. REAL TIME SYSTEM

Sl

o

A. Model preparation for distributed Real-Time execution

in Smulink

The model must be grouped into two subsystefise
Console Subsystentontains all user interface blocks. There
can only be one console block in the systdine Master
Subsystemcontains the computational elements of the model
that will be run on the target processor. There can only be one
master block in the system. In Fig.9 is shown fuzzy control
configuration applied in RT-LAB. Output of the console
subsystem is the reference value of the motor torque. In the
console (Fig.10) we can see quantities as actual value of
angular velocity, controller actuating quantity and other
special signals.

Results

References —> References Results

SC_CONSOLE SM_MASTER

Fig. 9. Fuzzy control configuration in RT-LAB

References
Switch

OpComm
Acq =1 )

OpComm

Scope

For this application was used Real Time system by OPAL-

RT. RT-LAB allows to readily convert Simulink or

SystemBuild models to real-time simulations over one or more

PC processors, particularly for Hardware—in—-the—Loop (HIL
applications. It runs on a networked PC configuratior
consisting of a Command Station, Target Node
Communication Links (real-time and Ethernet) and 1/C
boards.Command station allows users to prepare the model
for distributed real-time execution, control the compilatior
and execution, and interact with the simulation at run-time
For real-time simulation inarget node is required a Real-

Time Operating System such as QNX or RedHawk Real-Tim

Linux. Target node connect to the real world through 1/C
boards.

Fig. 10. The console subsystem
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Fig. 11. The master subsystem

In the master subsystem (Fig.11) is control structure with
the fuzzy logic controller, saturations and filter for actual
value of angular velocity.

For the transfer data between Real-Time system and the
frequency converter is used CAN bus. In the Real-Time
system is CAN bus card CAN-AC2-PCI by SOFTING. In the
frequency converter is special CAN communication card. A
data transfer is asynchronously, it means that both nodes
transmit a frames periodically. The transmit period is 1
millisecond. In one word, which is transmitted by Real-Time
system is saved the controller actuating quantity. In one word,
which is transmitted by frequency converter is saved the actual
value of motor angular velocity.
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V. EXPERIMENTAL RESULTS

achieving of maximal value of angular velocity (Fig.13). The

similar working states are shown in Fig.14 and Fig.15. The

T T T T T T T
Torqe 1
Nm Actual value

yyL A S
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™

w
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e
T
L

.
35 4
Time [Secords]

L L L L L L
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Fig. 12. Reference and actual value of the motor torque

required value of motor torque KIN.m and then-10N.m.
Behavior of the controller is similar as in previous case. In one
part the motor torque is moving about required value and then
is equal zero. The zero is caused by achieving of limited value
of angular velocity.

VI. CONCLUSION

A fuzzy inverse model based control strategy was supposed
in this paper. As is shown in experimental results there is a big
difference between required and actual value of motor torque.
But the aim of this paper was to show a basic functionality of

this method. Improving presented control strategy will be the

(1]
(2]
i 1 (3]

(4]
(5]
(6]

L L L L L L
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Fig. 13. Mechanical angular velocity
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Fig. 14. Reference and actual value of the motor torque [11]
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Fig. 15. Mechanical angular velocity

Required motor torque (reference val@®).m is shown in
Fig.12. The actual value of motor torque is changing from
IN.m to 4N.m up to the timel,8s. The problem presents fuzzy
logic controller which has been created from an inverse fuzzy
model of controlled system. It means that an error has been
created during the fuzzy model designing and especially
during the real system identification. From the tiin&s the
actual value of motor torque is zero, what is caused by
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main aim of my dissertation work.
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Abstract—Electronical information are represented by concepts (confinement, bounds, and isolation) make designing
different forms: stored in different file types, databases, XML secure programs and operating systems more difficult, but they

documents. Achievement of integrity, uniqueness and access {04150 make it possible to implement more secure systems.
informations is realized by environment where informations are

stored, e.g.: operating system access privileges (read, execute, D. Controls

write to files), database privileges (table or record creation, drop To ensure the security of a system, you need to allow
database ) or access gived direct by application (access to ’

information system, its modules and specific action over data). In SUbJ?CtS to access only authorlzeq C.ommon Security Models,
these environment information is ,covered* or ,drived* by Architectures, and Evaluation Criteria uses access rules to
operating system, database system or application. Information limit the access by a subject to an object. Access rules state
protection is fully under system control. System: authentify user /' which objects are valid for each subject. There are both
data processc.)r,.authorize spegific processor activities , gives Usermandatory and discretionary access controls. With mandatory
access and limit access by time or quantity. To guarantee the ., q1c  static attributes of the subject and the object are
confidentiality, integrity, and availability of data, it is needed to . . e
ensure that all components that have access to data are securebonsidered to determine the permissibility of an access.
and well behaved. Both mandatory and discretionary access controls limit the
access to objects by subjects. The primary goals of controls
|. SECURINGAPPLICATION ENVIRONMENT are to ensure the confidentiality and integrity of data by
disallowing unauthorized access by authorized or
A. Confinement unauthorized subjects.
Process confinement is used to restrict the actions of a
program. Simply put, process confinement allows a processto  [l. SECURINGINFORMATION IN HETEROGENOUS
read from and write to only certain memory locations and ENVIRONMENT

resources. The operating system, or some other securitynformation / data flow doesn't end at the gates of operating
component, disallows illegal read/write requests. If a procesgstems or databases. Data flow between different information
attempts to initiate an action beyond its granted authority, ”@stem, applications, platforms. System, where data /
action will be denied. In addition, further actions, such agocument was created loose control over authentification,
logging the violation attempt, may be taken. Systems that Migjthorization and operations over document. Information flow
comply with higher security ratings most likely record alin different forms, e.g.: ftp, http, prilohy email, tcp/ip data-
violations and respond in some tangible way. flow, etc.
B. Bounds H-ere. we gsk: Hoyv to ensure confidentality, integrity and
Each process that runs on a system is assigned an autho"’lr\(ta'IabIIIty i |n_format|0n safety in (unsecured) heterqgenously
. : systems? Main ways how to protect these data is to crypt
level. The authority level tells the operating system what th :
; and/or sign them.
process can do. In simple systems, there may be only two
authority levels: user and kernel. The authority level tells the
operating system how to set the bounds for a process. The . . _ . _
bounds of a process consist of limits set on the memoryASymmetric cryptosystems is using pairs of public and
addresses and resources it can access. In most systems, Pid%aie keys to facilitate secure communication. The security
bounds segment logical areas of memory for each procestdhese systems relies upon the difficulty of reversing a one-
use. It is the responsibility of the operating system to enfor¥&y function. . _
these logical bounds and to disallow access to other processe&'YPtosystems rely on pairs of keys assigned to each user of

More secure systems may require physically boundd@e cryptosystem. Every user maintains both a public key and
processes. a private key. As the names imply, public key cryptosystem

users make their public keys freely available to anyone with
whom they want to communicate.

When a process is confined through enforcing accessThe private key, on the other hand, is reserved for
bounds, that process runs in isolation. Process isolatipitlividual. It is never shared with any other cryptosystem user.
ensures that any behavior will affect only the memory arthe sender encrypts the plaintext message with the recipient’s
resources associated with the isolated process. These thgablic key to create the ciphertext message. When the

Ill. ASYMETRIC CRYPTOGRAPHY

C. lIsolation
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recipient opens the ciphertext message, they decrypt it using
their private key to re-create the original plaintext message.
Once the sender encrypts the message with the recipient’s
public key, no user (including the sender) can decrypt that
message without knowledge of the recipient’s private key (the
second half of the public-private key pair used to generate the
message).

IV. DIGITAL SIGNATURES

Digitally signed messages assure the recipient that the
message truly came from the claimed sender and enforce
nonrepudiation and the recipient that the message was not
altered while in transit between the sender and recipient.
Document signation is done by creation of message digest of
the original plaintext message using one of the
cryptographically hashing algorithms using private key.
Recepient decrypts the message digest using sender’s public
key and compares decrypted message digest he received from
sender with the message digest receiver computed himself.

V. PuBLIC KEY INFRASTRUCTURE

A. Certificates

Digital certificatesprovide communicating parties with the
assurance that they are communicating with people who truly
are who they claim to be. Digital certificates are essentially
endorsed copies of an individual's public key. This prevents
malicious individuals from distributing false public keys on
behalf of another party and then convincing third parties that
they are communicating with someone else. Certificates are
made by ertificate authoritiesvhich are neutral organizations
offer notarization services for digital certificates.

VI. CONCLUSION

Creating and processing electronical documents from the
security point of view bring up these security risks: author
unambiguous, modification, unambiguous, data unambiguous
and data lifetime. In homogenous data environment,
information system can hold and fix these threats by its
functions. Heterogenous environment offers data cryptography
and signing by unique senders and recepient keys. Question to
future is how to protect data lifetime and limit data access in
heterogenous environment.
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Abstract—Category theory provides possibilities to model
many important features of computer science. We used sym-
metric monoidal closed category for the construction of model of
linear type theory. Toposes as specific categories enable to model
theories over types. In this contribution we prove that topos is
symmetric monoidal closed category. This fact will allow us to
use topos in the role of symmetric monoidal closed category -
for construction of the models of the type theory.

Keywords—Ilinear logic, model, subobject, symmetric monoidal
closed category, topos

I. INTRODUCTION

A program consists of data structures and algorithm. Data

structures always have some type. Because types are complex
structures, we use category theory for them. In our previous
work [1] we defined the basic types as the startpoint of
scientific problem solving by help of logically and mathemati-
cally founded programming of mathematical machines. In [2]
we followed the development of our approach of regarding
programming as logical reasoning in intuitionistic linear logic
and we constructed linear type theory over linear Church’s
types involving linear calculus with equational axioms. The
interpretation of linear type theory we concluded in symmetric
monoidal closed category.
In our approach we also use toposes. Toposes are special cate-
gories - cartesian closed categories with some extra structures
which produce an object of subobject for each object. This
structure makes toposes more like the category of sets than
cartesian closed categories generally are [3]. Toposes have
proved attractive for the purpose of modelling computation.
We constructed category of higher-order theories as topos [4]
and found correspondence between tree automata and group
as a mapping that assigns to each group an automaton which
works over that groups [5]. In this contribution we will follow
the ideas from [6]. We want to prove that topos is symmetric
monoidal closed category, because in our next work we want
to work with one category that has properties of symmetric
monoidal closed category and also properties of topos.

II. BASIC NOTIONS

In this section we briefly introduce notions of symmetric
monoidal closed categories and toposes.

A. Symmetric monoidal closed categories
A monoidal category C = (C,®,1,a,l,r) consists of

o a category C;
¢ a tensor functor ® : C® C — C;
 natural isomorphisms a, [, r

aAB,C (AB)@C —-A® (Be()
la : I®RA—A
rag : AQI— A
where A, B, C are objects of the category C. The first
isomorphism expresses associativity of tensor functor, the two

latter left and right neutral element of it. They have to satisfy
the coherence axioms expressed by the following diagrams.

(AI)® B A®(I®B)

A®B

Fig. 1.
category

Triangle - coherence axiom for isomorphisms ! and r in monoidal

To achieve commutativity of tensor product we add to
monoidal category a natural isomorphism

caB:A®RB—-B®A

which satisfies coherence axiom in Fig 2 and Fig. 3.

A® B
/ K
B®A
c

- AR B

Fig. 2. Coherence axiom for ¢ isomorphism in monoidal category

- AR 1

I®A ¢
A

Coherence axiom for ¢, [ and r isomorphisms in monoidal category

Fig. 3.

A symmetric monoidal category C is closed, if for every object
A in C the functor — ® A has a specified right adjoint - the
hom functor Hom (A4, —)

—® A 4 Hom (4, —)
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that is, there exist natural transformations

Hom (A,B)® A — B
A — Hom (B, A® B)

€A,B

0A.B
which satisfy the triangle identities for an adjunction
1=e(b®1): A® B— Hom (B,A® B)® B— A® B
and
1 =Hom(1l,¢)d:
Hom (A, B) — Hom (A,Hom (A, B) ® A) — Hom (A, B)

In [2] we defined linear type theory and its interpretation. The
interpretation of linear type theory we defined in symmetric
monoidal closed category as a pair of functions (i, 7):

(27.7) : LZHTT(B,,}-,E) - (C,®,I,a,l,c,h0m(—,—))

where B is the set of basic types, F is the set of function
symbols and F is the set of axioms. Then ¢ : B — Ob(C)
is type interpretation function and j (f) : i (A) — i(B) is a
function interpretation mapping (for function symbol f € F
of the form f: A — B).

For example, if C is a category with finite products then the
tensor product ’®’ is given by cartesian category product,
I is a terminal object of the category C and natural isomor-
phisms are given by appropriate combinations of projection
morphisms and pairing.

B. Toposes

Toposes are special kind of categories defined by axioms
saying roughly that certain constructions one can make with
sets can be done in category theory [1]. A fopos is a category
& which satisfies the following properties:

1) € has a terminal object 1, and for every corner of
morphisms X — Z <« Y in & there is a pullback:

P Y

_

X A

2) &€ has a subobject classifier: an object (traditionally
denoted) €2 with a monomorphism true : 1 — € such
that for any monomorphism m : M — X in £ there is a
unique morphism Y, : X — € such that the following
diagram is a pullback:

M 1
m true
X Q

Xm

3) & has power objects: for each object X in &£, an object
QX and a morphism evx : X x QX — Q such that for
any morphism f : X XY — Q in & there is a unique

morphism Ax.f : Y — QX such that the following
diagram commutes:

X x ¥ X L0
1XxAx.f g\
X xY

By 1) a topos has all finite limits. In particular, the product
X x Y of two objects X and Y is the pullback of the corner
of morphisms X — 1 « Y. For each object X, the unique
morphism to the terminal object 1 we denote !x : X — 1. The
morphism y,, : X — Q of 2) is called the characteristic (or
classifying) morphism of the monomorphism m : M — X. In
3), the morphism evy : X X QX — Qis called evaluation, and
Ax.f: Y — QX is called the X -transpose of f : X xY — Q.
The object QX is the exponential of 2 by X. For each object
X we have an exponential functor Hom (X, —) : £ — &
which is right adjoint to the functor — x X, so the topos is
cartesian closed category [7].

III. TOPOS IS SYMMETRIC MONOIDAL CLOSED CATEGORY

We are interested in toposes. Topos has a subobject clas-
sifier. It is a special object 2 of a category together with
monomorphism ¢rue. A subobject classifier classifies subob-
jects of a given object according to which elements belong to
the subobject. Because of this rdle, the subobject classifier is
also referred to as the truth value object [8]. In fact the way in
which the subobject classifier classifies subobjects of a given
object, is by assigning the values true to elements belonging to
the subobject in question, and false to elements not belonging
to the subobject. This is the way the subobject classifier is
widely used in the categorical description of logic.

In [6] we constructed model of predicate logic and linear
logic as symmetric monoidal closed category. Here we
formulate the proof, that topos is also symmetric monoidal
closed category. This property is important when we want to
construct model of linear logic as topos. So we formulate
proposition: A fopos is symmetric monoidal closed category.

Proof. Let’s have the topos £. We have to prove that £ is
symmetric monoidal closed category. So we have to prove
that £ satisfies the definition of symmetric monoidal closed
category.

Category C in definition of symmetric monoidal closed
category is cartesian closed category [9]. According the
definition of topos is £ also cartesian closed category.

Tensor product ’®’ has a form ® : C ® C — C. Terminal
object I of category C is neutral element of tensor product.
Product *x’ in topos corresponds to tensor functor:

X:EXE—E

The product has neutral element 1 which is the terminal object
of topos & [7].

Tensor product is associative [9]. The category C has the iso-
morphism expressing associativity of tensor product a4 p,c.
As the topos is cartesian closed category, from the properties
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of product, we define associativity in topos as an isomorphism
aSSOCX Y,z

assocxyz: (X xY)x Z - X x (Y x Z)

Left and right neutral element of tensor product is given by
isomorphisms /4 and r4. In topos &£ from the properties of
product we define isomorphisms

leftx :1xX —X
rightx : X x1 — X

The following equations also hold:

leftX = Ty (1 X X)
rightx = m (X x 1)

where 71 (=) and 75 (—) are the projection morphisms.

The commutativity in the category C is given by the iso-
morphism cy y. For any pair of objects X,Y € Ob (&) we
define an isomorphism changex y as follows: while topos is
cartesian closed category, we define an object X xY € Ob (£)
together with projections 711 (X xY) = X and e (X xY) =
Y. While dom (m1) = dom (m2) = X x Y, we formulate
changex y isomorphism as a product function

changexy = (mg,m) : X XY - Y x X

which expresses the commutativity in topos.

The category C is closed if for every object A € Ob (C) the
functor — ® A has a specified right adjoint, the hom-functor
Hom (A, —)

—® A4 Hom (4, -)
with the natural transformations €4 5 and d4 p.

Similarly we define closedness for topos: for every object X €
Ob (&) the functor — x X has the right adjoint Hom (X, —):

— x X 41Hom (X, —)
with the natural transformations

evx OXx X -0
dx : X — Hom(Q,X x Q)

which also satisfy the triangle identities for an adjunction at
Fig. 4 and Fig. 5:

id=evxxq (d X idQ) :
XxQ—Hom(2,X xQ)xQ— X xQ
and

id = Hom (idx, evx ) dom(x,0) :

Hom (X, Q) — Hom (X, Hom (X, Q) x X) — Hom (X, Q)

We showed how the topos satisfies the definition of symmetric
monoidal closed category. So we can conclude, that any topos
& is symmetric monoidal closed category given as a structure

(&, x,1,assoc,left, right, Hom (—, —))
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X xQ
@
Hom (2, X x Q) x Q X xQ
EVX xQ
Fig. 4. Triangle identity for adjunction
Hom (X, Q)
N
>
>
Hom (X, Hom (X, Q) x X) id

Fig. 5. Triangle identity for adjunction

IV. CONCLUSION

In our contribution we formulated basic aspects about topos
theory needed for our approach of scientific problem solving.
We presented a proof, that topos has properties of symmetric
monoidal closed categories. Our next goal is to specify how
to construct model of linear type theory in categorical terms
by using that property of topos.
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Abstract—The astonishing performance of turbo codes have
attracted many attention among researchers since their discovery
in 1993. Not only did they approached closest to the Shannon
capacity limit than any other code before, but they also did not
actually arise from applying pre-existing and well explored
theory pioneered by Claude Shannon, exhibiting new unexplored
area for both theoretical and practical research. This paper is a
short overview of turbo codes and their main components, and
sheds some light on history and on the future of turbo codes.

Keywords—turbo codes, channel coding, concatenation,
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1. INTRODUCTION TO CODING THEORY

The basics principles of information theory has been founded
by Claude Shannon. He showed in his article from 1946, that
for every channel with a channel capacity C and transmission
rates less than C, there exists codes able to transmit
information over noisy channel with as few errors as we wish
[1]. However, transmission capacity obtained usually in
practical applications is much less than this capacity limit,
what highlights the potential gains and leads to quest for
techniques that could achieve this capacity limit in practice. In
fact, Shannon also showed the principle how to achieve the
capacity — with error correcting code, or channel code, which
maps incoming data of length & to corresponding codewords
of length #n, and then transmitting codewords over noisy
channel. The capacity could be achieved by completely
random code, but the drawback is that this performance could
be achieved only when & and # tends to infinity [1].

A lot of codes have been developed for the last 45 years,

but none of them could approach Shannon capacity limit.
Taking into account that there must be infinitely many of such
a codes, it was even remarked, that infinite numbers of good
codes must exist, but none of those that were already
developed were good. The introduction of turbo codes in
1993, which approached the Shannon limit within 0.74B,
therefore created a great deal of interest, and led to sudden
boom in both research and practical applications of turbo
codes.
In this paper, the basic introduction to turbo codes is provided.
The main components and primary building blocks of turbo
codes are shortly explained, and the history behind the turbo
codes and possible research trends are also mentioned.
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Fig. 2. Serial concatenation encoder (upper branch) and decoder (lower
branch)

II. TURBO CODES

To create the codes which could approach the Shannon
capacity limit, the researchers have stood over awkward
dilemma — to provide code that is infinitely long and random.
This dilemma has been solved by proposal of Berrou,
Glavieux, and Thitimajshima, who in their work, published in
1993 introduced the Parallel-Concatenated Convolutional
Code (PCCC), also called as ’turbo code’ [2]. Turbo codes
solve the dilemma of infinite length and randomness by
sophisticated combination of concatenation and interleaving.
The basic scheme for turbo codes encoder is shown in Fig. 1.

III. CONCATENATION

Whereas long codes cannot be designed easily because of
the increased complexity with decoding of the long codes, it
would be desirable to build along, complex code, from
shorter component codes, which can be decoded much more
easily. Concatenation is a very straightforward way
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data

encoder 1

code

multiplexer

encoder 2

Fig. 3. Parallel concatenation

of achieving this. Basically, concatenation can be parallel or
serial. In serial concatenation, the principle is to feed the
output of one encoder, labeled as output encoder, to the input
of another encoder, labeled as inner encoder, as is shown in
Fig. 2.

In final, the resulting code seems to have properties of much
longer code than codes in fact used, but such a code can be
easily decoded, as two - or more if more complex code is
used - simple decoders will be used. The interleaver between
encoders is used to spread out the errors occurring in bursts,
so they can be repaired more easily. The more detailed view
on interleaver will be given in the next section.

In parallel concatenation, two encoders are working
parallely, which means they are fed by the same input, as
is shown in Fig. 3, where  denotes the block of interleaver.

IV. INTERLEAVING

An interleaver is a device that rearranges the ordering of
symbol sequence in a deterministic manner. Associated with
the interleaver is a deinterleaver, that applies the inverse
permutation to restore the original sequence. Interleaver
performs operation of permutation, thus the block of
interleaver is often referenced to as 7, and to inverse operation
asm .

The interleaver is very important part in the design of turbo
code, as the size and map of interleaver has an significant
effect on the code performance. Conventionally, interleaving
is used to spread out the errors occurring in burst, but for
turbo codes, the interleaver has more functions. Interleaving is
used to feed the encoders with permutations so that the
generated redundancy sequences can be assumed independent.
Another key role of the interleaver is to shape the weight
distribution of the code, which ultimately controls its
performance. This is because the interleaver will decide which
word of the second encoder will be concatenated with the
current word of the first encoder, and hence what weight the
complete codeword will have.

Issue worth considering in the design of interleaver is the
termination of the trellis of both convolutional encoders. By
properly designing the map of the interleaver, it is possible to
force the two encoders to the all-zero state with only m bits
(where m is the memory length of the convolutional encoder,
assuming the same convolutional code is used in both
encoders). The two main issues in the interleaver design are
the interleaver size and the interleaver map.

input data de-interleaved data
[1]2]s]4]s]6]7][8]0] [1]2]s]4]s]6[7]8]0]

NERRE Hasast

9 interleaver de-interleaver
—
(m) ()

L interleaved data
[1]5]913]17] 2] 6 [10]14]

Fig. 4. Rectangular interleaver

The size of the interleaver plays an important rule in the
trade off between performance and delay since both of them
are directly proportional to the size.

The most simple interleaver is probably the block
interleaver (also known as rectangular interleaver) is shown in
Fig. 4. The data are being written into the array in rows, and
once filled, the data are being read out by columns.

V. PUNCTURING

The encoder, shown in Fig. 1, will have a code rate of 1/3,
arelatively low rate. The code rate can be increased by
puncturing the two parity streams. For example, one bit can be
deleted from each of the parity streams in each turn, so that
one parity bit remains for each data bit, and thus reducing the
coding rate, resulting in arate 2 code. Other rates are also
possible by puncturing different proportions of the parity
streams.

Puncturing can also be described as process of deleting
some bits from the codeword according to a puncturing
matrix. The puncturing matrix (P) consists of zeros and ones
where the zero represents an omitted bit and the one represents
an emitted bit. It is usually used to increase the rate of a given
code. Puncturing can be applied to both block and
convolutional codes. An example of the puncturing matrix to
go from rate 1/2 to rate 2/3 is given by matrix

11
P .
10
This matrix implies that the first bit is always transmitted
while every other second bit is omitted.

In the case of turbo codes, the same coder may serve for
various coding rates by means of puncturing, allowing the
same silicon chip to be used in different applications [3].
When the redundant information of a given encoder is not
transmitted, the corresponding decoder input is set to zero. Of
course, the decoder needs to know the current puncturing
table. This function is performed by the
DEMUX/INSERTION block in the turbo decoder (Fig. 7).
The DEMUX will demultiplex the stream between the
decoders and the INSERTION will insert an analog zero if the
corresponding bit is omitted. When the code is punctured, the
branch metric corresponding to the punctured bits need not be
computed.
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Fig. 5. Turbo code encoder

Determining the best puncturing pattern for turbo codes is
still an open problem. Berrous suggests that systematic bits
should not be punctured (Berrous puncturing) [3]. The paper
demonstrated, by simulation, that it is always better to avoid
puncturing systematic bits. However, in [10] a new puncturing
is suggested, named UKL puncturing. It concludes that
nonsystematic version of the designed punctured code is

advantageous at high values of E 5/ N, which are related to

low BERs. This result was tested over AWGN and fully
interleaved flat Rayleigh fading channels.

Puncturing is a trade off between rate and performance, but
fortunately, punctured codes have only 0.1dB —0.2dB lower
performance than the original code, as was reported for the
convolutional codes [11]. Convolutional codes and their
punctured alternatives together with their difference in
performance are tabulated in [8]. It is suggested that using
unequal puncturing (puncturing one encoder outputs different
than the other) improves the performance. In [9] Caire shows
that to achieve best performance, the puncturing and the
interleaver should be designed jointly. In [10], Caire
suggested to define the puncturing pattern on the interleaver
map. Moreover, adaptive puncturing can be used depending
on the channel noise, allowing adaptability to the channel
conditions.

VI. ENCODER

The basic scheme for turbo encoder is shown in Fig. 1,
respectively in Fig. 5 where general encoder blocks have been
replaced with convolutional encoders.

In the next section we will describe the block diagram,
which is shown in Fig. 5, containing three branches. In the
first branch, the information bits are fed directly to the input of
the multiplexer - this code is therefore systematic code. A
systematic code is such acode, in which the input data is
embedded in the encoded output. The codes used in
concatenated coding are usually systematic. The second
branch of the Fig. 5 contains the first encoder, typically the
convolution one. The same input data which are fed to the
second branch are also fed to the third branch, where the
information bits are first scrambled in the interleaver before
entering the second encoder. The turbo encoders typically
convolution coder.

Viewed from the output of the multiplexer, the input bits are
then followed by the parity check bits from the first encoder,
and then the by parity bits from the second encoder.

154

Input

Fig. 6. Recursive Systematic Code

To deal with the delay of the interleaver in the third branch,
the delay line is in general placed before the first encoder to
keep both branches work simultaneously.

The turbo encoder block diagram in Fig. 1 and Fig. 5 shows
only two branches. In general, we can use turbo encoders with
more than two branches. The convolutional code at every
branch is called the constituent code. The constituent codes
can be generated by similar or different encoders. In this
paper, we will be assuming the usual configuration with two
branches having the same constituent code.

Puncturing can be also used in encoder, as shown in Fig. 1,
to increase the rate of the convolutional code beyond the
speed resulting from the basic structure of the encoder.
Separate sections are devoted for interleaving and puncturing,
where they are being analyzed more closely.

The convolution codes can be labeled as recursive or non-
recursive, and systematic or non-systematic.

In the case of turbo codes Recursive Systematic
Convolutional (RSC) codes are proved to perform better than
the non-recursive ones [2], [11]. An RSC encoder, shown in
Fig. 6, can be obtained from an non-systematic encoder by
setting one of the outputs equal to the input and obtained from
non-recursive encoder by using a feedback.

VII. ITERATIVE DECODING

The turbo decodes use iterative decoding for data decoding,
which is often referenced to as ’turbo principle’. The block
diagram of turbo decoder is shown in Fig. 7. The iteration
stage is shown with doted lines, and the initialization stage is
shown with solid line. Only one loop is performed at a time.

The term turbo principle, after which the turbo codes has
been named, and which in fact refers to the iterative decoding,
was taken from the turbo engine principle, in which part of the
engine output is fed back to the input of the system to increase
the overall performance. The same approach is used in turbo
code decoder — the first decoder will decode the sequence and
then passes the hard decision together with a reliability
estimate of this decision to the next decoder. Now, the second
decoder will have additional information for the decoding -
the result of the first iteration and the original sequence. The
interleaver between the decoders is responsible for making the
two decisions of the decoders uncorrelated. The exact
procedure in what information to pass to the next decoder or
next iteration stage is a subject of research.
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Fig. 7. The block scheme of turbo decoder

The turbo code decoders employs sofi-in, soft-out decoding
(SISO). The utilization of SISO decoding greatly improves the
overall performance of decoders. In addition to the hard
decision, the SISO demodulators are using additional soft
information, which is passed to the decoder and which
measures the reliability of the decision.

For example, when received signal is passed to the
comparator, at the output of the comparator in addition to the
output level of the signal ,0” or ,1°, the signal measuring the
level of reliability is also produced. If the input signal is close
to the decision level of comparator, this signal will have low
value, and when the input signal is far from the decision level,
this signal will have higher value.

To decode turbo coded data stream, the algorithms typically
used to decode other codes have been modified to decode
turbo codes. One of such a mostly used algorithm used to
decode turbo codes is a Soft Output Viterbi Algorithm
(SOVA). Viterbi algorithm is a decoding method that was
created for decoding of convolutional code. It is standardly
used decoding method for its optimal algorithm, allowing to
minimize the probability of sequence error. To utilize Viterbi
algorithm for turbo codes, the algorithm has been modified
with soft outputs to include reliability option to decoding
decision. This modified version of Viterbi algorithm is
introduced in [6], [7]. SOVA has only twice the complexity of
Viterbi algorithm.

VIII. PERFORMANCE OF TURBO CODES

The turbo codes can produce remarkable results when
comparing to other channel coding methods, especially in

areas of relative low E, /N, . For example, the turbo codes

can achieve BER=107 over Rayleigh channel at only

E, /N, =43dB [7]. Comparing with classical convolutional
coder, the turbo codes brings gain of 2.3dB. Over AWGN

channel, the turbo codes achieve BER=10"> over at only
Ep/Np=0.7dB , which is very close to Shannon limit [2], and

it is closer to the limit bound than most of the researchers had
even imagined possible. The performance of turbo codes is
highly dependent on number of iterations. increase
significantly with increase of decoder iterations. At higher
number of iterations, the decoder show significant
improvement, but higher number of iterations also means more
processing time and possibly delay inserted into
communication channel. Also, the turbo codes use an
interleaver both in the transmitter and receiver. Since the data
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must be stored in the memory of interleaver in order to be
processed, this means latency inserted to the communication
system. As different applications are differently delay
dependent, the optimization of system design is necessary to
provide satisfying latency to the system.

IX. CONCLUSION

The turbo codes has attracted a lot of attention from their
introduction in 1993, as they can provide for the way the
communication researchers has been trying to solve for
decades — to attack the Shannon limit bound for capacity of
communication channel with practical applications. The first
appearance of turbo codes led to renaissance in the field of
coding and inspired other areas of research to look for ‘turbo
principle® and try to use it to improve older applications and
processes.

The practical applications of turbo codes has emerged
immediately after their introduction and promptly took their
place in the real world systems. Still, to achieve excellent
performance of turbo codes, deep understanding of system and
optimization of parameters are required, and further
investigation needs to take place to inspect the effect of
individual ingredients on the overall performance of system.
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Abstract—In our research we are intrested in comparing
existing methods for describing the behaviour of the model of
asynchronous processes. We represent two approaches and write
out interaction categories which involves more complex data
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I. INTRODUCTION

We can model asynchronous processes in many different
ways. In this paper we describe them first by m-calculus then
on the contrary by interaction categories.

The m-calculus [1] provides a simple yet powerful frame-
work for specifying communication systems with evolving
communication structures. There exist many formalisms for
describing processes. m-calculus is one of these formalisms
for describing parallel processes, which communicate by tran-
sition of messages. It is not the best choice for describing
abstract data types and for describing states with complex data
structures.

II. w-CALCULUS

Joachim Parrow in [2] defined w-calculus as a process
algebra. m-calculus is a mathematical model of processes,
which links are changing dynamically during their interaction.
Communication link is a medium, which names are sent
through. Basic computational step is the transfer of com-
munication link between two processes. After that receiver
can use this communication link for further interaction with
other participants. Its expressiveness derives mainly from the
possibility of passing communication channels, restricting the
scope of channels and scope extrusion. It is suitable for
modelling systems, where resources change in time.

At the first sight it seems that m-calculus is only a special
form of process algebra with data transfer, where data could
be links. In this case m-calculus would be very weak, as it
does not define any data types or functions. The reason, that
m-calculus is despite of this considered to be more expressive,
is that it enables migration of communication links and data
through another communication links. This feature expresses
mobility of processes or in other words this means modifi-
cation of process structure. The name passing feature alone
(input prefix) in m-calculus would yield infinite branching
transition systems.

2yiliam.slodicak @tuke.sk

III. INTERACTION CATEGORIES

Fragment of linear logic can be considered as process
calculus, where linear terms represent processes and proofs
represent execution of processes. Proof nets [3] are deduc-
tive systems of linear logic. In this case interaction can be
interpreted as computational behaviour of proof nets. The
connection between proof nets and processes is interpreted
by Abramsky in [4]. Traced monoidal categories describe
the semantics of asynchronous communication of concurrent
processes.

Roughly speaking we can describe synchronous commu-
nication as parallel sending and receiving messages, which
requires so-called “handshake” between sender and receiver.
Communication is asynchronous if messages pass through a
communication medium with possible delay. Therefore sender
does not have to wait for the presence of receiver.

There exist many semantical models of networks of commu-
nicating processes, but only a few of unifying principles for
all these models. We use category theory to separate some
common and useful properties of models of asynchronous
communication. These properties could form the basis of
classification and connection of some existing models.

We begin with the observation of a concrete model of
asynchronous communication, which was interpreted in [5].
In this model, which is based upon labeled transition systems,
are asynchronous channels described explicitly as unbounded
capacity containers. Process is asynchronous if its input and
output behaves as if it passed through such a container. These
asynchronous processes are essential morphisms in the traced
monoidal category Buf. We take this category as a prototype
and by abstraction from its properties we derive categorical
model of asynchronous processes.

A. Feedback operation

We define the type of the transition system X —p Y as the
set InX + OutY + B + {7}. Labeled transition system S of
type X —p Y is called labeled transition system with input
and output or agent. If B is an empty set, then we omit the
subscript in X —p Y.

Container Bx has states from multiset from the com-
mutative monoid X **, initial state is (), and transitions are
w 'S wr and zw *S" w for all w € X** ax € X.

In asynchronous communication model we assume, that
messages pass through a communication medium. Sometimes
we suppose, that this medium is a FIFO (queue), sometimes as
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in the case of asynchronous 7-calculus, messages are received
in arbitrary order (container). The basic idea is that we use
infinite containers for modelling asynchronous behaviour of
a process. Asynchronous agent is such agent, which output
and/or input behaves as if it passed through container 5.
Agent S: X — Y is

o output-containered, if S =~ S; By

e input-containered, if S ~ Bx;S

o containered or asynchronous, if S =~ Bx;S; By .

Asynchronous agents are closed under composition. Con-
tainers By : X — X represent identity morphisms for
this composition. Therefore classes of weak bisimulations of
asynchronous agents form morphisms of the category Buf.
Category Buf is defined as the following structure:

o Objects are sets of states.

e Morphisms are classes of weak bisimulations of con-
tainered agents S : X — Y.

« Identity morphism on X is given by container Bx.

« Composition is given by composition on agents.

There also exists a natural operation of feedback on agents,
i.e. connecting output of agent back to its input. This operation
enables us to construct networks with loops.

Agent §: X +Z — Y + Z can be illustrated as a box with
input and output links as on the following figure:

Z Z
S| v

Fig. 1. Agent with inputs and outputs

We define next agent TrzS : X — Y by connecting the
output link of type Z from S to the appropriate input link as
on the Fig. 2:

: jZ

X S Y

Fig. 2. Agent with feedback

Formally, agent Tr ;S is defined as follows: its states and the
initial state are the same as those of S. Transitions are given
by two rules (1).

[} . out z in z
s—ss a#inzioutz s — g8 s =g’

6]

@ / T "
S _>T7‘Zs S S _>T7”Zs S

Asynchronous agents are closed under the operation of feed-
back. This operation defines traced monoidal structure on the
category Buf.

B. Traced monoidal categories

Traced monoidal categories are extension of symmetric
monoidal categories with the notion of loop. In computer
science traced monoidal categories are used for modelling
feedback in proces algebra [6] and cyclic graphs of data flow
[7]. Notation C(A, B) denotes homset of morphisms from A
to B in the category C. In symmetric monoidal category we
denote the symmetric morphism by cxy : X ® Y — Y ® X.
Unit element of tensor is denoted by 1.

A’VL B'Nl
L f By
A B,

Fig. 3. Morphism with many inputs and outputs

We present morphism f: 41 ®...0 A, - B1®...® By,
as a box with links in the following way:

Fig. 3 illustrates the process f with input links A, ..., A, and
output links By, ..., B,,. Operations of composition, tensor
and trace together with identity and symmetry morphism are
written as on Fig. 4.

Composition:  f; g =

Tensor: f®g=

—
Trace: Tr f =
Symmetry: c= _X
Identity: id=——

Fig. 4. Operations on processes

Traced monoidal category (C, ®,Tr) is symmetric monoidal
category (C,®) together with the class of operations Trx :
C(A® X,B® X) — C(A, B), which satisfy the following
four axioms:

(i)  Naturality. Trx (¢ ®idx; f;h®idx) = g;Trx f; h

(i)  Strength. Trx(g® f) =g Trx f

(iii) Symmetry sliding. Try (Trx(f;idp ® cxy)) =
Trx(Try(ida ® cxy; f))

(iv)  Yanking. Trx(cxx) = idx

On Fig. 5 we show four axioms of traced monoidal categories.

Naturality:

Il

Strength: g B - (| !
1 | L - — - -
(
il
Symmetry _
sliding: ! B f
L L1
Yanking: ? B
Fig. 5. Axioms of traced monoidal categories

C. Classification of traced monoidal categories

Monoidal category with diagonal is a symmetric monoidal
category together with two morphisms:

Apg:A—AQA Qpa:A—1T
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such that (A, A4, Q4) is a symmetric comonoid for each A,
and these morphisms are compatible with symmetric monoidal
structure in the following sense:

I®I A®RARB®B
)
EDV
D?’
Or=idy: I —— I A®B ida ® c®idp
Z <,
23 23
A®RBQA®B

The first diagram presents that by applying weak terminal
morphism ¢ to unit object of tensor product I, then we get
the identity on this object. The second diagram indicates the
closure of weak terminal morphism according to tensor. The
third diagram illustrates the closure of diagonal morphism
according to tensor.

Morphisms A 4 and § 4 are called diagonal and weak terminal
morphism respectively. Their graphical representation is:

—C

In monoidal category with diagonals the morphism f : A — B
is called copyable or deterministic, if the following diagram
commutes

and —=

A® A

f rer graphically,

B

B®B
Morphism f : A — B is called discardable or total, if the
following diagram commutes
A
X
! 1 graphically,

In the context of communicating processes the diagonal
morphism means duplicating messages on the channel. Such
deterministic morphism represents process, which two in-
dependent copies with the same input generate the same
output. This is exactly the case of deterministic process.
Weak terminal morphism accepts, but ignores all inputs. Total
morphism represents process, which is defined for all inputs,
i.e. which never refuse any input. For such reason it is called
total morphism.

IV. CONCLUSION

In this contribution we presented two ways of describ-
ing asynchronous processes. We have extended symmet-
ric monoidal categories with feedback and formed traced
monoidal categories. We showed on a specific category Buf
the properties of asynchronous categories, which are described
by traced monoidal categories. Our future work will contain
extension of interaction categories for more complex struc-
tures.

ACKNOWLEDGMENT

This work was supported by VEGA Grant No.1/0175/08:
Behavioral categorical models for complex program systems.

158

REFERENCES

[1] R. Milner, J. Parrow, and D. Walker, “A calculus of mobile processes
(parts i and ii),” Information and Computation, vol. 100, pp. 1-77, 1992.

[2] J. Parrow, An Introduction to the w-Calculus, in The Handbook of Process
Algebra. Amsterdam: Elsevier, 2001, p. 479.

[3] A. Verbovd, V. Novitzkd, and V. Slodi¢dk, “From linear sequent calculus
to proof nets,” in Informatics 2007, Proceedings of the Ninth International
Conference on Informatics. Slovak Society for Applied Cybernetics and
Informatics Bratislava, 2007, pp. 100-107.

[4] S. Abramsky, “Proofs as processes,” in MFPS ’92: Selected papers of the
conference on Meeting on the mathematical foundations of programming
semantics, part I : linear logic. ~ Amsterdam, The Netherlands, The
Netherlands: Elsevier Science Publishers B. V., 1994, pp. 5-9.

[S] P. Selinger, “First-order axioms for asynchrony,” in International
Conference on Concurrency Theory, 1997, pp. 376-390. [Online].
Available: citeseer.ist.psu.edu/selinger97firstorder.html

[6] S. Abramsky, “Retracting some paths in process algebra.” in CONCUR,
1996, pp. 1-17.

[7]1 M. Hasegawa, Models of Sharing Graphs: A Categorical Semantics of
Let and Letrec. London, UK: Springer-Verlag, 1999.


citeseer.ist.psu.edu/selinger97firstorder.html

SCYR 2008 - 8 Scientific Conference of Young Researchers — FEI TU of KoSice

Ontologies and Web Services as a Building Blocs of
the Semantic Web (March 2008)

1Jozef VRANA, Kristina MACHOVAJlartin DZBOR

'Dept. of Cybernetics and Artificial Intelligence, FEI TU of KoSice, Slovak Republic
’Knowledge Media Institute, The Open University, United Kingdom

liozef.vrana@tuke.slkristina.machova@tuke.s?m.dzbor@open.ac.uk

Abstract— Web content growing very fast and it started to be be done by ontologies. Ontology is formal description of
a rather complicated to find relevant information. Semantic web  objects from real word. It captures objects, properties and
is an initiative to make web more usable, acceptable and re|ationships from some particular domain. On base of such a
comprehensible for users. In order to make Semantic Web very formal description, a new data can be inferred from existing

much practical, is necessarily to provide new functionalities and d by followi loical | h d d b
additional information about web content. Those may be ata by following logical rules. These data wou €

interesting not only for users but also for web agents. So it application-independent and part of the larger information
suppose to be provided in form, processable by both. The key ecosystem.

technologies for the Semantic Web support are Ontologies and

Web Services. The ontologies represent resource of meta II. ONTOLOGIES

information about objects, properties of these objects and

relations among them. On the other hand, web services are A. Definition

deliver further functionalities upon ontologies and web content to . o .
the user. Together they are the most significant technologies for ~One of the possible definitions of ontology: Ontology is a

support of semantic web. formal, unambiguous delimitation of shared terms. It means
that it provides shared dictionary which describes the chosen
Keywords—semantic web, ontology, web service. domain, the types of objects and terms, their attributes and

relations among them. Categories, their attributes and relations
among them create the ground of ontology. It is necessary to
define them; it means to note the category, determine its

Size of the information on the web is increasing very fast. lttributes as well as its relation to other categories. After the
2000 was available about 7 million of unique web pagedefinition of categories it is possible to assign them some
Contemporary estimations say about 30 billion pages andiriktances, which will represent the objects of these categories.
billion of users. Biggest searching engine have indexed orffpr the reason that the relations among objects are known, it is
small number of these documents so far. Most of the users gessible to derive some new facts.[1]
used to on fact, that everything is available via Google. If it is .

' ything o 9* B. Ontology and Semantic Web
not true, how we can get an access to this information? The ) ) )
answer would be: We can not! What is the point of having g One of the fundamental problems in semantic web is that
huge amount of data if you can not use them? one and the same term can be labelled by different codes.

Poor content aggregation is another important issue of tigent in such case must have a possibility to differentiate,
web. Very important assumption for data aggregation is mhat meaning has information, for given data source it can get
have it in form comprehensive for machines. Apparently, weB touch with. . .
pages are readable by humans. But web agent is strugglinéat_'S just ontology that was designed for this problem
with this type of content because there is no data abcilVing- The term ontology represents the summary of
meaning. From computer point of view is web page only a Jormally defined relations among the objects. In ontology so
of words but words could have several meanings as@lled derivational rules are used. They serve for derivation of
computers are not able to distinguish among them. other relations among entities. _

Described problems represent only small part of amount pfOntology increases the functpnahty oflweb. In this way that
issues of current web. Obviously, there are more approactie@llows to specify the web retrieval. With help of ontology,
how to solve this unpleasing situation. In this paper | woul@fogram should be able to display, only relevant pages for
like to clarify one of such ideas which is Semantic web. current query. This is the most direct utilization of ontology.

Tim Bernes-Lee has a two-part vision for the future of the . o
Web. The first part is to make the Web a more collaborative There exist also more sophisticated accesses, for example:
medium. The second part is to make the Web understandable, ~the using of association of knowledge structure
and thus processable, by machines. It basicaly means derivation of ontology rules _ _
captured relationships between information items. This could SUch @ use could lead to the complete automatic retrieval of

I. INTRODUCTION
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all the relevant references. embraced open standards. The widespread support and
L adoption of Web services, in addition to cost-saving
C. Ontological issues .

advantages of Web services technology, make the

As long as web contend rise very dramatically, the amoupi-noiogies involved very important to understand.[1]
of ontologies are increasing too. There are lots of institutions,

particularly ip agademic sector, Which.are !nterested in IV. APPLICATIONS
ontology engineering. It means up there is available huge seII_he Semantic Web is not sole new thing but practical

of documents which describes our world by formal manner. s of this technol h th ized with
Obviously, this data can be used on various purposes but fpgpects of this technology havent been recoghized with many

the problem is to find such an ontology, which perfect rojects so far. The users are not really familiar with

matches with domain of yours particular resource. Better t(échnologlestr:lke ontollgglfs dandd we? services. It rlls b?gla ufse
say: How to find perfect ontology for web page? ese are rather complicated and not very comprehensible for

One way how to do it is via some semantic web gateway fglrzm' th il le of int tina tools which
instance Watson. Watson is a tool developed by KMI. owever there are still couple ol interesting tools whic

Ontologies can be found easily by keywords but still it igake advantages of those techn_ologies. Magpie. s one Of. the
rather tricky to choose relevant ontological model for user. very clever tools based on mentioned technologies. It is fairly

Another important point is that most likely ontology and’ n'qltje productt. |n"sever§ |thys Itis bas\;(;]ally f'rtSt T}tte'\r/ln Pt t.o
web resource were created in different conditions so it cou@eae_ thm?n |cta y ?anI(I: ‘?d tr_cfj_wser. it a actrt:a y bagple
cover different parts of particular domain. 0€s Is that automatically identilies entities on the web page

Discussed issues haven't been solved so far, but for furtﬁ’gp'Ch may have concept in ontology. For those entities are

development of these technologies, it is necessary to do tha@vallable services on d_emand via contextual menu. This
approach could be occasionally helpful for users. The strength

of the Magpie is in idea which allows users to take an
advantage of semantically enriched content. On the other
A. Definition hand, Magpie is able to work with very well defined problems.

Above content of the web pages and ontologies stand widS because it works with one ontology in same time. This
services. It is software services that are defined accessed u§AgStraint is very strong because it is hard to find perfect
web protocols. The main goal of web services is to providd ology for each problem. Thus rather than being isolated
additional functionalities by using ontologies and web pages M@y Pe we should bring more information in there and using

Web services are software applications that can e of ontology instead. [2]
discovered, described, and accessed based on XML and
standard Web protocols over intranets, extranets and t[iERe e e A ==l o))
Internet. [1] | soubor  Uprawy Zobrazit  Oblbené  Mastroje  Mépowsda o

From the definition, web services consist form severdl @z - (0 - [x] [2] [ J)wedsr Jlpobibens £ (-
on.netjindzx.php. ~ |G Fre | odkazy

mMetenrnlngy :v l:lphysics : v: l:lchemistry !v

Ill. WEB SERVICES

layers: Adress | 8] bt fwens. cimatep
A Magpie - I| I:lclimatnlngy

- web service are software applications available on thgg.e

3] Wwhat do we want you to do?

BOTNG
Complet

Web that perform specific functions, | You can dowrlosd a cimate model o ski= | 1
- discover: integrations UDDI (Universal Description, g i Z‘;’QJ#‘ 'E%‘EEEZ@%ZE; Pran s 2
. . . |/ our camputer an. snou not affec o i i, |

Discovery and Integration) and ebXML registers allo St e e L
. . i . . runs, you can watch the § patterns on |
applications to discover information about web| your, unigue, version of the world evolve, The | Comalek
. results are sent back to us via the internet, and Trans
services you will be able to see a summary of your results 1
. ! . ) ) ) on this \get? site. (gtlimatepred.lcr.lon.net uses L:The BOIH
- . , BOINC, t A8C
desc.rlbe. Wel? service is described via WSDL (Wel 3?5?333?8c?rc"g'r?ngpi%nga%jms, , a5 many other i
i t il ct at a & ¢ :
Service Description Language) [ to BOING/ climateorediction.nat davenload. | 2o 02

- access: SOAP (Simple Object Access Protocol), is the, page] it g

XML-based message protocol for communicating Withj&) e berkeley.=ds -

Web services,
- communication layer: consist from under layerecFig- 1. Window IE with running Magpie
protocol for instance HTML, SMTP.
Another interesting tool is PowerAqua. PowerAqua is a
i ) o ) multi-ontology-based Question Answering (QA) system,
The first way that Web services fit into the Semantic Web {§ic, takes as input queries expressed in natural language and
by furthering the adoption of XML, or more smart data. Afls able to return answers drawn from relevant distributed

adoption of XML by Web services is fairly important point a§esrces on the Semantic Web. In contrast with any other
well as enabling Web services to interact with other We@xisting natural language front end, PowerAqua is not
services. Advanced Web services will require Semantic Wefgyicted to a single ontology and therefore provides the first

techr!olog|es for such |n_terac_t|ons to be _a_utomatgd. . comprehensive attempt at supporting open domain QA on the
This technology provides interoperability solutions, mak'n%emantic Web.[3]

application integration and transacting business easier.
Because it is now obvious that monolithic, proprietary
solutions are barriers to interoperability, industry has

B. How does it fit to the Semantic Web

160



SCYR 2008 - 8 Scientific Conference of Young Researchers — FEI TU of KoSice

LINGUISTIC RELATION
INFERENCE
[ SIMILARITY R
QUERY CLASSIFICATION SERVICE [1]

" " 2

.
.
.
NL SENTENCE p

INPUT . .

.

QUERY ' ONTOLOGY [3]

e COMPATIBLE
TRIPLES

(4]

sceencss
sesesssan

Fig. 2 The AqualLog Data Model

V. ADOPTION OF THESEMANTIC WEB

The semantic web hasn't been widely adopted by the users
so far. There would by probably several reasons why it is like
that:

- Simplicity: Only small number of users is able to create
ontology without any assistance or past experience with
ontological engineering. It is because the knowledge
from logic and artificial intelligence are required.
Obviously, users most often do not have such an
experience.

- High threshold value of users: Currently, we have
working alternative to Semantic Web. Well, the
problem is how to convince users to switch from well-
known technology to new one. The important point is:
there is now real motivation for users to do that yet.

- Slow process of standardization: So far, it has been
standardized only low level technologies as XML, URI
and RDF. Those are obviously very important ones and
create base for higher level technologies but from users
point of view they are useless.

- Semantic web applications: As long as Web exists there
were successful applications which make it popular
because brought new efficient capabilities. For example
Google or Netscape are this kind of tools. But there is
no such a tool for Semantic web and this is probably
most significant reason why is current state so
unpleasing.

VI. CONCLUSION

In this paper were brought a brief overview of current state
of Semantic Web and related technologies. The main
motivation for research in this scope is: How can Semantic
Web make task I'm doing easier, faster, simpler ... After that
will be this technology interesting not only for academic
sector but also for private companies. And this is very
important for widely adoption of these technologies.

The question is: how to achieve it? May be we should focus
on using existing web contend as an asset instead of pushing
new technology. We need to improve the overall use
experience
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