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FOREWORD
On behalf of the Organising and Programme Committees it is my great honour and pleasure
to welcome the participants of the Seventh International Workshop Control & Information
Technology IWCIT'08 to the Faculty of Automatic Control, Electronics and Computer
Science, part of the Silesian University of Technology in Gliwice.
The first two International Workshops Control & Information Technology were organised by
the Department of Measurement and Control, Technical University of Ostrava, Faculty of
Electrical Engineering and Computer Science, Czech Republic, in 1999 and 2001. Thanks to
close relationships between this department and the Institute of Electronics at the Silesian
University of Technology the organisation of IWCIT’03, IWCIT’06 and this year's workshop
was entrusted to our Institute.
Thirty nine papers have been accepted for this workshop. They will be presented in the
following oral sessions:
•
•
•

Information Technology
Control systems
Electronics and Telecommunication

We hope that this workshop, like the preceding ones, will prove once more to be a useful
forum for exchange of your ideas and experiences, helping you to complete your PhD theses.
We wish you all fruitful and inspiring discussions during the Workshop and a pleasant stay at
the Silesian University of Technology.

Zdzislaw Filus
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Tentacle Robotic Arm Based on the Smart Materials
Mihaela Cecilia Florescu
University of Craiova, Romania
mihaelaflorescu@yahoo.com
Abstract: The paper presents a class of robotic arm, namely the tentacle arm, also known
as the hyperredundant robot. It shows the kinematical structure of the robotic arm, it
develops the mathematical model of this kind of arms and it presents a special application
of these robots in conjunction with so-called smart materials. A number of smart material
robotic applications were presented and the dynamic model of the tentacle arm based to the
electro-rheological fluids was derived.

1 Introduction
The industrial robots have known a very fast development in the period that follow after
world war into a series of countries such as U.S.A, Japan, and Germany. In general, the
industrial robots found their place in the automotive construction industry, preponderantly.
Here, they appear in the painting room, body welding, assemblage, manipulation and final
quality check. But, the classical industrial robots don’t offer a satisfying solution, in some
engineering applications. The examples of such inappropriate applications for conventional
industrial robots structures are: reaching positions from very narrow spaces, manipulating
some objects on long and narrow routes, operating the robots into closed spaces with very low
accessibility.

Fig.1. The mechanical structure of a tentacle robot
A tentacle robot (see Fig.1) offers a much better solutions for the mentioned operations. This
fact is due to the multi-redundant structure of this kind of robots, which disposes of a number
of degrees of freedom that is theoretically infinite. This mechanical structure property allows
to the tentacle robot to reach desired points of the operation space, points that the classical
robots can’t reach.
In the specialty literature [2, 5], the tentacle robotic systems are known under the designation
of the continuum robots, while the classical robot structures are defined as discrete robots.
The continuum robots are structures that are realized by the connexion in series of some
elements which execute the rotating or bending movement, respectively, on continuum
curves. The models of tentacle, trunk and serpentine, (which simulate the movement that
realized to the octopus, elephant or snake) fall under the category of continuum robots. The
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particular structure of this kind of models (with a very high number of degree of freedom)
allows to obtain a kinematical chain described by a continuum curve, which assures a very
high mobility (theoretically infinite), also.
In many specialty papers, the tentacle structures are called as hyperredundant models, due to
big number of joints of the mechanical structure. A very important characteristic of these
arms is the very high mobility that is obtained due to big number of degrees of freedom. This
mobility causes that these robots can be used successfully into operational spaces with
extremely severe constraints [2]. This fact is shown in Fig.2.

Fig.2. Using the continuum robotic structures into the spaces with reduced accessibility
Shigeo Hirose [1] has created the ACMVI robot (Oblix) that is presented in Fig.3. This robot
has the typical capabilities of a constrictor snake. From the Oblix robot, the robotic arm called
MOGURA was developed, which is dedicated to use in industry.

Fig.3. The Oblix robot created by Shigeo Hirose
A group of Japanese researchers from Tokyo Institute of Technology, leaded to Masaki
Yamakita [7], has achieved a tentacle robotic model that was inspired from the animal world.
This robot simulated the snake body and imitated truthful enough the type of movement that
used to snakes in their displacement. In the literature, this kind of robots is known as “snakelike robots”.
In the next, it presents a “snake-like robot”, which are built up from a elementary modules
connected into a chain and they allow the rotating movement one around each other. A very
important aspect of this tentacle robot mechanical structure constitutes the existence of the
passive wheels pairs attached to each element of tentacle. These wheels allow the robot
displacement by rolling (see Fig.4). The friction coefficient of one element on the tangent
direction is zero, while on the normal direction is very high, theoretically infinite. This fact
lead to the displacement constraints for the snake-like robots at the sliding to the normal
direction of the wheels that are attached to the element.

Fig.4. Robot tentacular tip şarpe SMA (Super-Mechano Anaconda)
3
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Accordingly to the research effectuated by Matsuno and Suenaga [6] and Hirose [1], a snakelike robot can realize a large enough variety of movements. Typical kinds of movements (see
Fig.5) for these robots are as follows: wheeled locomotion mode, twisting mode, bridge
mode, inching mode, ring mode.

Fig.5. Kinds of movements that can execute a tentacle robot

2 Electrorheological fluids based tentacle robotic arm
The problem of a class of tentacle arms with continuum elements that performs the grasping
function by coiling [3, 4] is discussed. This function is often met in the animal world as in the
elephant’s trunk, the octopus tentacle or the constrictor snakes (Fig.6).

Fig.6. The elephant’s grasping trunk.
The paper presents a class of tentacle arms that can achieve any position and orientation in 3D
space, and that can perform a coil function for the grasping. The arm has a high degree of
freedom structure or a continuum structure.
Technologically, these arms are based on the use of flexible composite materials in
conjunction with active controllable electro-rheological fluids.

Fig.7. The cylinder structure
The general form of the arm is shown in Fig.7. It consists of a number (N) of elements,
cylinders made of fiber-reinforced rubber. There are four internal chambers in the cylinder,
4
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each of them containing the ER fluid with an individual control circuit. The deformation in
each cylinder is controlled by an independent electro-hydraulic pressure control system
combined with the distributed control of the ER fluid. The chambers of the segment have
reinforced rubber walls with fiber in a circular direction. Thus, it is easy to deform it in the
axial direction while it resists deformation in the radial direction. The cylinder can be bent in
any direction by appropriately controlling the pressure in the four chambers. The electrical
control of the ER fluid viscosity is obtained by an electrode network distributed on the length
of the cylinder.
The technological model can be considered as one with a central, highly flexible and elastic
backbone. We shall assume that the backbone never bends beyond the “small – strain region”,
where an applied stress produced a strain that is recoverable and observes an approximately
linear stress – strain relationship. Similarly, the system is frictionless and any other damping
and friction are neglected.
The last m elements

(m < N )

represent the grasping terminal. These elements contain a

number of force sensors distributed on the surface of the cylinders. These sensors measure the
contact with the load and ensure the distributed force control during the grasping. The sensor
network is constituted by a number of impedance devices that define the dynamic relationship
between the grasping element displacement and the contact force.

3 The theoretical model
The core of the hyperredundant model is a 3-dimensional backbone curve C that is
parametrically described by a vector r ( s ) ∈ R3 and an associated frame φ ( s ) ∈ R 3×3 whose
columns create the frame bases (Fig.8).

Fig. 8. (a) The backbone structure; (b) The backbone parameters
The independent parameter s is related to the arc-length at the origin of the curve C,

s ∈ [ 0, L ] , where: L = ∑ li , where li represent the length of the elements i of the arm in the
N

i =1

initial position. The position of a point s on curve C is defined by the position vector:
r = r ( s ) , where s ∈ [ 0, l ] . We used a parameterization of the curve C based upon two
“continuous angles” θ ( s ) and q ( s ) (Fig.8.b). At each point r ( s, t ) , the robot’s orientation is

given by a right-handed orthonormal basis vector {ex , ey , ez } and its origin coincides with
point r = r ( s, t ) , where the vector e x is tangent and vector ez is orthogonal to the curve C .
The position vector on curve C is given by
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r ( s, t ) = ⎡⎣ x ( s, t )

y ( s, t ) z ( s, t ) ⎤⎦

T

(1)

S

S

where x ( s, t ) = ∫ sin θ ( s′, t ) cos q ( s′, t ) ds′ ,

y ( s, t ) = ∫ cos θ ( s′, t ) cos q ( s′, t ) ds′

0

and

0

S

z ( s, t ) = ∫ sin q ( s′, t ) ds′ , with s′ ∈ [ 0, s ] .
0

For

an element dm, the kinetic and gravitational potential
1
dT = dm ( vx2 + v y2 + vz2 + vu2 ) , dV = dm ⋅ g ⋅ z , where dm = ρ ds .
2

energy

will

be:

The elastic potential energy will be approximated by the bending of the element [6]:
Veb = k

d2 N 2
∑ qi + θi2
4 i =1

(

)

(2)

We shall consider Fθ ( s, t ) , Fq ( s, t ) the distributed forces on the length of the arm that
determine motion and orientation in the θ - and q -plane. The mechanical work is:
l t

(

)

L = ∫ ∫ Fθ ( s,τ ) θ& ( s,τ ) + Fq ( s,τ ) q& ( s,τ ) dτ ds
00

(3)

∂θ
∂q
where θ& , q& denote: θ& ( s, t ) =
( s, t ) , q& ( s, t ) = ( s, t ) .
∂t
∂t

Accordingly to the [6], the kinetic and potential energy will be as in :
2
1 l ⎛⎛ S
⎞
&
T = ρ ∫ ⎜ ⎜ ∫ − q& ′ sin q′ sin θ ′ + θ ′ cos q′ cos θ ′ ds′ ⎟ +
2 0 ⎜⎝ ⎝ 0
⎠

(

)

1 l
⎛
⎞ ⎛
⎞ ⎞
+ ⎜ ∫ −q& ′ sin q′ cos θ ′ − θ&′ cos q′ cos θ ′ ds′ ⎟ + ⎜ ∫ q& ′ cos q′ds′ ⎟ ⎟ ds + ρ ∫ u& 2 ds
2 0
⎝0
⎠ ⎝0
⎠ ⎟⎠
S

(

2

)

l s

V = ρ g ∫ ∫ sin q′ds′ds

S

2

(4)

(5)

00

4 The dynamic model
In this paper, the manipulator model is considered a distributed parameter system defined on a
variable spatial domain Ω = [ 0, L ] and the spatial coordinate s.
Using the procedure described in [3] and taking into account the above relations the
distributed parameter model becomes,
6
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ρ ∫ ∫ ( q&&′ ( sin q′ sin q′′ cos ( q′ − q′′ ) + cos q′ cos q′′ ) −θ&&′ cos q′ sin q′′ sin (θ ′′ − θ ′ ) +
SS

00

+ ( q& ′ ) ( cos q′ sin q′′ cos (θ ′ − θ ′′ ) − sin q′ cos q′′ ) +
2

(6)

( )

2
+ θ&′ cos q′ sin q′′ cos (θ ′ − θ ′′ ) − q& ′q& ′′ sin ( q′′ − q′ ) ) ds′ds′′ + ρ g ∫ cos q′ds′ = Fq
S

0

ρ ∫ ∫ ( q&&′ sin q′ cos q′′ sin (θ ′′ − θ ′ ) +θ&&′ cos q′ cos q′′ cos (θ ′′ − θ ′ ) −
SS

00

( )

2
2
− ( q& ′ ) cos q′ cos q′′ sin (θ ′′ − θ ′ ) + θ&′ cos q′ cos q′′ sin (θ ′′ − θ ′ ) −

(7)

)

− θ&′q& ′ sin q′ cos q′′ cos (θ ′′ − θ ′ ) ds′ds′′ = Fθ
where we used the notations: q& ′ = ∂q ( s′, t ) ∂t , q&&′ = ∂ 2 q ( s′, t ) ∂t , Fq = Fq ( s, t ) , s ∈ [ 0, L ] ,
2

s′ ∈ [ 0, s ] .

5 Conclusion
The paper treats a class a robotic arm, namely the tentacle robot, which uses the so-called
smart fluids. By using these materials on the tentacle robotic structure, the properties of
robotic systems are improved and the usage area is extended. A number of tentacle robotic
arm and the smart material robotic applications were presented and the dynamic model of the
tentacle arm based to the electro-rheological fluids was derived.
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Mobile System on LabVIEW Environment Based on
CompactRIO
mgr inż. Arkadiusz Gancarczyk
Silesian University of Technology
arkadiusz.gancarczyk@polsl.pl
Abstract: Virtual Instrumentation trough customizable software and modular measurement
hardware, gives possibility to create user-defined measurement systems. Virtual
Instrumentation brake down barriers of developing and maintaining instrumentation
systems that challenge the world of test, measurement, and industrial automation. By
leveraging off the latest computing technology, virtual instrumentation delivers innovative,
solutions. The paper present one of them. Destination project was to build up a robust,
versatile, low cost data acquisition system for testing key parameters in-vehicle. In the
system is used the NI CompactRIO. It is a complete, reconfigurable embedded system for
rugged stand-alone or networked control and data acquisition applications. The embedded
system consists of a real-time embedded controller, a reconfigurable chassis containing the
user-programmable FPGA and a variety of hot-swappable industrial I/O modules. It was
possible a creation high performance and reliable system providing an application to realtime test data, data acquisition, data logging, control and remote monitoring.

1 System Hardware
National Instruments CompactRIO products were chosen for the new application
based on their modularity, flexibility, and reliability. The chassis can be populated with
various signal conditioning modules tailored for the signals that need to be acquired.
The chassis can handle a lot of channels for signals such as velocity, pressure or temperature.
The LabVIEW application ties these channels together creating a more user friendly system
which gives the user the opportunity to receive readings during the testing as well as adjust
the on-screen view.
CompactRiO technology has a lot of features such as:
•
small size and extreme ruggedness ( 50 g shock rating ),
•
integrates an embedded FPGA chip that provides the flexibility, performance and
reliability of custom hardware,
•
powered by National Instruments LabVIEW graphical programming tools for rapid
program and customize FPGAs development,
•
include processor to execute LabVIEW Real-Time applications for reliable real-time
operating system,
•
includes hot-swappable industrial I/O modules with built-in signal conditioning for
direct connection to a variety of sensors and actuators,
•
-40 to 70 °C operating temperature,
•
isolation voltage strength to 2300 Vrms,
•
dual 9 to 35 VDC supply inputs, low power consumption ( 7 to 10 W typical ).
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In project are used following CompactRiO configuration:
•
NI cRIO-9014 Real-Time Controller with 128 MB DRAM, 2 GB CompactFlash,
400 MHz processor,10/100BASE-T Ethernet port with embedded Web and file
servers with remote-panel user interface and full-speed USB host port for connection
to USB flash and memory devices,
•
NI cRIO-9104 with 3 million gate reconfigurable I/O (RIO) FPGA core for ultimate
processing power and 8-slot reconfigurable embedded chassis accepts any
CompactRIO I/O module.
In the reconfigurable embedded chassis hung up hot-swappable industrial cRIO I/O modules:
•
two NI 9205 ( 16-bit resolution; 250 kS/s aggregate sampling rate; ±200 mV, ±1, ±5,
and ±10 V programmable input ranges ),
•
one NI 9411 ( 6-Channel Differential Digital Input Module, 500 ns digital input
±5 to 24 V, differential/single-ended digital input ).
The applied modules contain built-in signal conditioning for extended voltage ranges
or industrial signal types. It can usually make wiring connections directly from
the CompactRIO module such as sensors or actuators. In most cases, the CompactRIO
modules provide also isolation from channel-to-earth ground.
The main solution system is using
LabVIEW software and NI hardware to
signal conditioning hardware and
an input/output device to develop DAQ
system in-vehicle (fig. 1). System is
designed to acquire real-time test data
different parameters such as temperature,
acceleration, velocity, distance, pressure,
tension. Sensors or actuators make wiring
Fig. 1: The example solution system
to I/O modules, which are connected
directly to the FPGA, providing low-level
customization of timing and I/O signal
processing (fig. 2). The FPGA is connected to the embedded real-time processor via a highspeed PCI bus. LabVIEW contains built-in data transfer mechanisms to pass data from the I/O
modules to the FPGA and also from the FPGA to the embedded processor for real-time
analysis, post processing, data logging or communication to a networked host computer.

Fig. 2: Acquisition data in CompactRIO
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2 System Software
1.1 CompactRIO application
NI CompactRIO is powered by National Instruments technologies giving users the ability to
design, program, and customize the CompactRIO embedded system with easy-to-use
graphical programming LabVIEW tools without knowledge languages such as VHDL or C++.
Includes modules programming such as LabVIEW FPGA and LabVIEW Real-Time,
we can implement and program every element of hardware. In CompactRIO are two
application for Real – Time and FPGA, which have different task.
The FPGA virtual instruments (VI) is the application which is downloaded to the FPGA
target. FPGA VI is used to read and write to the I/O channels modules. In this application, the
FPGA VI also compares the actual digital signal to count pulse and period time for compute
distance, velocity and acceleration, set parameters measurement and send all data to part with
Real-Time processor by DMA (Direct Memory Access) FIFO with sample rate from
1 Hz to 1kHz. The host VI communicates with the FPGA VI.

Fig. 3: Elements of structure block diagram cRIO application
Host VI can run on a Real-Time target, the same as on PC. Host VI converts binary data from
the FPGA VI into engineering units and send to computer online in real time with sample rate
1Hz or 10Hz. Application is used also to control and synchronization work system. In this VI
are programmed following function:
•

•
•
•
•
•

state systems : IDLE ( system work normally ), ARMED ( system is ready to save
data and measurement ), RECORDING ( system save data to disk and FLASH USB
disk ), BUSY ( system is busy during reconfigurable parameters ),
register data with all switch on channels and send on-line to computer,
check and compare parameters for start and stop recording,
account wheel speed, acceleration and calculate distance vehicle,
control connect and sending data by network to computer,
register data for pre-time start recording and post-time stop recording.
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1.2 Terminal application
The data acquired by the various sensors are stored in the CompactRIO disk and part of data
send online to computer by network for monitoring data logging parameters. At the end of
the test, the record data can be downloaded on to PC for offline analysis. A software
application was developed for the online and offline data monitoring, review and analysis.
This application includes a review module that can be used to review the test data and view
graphs that plot various parameters against time, such as pressure, acceleration, speed, tension
or temperature. Receive on-line data are showed on graphs in third configurations: 1, 2 or 4
graphs on front panel. In application can set scale, range, grade, markers for every graphs.

Fig. 4: Review system cRIO and monitoring data online
First is necessary to define in the system the channels and theirs parameters. This is
accomplished in two steps:
•
a user interface configure panel that allows the user to define channel count, names,
scaling, engineering units and many other parameters. Into the system can be create
specific file type to write and read all important parameters. Specific setup files can
be saved to disk in order to recall them for similar tests,
•
after setup, the user can send configuration to RT target to automatically restart
application with new parameters.
Data are recorded between the start point and the stop point. They can be set up for one of
every accessed channel for example: crossing limit value speed, temperature or pressure. Start
signal is setting up in configure setup files or directly with panel.

11
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Fig. 5: Panel of configuration system - view configuration channels
Every received signals are converted into engineering units by using the linear equation.
Additionally, signals can determine range specified by the upper and lower limit,
characteristic names, specify units and use filters ( Butterworth, Chebyshev or averages ).
Application provided on the computer allows the user to carry out offline analysis for already
completed tests. The main sequence of operation is as mentioned below:
•

select required test data,

•

view offline data,

•

generate report.

For offline analysis can be also scaling an converting registered data, creating virtual channels
and applying additional filters for every use signal. There is provision to zoom each of the
screens by double clicking on the required plots. The zoom screen has provision to further
zoom selected portion of the plot.
After selecting the required test data and viewing the waveform, an option is provided for the
user to generate reports of the waveform viewed by clicking on the generate report button.
The generated report contains information about the operator, component tested, time register
and analysis data, generated plots of the signal during the test duration. The report can be
generated also to HTML file with all need plots.
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Fig. 6: Application to generate full report

3 Results
The described portable real-time monitoring system provides a customized and convenient
means of performing acquisition and analysis data. It give user a reliable and rugged solution
using the capability of NI RIO technology combined with the flexibility of LabVIEW.
The system offers real-time analysis of important parameters thereby facilitating immediate
corrective action in case of failure of component. The system developed can measure a lot of
parameters using only one platform measurement. Data acquisition and data logging are
possible for 60 switch on channels with maximum sample rate (1kHz). Additionaly, a lot of
option and features used in applications for system make it more open and friendly for users
and another solution. When the signal requirements change, it can modify, recompile and
download the LabVIEW code to the FPGA to change the I/O number, mix or type. This
flexibility can save valuable time and money because it can reuse the same hardware and
software, whithout extra cost.
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Sensorless Control of Asynchronous Motor Using Voltage Signal
Injection
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Abstract: Controlled induction motor drives without mechanical speed sensors at the motor
shaft have the attractions of low cost and high reliability. To replace the sensor, the
information on the rotor speed is extracted from measured stator voltages and currents at
the motor terminals. Vector controlled drives require estimating the magnitude and spatial
orientation of the fundamental magnetic flux waves in the stator or in the rotor. Open loop
estimators or closed loop observers are used for this purpose. They differ with respect to
accuracy, robustness, and sensitivity against model parameter variations. Dynamic
performance and steady-state speed accuracy in the low speed range can be achieved by
signal injection, exploiting the anisotropic properties of the machine.

1 Introduction
Various concepts for controlled high-performance induction motor drives without speed
sensor have been developed in the past few years. Eliminating the speed sensor on the motor
shaft represents a cost advantage. This combines favourably with increased reliability due to
the absence of this mechanical component and its sensor cable. Speed sensorless induction
motor drives are well established in those industrial applications in which persistent operation
at lower speed is not considered essential [1].
Just therefore were developed injection method for high dynamic performance in the very low
speed range including zero speed and zero stator frequency. Particularly the zero stator
frequency problem continues to attract the interest [2]. As of now, a robust solution for
general industrial use has yet to be found.
The sensorless techniques were to be developed for synchronous motor, but it is possible used
to induction motor too. For asynchronous motor used two injections. One of these is high
frequency injection and the other is voltage testing impulses injection. Both method trace
motor anisotropy: either saturation for estimation magnetic flux, or asymmetry existent
grooved rotor.
Near sensorless drive permanent-magnet synchronous motor (PMSM) used for detection rotor
position employs following magnetically asymmetry motor which will display manifest like
change electromagnetic field that the depend on rotor position. That manner was developed
for AC machine, which have rotor with salient pole, e.g . synchronous reluctance motor or
permanent-magnet synchronous motor (PM) saved inside rotor (IPMSM). Estimation position
rotor near synchronic round-rotor machine, which considered as symmetrical, i. e. rotor
theoretically does not contain any expressed poles, is generally more complicated and in this
case traces change stator inductance incurred magnetically saturation effect.
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2 Signal injection
The injected signals may be periodic, creating either a high frequency revolving field, or an
alternating field in a specific, predetermined spatial direction. Such signals can be referred to
as carriers, being periodic at the carrier frequency with respect to space, or time. The carrier
signals, mostly created by additional components of the stator voltages, get modulated by the
actual orientations in space of the machine anisotropies. The carrier frequency components
are subsequently extracted from the machine currents. They are demodulated and processed to
retrieve the desired information. Instead of injecting a periodic carrier, the high-frequency
content of the switched waveforms in a PWM controlled drive system can be exploited for the
same purpose. The switching of the inverter produces a perpetual excitation of the transient
leakage fields [3]. Their distribution in space is governed by the anisotropies of the machine.
Measuring and processing of adequate voltage or current signals permits identifying their
spatial orientations.

2.1 High frequency signal injection
One of the first, who used place injected current signal injected voltage signal were Lorenz[6]
and Sul. They appear from a thought that is the much simpler inject voltage than current. To
injection employs effect grooved rotor, which is pivotal non - linearity for estimation rotor
position of induction motor. Though is this non - linearity more or less undesirable and on this
account is holt down by manufacturers, practically occur in all motors. Groove rotor (RSHE –
from English "Rotor Slot Harmonic") makes harmonics, whose order and amplitude depend
primarily on engineering design motor.
Injection accomplish with the help of additional symmetrical three phase sinusoidal voltage
signal which is superposed to basic supply voltage (Fig.1). Frequency votes within the range
500- 2kHz and injection proceeds in system [α, β] composite with stator. In this case have to
be carefully select frequency and amplitude. Frequency injected signal must be enough high,
to wasn't problem with remove basic frequency in inference current with high frequency,
however with regard to the value of switching frequency must be conserved sufficient
accuracy. Sinusoidal signal isn’t acceptable create with frequency 5kHz and switching
frequency 10kHz, where would were two closure on one period injection signal, afterwards
would it least wasn't sine wave. Amplitude must be elect so, to injection expressive affect
alone activity motor, but at the same time current response on voltage injection must be
enough high with the view of next processing. Usually amplitude move at intervals 5- 20V.
Current with high frequency, which will originate injection additional voltage signal, includes
two basic components:
 positive component, which does not contain information of position. This component
is proportional to mean value leakage inductivity.
 negative component, includes information of position in this phase. This is reflection
difference sizes inductivity after perimeter motor.

Fig. 1 Voltage signal injection
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2.2 Principe of synchronous filter
Synchronic filter employs to remove asymmetry incurred saturation (Fig. 2). Principle of
synchronous filter is follows: in every branch structures are positional signals pα,,β
transformed to the system [d, q].

Fig. 2 Synchronous filters block for identification of fundamental frequency harmonics
By the help of filter type DPF about very low limit frequency (0,5Hz) we get signal removing
only existent asymmetry. Signal is then badly transformed and addition of all exits from
single branch is created signal containing all asymmetry which have to be removed.
Synchronous filters get past, if is necessary removing only a few asymmetries, because each
asymmetry requires addition one’s branches [4].

2.3 Mechanical angle speed sensorless regulation
Fig. 3 shows regulation structure of mechanical angle speed sensorless drive induction motor.
Independent synchronous filter of sideband (SBF) [5] is used to remove other rotor speed
associated parts. ADI is the memory mechanism for storage of the disturbance waveforms.

ωr∗

ω̂ r

θˆr

i sαβ Te∗ i sq

ia

ib

i p_αβ

Te∗

θˆrs

θi

i pr_αβ

i sq

i s _ αβ

Fig. 3 The system block of the speed sensorless control
(ADI: adaptive disturbance identifier)
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A single side-band synchronous filter (SBF) is used to eliminate the remaining rotor speed
associated component. The output of the SBF is the rotor slot is the rotor slot position, from
which may be derived. However, an observer similar to is implemented and is shown in Fig. 4
[4]. This was included in order to reduce noise, especially under heavy load, and also to assist
the motor in starting in order to raise the machine frequency above the threshold value. The
observer creates a feedback signal at the slotting frequency and its dynamics are fast.

ω̂r

θˆr

Te∗

θˆrs

i p _rs_αβ

e jθrs
ˆ

Fig. 4 Schematic of the enhanced mechanical observer

3 Simulation results
First, it is shown that the system can start in order to reach the condition. The system is under
no-load and the speed demand is zero to 30 rpm at t= 1s in Fig. 5. The synchronous filters are
started from zero initial states, but the scheme gives a meaningful estimate after 4s.

Fig. 5 Sensor-less start-up from 0 rpm to 30 rpm
(a): Simulated speed (rpm) (b): Estimated rotor position (rad)
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Fig. 6 Speed response to step load changes 0-35%. Speed
controlled to 18 rpm
(a): Filtered Isq (A) (b): Simulated speed (rpm) (c): Estimated rotor position (rad)

4 Conclusion
A criticism of frequency injection techniques for estimating the flux or rotor position at low
and zero frequencies has been that some precommissioning has been required in order to
obtain a record of the disturbance signatures. This paper has proposed an method of obtaining
the disturbance signatures that can be carried out under sensorless conditions and without a
conventional machine model.
The method relies on synchronous filters augmented by a memory array that updates the
signatures whenever the frequency exceeds a threshold. The signatures are then used to yield
good performance when the frequency drops below the threshold.
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Abstract: In this paper, one aims to identify a pyrolysis reactor; this is widely used in
petrochemical plants, especially in oil refineries; the analytical study was suggested to find
the mathematical model which conduces the pyrolysis reactor operation, by using different
methods. The approach of a comparative study between these strategies was proved by the
error and the specification indicator calculations. This case study was taken from the great
oil plant of Pitesti in Romania, which, in Eastern Europe, is regarded as a major plant of oil
fractions separation and extraction. The recorded data were processed by SISCON, the
software dedicated to the ACPC laboratory of the Faculty of Automatic Control,
University “Politehnica” of Bucharest, and then by the industrial development software
MATLAB. A comparison between these strategies used on pyrolysis reactor identification
was deeply analyzed.

1 Introduction
Several types of reactors are based on the fuel principle i.e. the use of the methane gas
combustion, a process that is especially employed in current reactors which are exploited in
the chemical industry [9] [2]. In pyrolysis reactor one wants by the combination of a quantity
of petrol with water under certain conditions, and under the catalyst effects to produce the
optimized quantity of ethylene by ensuring the system stability. Data acquisition during the
pyrolysis reactor operation took a quite long time because of the diversity of inputs sampling
period between the inputs; the resulted data will be saved in a data file which can be
processed by SISCON and MATLAB.

2 Technological description and automatic control
The quantity of heat required is obtained from a fire system that uses the right fuel methane
gas [4]. To guarantee the desired ensurance of pyrolysis reactor operation, it is necessary to
create an automation mechanism that controls the primary matter flow, the steam flow, the
pressure and the temperature [1] [3]; in order to realize this project we need four controllers:
two flow controllers of PI-RST type for the raw matter proportioning, one to control the petrol
flow and the other to adjust the steam flow introduced into the plant; and two RST controllers
for the chemical process pressure and temperature adjustment.
The system variables are technologically limited as follows:
x1=Dmp: petrol flow (1000-1600 Nm3/h)
x2=Dv: steam flow rate (430-540 Nm3 / h)
x3=T: operation temperature (820-860 ºC)
x4=P: operation pressure (3.2-4.5 atm)
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Fig 1. Technological design of the pyrolysis reactor

3 Methods of treatment
3.1 SISCON software procedure
SISCON is a recent application designed for large systems optimization and efficient control;
it is a software that was developed in C ++ (Builder), and was installed on the computers of
the ACPC laboratory of the Faculty of Automatic Control and Computer Science of
“Politehnica” University of Bucharest [5]. The data are saved in a file named copy265. DNL
[6][8], which must be uploaded into the
software. The relation between the output and
the four inputs must be constructed from
experimental data [8]. The linearization of the
recorded data in this file is done automatically
by clicking to transform into a linear model,
after the selection of all model parameters so
that these parameters can be displayed. Figure
(2) shows the linear model. The mathematical
equation that defines the process operation is
given by:
Y = A0 + A1*x1 + A2*(1 x2) + A3*x3 + A4*(x4)^2 (1)
Fig 2. Model linearization
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From this linear model, one can find the different
parameters Ai of the linear model given by:
Y = A0 + A1 X1 + A2 X 2 + A3 X3 + A4 X 4 ; these are well
demonstrated with the error and the squared error
between the found model and the real output in
figure (3). The specification indicator is displayed
directly and as: R=0.097. The final equation of the
linearized system is:
Y = (18.470039) + (0.000762)*X1 + (2026.769653)*X 2
+ (0.236370)*X 3 + (0.000010)*X 4

(2)

Fig 3. The parameters vector and the error with the squared error

3.2 MATLAB calculation procedure
The general purpose of multiple regression is to learn more about the relationship between
several independent or predictor variables and a dependent or criterion variable; the
regression model in case of n samples can be illustrated by:
Y = X ∗A
⎡ 1
⎡ y1 ⎤
⎢y ⎥
⎢ 1
⎢ 2⎥
⎢
⎢. ⎥ , X = ⎢ .
Y = ⎢ ⎥
⎢
⎢. ⎥
⎢ .
⎢. ⎥
⎢⎣ 1
⎢ ⎥
⎣⎢ y n ⎦⎥

x11

x12

...

x 21
.
.

x 22
.
.

...
...
...

x n1

xn2

...

x1 k ⎤
x 2 k ⎥⎥
. ⎥, A=
⎥
. ⎥
x nk ⎥⎦

⎡ A0 ⎤
⎢A ⎥
⎢ 1⎥
⎢. ⎥
⎢ ⎥
⎢. ⎥
⎢ Ak ⎥
⎣ ⎦

(3)

Where:
x : is the experimental data matrix
X : is the linearized input matrix
A : is the estimated parameters vector
y : is the process output
Y=ymod: is the model output
According to MATLAB calculation and in order to find the linear model parameters, one used
the multiple regression method because of the multiple inputs of this system, as the vector A
coefficients which link the inputs with the output were calculated by the squared recursive
method as:
⎡
⎢
⎢
−1
A = A = ( X ′X ) X ′Y = ⎢
⎢
⎢
⎢⎣

28.275960 ⎤
0.001248 ⎥⎥
1587.086396⎥
⎥
0.223423 ⎥
- 0.000004 ⎥⎦

(4)

One found the following equation of the model:
Y = (28.275960) + (0.001248)*X1 + ( 1587.086396)*X 2 + (0.223423)*X 3 + (- 0.000004)*X 4
The deviation of the process compared to the average value which is:
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M

S y = ∑ ( y − ym )

2

(5)

k =1

And the deviation of the model compared with the average value is:
M

S y mod = ∑ ( y mod − ym )

2

(6)

k =1

Where the samples number is M=256; the specification indicator of the model is given by the
following relation: R 2 = S y mod S y → R = 0.0971
(7)

(B)

(A)

Fig 4. (A) The linear model and the real output, (B) the error and the squared error

3.3 MATLAB-Simulink procedure
The use of another method certainly provided other results, in MATLAB simulation one has
to use the parameters vector found previously by SISCON software.

Fig 5. Adaptive stochastic control simulation
One has tested this simulation results in several cases to illustrate the effect of both estimation
gains k1 and k2 on the efficiency of the adaptive control with Gaussian noise [7]. Figure (6)
shows the output y as a function of different gain values.
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Fig 6. Model output tuning depending on k1 and k2
The models with the real output, and the error with the squared error, are presented in figure
(7), which demonstrates a small variation in error, by comparing it with the MATLAB
calculation or SISCON interface.

Fig 7. The model with real output the error with the squared error, respectively

4 Comparison between MATLAB-Simulink and SISCON
The comparison was done only between MATLAB-Simulink and SISCON due to the fact that
MATLAB calculation and SISCON have the same results; thus the above-mentioned
comparison in the modeling and the control of a non-linear system gives different results, but
there is always the possibility of knowing which of the above mentioned software is the most
efficient, so it is necessary to calculate the specification
indicator in each of the two simulations [10].
SISCON has the possibility to display directly this
specified value in the model parameters determination step
where R=0.097; then one constructed an additional
Simulink part that calculates directly the specification
indicator R. So the specification indicator calculated in
MATLAB–Simulation is R=0.97 (see figure (8)).
Fig 8. Adaptive stochastic control and SISCON errors

5 Conclusion
•

A direct adaptive control framework for stochastic compartmental dynamical systems
is applied. Depending on the stochastic variations of the system coefficients, we
presented analysis and adaptive control methodology that guarantees the global
control of the nonlinear stochastic systems;
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•
•

The application of the SISCON software in the identification of the MISO –Multiple
Input and Single Output-system to confirm its efficiency and the validation of its
results by comparing them with MATLAB calculation results;
The SISCON makes it easy to treat the data by offering a graphical interface without
being necessary to construct a program or a Simulink as in the case of MATLAB, so it
is simpler and quicker.
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Linear Programming Methodology in Medium Optimization of
Pyrolysis Reactor
Azzouzi Messaouda
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Abstract: The suggested open problem concerns the error of estimation and the minimum
of the cost in the filtering and optimal control problems for a partially observable
linearized multi-model stationary system. Stochastic systems are always considered a vast
field of control theories, on which much scientific research has been done, and still needs
to be further developed in large industrial domains. This paper deals with the control of a
chemical plant as a study case; it’s an optimization procedure of a pyrolysis reactor which
produces the ethylene, one of its several products. So we called it the medium
optimization; this latter principle was tackled in this work, starting from a set of stationary
system data that depends on the petrol feed-in source selected in each case under certain
probability estimations. So the received petrol quality plays an important role in the
produced ethylene concentration.

1 Introduction
The purpose of refining is to produce the oil processed qualitatively and quantitatively, by
using a number of crude oil treatment units. It is still used to produce selected oil fractions
obtained by refining all hydrocarbons containing molecules or simple combination of these
molecules, to obtain a large volume of applications in industrial chemistry and to justify a
large scale production, see figure (1). Chemical reactors are one of the important devices on
which the refining plants are based, and in which the chemical reactions are made [3]. The
fuel technology on chemical reactors was discovered with their first appearance, and has seen
a large development on commercial environment [1]; the evolution of fuel design to be used
in several devices has widened in recent years. Pyrolysis reactor is an example of the existing
reactors which are based on the fuel principle i.e. the use of the methane gas combustion [2].

Fig 1. Refining objectives
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2 Technological description
Pyrolysis reactors have been used as preparative methods and as means of generating
transient intermediates that can be trapped or observed spectro-scopically [4], or quenched by
a further reaction.
The actual study case analyses a pyrolysis reactor installed in the Pitesti oil plant, one of the
greatest Romanian oil separation and extraction areas, the plant is fed-in by three external
petrol sources, and that is causing the diversity of the quality of petrol, its concentration, its
quantity and its flow, the fact that influences the chemical characteristics of the reactor
production and more than that the system operation conditions [5]. So the idea is to adapt the
reactor so that it could operate in a medium interval which must have a relative position
between these three selections, and because of this, we have proposed the linear programming
procedure to resolve the optimization level problem, see figure (2).

Reacteur de Pyrolyse

Source1:
Petrole (45%)

c=

0


1587.1 

 0.2



0.000004

1000 ≤ x1 ≤ 1600
0.00185 ≤ x 2 ≤ 0.00232
3.2 ≤ x3 ≤ 4.5
672400 ≤ x 4 ≤ 739600

With probability of 40%
Source2:
Petrole (55%)

c=

0.0022 

6248 

1.6300 


0.00001 

With probability of 40%
Source3:
Petrole (65%)

Ethylyne
(?%)

With probability of 20%

0.0023 

- 8750.6 
c=
- 0.6



0.000024

1300 ≤ x1 ≤ 1800
0 .0016 ≤ x 2 ≤ 0 . 002
3 .5 ≤ x 3 ≤ 4 .8
6788900 ≤ x 4 ≤ 774400
1500 ≤ x1 ≤ 2000
0.0014 ≤ x 2 ≤ 0.0017
3 .8 ≤ x 3 ≤ 5
722500 ≤ x 4 ≤ 810000

Fig. 2. Feed-in sources of the plant

3 Medium optimization approach
This section provides a partial view of the dedicated optimization methods to treating linear
and nonlinear problems with mixed variables [8]. This type of problem is situated in the
critical area of optimization which becomes “difficult” at the crossroads of combinatorial
optimization and continuous linear and non-linear programs. A symbolic scheme in figure (3)
shows the principle of the medium optimizations in this application.

Fig. 3. Medium optimization approach
A Linear Programming LP problem may be defined as a problem in order to either maximize
or minimize a linear function, of some variables, which are subject to constraint by linear
inequalities or linear equations [6]. The number of constraint inequalities or equations is
independent of the number of variables [7]. Unless otherwise specified, all the variables are
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assumed by default to be restricted to nonnegative values [9] [12]. Generally, the linear
programming problem is given by:
T
max c(ω ) x
A(ω )x ≤ b(ϖ )
x ∈ ℜ n+
SISCON is a recent application designed for the systems optimization and efficient control; it
is a software that was developed in C ++ (Builder), and was installed on the computers of the
ACPC laboratory of the Faculty of Automatic Control and Computer Science of
“Polytehnica” University of Bucharest.
One of the best-known methods for solving linear programming problems in real number is
the method of Simplex [11] [14]. In theory, it has a no polynomial complexity and is therefore
supposed inefficient. However, in practice it is the contrary, it is a good method. We consider
the following stochastic system that defines the reactor operation according to four inputs;
which are: the petrol flow, the steam flow, the pressure and the temperature represented by the
linearized vector x, and the proposed constraints represented by the vector b, the parameters
vector c which was obtained with the help of an optimization software SISCON, the
calculated medium parameters vector cm, and the system optimized output which is the
ethylene concentration given by y = c * x .
The system in these three cases is given by the following matrixes:
0
0
- 0.0100 2
-16 
 1.00

12.5 
0
0.005 0
 , c = [ 28.27 0.0012 1587.09 0.22 - 0.000004]

A=
, b=
0
 13.47 1
0
1.5
0




3
0
 - 0.012 1
 -5 

0.01 -1000
A =  0
5
 0
0

0
0.1
-2


0  , b =
0.0001
0

16

 4.81  , c = [ 11 0.0022 6281.38 1.63 0.00001]

 2
- 18.56

15
0
- 0.005 
2
- 49.97





A= 0
-100 1
0
]
 , b = 4.83  , c3 = [ 38.4 - 0.0023 - 8750.63- 0.60 0.000024
 - 0.001 0
11.9 
0
- 0.000001
The mediation operator is given by:
0.4
m = 0.4
0.2
The Simplex method is a linear fitting procedure to mathematical functions which may be
applied to non-linear problems [10]. It uses linear adjustment of the parameters until some
convergence criterion is met. The Simplex Algorithm describes a systematic procedure that
can be applied to solve linear programming problems [13] [4].
One has used the mediation operator to deduct the average value of the vector c depending on
the weighting and the probability of each feeding source appearance; figure (4) shows the
constraints intervals of the optimal model, resulted from simplex method approach.
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Fig. 4. Simplex method approach

4 Results
A succession of detailed stages are illustrated in this part which represent the calculations of
the realized MATLAB program, by using the simplex algorithm in linear programming; one
has tried to give directly the optimal curve results, where the medium parameters model cm,
the restrictions matrix b and the medium matrix Am are given.
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5 Conclusions and perspectives
•
•
•

The large framework of this paper is automatic control applications in petrochemical
industrial plants, where the optimality analyses in uncertain system variables was
deeply studied;
A new approach of optimization in stationary systems was proposed, which helps to
adapt the system in case of its model multiplicity with the help of linear programming
procedure;
The actual study case proposes another idea, which is the minimal risk calculation,
between each of these three combinations and the optimal one; more than this the
optimal model parameters specification which requires the non linear programming
methodology and exactly Gradient-Rosen algorithm development, figure (5), shows
that the idea that should be analyzed in our near future applications as an issue of
complementary scientific research.
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ε

ε
ε

Fig. 5. Minimal risk projection view
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Vojtěch Mikšánek
Brno University of Technology
miksanek.v@phd.feec.vutbr.cz
Abstract: Model Predictive Control (MPC) is a wide group of control algorithms which
optimize a control action and an output error within a time horizon. This paper shows a
linear model predictive control scheme – Generalized Predictive Control (GPC) with
nonlinear Neural Networks (NN) model. A nonlinear model is obtained by using Neural
Network and has to be linearized in each operating point.

1 Introduction
Model Predictive Control is a widely used advanced control strategy in the process industry
[8]. A corner stone of MPC is a process model which has to be capable to predict future
system behavior. Most systems represent nonlinear problems therefore linear control methods
can hardly be successfully applied. But on the other hand, most of MPC algorithms for
nonlinear systems require a computationally demanding solution of a non-convex nonlinear
optimization within the limited interval of one sample time step. Therefore, in order to reduce
computational burden, this paper shows a linear model predictive control scheme –
Generalized Predictive Control (GPC) with nonlinear Neural Networks (NN) model.

2 Generalized Predictive Control
The MPC is not a specific control strategy but an ample range of control methods where the
control signal is obtained by minimizing an objective function. The Generalized Predictive
Control algorithm [2] is one of the most popular methods of predictive control, which consists
in applying a control sequence that minimizes a cost function (1).

J = ∑ δ ( j )[ yˆ (t + j | t ) − r (t + j )] + ∑ λ( j )[∆u (t + j − 1)]
P

2

j =1

M

2

(1)

j =1

where yˆ (t + j | t ) is the predicted system output in j-th prediction step in discrete time t,
r (t + j ) is reference trajectory, ∆u (t + j ) is j-th increment of control action, P is predicted
horizon, M is control horizon, λ is cost constant and d is delay. The first term considers the
predicted error and the second term considers penalized future control increments.
For prediction can be used ARMA model
b0 + b1 z −1 + b2 z −2 + L + bm z − m
F (z ) =
1 − a1 z −1 − a 2 z −2 − L − a n z − n
−1

The system future behaviour can be formulated a sum of a forced and a free response
yˆ = Gu + f

(2)

and the criterion (1) can be rewritten to a matrix form [2]:
J = (Gu + f − r ) (Gu + f − r ) + λ ⋅ u T u
T

(3)
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G is matrix of dynamics:

 g0
 g
 1
 M
G=
 g M −1
 M

 g P −1

L
0 
L
0 
O
M 

L g0 
O
M 

L g P − M 

0
g0
M
g M −2
M
g P−2

where element gj is j-th coefficient of model step response (4).
g j = −∑ ai g j −i + ∑ bi
j

j

i =1

i =0

(4)

Where ai and bi are coefficients of ARMA model.
Cost function minimum (3) is obtained by making the gradient of J equal zero [2]. The result
is equation (5), which is used for computation of the future control action increments vector.

(

u = G T G + λI

)

−1

G T (r − f )

(5)

But only the first increment of control action is used for control (6):
∆u (t ) = k (r − f )

(

where k is the first row of the matrix G T G + λI

)

−1

(6)

GT .

The close loop with GPC is shown in Fig. 1.

Reference
trajectory
r

u

Optimization

ŷ

Process

y

Model

GPC
Fig. 1 Close loop with GPC controller

3 Application of GPC with Linearized Model
Most of MPC algorithms for nonlinear systems require a computationally demanding solution
of a non-convex nonlinear optimization within the limited interval of one sample time step.
Therefore, in order to reduce computational burden, this paper shows a linear model
predictive control scheme – Generalized Predictive Control with nonlinear Neural Networks
model.
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The nonlinear NN model is used only for prediction of future system behavior and a
linearized model is used for the optimization problem solution. The close loop with GPC
controller with linearized model is shown in Fig. 2. The linearized model is obtained in each
sampling time linearization of nonlinear NN model around future system trajectory.

Reference
trajectory
r

u

Optimization

Process

y

Linearized
Model
ŷ

Nonlinear
Model

GPC

Fig. 2 Close loop with GPC controller with linearized model
Predictive ability of NN models
1.6
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y[-]

1
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Lin. NN - 10 steps
Lin. NN - 20 steps
Input
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Fig. 3 Comparison of multistep prediction ability of NN models
At first, a difference between multistep prediction of liner and nonlinear NN model of a
nonlinear system is shown in Fig. 3. The nonlinear NN model can predict much more better
the future system output contrary to the linear NN model. This simulation is made in a

34

IWCIT’08
simulation environment MATLAB/Simulink. The nonlinear system represents third order
system with a dependent gain and a time constant on a control action.
It is obviously that a prediction error depends on number of prediction steps. This graph is
shown in Fig. 4.
Prediction error

1

10

0

10

-1

10

Linear. NN
Nonlin. NN

-2

Prediction error

10
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10

-4

10
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10

-6

10

-7

10

0

2

4

6

8
10
12
Number of prediction steps

14

16

18

20

Fig. 4 Prediction error of linear and nonlinear NN model
Differences between MPC with the linear model and MPC with the nonlinear model for
prediction and the linearized model for optimization are shown in Fig. 5. The second method
with linearization can track the reference trajectory better contrary to MPC with linear model.

4 Conclusion
A large majority of real processes systems represent nonlinear problems therefore linear
control methods can hardly be successfully applied. Most of MPC algorithms for nonlinear
systems require a computationally demanding solution of a non-convex nonlinear
optimization within the limited interval of one sample time step. Therefore, in order to reduce
computational burden, this paper presents a linear strategy of MPC algorithms - GPC with
nonlinear neural networks model. The nonlinear NN model is used only for prediction of
future system behavior and a linearized model is used for the optimization problem solution.
The linearized model is obtained in each sampling time linearization of nonlinear NN model
around future system trajectory. Both NN model are obtained by Levenberg-Marquardt
learning algorithm.

35

IWCIT’08
System output
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Fig. 5 Comparison of MPC with linear model and MPC with linearized model
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Ordered Adaptive Vector Median Filter
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Abstract: In this paper presents a novel method of the impulsive noise suppression in
color images is described. The impulse detector is based on the difference between the
detected outputs of applied neural network in the experiment as well as the difference
between determined accumulated distances and the aggregated distance of the detected
pixel of the peer group in the filtering window by means of the Fisher’s linear
discriminant. The novel approach adaptively assigns the size of the classes of pixels
sharing similar chromatic properties. The results of simulations presented on a test image
show that the proposed technique is capable of reducing impulsive noise while retaining
the image structures.

1 Introduction
The most common image processing tasks are noise filtering and image enhancement.
During image formation, acquisition, storage and transmission appear many types of
distortions, which limit the quality of digital images. Transmission errors, periodic or random
motion of the camera system during exposure, electronic instability of the image signal,
electromagnetic interferences, sensor malfunctions, optic imperfections or aging of the
storage, all cause imperfections of the image quality. In many practical cases, images are
disturbed by the so- called impulsive noise . This type of noise characterizes short duration
and high energy. The impulsive noise appears mostly in the over-the-air transmission such as
in standard broadcasting and satellite transmission. This situation is caused mainly either by
faulty image sensors or due to transmission errors resulting from man-made phenomena such
as ignition transients in the vicinity of the receivers or even natural phenomena such as
lightning in the atmosphere.
In the case of the impulse noise corruption, the aim of the effective filtering is to design
noise reduction algorithm that would affect only disturbed samples, whereas the noise – free
samples should be invariant under the filtering operation. This operation is realized by
nonlinear multichannel filters, which replace the corrupted samples by median of the input
set spanned by a filter window and perform the identity operation on the noise-free samples.
The majority of the nonlinear, multichannel filters are based on the ordering of vectors in
a sliding filter window[1][3]. Let the color images be represented in the commonly used RGB
space and let x1, x2 .. .. ,xn be n samples from the sliding filter window W, with x1 being the
central pixel in W. Each of the xi is an m-dimensional multichannel vector, (in our case m =
3). The ordering of vectors belonging to W is based on the cumulative distance function R(xi)
and this function has been proposed[3]:
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n

R ( x i ) = ∑ ρ ( xi , x j ) ,

(1)

j =1

where ρ ( xi , x j ) is function of the distance between xi and xj.
One
of the most important noise reduction filter is the Vector Median Filter (VMF),
for which ρ ( xi , x j ) = x ( i ) − x j [1]. Given a set W including n vectors, the Vector Median of
the set is defined as vector x(1) ∈ W satisfying:
n

∑
j =1

n

x(1) − x j ≤∑ xi − x j , ∀xi , x j ∈ W , i = 1,2...n

(2)

j =1

The increasing ordering of the scalar quantities {R1, …, Rn } generates the ordered set of
vectors {x{1}, x{2} .... ,x{n} }and the vector x{1} is called the vector median .
The orientation difference between input vectors can also be used to remove samples
with atypical directions. This so-called vector angle criterion is used by the Basic Directional
Filter (BDF). Other filter combines angular criteria and the distance to achieve better noise
suppression results is Directional Distance Filter (DDF) [7].

2 Methods
I applied training of the neural network with changed weights in accordance from so
called rule of the Kohonen, the Fisher’s linear discriminant and also the difference between
the aggregated distances of the central pixel and the mean of the three selected aggregated
distances of the pixels and sorted in the increasing ordering for the task of determining of
corruption of the central pixel by impulsive noise in the 3x3 filtering window W of the noisy
image.
I carried out training of neural network and presented in Fig.1.
X1
Y1
X2

Y2

Xm

Yn

Fig.1. The schematic diagram of applied the neural network in the experiment.
This neural network contains one layer, in which the input signals Xi are values of the
aggregated distances R of pixels in the filtering window and sorted in the decreasing
ordering or R9 ≥ R8 ≥ …. ≥ R1.At the beginning of training of the neural network I set
random values of weights W from the range from 0 to 1 and next in the first epoch these
weights I set according to the following formula :
⎡ (1)W 11 ≥ W 12 ≥ W 13 ....... ≥ W 1 m ⎤
⎢ ( 2 )W ≥ W ≥ W ....... ≥ W ⎥
12
11
13
1m ⎥
⎢
⎢ ( 3 )W 12 ≥ W 13 ≥ W 11 ....... ≥ W 1 m ⎥
⎢
⎥
⎢.......... .......... .......... .......... .
⎥
⎢.......... .......... .......... .......... .
⎥
⎢
⎥
⎢.......... .......... .......... .......... .
⎥
⎢ ( n )W ≥ W ≥ ... ≥ W ≥ W ⎥
12
13
1m
11 ⎦
⎣

(3)

where: n – the number of neurons in the output layer of neural network (in our case n = 9),
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m - the number of the input signals in neural network (in our case m = 9).
Values of neurons in the output layer are counted with the following formula:
n

m

Yi = ∑∑ Wij ⋅X j ,

(4)

i =1 j =1

where Wij - the values of weights of all neurons in the training of neural network,

X j - the values of input signals in training of neural network,
n – the number of neurons in output layer of neural network (in our case n = 9),
m - the number of input signals in neural network (in our case m = 9).
The modernization of values of weights of all neurons in the training of neural network is
carried out according to so called rule of the Kohonen [2] :
(5)
Wij ( k + 1) = Wij (k ) + η ⋅ [ X j − Wij (k )],
where Wij - the values of weights of all neurons in the training of neural network,

X j - the values of input signals in the training of neural network,
n – the number of neurons in output layer of neural network (in our case n = 9),
m - the number of input signals in neural network (in our case m = 9),
η - the learning rate of neural network (in our case η = 0.1).
After of the finishing of modernization of weights in neural network I carried out else the
standarization of achieved weights with the following formula:
Wj
(6)
Wj =
,
W12 + W22 + .... + Wm2
The process of modernization enables decreasing weights of all neurons in the neural
network, however process of standarization enables reducing values of weights to the interval
(0,1).
The maximum of the Fisher’s linear discriminant determines distribution of the aggregated
distances and sorted in the increasing ordering in the filtering window on two groups. The
performance of the working the Fisher’s linear discriminant is presented in Fig. 2.
A
Z
B
C
D
Fig.2. Illustration of working of the Fisher’s linear discriminant for distribution of
the aggregated distances R in the filtering window.
In the function F(k) index k – denotes the rank of the sorted sequence of the sorted R(k)
values in the increasing ordering:
[
μ1 (k ) − μ 2 (k )]2
k =1, …., n-1 , (in our case n =9)
(7)
,
Fk = 2
σ 1 (k ) + σ 22 (k )
n
1 k
1
where
(8)
μ1 (k ) = ∑ R( i ),
μ 2 (k ) =
∑ R(i ),
k i =1
n − k i = k +1
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where the values μ1 and μ 2 are mean values of two separated class of pixels and also
σ 12 and σ 22 are the variances of the aggregated distances in each class.
The difference between the central value of the aggregated distances and distance
associated with the detected pixel of the peer group of pixels is counted with the following
formula:
Z = A− B > T
(9)
where
A – the central value of the aggregated and sorted in the increasing ordering
distances in the filtering window, B - the aggregated distance associated with the pixel
assigned on first position in the group of disturbed pixels determined by means of
maximum of Fisher’s linear discriminant Fk, D - the aggregated distance associated with the
pixel for which maximum of Fisher’s linear discriminant Fk is achieved, T – threshold set in
the experiment.
The difference between the aggregated distance associated with the central pixel and
the mean of the three central values associated with three aggregated distances is counted
with the following formula:
U = C −t > V
(10)

t = 1 / 3(R( 4 ) + R( 5 ) + R( 6 ) )
(11)
where
C – the aggregated distance associated with the central pixel, t – the mean of the
three central values associated with the three aggregated and sorted in the increasing ordering
distances in the filtering window, V – threshold set in the experiment.
Besides this I counted the difference between the first output of applied neural network
and the output of applied neural network associated with first detected pixel with the
following formula:
P=|E–F |> G
(12)
where
E – the output of first neuron in applied in experiment neural network, F – the
output of number neuron of applied neural network and associated with pixel assigned on
first position in the group of disturbed pixels determined by means of maximum of Fisher’s
linear discriminant Fk, G – threshold set in the experiment.
Values of thresholds T,V and G were determined on the basis of series of earlier measures
on this same test image Peppers with different values of these thresholds and for value of
impulsive noise p = 10 %. I observed during series of earlier measures on test image Peppers
as well as on image Lena that the best results of PSNR and MAE were achieved for values of
T in range from 13.67 to 17.58, for values of V in range from 10 to 17.58 and for values of G
in range from 20 to 25. As a result to experiment for impulsive noise in the range from 1% to
40% values T = 15 , V = 14 and G = 24 were set.
The condition of working of impulse detector is determined according to following
formula:
( Z > T ) OR ( U > V AND P > G)
(13)
All achieved in experiment values of Z and U were divided by value 256, however value
P was divided by value 100. These values were divided because in this experiment input
image and all processed images were given in the RGB space with 24bits.
If conditions described in formula(13) are achieved it the pixel which minimizes the
aggregated distance to all pixels in the filtering window will be the filter output.
where

3 Results
In this work the noisy image is performed as xi = { xi1, xi2, xi3 }, where xik = {vi1, vi2, vi3 }
with probability π , and also xik = {oi1, oi2, oi3 } with probability 1 - π . The corruption
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parameter vik is random variable, oik is the original sample and π is the sample contamination
probability from the range (0,1) . I assumed one model, which is called random – valued or
uniform noise (NM1).[4].
Table. 1. Performance of filters used for the comparisons with the new method of filtering.
FILTERS USED FOR COMPARISONS
VMF
Vector Median Filter [1]
CWVMF
Central Weighted Vector Median Filter [5]
MCWVMF
Modified Central Weighted Vector Median Filter [5]
FMVMF
Fast Modified Vector Median Filter [6]
BVDF
Basic Vector Directional Filter [7]
DDF
Directional- Distance Filter [7]
OAVMF
Ordered Adaptive Vector Median Filter
Table.2. Comparison of the new filtering method with filters listed in Tab.1 using the
PEPPERS test image and noise model NM1 for four different values of the impulsive
noise.
10 %
20 %
30 %
40 %
Noise
MAE PSNR NCD MAE PSNR NCD MAE PSNR NCD MAE PSNR NCD
Method
VMF
CWVMF
MCWVMF
FMVMF
BVDF
DDF
OAVMF
a)

1.42

34.09

0.012

1.68

32.51

0.015

2.19

31.94

0.022

2.99

29.89

0.029

0.43

37.77

0.004

0.86

35.07

0.008

1.50

31.99

0.014

2.72

29.66

0.027

0.25

39.88

0.002

0.55

37.37

0.005

1.03

33.61

0.009

3.22

30.08

0.031

0.30

38.83

0.003

0.56

36.72

0.005

1.06

33.27

0.01

1.86

30.12

0.019

1.61

33.08

0.014

2.14

31.88

0.018

2.98

29.97

0.026

4.24

26.71

0.036

1.33

34.25

0.012

1.63

32.46

0.015

2.16

31.84

0.02

3.04

29.54

0.03

0.22

41.81

0.002

0.47

37.78

0.004

0.81

35.29

0.008

1.40

31.58

0.014

b)

Fig.3.Dependence of the MAE (a), and the PSNR (b) for the new denoising technique
in comparison with filtering methods listed in Tab.1 for the impulsive noise ranging
from 1% to 40%, (PEPPERS image).
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TEST

p = 10%

VMF

OAVMF

Fig.4.The illustration of the efficiency of the proposed filtering method for the PEPPERS
image.The bottom images depict the zoomed regions.

4 Conclusions
On the basis carried out experiments I noticed that proposed noise cancellation algorithm
OAVMF has been verified on a set commonly used test image contaminated with the obtained
noise model. The comparison of the noise suppression efficiency with the methods listed in
Tab. 1 presented in Tab. 2 shows that the new technique is comparable with the best available
techniques of impulsive noise attenuation. The plots shown in Fig. 3 indicate that the
proposed method is significantly superior to the VMF.
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Abstract: This paper presents a new method of the impulse noise reduction in color
images. The new filtering is based on the concept of a selection of a peer group of pixels
having similar chromatic properties. The new denoising technique adaptively determines
the disribution of pixels on two groups by means of the Fisher’s linear discriminant. The
impulse detector is based on corrected classified number of disturbed pixels by means of
Hamming’s neural network and determining of localization central pixel as well as the
difference between central value of aggregated distances and accumulated distance of the
detected pixel of the peer group in the filtering window. As a consequence of noise
detection the pixel which minimizes the aggregated distance to all pixels in the filtering
window is the filter output.

1 Introduction
A lot of the nonlinear, multichannel filters are based on the specific vector ordering
technique in a sliding filter window[2,3,4,6].The color images are represented in the
commonly used RGB space and have {x1, x2 .... ,xn } n m–dimensional samples from the
sliding filter window W, with x1 being central element in W. The ordering of vectors
belonging to W is based on the cumulative distance function R(xi) and this function has been
proposed[6]:
n

R ( x i ) = ∑ ρ ( xi , x j ) ,

(1)

j =1

where ρ ( xi , x j ) is function of the distance between xi and xj.
One
of the most important noise reduction techniques is the Vector Median Filter
(VMF), for removal of impulses introduced into the color image by the noise process, for
which ρ ( xi , x j ) = x ( i ) − x j [1][2]. Given a set W including n vectors, the Vector Median of
the set is determined as vector x(1) ∈ W in the following manner:
n

∑
j =1

n

x(1) − x j ≤∑ xi − x j , ∀xi , x j ∈ W , i = 1,2...n

(2)

j =1

The output of filter is defined as the lowest ranked vector according to a specific vector
ordering technique [2][6].
The orientation difference between two vectors can also be used as their dissimilarity
measure. This so-called vector angle criterion is used by the Basic Directional Filter (BDF),
to remove vectors with atypical directions [10]. Other techniques combine angular criteria and
the distance to achieve better noise suppression results, Directional Distance Filter (DDF)
[10].
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2 Methods
In order to determining of cardinality of a cluster of pixels which were not disturbed by
impulse noise in the 3x3 filtering window W of the noisy image I can make use of the
separating and classification method Fisher’s linear discriminant, which maximum Fk
determines distribution of the aggregated distances and sorted in the increasing ordering in
the filtering window. This application enables maximizing the distance between the means
of this classes, while minimizing the variance within each class and it is possible easily
detection of impulses included by the noise process.
The result of the impulse detector is determining of the value of the difference between
central value of the aggregated distance and aggregated distance associated with the pixel
assigned on first position in the group of disturbed pixels determined by means of
maximum of Fisher’s linear discriminant Fk. The performance of the working the Fisher’s
.linear discriminant is presented in Fig. 1.
Next condition of good working of filtering is classification of the aggregated distances R
of each class by means of the Hamming’s neural network. I denoted the aggregated
distances located below maximum Fk value 1, however I denoted the aggregated distances
located above maximum Fk value 0 and in this manner I created vector s1. Otherwise I
created vector s2. I wrote value 1 to vector X, what it denotes that all aggregated distances are
undisturbed and by means of training of Hamming’s neural network I classified vector X to
appropriate vector s1 or s2.
I carried out training of Hamming’s neural network by means vectors s1, s2 and X. I
stopped this training in moment of achievement one of value

f (Yi ) = 0.

C
P

B

D

D

P

B

M
C
M
Fig.1. Method of working of the Fisher’s linear discriminant for distribution of the
aggregated distances R for two conditions achieved in the experiment.
a)
b)
c)
1
1
1
0
0
0
1
1
1
1
1
1
0
0
0
1
1
1
0
0
0
1
1
1
1
1
1
Fig. 2.Vectors s1 (a),s2(b), and X(c) for Hamming‘s neural network applied in the experiment
and performed in form of matrix.
Values of neurons in the input layer are counted with the following formula:
dH (X j , s j )
Z j = 1−
, n = 9; j = 1,2 ,
(3)
n
where dH - it is Hamming’s distance between vector sj and Xj, or it is number of different
bits between these vectors.
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Values of neurons in the output layer in first epoch are counted with the following
formula:
2

2

Yi = ∑∑ Wij ⋅Z j ,

(4)

i =1 j =1

However values
following formula:

of neurons
2

in the output layer in next epochs are counted with the

2

Yi (k + 1) = ∑∑ Wij ⋅Y j (k ),

(5)

i =1 j =1

where

1 for i = j,

Wij =

-ε for i ≠ j, i=1,2; j = 1,2; ε =

1
1
,(0<ε <
),
4
H

(6)

where Wij - the values of weights of all neurons in the training of Hamming‘s neural network
and constant during training, M – the number of outputs in Hamming‘s neural network ( in
our case H = 2).
Conditions of determining of maximum value Yi on the basis of output values of neurons
and achieved by means of training of Hamming‘s neural network
Yi for Yi ≥ 0,

f (Yi ) =

0

for Yi < 0,

(7)

In the function F(k) index k – denotes the rank of the sorted sequence of the sorted R(k)
values in the increasing ordering:
[
μ1 (k ) − μ 2 (k )]2
k =1, …., n-1 ,
(8)
,
Fk = 2
σ 1 (k ) + σ 22 (k )
where
n
1 k
1
(9)
μ1 ( k ) = ∑ R( i ),
μ 2 (k ) =
∑ R(i ),
k i =1
n − k i = k +1
where the values μ1 and μ 2 are mean values of two separated class of pixels and also
σ 12 and σ 22 are the variances of the aggregated distances in each class.
The difference between the central value of the aggregated distances and distance
associated with the detected pixel of the peer group of pixels is counted with the following
formula:
P = B−D >T
(10)
where
B – the central value of the aggregated and sorted in the increasing ordering
distances in the filtering window, D - the aggregated distance associated with the pixel
assigned on first position in the group of disturbed pixels determined by means of
maximum of Fisher’s linear discriminant Fk, M - the aggregated distance associated with the
pixel for which maximum of Fisher’s linear discriminant Fk is achieved, T – threshold set in
the experiment.
The difference between the aggregated distance associated with the central pixel
and the mean of three central values associated with three aggregated distances is counted
with the following formula:
V = C−m >U
(11)
where

m = 1 / 3(R( 4 ) + R( 5 ) + R( 6 ) )
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where
C – the aggregated distance associated with the central pixel, m – the mean of the
three central values associated with the three aggregated and sorted in the increasing ordering
distances in the filtering window, U – threshold set in the experiment.
Values of thresholds T and U were set on the basis of series of earlier measures on this
same test image Lena with various values of mentioned thresholds and for value of impulsive
noise p = 10 %. I observed during series of earlier measures on test images Peppers and Lena
that the best results of PSNR and MAE were achieved for values of T in range from 13.67 to
17.58, for values of U in range from 10 to 17.58. In this manner for impulsive noise in the
range from 1% to 40% value T = 15 and value U = 14 were applied in experiment.
After stopping of training Hamming‘s neural network and if the maximum value f(Yi) is
achieved for Y1 and localization of aggregated distance R associated with the central pixel in
the filtering window is class of pixels above maximum Fk it denotes that number of disturbed
pixels is small and correct in class of pixels located above maximum Fk. However if the
maximum value f(Yi) is achieved for Y1, but aggregated distance R associated with the
central pixel in the filtering window is located in class below maximum Fk and it denotes that
number of disturbed pixels is again small and correct in class above maximum Fk .
The condition of working of impulse detector is determined according to following
formula:
( P > T ) OR ( V > U )
(13)
All achieved in experiment values of P and V were divided by value 256, because in this
experiment input image and all processed images were given in the RGB space with 24bits.
If conditions described in formula(13) are achieved and also two presented conditions of
result of working of Fisher’s linear discriminant are achieved it the pixel which minimizes
the aggregated distance to all pixels in the filtering window will be the filter output.
Y1

X1

Z1

Y2

X2

Z2

Fig. 3. Diagram of Hamming’s neural network applied in the experiment [5].

3 Results
In this work the noisy image is modelled as xi = { xi1, xi2, xi3 }, where xik = {vi1, vi2, vi3 }
with probability π , and also xik = {oi1, oi2, oi3 } with probability 1 - π . The contamination
parameter vik is random variable, oik is the original signal and π is the sample corruption
probability from the range (0,1) . I will assume one model, which will be called random –
valued or uniform noise (NM1).[7]
Table. 1. List of filters used for the comparisons with the proposed noise removal method.
FILTERS USED FOR COMPARISONS
VMF
Vector Median Filter [2]
CWVMF
Central Weighted Vector Median Filter [8]
MCWVMF
Modified Central Weighted Vector Median Filter [8]
FMVMF
Fast Modified Vector Median Filter [9]
BVDF
Basic Vector Directional Filter [10]
DDF
Directional- Distance Filter [10]
IAVMF
Improved Adaptive Vector Median Filter
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Table.2. Comparison of the new filtering design with denoising techniques listed in Tab.1
using the LENA test image and noise model NM1 for four different values of the
impulsive noise.
10 %
20 %
30 %
40 %
Noise
MAE
PSNR
NCD
MAE
PSNR
NCD
MAE
PSNR
NCD
MAE
PSNR
NCD
Method
VMF
CWVMF
MCWVMF
FMVMF
BVDF
DDF
IAVMF
a)

1.49

30.57

0.009

1.97

29.02

0.013

3.11

27.3

0.02

4.69

25.62

0.031

0.55

34.58

0.003

1.13

31.25

0.007

1.97

28.67

0.013

3.37

25.99

0.025

0.33

36.09

0.002

0.76

32.39

0.005

1.39

29.9

0.009

2.35

27.55

0.016

0.37

34.46

0.003

0.78

31.80

0.006

1.43

29.42

0.011

2.46

27.04

0.02

1.53

30.08

0.009

2.55

27.74

0.016

3.87

25.72

0.024

5.60

23.84

0.035

1.38

30.78

0.008

2.25

28.71

0.014

3.31

27.04

0.022

4.21

25.78

0.028

0.27

36.66

0.002

0.65

32.63

0.005

1.08

30.43

0.008

1.97

27.15

0.017

b)

c)

Fig.4. Dependence of the MAE (a), the NCD(b) and the PSNR (c) for the new
filtering
design in comparison with
denoising techniques
listed in
Tab.1 for the impulsive noise ranging from 1% to 40%, (LENA image).
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TEST

p = 10%

VMF

IAVMF

Fig.5.The illustration of the efficiency of the proposed impulse detector for the LENA
image.The bottom images depict the zoomed regions.

4 Conclusions
On the basis carried out experiments I noticed that applied filter IAVMF has the ability of
removal of impulse noise , while preserving fine image details, (line, edges, corners, texture)
and obtains better results of the MAE, the NCD and the PSNR in comparison to filters used
for the comparisons in the range of impulsive noise from 10% to 30%. The results of
comparisons are presented in the Tab. 2.
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Virtual Instrument for Sag Modeling and Analysis in Power
Quality
Gabriel Găşparesc
”Politehnica” University of Timişoara
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Abstract: This paper describes an implementation method of a virtual instrument for
generation and analysis of voltage sag with exponential fronts, the most common category
of disturbances which may affect power quality, build in LabView environment using a
data acquisition board, in the actual context when proliferation of nonlinear loads has
driven to the increase of electromagnetic compatibility problems..

1 Introduction
In the last decades power quality has become an important issue, the number of non-linear
loads has increased and consequently have increased also the electromagnetic compatibility
problems and implicit power quality problems, which affect many industries. A poor power
quality for electrical and electronical devices and equipments can cause malfunctions,
instabilities, short life time, the effects on computers are garbled or losted files, sometimes
even destructions of hardware components [1], [3], [7], [10].
Simultaneous development of suppliers, competition on market, increase of studies in this
field, customers better informed about power quality led to higher requirements for power
quality in present.
By electromagnetic compatibility (EMC) it is understood the capability of an equipment or
system to operate without emitting electromagnetic disturbances with intolerable levels for
anything from its ambiency [2], [3], [9], [11].
The IEEE 1100 standard [6] defines power quality as ”the concept of powering and grounding
sensitive electronic equipment in a manner suitable for the equipment”. Power quality
assurance is related to power delivery without interruption of sinusoidal voltage with the
amplitude and frequency maintained between certain tolerances determined by standards [3],
[5], [9]. For this purpose are used power quality indicators which grant measuring and
evaluation of quality level in a certain point of the power supply network at a certain moment.
International standards exist and are used in elaboration of national standards. If in the past
power quality was the ability to deliver electric power without interruptions, in present due to
elements presented before customers requirements are higher than ever before [8].
The voltage sag is the most common category of disturbances which may affect the quality of
electrical energy supply.

2 Sag classification and modeling
The IEEE 1159-1995 standard [9], [1] define sag as a decrease between 0.1 and 0.9 per unit
(p.u.) in rms value of power supply voltage or current with a duration range of 0.5 cycle to 1
minute (in UE countries the supply voltage frequency is 50 Hz and duration range is between
10 ms and 60 s). Suplimentary, the IEEE 1159 classifies the sags acording to their duration in
three caregories: instantaneous, momentary and temporary, with duration ranges between
10 ms to 600 ms, 600 ms to 3 s and 3 s to 60 s.
The IEEE 1346 standard contain the voltage-tolerance curve along with recommendations for
comparing equipments performances to voltage variations from power supply voltage due
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electromagnetic disturbances.
The Computer and Business Equipment Manufacturers Association (CBEMA) has proposed
the CBMEA curve in the early 1980’s [9] which become a standard reference for equipment
voltage tolerance (figure 1 a). The curve was revised (figure 1 b) by Information Technology
Industry Council (ITIC), the successor of CBEMA. In figure 1 a and b the x-axes contain the
duration and the y-axes contain the magnitude of disturbance. Voltage variations of power
supply caused by disturbances, with the ranges inside the envelope are not dangerous to
electrical devices, but if they exceed the envelope may produce damages.

a)

b)
Fig. 1 CBEMA curve and ITIC curve

The waveshape can be rectangular (when the voltage is constant), exponential (sag with
exponential fronts) or complex (when the voltage vary in stairs). They can be caused by
shortcircuits, power system faults, connecting and disconnecting of some consumers.
A simple algorithm to obtain a voltage sag with exponential fronts is described as follow. For
each exponential front is used a exponential function with a specific time constant. If we
apply an exponential function to an ordered data sequence x1, x2,…, xn we obtain an ordered
data sequence y1, y2,…, yn, with data range [y1,yn], but we want to translate the data range to
[v3,v4]. Using the next system of equations
⎧αy1 + β = v3
(1.1)
⎨
⎩αy n + β = v 4
we find the values of parameters α and β and using the next relation for all the samples y1,
y2,…, yn
αyi + β , i = 1, n
(1.2)
we obtain the desired data range [v3,v4].
In figure 2 is presented an example: figure 2 a) contain an exponential front with data range
[0,1] and figure 2 b) contain the same exponential front, but with a data range translation to
[0.7,1], after solving the system of equations (1.1) (α=0.3 and β=0.7) and after applying
relation (1.2).
Using relations (1.1) and (1.2) can be build a voltage sag with exponential fronts with any
desired waveshape. Usually if we want to simulate a sag or other voltage disturbances we are
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using simulation software applications like Simulink or Spice and first is necessary to build a
circuit with a specific structure and after that we must to choose electrical components values
and sometimes takes a lot of time. This algorithm is a much simple method and can be apply
in a shorter time.

a)

b)
Fig. 2 Exponential front

3 Graphical user interface and experimental results
In the figure 3 a) are presented the elements of graphical user interface, each one has attached
a suggestive label. The right part contains two elements for the visualization of voltage sag
and output signal. The rest of the elements are situated in the left side and grant: inserting the
parameters of the sinusoidal signal (number of desired periods, phase and sampling
frequency), over which may be overlapped a voltage sag beginning at a specified start sample,
inserting desired parameters (amplitude, duration and time constant for each exponential
front). The area from left down corner (control) allows stopping of the data acquisition board.

a)
b)
Fig. 3 Elements of graphical user interface
The signals from figure 3 b) are obtained introducing for the sinusoidal signal the parameters
number of periods, phase and sampling frequency with values 30, 0, and 40000 Hz. The sag
fronts have the amplitudes, durations and time constants [0.7 0.65 1], [2.5 152.5 70.15], [-0.3
-0.01 0.004]. Visualization on oscilloscope can be done selecting a proper time base (fig.4).
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a)

b)
Fig. 4 Sag

Power quality monitoring systems are used to obtain data about power quality, the
disturbances causes and identification of conditions which may produce equipment faults or
destructions, for avoidance of these events, and are useful for both, suppliers and consumers.
This virtual instrument is useful for development of a power quality monitoring systems,
where is necessary a step by step testing of his modules after implementation using sinusoidal
signals which contain electromagnetic disturbances (the output range of a data acquisition
board is usually [-10V, 10V], signals with higher amplitudes may be obtanined using an
amplification circuit), in didactic purposes or research for a better understanding of sags
effects on power supply voltage. To acquire real signals from power supply network are
necessary expensive conditioning circuits which for the virtual signal generator are not
necessary.

4 Conclusions
The virtual instrument with GUI, implemented using a data acquisition board, presents an
algorithm which allows generation of sags with exponential fronts with any desired
waveshape without building, dimensioning and simulation of electric circuits in Simulink,
Spice or other simulation software applications, consequently the necessary time decreases
and are obtained real electrical signals useful for development of a power quality monitoring
systems, didactic purposes and research.
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Abstract: The paper will present the state-of-art in the field of location and tracking, there
will be described the channel model, range measurements methods and most common
location algorithms. There will be presented the evaluation of commercially available
solutions. Finally, the last trends in this field and future research directions will be
outlined.

1 Introduction
During last decades the fast growth in wireless communication and electronic science
generally has enabled the development of microsensors that can interface with surroundings
cordless. Since the price of these devices is decreasing, huge number of them can be deployed
to cover large area for monitoring the environment, air, water or soil. The key feature for
these sensors is their automatic localization ability. Another issue is the ubiquitous computing
and growing usage of informational and electronic technologies in every day life, which is
bringing the need of location of things and persons. For all this applications the Global
Positioning System (GPS) doesn’t fit very well. The main disadvantages of GPS are: high
price, high energy consumption and outdoor usage restriction. During last years many effort
has been concerned on development of local positioning techniques (LPS). The LPS consist
of reference nodes (RN) and blindfolded nodes (BN). RN knows their actual position, which
can be set up by administrator at the installation of network or acquired by supreme
positioning system (for example GPS in outdoor installations). BN calculates its location from
measurements of ranges of RNs or RNs and other BNs.
To locate the device must be solved sequent tasks. As first must be chosen the technology
principle and communicating protocol, from the literature, there are known approaches using
infrared light (IR), ultrasound, radio frequency (RF), or ultra wideband (UWB). These days,
the RF technologies, like RF identification (RFID), ZigBee (ZB) [4] or Wi-Fi are used most
common. Then there must exist RNs with prior knowledge of their location, independent on
used LPS. This task could be skipped in applications such as topology discovery [8], where
we are only assembling the relative map of involved network. The third step is to obtain the
estimated ranges of neighbouring RNs and in cooperative location ranges of other BNs, too.
The range estimation measurements can be based on different physical variables: received
signal strength (RSS), time of arrival (TOA), time difference of arrival (TDOA), or angle of
arrival (AOA). Next we need to involve locating algorithm (LA) to acquire the all needed
coordinates of BNs. There exist two basic classes of LAs differing in placing of computation
sources for it. Centralized LA - all the measured ranges are delegated to central unit, which
ensures all the needed computations. Distributed (decentralized) LA is separated among BNs.
There’s special class of LAs, which is worth mentioning, Cooperative distributed LA, where
BN is using estimated coordinates of other BNs for its own position estimation and through
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iterations the estimated map of whole network is converging. There have been proposed many
LAs: Triangulation - usually used least-mean squares approach when over-defined condition
[7, 8], Maximum likelihood Estimation (MLE), Cooperative MLE [1-3], Signpost - Nearest
neighbour method, Support Vector Machine classification [7], Signal fingerprinting.

2 State of the Art
2.1 Problem Definition
There are two types of coordinates, estimated BN (the quantity of BN is n , sometimes in
literature called anchor nodes) and known RN (the quantity of RN is m , sometimes in

literature called beacon nodes); we can mark them θ . It has 2(n + m) terms and two

[

]

components θ = θ X , θ Y (in two-dimensional (2-D) case), which are equal to

θ X = [x1 ,..., xn , x n +1 ,..., x n+ m ],θ Y = [ y1 ,..., y n , y n +1 ,..., y n + m ] .

(2.1)

Coordinates 1 to n are a priori unknown positions of BN and n + 1 to n + m present positions
of RN. The measured range between nodes i and j can be marked X i , j . The coordinates will
be enlarged with z-axis component in three-dimensional (3-D) case. The distance between
nodes i and j (in 2-D) could be obtained with use of triangulation,
d i, j =

(x

− x j ) + (yi − y j ) .
2

i

2

(2.2)

2.2 Channel model
The wireless radio propagation channel, especially the indoor radio propagation channel,
could be described as complicated, random and time-varying environment [6]. There are
described three types of variations in the radio propagation channel:
• Small-scale variations (fast fading): Since the channel structure does not change
markedly, impulse responses in the same small area are changing only very small.
Measured parameter statistic is correlated random variable; these variations are caused
by multipath character of the channel.
• Mid-scale variations (slow fading): They are mainly caused by shadowing and terrain
contours and may exhibit great differences; the distance between nodes is equal.
• Large-scale variations (path loss): The increasing distance between nodes is
dramatically changing the channel’s structure and measured parameters statistic. RSS
location technologies are based on this fact.

2.3 Range Measurement Methods
The choice of range measurement method is the crucial parameter; there can be found many
comparisons in the literature [2].
2.3.1 TOA
TOA is the measured time which the RF signal needs to cover the distance between nodes i
and j . This time delay Ti , j is dependent on distance of nodes d i , j and signal propagation
velocity v p (2.3),
d i , j = v p Ti , j .

(2.3)
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The additive noise and multipath signals are the main origins of errors; the accuracy of
measurement is greatly affected by the receiver’s ability to detect LOS signal. In [3] the
measured time delay is modelled as Gaussian (2.4)
~
2
f Ti , j = p | θ = N d i , j v p + μ T , σ dB
,
(2.4)
~
2
where Ti , j , μT and σ dB
are the measured time and the mean and variance of the time delay

(

)

(

)

error. See [6] for another applicable statistical models.
TDOA is a method very similar to TOA, but the measured time consists of: time the RF signal
needs to travel from node i to j , time for generating the response in node j (must be very
preciously defined), time the RF signal needs to travel from node j to i . This method
eliminates the need of clock synchronisation.
2.3.2 AOA
The AOA method is reporting the angle not the distance of neighbours and requires costly
antenna arrays. This method is widely used in acoustic applications and as simple example of
AOA “location technology” could be mentioned the biological hearing. There are two
common ways of measuring AOA. The first one employs two or more identical sensors with
identical receiving apparatus (microphones, antennas) placed on different, but known
positions; this is called array signal processing technique. The other possibility is to place two
or more directional antennas (antennas array) on the same position (node).
2.3.3 RSS
Nodes are usually equipped with received signal strength indicator (RSSI) circuit reporting
the measured voltage or more usual measured power. The large-scale variation in power pathloss over distance d i , j between nodes i and j is observing inverse-exponential pattern
⎛ d i, j
Pi , j = P0 ⎜⎜
⎝ d0
formulated in dBm

⎞
⎟⎟
⎠

− nP

,

(2.5)

Pi , j (dBm ) = P0 (dBm ) − 10n p log

d i, j
d0

,

(2.6)

where n p is path-loss exponent, typically between 2 and 4 [3], for more detailed
determination see [6]. P0 is received power at the short reference distance d 0 . From (2.6) we
~
~
can obtain the relationship between measured power Pi , j and estimated range d i , j
~
d i , j = d 0 10

~
P0 − Pi , j
10 n

.

(2.7)

Since the wireless radio propagation channel is a complicated environment, the logical way of
describing such an environment is by statistical models. In the literature (e.g. [2], [6]), there is
used a log-normal (Gaussian if expressed in decibels) distribution for modelling the range
measurement errors
~
2
f ⎛⎜ Pi , j (dBm ) = p | θ ⎞⎟ = N Pi , j (dBm ); σ dB
.
(2.8)
⎝
⎠

(

)
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Node j is transmitting to node i and their real distance d i , j is coming out from coordinates
~
θ and equation (2.2). The probability of received power Pi, j (dBm ) has Gaussian probability
2
density function (PDF) with mean Pi, j (dBm ) and dispersion σ dB
(the standard deviation σ dB

is in literature described as relatively constant with distance and typically as low as 4 and as
high as 12 [3]). See [6] for another applicable statistical models.

2.4 Location Algorithms
The LA obtains estimated set of ranges from the range measurement method (presented in
previous paragraph) X (i ) = { X i ,1 ,... X i , k } , where k is the number of nodes with which our
investigated node i has the range observation.
2.4.1 Signal Fingerprinting
The database of signal fingerprints is collected during the off-line training phase at numerous
places, first. There is chosen the closest matching database item by the LA during on-line,
working phase and reported as the node location. Biggest disadvantages of this method are
increasing computational resources and memory needs adding items to database and high
volatility for changes in the environment.
2.4.2 Signpost - Nearest Neighbour Method
This method assigns the location of nearest RN to our investigated node. The accuracy is
determined with the number of RNs. Signpost is very simple basic method, which requires
only small computational resources and is practically localized on RSS systems, where the
nearest RN is considered to be the one with strongest signal.
2.4.3 Triangulation
Triangulation is the most mathematically natural approach coming out from Euclidian math.
In 2-D the problem can be formulated
~
⎡ (x r (1) − xi )2 + ( y r (1) − y i )2 ⎤ ⎡ d i2,r (1) ⎤
⎢ ~2 ⎥
⎢
2
2⎥
⎢ (x r (2 ) − xi ) + ( y r (2 ) − y i ) ⎥ = ⎢ d i ,r ( 2 ) ⎥
(2.9)
⎢
⎥ ⎢ M ⎥
M
⎢~2 ⎥
⎢
2
2⎥
⎢⎣(x r (k ) − xi ) + ( y r (k ) − y i ) ⎥⎦ ⎢⎣d i ,r ( k ) ⎥⎦
where for indexes {r (1),...r ( k )} is true {r (1),...r ( k )} = H (i ) . If the solution is over-determined
( k > 3 for 2-D), there can be used many optimization methods, i.e. LMS [8].
2.4.4 Maximum Likelihood Estimation
MLE is the most common used method of cooperative localization [1-3]. It is coming out
from the maximization of the probability of location solution based on the statistical character
of propagation channel (2.10)
[x1 ,..., xn ; y1 ,..., y n ] = arg max [L([x1 ,..., xn+ m ; y1 ,..., y n+m ])] ,
(2.10)
[ x1 ,..., xn ; y1 ,..., yn ]

where L([x1 ,..., x n ; y1 ,..., y n ]) is the likelihood of certain location solution. As mentioned
before, we use the log-normal statistical model for measurements RSS in wireless propagation
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channel and the likelihood function from equation (2.10) is described in (2.11), where ΔP is
the normalization factor.
~ 2⎞ ⎞
⎛
⎛
n+m
⎞ ⎟ ⎟
⎛
P
P
−
1
⎜
i, j
i, j
⎜
⎟ ΔP
(2.11)
L([x1 ,..., x n ; y1 ,..., y n ]) = ∏ ∏ ⎜ exp⎜ − ⎜
⎟ ⎟⎟ ⎟⎟
⎜
σ
2
⎜
i =1 j∈H (i ) ⎜
dB
⎠ ⎠ ⎠
⎝
⎝
⎝
We can plug equations (2.2) and (2.7) to (2.11), then take the negative logarithm, skip the
constant elements and find the minimum (2.12) [2].
⎡⎛ d~ 2 ⎞ 2 ⎤
[x1 ,..., x n ; y1 ,..., y n ] = arg min ⎢⎜⎜ ln i2, j ⎟⎟ ⎥
(2.12)
⎥
[ x1 ,..., xn ; y1 ,..., y n ]⎢
d
i
j
, ⎠
⎣⎝
⎦

In [1] can be found also the analysis of nodes with the Pi, j (dBm ) under some threshold, which
the receiver of our node i is not able to catch. Then it’s needed to implement some numerical
method to find the minimum, there is proposed the conjugate gradient algorithm in [1].

3 MLE experimental evaluation
Microcontroller CC2431 incorporates ZigBee stack and MLE location engine [9] and together
with Zigbee Development Kit from TI/Chipcon was used as platform for our tests. There were
10 nodes in this development kit, 8 of them was marked as RNs and 2 as BNs, changing
gradually positions of these two BNs. There was made five measurements at each BN
position and calculated linear average, which was used to determine the absolute position
error and standard deviation of measurements. Two arrangements of RNs (rounds) were used
and can be seen on Fig. 3.1. On these pictures there are also the real positions of BNs
(triangles), corresponding averaged estimated position (squares) and absolute position error
(dashed lines). In the first arrangement the positions of RNs was used as positions for the
BNs, too (It should not be considered to be an estimations of RN’s positions.). The layout of
this figure is showing the shape of the room and the furniture (grey spots).

Fig. 3.1 Layout of the experiment.
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Tab. 3.1 Experimental results
Av. abs. pos. err. [m]
Average stand. deviation [m]

Arran. No.1
Arran. No.2 Arran. No.3 Aver. Of all meas.
2,44
2,71
1,78
2,36
0,152
0,246
0,135
0,181

The whole experiment could be divided onto three parts: Arrangement 1 - part 1 (RNs
arrangement 1, BN positions correspond to the positions of RNs), Arrangement 1 - part 2
(RNs arrangement 1, BN positions not correspond to the positions of RNs) and Arrangement
2 (RNs arrangement 2). According to this division is in Tab. 3.1 calculated the average
absolute position error and average standard deviation.

4 Conclusions
The field of location and tracking technologies is nowadays growing very fast. The main
problem in location techniques is their precision compared to the cost spent on the
technology. Speaking about location application using RSS range measurement, the
achievable accuracy is somewhere between 2 m and 5 m. Decrease of this vagueness can be
reached with these techniques:
• Averaging
• Selection of reference nodes involved in LA
• Use of Bayesian filter
• Use of daily and week patterns
• Model learning
• Use of learning relational probabilistic model
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Abstract: In this paper the low-IF receiver architecture, the image interference due to the
IF domain, phenomena also referred as I/Q imbalance, and a modification for a blind
source separation algorithm for image rejection are presented. The modified algorithm
considers all the received samples of IF signal for the estimation of I/Q imbalance
parameters. The resulting image rejection filter’s major advantage is the single clock
domain implementation at the cost of power consumption increase. A Simulink model was
created to check the availability of the enhanced algorithm. This model serves as a RTL
description of the filter. MATLAB-ModelSim co-simulations show that the proposed filter
achieves the same performance in terms of IRR as the reported method.

1 Introduction
“WIRELESS COMMUNICATIONS” became a buzz-word in the last decade and it is going to be a
very important aria of research. Huge efforts were invested in the development of integrated
low-cost wireless receivers. A promising candidate to become the industry standard receiver
is the low-IF receiver. The main disadvantage of the low-IF receiver is that the desired
baseband signal interferes with the adjacent signal band, making mandatory the use of image
rejection filters. The interference of signals is caused by the imperfection of the analog I/Q
processing, described by the amplitude-error g and phase-error φ [1] of the voltage controlled
oscillator (VCO). The image rejection filter should compensate this interference by estimating
the error parameters: g and φ. Programmability and flexibility are assured by the digital nature
of the architecture.
Several methods were introduced in the past to overcome the effect of image interference. The
earliest solutions use a tone signal to approximate the interference of bands [6]. Other
solutions are based on blind source separation [1] where no reference signal is available, but
an adaptive filter is used to estimate the error parameters, theoretically reaching an image
rejection ratio (IRR) of 40~50dB. Recent realizations use non-data-aided approach to
compensate the I/Q imbalance [3]. In [7] a modified LMS filter computes the error parameters
achieving an image rejection ratio (IRR) of 50dB. The paper [4] describes a solid state image
rejection circuit with sign detection only. Depending on the quantization error introduced by
the analog/digital converters, IRR between 50dB and 60dB can be achieved.
This paper presents the implementation of the image rejection filter based on the statistical
computation; the filter is based on the method described in [2]. Although the low-IF
architecture can contain several noise “fountains” (noise introduced by the analog mixer,
quantization noise due to the analog-digital conversion, image interference, etc.) this paper
analyzes only the effect of image interference.
Section II describes the architectures of low-IF receivers and the image interference
phenomena. Section III makes a brief introduction to blind source separation and presents the
parameter estimation algorithm. Section IV contains the simulation results carried out in
MATLAB-Simulink and finally in Section V conclusions are drawn.
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2 Low-IF Receiver
2.1 A. Architecture
In Fig. 1 the Low-IF receiver architecture is depicted. The radio frequency (RF) signal
collected from the antenna is processed by the band-pass filter BPF. Image cancellation can
be achieved at this point, but requires narrow band-filtering, and thus increases largely the
cost of the device. The RF signal is down converted to an intermediary frequency (IF) using a
voltage-controlled oscillator VCO (xLO) generating a complex signal. Thus the first mixing
stage will result in a complex signal physically represented by the in-phase and quadrature
signals, also referred as I/Q signal (I(t) and Q(t)). The IF complex signal is sampled by the
ADCs (I(n) and Q(n)). The state of the art solutions prefer delta-sigma converters [5]. The
baseband demodulation and image rejection are done in the digital domain.

Figure 1 Low-IF receiver architecture.

2.2 B. I/Q imbalance
The spectrum of the filtered RF signal r(t) from Fig. 1 is depicted in Fig 2 a) and its
expression is given by:
r (t ) = z (t ) ⋅ e + j 2 πf LOt + z * (t ) ⋅ e − j 2 πf LOt ,

(1.)

where z(t) is the complex signal and z*(t) is its conjugate. The signal z(t) is formed by the
desired signal s(t) and the image signal i(t) coming from an adjacent band:
z (t ) = s(t ) ⋅ e + j 2πf IF t + i(t ) ⋅ e − j 2πf IF t .

(2.)

Due to the imperfections of the electronic components the VCO generates the local
oscillation:
x LO (t ) = cos(2πf LO t ) − j ⋅ g ⋅ sin(2πf LO t + ϕ ) ,

(3.)

where g is the amplitude and φ the phase errors. At down-conversion these mismatches will
result in the interference between the I/Q paths. This effect is also called I/Q imbalance. In
order to write in a friendlier manner the resulting signal, the I/Q imbalance parameters are
defined:
k1 =

1 + g ⋅ e− jϕ
1 − g ⋅ e+ jϕ
; k2 =
2
2

.

(4.)

The IF signal can be expressed using the I/Q imbalance parameters as follows:
(5.)

I (t ) + jQ(t ) = LPF{r (t ) ⋅ xLO } = k1 z (t ) + k2 ⋅ z* (t )

where LPF stands for low-pass filtering. The IF signal spectrum is depicted in Fig 2b). After
the sampling produced by the ADC, the IF signal is downconverted into the baseband thus
providing the following complex signals:
d (n) = LPF{I (n) ⋅ e− j 2πf nT } = k1 ⋅ s(n) + k2 ⋅ i* (n)
.
(6.)
IF

v(n) = LPF{Q(n) ⋅ e

+ j 2 πf IF nT

} = k1 ⋅ i(n) + k2 ⋅ s* (n)
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Figure 2. a). spectrum of the RF signal b). spectrum of IF signal
c). spectrum of the mixture signal d(n)
d). spectrum of the mixture signal v(n)
The signal d(n), depicted in Fig 2 c)., contains the desired signal s(n) and the conjugate of the
interferer i*(n). Likewise v(n), depicted in Fig 2 d)., contains the interferer signal i(n) and the
conjugate of the desired signal s*(n). By conjugating the second equation, the equation
system (6) can be written in matrix form as follows:
⎡ d (n) ⎤ ⎡ k1
⎢ * ⎥=⎢ *
⎣⎢v (n) ⎦⎥ ⎣⎢ k2

k 2 ⎤ ⎡ s ( n) ⎤
⎥⋅⎢
⎥
k1* ⎦⎥ ⎣⎢i* (n) ⎥⎦

(7.)

3 Blind Source Separation
3.1 Generalities
Whenever more then one signal is recovered from some mixtures of them without knowing
the mixing scheme or any reference signal, the procedure is called blind source separation
(BSS) or blind signal separation. The BSS relies on the assumption that the signals are
mutually independent (there is no linear relation between them).
To describe in mathematical terms the BSS, the samples of the sources are considered as
elements of matrix X, the mixing scheme as “transition matrix” K and the sample of the
mixtures as the elements of matrix Y. In order to recover the sources from the mixtures, the
“inverse transition matrix” K-1 has to be found. In the case of image rejection, the transition
matrix K, the matrix of mixture Y and the matrix of sources X are given by:
⎡ k1
K =⎢ *
⎣⎢ k2

k2 ⎤
⎡ d ( n) ⎤
⎡ s ( n) ⎤
;Y = ⎢ * ⎥ ; X = ⎢ * ⎥ .
*⎥
k1 ⎦⎥
⎢⎣v (n) ⎦⎥
⎢⎣i (n) ⎥⎦

(8.)

The recovery of source signals is possible if the I/Q imbalance parameters are known:
⎡ s ( n) ⎤ ⎡ k1
⎢* ⎥=⎢ *
⎣⎢i ( n) ⎦⎥ ⎣⎢ k2

−1

k2 ⎤ ⎡ d ( n) ⎤ .
⎥ ⋅⎢
⎥
k1* ⎦⎥ ⎢⎣ v* (n) ⎥⎦

(9.)

3.2 I/Q imbalance parameter estimation
According to [1] the {k1 ·k2} estimate can be found out by evaluating two statistical measures
of the sampled signals d(n) and v(n). These are the cross-correlation of d(n) and v(n) and the
sum of their powers. The notation E{value} stands for the estimate of the values.
E{d (n) ⋅ v(n)} =

(10.)

= k1 ⋅ k2 ⋅ E{s(n) ⋅ s* (n)} + k1 ⋅ k2 ⋅ E{i (n) ⋅ i* (n)} +
+ k12 ⋅ E{s(n) ⋅ i (n)} + k22 ⋅ E{s* (n) ⋅ i* (n)}
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The cross-correlation of the signal and its conjugated will give the power of the signal.
Because the desired signal and the image signal are independent their cross-correlation must
be equal to zero. Thus equation (12) is written as:
(11.)

E{d (n) ⋅ v(n)} = k1 ⋅ k2 ⋅ ( Ps (n) + Pi (n) )

In the next step the estimate of the power of sums is computed:

{

E d ( n ) + v* ( n)

2

} = E { ( k + k ) ⋅ s ( n) + ( k + k ) ⋅ i ( n) }
*
2

1

*
1

2

*

(12.)

2

But according to equation (4) k1 + k 2* = k 2 + k1* = 1 so it follows:

{

E d ( n ) + v* ( n )

2

} = E { s ( n) + i ( n) }
*

(13.)

2

The expectation can be written as:

{

E d ( n ) + v* ( n )

2

} = E {s(n) ⋅ s (n)} + E {i(n) ⋅ i (n)} +
*

*

(14.)

+ E {s (n) ⋅ i (n)} + E {s* (n) ⋅ i* (n)} = Ps (n) + Pi (n)

By combining equations (11) and (14) the estimated product
k1 ⋅ k2 =

E {d (n) ⋅ v( n)}

{

E d ( n) + v ( n )
*

2

k1 ⋅ k2

is given by [1]:
(15.)

}

The solution suggested in [1] estimates the product over a chunk of N samples, the error
parameters being updated only with the N/fs, where fs is the sampling rate of the IF signal.
The introduced modification in this paper is to consider all the arrived samples, so the error
parameters are updated at fs. Thus the product of the I/Q imbalance parameters can be given
as follows:
k →∞

k1 ⋅ k2 =

∑ d ( n) ⋅ v ( n) .
∑ d ( n) + v ( n)

n =0
k →∞

*

(16.)

2

n =0

According to equation (4) the amplitude error g and phase error φ can be obtained as:
g = 1 − 4 ⋅ Re {k1 ⋅ k2 }
⎛ 2
⎝ g

⎞

.

(17.)

ϕ = arcsin ⎜ − ⋅ Im {k1 ⋅ k2 } ⎟
⎠

The modification introduced in the method means actually that the amplitude error g and
phase error φ are continuously computed and the adaptation becomes smoother. Although the
power consumption is higher this implementation offers advantages as: it is no need to have
two clock domains; aria is saved because no frequency divider is required.

3.3 Image rejection filter
In order to verify the functionality of the image rejection filter and ease the hardware
description language [9] a Simulink model was created. The theoretical IRR characteristics of
the filter are presented in [2]. By changing the floating point representation to an integer one
and performing the necessary scaling of the signals in the Simulink model, it becomes the
RTL level description of the filter. Using the Verilog hardware description language a
synthesizable digital circuit is created for the image rejection filter. The block level
representation of the Simulink model is presented in Fig. 3. The Image rejection filter block
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includes the Matrix product block, which performs the calculation given by equation (9). The
elements of the inverse transition matrix K-1 are provided by the Error parameter estimation
block. The “HDL cosimulation” block is the link to ModelSim HDL simulation software. The
result of the filtering is compared by the “IRR measurement” block.

4 Simulation Results
A test case, depicted in Fig. 3, is used to measure the performance of the designed filter by
determining the image rejection ratio (IRR) versus the observed samples.
The latest wireless standards as OFDM [8], DAB or DVB-T use QAM baseband modulation.
In the test case the 16-QAM modulated reference signals sref(n) and iref(n) are mixed as in
equation (6) and d(n) and v*(n) represent the inputs of the mixer. The recovered s(n) is
compared to sref(n), by computing the absolute value of | s(n) - sref(n) |. The sref(n) signal level
is 0dB, thus 20lg|s(n) - sref(n)| gives the IRR of the image rejection filter.

Figure 3. Block level representation of the Simulink model

Figure 4. IRR versus the number of observed samples
when g=1.02 and φ=π/180
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In Fig. 4. the minimum, maximum and mean values of IRR are presented with respect to the
observed samples. The amplitude error is g=1.02 and the phase error equals to φ=π/180 (1°).
The precision of the simulation is 20 measured points for a decade. One can see that a mean
value of -40 dB rejection can be achieved by evaluating N=104 samples. The mean IRR
stabilizes at -50 dB.

5 Conclusions
For the model based implementation method of the image rejection filter a Simulink model
was created in order to validate the functionality of the filter and measure the expected
performances. The Simulink model serves as RTL description for the Verilog
implementation. Using the latest HDL co-simulation technology provided by Matlab design
environment, the Verilog code was verified in ModelSim also.
The hardware implementation in [1] consists in a circuit having multi-clock domains. The
modified algorithm [2] is designed to work at the same rate as the sampling rate of IF signal.
This fact offers advantages as: area salvage by the absence of a frequency divider, no
switching noise present at the lower sampling frequency, less design cost and the
disadvantage that the power consumption is higher.
The performed simulations show that the present implementations can achieve the same
performance as the one reported in [2]. In the IRR characteristics no significant improvement
is obtained, because in both implementations the rejection is controlled by the same property
of the interfered signals.
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Abstract: This paper deals with one possible way how to use dynamic partial
reconfiguration (DPR) of FPGAs. In the first part main principles and problems of DPR
are described. The second part of paper proposes one of the possible concepts of DPR
usage. Reconfiguration is used for resources reallocation in order to adapt system to
current workload in this concept. If FPGA is used as a hardware accelerator in static
system, the tradeoff between chip area and performance can be done in design time only.
Using DPR this tradeoff can be partly done during runtime also which is main idea of
proposed concept.

1 Introduction
Reconfigurability is one of the main characteristics of the FPGA technology (Field
Programmable Gate Array). This feature together with parallel nature of FPGA structure
make FPGA good candidate to fill the gap between flexibility and short development cycle of
microprocessor based solutions and very powerful ASIC (Application Specific Integrated
Circuit) solutions which suffer from long and expensive development process and poor
reusability of such devices for next projects.
The reconfigurability is usually understood as a possibility to restart one device with different
configuration data (switch off and on with different data) – it means with changed
functionality. This behavior is very useful during development process, enables designers to
repair some bugs which can be found during productive running of device, adjust
functionality according to additional customer’s requirements and all these changes can be
done remotely if the architecture and operational conditions enable it.
Some FPGAs are equipped with more general possibility of reconfiguration – to be
reconfigured partly while some parts are working without any limits. Many principles of such
run-time reconfigurable devices were developed [1]. Devices of Xilinx company are only
easily available on the market and wide-spread run-time reconfigurable FPGAs though.
Technology implemented in these devices is called Dynamic Partial Reconfiguration (DPR).
This technology is very promising, but still quiet premature. Especially because of lack of
tools DPR is used more or less rarely. DPR enables sharing hardware resources between
different functions that can save resources and lower power consumption.
Next sections briefly describe standard configuration process, Dynamic Partial
Reconfiguration methods, essential problems which are connected with its usage and one
possible concept of DPR usage which author deals with.
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2 FPGA configuration process
Fig. 1 shows simplified structure of FPGA device. FPGA is array of IOBs (Input Output
Block), CLBs (Configurable Logic Blocks), SRAMs, DCM (Digital Clock Manager) and
several others blocks according to type of device like dedicated multipliers for signal
processing application acceleration. All these functional blocks are connected by flexible
interconnect. Interconnect as well as functional blocks are widely configurable. Most of
FPGAs on the market store configuration data (bitstream) in SRAM memory. This memory
must be loaded every time the device is switched on. This process is called global
configuration.
First step of global configuration is reset
of FPGA. From
this
moment
configuration memory is empty and
FPGA doesn’t work. In next step data
are loaded through one of the
configuration interfaces (e.g. JTAG,
SelectMAP) from nonvolatile off-chip
memory. When all data are loaded CRC
is checked clock managers are set and as
soon as clock signals are stable FPGA is
started.
Fig. 1 Simplified FPGA structure
If another global reconfiguration is
needed, all process can be started again. During global reconfiguration FPGA is always
stopped. Time of reconfiguration depends mainly on bitstream length (FPGA size) and
configuration interface speed. Details can be found in device datasheets, for example [2].

3 Dynamic Partial Reconfiguration
As mentioned in introduction Xilinx is the only one FPGA vendor that offers devices with
DPR abilities. DPR technology is still quiet premature and every new FPGA family brings
new possibilities and overcomes some limitations known from previous one. For these
reasons all technological information in this article are related to Xilinx Virtex 5 family that is
most recent one with most developed DPR facilities.
As well as the most powerful microprocessor is useless without powerful compiler, DPR
cannot be fully utilized without tool support. Lack of tools is one of the reasons why DPR is
not commonly used in current designs. Part of limitations, which are connected with DPR
currently, is caused by poor tool support and can be changed in new versions of tools.
Present Xilinx tool-chain introduces two different DPR methods. These methods are called
Difference based PR and Module based PR.

1.1 Difference based partial reconfiguration
This reconfiguration method is aimed for making small changes to design parameters such as
logic equation, filter parameters and I/O standards. According documentation [3] routing
changes shouldn’t be done using this method. This is very limiting. Another limiting factor is
tool-chain. According to documentation, design editing in FPGA editor on lowest level of
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abstraction is the only recommended technique to use it. This is quiet demanding and
uncomfortable. There are also automated techniques described in literature. Authors of [4]
proposed elegant solution of fuzzy system adaptation based on difference based PR. In [5]
neural network system based on this technique is presented. These approaches are not
supported by Xilinx directly and there are risks that they will become functionless in next
FPGA or tool generation.
These reasons cause that difference based PR is not in main focus of PR research and it is
mentioned rarely in papers focused on PR.

1.2 Module based partial reconfiguration
Module Based PR (MBPR) is the method which is aimed for changing entire modules of
design regardless of their complexity or size. This method is in main focus of present
research. MBPR enables design of systems which reuse hardware resources for several
functions. Resource saving is the main reason for using MBPR. Present electronic devices
integrate more and more functions and need more and more computational capacity. This
method promises the possibility to slow down the increase of resource requirements caused
by increasing number of functions. Smaller devices have usually lower power consumption
also what is important as well.
For MBPR the system has to be split up into modules. Two kinds of modules are
distinguished – static and dynamic. Static modules cannot be reconfigured and operate
continuously. They form so called base module which bitstream is loaded as first. Dynamic
modules are intended for reconfiguration. To implement connection between static and
dynamic module or between two dynamic modules bus macros have to be used.
Bus macros (BM) provide a means of locking routing between modules. BM ensures safe and
proper connection of signals during and after reconfiguration. All signals except clock, GND
and VCC signals must pass through the bus macros. Bus macros introduce additional costs in
form of delay and resources to the design.
FPGA
Basic Modul
Bus Macros

Dynamic
module
slot
A

Dynamic
module
slot
B

Dynamic
Module
slot
C

Fig. 2 Module based reconfigurable
system

Interconnection between modules and placing
modules to the chip area are one of the essential
problems of PR. Module area must be rectangular,
bus macros placing is not changeable during
runtime, module can use only resources that are
located in its area (block RAM, dedicated
multipliers, etc.) and placing can strongly influence
maximum operating frequency. PlanAhead is a tool
which makes this process easier, process still
requires deeper experience and is still timeconsuming.

Most often considered reconfigurable system structure is shown on . There are three slots for
dynamic blocks. If application requires these slots to be equal, all signals for all functions
have to be present on all interfaces and pass through bus macros. It results in wasting
resources for bus macros, increasing bus length and signal propagation delay. There must be
bitstream for each module in each slot stored in memory. If modules don’t need the same chip
area and designer intents to share area between slots space, fragmentation problems appear
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and design and reconfiguration management becomes even more complex task. Paper [6]
presents an example of more general interconnection structure. Selection of module size,
interconnection and placing of modules is one of the key questions on the field of run-time
reconfigurable systems.
Reconfiguration time is another limiting factor for reconfigurable systems. As mentioned
above, during reconfiguration bitstream of new module has to be transferred from off-chip
memory to configuration SRAM on the FPGA chip. This process obviously takes time. This
time is dependent on module size (the bigger module the bigger amount of blocks to
configure the more data to transfer), memory speed and configuration interface (SelectMAP,
ICAP, JTAG, etc.) speed. Reconfiguration time can be very limiting factor. This time can be
in order of milliseconds what can easily be more than execution time of task itself. How to
cope with this problem is another key question of run-time reconfigurable systems research.
Answer for this question is hidden in reconfiguration scheduling. Proper schedule, which says
when and in which order tasks should be reconfigured, can minimize adverse effect of
reconfiguration time. Authors of [7] present system where reconfiguration is overlapped with
execution of other parts of application (reconfiguration prefetching) what can significantly
reduce reconfiguration overhead. Algorithm which can partition application to proper parts
for this technique is also presented. In [8] an optimal (under some conditions) scheduling
algorithm for reconfigurable system is presented.
Works mentioned above make static schedule in design time which optimize order and time
of reconfigurations in order to minimize total execution time. However, they don’t consider
applications consisting of several functions which priority and the execution time can vary
according to operating conditions during the run-time. This case is very similar to software
operating systems. Total execution time is not only important and monitored metric. Time of
response on random events, accuracy of execution periodically scheduled tasks and similar
criteria can be important. In paper [9] authors deal with real-time operating system, which is
able to schedule tasks either for software processing or hardware according to current
conditions. Scheduling algorithm selects the best one from set of HW configurations based on
local data provided by tasks (indicating their requirements on execution time) and global
indicators like power consumption.
The first approach takes advantage of beforehand known order of processing steps, their
dependences, data value which is necessary to transfer between tasks and so on. This kind of
information available in design time enables designer to schedule resources reuse nearly
optimally.
The second approach offers designer with flexibility of operating system, enables adaptation
to current operating conditions, sharing resources between tasks which don’t have to
cooperate directly, but system is less predictable and OS services consumes time and
resources which are free in previous concept because of static schedule.
Concept that takes ideas from both previous mentioned is proposed in next section.

4 DPR for computing power distribution
This concept is aimed mainly for signal processing application which can be split up to parts
which workload is dependent on current operating conditions (input data) and ratio between
workloads of parts is changing as well.
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shows example of system consisting of three blocks. Let’s assume that under average
operating conditions execution time of each block is as much as one time unit (). Some
changes in outer conditions cause
that one of parts let’s say block 1
becomes overloaded and its
execution time (t1 in ) increases
Fig. 3 Basic signal processing system
by factor of ten. Execution time of
block 0 and 2 became insignificant and performance of whole application is determined by
block 1. There is only one way how to reduce execution time in static system – to reduce
quality. There exist one more way in dynamically reconfigurable systems. Hardware
resources used for blocks 0 and 2 acceleration can be reallocated to accelerate block 1. shows
situation after reconfiguration under assumption that blocks 0 and 2 double their execution
time after reallocation and block 1 decreases its execution time by factor of 3. In this case
total execution time decreases of 39 %.
This example is very simplified and naïve. For real complex systems to predict advantage of
such a concept is difficult and it requires deep analysis. This analysis and ways how to use
potential of this concept as much as possible are issues for further research.
For instance, computer vision systems like multi-object tracking seem to be suitable
framework for testing this concept. Algorithms are data dependent (dependent on events in
scene) – the more objects is being tracked the higher workload of template matching
algorithm is. If there are no objects in the scene, template matching acceleration is useless and
resources can be used for part of application responsible for looking for new objects.
Reconfiguration scheduling is
key issue for success of such
strategy.
Costs
of
reconfiguration can pay off only
if
the
newly
chosen
configuration stay optimal one
(from
set
of
possible
configurations) for enough long
period. The longer this period is the bigger profit is achieved. Most of applications have
typical working cycle what enables to tune scheduling rules offline. Rules adjusted based on
statistics of typical input signal with respecting reconfiguration costs should help to
overpower static system.

5 Conclusion
The basic knowledge about configuration of FPGA necessary for understanding of the rest of
article has been given in the section two. Section three has described two methods of dynamic
reconfiguration which are presently available on devices on the market. Basic possibilities
and main issues of module based dynamic partial reconfiguration have been described briefly.
Concept of using dynamic partial reconfiguration as a tool for hardware resources reallocation
in order to adapt system to current workload has been presented. Reconfiguration scheduling
and optimization of scheduler for given application working cycle are main issues of this
concept. Deep analysis of these issues is main objective of author’s thesis and next research.
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Abstract: The paper covers a basic knowledge of impedance matching in RFID systems.
Impedance matching concepts between a Z-matching circuit and an antenna is analysed in
this paper. The impedance match between the RFID circuit and the antenna can be
characterized by the power transmission coefficient. The behavior of an impedance of the
antenna and the effect it has on the power transmission coefficient was investigated. As an
example, a specific RFID system is considered (TRF7960 chip with Z-matching circuit
and antenna operating at 13,56 MHz frequency). Simulation results of the Z-matching
circuit and measurement data of the antenna are presented.

1 Introduction
RFID system consist of reader and transponder. Communication between reader and
transponder is achieved by using RF waves [6]. A huge advantage of RF identification
systems is, that transponder uses rectifier circuits to convert the coupled electromagnetic
power to the DC power supply needed for the chip.
Impedance matching technique in RFID systems is well known routine (in electronics), in
order to maximize transferred power. If impedance of antenna of the reader is matched to the
impedance of RFID chip then the net power transferred from a source to an antenna is
maximal. Impedance matching between antenna and RFID chip has big impact on the one of
the most crucial factors in identification system ie read/write range of RFID transponder. In
this paper the impedance matching circuit (from application note for HF RFID TRF7960
reader) is described.

2 Impedance matching
One of the most important factors of RFID system is read/write range of RFID reader.
Transponder is powered by energy received (magnetic field) from the reader antenna, so the
read/write range depends on radiated power by reader antenna [1]. In free-space received
power at an antenna from a signal is equal:

⎛ λ ⎞
Pr = Pt ∗ Gt ∗ Gr ∗ ⎜
⎟
⎝ 4πd ⎠

2

(1)

where: Pt- the transmitter output power, Pr- the received power, Gt, Gr- the transmiter/receiver antenna gain,
λ- the signal wavelength of the RFID system, d- the distance between transmitter and receiver.

On the picture below we have block diagram of RFID system.
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Legend: Ro – output resistance of RFID chip, Vo- RF voltage of RFID chip, Za- impedance of antenna

Fig. 1 System block diagram: RFID chip, impedance matching circuit, antenna.
Impedance Zc= Rc+ jXc and Za= Ra+ jXa depends on frequency [2]. Power Pa delivered to
antenna can be described by pattern:
PA = PC ⋅η
(2)
where: PC- maximum power of VO source, η impedance matching factor, which is given by pattern:

η=

4 R a Rc
Zc + Za

(3)

2

In order to deliver maximum power to antena of transmitter, the η factor should be equal 1, so
Zc = Za* condition have to be fulfilled [5].

3 Impedance matching circuit (Z-matching)
The main task of impedance matching circuit in HF RFID reader is to convert output
resistance (4Ω) of RFID chip to resistance of antenna (50 Ω). Z-matching circuit additionally
work as band-pass filter for frequency 13,56 MHz [4].

Figure 2. Impedance matching circuit.
Circuit on a figure above can be simplified by calculation of equivalent capacitance (Fig. 3).
RFID chip is simulated by voltage source VO and output resistance Ro, antena is simulated as
impedance Za=50Ω.
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Figure 3. Equivalent circuit of the Z-matching.

3.1 Measurement of impedance matching factor η in RFID system
Circuit presented on Figure 4 was measured from impedance matching point of view.
Measure system was proposed (Figure 4). Antenna impedance was simulated as resistor Rp.
Because impedance matching circuit have to be matched to resistance of 50 Ω, so for
measurement purposes value of resistor Rp was assumed:
Rp ∈ 30 + i;70 , where i ∈ 0;40

(4)

Figure 4. Test circuit of the power transmission coefficient.
Measurements was performed taking tolerance of elements under consideration (Monte Carlo
analysis). Capacitors and coils tolerance was assumed to tolC = 5% and tolL = 5% . Impedance
matching coefficient was calculated for the following values: Vo=5V, Zo=Ro=4Ω. On Figure 5
values of impedance matching factor are presented (ηnom – for nominal values of elements,
ηmin, ηmax – minimal i maximum value of factor). Can be observe, that for the nominal values
of elements maximal power is dissipated on resistor Rp= 50 Ω, and this is in accordance with
our expectations. Curve for ηmax factor has reached value η=1 for Rp=46Ω. The reason of that
is in Monte Carlo analysis was selected such value of elements L and C that impedance
matching circuit transform resistance Ro=4Ω to R’c=46Ω. The most crucial value of factor η
is value ηmin. Factor ηmin correspond with the most adversities circumstances in circuit.
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Figure 5. Power transmission coefficient in antenna impedance domain.

3.2 The impact of change value of elements on impedance matching
factor.
Usually in circuits, capacitors (from practical reasons) are used for matching purposes. The
impact of value of elements C2 and C3 on power transferred to antenna was investigated.
Measurements was performed for capacitors C2, C3 with the following values:
Ci = Cnom(i ) − k ⋅ 0.01 ⋅ Cnom(i ) where i = 1;2 , k ∈ 0;35

(5)

Rest of elements have nominal values (Rp= 50 Ω).

Figure 6. Impact of the changing elements value on power transmitted to antenna.
Better value of factor η can be achieve when value of capacitor C2 is changed in range
C2 ∈ 〈 0,92 ∗ C2 nom ; C2 nom 〉 . The nominal value of C2 is 1,6 nF, so a 8 percent of C2 is 128
pF. Element that is used for adjustment purposes is variable capacitor C5 100 pF (Figure 2).
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4 Antenna
One of the most important issue in design RFID system is selection of the most suitable type
of antenna, which allows to easy adjustment of SWR factor ( set impedance of antenna to
Za=50Ω). Loop antenna with gamma matching arm was selected.
Loop antenna is the most appropriate for make strong magnetic field (used to transmit power
to RFID transponder), whereas gamma matching arm provide easy way to adjust standing
wave ratio (SWR) of the antenna [3].
Antenna was made in accordance with technical specification from Texas Instruments,
regarded rules for design of HF RFID 13,56 MHz antennas (Figure 6) [3]:
• Loop antenna 500mm x 500mm requires 15mm (½”) Ø copper tube
• Gamma matching arm is constructed from 5mm (3/16") Ø copper pipe

Figure 6. Impact of the changing elements value on power transmitted to antenna.
SWR factor has value from range: 1 to infinity, value 1 means that antenna is matched and
ideal power transfer is achievied. The SWR of loop antenna was measured by VSWR
multimeter. Measured factor SWR for f=13,56 MHz is equal 1,2 (Figure 7). It is assumed that
correctly matched antenna should have SWR factor less than 1,5 [1]. Can be state that SWR
value of 1,2 is a good result.

Figure 7. SWR of loop antenna.
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5 Conclusions
In this paper Z-matching circuit and antenna were analysed. Z-matching circuit is
charactarized by factor η and antenna is charactarized by factor SWR. Impact of value
elements (of impedance matching circuit) on power transferred to antenna was investigated.
Can be state, that impedance matching problem in RFID systems is indeed very complex
issue. In order to improve quality of η factor, use of variable capacitor was proposed.
Loop antenna with gamma matching arm enable to easy way to adjust SWR antenna factor.
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Abstract: A measurement circuit for the resistive voltage divider ratios is presented in the
paper. The measurement idea is based on an application of the charge balanced bridge
circuit. Such circuits can be easy automatically balanced as well as the measurement result
is obtained directly in digital form. The measurement of the resistive divider voltage ratio
is performed by means of the digital measurement of the time periods. Automatic
balancing of the bridge is based on a cyclic switching of one or two arms of the bridge
circuit in such a way that zero voltage difference in the detector diagonal is obtained. The
balancing is carried out using a charge-storage (capacitor). Main sources of errors are
analyzed in the paper and error minimization methods are proposed.

1 Introduction
The paper describes a method for resistive divider ratio determination. The measurement idea
is based on the charge balanced bridge. Voltage divider can be regarded as an analogue
measuring transducer which changes the scale of measured electrical quantities. Basic
parameter of the divider is the ratio of the output U2 to the input voltage U1:
U
R2
(1)
K= 2 =
U1 R1 + R2
where K denotes the divider ratio transfer function.
The simplest voltage divider is formed by a series connection of two resistors R1 and R2, or
just by a potentiometer (Fig.1).
The resistive voltage divider accuracy depends
directly on the resistors accuracy it is composed of,
as well as on the connection resistance. The voltage
dividers are important subunits in high accuracy
measurement circuits, multi range DC voltage
standards, procedures of voltage value transfer to
commercial standards and in DC calibration circuits.
Fig. 1. Schematic diagram of the resistive voltage divider
In the paper the resistive divider ratio measurement circuit has been analyzed. The circuit
under consideration is based on specific DC bridge, which was described in polish papers as a
charge balanced bridge [1].
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2 The method of divider ratio determining
One of the measurement methods used for resistive divider ratio calibration is based on an
application of the charge balanced bridge. Such bridge is used due to automatic balancing
feature and because of the digital result of measurement. The balancing of the bridge is based
on a cyclic switching of one arm of the Wheatstone bridge. Figure 2 helps to understand the
operation principle of the bridge.
Resistive voltage divider to be calibrated is
placed in two neighbouring bridge arms (e.g.
R1, R2). Bridge is powered with DC voltage
source. Further analysis has been performed
assuming that the operational amplifier and
analogue key are ideal. Analogue key located
in one of the bridge arm can connect and
disconnect this arm from supply voltage.
Fig. 2. General scheme of the measuring circuit
The bridge detector diagonal is connected to differential input of the operational amplifier.
The amplifier works with the capacitor C in negative feedback loop. The amplifier output is
connected to the comparator input of microcontroller.
Index of terms:
T – measurement period
Tz – capacitor charge phase (key is turned on during the whole measurement period)
tz – single period when key is turned on
Z – number of keying
Iz – capacitor charge current
Qz – charge flowed to capacitor during the period of counting
To – capacitor discharge phase (key is turned off during the whole measurement period)
Io – capacitor discharging current
Qo – charge flowed from the capacitor during the period of counting
n – maximum number of keying during the period T
K – divider ratio
The operation of charge balanced bridge is based on cyclic switching of one arm of the
bridge, while the voltage difference in the detector diagonal is equal to zero, UAB=0.
Moreover, the whole charge collected in the capacitor during the measurement period T
should be equal to zero.
Qz + Qo = 0
(2)
The capacitor charge current, when the key is on, can be calculated using the following
relation:
UR1
UR2
−
(4)
I z = I1 − I 2 =
R4 ( R1 + R2 ) R3 ( R1 + R2 )

In the whole measurement period the current Iz delivers a charge to the capacitor equal:
Qz = I zTz
where
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Tz = Zt z

(6)

The exemplary waveform of the measurement cycle is shown in Fig. 3.
The switching process is controlled by the
microcontroller, which generates digital clock signal of
a specific frequency. The key is turned on for the time tz
just when the microcontroller output is high.
In this case the number of keying Z=3, while maximum
number of keying n=6.
Fig. 3. Timing diagram
The measurement period T consists of the capacitor charge phase Tz (key is turned on) and the
capacitor discharge phase, To (key is turned off):
T = To + Tz
(7)
T = 2t z n

(8)

The sum of the time intervals when the key is turned off in measurement period T, calculated
from equations (7) and (8), is defined by:
To = (2n − Z )t z
(9)
When the key is off, the capacitor is discharged by the current:
UR2
Io = −I2 = −
R3 ( R1 + R2 )

(10)

The capacitor returns the following charge:
Qo = I oTo = I o (2n − Z )t z

(11)

Using relations (4), (5), (10), (11) one can calculate the total number of key switching:
RR
Z = 2n( 2 4 )
R1 R3

(12)

Furthermore, from the equation (1), the divider ratio can be expressed by:
ZR3
K=
ZR3 + 2nR4

(13)

This dependence is shown on chart in Fig 4.
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Fig. 4. The key switching number vs. the divider ratio
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Figures 5 and 6 present the operational amplifier output voltage changes, which are
proportional to the capacitor voltage changes.

Fig. 5 Pspice simulation of the circuit operation for divider’s ratio equal to 0,25

Fig. 6 Pspice simulation of circuit operation for divider’s ratio equal to 0,625
Simulation results presented in Figures 4 and 5 lead to the conclusion that when the key is
open, the higher divider’s ratio, the faster capacitor discharging. It is a result of increasing
capacitor current. The opposite situation is when the key is closed. It is because the capacitor
current decreases with divider’s ratio increasing, and therefore capacitor charging is slower.
The aforementioned dependencies between charge and discharge capacitor current are
depicted in Fig. 7 and Fig. 8, respectively.
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Fig. 7 Charging current Iz [mA]

Fig. 8 Discharging current Io [mA]

Figures show that the charging process is much faster than the discharging due to higher
capacitor current value.

3 Identification of error sources
The possible error sources can be anticipated in real circuits quite easy. The device accuracy
is affected by: non ideal operational amplifier, the analogue key resistance, and the capacitor
with charge of momentary unbalancing. Each resistor in the bridge adds some component of
inaccuracy.
Real analogue key used in the circuit introduces additional resistance to bridge arm. In
process of the circuit designing the key resistance was selected carefully to be minimized, but
it resulted in increased capacitance of the key. Key capacitance during reloading process took
charge from the bridge circuit, which is balanced by charge. The key connects quickly and
does not loose charge. But at disconnecting the bridge arm the key is required to accumulate
the charge. That effects in additional error of measured quantity. Figure 9 presents the key
switching.

Fig. 9. Switching process
To minimize this error the key with the lowest possible capacitance must be used, even if it
results in bigger key resistance because it is easier to take the resistance into account in circuit
analysis.
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This circuit can be treated as analogue-to-digital converter because the measurement result is
in digital form. The influence of the resolution on the uncertainty of the analogue-to-digital
conversion result can be evaluated by assigning a divider ratio quantum. This quantum is a
value which changes the number of key switching Z by 1. Assuming, that K=Kx and using
relation (13) one obtains the following equation:
( K x + q x ) R4
K x R4
− 2n
( Z + 1) − Z = 2n
(1 − K x − q x ) R3
(1 − K x ) R3
(14)
where qx is the divider ratio quantum.
Based on the equation (14) one can obtain:
R K (3 − 2 K x ) + 2nR4 K x ( K x − 2) − R3
qx = 3 x
R3 − 2nR4 ( K x − 1)

(15)

The divider ratio quantization error varies from 0 to qx.
Another source of the divider ratio measurement uncertainty is caused by the lack of
synchronization of the bridge single cycle and the counting period T. Therefore equation (2) is
not fulfilled. This error can be eliminated, when resistors R3 and R4 are selected properly and
the bridge is in the state of strong unbalance. In this case proper modifications in key
switching control algorithm should be done. For this purpose the results of a particular
balancing cycles are placed in the array. In that way the whole counting period T can be
observed and, finally, the appropriate number of keying can be added at the end of last cycle
to finish the single cycle of circuit balancing. This method provides fulfilment of condition
(2) and the measurement uncertainty can be limited. However, in the final divider ratio
calculation one should take into account the appropriate modified value of n.

4 Final remarks
The analysis leads to the conclusion, that the charge balanced bridge can be used to build
measuring circuits of resistive voltage divider ratio. The resolution of such analogue-to-digital
converter depends only on resistors in the bridge circuit. The weak point of discussed circuit
is the switching element. Its inaccuracy in switching time is the main component of
conversion uncertainty.

5 References
[1] Tync B.: Ładunkowo równoważony układ mostkowy do pomiaru temperatury, Materiały
konferencji naukowo-technicznej PPM`03, 2003
[2] Tync B., Skubis T.: Analogowo-cyfrowe zrównoważone mostki prądu stałego, PAK,
Pomiary Automatyka Kontrola, 2007, 9bis, pp. 683-686
[3] Jakubiec J.: Measuring transducers based on charge balanced resistance bridge, PAK,
Pomiary Automatyka Kontrola, 2008, 05, pp. 280-285

83

IWCIT’08

Web-Based and Mobile Communication in Healthcare Sector
Petr Silhavy, Radek Silhavy
Faculty of Applied Informatics
Tomas Bata University in Zlin
psilhavy@fai.utb.cz;rsilhavy@fai.utb.cz
Abstract: The paper focuses in field of modern communication technologies, which should
be used in field of healthcare. Nowadays, there is no research project focused in field of
medial informatics, which investigated issues connected to electronic ordering system for
patients. There is no possibility of electronic communication between patient and
healthcare organizations. There are some partial research projects, but only focused on
interconnectivity between medical information systems. The aim of this paper is to analyze
and investigate technical and process solution for simplified process of ordering to the
healthcare centres. The project influence will be in communication between patient and
healthcare by using web approach and mobile technology.

1 Introduction
Web technology is important approach in computer application development. It takes key role
as an alternative to desktop based application. Rapid development and scalability are most
significant advantages of the web-based application. Second important advantage is
possibility of using without installation. Therefore, this technology was used in webmessaging system for healthcare sector.

1.1 Physician – Patient Communication
Physician – Patient Communication is becoming one of the significant research area in the
field of medical informatics. Nowadays physician-patient communication is based on
classical telephone conversation. Same principle is used for examination ordering. The basic
condition for investigated issue is wide spreading of using modern ICT technology.

93,70%

53,20%

97,80%

91%

88,80%

56,80%

52,60%
44,40%

35,30%

36,30%

35,30%
28,80%

Physician Specialist

Physician Adults

Personal Computer

Physician Children
Internet

Dentist

Broadband Internet

Fig. 1 Modern ICT in the Healtcare sector [1], based on Czech Statistical Office Study
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In the picture 1 can be seen that number of subjects, which is appropriate. Almost ninety
percentages of hospitals are equipped by personal computer and at least two thirds of them are
equipped by internet connections. Very important is, that fifty and more percents of other
healthcare subjects are equipped by personal computer and internet connections too.

40%
36%
32%

30% 30%
27%

26%

24%
19% 19%
15%

15%

5%

5%

2%
Personal Computer

4Q 2003

Internet Connection

4Q 2004

1Q 2008

2Q 2006

Broadband Internet
Connection
2Q 2007

Fig. 2 Modern ICT in the households
The Second significant condition for researching of Web-based and Mobile Communication
in the Healthcare Sector is number of computers and internet connection in households. In the
picture 2 can be seen that number of these to options is rapidly increased. In the second
quarter of the 2007 thirty-two percents of personal computer and internet connections was
achieved. More significant than number itself is the trend.
81,50%
75,30%

25%

7,70%

Hospitals

Spas

C hemists

Physicians

Fig. 3 Web portals and web pages in the healthcare sector
The third condition is relatively low penetration of web-based portals in the healthcare sector.
In the picture 3 can be seen eighty-two percents of hospitals have their own web pages. But
only nearly eight percents of the independent physicians are used web pages.

1.2 The aim of the contribution
The aim of the contribution is to introduce possibility of using web portals in the healthcare
sector. In the picture 3 can be seen that most significant users of this research should be
independent physicians, which used personal computer and internet connection very often,
but they are not used web-pages. Czech Statistical Office concluded [1] that only eighteen
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percent of physicians is using internet for communication and majority of then is used only
electronic mail (e-mail). E-mail is not appropriate for physician – patient communication,
because is difficult to follow conversation in e-mails.

2 Reasons for web-portals
Web portals are well-known and used by companies and institutions for information sharing
and communications. This contribution deals with two basics processes which are realized in
the healthcare sectors.

2.1 Ordering for the examination
The aim of vision o electronic healthcare is to extend of using modern ICT in healthcare
sector. Therefore electronic ordering is one of the most important possibilities. Nowadays
process of order is realized by standard telephone call, as can be seen in the picture 4.

Fig 4 Standard ordering process
This process is ineffective and is not used very often. In the healthcare sector is more popular
FIFO based system, chronology attendance of waiting patients. These cause long queues in
the waiting-rooms. There is no chance to control time of patients and physicians. Although,
there is possibility of telephone orders, very often patient missed their examination.

2.2 Electronic prescription
The electronic prescription is specific form of physician-patient communication. This form is
based on electronic request for medicament prescription. Nowadays, only physical visit of
physician office leads for medicament prescription. This is time consuming. The second
aspect is control of interference among medicaments which are prescribed.

2.3 Electronic consultation
Possibility of the electronic consultation is the third carrying pillar in of using web portals and
technology. Web portals as usual web-based application allows transferring of multimedia
information – photographs or text information only. The telephone-based consultation in
ineffective on the score of stress. In written form patient and physician should rethink better
their questions and answers.
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3 Solution of the
communication

web

portal

for

patient-physician

The main advantage of solving mentioned topics by web portals is possibility of
asynchronous communication. The asynchronous communication brings time to the
conversations. The main purpose of the contribution is to introduce research goals and this
application is asked by patient. This resulting from the study, which were prepared by
authors. Patient’s claims should be concluded in these areas:
1.
2.
3.
4.

Shortening waiting time for the examination
Simplification of prescription.
Reminder services.
Invitation for prevention examination.

The first requirement should be achieved by built-in scheduler, which allow choose time of
examination which is the best for patient and physician. If is reserved accurate time for
examination number of patient in queue is rapidly decreased. Patient should no come in
advance.
The second, simplification of prescription, is based on electronic request of prescription. The
prescription should be delivered to the selected chemist or it should be collected in the
physician office. The reminder service is based by electronic e-mail or short text messages.
The main purpose of missed examination or consultation.
The last claim is connected to automation of sending invitation for the prevention
examination or for vaccinations. This claim, probably, in based on patients impossibility to
follow these important task, but patients feel obligation to take part in this processes.

3.1 Technology in Use
The proposed system is based as web-based portal. The basic structure of the portal is shown
in the picture 5. This structure brings accessibility from any computer, which is connected to
the internet. Classical three-layer architecture was used for the proposed system. Data layer is
used for storing data and information in the system. The data layer is based on relation
database and group of stored procedures.

Patient

Web Server

Physician

Database Server

E-mail SMS

Fig 5 System architecture overview
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Business logic is in the form of web-based application, which is based on .Net framework.
Use interface is created by using HTML and webforms technology. Webforms are expanded
by using asynchronous javascript and xml. The web portal is unpretentious of client
technology. It should be expanded during implementation.

3.2 Communication channels
Communication in web portal will be based on the internet – by using webforms. Other
possibility is e-mail which will be process automatically or short text message. Short test
messages are planed for reminder services.

3.3 Basic use cases
New Ordering/Scheduling Aproach

Patient
Web Messaging System

Common Ordering/Scheduling Aproach

Patient

Physician Asistent

Fig 6 Basic use cases
The proposed system is based on webform filling. Patient should choose type of request and
this request is stored into database. Patient chooses term of meeting too. Patient chooses from
free term and checked type of request. If there is no corresponding request, term is assigned
by physician’s office.
Patient should also cancel the meeting, but only in defined time in advance. Text case is
reminder services, which informs patients that his meeting will be. In time, when patient
comes to the waiting room, electronic attendance will be used by him. Touch-screen terminals
or some forms of smart cards are proposed

4 Discussion
The aim of this contribution was to introduce research topic in field of electronic healthcare,
which is solved by head author. This contribution is in accord with trends in electronic
healthcare and introducing web portal for patient – physician communication. This portal
makes communication faster and simpler. Particularly in examination ordering, electronic
prescription and consultation. Motivation for this research is growing popularity of modern
ICT in healthcare sector and in households.
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Further research is focused on creating prototype of web-portal and on integration with
electronic health records.
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Disclosure Emission Analyses for Expanded Design Flow of
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Marcin Szelest
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Marcin.Szelest@gmail.com
Abstract: Correct design of FPGA or ASIC chips, which are side-channel attack proof
(SPA, DPA, EMA, SEMA) is very complex task. Currently there is no software capable to
predict how big disclosure emission will be in the real implementation. This article gives
answer how predict electronic emanation from silicon device at early stage of design flow.
For this purpose dedicated software, which is capable to do simulation of disclosure
emission for synthesable RTL description, was developed.

1 Introduction
Despite big miniaturization of silicon devices their construction does not provide them against
reverse engineering. Many proven techniques of attacks were discovered recently, some of
them require very well equipped labs but some of them can be applied at home. One of the
most dangerous techniques are side channel analyses [1, 2, 3, 4, 5, 6] because they does not
require sophisticated measurement tools. General principle of this method is based on
observation power pulses of silicon device during normal operation. Pulses are generated in
CMOS digital gates during switch between two states. This pulses can be observed as power
supply fluctuation or as electromagnetic emanation. Analysis of this pulses intensity give
information about internal state of silicon device which can be very useful for algorithm
braking. In fact side-channel analyses base on imperfection of implementation rather then
mathematic algorithm bugs.
Author's researches are focused on methodology, which can minimize susceptibility to sidechannel attacks. It is possible to predict disclosure emanation even on RTL abstraction level
[7]. For this predictions some specialized software was developed with proposal of default
design flow enlargement which takes disclosure emission into consideration.

2 Design Flow which takes disclosure emission into
consideration
In [7] I have proposed modification of default design flow. Implementation of enlarged design
flow is shown on Fig.1 as relation between intermediate result files and HDL tools.
In the first stage of analysis, RTL model is processed by any synthesis tool to obtain two
result files after synthesis and implementation: netlist and SDF (Standard Delay File) file.
These files are used for post place&route simulation. During this process, changes of all
signals from the netlist are extracted and stored in VCD (Value Change Dump) file.
Simulation and synthesis can be done with use of any available synthesis and simulation tool
which is capable to generate netlist and SDF file (synthesis tool) and which is capable to
simulate netlist with SDF file. According data stored in VCD file (Fig. 2), one new result
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signal is added to this VCD file. This signal is analog representation of disclosure emission. It
can be treated as:
z power supply fluctuation
z intensity of electromagnetic emanation
The result signal is calculated with use of
simplified mathematic emanation model. This
model is dependent on netlist: weights of signals
are derived automatically from the netlist
structure. Detailed rules for weights computation
will be described in separate publication in near
future.
The result VCD file can be observed in any VCD
viewer software. Possibility of observing
disclosure emission on standard RTL simulation
waveform makes easier HDL interpretation in
aspect of disclosure emission.

Fig 1: Illustration of cooperation
between Disclosure Emission Analyzer
and HDL tools.

3 Implementation requirements
Before implementation of Disclosure Emission Analyzer some researches about design flow
in IP Core company (Evatronix S.A) were taken. As result of this researches following
requirement were defined:
z ease of integration with standard design flow
The integration should be possible as for new projects as for old ones, which were
developed without any knowledge of extended design flow.
z good cooperation with different simulation tools
IP Core provider must deliver designs which are compatible with wide spectrum of
HDL tools, because customer can use any combination of them.
z good cooperation with different synthesis tools
z possibility of using extended design flow on three most popular platforms (Windows,
Linux and Unix) without need of any additional work
z two interfaces for tool: text-based for easy scripting and GUI for easy use
z effective and easy to interpretation visualization of results
To met all of mentioned requirements implementation in script language(Perl with Tk) were
selected. Thanks to it comfortable computation of intermediate text files is possible as good as
multi-platform usage availability.
Fig. 2 shows view of Disclosure Emission Analyzer tab, which is used for defining weight of
switch for any signal extracted from VCD file. This weight can be set manually or derived
automatically, thanks to mentioned before mathematic model.
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Fig 2: Disclosure Analyzer configuration tab. Signals are extracted from post
place&route simulation result (VCD file).

4 Disclosure analysis example
As example application for Disclosure Analyzer, minimal version of VGA display controller
has been chosen. This controller consists of two counters and severals comparators which
drive synchronization signals. When counter reach defined value synchronization signal is set
as long as this value mets range defined in comparator. When value of counter exceeds
defined range, synchronization signal is cleared and after some time (defined by other
comparator), counter is reloaded. This mechanism is implemented for horizontal and vertical
synchronization. Comparator values for many typical resolutions are defined in VESA
Standard.
On Fig.3 Disclosure Analysis results are presented. The first waveform presents emission
predicted only according RTL description. The second one presents emission predicted
according results of post place&route simulation. For both results supposed that all transition
has got same weight equal '1'. Please note that differences between Disclosure Emission of
RTL and post place&route model are significant – it means that RTL simulation is not
detailed enough for disclosure analyses.
Ability to observing insensitivity of disclosure emission, as result function of RTL signals, on
the same waveform makes possible easy identification of vulnerability for current design.
Please note marked area on Fig.3 described as “disclosure emission warning”. This region of
waveform is especially dangerous from security point of view. Disclosure Emission Analyzer
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gives possibility to predict this error in early stage of design flow, so it can be discussed and
fixed before entering to more expensive stages of design flow.

Fig 3: Result waveforms of predicted disclosure emission ("rtl:estymacja",
"ppr:estymacja") with reference signals from RTL description.

5 Summary
It is possible to predict disclosure emission before real implementation of projected device.
Due small switching accuracy of RTL simulation model, this prediction can be made with use
of post place&route simulation model. Disclosure Emission Analyzes can be easily integrated
with standard design flow to obtain optimal design path for secure devices.

6 Further work
Further work will be focused on more detailed mathematic model for CMOS technology and
on countermeasures against side-channel attacks.
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Abstract: In this paper I proposed a current-mode operating analog multiplying structure.
The designed circuit is analyzed in detail using a Spice simulation medium. Demonstrating
its proper functioning makes the circuit a good solution for the implementation of the
weighting modules in the hard implementations of the statistical mathematic algorithms
like: Support Vector Machines (SVM) and Artificial Neural Networks (ANN).

1 Current-Mode Circuits
Starting with the last decade, power dissipation is turned to be an important constraint in
electronic design. As an example battery-powered systems such as laptop/notebook
computers, electronic organizers, video cameras, photo cameras, cell phones etc., need a
longer time of use without recharging their batteries.
Low-power design is not only needed for portable applications but also to reduce the power of
high-performance systems. Because of their large integration density and improved speed of
operation, systems with high clock frequencies are emerging. The cost associated with
packaging, cooling and fans required by these systems to remove the heat is increasing
significantly.[1]
It is well known that the information processed by an electric circuit can be represented by
either the nodal voltages or branch currents of the circuit. The first form of representation is
referred as a voltage-mode circuit, and the second one as a current-mode circuit. Together,
they offer a complete description of the behaviour of the circuit.
Although, both concepts of the ideal current-mode circuits and the ideal voltage-mode
circuits were emerged approximately 40 years ago, the last one gain more attention over the
years.
The voltage-mode circuits gained popularity because some of their properties like: (a) the
nodal voltage can be measured easily by using voltmeters without modifying the topology and
affecting the operation of the circuit, contrarily with the measurement of the branch currents
of the circuit which are less convenient and often requires a change of the configuration of the
networks or additional circuitry, (b) the infinite gate impedance of the MOS transistors makes
these devices an ideal choice for the implementation of voltage-mode circuits, especially in
cascade configurations, such as multi-stage voltage amplifiers, (c) high voltage gain circuits
can be obtained from voltage-mode circuits using techniques such as cascodes and regulated
cascades, (d) in the past the high supply voltages were not a concern of low-voltage design,
(e) at high voltages the switching noise was not a critical issue, (f) low speed requirements
permit the charge and discharge of nodal capacitors over a long period of time.[2]
Processing currents rather than voltages offers great advantages in performing linear or
nonlinear computations simply and efficiently. It allows the decreasing of power supply
voltages and the extending of processing frequencies by reducing the inner voltage swing and
internal node impedances.[3]
The image processings and especially the image classifications start to be a very useful tool in
a lot of scientific activity domains. For the image classification processes based on the
statistical mathematic algorithms like: Artificial Neural Networks(ANN) and Support Vector
Machines(SVM). These algorithms involves a huge amount of computings in both of their
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processes: the training process and the classification process. Because of these computing
problems, the software implementation of the algorithms developed on regular processors will
process the data in a non-ignorable amount of time. It is well known that in most cases the
decision time is crucial. The implementation on dedicated digital processors was limited by
the reduced amount of resources of these kind of processors. A very good alternative for the
digital systems are the dedicated analog massive parallel processors, which can process a very
large amount of data, at high frequencies and with low-power consumptions.

2 The Proposed Analog Current-Mode Multiplying Cell
A large class of current-mode circuits are functioning on the translinear principle (TLP). This
concept is based on the transconductance which is linear/proportional with a current or
voltage signal. The translinear principle has two definitions, one for the exponentional law
translinear elements (bipolar transistors and MOS transistors in active weak inversion
operation region), and the other one for the square law translinear elements (MOS transistors
in saturated strong inversion operation region).[4][5][6] Our paper subject is based on the
second translinear principle. In this case the transconductance is proportional with the gatesource voltage:
g m ∼ VGS
(1)
In Fig.1 is presented the proposed current multiplier. The translinear circuit is the second
block formed by transistors M1÷M10. The first block based on transistors M11÷M22
implements the difference between currents (Ia+Ib) and (Ic+Id), currents obtained from the
translinear block.

Fig. 1 The schematic of the proposed multiplying cell
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Applying the translinear principle on the loops formed by the transistors (M1,M2,M3,M4),
(M1,M2,M6,M5) , (M1,M2,M8,M7) şi (M1,M2,M10,M9) we can write:
⎧ IB
= 2 Ia
⎪2
⎪ m
⎪ I
⎪2 B = I x + I y + I 5 + I 5
⎪ m
(2)
⎨
⎪2 I B = I + I + I
7
7
x
⎪ m
⎪
⎪ IB
⎪2 m = I y + I 9 + I 9
⎩
where „m” is the reflection coefficient of the current mirror formed by transistors
(M2,M4,M6,M8,M10).
The system equation (2) can be rewritten like this:

Ia =

(4 I a − I x − I y ) 2
(4 I a − I 9 ) 2
(4 I a − I x ) 2
IB
; I9 =
; I7 =
; I5 =
16 I a
16 I a
m
16 I a

(3)

Resolving the system equation (3), we obtain the output current in next form:
m
I out = I a + I b − I c − I d =
IxI y
8I B

(4)

The assessed constrains of the system equations are valid for the good functioning of the
circuit :
4 ⎤
⎡ 4
I x , I y , I x + I y ∈ ⎢− I B ; I B ⎥
(5)
m ⎦
⎣ m
We considered the polarization current IB=50μA. In this case, we dimensioned the transistors
depending on the reflection coefficient „m” and in the same time to ensure the active stronginversion operating mode of all the transistors from the circuit, necessary for the square-law
translinear principle. Transistors sizes are presented in Table 1.
Table 1 Transistor sizes for the circuit from Fig. 1

W(μm)
L(μm)

m=1
10
2

M1,M2
m=2
20
2

M3 ÷ M14 M15 ÷ M22
m=4
40
2

10
2

30
2

The theoretical domain of function and the output current for different values of „m” are:
for - m=1 => Ix, Iy, Ix+Iy Є [-200,200]μA and Iout=IxIy/8IB
- m=2 => Ix, Iy, Ix+Iy Є [-100,100]μA and Iout=IxIy/4IB
- m=4 => Ix, Iy, Ix+Iy Є [-50,50]μA and Iout=IxIy/2IB
In each „m” particular case we analysed the real(practical) input domain of function and
output current of the circuit using DC profile simulations. The results of these analysises are
compared to the ideal(theoretical) results. For the DC analysis we choosed:
for - m=1: Ix Є [-50,50]μA and Iy Є {-30,-10,10,30}μA
- m=2: Ix Є [-50,50]μA and Iy Є {-25,-10,0,10,25}μA
- m=4: Ix Є [-30,30]μA and Iy Є {-20,-10,0,10,20}μA
B

B
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Fig. 2 DC analysis of the proposed circuit from Fig. 1, for m=1

Fig. 3 DC analysis of the proposed circuit from Fig. 1, for m=2

Fig. 4 DC analysis of the proposed circuit from Fig. 1, for m=4
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For all the three cases presented in Fig. 2,3 and 4 we were interested in the interval values of
Ix where the simulation graphics presented a linear characteristic. Thus the picked intervals in
each situation are:
for - m=1: Ix Є [-30,30]μA
- m=2: Ix Є [-50,50]μA
- m=4: Ix Є [-15,15]μA
To verify the validity of the circuit we choosed a few analysis points, from the above
intervals. For each analysis point we read the output current value from the simulation. These
simulation values are presented in Table 2,3 and 4 in the columns noted with „sim”.
Table 2 Analysis points for m=1
Ix[μA]
-30
-20
-10
0
10
20
30

for Iy=-30μA
ideal
2.25
1.5
0.75
0
-0.75
-1.5
-2.25

Sim
1.97
1.46
0.88
0.22
-0.48
-1.22
-1.96

ΔE[%]
12
2.6
17
22
36
18
12

for Iy=-10μA
ideal
0.75
0.5
0.25
0
-0.25
-0.5
-0.75

sim
0.88
0.62
0.34
0.07
-0.17
-0.42
-0.67

Iout [μA]
for Iy=10μA

ΔE[%]
17
24
36
7
32
16
10

ideal
-0.75
-0.5
-0.25
0
0.25
0.5
0.75

sim
-0.49
-0.35
-0.17
0.02
0.25
0.48
0.72

ΔE[%]
34
30
32
2
0
4
4

for Iy=30μA
ideal
-2.25
-1.5
-0.75
0
0.75
1.5
2.25

sim
-1.96
-1.32
-0.69
0.01
0.72
1.46
2.24

ΔE[%]
12
12
8
1
4
2.6
0.4

Table 3 Analysis points for m=2
Ix[μA]
-50
-40
-25
-10
0
10
25
40
50

for Iy=-25μA
ideal
6.25
5
3.12
1.25
0
-1.25
-3.12
-5
-6.25

sim
5.55
4.53
2.90
1.19
0.004
-1.23
-3.23
-5.47
-7.09

ΔE[%]
11.2
9.4
7
4.8
0.4
1.6
3.5
9.4
13.4

for Iy=-10μA
ideal
2.5
2
1.25
0.5
0
-0.5
-1.25
-2
-2.5

sim
2.29
1.86
1.19
0.49
0.001
-0.51
-1.35
-2.29
-2.98

Iout [μA]
for Iy=10μA

ΔE[%]
8.4
7
4.8
2
0.1
2
8
14.5
19.2

ideal
-2.5
-2
-1.25
-0.5
0
0.5
1.25
2
2.5

sim
-2.35
-1.92
-1.24
-0.51
-0.001
0.55
1.45
2.47
3.17

ΔE[%]
6
4
0.8
2
0.1
10
16
23.5
26.8

for Iy=25μA
ideal
-6.25
-5
-3.12
-1.25
0
1.25
3.12
5
6.25

sim
-6.12
-5
-3.22
-1.36
-0.002
1.45
3.86
6.46
8.07

ΔE[%]
2
0
3.2
8.8
0.2
16
23.7
29.2
29.1

Table 4 Analysis points for m=4
Ix[μA]
-15
-10
-5
0
5
10
15

for Iy=-20μA
ideal
3
2
1
0
-1
-2
-3

sim
2.66
1.86
0.98
-0.002
-1.06
-2.21
-3.45

ΔE[%]
11.3
7
2
0.2
6
10.5
15

Iout [μA]
for Iy=-10μA
for Iy=10μA
ideal
1.5
1
0.5
0
-0.5
-1
-1.5

sim
1.45
1.01
0.52
-0.002
-0.58
-1.19
-1.85

ΔE[%]
3.3
1
4
0.2
16
19
23.3
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ideal
-1.5
-1
-0.5
0
0.5
1
1.5

sim
-1.72
-1.19
-0.61
-0.002
0.65
1.33
2.01

ΔE[%]
14.6
19
22
0.2
30
33
34

for Iy=20μA
ideal
-3
-2
-1
0
1
2
3

sim
-3.67
-2.53
-1.3
-0.002
1.33
2.66
3.93

ΔE[%]
22.3
26.5
30
0.2
33
33
31
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The columns noted with the „ideal” mark from Tables 2,3 and 4 presents the desired results
for the simulations in the picked analysis points. The differences between the ideal and the
simulated results is noted with ΔE and are expressed in percents. The proper operation values
are those where ΔE is close to 0. For each particular case of m, we can see that the operation
values are different. In the case of m=1, the positive input values offer the best operation
possible. In the case of m=2 and m=4, we can choose different intervals for the input values
where the ΔE has a desired value.
The proper operation of the proposed circuit was tested with a transient analysis too, in the
following conditions: m=2, Ix= 25sin(2π*103)][μA], Iy= 10sin(2π*103)[μA]. The simulation
results are presented in Fig.5. The marked points of the simulations respect the results
obtained during the DC analysis (Table 3)

Fig. 5 Transient analysis of the proposed circuit from Fig. 1

3 Conclusions
The scope of the present paper work is to bring new solutions for the analogic implementation
approach of some building blocks used in the hard implementation of the statistical
mathematic algorithms (SVM,ANN). The proposed multiplying cell can be used for the
weighting module from these algorithms. The analysis made on the circuit shows the proper
input values for a good functioning of this. The main advantage of the circuit is the fourquadrant operation, which means that the input signals(currents) can be bidirectional (positive
or negative). The input signals domain must respect relation (5) conditions, but in the same
time must assure the active strong-inversion operation mode of all the transistors.
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Abstract: The article describes useful power converters for electrically driven vehicles with
more power supply. Cooperation supply units and mainly using the braking energy
increase efficiency of the vehicle and improve energy balance in comparison with other
electric or conventional cars. Reaching these features of vehicles is possible with the help
of modern power converters that are controlled with a fast processor. These
microcontrollers can process control algorithm in real time. Power components of the
converters described in this article include new elements such as an ultracapacitor battery
or a liquid cooler for power switching modules. These new modern converters were
realized and operated at the laboratory of the Department of Electronics. The application of
these new systems into vehicles develops new potential or possibility for utilization power
converters in automobile industry.

1 Introduction
The ability to accumulate energy acquired by recuperation is able to increase movement
efficiency of electric vehicles. Because classical electrochemical accumulators have low
efficiency and dynamic, it is possible to use ultracapacitor technology. The advantage of this
technology is the capability to take and hold very fast change of energy and it is available for
very dynamic application. Charging
and discharging of a ultracapacitor
battery is controled by a specific
converter. Traction motor is able to
supply two way power.
The operation of hybrid cars has
three change energy modes: traction
battery charging,
during vehicle
acceleration or steady drive and
braking, or a downhill drive.
In the first case vehicle stands and is charging from a distribution network or from an electric
aggregate. Although the vehicles is able to get energy while braking or driving down the hill,
or from a fuel cell, charging the traction battery from distribution network is the main power
supply for moving vehicles. In the second case, vehicle accelerates. The inductive motor is
supplied from two ways. The first goes through blocks (Fig.1): traction battery → inverter;
the second: fuel cell → converter with ultracapacitors → inverter. In case of braking or
driving down the hill the motor operates as a generator.
Construction of a hybrid vehicle was realized in these blocks (Fig. 1.):
The inverter for the main vehicle traction
The converter with ultracapacitors
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2 Inverter for main vehicle traction
The construction of the inverter is conformed with the location in the vehicle. The reason for
using a liquid cooler with the inverter is its smaller dimension, better heat dissipation and
because the induction motor Siemens was used with liquid cooling, too. The converter has a
good mechanical ruggedness, high degree of protection (IP) and takes EMC (electromagnetic
compatibility) into account. The mechanical ruggedness and high IP is reached by a specific
construction of a metal sheet, sealing tools and brass cable grommet. The mechanical
construction and component placement were made with the help of power CAD software with
3D visualization. In the inverter, there is a control system with microcontrollers Freescale
MC56F8037 that is connected with the outer computer by a data cable with industrial
connectors.

2.1 Description block scheme (fig. 2.):
Protection – The inverter is protected by
two knife fuses with a PN000 dimension
for nominal current 160A.
Input contactors – There are used three
contact components by ABB Company
in the application. The main four-pole
contactors are for nominal current 200A.
Capacitors battery – The converter’s
DC-link is created by four electrolytic
capacitors with a total capacity 1880μF.
Fig. 2. Inverter block diagram
Braking
resistor
–
There
is
implemented only a transistor module for braking circuit in this converter, the braking rezıstor
ıs realized as an external additional power rezistors.
Power transistors module – The converter is fitted with modern non-potential modules SPTIGBT - three modules with two transistors as a half bridge, used for 3-phase inverter, and one
module for a chopper. These modules are by Semikron type SKM300GB128D.
IGBT drivers – Semikron type SKHI22AH4 drivers are used in this application. This type is
a dual driver for power transistors IGBT or MOSFET with dead-time generator and saturation
protection for fast switch-off transistors in case of over current or short-circuits.
Measuring voltage and current sensors – There are installed two kind sensors by Swiss
company LEM in the power part of the converter. Four current sensors type LA205 (one for
DC-link and three for output phase) and one voltage sensor type LV25-600 (for measuring
voltage on DC-link).
Control system – For the control inverter is used a Freescale 56F8037 microcontroller, which
is integrated in shielding metal sheet box under the top of the inverter’s cover.

2.2 Inverter’s parameters
Nominal input voltage ...............Ud = 240V
Nominal output current..............IOUTn = 65A
Nominal power ..........................POUTn = 18kW
Dimension (w x h x d) ...............404 x 277 x 340mm
Weight........................................40kg
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2.3 Construction of inverter
The inverter was designed with the help of 3D CAD
(Fig. 3) for its faster and more effective construction.
The 3D converter model was sketched with this
solution, so it was possible to get the drawing or
multimedia video presentation easily.
In picture 4, there is photo of a complete inverter
without a cover. There is a liquid cooler in the lower
part, a 20mm aluminium board with dimension 215 x
300 mm with drilling holes for cooling liquid flow.

Fig. 3. 3D Inverter model
Power contactors

Control system
Voltage sensor

Disconnector - fuse

Control module
for contactors
Current sensor

In/out terminal

Industrial connectors

Inlet & Outlet
cooling liquid

Power supply
Liquid cooler
IGBT drivers
IGBT modules Capacitors

Fig. 4. Final converter assembly and inverter’s front panel
Both mechanical (testing tightness liquid cooler,
position metal sheet part, suitable lead cable
assembly, etc.) and electrical functions, i.e. the
function of individual modules, were tested before the
first testing operation of the inverter.
The inverter was connected to the
induction motor at the final
measuring (Fig.5., 6.) and his
function was tested with load.
Fig. 5. Three-phase
output current
Fig. 6. Output line voltage
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3 Converter with ultracapacitor
3.1

Basic description

The most important function of the converter with ultracapacitor is in adapting voltage level
of the source (fuel cell), accumulator of energy (ultracapacitor battery) and load (dc inverter
with induction engine). There are auxiliary blocks for the progress converter in the lower part
of (Fig. 7.). All voltage levels are DC,
because buck and boost pulse DC/DC
converters were used. The load can supply
and take off energy, so it is connected to the
ultracapacitor battery by two-quadrant
converters with reversing of current. Buck
converter for charging is working only in
one – quadrant because full cell can’t
recuperate energy.
Fig. 7 Block diagram of converter with ultracapacitor

3.2 Simulation function of converter
Before the construction, the power circuit was simulated by software Orcad-PSpice. All
operating states were simulated. Results are
shown on figure 8, where may be seen matching
1
2
3
4
current of the source (red colour), current of the
Load current Ultracapacitor
ultracapacitor (green) and current of the load
current
(blue). The part labeled 1 indicates the charge of
Input current
the ultracapacitor from the source. In the next
part 2 flows current into the load from the source
and the ultracapacitor. In the semi-final section 3,
the load is disconnected and the charge is
repeated and in the last part 4, waveform shows
recuperation.
Fig. 8 The simulation of converter power circuit

3.3 The construction of the converter
Drivers
and

Power board

Controler
board

Disconnectorfuse

Ultracapacitors
battery
Measuring board

Current
sensors

The converter contains a MOSFET
semiconductor, inductors, disconnectorfuses,
sensors,
auxiliary
circuits,
controling board, and, of course, an
ultracapacitor battery. Pulses for transistor
generating drivers with galvanic separation
are realized by optoelectronic element and
DC-DC converters. The connection of
passive and active components is
implemented through printed circuit board.
The cooling is supplied by an aluminium
profile with the support of a ventilator.
The converter, including the auxiliary
circuit, can be supplied from the external

Fig. 9 Construction result converter
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source or energy the ultracapacitor battery.
The converter is controlled by a Freescale 56F8023 “hybrid microcontroller“, of which
computing power exceeds the requirements of this application. In order to provide a
regulation process, two voltages and three currents are measured in the power circuit. Voltage
is measured by differential amplifier with high input resistance; current is measured with help
of Hall sensor by LEM company. Described values are digitalized by AD converters.

3.4 Regulation of converter
The main control system contains two independent feedback blocks. The first block secures
the automatic charging ultracapacitor battery to choose the range voltage by defined circuit.
The second block self-controlles the output voltage to desired value, and contains internal
current control loop. There is a
defined hysteresis around the
desired value voltage to prevent too
often switching between mode bust
and boost converter. The controlling
process is sped by signal from the
load circuit, so that charging or
discharging starts immediately after
the location circuit in output and the
exact voltage control is provided by
the voltage measuring.
Fig. 10. Block diagram control structure

3.5 Description of control algorithm
The regulation algorithm was written in a programming language C, in a development
environment called Code Warrior, included in a Freescale 56F80xx processor package. The
initialization and the set-up of offsets of AD converters are done at the beginning of algorithm
execution. Then the back program is started-up, which can be break by the interrupt timer, the
AD converter, pressing the button, indicating setup parameters, or event failure. All PI type
controllers were made with help of MCLIB library. Software FreeMaster can be used to
display interior variables. The serial interface was used to communicate with the controller
board.

3.6 Basic parameters of converter
converter parameters:

output parameters:

dimension ................ 179x438x353mm
IP code ...................... IP 44
weight ....................... 25kg

nominal output voltage.....60V
nominal output current .....20A
nominal output power ......1,2kW

input parameters:

ultracapacitor battery parameters:

voltage range ........... 20 – 55V
maximum voltage ..... 60V
maximum current...... 50A

nominal capacity ..............176F
maximal energy................186kJ
maximal voltage...............46V
resistance battery..............10mΩ
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3.7 Designed required capacity of Ultracapacitor battery
The required capacity of the ultracapacitor battery was calculated for a selected driving
manoeuvre – overtaking the vehicle. The capacity was set to shift the vehicle kinetic energy.
The designed ultracapacitor cell was purchased and its total energy exceeds selected driving
manoeuvre.

3.8 The main waveforms of the converter
Actual

Desired

load

Boost converter

Buck converter

Desired

Actual

Fig. 11. Measuring waveform.
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Abstract: The wireless communication happens to be the key technology for many current
industrial applications. Its fast and reliable implementation is also integral part of robotsoccer application. It allows the remote control of robotic team. The paper deals with the
ways of implementation of the wireless technology in the embedded devices and with
design of suitable communication protocol for robot-soccer application. It is shown one
possible implementation by using industrial transceivers by Nordic Semiconductor at ISM
band frequencies.

1 Robot-soccer
The robot-soccer is a game similar to football. The main difference is that instead of human
players, it is played by robots. There are many different robot-soccer leagues. The robotsoccer team of VŠB-TU Ostrava takes part in MiroSot Middle category. In this league, the
team consists of five robots. The size of pitch is 2.2 meters x 1.8 meters. The digital camera is
hung 2.5 meters above the pitch and it screens the whole pitch. Robot sizes are limited to
7.5cm x 7.5cm. An orange golf ball is used as a ball. The robots are marked by colour
markers, the combinations of these colours are evaluated in captured image from the digital
camera and the position and the angle of every robot is determined by this way. The orange
colour is forbidden to use as a colour maker. The yellow and blue colours are reserved as
team colours. The positions and angles that are obtained from image recognition system are
used by strategic control system. This system computes the desired actions of robots. These
actions are sent using the wireless communication system to the robots on the pitch. The
whole control chain has to have minimal computation and communication delay.

2 Wireless Communication System
The wireless communication is the basic part of robot-soccer application. Its purpose is to
transport information from the stationary control system that is usually based on PC platform
to the mobile robots – the football players. The communication proceeds usually in both
ways. The information about desired actions is transmitted to the mobile robots and the status
information is transmitted back to the stationary control system. The characteristics of this
information have the main influence on the communication protocol design. The data that are
transmitted to the mobile robots are time critical and any delay has a bad influence on the
system behaviour. E.g. image data that are one second old does not carry valuable information
about situation on the pitch if we consider that robots can easily reach the velocity 1 meter per
second and the pitch has dimensions 2.2 meters x 1.8 meters. This is the reason why the
communication direction from stationary control system to the mobile robots is the preferred
direction and it has the main influence on the communication design.
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2.1 Transceiver Nordic nRF24L01
Nordic nRF24L01 is the single chip transceiver that uses the globally available 2.4GHz ISM
frequencies. It can reach up to 2Mbps on air data rate. It is air compatible with the previous
generation of nRF24xx transceivers from Nordic Semiconductors. The version with integrated
microcontroller based on Intel 8051 is also available.
The transceiver operates in two modes. The first one is the Enhanced ShockBurst mode and
the second is the ShockBurst mode that is backwards compatible with previous generation of
transceivers. Both modes transmit packets up to 32 bytes. The CRC8 or CRC16 algorithm can
be used to ensure the data integrity. It is possible to create multiple logical channels within
one frequency channel. The data are than distinguished using logical addresses. The length of
logical address can be set from 1 to 5 bytes. The transceiver nRF24L01 can receive
simultaneously on up to 6 logical channels. [1]
2.1.1 Enhanced ShockBurst Mode
The Enhanced ShockBurst mode creates the reliable communication channel between two or
more transceivers. It has functions and tools for the automatic packet handling, auto packet
transaction handling and automatic retransmissions. These functions allow creating a reliable
communication channel and they are realised by hardware implementation, therefore they are
transparent to the user application. [1]
2.1.2 ShockBurst Mode
The ShockBurst mode creates the unreliable communication channel. The flow control is
fully controlled by user application. In this mode, the user data are transmitted immediately
with no respect to success or failure of previous data transmission. This mode is more
appropriate for time critical applications, if it is possible to accept the fact that not every
packet reaches the destination. [1]

2.2 Communication protocol
The data structure analysis is the first step in communication protocol design. This step
consists of defining the minimal required data and its structure that is needed to transmit
instructions to the mobile robot. In the MiroSot robot-soccer category, it is needed to transmit
information about required frequency of revolution for both motors. This information required
at least 1 byte per motor, but we use 2 bytes to achieve better resolution and accuracy. In the
following it is required 1 byte for multiple command determination, e.g. turning robot off,
reading battery power status etc. And finally, one byte is needed to distinguish between the
several robots on the pitch. The logical channel addresses can be used for this purpose and we
can spare one byte and reduce the transmitted packet length.

2.3 First Generation of Wireless Communication System
The first generation of wireless communication protocol was based on unicast addresses.
Every controlled mobile robot had its own logical address. The communication ran over one
frequency channel. See Figure 1. The data part of packet consisted of one control character (1
byte) and two words that carried the required left and right motor revolutions (total 4 bytes).
The packet structure is shown in the Figure 2.
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The hardware was based on the first Nordic transceiver generation nRF2401. In the mobile
robot, the standalone transceiver was used. The SPI serial bus was used for communication
with embedded microcontroller. The transceiver with integrated microcontroller compatible
with Intel 8051 was used on the part of stationary transmitter. The USB serial bus was used to
carry communication between the transmitter and PC. The advantages of this solution are
flexibility and simplicity. The separate logical address for every robot allows any
transmission order of the control data. [2]
This system of wireless communication is suitable for the first steps in the robotic application
development. The weaknesses of this solution have appeared during the improving of the
control system. Probably the biggest
weakness is that the communication
Transmitter
delay depends on the order in that the
robots are served. This problem is
multiplied by using the transceivers with
integrated
microcontroller.
These
integrated microcontrollers have very
limited computational resources, mainly
LC 1
LC 2
LC 3
LC 4
FC 1
FC 1
FC 1
FC 1
the RAM memory size. The size of RAM
memory does not allow storing the bigger
amount of messages in buffer. It is
needed to receive a message from PC,
transmit it to the mobile robot and then
Robots
receive another message. If we realise
Forward and backward channel
that the scheduler period of operating
FC
Frequency channel
system (Windows XP) is not infinitely
LC
Logical channel
small, we get the period between two
Fig. 1 Channel assignment (1.generation)
messages about 1 millisecond without
regards
to
communication
line
bandwidth. Another disadvantage is that the logical address has to be transmitted for every
message which further increases the message delay.

Fig. 2 Packet structure (1. generation)

2.4 Second Generation of Wireless Communication System
During the development of the second wireless communication system, we tried to eliminate
the problems that appeared in first generation. The previous conception happened to be the
weakest part of control. The second generation of transmitter is not built on transceiver with
integrated microcontroller but it is built
on 16-bit microcontroller Freescale
HCS12 and two standalone transceivers
Nordic nRF24L01 that communicate
using the SPI serial bus with MCU. See
Figure 3. The unicast addressing scheme
was abandoned and the multicast
addresses are used. See Figure 4. The
Fig. 3 Block diagram of transmitter (2. gen.)
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multicast receive group consists of 5 or 6 robots. The multicast packet length is 25 or 30
bytes. The multicast logical address determines the robot group and the order of data within
the frame of the packet determines the robot. The packet structure is shown in the Figure 5.
[3][4]
Two transceivers utilize two frequency channels. The first one is used for control data
transmission to the mobile robots and the
second one is used as a backward status
Transmitter
information channel. The backward
communication can not collide with
control data transmission. During the
LC 1
game 11 versus 11, it can be used as the
FC 1
second control channel transceiver. The
HCS12 microcontroller manages to save
large number of messages in the buffer.
LC 13
LC 14
FC 2
FC 2
The problem with operating system
scheduler is not to take place. The usage
LC 11
LC 12
FC 2
FC 2
of two transceivers eliminates the times
that are required by the switch between
receiving and transmitting. The new
microcontroller also allows increasing the
Robots
communication
channel
bandwidth
Forward channel
between the transmitter and PC.
Backward channel

FC

Frequency channel

LC

Logical channel

The disadvantage is that the mobility of
logical addresses is limited. One logical
Fig. 4 Channel assignment (2.generation)
address is assigned to one group of mobile
robots. This problem can be figured out on
application layer. The broadcast address can be use to send the configuration message of
group assignment and position within the group. The flexibility can be achieved by this way.

Fig. 5 Packet structure (2. generation)

3 Conclusion
The new wireless communication solution reduces significantly communication delay
between the stationary control system and mobile robots. That was the main target of new
design. Two used transceivers require broader frequency band. The required band is doubled
by transmission rate 1MBit and it is four times broader by transmission rate 2MBit. This can
cause certain problems with disturbed ISM band.
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Abstract: This paper considers an alternative approach to the problem of mathematical
model parameter estimation of cell signaling pathway. Based on the model of NF-κB
signaling pathway will be presented an algorithm which is able to minimize an error
function over a space of parameters. The NF-κB model is characterized by the set of
nonlinear ordinary differential equations which gives continues in time results on the
output. Fitting of model parameters is difficult due to measurement method of real
experiment where results are taken only in discreet time moments. An aim of this paper is
to examine properties of the LM algorithm to parameter estimation of cell signaling
pathway model application.

1 Introduction
Cell signaling is a part of complex system of communication that governs basic cellular
activities and coordinates cell actions [1]. Capability of cells to process and correctly respond
to input signals and environment is fundamental issue in proper tissue development, repair
and immunity. Any errors which can appears in cell signal processing can be responsible for
many serious diseases such as cancer, autoimmunity or diabetes.
Experimental analysis of the cell signaling networks is constrained by limitation of available
measurement techniques like western blot, northern blot or electrophoretic mobility shift
assay (EMSA). These techniques are able to store concentration of required proteins only in
discrete and non-uniformly distributed time moments. This restriction makes reasonable
creating mathematical models of cell signaling networks and their later analysis which can
help in better understanding of processes performed inside a cell and dynamic reactions that
takes a place between cells.
Mathematical model of cell signaling pathway is usually described by sets of ordinary
differential equations. They are cascades and feedback loops that contain a lot of coefficients
what makes computational analysis complicated. With mathematical models of biological
dynamic processes are also related other problems. One of them, optimization problem is
addressed in this paper. We will focus on those aspects of cell signaling network models using
Hessian based Levenberg-Marquardt (LM) iterating method. Properties of LM algorithm to
parameter estimation of NF- κB regulatory module will be examined. Mathematical model of
NF- κB signaling pathway proposed by Lipniacki [2] will be taken into consideration.
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1.1 Mathematical model of NF-κB regulatory module
Mathematical model of NF-κB regulatory system presented below was developed based on
experiments performed by Lee [5] and Hoffman [4] on mouse fibroblast. Model is activated
by input signal (TR) represented by persistent tumor necrosis factor (TR) pulse which takes
boolean values 1 or 0. Model contains 15 non-linear differential equations as follows:

y&1 = k prod − k deg y1 − TR k1 y1

(1)

y& 2 = TR k1 y1 − k 3 y 2 − TR k 2 y 2 y8 − k deg y2 − a2 y2 y10 + t1 y 4 − a3 y 2 y13 + t 2 y5

(2)

y& 3 = k3 y2 + TR k 2 y2 y8 − k deg y3

(3)

y& 4 = a2 y 2 y10 − t1 y 4
y& 5 = a3 y 2 y13 − t 2 y5
y& 6 = c 6 a y13 − a1 y 6 y10 + t 2 y 5 − i1 y 6
y& 7 = i1 k v y 6 − a1 y11 y 7
y& 8 = c 4 y 9 − c5 y8
y& 9 = c 2 + c1 y 7 − c3 y 9
y&10 = − a 2 y 2 y10 − a1 y10 y 6 + c 4 a y12 − c5 a y10 − i1a y10 + e1a y11
y&11 = −a1 y11 y 7 + i1a k v y10 − e1a k v y11

(4)
(5)
(6)
(7)
(8)
(9)

y& 12 = c 2 a + c 1 a y 7 − c 3 a y 12
y& 13 = a 1 y 10 y 6 − c 6 a y 13 − a 3 y 2 y 13 + e 2 a y 14
y& 14 = a 1 y 11 y 7 − e 2 a k v y 14
y& 15 = c 2 c + c1c y 7 − c3c y15

(10)
(11)
(12)
(13)
(14)
(15)

where model state variables represents consecutively concentration of:
y1- cytoplasmic neutral form of IKK kinase,
y2- cytoplasmic active form of IKK kinase,
y3- cytoplasmic inactive form of IKK kinase,
y4- cytoplasmic complexes of protein (IKKa|IκBα),
y5- cytoplasmic complexes of protein (IKKa|IκBα|NFκB),
y6- cytoplasmic complexes of protein NFκB,
y7- nucleus complexes of protein IKKa,
y8- protein A20,
y9- protein A20 transcript,
y10- free cytopasmic IκBα protein,
y11- free nuclear IκBα protein,
y12- IκBα transcript,
y13- cytoplasmic complexes of protein (IκBα|NFκB),
y14- nuclear complexes of protein (IκBα|NFκB),
y15- control gene transcript.
Because presented model is very complicated and access to experimental data is limited in
further analysis only two outputs signals (y8 and y9) from the model and their parameters will
be taken into account. Those outputs represents concentration in μM of A20 protein and A20
protein transcript (Fig. 1b,1c) triggered by the (TR) input signal (Fig. 1a) during time 7 hours.
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Fig. 1 Representation of model input and output signals. (a) Input signal tumor necrosis
factor, (b) concentration of A20 protein (line) and measurements (dots), (c) concentration of
A20 protein transcript and measurements.

1.2 Experimental data
Experimental data measured using blot techniques are generally available in graphical form.
This introduces an additional problem with estimation of numerical values for each
measurement. Because an aim of this paper is evaluation of optimization method in further
analysis, this problem will be omitted. Figure 2 presents concentration of A20 messenger
RNA measured during 90 minutes time from beginning of TNF stimulation by Northern blot
analysis [4].

Fig. 2 A20 messenger RNA expression in tissue from TNF-injected normal mice.
Due to lack of common access to A20 protein measurements during NF-κB regulatory system
stimulation to test of Levenberg-Marquardt fitting procedure, measurement data of A20
protein has been randomly selected in range +/- 20% from output signal (y8) during
simulation mathematical model proposed in [2]. Discreet nature of the estimated data has
been preserved.
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2 Levenberg-Marquardt Algorithm
The Levenberg-Marquardt algorithm is a Hessian-based method for non-linear least squares
optimization. This iterative technique provides numerical solution to the problem of
minimizing a performance function over space of parameters of the considered model.
Performance function (16) takes a form of a sum of squares,

E ( P) =

1 K N
(d k (t n ) − yk (t n , P)) 2
∑∑
2 k =1 n=1

(16)

where yk(tn,P) is current state of k output of analyzed model in tn time moments and dk(tn) is
desired output value. P represents vector of model parameters to be estimated.
The steps involved in model parameter estimation process are as follows [7]:
1) Trigger examined model with input signal and pre-defined parameters P and compute
performance function (16) for obtained output signals,
2) Evaluate Jacobian matrix J which takes a form (17),

( J y (t n , P)) k , j

⎡ ∂y1 (tn , P )
⎢
⎢ ∂P1
=⎢
M
⎢
⎢ ∂y (t , P)
⎢ K n
⎢⎣ ∂P1

L
O
L

∂y1 (t n , P) ⎤
⎥
∂PJ
⎥
⎥
M
⎥
∂y K (t n , P) ⎥
⎥
∂PJ
⎦⎥

(17)

3) Solve the Levenberg-Marquardt parameter update equation (18) to obtain ΔP,

(

ΔP = J Ty J y + μI

)

−1

F ( P)

(18)

where J is a jacobian matrix of output signals, I is the identity matrix, J Ty J y is referred
as the Hessian matrix and damping parameter μ is a positive scalar. F(P) is a gradient
vector defined by
F ( P) = J Ty E ( P)

(19)

4) Recalculate the performance function E (16) using P + ΔP vector. If the new error is
smaller than computed in step 1, then reduce the damping parameter μ, work out new
parameter vector Pn+1 = Pn + ΔP and go back to step 1. Otherwise Pn+1 = Pn and
damping parameter μ is increased and go back to step 3.
5) LM algorithm is considered as converged when the norm of the gradient is smaller
than required or the error has been reached assumed goal value.
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2.1 Damping parameter update
Selection of damping parameter μ in Levenberg-Marquardt method has influence on direction
and size of the step ΔP. Faster convergence like similar Gauss-Newton method is desirable
when P is close to solution what is ensured by decreasing μ. Robustness convergence of the
steepest descent method is required while P is far from solution. This behavior is assured by
increasing μ parameter [6]. Decision about damping parameter is taken base on gain factor
defined by:
g=

F ( P ) − F ( P + ΔP )
L ( 0 ) − L ( ΔP )

(20)

where L(ΔP) is Taylor expansion of F(P+ΔP).
If g > 0 then new vector parameter Pn+1 = Pn + ΔP and μ is decreased according to (21) in
order to get closer to the Gauss-Newton method in next iteration, otherwise P vector is not
changed in next step and μ parameter is twofold.

μ = μ ⋅ max ⎨ , (1 − (2 g − 1) β )⎬
⎭
⎩α
⎧1

⎫

(21)

where α = 3 and β = 3 are input parameters to algorithm.

3 Results
The estimation process of model parameters was carried out with using Matlab-Simulink
environment. Graphical results are presented in Fig. 3 where doted line stands for a model
outputs proposed by Lipniacki [2] and solid line stands for model outputs after parameter
estimation using proposed LM method. Single dots represent experimental measurements.
Similar to the solution proposed in [5], analyzed model has been triggered by TR input signal
after 1 hour from simulation startup.

Fig. 3 NF-κB regulatory model outputs comparison. (a) A20 protein, (b) A20 mRNA.
Vector P estimated by LM method consists following 5 parameters:
P = [C1 , C 2 , C 3 , C 4 , C 5 ]

(22)
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The best solution of parameters fitting is presented in Table 1.
Table 1. Comparison of fitted parameter values
Parameters
C1
C2
C3
C4
C5

Values from [2]
0,0000005
0,000000
0,0004
0,5
0,000300

LM method
0,00000063
0,000000
0,00045
0,418
0,000289

4 Conclusions
This paper presents another approach to parameter estimation of NF-κB cell signaling
network model. Presented results confirmed usability Levenberg-Marquardt algorithm to
parameter fitting of dynamic models.
The hardest part in parameter estimation process of dynamical models described by sets of
non-linear differential equation using Hessian based or gradient based methods is computing
Jacobian matrix of required system. For solving this problem for ODE that contains more than
two independent variables dedicated methods like adjoint sensitivity analysis [5] must be
used. For this paper purpose symbolic method of solving ODEs has been chosen.
With data received by blot measurement techniques used as a background of analysis are
related many problems concerning calibration, standardization and normalization which have
been ignored in this paper.
In future other biological dynamic models and deterministic optimization methods will be
subject of further analysis.
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Synchronisation of the Video and EEG Signal in Order to Detect
Eye Artefacts
Branko Babušiak
VSB-Technical University of Ostrava
branko.babusiak@vsb.cz
Abstract: An electroencephalogram (EEG) is often corrupted by different types of
artefacts. Many efforts have been made to enhance its quality by reducing the artefact. The
EEG contains the technical artefacts (noise from the electricity, amplitude artefact, etc. )
and biological artefacts (eye artefacts, EKG and EMG artefacts). This paper is aimed to a
first step in detecting eye artefact, blinking and eyes movement, from the video which is
recorded with EEG data simultaneously. The first step means creating a graphical
application in which EEG and video records are synchronised in the MATLAB program
environment. If this step is successfully done, then it will be possible to detect eye artefact
from video and mark it in the EEG record.

1 Introduction
Electroencephalography is the neurophysiologic measurement of the electrical activity of the
brain by recording from electrodes placed on the scalp or, in special cases, subdurally or in
the cerebral cortex. The resulting traces are known as an electroencephalogram (EEG) and
represent an electrical signal (postsynaptic potentials) from a large number of neurons. These
are sometimes called brainwaves. EEGs are frequently used in experimentation because the
process is non-invasive to the research subject.
The EEG record is often digitalised and stored on appropriate type of storage medium (CD,
DVD, hard disk …) for additional processing and analysis. The EEG record contains many
types of artefacts. An artefact is event or process which have not source in an examined
organ. One type of artefact is eye artefact – blinking and eye movement. However the
amplitude of the electrooculographic (EOG) signals is only six-times greater than EEG
signals, there is a large interference because of short distance between sources of these
signals. Detection of eye artefacts is not a simple way and therefore there are many efforts to
find out optimal method for eye artefact detection or in better case its elimination. For
example the method of Independent Component Analysis (ICA) or artificial neural network
was used for this purpose. In this article is described a method based on image processing.
This method can be used thanks to video record which is obtained with EEG record
simultaneously.

2 Detection method
Whole detection method consists of the following steps: video and EEG record
synchronisation, measurement of mean intensity in selected area and marking artefacts in the
EEG record. These steps are described in the text below.

2.1 Video and EEG record synchronization
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The video record is obtained from two cameras. The first one is scanning whole person in the
bed and the second one is focused to the face (fig. 1). The parameters of the video record are
in the table 1.
TaTable 1
Table 1. Video parameters

Fig. 1 Video record

File Size
Number of Frames
Frames per Second
Time Length
Width
Height
Image Type
Video Compression

97 703 480 bytes
11 597
14.9914 s-1
12 min. 52 sec.
352 pixels
288 pixels
Truecolor
DivX50

The video record with parameters shown in the table 1 is not an ideal case because video
record was created with intention to check only movements and state of the person. Therefore
it has low resolution, low frame rate and its quality is noticeable reduced by compression.
Even though video has not high quality, these parameters are sufficient for the eye blinking
detection.
A first step in artefacts detection is synchronisation between EEG and video record. In the end
this step is also used for verification of detected artefacts. The EEG activity is recorded by 19
electrodes and sampling rate is fsamp = 128 Hz. As it is seen, the sampling rate is not integer
multiple of frame rate (FPS):
f samp / FPS = 128 /15 = 8.533
(1)
This fact can not be forgotten if we make synchronisation with only discrete values. Because
then we make a little fault between video and EEG timing. After all, this fault has not
important influence to correct artefact detection. If Pvideo is a position of frame in the video
sequence, then position of a synchronising line Psync in the EEG record will be computed:
f samp
(2)
Psync = Pvideo
FPS
This computation is performed for each new frame (in this case 15 times per second). In the
moment of each computation the synchronising line have to be displayed in EEG record with
video at the same time. The video record is displayed in a new modal window. These
operations have high consumption of processor performance. Therefore it is appropriate to
use hardware acceleration of graphic card in order to reduce processor exploitation. Visual
appearance of application for data synchronising is shown in the figure 2.
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Fig. 2 Video and EEG record synchronisation

2.2 Measurement of mean intensity
To detect eyes blinking (opening and closing eyes) is used measurement of mean value of
intensity in the selected region of interest. The measurement is provided for each frame and at
the end is made curve of mean intensity. The moments of opening or closing eyes can be set
according to increasing or decreasing values of the curve.
In pre-processing phase it is appropriate to reduce image data in order to accelerate detection
of blinking. That means to cut only area with face from all frames and change colour depth
from true color (24-bit) to grayscale (8-bit).
Let us set region of interest (ROI) in the reference frame. The way of setting ROI is
interactive. The ROI has dimensions (k x l) and coordinates of upper left corner (L, T) for left
and right eye (fig. 3).

Fig. 3 Region of interest settings
Then computation of mean intensity for N-th frame is following:
I avg ( N ) =

1 k l
∑∑ f (i + T , j + L) N ,
k .l i =1 j =1

(3)

where f(i,j)N is luminance (intensity) level of pixel with coordinates i, j in the frame N.
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The algorithm computes the mean intensity for each frame from the video sequence and then
the mean intensity curve is made. This curve displays mean intensity variance of the selected
area in the time (fig. 4).
In the application a user can set optimal ROI interactively in order to reach adequate signal to
noise ratio. The ROI is selected so that whole eye (in opened and closed state) must be in the
selected area. In this area should be also near surrounding areas in order to eliminate possible
head movements during examination.
Higher precision and softness of the curve is acquired with higher frame rate of the video
sequence. Output format of the video sequence has a big influence to an image quality. To
better analysis non-compressed records without information loss are most appropriate. The
compressed formats like MPEG or DivX have undesirable effect with blocks which can
reduce soft details. Frequency of eye blinking can be obtained by using Fourier
transformation.
The thresholding process transforms the curve of mean intensity to Boolean curve with only
two logical levels (fig. 5). Logical 0 stands for opened eyes and logical 1 stand for closed
eyes. Threshold (horizontal line) is set intuitively according to whole progress of curve in the
time (fig. 4).

Fig. 4 Curve of mean intensity

Fig. 5 Boolean curve of mean intensity (after
thresholding)

2.3 Marking artefacts in the EEG record
Final step is marking artefacts (blinking) in the EEG record. Marking is executed by adding
one additive channel (EYE) into the record (fig. 6). In contrast to previous figure logical 1
stands for opened eyes. Moreover, the state of closed eyes is colored by another color (darker
colour in this case) in the whole record. The change of colors represents blinking. In these
segments the influence of eye blinking on the other channels is visible. Thanks to this a
person who evaluate record knows origin of waves in the EEG channels.
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Fig. 6 Detection of blinking in the EEG record

3 Conclusion
In this article was presented algorithm for the eye artefacts (blinking) detection. The
algorithm was nested to the application with user friendly interface. Disadvantages of this
progress can be revealed in the case of rapid head movement. In this case settings more
regions of interest and thresholds for the specific segments is needed.
Designed algorithm is able to detect movements of eyeball but needs better video quality –
higher frame rate, higher resolution and video sequence without compression. Future work is
aimed to setting threshold adaptively with using local maximum and minimum of the curve.
The second target is setting region of interest automatically.
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Robust Cepstral Features for Speaker Verification
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Abstract: Most state-of-the-art systems are based on cepstral features, especially those
utilising linear predictive model of vocal tract which provides a good approximation of the
spectral envelope of the speech signal. As various cepstral features have been proposed,
the paper compares the performance of speaker verification system for all-pole linear
predictive cepstrum (LP cepstrum), perceptual mel cepstrum, two types of pole-zero
adaptive component weighted cepstrum (ACW and ACW2 cepstrum) and cepstrum
obtained by introducing pole-zero postfilter (PF1 cepstrum). The Spidre corpus of recorded
telephone conversations is used to perform simulations of GMM-based automatic speaker
recognition system in MATLAB environment. Obtained DET curves are presented.

1 Cepstrum of the Speech Signal
The conventional feature of human voice used in automatic speaker recognition systems is a
linear predictive (LP) cepstrum of speech signal. The most interesting property of cepstral
representation of speech signal from a speaker verification point of view is the fact that the
product of the spectra of two signals in frequency domain−i.e. the convolution of these signals
in time domain−is equivalent to the sum of their cepstra. This allows straightforward
separation of components of speech signal related to the voice pitch, as it is present only in
high-order cepstral coefficients. In case of short-term analysis of speech signal pitch-related
part introduces high variability and can be treated as a specific kind of noise.
There are various methods of calculating cepstrum and cepstrum-derived parameters [6]. The
most straightforward approach employs the definition of the complex-valued cepstrum, which
states that the complex cepstrum x̂ ( n ) of a given signal is an inverse Fourier transform of the
logarithm of this signal’s spectrum. At the same time the real-valued cepstrum c ( n ) is
defined as an inverse Fourier transform of the logarithm of magnitude-part of this signal’s
spectrum [6]:
1 π
(1)
ln X (ω ) e jϖ n d ω ,
xˆ ( n ) =
2π ∫−π
1 π
(2)
ln X (ω ) e jϖ n dω.
c (n) =
2π ∫−π

1.1 LP analysis
A p-th order LP analysis leads to the all-pole model of speech signal [6] expressed as
G
G
G
H ( z) =
=
=
,
p
p
−k
A ( z ) 1 + ∑ ak z
∏ (1 − zk z −1 )
k =1

(3)

k =1

where ak are the LP coefficients and zk are the poles of LP transfer function. The LP
coefficients can be calculated by using the recursive Durbin algorithm [6].
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The spectrum of impulse response of H ( z ) is the smoothed version of the spectrum of the
speech signal where the pitch-related information is absent. Usually it is sufficient to calculate
12 LP coefficients to extract important information connected with formant frequencies
present in the speech signal [6].

1.2 LPCC parameters
The p-th order LP transfer function can be transformed into cepstral domain in a recursive
manner [6] giving the LPC-based cepstrum (LPCC):
⎧
⎪ln G,
n = 0,
⎪
n −1 k
⎪
(4)
hˆ ( n ) = ⎨ −an − ∑ k =0 an−k hˆ ( k ) , 1 ≤ n ≤ p,
n
⎪
n −1
k
⎪
ˆ
n > p.
⎪⎩ −∑ k =n− p n an−k h ( k ) ,
Although the cepstrum can be calculated for any n > 0 , it is usually sufficient to obtain 3 p 2
cepstral coefficients to obtain a short-term representation of the speech signal.

1.3 ACWC parameters
The all-pole LP model can be expressed by a partial fraction expansion
G
p
ri
=
H ( z) =
G
∑
p
k
=
1
1 − zi z −1
∏ (1 − zi z −1 )

(5)

k =1

where ri are the residues of the poles. It can be noticed that the sensitivity to errors in LP
coefficients for an all-pole filter can be described by
∂zi
zip−k
= ri zip−k
=
(6)
∂ak ∏ p
( zi − z j )
j =1, j ≠i

for i = 1,K , p and k = 1,K, p . The sensitivity is therefore proportional to the residues. One
can propose to normalise each component of the LP Z-transform so that the nominator of each
partial fraction would be set equal to unity [1]:
N ( z)
p
1
H ′ ( z ) = ∑ k =1
.
= 1
(7)
−1
A( z )
1 − zi z
Moreover, the above weighting results in amplification of narrow-bandwidth components of
speech signal which are related to formants of speech signal and show low variability under
channel variations [1].

The resulting zero-pole Z-transform and resulting ACW cepstrum (Adaptive Component
Weighted cepstrum) is therefore more robust than the original LP-based cepstrum, as the
influence of channel-related broad-bandwidth components is attenuated. A fast algorithm of
computing the ACW cepstrum without calculating the roots of denominator of LP transfer
function is proposed in [5].

125

IWCIT’08
1.4 ACW2C parameters
The all-pole LP model described by (5) can be viewed not only as the parallel connection of
p first order sections, but also as the parallel connection of p 2 second order sections [2,3],
where pC conjugate complex-valued roots and pR real-valued roots of A ( z ) are paired up:

H ′′ ( z ) = ∑ k =C1

p /2

(1 − z

C ,k

1

z

−1

)(1 − z

*
C ,k

z

−1

)

+ ∑ k =R1

p /2

(1 − z

1
R ,2 k −1

z

−1

)(1 − z

R ,2 k

z

−1

)

=

N2 ( z )
A( z )

(8)

where pC + pR = p . This way the more natural zero-pole model is obtained, as the impulse
response of each second order section is a damped sinusoid. The obtained cepstrum is called
ACW2 cepstrum.

1.5 PFC parameters
The postfiltered transfer function relies on the assumption that more noise can be tolerated in
peak regions of speech spectrum related to narrow-bandwidth formant components of speech
signal [3,4]. Therefore another pole-zero model can be introduced
A( z β )
H ′′′ ( z ) =
(9)
A( z α )
where 0 < β < α ≤ 1 .
It can be shown that the cepstrum of H ′′′ ( z ) is equivalent to the cepstrum of 1 A ( z )
weighted by factor α n − β n , so the lower cepstral coefficients are deemphasised. The formant
amplitudes in related spectrum are again emphasised. It results in the feature vector more
robust to channel variations [3].

2 Simulations
The Spidre corpus of telephone speech was used to check the performance and robustness of
the above-mentioned cepstral parameters of speech signal. Eight male target speakers were
selected. The simulations were performed in MATLAB environment.
The speech signal was deemphasized by the simple first order filter 1 − 0.95z −1 . Then the
speech signal was divided into 30 ms frames (240 samples each) with frame rate of 100
frames per second. Next, the Hamming window was applied to each frame. The silent frames
where removed by checking their energy. For each remaining frame the twelfth order LP
analysis where performed. Subsequently, eighteenth order LPCC, ACWC, ACW2C and PFC
(with α = 1 and β = 0,9 ) were obtained. Additionally, the LPCC parameters were modified
by removing the cepstral mean calculated for each test utterance. The term relating to frame
LP gain was omitted.
The GMM-LR method was used for classification. All GMM models where nodal and
diagonal, with target models composed of 8 Gaussians each, and the global model composed
of 64 Gaussians.
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3 Results
In Fig. 1 the spectra obtained from various cepstral parameters for a given speech frame are
compared. It is visible that if the speech was filtered by a third order FIR filter, which was
supposed to simulate channel characteristics, the LPC, LPCC and PFC spectra are strongly
influenced by channel’s transfer function. At the same time ACWC and ACW2C spectra
appear to be more robust.
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Fig. 1 Spectra obtained for various cepstral
parameters; clean speech, solid line;
speech filtered by a third order FIR
filter, dotted line;
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In Fig. 2 the DET curves obtained for the same cepstral parameters are presented. Test
utterances came from the same handset (solid lines) or another handsets (dotted line). In both
cases duration of single test utterance was equal to 4 seconds (before the elimination of silent
frames).
It can be seen than ACWC, ACW2C and PFC parameters allow to obtain speaker verification
system with EER for test utterances recorded with different handsets equal to about 24%,
while the LPCC parameters yielded EER of about 33%. No deterioration is present in case of
using the same handset for training and testing phase.
Furthermore, the LPCC parameters were enhanced by applying cepstral mean subtraction for
each testing utterance. It was possible to reach EER of about 18% for test utterances obtained
from different handsets, but it caused a serious deterioration in case of use of the same
handset. This is caused by the fact that testing utterances where short and phonetically
unbalanced, and therefore cepstral mean wasn’t equivalent to channel characteristics.

4 Conclusions
This paper has introduced simulation results for evaluating the performance of cepstrumderived parameters in automatic speaker verification in case of telephonic speech of poor
quality.
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It has been shown that ACW, ACW2 and PFC parameters allow to obtain lower EER rate
than LPCC parameters in case of different handsets used for training and testing. No
deterioration has been noticed if the same handset was used for training and testing. The main
advantage of these robust parameters is their intraframe nature, contrary to cepstral mean
subtraction scheme for LPCC or MFCC parameters. Therefore there is no need for ensuring if
the test utterance is phonetically balanced.
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Abstract: The HomeCare is a special monitoring system of the basic life functions. It is primarily designed to
take care about elderly people. But many of the designed devices could be used in the other branches of
biotelemetry. Our HomeCare system is designed with respect to user comfort and as cheap solution as possible.
The Circadian rhythm measurement and usage for HomeCare systems is discussed in the article.
Elderly people living alone in their own flats have similar day activities. Their one day cycle is similar for
most days. There are not so many abnormalities. The characteristic one day circadian rhythm could be calculated
from measured one day cycles. If any deviation from characteristic circadian rhythm is detected, it could signify
the health problem.

1 Introduction
Elderly people living alone in their own flats have similar day activities. Their one day cycle
is similar for most days. There are not so many abnormalities. The characteristic one day
circadian rhythm could be calculated from measured one day cycles. If any deviation from
characteristic circadian rhythm is detected, it could signify the health problem.
The typical example of day life cycles abnormality detection could be the case of early fall
detection during night hours. Old alone living man must regularly visit toilet between second
and third hour at the morning. One day he wakes up and goes to the toilet. But he doesn’t
come back to his bed. The movement monitoring system has found out that he reached the
toilet and he went away from the toilet. The last found man’s position was in at the corridor.
Another movement had not been detected in other rooms in his flat for a set up time. It could
be the sign that he has fallen down. Afterwards the movement monitoring system goes to
alarm state. Thanks to the early fall detection his broken leg could be restored to health
sooner.
There are two types of deviations. The first type is “short-term” deviation. This deviation was
described in the previous example. It is detection of urgent and accidental changes of
circadian rhythm. This detection helps to recognize urgent health problems and accidents.
The second type is “long-term deviation”. It means that evolution of the circadian rhythm is
detected. This evolution could not be strictly pathologic. The doctor has to determine it in the
first step. Afterwards, this knowledge could be applied to the adaptive and self learning
system. The change in the frequency of toilet visiting could be a typical example of long term
deviation
It is because of the monitoring of the day life cycles has an information validity in the remote
HomeCare projects.
The first there will be discussed technical solutions for movement monitoring. Than designed
autonomous system of movement monitoring will be discussed.
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2 Passive infrared sensors (PIR) based monitoring
The first designed and realized method of movement monitoring uses standard PIR sensors.
These sensors were changed and the communication was realized by ZigBee technology.
The person’s movement is detected by standard PIR sensor. The measured data are
transmitted by ZigBee and displayed in Personal Computer.

Fig. 1. The detection areas of PIR sensors its emplacement and opto-electronic bars
emplacement in the HomeCare flat. The P point represents the actual position of flat user.
Coloring represents activated PIR sensor’s area and optoelectronic bar’s area. The layout of
the displayed flat concerns to our HomeCare Testing Flat)
The advantages of this method: The hardware is powered by one CR battery. No wires are
required for data transmission. The sensor can work for long time.
The disadvantage is: The bigger pet could be detected instead of person. In the case that more
people will be in the flat, there are misdetections too. These misdetections will influence day
life cycle monitoring. The information about position is not exact. The area of presence is
found out only.

2.1 Location Engine based monitoring
The second designed solution uses the Location Engine solution from Texas Instruments. This
engine is included in their single on chip ZigBee chip named CC2431.
The location algorithm used in the CC2431 Location Engine is based on Received Signal
Strength Indicator (RSSI) values. The RSSI value will decrease when the distance increases.
ZigBee modules with location engine were used in our flat to define position of the user. Four
reference nodes were placed in the flat. The flat user was equipped with special watches,
where the ZigBee CC2431chip was mounted in. The simulation of movement monitoring
measured by Location Engine is drawn in the figure 2.
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Fig. 2. The flat user position measured by Location Engine.
The advantage of this solution is that the information about monitored person is so exact. It
isn’t possible to detect incorrectly other person or pet in the flat.
This solution has one important disadvantage: The user has to wear an active ZigBee device.
This fact could be unacceptable for some elderly people. But the ZigBee chip could be a part
of continuously measuring device for ECG measurement which is used in HomeCare system.
Thanks to this solution the movement monitoring could be more tolerable for some people.

3 Technical solution discussion
The definitive determination of human position in the flat can not be done with only one
technique. The combination of proposed two techniques is designed for definitive
determination. The additional usage of optoelectronic bars in the doors will be optimal.
Afterwards the actual human position could be exactly determined. The circadian rhythm
could be constructed from these measured data.
The coexistence of these three monitoring techniques is presented in the functional diagram in
Fig. 3. The Location Engine and PIR sensors based monitoring systems work in the same
level. Any system of these two is not superordinate to the second one. The difference between
these systems is only in the time of operating. The PIR sensor measuring system will be in
active state mostly during the night because the measuring device (watches) with Location
Engine will not be used during night, the watches will not be worn. The opto-electronic bars
serve for final control of data measured by the other systems.
All the used technical solutions used for the movement monitoring are based on the
microprocessor technology.
The movement monitoring system could be autonomic; all the necessary counts will be
computed inside the system. Afterwards the movement monitoring system gives to super
ordinate HomeCare system only information about person’s position. This is the firs step of
the project. The next step of the project is full autonomy of movement monitoring system.
The circadian rhythm will be constructed inside the movement monitoring system. The
circadian rhythm deviations will be detected inside the movement monitoring system too.
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Fig. 3. Functional diagram of movement monitoring system

4 The circadian rhythm interpretation
The measured data interpretation is an important part of this project. It was necessary to
define some condition for the data interpretation, respective circadian rhythm construction.
There are conditions which are related to long and short term activities representation.
Person’s movement between monitored rooms in his flat has to be recognizable from
constructed circadian rhythm. The short time activities have to be recognizable too. The
circadian rhythm shall be processed in the microprocessors too. It is because of future
autonomy of movement system.
“The colored vector of position” has been designed on these conditions (see Fig. 4.).
One different color has been defined for each room of flat. Each color is described by RGB
code.

Fig. 4. RGB codes for each room of flat and the position vector p
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When the coordinates for the flat are defined after the position vector p could be defined too
(see Fig. 4.). The module of this vector was counted for each time (Eq. 1.).
r
p =

p x2 + p 2y

(1)

Afterwards the colored vector of position can be constructed. The figure 5 represents
proposed colored vector of position. All the defined conditions for circadian rhythm
interpretation are carried out with this colored vector. The x axis is time axis, the y axis has
r
r
p [t ]
p [t ]
values of
. The RGB code has been added to each
, so that we could see where (in
which room) the user was detected. The added RGB code is necessary, because from position
vector modulus only the flat user’s position can not be exactly recognizable.

Fig. 5. Colored vector of position (simulation)
This type of interpretation of circadian rhythm concerns to all above defined conditions. The
color of vector is very usable for processing of long-term deviations. Personal characteristic
long term circadian rhythm can be constructed from the colored vector. The values of
modulus of position vector are usable for short term deviations detections and classification.

5 Conclusion
The proposed HomeCare system has been particularly realized and tested in our special
HomeCare flat. The realized measuring devices have been based on Bluetooth technology.
The new measuring devices using ZigBee are in progress now and it will be tested in the near
future.
The circadian rhythm monitoring system is an important part of our HomeCare system and it
is tested in our test flat too. The autonomous movement monitoring system was designed and
it is in realization now. The method of circadian rhythm construction has been specified yet.
The Circadian rhythm analyze system must be designed.
The goals of this work will be used in HomeCare systems or in the other circadian rhythms
monitoring projects.
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Abstract: The following research characterizes the system for remote data collection of
blood glucose concentration. Based on the data an algorithm was introduced in order to
determine the infusion of insulin. This paper presents a glucose measurement method
using the test strips, instructions for collecting the source data, as well as the process of
adjusting the insulin dosage.

1 Introduction
The following study is consistent with the thesis that medicine and technology have
undergone many transformations for centuries, and especially over the last few years. There is
invariably a need to replace, copy or to model the biological processes.
The necessity for carrying out regular check ups and preventive screening tests requires a
demand for not only precise or fast, but first of all cheap analytic and diagnostic methods,
which can also support the decision making process. Development of technology, chemistry,
biology, etc. enables us to create examinations that combine all the mentioned fields. The
biggest influence on that has the microprocessor technology, as well as the still increasing
significance of the global network Internet.
The most important task of this research is to develop an artificial pancreas model based on
the concepts of telemedicine and AI algorithms. Its main elements are: measure of blood
glucose concentration based on the reflection converter which is adapted for the Accutrend
glucose test strips, artificial intelligence (AI) as the part of a decision making process, as well
as the description of nowadays available applicators and insulin pumps as the elements
closing the feedback loop of the glucose-insulin system. Medium that combines all the
elements to become one is the data collection application which is placed on the Internet.

Fig. 1. Model of the artificial pancreas system with the use of dry bar test
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2 Method
The f Glucose measurement method using the test strips with the help of reflection reader
is based on defining the radiation stream that is being absorbed by the test field. Reflection
(R) will be defined as the ratio of the reflected radiation stream (Φr) to the falling radiation
stream (Φo) that is (1):

R∞ =

Φr
Φo

(1)

Luminous parameters (Φ) are generally determined in special optoelectronic converters
which work on the basis of a device called the Ulbricht sphere. The test strip is put in the
central part of the reading field. Electric signal from a photodiode is being transformed to a
voltage signal by a converter. Value of the measured voltage is proportional to the reflected
radiation stream and can be converted into reflection according to the relation (2).
R=

U p − U cp

(2)

U w − U cw

gdzie:
Up - Value of the measured voltage in dark,
Ucp- Value of the measured voltage with light,
Uw - Value of the measured voltage reflected from a dry bar test (in dark)
Ucw- Value of the measured voltage reflected from a dry bar test (with light),
In practice, each of the glucose meters’ producers adjusts them to specific strips, which can
read one or more parameters.
The strip test is classified as an invasive method that is connected with the inconvenient
and painful procedure. It is a serious problem since many diabetics face due to this fact low
resistance. Nevertheless, it is still the most popular method of quasi permanent monitoring the
diabetics.
Data collection. In order to collect the necessary data a special web site was created,
namely http://virtual-net.pl/DiabLab/personData.html. On the web page a patient is supposed
to write his or her weight, age, gender and of course the level of blood glucose concentration
obtained by the strip test method. Furthermore, the system saves the data and enables the
patient to view the history of measurements. There is also a possibility to refresh the results.
After having collected the necessary data, the system will determine the required amount of
insulin, as well as a blood glucose curve.
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Fig. 2. Graph of the blood glucose concentration
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The results, which have strictly a research character and are based on the trial of 56 patients
from different age groups, suppose to identify the problem and find the best solution. Based
on the collected data a graph of changes and trends of the blood glucose concentration for
different age groups within 180 minutes was formed (fig. 3.).
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Fig. 3. Graph of changes and trends of the blood glucose concentration for different age
groups within 180 minutes
In the interactive environment for algorithm development, Matlab, an individual neurone
network (SN) was created that fully reflects the profile, which is the basis for the model blood
glucose concentration in the human body. Currently, an attempt is made to set apart individual
features that affect the results, to create a model curve and to estimate with others collected
data .
With the help of the Continuous Wavelet Transform (CWT) an algorithm classifying the
processes was worked out. In the interactive environment for algorithm development, Matlab,
an individual neurone network (SN) was created that fully reflects the profile, which is the
basis for the model blood glucose concentration in the human body. Currently, an attempt is
made to set apart individual features that affect the results, to create a model curve and to
estimate with others collected data (fig. 4).
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Fig. 4. Graph of the function received in the neurone system learning process
SN, which fully meets the requirements of the research, is based on the back propagation
algorithm. After having created a model, a set of functions was formed (fig. 5) that have
similar amplitude-frequency parameters. The principle of the control mechanism is to
compare the model with given data that are being exposed to the wavelet filtration. Taking
into consideration standard deviation, the infusion of insulin can be determined likewise in the
method of data regression .
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Fig. 5. Structure characteristics: blood glucose concentration

3 Conclusions
Infusion of insulin depends on so many factors that creating only one algorithm is strictly
conditional to the number of gained data. Method based on the neurone-wavelet algorithm
requires a comprehensive and detailed data collection. Another significant problem is the lack
of testing materials that could verify the control methods. Therefore, this type of treatment
can be offered to more and more people that suffer from diabetes, to handicapped, the elderly
or small children if only they qualify for these method.
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Abstract: While the structures in Earth Observation (EO) images of resolution of tens
of meters can be described satisfactory by spectral and textural parameters, the meter
resolution images need new types of characterization. Meter resolution images, mainly
of man-made structures and scenes behave complex geometrical regularities, thus
described by their gradient.
The following paper presents a method for explaining the spatial distribution in EO
images as a result of sequential fragmentation following the Weibull distribution. The
Weibull parameters are known to indicate the fractal dimension of the scene.
We will show the connection between the resolution of the satellite imaging sensor and
the way the spatial scene statistics conform to the Weibull distribution. The results of
the method evaluation for Landsat, SPOT, IKONOS and QuickBird are presented and
discussed.
The four high resolution remote sensing images that we’ve used in our test are all
optical images, having different spatial and spectral resolution and were all taken in
different regions of the globe, using different sensors and technologies.

1. Theoretical aspects
An image is a representation of a natural scene observed through a resolution limited sensor
that constrains the probability of the pixels’ intensities and colors to a limited dynamic range.
This leads to a local color coherence of a pixel with the neighboring pixels and the spatial
dependence influences the image formation process.
Details at all scales could be recorded by using an infinitely precise sensor, but a huge amount
of unnecessary information would also be captured. Therefore, large reduction of information
is implemented at the retina and the natural scene is integrated over discrete sensory receptive
fields. Observing the scene through receptors of finite size imposes spatial coherence to the
recorded image and reducing the complexity of the observed scene.
The spatial distribution of natural images is expected to be different for each image due to the
fact that every scene contains different objects displayed in the frame, but Geusebroek and
Smeulders (2003) showed that the spatial statistics of digital images can be characterized by
a process of sequential fragmentation.
Due to the sensor or retina resolution spatial statistics are limited to conform one of the
following distributions:
1. The spatial statistics follow a power-law distribution when the resolution of the sensor or
retina is extremely fine compared to the detail size in the image, this being the case of a single
fragmentation event.
f ( x) = ax k + o( x k )
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This can be exemplified by a picture containing an object on a highly contrasting background,
like a scene containing the subject on a blue-sky background.

2. When the resolution of the sensor or retina is too coarse to resolve the details in the image,
the spatial layout follows a normal distribution. This is the case when looking at sand or hair.
On closer inspection with higher resolution we may resolve the details and spatial statistics
convert to Weibull distribution (Geusebroek and Smeulders 2003). When the sensor
resolution is much larger than the common size of the random details in the field of view,
each sensor’s response is an average over many impulses.

ρ μ ,σ ( x) =
2

1

σ 2π

−

e

( x−μ )2
2σ 2

=

1 ⎛x−μ⎞
ϕ⎜
⎟
σ ⎝ σ ⎠

This distribution can be seen in images like sand, hair or fur, grass, where usually details are
much finer than the resolution.
3. The great majority of the scenes are recorded using a sensor with a fine but limited
resolution and thus, the spatial layout conform to a Weibull distribution. While the field of
view enlarges, spatial detail statistics deform from power-law to normal through the Weibull
distribution as resolving power decreases. In this case, the scene is progressively fragmented
by the addition of objects and details.

k ⎛x⎞
f ( x, k , λ ) = ⎜ ⎟
λ ⎝λ ⎠

k −1

e −( x / λ )

k

The spatial statistics will not follow the Weibull distribution when the scene is composed of a
few parts, like scenes containing few distinct distant objects. Individual parts of the scene may
conform to the Weibull distribution with varying parameters, but not the scene as a whole.
Another case when the spatial statistics fail to follow the Weibull distribution is the images
containing repetitive patterns due to the fact that the visual responses interfere with the
repetition in the sensing field.
As the Weibull distribution describes sequential fragmentation, a requirement for the spatial
statistics to conform to it is that the composition of the scene is sufficiently complex.

2. Experiments
In the following, we proved that the Weibull parameters for the gradient can be used for
classification and indexing the image. After reading the image and converting it to grayscale,
the image is shifted horizontally one pixel to the right and its left and right one pixel
boundaries are cropped. We then calculate the arithmetical difference between the images and
a gradient calculation is made on the resulting matrix. The histogram of the gradient is fitted
on a Weibull distribution and using an Anderson test, we analyze weather the two probability
density functions are alike or not.
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Fig1: The Weibull probability plot show the resemblance between the histogram of the
gradient and the Weibull distribution estimated for the Landsat image

Fig 2: Having different spatial resolution, the histogram of the gradient for the Ikonos image
doesn’t follow exactly the Weibull distribution, but a high degree of similarity can be seen

The chart on the right shows the probability of how the histogram of the gradient of an E.O.
image conforms to the Weibull distribution. After the Weibull parameters are estimated for an
image, they are used to build a probability density function which is compared with the
histogram of the gradient.
Considering the technical specifications of the sensor, especially the spatial resolution and the
object scale / sensor resolution ratio, the two probability density functions present a strong
similarity. This states the fact that an image can be indexed by using the Weibull parameters
for the gradient and we’ll present in the following a method for classification and a
comparison between the results obtained when applying the algorithm on standard digital
photographic images and on E.O. images.

2.2 Classification and Segmentation using the Weibull parameters
for the gradient
Multimedia Images
For the RGB original image, the green channel is extracted, due to the eyes’ high sensitivity
to it and is divided into small matrices of 121 X 121 pixels and the Weibull parameters are
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calculated for each of the regions. With these parameters, a scatter plot is computed. After
visually selecting a number of classes for the image, a k-means algorithm is applied on the
scatter plot. Each small image of 121 X 121 pixels is indexed with its extracted Weibull
parameters and the values of the pixels are replaced by the value of these parameters. We
have tested the classification method on standard photographic images, for a number of visual
regions between 3 and 7 and the results are presented below.

Fig 3 & 4 – result for classification using the Weibull parameters
Due to the fact that Geusebroek and Smeulders in their articles about fragmentation in the
vision computed the Weibull parameters for an entire image, we tried to perform the studies
again, considering regions of images having the size of 484 X 484 pixels, which is closer to
the size of a regular photography.
The conclusion states that cropping the image into smaller regions, around 100 X 100 pixels
gives better results. The classification was made on 3, 4 and 7 visual classes of objects but the
results of the classification algorithm for regions of the image of 484 X 484 pixels are not as
good. The smaller the cropping window, the better the classification results.

E.O. Images
Because the satellite images may contains several spectral bands (e.g. Landsat has 7 spectral
bands), the one with higher sensitivity to the human vision is analyzed. It is divided into small
matrices of 121 X 121 pixels and the Weibull parameters are calculated for each of the
regions. With these parameters, a scatter plot is computed. After visually selecting a number
of classes for the image, a k-Means algorithm is applied on the scatter plot. Each small image
of 121 X 121 pixels is indexed with its extracted Weibull parameters and the values of the
pixels are replaced by the value of these parameters. We have tested the classification method
on EO images, for a number of visual regions between 3 and 7. Following the method of
Geusebroek and Smeulders published in 2005, we also performed the tests for a vertical
shift of the image with one pixel. The following figures show the results for the EO images.
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Fig 5: Landsat image classification

Fig. 6: Spot image classification

Fig. 7: Quickbird image classification
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3. Conclusions
In conclusion, because of ratio between the scale of objects in a scene and the resolution of a
sensor, for EO images, the histogram of the gradient doesn’t conform to the Weibull
distribution, like in the case of multimedia images, where the scale object / resolution of
sensor is very different to the case of satellite imagery. When applying the K-means
algorithm, the classification shows relative good results for Spot and Landsat images, but it
can only be used for detecting large areas in the scene (e.g. mountains, forests, rivers) but it
cannot be used for detecting human interest areas (e.g. buildings, roads).
We have shown that using the theory of the sequential fragmentation in the vision field, the
spatial distribution of any image follows one of the three distributions – normal, Weibull and
power-law. Using the Weibull parameters estimated, which are known to indicate the fractal
resolution of a scene, images can be classified and thus the desired information extracted and
successfully separated from the rest of the scene.
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Abstract: To an exact diagnosis statement a correct evaluation of sleep
electroencephalogram is required. The sleep activity record is very long (a few hours). The
evaluation of the sleep activity is time-consuming. The evaluation is provided by a doctor.
In order to save time various automatic evaluations methods are developed. The one of
methods includes dividing the signal into 30 seconds long sections. These sections are
analyzed. The 30 seconds length sections are with adaptive segmentation reduced. From
these segments mean amplitude, mean frequency, 1st and 2nd derivation are computed. The
processing and the evaluation of the segments properties leads to definition of sleep status.

1. Introduction
Computer preprocessing and biological signal analysis has significant sense to resulting
diagnose. In the case of very long (several hours long ECG or sleep EEG) signals big time
saving can be achieved. This paper is focused on automatic child sleep electroencephalogram
interpretation. The system is based on using of adaptive segmentation, of cluster analysis and
neural networks. According to the standard used for manual classification of sleep EEG the
signal is divided in to 30 seconds long parts (called segments). These segments are
preprocessed by adaptive segmentation and these sub-segments are then analyzed. As the
next step average amplitude, variability of amplitude, average segment frequency (and other
parameters) is calculated. Parameters are used for the cluster analysis. The cluster analysis
splits segments into 5 classes. The most numerous class is then used to define sleep status.

2. Signal preprocessing
2.1

Signal segmentation

EEG signal is stochastic and non-stationary. In the course of automatic analysis of EEG signal
with the use of computer equipment, one of the primary tasks is the extraction of informative
symptoms with maximum discriminatory ability. By obtaining spectral appearance of stage of
signal with constant length is able to arrive to deformation of signal characteristic. It is due to
non-stationary character of EEG signal. Just this necessity fixes adaptive segmentation with
easy test method. Easy test method uses mechanism of signal scanning with movable window
and computes divergence of autocorrelation function (1) between reference window and
movable window.
1 N −1
(1)
Rxx ( j ) = lim ∑ xn xn − j
N →∞ N n = 0
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The bound of a segment will be set by
searching a place where measure of
autocorrelation functions difference is
constant (breaking point). We can for
example proceed so that we testing if 3
(or more) values of consecutive points of
difference measure are enough near,
whether are situated in narrow tolerance
band (PT) and are at the same time larger
as a minimal value (MH).
MH <| Dn − Dn −1 |< PT
MH <| Dn − Dn − 2 |< PT

(2)

MH <| Dn −1 − Dn − 2 |< PT
Fig. 1 Adaptive segmentation
The segment boundary will be set by returning of window length from breaking point.
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Fig. 2 Example of adaptive segmentation algorithm using1

2.2

Parameters computation

For the best description of electroencephalograph segments we need specific characteristics.
These characteristics describe time and frequency domain of EEG segments.
Average amplitude:
The amplitude has two components: DC component and AC component.
L

ADC =

∑ xl

l =1

(3)

L
L

AAC =

∑ xl2

l =1

L

2

− ADC

(4)

1

The left picture shows the test signal and its segment boundaries. The right picture shows single segments (A,
B, C, D) of the test signal after the adaptive segmentation.
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Index of amplitude variability:
L

AVAR =

L ∑ xl

2

 ∑L x   ∑ x
l =1 l  l =1 l
l =1
L

 +ε


−1

(5)

The variable ε is a very low positive integer. The next characteristics are difference between
max positive and min negative value of amplitude, 1st and 2nd derivation max value, average
frequency. Each of parameters has different physical dimension. All parameters must be
normalized (0-min, 1-max). The next step is the cluster analysis. The cluster analysis splits
segments into different classes.

3. Cluster analysis
Cluster analysis is the classification of objects into different groups, or more precisely, the
partitioning of a data set into subsets (clusters), so that the data in each subset share some
common trait - often proximity according to some defined distance measure. Data clustering
is a common technique for statistical data analysis, which is used in many fields (including
data mining, pattern recognition, image analysis, bioinformatics and more). The one of
simplest non-hierarchical clustering method is the K-means clustering method. The K-means
algorithm assigns each point to the cluster whose
center (centroid) is nearest. The center is the
average of all the points in the cluster. Its
coordinates are the arithmetic mean for each
dimension separately over all the points in the
cluster. The main advantages of this algorithm are
its simplicity and speed which allows it to run on
large datasets. Its disadvantage is that it does not
yield the same result with each run, since the
resulting clusters depend on the initial random
assignments. In the next step after the cluster
analysis number of segments in each class is
searched. The class with largest number of
segments is used to the sleep status definition. In
this case cluster analysis is a good tool to
unwanted artifacts removing. These artifacts have
bad influence to the sleep status definition. As you
can see figure 4 shows 30 seconds of signal
classified by a doctor as a wake state. In this short
signal is a segment marked with dotted rectangle.
Parameters of this segment are different as
Fig. 3 30 seconds length signal before
parameters of others segments in this short signal.
and after cluster analysis.
The cluster analysis includes this segment into
Different brightness of line
non-priority class. Therefore the segment doesn’t
corresponding to different
can influence the sleep status classification.
clusters
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Fig. 4 30 seconds of signal classified by a doctor as wake state

4. Sleep status definition
Sleep states were marked according to "A Manual of Standardized Terminology, Techniques
and Scoring System for Sleep Stages of Human Subject", from year 1968 in these status:
awake, REM, NREM1, NREM2, NREM3 a NREM4. Each sleep status has specific
properties. These properties separate the sleep
states into classes. The awake and NREM4
sleep status are the simplest states of sleep
EEG signal which the computer can process
and classify. The waking state is characterized
by alpha rhythm (trains of sinusoidal 8-13Hz
activity recorded over the occipital region with
eye closure, attenuating with eye opening [2])
and amplitude with 10 – 30uV. NREM4 has
waves of low frequency (0,5 - 2Hz) and peekto-peek amplitude greater than 75uV. If 2050% of 30 seconds long sleep EEG signal
creates slow waves with frequency 0,5 – 2Hz
and peek-to-peek amplitude greater than 75uV
we can classify this signal as NREM3 state.
According to the new regulation “The AASM
Manual of the Scoring of Sleep and
Fig. 5 Sleep states
Associated Events” NREM3 is the same state
as NREM4. Problem with classification is in NREM1 and NREM2 state. These two states
have the same frequency bandwidth in range 4 – 7Hz and amplitude less than 75uV. NREM1
state contains vertex sharp waves (V waves). There are waves with duration shorter than 0,5s
over the central region and distinguishable
from the background activity and amplitude
until 200uV. NREM2 state contains Kcomplex and sleep spindles. K-complex is a
well-delineated
negative
sharp
wave
Fig. 6 NREM2 state – sleep spindle,
immediately
followed
by
a
positive
K-complex
component standing out from the background
EEG with total duration of less than 0,5s. Sleep spindle is a train of distinct waves with
frequency 11 – 16Hz (most commonly 12 – 14Hz) with duration longer than 0,5s. Our
program “Sleep EEG analyser” can classify only awake and NREM3/4 state. The EEG signal
(several hours long signal) is divided into 30 seconds long parts. These segments are
preprocessed by adaptive segmentation and these sub-segments (the signal in this segments is
quasi stationary) are then analyzed. As the next step average amplitude, variability of
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amplitude, average segment frequency (and other parameters) is calculated. Parameters are
used for the cluster analysis. The cluster analysis splits segments into 5 classes. The most
numerous class is then used to define sleep status.

A
B
Fig. 7: Comparison between hypnogram makes out by doctor (A) and “Sleep analyser
program” (B, bold line)

5. Conclusion
The program “Sleep EEG analyser” can classify only two (awake, NREM3/4) states. Others
states are defined as unknowns states. The next task will be classification of the others states,
concretely REM, NREM1 and NREM2 states. The neural network will be tested to find out kcomplex, sleep spindles (NREM2) and V waves (NREM1). The cluster analysis will be tested
to find out k-complex and sleep spindles too.
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Abstract: Microarray biological experiments are currently widely applied in many areas
of research. The Affymetrix GeneChip® system is a commercial platform which measures
gene expression using hundreds of thousands of 25-mer oligonucleotide probes. This paper
shows how important is choosing the right methods of pre-processing which leads to gene
expression measures, that after further analysis, yield biologically meaningful conclusions.

1 Introduction
Today, microarrays are becoming widely used in many areas of biomedical research.
A microarray is a device designed to simultaneously measure the expression levels of many
thousands of genes in a particular tissue or cell type. There are numerous different microarray
technologies, including the cDNA arrays developed at Stanford [1,2] and the high-density
oligonucleotide arrays produced by Affymetrix [3]. This paper focuses on the analysis of data
from the Affymetrix technology.
Microarrays can be applied to the problems of gene discovery, the diagnosis of diseases,
pharmacogenomics and toxicogenomics among others. To solve mentioned problems, we use
many hybrid methods combining clustering, fuzzy sets, fuzzy logic, rough sets, principal
components analysis, support vector machines, Bayesian networks and many others.
That kind of analysis, usually called High-Level Analysis, requires a carefully chosen,
suitable preparation of the raw data obtained from the biological experiment.

2 GeneChip® Technology
This section introduces the terminology used to describe GeneChips, their construction and
the workflow for generating raw data. More detailed information about sample preparation,
hybridization, scanning and basic analysis can be found in the Affymetrix Microarray Suite
Users Guide [4] and the GeneChip® Technical Manual [5].

2.1 Basic Definitions
In order to produce a GeneChip® array, a number of 25-mer sequences, complementary
to the sequence for target genes are chosen from the given examined organism. These
sequences are known as probes. Typically 11 to 20 probes interrogate a given gene. This
collection of probes is called a probeset and there may be 12000, 22000 and even 500000
probesets on an array. Affymetrix uses a number of procedures to select which 25-mer
sequences should be used for each gene. In particular, potential probesets are tested
for specificity, potential for cross hybridization and predicted binding properties. Sometimes
there is more than one probeset that interrogate the same gene, but each uses a different part
of the sequence.
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Fig. 1: Multiple probes interrogating the sequence for a particular gene make up probesets.
On a GeneChip® there are two types of probes. Perfect Match (PM) – probes exactly
complementary to the sequence of interest and probes known as the Mismatch (MM) which
are complementary to the sequence of interest except at the central base (13th base for 25mers). In theory, the Mismatch probes can be used to quantify and remove non-specific
hybridization. Figure 2 shows exemplary probe pair.

Fig. 2: Perfect Match and Mismatch probes.

2.2 Chip Manufacturing Process
Affymetrix GeneChips are fabricated using
a photolithographic procedure. By using
a series of masks, 25-mer oligonucleotide
probes are synthesised onto a wafer in such
a manner that a large number of different
sequences can be produced in parallel in a
small number of steps. Figure 3 shows how
this procedure is carried out. First, a five
square inch quartz wafer is bathed in silane
to produce a matrix of covalently linked
molecules attached to the surface. The
density of these molecules determines the
packing density of the probes. Photosensitive capped linkers are then attached to
the silane matrix. A mask is then introduced
with openings at predetermined locations.

Fig. 3: Constructing The Affymetrix GeneChip® using photolithographic process.
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When UV light is shone through the mask, the exposed linkers become deprotected
and available for binding. Once the desired locations are deprotected, a solution
of a deoxynucleotide of the desired base with a photosensitive protection group is washed
over the surface. At the unprotected locations, the nucleotide attaches to the surface or the end
of the oligonucleotide. At the next stage, different mask is placed over the wafer and another
set of locations are deprotected. A solution of a different base is then flushed over the surface
and binds at the exposed locations. The procedure is repeated until all probe locations reach
25 nucleotides in length.

2.3 Sample Preparation and Hybridization
The sample preparation process begins with total RNA isolated from the source tissue or cell
line. The total RNA is then reverse transcribed to produce double-stranded cDNA using
a series of reagents. After cleaning the sample, biotin labeled cRNA is produced from cDNA.
Next the biotin labeled cRNA is fragmented for typically 25-200 bases length parts.
The fragments along with the controls are mixed to form a hybridization cocktail. The array
cartridge is then filled with the mixture and placed in a hybridization oven for 16 hours.
The complementary binding properties of DNA, forces the fragmented cRNA to bind
to the oligonucleotides on the array. If there is more cRNA for a particular gene
in the hybridization cocktail, then after hybridization there should be more material attached
to the probes corresponding to that gene.
Several controls are also used for Affymetrix arrays. Oligo B2 hybridizes to locations on the
edges and corners of the array (see Sec. 3). A number of E. coli genes are added at specified
concentrations to check how well the hybridization, washing and staining procedures have
performed.

2.4 Scanning and Image Quantification
After the washing and staining procedures the array is placed in the scanner. At locations
where more cRNA hybridized a brighter signal should be emitted. The amount of signal
emitted is recorded as a value in 16 bits, and by examining the entire chip an image
is produced. The Affymetrix software stores this image in the DAT file.
The checker board pattern and bright
spots on the edges correspond to control
oligo B2 probes. These are used
to superimpose and align a grid upon the
image. Once the gridding has taken
place, the border pixels are ignored and
the internal pixels of each grid square
are used to compute a probe intensity.

Fig. 4: A section of a scanned image for chip. Image quantification takes place by gridding.
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In particular, the 75th percentile
of the intensities for these pixels gives
the probe intensity for each probe cell.
These probe intensity values are written
into the CEL file. All of the Low-Level
analyses begin with data read from the
CEL file.

Fig. 5: Intensity as a function of the grid cell’s pixel location.

3 Background Correction and Signal Adjustment
The term background correction, also referred to as signal adjustment, describes a wide
variety of methods. More specifically, a background correction method should perform some
or all of the following:




Corrects for background noise and processing effects
Adjusts for cross hybridization which is the binding of non-specific DNA (i.e. noncomplementary binding to the array)
Adjusts expression estimates so that they fall on the proper scale, or are linearly
related to concentration

In many cases only methods dealing with the first problem have been referred to
as background correction methods. The most popular methods used in that step are:





RMA Convolution model – motivated by looking at the distribution of probe
intensities
MAS 5.0/Ideal Mismatch – proposed by Affymetrix specific correction depending on
location followed by correction based on PM and MM values
LESN – correcting low intensity signals
Standard Curve Adjustment – refers to the mapping between concentration and
adjustment

Table 1 Classification of normalization methods
Method
RMA Convolution
Model
MAS 5.0 / Ideal
Mismatch
LESN
Standard Curve
Adjustment

Detecting differential
genes
good

Estimating fold change

poor

good

good

depend on
concentration
good

good
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The table 1 summarizes the results of the comparisons between described methods.
It is obvious that the choice of the method for concrete analysis is significant.

4 Normalization
The variability between analyzed arrays is not always classified as interesting.
There are many sources of non-biological variation that might exist between chips
in a microarray experiment. Normalization is the process of removing that unwanted variation
that may be caused by different scanner settings, the quantities of mRNA hybridized,
differences between chips created in different production batches as well as many other
factors. The global normalization approach is intended to equalize the mean values
of expression levels in all of the analyzed arrays. All of the values are multiplied by a constant
which is the ratio between the mean expression level of genes in particular samples.
The lowess normalization is based on the assumption that the biases are intensity dependent,
thus there is no one normalization factor that can remove the biases for higher and lower
intensities. Different factors are computed according to a local area. Contrary to mentioned
above, the quantile normalization forces the chips to have identical intensity distribution
histograms which of course does not promise that the same genes will have the same
intensities.
The normalization scheme may be based only on a groups of genes selected under a proper
criterion. Using all of the genes is possible only if the assumption that most of the genes have
the same expression levels in samples is true. Another idea is to use a small set of genes,
called housekeeping, that, based on prior knowledge, are known to have equal expression
levels in the compared samples. The basic problem with using housekeeping genes is that
they are usually expressed at high levels, so they are not informative for the normalization
of the low intensities range. Also the assumption about equality of these genes
is questionable. In the spiked in controls method, a set of control mRNAs taken from another
organism are added to each sample. That method requires specially designed microarrays with
proper probes included. The controls are added in a range of concentrations thus providing
normalization data for different expression levels.

5 Summarization
The final step of Low-Level Analysis, summarization, is the process of combining
the multiple probe intensities for each probeset to produce a single expression value.
The worth mentioning methods producing an expression measure are: average, median and
the robust average (average of probes except smallest and largest). Another very simple
proposed approach was to take the k’th largest PM probe intensity in a probeset as
the probeset expression summary. In most cases there seems to be no significant difference
in the performance of the methods at estimating fold change or detecting differential genes.
The only method which could be said to have performed poorly was the k’th largest PM.
For that reason in most cases the average is computed as the less time-consuming method.
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6 Conclusions
The GeneChip® technology is very promising in the fields of biological experiments
mentioned in sec. 1, but to proceed the more accurate analyses yielding more meaningful
biomedical conclusions it is necessary to make the right decisions of choosing the proper
methods of Low-Level analysis depending on the examined problem.
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Abstract: Human knowledge is mostly vague and sparse. Conventional models (e.g. set of
differential equations) are very specific and can be used under very restrictive conditions
only. Rather often it is not possible to create a good classical model at all. Qualitative
naive physics based models and fuzzy-qualitative linguistic models offer a very flexible
formal tool to deal with real engineering tasks. In this paper, description of artificial
intelligence qualitative and fuzzy-qualitative modelling is presented and their
applications are discussed.
Key words: conventional model, naive physics, qualitative model, fuzzy model, linguistic
approximation

1 Introduction
Models of real systems appear to be very effective tools to predict their behavior and/or future
states. Unfortunately, the real processes are often very complex and complicated and the
problem of their modelling is often very difficult.
In this paper we present a method of qualitative and fuzzy-qualitative modelling. We deal
with a specific abstract models as a system models based on human expert knowledge and
linguistic descriptions just as we used them in robot techniques.
The major reason for using the qualitative modelling is out ignorance of the numerical values
of the constants in the conventional mathematical equations describing complex system under
study. The only values that are considered in qualitative modelling are positive (increasing),
negative (decreasing) or zero (stable) values. Qualitative approach enables description of
system’s behavior in form of qualitative trends of values of its variables.
Relative terminology for qualitative modelling in fuzzy theory is fuzzy-qualitative modelling
using qualitative fuzzy IF-THEN rules and fuzzy logic in procedures of fuzzy reasoning.

2 Qualitative modelling
Qualitative values of a variable Xi can be increasing, positive (+), decreasing, negative (-) or
constant, zero (0). A qualitative dynamic behavior of a system under study is specified by
qualitative derivatives. DXi is the first qualitative derivative of Xi and DDXi is second
qualitative derivative. The derivative is a qualitative variable and therefore it has three
qualitative values, namely +, - and 0. In this paper, every qualitative variable is specified by a
triple
Xi, DXi, DDXi.

(1)

The Fig.1 shows some possible time dependency of the variable Xi. Let us consider the
following conventional set of equations
X1 + X2 = X3
(2)
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X1 . X4 = X3
dX4/dt = X5

(3)
(4)

Fig.1
A qualitative version of set (2) - (4) is in the form
X(1) + X(2) = X(3)
X(1) * X(4) = X(3)
DX(4) = X(5)
The total number of qualitative variables is n = 5. Let us consider the 5-triplet
X(1) X(2) X(3) X(4) X(5)
(+, +, 0) (+, -, +) (-, -, -) (+, +, -) (+, +, 0)

(5)

The 5-triplet does not belong to the set of qualitative solutions of equations (2) – (4). One of
the reasons why 5-triplet (5) does not belong to the set of solutions is:
X(1) = +, X(2) = +
Using the most primitive qualitative arithmetic we can evaluate
X(1) + X(2) = (+) + (+) = (+)
However X(3) is declared as negative in the 5-triplet (5).
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Using a similar analysis it is possible to identify all the 5-triples which are solution of the set
of equation (2) – (4). In general, the solution of a qualitative model with n variables is a
quantitative matrix of triplets
S(w x n)

(6)

where the total number of solutions is w.
The 5-triplet (5) represents the qualitative state. The set of qualitative states is not the final
result of a qualitative simulation. For any qualitative study, knowledge of the transitions that
are possible between qualitative states (a state graph) is also important. The state graph is a
directed graph. A set of nodes represents the w of qualitative states (the w rows of matrix (6)).
A set of directed arcs represents the possible transitions between the qualitative states.
There are several types of transitions. Two examples of transitions (see (1)):
(+, +, -) → (+, 0, -)
The second derivative modifies the first derivative
(+, -, -) → (0, -, -)
The first derivative modifies the value itself.

3 Qualitative system SENECA
Qualitative system SENECA [1] is a programming system that can evaluate qualitative
models that contain only the following qualitative operations: addition, multiplication,
derivative, parameter derivative and monotone nonlinearities. Let us suppose that the problem
under study is given in a form of a set of differential and algebraic equations.
The following simple differential equation is presented
dA/dt = B – C

(7)

Qualitative SENECA does not contain any operation negation, therefore the equation (7) is
rewritten into the following form
dA/dt + C = B
This equation is transformed into a form of block diagram Fig.2

Fig.2
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This block graph is then coded into a form of a matrix as a computer input. A solution of
model (7) is a set of n-triplets, where n is total number of qualitative variables. Some of the
equation solutions (7) are in table Tab.1.

Tab.1
As mentioned above, all variables are considered to be positive. Therefore the first derivative
is given as an example. A derivative of an addition is an addition of derivatives. The question
mark in Tab.1 indicates that the qualitative results are not guaranteed (see 4th row in Tab.1).
The positive value is not only possible one. Actually any qualitative result is possible (see
rows 4, 8 and 13).
Another result which can be achieved from SENECA on request is a state graph. This graph
specifies which qualitative states can be transformed into another. As an example of a
transition, the following is given
Time interval
(+, +, -)

Time point
→

(+, 0, -)

Time interval
→

(+, -, -)

4 Fuzzy-qualitative modelling
In this paper a qualitative model is mentioned as linguistic model using linguistic terms
instead of mathematical equations with numerical values or conventional logical formula with
logical symbols. That is why a linguistic model is also model that is described or expressed in
the framework of fuzzy logic. Therefore we can regard most of fuzzy models (or fuzzy
control rules respectively) as qualitative models.
Nevertheless, we can distinguish a qualitative model from fuzzy model. The terminology “a
fuzzy model“ is used in a narrow sense. A qualitative model is considered a fuzzy model with
something more, i.e. with more linguistic expressions. For example, in ordinary fuzzy model
IF (x is POSITIVE SMALL) THEN (y is NEGATIVE SMALL)
the terms POSITIVE SMALL and NEGATIVE SMALL are the labels conventionally
attached to fuzzy sets, where the fuzzy sets play an important role, not the labels. Using such
standard of conditional rules we can formulate the linguistic model as shown later.
As mentioned above, the qualitative reasoning makes use of a quantity space on which
“landmarks“ are defined. Three values namely (+, 0, -) are used, which are qualitative in
nature, similar to fuzzy values (positive zero, negative) in fuzzy modelling. The difference
between them is that qualitative values are crisp, acting as symbols, though they have (+, 0, -)
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semantic, while fuzzy values are not symbols – their quantitative semantic is represented by
their membership functions.
Suppose that there is a conventional fuzzy model with fuzzy sets and we improve its
qualitative nature by using linguistic approximation techniques of fuzzy logic, i.e.
linguistically or qualitatively explain a system behavior (to derive a qualitative model from an
ordinary fuzzy model). To this aim we can use a method of linguistic approximation of fuzzy
sets [3], [4].
Suppose that there is a proposition with fuzzy predicates, find a word or a phrase out a given
set of words to linguistically approximate it with hedges and connectives. After this
procedure, we can obtain a qualitative model with linguistic rules from the identified fuzzy
model.
We use the following two indices to measure the matching degree of two fuzzy sets [2]
1. Degree of similarity
S(N,L) = || N ∩ L || / || N U L ||
where || . || is cardinality of fuzzy set and N , L are fuzzy sets.
2. Degree of inclusion
I(N,L) = || N ∩ L || / || L ||
In the above setting, N is a fuzzy set considered as a fuzzy number and L is a fuzzy set
associated with a linguistic label. In Fig.3 for two fuzzy sets P, Q we have
S(N,P) = S(N,Q)
I(N,P) < I(N,Q).
As Q is included in N, we can say that Q approximates more appropriately N than P.

Fig.3
Next we shall use the following hedges: very, more or less, slightly, sort of, not, more than,
less than. Then we can formulate the linguistic model in something like the following:
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IF (x1 is MORE THAN MEDIUM) and (x2 is MORE OR LESS SMALL OR
MEDIUM SMALL) THEN (y is BIG) AND (δy/δx1 is VERY NEGATIVE) and
(δy/δx2 is SORT OF NEGATIVE)
As an example, let us approximate two fuzzy numbers, A and B (Fig.4), considering linguistic
approximation with linguistic terms (CALM with S = 0,62, MODERATE with S = 0,76),
linguistic terms and hedges (LESS THAN SOFT with S = 0,87, MORE OR LESS
MODERATE with S = 0,81) and linguistic terms, hedges an connectives (MORE OR LESS
CALM OR MORE OR LESS SOFT with S = 0,94, NOT HARD BUT MORE OR LESS
MODERATE with S = 0,86) see (Fig.5).

Fig.4

Fig.5

To compare the adequacy, both of primary fuzzy model and derived fuzzy-qualitative model,
we can see that the performance index of qualitative model with linguistic rules is greatly
improved [2].

5 Conclusion
Abstract models of real complex systems appear to be very effective tools to predict the
process states and/or process control. Unfortunately, the real processes are very complex and
complicated and the problem of their modelling using the conventional mathematical methods
is often very difficult. Here some computational models of common sense analysis (based on
naive physics) and fuzzy models are needed. Qualitative approach enables description of
system’s behavior in the form of qualitative trends of its variables. A result of qualitative
modelling is a set of qualitative states and set of their qualitative transitions. This is a
complete description of all possible unsteady state behaviors. Besides the common sense
approach, the linguistic fuzzy methods are available to design the qualitative models. In this
paper a qualitative model is derived from an ordinary fuzzy model using the linguistic
approximative method.
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Abstract: The main goal of this article is to present formal technique that tries to enhace
design of UML models. The general idea is based on creating axiomatic knowledge
architecture that is able to hold knowledge about different domains in form of
mathematical theories. Consequently, this knowledge can be used for validation, whether it
is satisfied in UML model. All this effort is targeted into creation of expert system for
model driven development, that can be used with UML model creators. Protopype of such
system will be presented at the end of this contribution.

1 Introduction
Even a proper UML model is not sufficient condition for creating proper information system,
it is obvious, that proper UML model is minimally necessary condition for achieving this goal
in model driven development. “Software process” creates many different project artefacts,
which contain many different UML models in order to formalize specification and realization
of final software product. It is very necessary to preserve consistent dependencies between
these models in order to keep realization of final software product (design models) exactly
according to its original requirements specification (analytical models). If some UML model
is incomplete in relation to all business requierements, or it is contradictional in targeted
business domain, it is sure, that final product must be redesigned and lost of many is
guaranteed.

1.1 Paper objective
Objective of this paper is to present formal method via its mathematical model and
supporting software tool (prototype), which creates expert system for UML models
validation. This method is based on first order logic, that allows use its benefits as
satiasfiability validation, consistency validation and many others mathematical concepts.
Before I will specify this method, let my present a few, but very important chosen problems in
UML models design.

2 Chosen problems in Model Driven Development
2.1 Domain complexity
The more complex business domain is the more complex is UML model. UML models must
describe business domains (e.g. via business goals, business processes, business entities,
business actors), they also must specify customers requirements (e.g. use cases, class
diagrams) and of course, they must also specify realization of final information system (e.g.
deployment model, component model). This implies that UML models creator must have a lot
of information about domains that they describe. Furthermore, information system (its
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specification and realization) must avoid contradiction not only for objective domain of
solution; it must additionally avoid contradiction for such domains, where it will be probably
extended. This empowers requirements for UML creators’ knowledge even more. But it is
natural, that to hold all required information is practically impossible.

2.2 Knowledge instability
It is obvios that: the better senior UML creator is, the better UML model is created. The
reason is clear. Senior UML model creator has more advanced knowledge, and he is able to
use it as better as junior UML model creator. He can also predict problable domain, where
information system will be extended, so he can prepare already current specification for this
extension. However, even a company has senior analyst with his advanced experience, there
is problem, that his knowledge is implicit (mostly in his head). When a company needs more
such project members or this analyst want to change his job, then this company has real
problem [1].

2.3 Imprecise semantics of UML models
And final problem that I want to mention in this article, is that UML doesn‘t have fully formal
architecture [2]. Indeed it divides its syntax into abstract syntax (metamodel) and concrete
syntax (notation), but its semantics is specified via UML metamodel combined with OCL
constraints and finally refined with natural language [3]. This architecture of UML semantics
results in ambiguous description of software systems, and also it disallows checking UML
model for consistency. In general, UML architecture cannot use as strong and precise formal
system as first order logic. On the present, there exists several formal methods that formalize
UML, however they are still not used in real projects, but mainly, they are oriented into UML
language improvement rather than for validating different semantics, that UML model can
represent [4, 5, 6, 7].

3 Axiomatic Knowledge Architecture for UML
The objective of the Axiomatic Knowledge Architecture for Unified Modeling Language is to
store different knowledge (declarative specification of different domains) in form of separated
mathematical theories and validate their satiasfiability in UML model. For the reason to be
naturally comprehensible and also to be strongly analyzable with this method, I will use First
Order Logic [8, 9]. This knowledge base could hold information about UML (how to create a
model) or it could store information about some domain (e.g. finance, health). Consequently,
UML model creators could use this system to validate their UML model, if it is consistent, or
if theory of objective domain is satisfied in created UML model or if theory of a probable
future domain is satisfied in UML model.

3.1 Formal Model
Let AKA4UML={T1, T2, ..., Ti, Ti+1, ... Tn} be a set of mathematical theories, where Ti is
a theory of some domain (e.g. theory of UML, theory of aprooving loans), that consists of set
special axioms of this theory Ti={Ai1, Ai2 ...Aij, Aij+1, ... Aim}, j<=m written in First Order
Logic. Then we say, that UML model is satisfied (its interpretation in First Order Logic) in
AKA4UML and we write M(UML model)|=AKA4UML, if every special axiom of theory Ti,
so ∀ i,j (M(UML model) |= Aij, Aij Ti, i<=n, j<=m ), is satisfied in M(UML) [10].
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Proving strategy is appropriate via proof by contradiction (for automated purposes), so it is
neccessary to prove, that follows formula is contradiction:
T1 ∧ T2 ∧ ... ∧ Tn ∧ ¬ M(UML).
3.1.1 Example of formal validation
So that I may be more accurate about AKA4UML, let me present you a simple example of
UML model validation with AKA4UML.
Let UML model 1 is a simple UML model that is depicted on Fig. 1. The task is to decide,
whether some theory (will be specified later) is satisfied in this UML model 1.

C1

C2

Fig. 1 Simple UML model 1
1.

This UML model 1 is very simple, that does not describe any concrete (business) domain.
There are only two classes: C1, C2, connected with association. This imply, that
AKA4UML can be sufficiently as simple UML theory 1:
Predicates = {C: to be class, A: to be binary association, S: to be stereotype}
Axioms =
∃x∃y (C ( x) ∨ A( x, y ) ∨ S ( x, y ))
There exists class or association or stereotype.
∀x∀y ( A( x, y ) ⇒ (C ( x) ∧ C ( y )))
For every association there is valid, that source and target must be classes.
∀x∀y ( S ( x, y ) ⇒ C ( x))
For every stereotype there must be is class (which is extended via this
stereotype).

A1.1
A1.2
A1.3

Note: I have defined this theory (its special axioms) only for purposes of this article. I do
not consider it as generally acceptable specification. My interest is to present formal
methodology in general (i.e. validating UML model against more separated theories),
rather than improve syntax and semantics of UML. As I have mentioned in previous,
nowadays there exist more formal techniques that are concerned right for this objective
[11, 12, 13, 14]. Also note that predicate S is not necessary for the proof. The reason is
only to present AKA4UML more closely.
2.

At second, it is necessary to interpret UML model 1 with the same language (First Order
Logic):
M(UML diagram1)={M,PR}, where M is a set of individuals and PR is realization of all
predicates, so M={C1, C2} and PR ={C(C1), C(C2), A(C1, C2)}.
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3.

At third, it is necessary to transform UML theory 1 and negated interpretation of UML
model 1 into CNF (Conjunctive Normal Form):
{C(a),A(b,c),S(d,e)}

A1.1

{ ¬ A(x,y),C(x)},{ ¬ A(x,y),C(y)}

A1.2

{ ¬ S(x,y),C(x)}

A1.3

{ ¬ C(C1), ¬ C(C2), ¬ A(C1,C2)}
4.

¬M

Finally, it is possible to make proof. I’m not going to show the prove, but it is obvious,
that follows formula is contradiction
A1.2 ∧ A1.3 ∧ A1.3 ∧ ¬ M(UML diagram1),
what imply, that AKA4UML is satisfied in UML diagram1, and I can write that
M(UML diagram1)|=AKA4UML.

3.2 AKA4UML in the context of expert system
In the context of expert system, I have created simple validation tool FormalStudio that is
designed for AKA4UML support [15, 16]. FormalStudio is depicted at follows Fig. 2.

Fig. 2 User environment of FormalStudio
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Mathematical theories of some domains are on the right side of environment, and models of
theories (interpreted worlds) are situated on the left side. The main intention of this tool is to
represent theories and model of theories exactly according to their precise specification via
First Order Logic. Theory is specified only via constants, variables, predicates, functions,
connectives and quantifiers. Model of theory consists of a set of individuals with their
predicate and functional realizations. I have also created file format FML (Formal Markup
Language) based on XML, which stores theory and model of theory in file form. Theory is
depicted on Fig. 3.

Fig. 3 User environment of FormalStudio
User of FormalStudio must import at least one theory from FML, and also at least one model
of theory from FML (at first, UML model must be transformed into FML as model of theory)
and then he can run proof, whether imported theories are satisfied in imported UML models.
Note that on Fig. 2 is imported UML model that is depicted on Fig. 4.

«BusinessGoal»
Increase bank income
using IT

«OrganizationUnit»
Loan department

Fig. 4 Simple UML model 2

3.3 Future work
From the purely mathematical point of view, the future work will be oriented into applying
modal logics, and also into applying intensional and extensional logics [17]. From the
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artificial intelligence point of view, it is necessary to shift current methodology into agent
system (planning, inference …) and also, I will work at importing knowledge from OWL into
AKA4UML. And finally, from the FormalStudio point of view, there must be done a lot of
work, e.g. improving proving algorithm and implementing many outputs of future theoretical
work, related to improved mathematical and artificial intelligence methods connected with
AKA4UML, and many others.
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Abstract: This article is meant to help the software developers leading them in the right
direction when they’re supposed to protect their work. In this paper we classify some
security patterns used to protect the portable executable files (.exe or .dll) of computer
programs that we developed and tested. We will also present some security routines
that go along with the protection patterns and will make up some rules that the
developers should follow when they design their own protection systems.

1 Overview of software security
Experience tells us that there is no security that cannot be removed. By writing this article we
hope to support software developers to write better protection for their programs. We must
also mention that it is a matter of time, experience and patience before a cracker cracks your
software. Good software protection prevents the cracker from removing the protection
correctly. With such protection, the cracked program will not work correctly and more people
will buy the original copy of the program. In time a good cracker may appear to crack the
protection but the time bought is money earned. A better protection will buy a huge amount of
time and even when a crack appears, it needs more versions, some of them not even working
properly. In such cases, even the most experienced crackers will buy an original copy of your
program.

2 Security patterns and routines
In this paper we strictly resume to the protection of the portable executable files (.exe or .dll).
By protecting an executable file and thus our released program we understand thwarting the
plans of any cracker who tries to make illegal copies of it. To be able to do that, the
programmers must know the tools and methods used by crackers. This is a very important
aspect when producing software because many developers underestimate the crackers and this
is a huge mistake because in time they may wonder: “why are my profits so low”? A good
review of the tools used by crackers is presented in [1].
There is also a decision to make when releasing the program: freeware or shareware? If a
freeware or demo version is released, the programmers do not have to worry too much about
protecting their program because in such versions many options are not even available or in
some cases a very limited version is published. If a shareware version of the program is
released, then protection becomes a very important defense against crackers. Most of the
shareware versions are actually full versions of the programs including some security patterns.
When selecting the best protection for our program we should take into consideration
programs already designed to perform such a task and their reviews or we may as well
develop our own security pattern which will not be a standard one, and may take time to be
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discovered, time that may earn amounts of money depending of the complexity of the
protection pattern.
We must avoid the annoying protection methods such as security routines that perform
“nasty” activities like modifying bytes on the user’s hard drive if he tries to remove protection
or security routines that prohibit the program to be used in some regions of the world. For
example, when developing a game, it purely makes no sense to restrict it from being played
only in the US and not in Asia but when releasing an accounting program it makes perfect
sense to restrict it from being used in a different country but the one it has been dedicated to.
Things are different, and annoying security routines are developed, aggravating even more the
cracking world and motivating the crackers in releasing cracks as soon as possible for such
programs. Examples of aggravating security patterns:
Changing settings in Windows registries or some place else on the hard drive
when meddling with the security routine. For example your Windows acts
weird after you restarted your system because previously you tried to register
a program for more than five times.
Forbidding the user to run the program depending on the region he is settled.
Imagine the frustration when you visited the US and you bought a game for
$30 but when you are back home, the game doesn’t run and nobody at the
customer support responds to your desperate calls or emails.
Preventing the program to be activated more than once. For example, you
spend 100 Euros on a program that when running and activating, it decrypts
some “.tiff” files and let them be visualized from a database. Then your
system got a nasty virus and you must re-install Windows, then you try to
activate the mentioned program, the activation works fine but the “.tiff” files
may not be visualized and your 100 Euros are lost. In this case there is a bug
in the security routine but a patch was never released.
These are just a few examples of annoying protection routines that we have met during our
research in more than 1000 programs in one year.
Who is to be blamed in these cases, the crackers or the programmers, although these two are
the one and the same in many cases?
When protecting our programs we must hide the security routine(s) the best we can and we
have many methods that allow us to do that. Remember, all we try is to get more time before
the program is cracked, or we must be ready with an update when the first crack appears on a
certain website.
There is another aspect that has to be taken into consideration when we design a protection
routine and that is the complexity of the program and what it does. The complexity of the
protection routine should be direct proportional with the complexity of the designed software
like in the relation below:
security routine complexity ~ program features complexity
For example, it is absurd to invest two weeks in designing a security routine for a project that
takes three days to be finished or the other way around, using a basic security routine on a
complicate program that performs complex activities with a lot of features. In the studies that
we performed, 50% of the tested programs used commercial protection programs while the
other 50% used their own. Each half of the researched programs can be categorized depending
on the complexity of the protection solution the developers have chosen but the bottom line is
that 75% of all studied programs selected pretty weak protection for their products.
In the following sections we will present some of the possible protection patterns that may be
employed to protect programs along with the associated protection routine. The reader is free
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to use his imagination based on the examples reviewed below and modify them at his own
will.

2.1 A short presentation of security patterns
By security patterns we refer to the design of the security system used to protect the program.
Below there is a classification of these patterns in function of their degree of complexity:
basic, medium, and complex protection patterns.
-

-

-

A basic protection pattern would consist in calling a simple nag-screen
routine at the start of the program to remind the users that this is a shareware
version of the program. A serial number protection may also be included or
not. If serial number protection exists, then after each registration trial some
message boxes are launched to let the user know whether he entered or not
the correct registration information.
A medium protection pattern would consist in calling a security routine at
the start of the program, the end of the program, and once at runtime. Serial
number or time trial protections combined can be used.
A complex security pattern would consist in calling the security routine at
the start and the end of the program, and more times at runtime. More types
of security routines can be used for the same program. Serial number or time
trial protection can be used also.

Based on these types we may develop as many protection patterns as programs we can write,
each program having its own distinct protection system and our imagination may run free. It
is a mistake to use the same protection pattern for each of our written program and even a
bigger mistake to use the same calling routine. When writing commercial software we must
always consider that a good protection pattern buys us more time and brings us more money.
The security pattern is depending on the complexity of the security routine called each time a
check is performed. According to their complexity degree, we distinguish the types of security
routines presented in the next section.

2.2 A short presentation of security routines
Like the security patterns, the security routines can be classified after the same criteria
depending on their degree of complexity, and this time the sky is the limit. The security
routine must fit in the security pattern selected for the program that we try to protect. First, a
cracker will try to identify the security pattern and will study the behavior of the program then
he will try to localize the security routine and he will meddle with it at his own will. Even
when the pattern is identified we may still have a chance if the routine, which is the soul of
the pattern, does a good job. We may identify:
-

A simple security routine which actually may compare two strings or call a
time check function to verify whether the program is registered or not. The
body of such a routine is short, easy to follow when debugged in assembly
language or even non-existent because the job is done using Windows API-s.
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-

-

A medium security routine is identified after the number of assembly
language instructions and the logic those instructions follow. It may include
mathematical operations performed on one or more strings or time checks.
A complex security routine contains a lot of mathematical operations, a lot
of checks performed, loops and jumps, even junk code or code executed just
to throw the cracker on a false way in his search. A complex security routine
contains more security routines performing different tasks and called at
different times at the execution of the program. Such a routine should be
hard or almost impossible to reverse depending on the cracker’s patience and
experience.

When a security routine is designed, we must think about the stealth of the routine and about
how easy it will be to localize it using a debugger and the assembly language [1]. It is never
recommended to underestimate the assembly language knowledge of a cracker. Crackers
crack for the challenge of it, not for the money, and the proof is that they post their work for
free everywhere on internet.
There is a lot to say about concealing the security routine, we will list below a few effective
methods that can be used:
-

-

Hiding the security routine in a different file;
Hiding the security routine in another routine, then in another routine, etc.
Emulating the process of the security routine in a different protected
executable file.
Using two executable files at the start of the program that inject code one
into another for a difficult tracing when using a debugger. This method
actually involves a single executable file split into two working files.
Using polymorphic code and metamorphic transformations [2] to hide the
body of the sensitive code.

3 Rules to be followed
The time spent researching led us to the following rules that should be followed when
designing a security pattern for a commercial program:
1. Encrypt the body of the security routine (polymorphic code is recommended);
2. Avoid error messages in the registration screen;
3. Use more security routines each one with a different task. This slows down the
crackers and results in cracks that do not work well;
4. Do not use obvious names for the security routines. Use those names for other
routines to create diversions;
5. Use long registration names and numbers it takes more time to decode them and to
understand the process. Don’t use symmetric encryption of the serial numbers it’s
too easy to break.
6. Avoid strings like “registered”, “unregistered”, “licensed” or encrypt them [3];
7. Use a lot of self modifying code making the program to change when running.
This method makes even more difficult to understand the logical structure of the
program.
8. Make-up your own rules when designing a protection pattern. More rules can be
found in [1].
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Abstract: The on-line identification algorithms based on neural networks
are widely used methods for system identification. As the identification is
performed on-line, the number of measurements is increasing continuously,
and thus the training set for neural network is growing. The problem is that
the size of the training set is limited. This paper describes the novel method
for training pattern selection. Presented method improves the performance
and stability of the identification.

1 On-Line Identification Using Neural Network
On-line identification algorithms are very widely used methods in many applications. For
example on-line identification is the most important part of the self-tuning controller. In many
applications the identification methods based on the artificial neural networks are used.
The main idea of on-line identification is that according to the measured input to the
identified system u(t) and the corresponding system output y(t) we are able to find the vector
of system parameters Ө.
For computing the identified system output we can use the linear ARX model
b1 z −1 + b2 z −2 + b3 z −3
FM ( z ) =
1 + a1 z −1 + a2 z −2 + a3 z −3
−1

(1)

where a1… a3 and b1 …b3 are the model parameters.
The ARX model can be written in vector form as follows
∧

y ( k ) = ϕ T ( k )θ ( k )

(2)

where

ϕ ( k ) = [u( k − 1) ... u(k − 1 − m) − y ( k − 1) ... − y (k − 1 − n )]

T

(3)

is the vector of measured inputs and outputs and

θ ( k ) = [b1 ( k ) ... bm ( k ) a1 ( k ) ... an ( k )]

T

is the vector of estimated system parameters [2].
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Fig. 1 The principle of identification of system using neural network.
For training of the neural network the Levenberg–Marquardt method can be used. The new
vector of parameters is in each step given by next equation.

θ (k + 1) = θ (k ) − (JJ T + λI ) J T ε (k )
−1

(5)

where J is Jacobian matrix in form

 ∂ε1

 ∂w1
J = M
 ∂ε p

∂w
 1

∂ε1 

∂w j 
O
M ,
∂ε p 
...

∂w j 

...

(6)

ε is the vector of errors between the output of the system and the output of the model for all
training patterns and λ denotes the learning rate coefficient. The parameter p denotes the
number of training patterns and j denotes the number of estimated parameters [1].

1.1 Training Set
Training of the neural networks is performing with the all training patterns in the training set.
If the on-line identification is used, we have the new training pattern in the each sampling
time. Because of the limited number of elements in the training set we have to eliminate one
element in the same step. Classical concept is to take into account only the age of the patterns.
That means the oldest training pattern is eliminated. This method could be the cause of bad
behavior of identification in the cases when the identified system is not persistently excited.
In [1] was designed more sophisticated algorithm for elimination of training patterns. This
algorithm can be described as follows:
1. Measure a new pattern.
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2. If the training set contains a maximum number of patterns,
a) Find in the training set two nearest patterns.
b) Remove the older one.
3. Add a new pattern to the training set.
The distance between two patterns (input vectors of the neural network) can be computed
using transformation R which transforms input vector ϕ to the new space:

ϕ ′ = Rϕ .

(7)

Then the distance between two vectors is defined as follows:

ϕi′ − ϕ ′j = Rϕi − Rϕ j = R∆ϕ = ∆ϕ T RT R∆ϕ ,

(8)

where expression RT R is the transformation matrix. In the basic case it can be equal to the
identity matrix [1][5].
The next picture shows the simulation of behavior of the self-tuning controller with
identification based on the neural network and the algorithm for training pattern selection.
The LQ controller as the control algorithm was used. The “+” marks indicates the chosen
patterns. The solid line denotes output of the controlled system and dashed line is reference
signal for the LQ algorithm. One can see that to the training set wasn’t included data from the
steady states.
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Fig. 2 Chosen training patterns (+) after time 200 seconds.
Next improvement of this algorithm can be reached by penalization of oldest patterns. All
distances between patterns are multiplied by variable γ defined as follows:
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γ = e (1−λ ) max( t ,t ) ,

(9)

1 2

where t1 and t2 denote the age of two training patterns which are compared.
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Fig. 3 Chosen training patterns (+) after time 200 seconds with the time penalization.
One can see that time penalization leads to training set that contains newer patterns. It is
obvious that novel algorithm with time penalization is able to faster adaptation to changes of
the identified system.

1.2 Switching off the identification procedure
As it was mentioned above the on-line identification algorithms can be used for design of the
self-tuning controllers. If the controlled system don’t change its parameters, it is useless to
execute the identification. The reason is that after some steps the identification algorithm
changes parameters of the mathematical model only in accordance to noise in the measured
signal. In this case should the self-tuning controllers be able to switch off the identification.
The problem is how to detect, when the identification procedure is not necessary.
The solution can be found using described algorithm for training pattern selection. The main
idea is to monitor the changes in the training set. When this algorithm during n steps
computes the minimal distances between two newest training patters, we can stop the
identification, because we don’t have new data for training. The next start condition for
identification procedure can be number of changed training patters in the training set.
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algorithm for training pattern selection and
switching the identification
Training set
Process parameters

w

On/Off

Training of the
neural network

Control algorithm
Plant

y

u

Fig. 4 Implementation of algorithm for training pattern selection and switching off the
identification for the self-tuning controller.

2 Conclusions
It was presented novel algorithm for training patterns selection. This algorithm improves the
convergency and robustness of adaptive algorithm which uses model generated using neural
networks. The novel training pattern selection extends the adaptive algorithm that is described
in [1]. The time penalization of patters was used. The figures 2 and 3 show that using the
time penalization was obtained never training set. That means, using described algorithm the
adaptation properties of the identification algorithm can be improved.
The new angle of view for switching off the identification procedure using the computing of
distances between training patters was found. Presented identification algorithms are suitable
for design of the self-tuning controllers.
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Wavelet Transform for SIMD Architectures
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Abstract: Wavelet transform represents very popular and effective way of signal
representation. Intending to optimize analysis and synthesis times, this article is focusing
on possible ways of improving the Cohen-Daubechies-Feauveau (CDF) 9/7 wavelet
transform using SIMD (Single Instruction - Multiple Data) execution layout, utilizing Intel
Integrated Performance Primitives developer library.

1 Introduction
Discrete wavelet transform is a very important method of non-spatial signal representation. It
is very tightly connected with image analysis due to effective utilization of biorthogonal
filterbanks. For the subject of lossy image compression it has been proven that CohenDaubechies-Feauveau (CDF) 9/7-tap wavelet is one of the best choices available [1]. The
most serious problem of such transform is the inefficiency of resulting coefficient
computation, which is based on filtering, thus relying on standard convolution methods. In
case of longer (3-tap and more) filters there are methods that exploit several properties to gain
a notable speed improvement of the algorithm.
First method, fast lifting wavelet transform, is hardware-independent and uses the so-called
lifting scheme [2] to successfully break the original filter structure into series of smaller filters
of first or second degree. Original convolution is then performed in so-called lifting steps.
Combined together, it has been proven that complexity of the algorithm can be reduced by as
much as 50% [3], also introducing significant memory savings.
Other methods are hardware-dependent and rely on various architecture features utilization.
Many specific approaches are covered in [4]. Generally, those methods directly control either
parallel computation flow or exploit SIMD (Single Instruction – Multiple Data) instruction
layout.
This paper is based on analysis and implementation of SIMD-based CDF 9/7 wavelet
transform using the Intel Integrated Performance Primitives developer library to utilize SIMD
extensions directly. Rest of the paper is organized as follows: Section 2 covers wavelet
transform theoretical principles and describes the fast lifting scheme. Section 3 characterizes
implemented algorithms, which are subjects of further testing and discussion in Section 4.

2 Discrete wavelet transform
Forward discrete wavelet transform in discrete time can be characterized by filtering the
original signal with two adjacent FIR structures, the low-pass h and high-pass g filters, and
downsampling the result by the factor of 2 (in case of typical, dyadic decomposition). This
process is known as signal decomposition (analysis) and the scheme of the analysis is
described in Fig. 1. The opposing (inverse) direction, called reconstruction (synthesis), is
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using complementary filters h̃ and g̃ on an upsampled version of the resulting coefficients. An
important criterion states that combined usage of forward and inverse transform on an infinite
signal lead to perfect reconstruction [2], when the reconstructed signal is the same as the
original.

h

/2

LP coefs.

g

/2

HP coefs.

x

Fig. 1 One step of forward wavelet analysis on sample signal x
In signal analysis, a digital signal is filtered directly by convolving it with FIR filter impulse
response. For the case of CDF 9/7 biorthogonal filters, the resulting coefficients in one step of
decomposition are created as:

LP (n) =

4

∑ hk x2n+k , HP(n) =

k = −4

3

∑h x

k = −3

k

2 n+ k

(1)

As we can see in Equation 1, biorthogonal filter impulse response sizes vary for high-pass and
low-pass one by two samples, so it is important to further align them by one sample phase
shift.

2.1 Boundary handling
By using convolution principle on a finite sequence of data, we are confronted with boundary
effects that arise on the edges of the resulting signal. In order for these finite data to comply
with the criterion of perfect reconstruction, a boundary handling technique has to extend
original signal for computation and to cut off any redundant parts in the result, if necessary.
There is a number of approaches we can use [5]. The most suitable for image processing,
however, is to extend the original data with whole-sample symmetrical copy of the border, in
half the length of the filter (for the case of symmetrical convolution). This technique is called
symmetrical padding and it also produces extension of the result that needs to be kept, as far
as we want to achieve perfect reconstruction.

2.2 Fast lifting wavelet transform
In order to analyze the signal using fast lifting scheme, we have to split the original filters into
odd and even parts:

h( z ) = he ( z 2 ) + z −1ho ( z 2 )

(2)

We can now introduce a so-called polyphase matrix, a 2×2 transform matrix:
⎡h ( z ) ge ( z )⎤
(3)
P( z ) = ⎢ e
⎥
⎣ho ( z ) g o ( z )⎦
In order to meet perfect reconstruction criterion, the matrices for analysis (Equation 3) and
synthesis have to agree with this rule [2]:
~
P( z ) P ( z −1 )T = I
(4)
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We then call the filter pair (h, g) (and (h̃, g̃) respectively) complementary.
If a filter pair (h, g) is designated as complementary, then there exist combinations (h’, g)
which are also complementary. We can now define a possible form of h’:
h′( z ) = h( z ) + s ( z 2 ) ⋅ g ( z ) ,

(5)

and symmetrically applied
g ' ( z ) = g ( z ) + t ( z 2 ) ⋅ h( z )

(6)

If the filterbanks (h, g) and (h’, g) allow for perfect reconstruction, then there is an unique
filter s(z), which satisfies Equation 4. In terms of polyphase matrices, the new polyphase
matrix of the transform is derived as
⎡1 s ( z )⎤
(7)
P UPD ( z ) = ⎢
⎥ P( z ) ,
⎣0 1 ⎦
and since we have lifted the low-pass subband with the help of the high-pass subband, this
step is called primal lifting or update step. Now a dual lifting or a predict step is derived in a
similar manner:
⎡ 1 0⎤
P PRE ( z ) = ⎢
(8)
⎥ P( z )
⎣t ( z ) 1⎦
Finally, by a process called lifting factorization, we process the original FIR structure in order
to gain a series of lifting steps that will replace it. What we finally obtain is the following
polyphase matrix:
⎧ m ⎡1 si ( z )⎤ ⎡ 1
0⎤ ⎫ ⎡ K
0 ⎤
,
(9)
P ( z ) = ⎨∏ ⎢
⎬⎢
⎢
⎥
⎥
1 ⎦ ⎣t i ( z ) 1⎦ ⎭⎣ 0 1 / K ⎥⎦
⎩ i =1 ⎣0
where K is a scaling constant. Now we can see that fast lifting wavelet transform is a
sequence of alternating lifting steps, in which we filter the signal with very small first- or
second-order filters.
For CDF 9/7, the most efficient factorization is defined as [2]:

(

)

(

)

s1 ( z ) = a 1 + z −1

t1 ( z ) = b(1 + z )

s2 ( z ) = c 1 + z −1

,

(10)

t2 ( z ) = d (1 + z )

where a=-1.586134342, b=-0.05298011854, c=0.8829110762 and d=0.4435068522, scaling
factor is K=1.149604398.
The actual algorithm is described by a data dependency diagram (Figure 2), a structure which
shows data flow in the fast lifting algorithm. In the figure, arrows mark the signal flow.
Previous step elements, which are not aligned with the element being processed are multiplied
with a, b, c or d constants regarding the step and summarized with previous aligned element
value. Output is derived from last two steps.
Boundary handling – symmetrization – is demonstrated by dashed signal paths. It is fairly less
complicated than with standard convolution mode, because only one sample (four for all four
steps) has to be considered. Also, no artificial redundancy is created in the result.
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Fig. 2 Data dependency diagram

3 Implemented algorithms
Four versions of the algorithm have been implemented for further testing: a standard
convolution method, a fast-lifting method and finally two versions of SIMD-optimized
convolution, using Intel IPP developer libraries.

3.1 Standard convolution
This mode was implemented by the means of convolution used on both sides symmetrized
sample, directly using CDF 9-tap and 7-tap analysis filters. Pseudocode follows:
half = floor ( filter size / 2 )
FOR i = 0 to signal size, even only
result = 0
FOR j = 0 to filter size
pos = i + half - j
IF pos <> signal bounds
pos = existing sample index, symmetrical position
ENDIF
result = result + signal[pos] * filter[j]
ENFOR
STORE result
ENDFOR
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When the filtering is finished, the two results are joined into a block of data of the same size
as the original signal – which is typical for dyadic transformation store format.

3.2 Fast lifting wavelet transform
Fast lifting version of the algorithm uses four steps to produce coefficients in-place. Those
results are then subject of reordering to convert the output format. Pseudocode for one step of
the algorithm, which has symmetrical extension enabled to the left, is defined as:
s = signal size
FOR i = 1 to s – 2, even samples only
sample[i] = sample[i] + stepcoef * (sample[i-1] + sample[i+1])
ENDFOR
sample[s–1] = sample[s-1] + 2 * stepcoef * sample[s-2]

The excluded statement following after the loop is boundary handling method.

3.3 SIMD-enabled wavelet transform
Intel IPP is a set of libraries that allow the developer to directly unfold various SIMD-enabled
algorithms into binary code using the principle of intrinsic functions [6]. There are several
types of embedding IPP into an application; static linking with dispatching was selected
among the others for the purpose of testing. This mode does not require any additional DLLs,
yet keeping reasonable executable file size and compatibility.
Two versions of the transform have been realized, the first using IPP’s wavelet transform
features and the other using FIR filtering directly, both taking advantage of the signal
processing part of the libraries.
In case of using wavelet transform, the computation was realized by using ippsWTFwd, with
two sample offset inserted between the two filters because of biorthogonal filterbank.
Boundary handling was slightly difficult to realize as WT works as a set of two modified
delay lines; for this reason ippsWTFwdSetDlyLine was called, containing symmetrized
samples.
Second approach used ippsFIR and the filter was allocated as a downsampling multiresolution structure. Instead of using delay line directly, boundary handling was realized by
extending the input signal manually, and cropping the extension in the end.
Note that using IPP functions issues some overhead, which is needed for structure and
memory allocations – these were not accounted in performance measurements, because in real
application steps like allocation will be done only once, before the 1D transform will be used
multiple times. It is also needed to convert signal samples due to alignment of SIMD data
formats, and this conversions were taken into account when evaluating performance.
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4 Performance testing
All four methods were implemented in C++, using Intel Compiler v10.1.021 for IA-32
architecture. Compiler was set to /O3 high level optimization mode, Global Optimizations
turned on. SSE-specific settings were not enabled due to the usage of Intel IPP of version
5.3.3.082. Only for the purpose of time measurements, TBB (Intel Threading Building
Blocks) has been used, because it produces highly accurate timing information on multicore
CPUs [7].
Testing was performed on 1D cosine signal, using 32-bit float data type for computation.
Elapsed algorithm time was measured 10 times, taking median value into account. Details of
the testing configurations are introduced in Table 1.
Table 1. Testing configurations
Shortcut
CPU
Core Quad Intel Core 2 Quad Q6600
2.4GHz, 1066MHz FSB
MMX, SSE, SSE2, SSE3, SSSE3
Pentium M Intel Pentium M 740
1.73GHz, 533MHz FSB
MMX, SSE, SSE2
Athlon 64
AMD Athlon 64 3000+
1.8 GHz, 1000 MHz FSB
MMX, SSE, SSE2, SSE3, 3DNow!
Celeron
Intel Celeron 2.0GHz
2.0GHz, 400MHz FSB
MMX, SSE, SSE2

Operating System
Windows Vista x64

Windows XP 32-bit

Windows XP 32-bit

Windows XP 32-bit

4.1 Computational time
The following graphs will evaluate performance gain of the three optimized algorithms (fast
lifting – FLWT, SSE with WT and SSE with FIR). Performance gain is shown as speedup
ratio as compared with standard convolution mode.
The graphs at Figure 3 demonstrate dependency between performance gain and rising number
of samples. There are several noticeable facts:
•

•
•

Fast lifting implementation shows a speedup higher than expected 2× – it’s probably
due to Intel Compiler optimizations (as this is not observable when the optimizations
are turned off), that have been introduced and that work with the simpler fast lifting
step loops much better – this even outperforms theoretical expectations.
It is much more efficient to use wavelet transform algorithm directly from the IPP
suite, than to implement it by IPP FIR structures manually. Evidently, less manually
entered code means more optimization from the side of IPP.
Presence of more advanced instruction sets does not implicitly result in higher
performance boost. For example, there is no significant performance leap from SSE2
to SSE3 extensions, however, the tests were performed in 32-bit (data type and
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architecture). Further research would probably aim to exploit advantages of 64-bit
processing.

Fig.3 Performance gain for various CPU types. Graphs represent performance gain regarding
to number of samples.

4.2 Algorithm profiling
Further study of the SSE-enabled wavelet transform algorithm was aimed at timing layout.
Elapsed algorithm time was divided into four groups by category and these groups were
evaluated. Testing on Core 2 Quad configuration, our tests show that computation takes only
a fragment of whole time – most of the work consists in memory allocation using IPP aligned
functions and also memory freeing. It is worth to consider doing any allocation at one time
only, which would be more than rewarding for image processing setups.
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Fig. 4 Detailed algorithm elapsed time study for various sample counts

5 Conclusion
This article presented a worthy comparison of performance gain for discrete wavelet
transform optimization, exploiting SIMD architecture extensions of a modern CPU
architecture. Some very interesting facts were introduced about CPU optimizations. Also, we
have confirmed very efficient and stable growth in performance – even relatively platform
independent – when using Intel IPP developer libraries.
Further work will be aimed at studying wavelet transform performance extended to 2D mode,
with multi-level forward and inverse transforms using CDF 9/7. It is definitely worth trying to
exploit 64-bit (data or architecture) modes and their performance and precision advantages
over used 32-bit approach.

6 Acknowledgements
The paper was prepared within the framework of project FRVS 1710/2008/G1, project
1E1850015 of Grant Agency of Academy of Sciences of the Czech Republic and project
MS1850022.

187

IWCIT’08

7 References
[1]
Unser M., Blu T.: Mathematical properties of the jpeg2000 wavelet filters, IEEE
Transactions on Image Processing, vol. 12, no. 9, pp. 1080–1090, 2003.
[2]
Daubechies I., Sweldens W.: Factoring wavelet transforms into lifting steps, Journal
of Fourier Analysis and Applications, vol. 4, no. 3, pp. 245–267, 1998.
[3]
Maly J., Rajmic P.: Fast lifting wavelet transform and its implementation in Java,
Personal Wireless Communications, Springer Boston, 2007, pp. 488–496.
[4]
Acharya T., Chakrabarti C.: A survey on lifting-based discrete wavelet transform
architectures, Journal of VLSI Signal Processing Systems, vol. 42, no. 3, pp. 321–339, 2006.
[5]
Maly J., Rajmic P.: Boundary Effects in the Wavelet Transform of Finite Discrete
Signals, Proceedings of the 30th International Conference Telecommunications and Signal
Processing TSP-2007, Brno 2007, s. 81-84. ISBN: 978-80-214-3445-5.
[6]
Intel(R) Integrated Performance Primitives Reference Manual, Intel Corporation,
2007.
[7]
Intel(R) Threading Building Blocks Reference Manual, Intel Corporation, 2006.

188

IWCIT’08

Camera Calibration Techniques
Noskovicova Lucia
Department of Measurement, Faculty of Electrical Engineering and
Information Technology, STU Bratislava
lucia.noskovicova@stuba.sk
Abstract: The camera calibration means the process of explicitly computing a camera’s
physical parameters, like image center, focal length, position and orientation etc. Standard
camera calibration technique is based on the relationship between the 3D point coordinates
in the object space and their respective 2D coordinates in the image plane. Thus precise
distance measurements for a set of reference points are the necessary burden of the
calibration procedure. We present methods based on an existing technique which consists
in scanning a planar pattern in several poses, giving a set of relative position and
orientation constraints. Experimental results are presented as well.

1 Camera model
In geometrical camera calibration the objective is to determine a set of camera parameters that
describe the mapping between 3D references coordinates and 2D image coordinates. Precise
distance measurements for a set of reference points are the necessary burden of the calibration
procedure. Various methods form camera calibration can be found in the literature.
A camera consists of an image plane and a lens which provides a transformation between
object space and image space. This transformation cannot be described perfectly by a
perspective transformation because of distortions which occur between points on the object
and the location of the images of those points. These distortions can be modelled. However,
the model may only be an approximation to the real relationship. How closely the model
conforms to reality will depend on the model and how well the model’s parameters can be
estimated.
This paper introduces two calibration techniques. For both calibration algorithm are used
pinhole camera model. This model is an approximation suitable for many computer vision
applications. The pinhole camera performs a central projection, the geometry of which is
depicted in fig. 1. The plane π stretching horizontally is the image plane to that the real world
projects. The vertical dot-and-dash line is the optical axis. The lens is positioned
perpendicularly to the optical axis at the focal point C. The focal length f is a parameter of the
lens.
The camera performs a linear transformation from the 3D projective space to the 2D
projective space. The projection is carried by an optical ray reflected from a scene point X or
originating from a light source. The optical ray passes through the optical center C and hits
the image plane at the projected point u. The projective transformation in general case can be
factorized into three simpler transformations corresponding to the three transitions between
these four different coordinate systems.
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The pinhole camera projection is specifying in full generality. We already know that it is a
linear transformation from the 3D projective space to the 2D projective space. The
transformation is the product of the three factors

⎡ 1 0 0 0⎤
⎡ R − R.t ⎤
u = K.⎢⎢0 1 0 0⎥⎥.⎢ T
.X = K[R | −R.t ].X = M.X
(1)
0
1 ⎥⎦
⎣
⎢⎣0 0 1 0⎥⎦
where X is point expressed in the world coordinate system, R is a rotation matrix that it
expresses three elementary rotations of the coordinate axes- rotations along the axes X, Y, and
Z. The translation vector t gives three elements of the translation of the origin of the world
coordinate system with respect to the camera coordinate system. Thus there are six extrinsic
camera parameters. K is upper triangular and expresses the mapping 2D —> 2D which is a
special case of the affine transformation. This special case is also called an affine
transformation factorized by rotations, and covers unisotropic scaling and shear. K is called
the intrinsic calibration matrix. If we express the scene point in homogeneous coordinates, we
can write the perspective projection in a linear form using a single 3x4 matrix M, called the
projection matrix. The leftmost 3x3 submatrix of M describes a rotation and the rightmost
column a translation. [1][3][4]

Figure1. The geometry of a linear perspective camera

2 Camera calibration
2.1 Direct linear transformation
The calibration procedure consists of two steps. In the first step the linear transformation from
the object coordinates (Xi, Yi, Zi) to image coordinates (ui, vi) is solved. Using a
homogeneous 3 x 4 matrix representation for matrix M the following equation can be written
equation (2). The parameters m11... m34 can be solved of the DLT matrix by eliminating wi.
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We can used m34 = k = 1, where k is constant and now we have 12 equation and only 11
unknown parameters m. Solution of this equation is camera projection matrix M. The
parameters m11 ... m34 do not have any physical meaning, and thus the first step where their
values are estimated can be also considered as the implicit camera calibration stage.
⎡X i ⎤
⎡ u i w i ⎤ ⎡ m 11 m 12 m 13 m 14 ⎤ ⎢ ⎥ ⎡ m 11 X i + m 12 Yi + m 13 Z i + m 14 ⎤
⎢ v w ⎥ = ⎢m
⎥ * ⎢ Yi ⎥ = ⎢ m X + m Y + m Z + m ⎥
m
m
m
(2)
i
i
21
22
23
24
22 i
23 i
24 ⎥
⎢
⎥ ⎢
⎥ ⎢ Z ⎥ ⎢ 21 i
i
⎢⎣ w i ⎥⎦ ⎢⎣ m 31 m 32 m 33 m 34 ⎥⎦ ⎢ ⎥ ⎢⎣ m 31 X i + m 32 Yi + m 33 Z i + m 34 ⎥⎦
⎣1⎦
There are techniques for extracting some of the physical camera parameters from the M
matrix, but not many are able to solve all of them. Proposed a method based on QR
decomposition where a set of eleven physical camera parameters is extracted from the M
matrix. The decomposition is as follows
M = [K.R | −K.R.t ] = [ A | b]

A = K.R
⎯
⎯→ t = − A−1.b
QR
A ⎯⎯
⎯→ Q.R
where Q = K

(3)

where the matrices R and t define the rotation and translation from the object coordinate
system to the camera coordinate system. [2][5]

2.2 Camera calibration based on Zhengyou Zhang method
Without loss of generality, we assume the model plane is on Z = 0 of the world coordinate
system. From the models equation we have
⎡X ⎤
⎡u ⎤
⎢Y ⎥
s.⎢⎢ v ⎥⎥ = K.[r1 r2 r3 t ].⎢ ⎥
(4)
⎢0⎥
⎢⎣1 ⎥⎦
⎢ ⎥
⎣1⎦
We still use X to denote a point on the model plane, but X=[X Y]T since Z is always equal to
~ =[X Y 1] T. Therefore, a model point X and its image x is related by a homography H
0 and X
~
s.~
x = H.X → H = K.[r1 r2 r3 t ]
(5)
As is clear, the 3 x 3 matrix H is defined up to a scale factor [1][2].
2.2.1 Constraints on the intrinsic parameters
Given an image of the model plane, a homography can be estimated. Let’s denote it by
H = [h1 h2 h3], we have
H = [h1 h 2 h 3 ] = λK[r1 r2 t ]
(6)
where λ is an arbitrary scalar. Using the knowledge that r1 and r2 are orthonormal, we have

h1T K − T K −1h 2 = 0

(7)

h1T K −T K −1h1 = h T2 K −T K −1h 2
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These are the two basic constraints on the intrinsic parameters, given one homography.
Because a homography has 8 degrees of freedom and there are 6 extrinsic parameters, we can
only obtain 2 constraints on the intrinsic parameters [4][5][6].
2.2.2 Solution camera calibration based on Zhengyou Zhang method
Now the effective solution of the camera calibration problem will be described. Let

⎡ B11
− T −1
B = K K = ⎢⎢B12
⎢⎣B13

⎡

1

B13 ⎤ ⎢ α 2
⎢
B23 ⎥⎥ = ⎢ − γ
2
⎢
B33 ⎥⎦ ⎢ α β

B12
B22
B23

⎢ v0γ − u0 β
⎢⎣ α 2 β

−

γ

α β
1
γ2
+ 2
2 2
α β
β
γ (v0γ − u0 β ) v0
−
− 2
α 2β 2
β
2

v0γ − u0 β

⎤
⎥
α β
⎥
γ (v0γ − u0 β ) v0 ⎥ (8)
−
− 2
α 2β 2
β ⎥
⎥
2
2
(v0γ − u0 β )
v0
⎥
1
+
+
α 2β 2
β 2 ⎥⎦
2

Note that B is symmetric, defined by a 6D vector
b = [ B11 , B12 , B 22 , B13 , B 23 , B33 ]T

(9)

Then, we have

h i = [h i1 , h i2 , h i3 ]T

h iT B.h j = v ijT .b

(10)

v ij = [h i1h j1 , h i1h j2 + h i2 h j1 , h i2 h j2 , h i3 h j1 + h i1h j3 , h i3 h j2 + h i2 h j3 , h i3 h j3 ]

(11)

Therefore the two constraints (7), from a given homography, can be rewritten as 2
homogeneous equations in b:
T
⎡
⎤
v12
.b = 0
(12)
⎢
T⎥
(v
−
v
)
⎣ 11 22 ⎦
If n images of the model plane are observed, by stacking n such equations as V.b = 0 where V
is a 2n x 6 matrix. If n ≥ 3, we will have in general a unique solution b defined up to a scale
factor. Once b is estimated, the camera intrinsic matrix K can be computed as

2
v 0 = (B12 B13 − B11B 23 )/(B11B22 − B12
)
2
λ = B33 − [B13
+ v 0 (B12 B13 − B11B23 )]/B11

α = λ/B11

(13)

2
β = λB11/(B11B 22 − B12
)

γ = − B12 α 2β/λ
u 0 = γv 0 /β − B13α 2 /λ
Once K is known, the extrinsic parameters for each image is readily computed [6]

r1 = λK −1h 1
r2 = λK −1h 2
r3 = r1 × r2

with

λ = 1/ K −1h 1 = 1/ K −1h 2

t = λK −1h 3
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3 Experimental results
The algorithms were tested on real data. The algorithm involves estimating a singular value
decomposition of a small 2n x 6 matrixes, where n is the number of images. Images were
obtained from the calibrated CCD camera. We used colour CCD camera Mitsubishi CCD400E. The calibration object was picture which composite of 9 x 7 squares with 29mm
diameter. From the object calibration we obtained 80 point coordinates. These point
coordinates were input data for calibration algorithms. Results (tab. 1 and tab.2) of these
algorithms are coordinates values of computed points. For calibration were chosen various
points.
The point coordinates denoted us and vs were scanned from object and point coordinates uc and
vc were computed by algorithm. Computed points were compared to scanned points and
an error variable was estimated. The error variable is the distance between coordinates
scanned points and coordinates computed points.
Tab. 1 Values of scanned points and points computed by the DLT algorithm
X
[mm]
-29
116
-87
29
116

Y
[mm]
58
116
116
58
29

Z
us
[mm] [pix]
200
219
300
707
400
156
500
411
600
533

uc
[pix]
221
708
158
410
533

vs
[pix]
471
238
256
375
408

vc
[pix]
468
238
256
373
407

Tab. 2 Values of scanned points and points computed by the algorithm based on Zhengyou
Zhang method
X
[mm]
174
29
174
145
58

Y
[mm]
0
145
87
58
29

Z
us
[mm] [pix]
0
550
0
293
0
520
0
592
0
421

uc
[pix]
549.5
293.97
518.90
592.74
421.08

vs
[pix]
398.5
148.72
189.86
334.39
347.05

vc
[pix]
398.4
148.6
189.55
334.38
346.7

As is shown in the tab.1 and tab.2 results of both algorithms have the minimal error variable.
The maximal distance between scanned points and computed points are 2 pixels. This error
variable verifies a required precision. The camera calibration methods are very flexibly and
the result is robust.

4 Conclusions
The algorithms which introduced in this paper compute intrinsic and extrinsic camera
parameters. This procedure can be utilized in various machine vision applications, but it is
most beneficial in camera based 3D measurements and in robot vision. This procedure uses
explicit calibration for mapping 3D coordinates to image coordinates. The experiments in the
last section showed that the DLT algorithm and the algorithm based on Zhengyou Zhang
method are very efficacious. Computed points corresponded with scanned point.
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Abstract: The authors propose a comparison between algorithms based on informationtheory concepts. The results achieved using algorithms developed for optical images will
be compared to the results of SAR imagery processing that eliminates preliminary despeckling. We will use 2 algorithms initially developed for optical image processing, while
disregarding the noise of SAR data in both types of algorithms. The optical algorithms
represent complementary approaches based on first and second order image statistics
(mean, variance, probability density function), while the SAR algorithm uses the
conditional PDF.

1 Introduction
Change detection represents sensing of environmental changes that uses two or more scenes
covering the same geographic area acquired over a period of time. It is useful for a wide array
of global change-related applications (hazard monitoring, land cover change, forest
monitoring etc.) In this context, Synthetic Aperture Radar sensors gained importance due to
the increasing amount of data available and their capacity to produce all-weather observations
at repetitive time intervals. Despite the intrinsic noisiness that makes difficult all automatic
unsupervised analysis of such imagery, SAR image data allows the regionalization of
different types of change, as well as the identification of the approximate sources of change.
Although optical sensors have been greatly exploited and different automatic change detection
methodologies have been developed, the use of SAR sensors became more attractive due to
their ability of monitoring geographical areas regularly, even if covered by clouds. Our aim is
to detect changes in a series of images, using several algorithms based on information-theory
concepts. We will use a pair of TerraSar-X data from Infoterra, acquired in Norway-Bergen.
We will also use 2 SPOT images, which have a 20 m resolution and were acquired in
Romania. The SPOT 5 images made available by the Romanian Space Agency in the frame of
the Satellite Earth Observation Knowledge Information Mining System (SEOKIMS project).
They are used for deriving the effects of the floods in the Southern part of the Romanian
Carpathians. The images were acquired over a 3 month period (November-February).
The results of the SAR imagery processing will be compared to the ones obtained by using 2
algorithms initially developed for optical image processing. These optical algorithms
represent complementary approaches based on first and second order image statistics. Due to
the use of information theoretic concepts we can also disregard preliminary de-speckling,
while also providing accurate change maps for the SAR images. The motivation for this
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approach is given by the fact that the negative of logarithm of the probability of an amplitude
level in one image conditional to the level of the same pixel in the other image conveys an
information on the amount of change occurred between the two passes.

2 Alparone Change Detection Algorithm
We have decided to use the Alparone algorithm due to the novelty it represents for SAR
imagery processing: elimination of the preliminary de-speckling step. The rationale is that the
negative of logarithm of probability of an amplitude level in one image conditional to the
level of the same pixel in the other image conveys information on the amount of change
occurred between the two passes.
We will use two co-registered amplitude SAR images g1(m,n) and g2(m,n) of the same scene,
taken at different times.
The steps of the algorithm are as follows:
1. Calculate the local means at each pixel position using a (2p+1)x(2p+1) sliding window
over the images. The contribution of each pixel inside the sliding window is multiplied
by normalized coefficients summing to (2p+1)2 and decreasing toward the edges with
Gaussian slope.
2. Draw the scatter-plot of the mediated images.
3. Partition the scatter-plot plane into an LxL array of rectangular blocks, in order to get
a 2D histogram h(i,j), where i matches the level of g2 and j the level of g1.
4. Normalize of the number of scatter-plots in each block to the overall number of points.
5. Apply a Gaussian-shaped filter to the discrete normalized 2D histogram to get the
discrete joint PDF.
6. Calculate the discrete conditional 2D-PDF:
p (i, j )
p(i | j ) = p(i, j ) / p( j ) =
(1)
∑i p(i, j )
7. Scale p(i,j) to its maximum along the column. This way, there is no change (the
logarithm is zero) when p(i,j) attains this maximum. The rescaled conditional
probability is:
p (i, j )
∑i p(i, j )
q(i | j ) =
= p(i | j )
(2)
max i p(i, j )
max i p(i, j )
8. The conditional information of g2 to g1 at (m,n) is:
C (m, n) = − log(q( ⎣g 2 (m, n) ⎦ | ⎣g 1 (m, n) ⎦)
(3)

3 Kullback – Leibler Divergence – Second Order
The Kullback-Leiber divergence can be used to find non-linear and texture changes, the
divergence being a function of two co-occurrence probabilities. A quantization needs to be
done in order to minimize memory needs and increase the computational speed.
For texture change detection we have to make the quantization of the two images. We can
then scan them simultaneously with two identical windows and for each position we compute
the probability densities of second degree. The results are introduced in the Kullback-Leiber
formula in equation (4):
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KL ( p, q ) = ∑ p ( xi , x j ) log
i

p ( xi , x j )

(4)

q ( xi , x j )

If the co-occurring probability densities in the two windows are similar, the Kullback-Leibler
divergence has a small value. The result will be represented as a dark point in the map of
changes. That means the lighter points signify the bigger changes occurred in the landscape.
The changes regard the texture features.

4 The Similarity Metric
Using a mathematical theory of similarity that has no a priori information of features specific
to an application area, we can automatically zoom in on the dominant similarity between
every two objects. Using a wide class of similarities, we can define a universal distance called
the “normalized information distance” (NID) as the length of the shortest binary program that
is needed to transform two objects into each other.
Because the similarity metric is based on the noncomputable notion of Kolmogorov
complexity, it was developed a practical analog of the NID, based on real-world compressors,
called the “normalized compression distance” (NCD).
C ( x ⋅ y ) − min{C ( x), C ( y )}
NCD ( x, y ) =
(5)
max{C ( x), C ( y )}
A compromise has to be done because regarding the size of the sliding windows. It is easy in
the computing way to choose larger windows, but is more precise to use smaller windows in
change detection.
The NCD is a nonnegative number 0<r<1+e representing how different the two images are.
So, smaller numbers (darker areas) represents more similar parts in the map of changes. The
“e” in the upper bound is due to the imperfections in our compression technique (in our case,
the “zip” program).

5 Experimental Results

Fig. 1: The original SAR images (a), (b) and the corresponding scatter-plot (c)
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Fig. 2: The Alparone algorithm: (a) L = 256, p = 15, (b) L = 256, p = 10, (c) L = 100, p = 15

(a)

(b)

(c)

Fig. 3: The original images (a) and (b) and the corresponding scatter plot (c) (red- outline of
selected area)

Fig. 4: The Alparone algorithm: (a) change map for (L = 256, p = 15), (b) change map (L =
100, p = 10)
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Fig. 5: The Kullback-Leiber 2nd order method, map of changes: (a) 11x11, (b) 21x21, (c)
41x41

Fig. 6: The Kolmogorov Method: (a) 11x11, (b) 21x21, (c) 41x41
For all the algorithms presented above, the darker tones represent the areas that remained
unchanged during the acquisition period, while lighter tones represent the changes. In order to
determine how different the images are, we use the scatter-plot. For example, for two identical
input images, the scatter-plot represents a sloping line.
When comparing the results from the SPOT images presented in fig. 4, 5, and 6 it’s easy to
notice that we get the best results when using the Alparone algorithm and Kolmogorov
method, while the results from the Kullback-Leiber 2nd order method lack coherence and are,
therefore, unsatisfactory. While the regions affected by change in the first two figures are
better outlined, The Kullback-Leiber method disregards most of these areas. The incoherent
outcome of this 3rd algorithm might be caused by the fact that the KL2 method performs
texture change detection, while the Alparone and Kolmogorov algorithms perform a spectral,
respectively spectral complexity analysis of the images.

6 Conclusions
We have used sliding windows of different sizes and different values for L to show how the
results of the Alparone algorithm improve. As we can see from the pictures presented above,
when increasing the size of L, as well as the size of the sliding window, p, the results are more
exact. This is because the usage of larger sliding windows helps disregarding the speckle
affecting the image. The size of the sliding window increases accuracy in the optical
algorithms as well.
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Experiments have demonstrated that the proposed information-theoretic change feature
provides more accurate change maps for the analyzed couple of SAR images, in respect to the
optical algorithms. The results are presented in maps of change in grey level, differences
being indicated by the brighter areas in the maps.
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Abstract: There is a growing interest in SAR imaging on account of its importance in a
large number of applications such as high-resolution remote sensing for mapping, surface
monitoring, search-and-rescue, mine detection, automatic target recognition, and so on.
However, Synthetic aperture radar (SAR) images are inherently affected by multiplicative
speckle noise, which is due to the coherent nature of the scattering phenomenon. Thus, for
an efficient and accurate interpretation of the SAR data, pre-processing is in most of the
cases essential, in order to correctly understand the image content. The Rényi entropy is a
useful tool for analyzing the information content of time-varying signals. The properties of
the Rényi entropies make them suitable for estimating the complexity of the signal through
time-frequency representations. Considering that third order entropies are well defined for
large classes of signals, we propose a statistical approach (in the frame of the Rényi
representations) for the spectral analysis of the non-stationary SAR signals in order to
measure the complexity and information content in the time-frequency plane. The
information obtained in this way can serve as a tool for the characterization of the SAR
image, and could be further used for classification or change detection purposes.

1 Introduction
Time-frequency representations (TFRs) offer a very powerful tool for signal analysis in a
wide range of applications. For stationary signals Fourier analysis is very useful and can be
used to identify frequency components of the signal, even if it lacks time resolution. Thus,
for any non-stationary signal, where frequency changes rapidly with time, it is necessary to
capture both the frequency and the time content. Various techniques for TF (time-frequency)
analysis have been proposed (STFT or spectrogram, Wigner-Ville distribution, Gabor
transform, Wavelets, and so on) for a large number of applications like speech analysis and
synthesis [4], sonar and radar echoes [2], tomography, color pattern recognition [3] and many
more. In this paper we try to investigate how and if measuring the characteristics of the timefrequency representation of a radar image one can obtain a valid signal complexity and
information measure.

1.1 SAR image formation
A radar system illuminates an area with microwaves, and records the strength and time-travel
of the returned signals. If the radar is attached to a moving platform, either a satellite or an
aircraft, then it is possible to combine reflected signals from along the flight path to
synthesize a very long antenna. The SAR records both the amplitude and the phase of the
back-scattered radiation, making it a coherent imaging process. An inherent feature of SAR
imaging is speckle which arises because each resolution cell contains many scatterers; the
phases of the return signals from these scatterers are randomly distributed and speckle is
caused by the resulting interference. The received signal is sampled and converted into a
digital image.
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Most radars rely on discrimination in time to measure range and discrimination in frequency
to measure target speed. Coherent processing along the slow time (time between pulses)
dimension used to form images of the
target scene is known as Synthetic
Aperture Radar. When the target
moves rather than the radar, the
process is known as inverse SAR
(ISAR).Radar images thus capture
not only the presence of targets but
they can also tell weather a certain
object was in motion at the moment
of acquisition. The problem of
analyzing radar signals thus reduces
to the problem of analyzing nonstationary random processes.
Fig. 1 SAR principle

2 Information theory measures for synthetic aperture data
characterization
2.1 Maximum entropy principle
The principle of maximum entropy is a technique that can be used to estimate input
probabilities. The result is a probability distribution that is consistent with constraints
expressed in terms of averages, or expected values, of one or more quantities, but is otherwise
as unbiased as possible. Originally motivated by statistical physics, the principle can be used
to approach physical systems from the point of view of information theory, because the
probability distributions can be derived by avoiding the assumption that the observer has
more information that it is actually available [5]. Information theory provides a measure of
uncertainty or entropy that can be maximized mathematically to find the probability
distribution that is maximally unbiased. Maximum entropy in terms of Shannon entropy is
given in (1).
max(H ( X ) = −∑ p k log( p k ))

k ≥1

C ( X ) = constrain ts

, with

∑p
k ≥1

k

=1
(1)

The system under test is the scene captured in the SAR image. Given the complete
randomness of the input, no constraint is known a priori. In the expression given above, pk
denotes a probability, in terms of probability distributions, that is subject for evaluation (what
is the best estimate p̂ k so that H(X) is maximized). Based on this mathematical proof, we
estimate the time-frequency representation of the radar image and we substitute the
pˆ
=1
probability distribution with the Wigner spectrum normalized so that ∑ k wigner
.

The paper focuses on the application of entropy measures to TFRs to measure the complexity
and information content of the nonstationary radar signal via the time-frequency plane. Given
the negative values taken on by most TFRs, the Shannon entropy as described by (2) cannot
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be applied. In [1] a thorough study on the possibilities of measuring signal complexity and
information content based on entropies, shows that the Rényi entropy (3) is a good candidate
for the job.

H α (C s ) = − ∫ ∫ C s (t , f ) log 2 (C s (t , f ))dt df
+∞ +∞

(2)

− ∞− ∞

H α (C s ) =

1
log 2 ( ∫ ∫ C sα (t , f )dt df )
1−α
− ∞− ∞
+∞ +∞

(3)

2.2 The Rényi Entropy
In information theory, the Rényi entropy, named after Alfred Rényi, a generalization of
Shannon entropy, is one of a family of functionals for quantifying the diversity, uncertainty or
randomness of a system. The Rényi entropy of order α is given below.

H α ( p) =
R

1
1−α

log 2

∑ pα
∑p

i

i

(4)

i

i

As given by (3) and (4), the generalized entropies of Rényi (for unit-energy signals) is
parameterized by α >0 (Shannon entropy appears as α→ 1). In addition to appearing immune
to the negative TFR values, the third order Rényi entropy measures signal complexity. The
restrictions for α and Cs (the joint time-frequency function that indicates how the frequency
content of a signal s changes over time) are given in [1]. Also, the third order Rényi entropy is
well defined for large classes of signals and TFRs. The most important properties of these
entropies are:
- Component counting (a two component signal s+Ts contains exactly one bit more
information than the one component signal s : H α ( I s +Ts ) = H α ( I s ) + 1 )
- Cross-component invariance
- Amplitude and phase sensitivity (amplitude discrepancies alter the asymptotic
saturation level of the Rényi entropy, while phase offsets induce strong oscillations
between saturation levels)
- Invariance to information-invariant signal transformations
- Boundaries
- Dimensions (for simple signals composed of disjoint, equal amplitudes of one basic
function, the Rényi dimension counts the number of components).

3 The Wigner Distribution
The modeling of stationary linear processes, in the area of signal processing, can be done by
its spatial (or temporal) amplitude or by its spatial-or temporal- frequency; however the
assumption of stationary fails to be true in many applications. In that case, it would be more
appropriate to define a local power spectrum that combines the advantages of both
descriptions. The use of the Wigner distribution for time-frequency analysis of non-stationary
signals provides a great advantage compared to other methods, due to the precision of the
spectral evolution localization, though the presence of interference terms may make the
interpretation difficult. The Wigner-Ville distribution is defined as:
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W x (t , f ) =

∫ x(t + τ / 2) x

∞

*

(t − τ / 2)e − j 2πft dτ

(5)

−∞

The WVD is always real, keeps the time and frequency shifts and satisfies the marginals. An
interpretation of (5) can be given in terms of probability distributions: (5) is the Fourier
transform of the energy function of the signal. The most important properties of the Wigner
distribution are given below (a more detailed description is given in [6]):
- Energy preservation (by integrating the WVD of a signal in the time-frequency plane
one gets the signal’s energy) : E x = ∫∫W x (t , f )dtdf

Marginals (the energy spectral density and the instantaneous power can be obtained
 W x (t , f )dt =| X ( f ) | 2
∫
as marginal distributions of WV) : 
2
∫ W x (t , f )df =| x( f ) |
- Real values
- Covariance translation in time-and frequency
- Filtering compatibility (if y = x ∗ h then WVD ( y ) = WVD ( x) ∗ WVD (h) , where *
denotes time convolution)
- Modulation compatibility (if y is obtained by modulating x with a function m then
WVD ( y ) = WVD ( x) ∗ WVD (m) , where * denotes frequency convolution)
- Interference (The WVD computation of a multi-component signal introduces spurious
“cross- terms” due to its intrinsic bilinearity)
The Wigner Distribution might be interpreted as a local or regional spatial frequency
representation of an image. It presents two main advantages with respect to other local
representations. First, the WVD is a real valued function and encodes directly the Fourier
phase information. Second, the election of the appropriate window size, which depends on the
kind of analyzed information, is not required for the computation of the WVD. The WVD of a
2-D image is a 4-D function that involves Fourier transformation for every point of the
original image. The WVD doubles the number of variables of the represented image. In this
way, the WVD of 2-D images is a 4-D function (2 spatial coordinates and 2 spatial-frequency
coordinates). The most of the applications of the WVD in image processing have been carried
out through digital implementations. The definition of the discrete 4-D Wigner Distribution is
given by (6).
-

W f ( n x , n y , mu , m v ) = 2

N
−1
2

N
−1
2

∑ ∑

r f (n x , n y , k x , k y ) exp{−2 j[(

N
N
kx =− k y =−
2
2

2πmu
2πmv
)k x + (
)k y ]}
N
N

(6)

In (6), the term r f (n x , n y , k x , k y ) denotes the product [7] between
the shifted image (vertically and horizontally by k x , k y ) and its
180° rotation: f (n x + k x , n y + k y ) and f ∗ (n x − k x , n y − k y ) .

Fig. 2 Wigner-Ville spectrum of one line
of TerraSAR-X test image (Rome)
204

IWCIT’08

4 Method
In this paper we try to evaluate the manner in which the spectral characteristics of SAR
images can be described by means of information theory methods, in particular by using the
Rényi entropies. SAR images can be very noisy and difficult to interpret without preprocessing. The approach that we propose doesn’t require pre-filtering or speckle reduction.
We begin by extracting the amplitude of the SAR images. Then, by using a recurrent window,
of various NxN dimensions that slides over the amplitude image with a step equal to n, we
compute for each frame given by every window, the time-frequency representation. In order
to obtain a 2-D Wigner spectrum instead of a 4-D one, we project the resulting 4-D spectrum
onto a plane described by the shifting parameters kx and ky presented in (6). For each frame
we normalize the time-frequency spectrum in order to obtain a distribution that could simulate
a probability distribution. In this way we can apply the principle of maximum entropy and
estimate the best representation of the sub-scene. Next, Rényi entropy of third order is
computed again for each frame, which yields a singular coefficient that is stored. When the
image is completely covered (except for some border pixels that cannot be included in the
sliding window) we reconstruct the map of coefficients that describe each consecutive frame
in the SAR scene. The work flow is illustrated in Fig. 3.
Reconstruct Renyi map
of coefficients

Input SAR image
Compute
Wigner
Distribution per
frame

Evaluate Renyi
entropy per
frame

Fig. 3 Work flow

5 Results
The test data that we used was composed of three SAR images, acquired in 2007 by
TerraSAR-X, in stripmap and spotlight modes. The images were provided by Infoterra
GmbH, the company that holds the exclusive commercial exploitation rights for the new
German radar satellite TerraSAR-X [8]. The scenes cover areas form Colorado (EEC
product), Rome (EEC product) and Mississippi (GEC product). The figures show the original
amplitude images and the maps of Rényi coefficients, corresponding to a sliding step equal to
1 and recurrent window of 30x30, 40x40 and 50x50 pixels. Although each of the three maps
afferent to each SAR scene captures differences in the scene’s structure, it seems that a larger
window size provides better approximations of local statistics. The maps have a holographic
appearance, giving the impression of three dimensional images, darker tones corresponding to
stronger scaterrers in the original scene.

Fig. 4 Left to right: original TerraSAR-X Spotlight scene (Colorado), map results for 30, 40
and 50 pixels window size
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Fig. 5 Left to right: original TerraSAR-X Stripmap scene (Rome), map results for 30, 40 and
50 pixels window size

Fig. 6 Left to right: original TerraSAR-X Stripmap scene (Mississippi), map results for 30, 40
and 50 pixels window size

6 Conclusions
In this paper we have investigated an information theory based method for SAR signal
processing. In the frame of the maximum entropy principle, we have evaluated the possibility
to use Rényi entropies’ properties of signal complexity and information content measurement
through time-frequency representations. The results showed that third order Rényi entropies
can be used to form maps of coefficients that characterize the spectral behavior of the
synthetic aperture radar scenes. For the future we propose to further analyze the impact of the
entropy’s order, as well as to extend the range of time-frequency representations used in the
algorithm.
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Abstract: In this article the autonomous transactional system is introduced. Elements of the
system responsible for identification of buying and selling signals have been realized as
fuzzy drivers. To determine the drivers’ rules of inference the heuristic rule of three averages used for technical analysis to identify the buying and selling signals was applied. In
the end of the article the tests of efficiency of the realized system is discussed.

1 Introduction
In this article the architecture of autonomous transactional system is introduced, in which the
process of making decision whether to buy or to sell the given value had been completely
automatized. The essential constituent of presented system is the base of rules. When defying
these rules the fuzzy logic was applied, which in more perfect manner reflects the character of
heuristic rules, which are used by the technical analysis. The following clauses of the article
will be dedicated to autonomous transactional system.

2 Analysis of the market
In this point the elementary review of methods which are used to analyze the capital market
and which were used while designing the rules of the autonomous transactional system will be
discussed. From the point of view of realized system the most interesting indicators will be
those used for technical analysis, as they constituted the foundation on which the transactional
system’s base of rules was defined.

2.1 The basic techniques of technical analysis
The technical analysis deals with the investigation of market’s behavior using graphs. The
aim of the analysis is foreseeing the prospective price trends. On the basis of the shape of
individual graphs one can determine the probability of changing of the stock shares prices of
the given company. The technical analysis refers to several essential rules. First of all, stock
shares depend on trends’ changes, which always lasts a certain period of time. Secondarily,
trends’ changes applies as a rule to all listed companies. The third principle states that supply
and demand for stock shares of the company decides about their price. While examining the
prices’ changes graphs one can notice periods, in which the capital gains from stock sale
could be obtained. When examining every graph of the companies’ stock share in suitable
temporary horizon one can also observe tendencies of repeatability. This phenomenon is one
of the basic factors on which the technical analysis bases and uses it to foresee the prospective
stock rates.
Analysis of trend
Trend is the direction in which the prices go. Prices in general, independently from their own
direction, do not move in a straight line. Putting together individual points, which correspond
to the value of stock. Direction of trend depends on how these points arranges. Technical
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analysis identifies three basic types of trends: height, inheritance, side. Moreover, one can
distinguish three more types of trend taking into consideration its temporary horizon - shortterm trend, medium-term and tong-term trend.
Technical coefficients
In the technical analysis we use certain coefficients, which are used to identify trend and
to measure its power. Technical analysis has a wide range of indicators, using which one may
measure the power of a trend. Discussing these factors is not purposeful. There will be
discussed only those which were used to realize the transactional system.

2.2 Treading averages
Treading averages are one of the most universal and widespread technical coefficients.
Averages are used to eliminate short-term variability of prices and give the investor the idea
of where the market is heading. They are coefficients which go behind trend; do not measure
its power, but in a straight and efficient way show its direction and lessen the variabilities.
There are many kinds and combinations of treading averages. Straight treading average is an
arithmetic average, which one may count adding the prices from defined period and than
averaging the calculation. To make these calculations it is most common to use the closing
price, as it is assumed by the stock analysts to be the most important during the stock day, but
one can also use the highest or lowest prices or the average of three of them.
SMA = (Ct + Ct-1 + Ct-2 +....+ Ct-n)/(n+1)
(1)
where:
Ct - Last price
Ct - 1, Ct - 2, … - Price before 1,2, … days
n
- Number of periods used to make calculations
Long – period averages taking into account data from many days have the form of a smoother
line and signal only trends of a higher degree.
Three treading averages
Quite often in the transactional system’s combination of three treading averages is used
to determine the buy-sell signals. Usually the combination of 4- , 9- or 18- days’ averages is
used. This technique is called the triple - cut method. The nearest to the trend is the 4-days’
average, followed by the 9-days’ average and farther the 18-days’ average. Thus the 4-days’
average is the most sensitive as is the first to indicate the certain trend change. In the growing
trend the 4-days’ average is situated above the 9-days’ average, which is above the 18-days’
average.
In the falling trend the situation is completely opposite. The first buying signal is crossing the
9- and 18- days’ averages by the 4- days’ average. Confirmation of this signal is when the 18days average is crossed by 9- days’ average. When the course reaches the top the initial sign
of possible trend’s change is cutting the 9- days’ average by the 4- days’ average. Reversal of
the trend occurs when both faster averages going from the top will cross the 18- days’
average, which is a signal of sale.

3 Architecture of transactional system
In this point the architecture of autonomous transactional system will be presented.
Beginning from designing the system, as it is the autonomous system. Before we discuss the
structure of the system the guidelines will be presented.
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3.1 Architecture of the system
The block diagram of autonomous transactional system is shown on the first figure. The
transactional system consists of four essential elements. These are: trend’s detector, buying
signal detector, selling signal detector and orders’ realization module.
buying signal
detector

WARSAW
STOCK
EXCHANGE

The buying –
selling module

trend’s
detector

selling signal
detector
Buying or
helling

autonomous transactional system

Fig. 1 The block diagram of autonomous transactional system
Trend’s detector module continuously monitors the daily quoted on the stock exchange. The
basic assignment of the trend’s detector module is identification of the trend and its direction.
In case the growing trend is recognized the information is passed to buying signal detector.
Whereas the falling trend is recognized then the selling signal detector is activated. The
trend’s detector remains not active pure and simple when there is a horizontal trend.
As it was explained, trend’s detector, when a trend in the listed company shares occurs, passes
information to selling signal detector. This information is a signal to activate buying signal
detector, which starts to monitor companies’ quoted stocks in order to purchase its stocks.
When this signal is identified the orders’ realization module is activated and the operation of
buying the exact stock shares is conducted. The number of bought stock shares depends on
two factors. First of all, the amount of available cash supplies. Secondly, strategy adopted by
the selling – buying realization module, as the module is responsible for the value of portfolio
diversification which is possessed by the transactional system.
Activation of selling detector takes place when the falling trend in the stock shares of the
company occurs. The selling detector assignment is identification of the selling signal and
than forwarding the selling order to buying – selling module. The buying – selling module
performs selling all stock shares of the company.
The last module, which is a part of the autonomous transactional system, is a selling – buying
module. The most functions, which are realized by this module, were discussed above when
explaining activation mechanism of buying detector as well as selling detector. More than
that, this module is responsible for transactional system’s protection strategies. When the
system works it may happen that neither the selling signal is identified nor the trend change is
detected, then the stock rates are falling. In this case the buying – selling module intervenes.
The aim of this intervention is either to minimalize the loss or not to loose the profit, which
had been reached when buying the stock shares. Intervention of this module occurs when
companies’ share quotation drop to certain percentage in relation to achieved maximum.
Moreover, this module realizes diversification strategy, which means that it does not allow all
money supplies to be intended for buying shares of only one company.
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3.2 Detectors: trend detector, buying – selling detector
All transactional system’s detectors were realized as fuzzy drivers. The rules for these drivers
were set up at the stage of designing the drivers. Individual detectors base exclusively on the
technical coefficients. Usually in each mentioned detector it is a combination of several
treading averages.
Trend detector
Trend’s detector assignment is to identify the growing trend and falling trend. In these two
cases trend’s detector is supposed to generate signals, which will activate respectively buying
detector and selling detector. To act like that combination of three treading averages is used:
3- days’, 9- days’ and 18-days’ treading average. In order to set up a class of rules the
following heuristic using three averages system was applied.
This heuristic implies that when there is a growing trend on the market the line of 3- days’
average is situated above the 9-days’ average and the level of 9-days’ average is above the 18days’ average. If those conditions are fulfilled the growing trend occurs. The similar situation
happens when dealing with the falling trend, but in this case the lines’ sequence on the graph
is upside down – on the highest level there is a 18- days’ average line and on the lowest level
there is a 3- days’ average line.
Two cases that were shown above univocally identify growing and falling trend. On the
grounds of these two cases one can assume that every case which is between these two
examples refers to horizontal trend. This rule is said to be an estimation. For instance, at a
certain moment the 3-days’ average line going from the top crossed the 9-days’ average line.
In this case detector should not generate signal informing about falling trend because in this
situation we will deal with the horizontal trend, after termination of which companies’ quoted
stocks may either come back to the previous growing trend or change into falling trend.
The trend’s detector should also inform adequate detectors about the strength of falling or
growing trend, what is essential when making decision whether to buy or to sell stocks.
Sell- Buy Order

fuzzy driver
S9 -S18
Input: S9 -S18

Σ

fuzzy driver
S3 -S9
Input : S3 -S9

Output:

fuzzy driver

appearing growing Σ >p
appearing falling Σ <p
appearing horizontal - p<Σ<p
where:

S3 -S18
Input S3 -S18

p∈ [0 1]

Fig. 2 The structure of trend’s detector
On the ground of these basic assumptions the trend’s detector was realized as follows. In the
detector the rule of three averages which identify the trend was applied. In this situation in
order to improve the detector’s construction process realized as fuzzy driver detector consists
of three fuzzy drivers of Mamandani type. The block diagram of trend’s detector is shown on
the no. 2 figure. Each of three detectors being a part of trend’s detector is responsible for
testing different condition.
Detector generates signal informing about appearing growing or falling trend when sum of all
signals coming from individual drivers will be properly superior than the certain threshold
value p for growing trend or minor from p for falling trend.
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No. 3 figure shows the fuzzy driver’s structure. The fuzzy driver has two inputs, where the
values of result of a subtraction between each treading average are delivered. The aim of the
driver is to investigate relations between differences of treading averages. The same constructions was applied to each of the fuzzy driver used in trend’s detector. The rest of fuzzy
drivers, although they have the same architecture as a driver shown on figure no. 3 relate to
testing the other differences between treading averages, as it was shown on no. 2 figure.

Fig. 3 Construction of fuzzy driver being a part of trend detector
In order to specify more precisely relations between individual input signals’ in each of the
fuzzy drivers being a part of a trend’s detector, a range of input values was divided into seven
sub- ranges, which means there were seven linguistic variables introduced, which were used
to define a set of driver’s rules. The same was done for the range of input signal values.
1. If (S3-S18 is mf1) and (S9-S18 is mf1) then (output1 is mf1) (1)
2. If (S3-S18 is mf2) and (S9-S18 is mf1) then (output1 is mf1) (1)
………………….
49. If (S3-S18 is mf7) and (S9-S18 is mf7) then (output1 is mf7) (1)
There is a part of a conclusion rules’ set shown above. These rules are a part of one fuzzy
driver. A set of all conclusion rules consists of 49 rules. The trend’s detector’s set of rules ( in
which 3 fuzzy drivers are included) consists of as much as 150 rules, which were identified on
the ground of heuristic principle of three averages, a principle that is used by technical
analysis.
There is a decision’s surface of the fuzzy driver determined by a set of rules shown on the
figure number 4
Having presented trend’s detector it is high time to verify if it turns out to be useful. The best
way to do this is to use a quotation of whichever company listed on the stock exchange. To
make this test’s results more objective it should be conducted when there is a growing trend,
falling trend and horizontal trend on the stock exchange.

Fig. 4 Decision’s surface determined by a set of rules of a fuzzy driver.
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In order to test the way the trend’s detector acts while the growing trend on the stock exchange occurs there were BUDIMEX’s quotations used ( in the period of time between
1.01.2004 and 31.12.2004). It is known that at this time on the Warsaw Stock Exchange there
had been the growing trend, what is proved by the values of individual indexes’.
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1
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Fig. 5 Signals generated by the trend detector on the BUDIMEX quotations from 1.01.2004 to
31.12.2004 as an example
On the figure number 5 there is an outcome of trend’s detector test in the chosen period of time presented. The upper graph shows BUDIMEX quotations’. There are also the
values of treading averages shown – which means the 3- days’ average, 9- days’ average and
18- days’ average. The bottom graph shows the signal which is generated by the trend’s
detector. The negative value of trend’s detector means that falling trend was identified; the
positive value – growing trend and zero value means that there is a horizontal trend.
Observing both graphs one can notice that when the quotes prices are falling the detector’s values are negative, and when the quotes prices are growing the detector’s values are
positive. Whenever the companies’ quotes moved in the side direction the detector’s input
signal showed zero-level value. In passing, if in the chosen period we had used pure and
simple described trend’s detector to invest in BUDIMEX quotes, assuming applying following strategy : growing trend – buying signal, falling trend – selling signal, the rate of interest
would have been as much as 118 %.
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Fig. 6 Signals generated by trend’s detector on the Onet Group quotations from 1. 01. 1998
till 31. 12. 1998 as an example
On the number 6 figure there are shown the quotes of Onet Group in 1998. Like it had been
done above, the top graph shows companies’ quotes, the bottom one presents how the trend’s
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detector acts. Analyzing the graphs one can see that in case the trend is falling trend’s detector
acts properly, which is showed by the negative values on graph. However, detector generated
a number of incorrect signals when companies’ s quotes started to move within the horizontal
trend.
If the investment strategy (which was proposed when preceding example had been discussed)
had been applied, the 5% loss of invested capital would have incurred.
Buying detector, selling detector
Orders’ realization module is responsible for the proper level of diversification system’s
portfolio of shares. Diversification is especially necessary when the market moves in the
horizontal trend. At that time diversification secures minimalization of losses connected with
unsuccessful transactions made by autonomous transactional system.
Orders’ realization module not only takes care about suitable level of protection, but also is
responsible for protection strategy of autonomous transactional system. These strategies are
activated when the companies’ quotes begins to fall rapidly. In this situation selling detector
will not generate selling signal as selling detector’s running is characterized with some
inaction. It is profitable that this inaction occurs because it eliminates “the noise” which
would have caused appearing of too many false signals generated by selling detector.
However in case of a crash on the stock market waiting for selling detector’s reaction would
have caused great losses. That is why it is crucial to properly equip the system which takes
care about maintaining the realized profits in case the sudden trend’s change happens. In the
system that is talked over the protection mechanism is activated at the moment for instance
when quotes of the company drop below 95% of the purchase value or below 95 % of
maximum prices of sale.

4 Testing the system
To put the autonomous transactional system to the test the quotes listed on the stock
exchange from 1995 to 2005 were used. The transactional system at the beginning of each
year was in charge of 40 000 zlotych capital. The aim of the system was to enlarge the capital
with buying and selling listed companies’ shares.
Table 1. Test’s results of autonomous transactional system
YEAR
Rate of interest
[%]
Successful
Transactions
[%]
Number of
transactions

95

96

97

98

99

00

01

02

03

04

05

91

56

(-6)

9

64

22

(-56

14

13

159

153

37

43

30

29

32

32

14

43

31

40

32

142

90

84

103

100

169

67

72

78

151

152

System was assessed with respect to effectiveness’ of investing process. Good criteria, which
in most objective way reflects the effectiveness of that process is the height of rate of interest
which was attained by the system. Second assessment criterion was a number of system’s
transactions, which resulted with an income.
There are the system’s test outcomes shown above. Realized system in only two cases got
the negative rate of interest from investment that had been conducted during whole year
period. The first time it was in 1997, the other – in 2001. Whereas in 1997 the year ended up
with a slight loss, in 2001 the system went bankrupt. The reason for that was that during
entire year 2001 market moved within the side trend, and at the end of the year the United
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States 9.11th accidents influenced the markets’ behaviors. In the rest of the years investing
money with the help of autonomous transactional system increased capital’s amount.

5 Recapitulation
In the article the autonomous transactional system was introduced. Individual detectors of the system were realized as the fuzzy drivers. To define the fuzzy drivers’ set of rules
the technical analysis was applied. At the end the effectiveness’ test of realized system was
conducted. This test proved system’s effectiveness only when there is a growing trend on the
stock market. While there is a horizontal trend system generates too many erroneous signals.
In order to improve system’s effectiveness it might be useful to equip it with a module which
would predict quotations’ rates.
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Abstract: The objective of economic dispatch problem is to calculate the power output of
all units so that satisfying demand at minimum cost, while all unit constraints and different
technical constraints of network are satisfied. In this paper, a new genetic algorithm based
method is proposed for solving the economic dispatch optimization problem, and called
minimum genetic algorithm. The proposed approach is applied to the standard test system
IEEE 30 bus – 6 generators. The test results are compared to the classical approach and
the conventional genetic algorithm to shows the advantages of this method.

1 Introduction
Economic dispatch (ED) is an important function in power system operations. The basic of
economic dispatch optimization problem of electric power generation is to determine the
power output of all units so as meet the load demand at minimum production cost while
satisfying all different technical constraints of network and units. Until now several classical
optimization approaches [8-10], and soft computing techniques such as artificial neural
networks (ANNs) [7] and genetic algorithms (GAs) [2-4] has been applied to solve this
problem. However, there are some disadvantages that can realize from above-mentioned
methods.
Since the fuel cost equations are non-smooth and different it is very difficult to find a global
solution. For units with non-smooth fuel cost function the ED optimization problem is a
highly nonlinear optimization problem. Therefore, conventional optimization methods the
make use of derivatives and gradients, in general, are not able to identify the global optimum.
To define accurate results, several different efficient approaches were applied to solve the
nonlinear dispatch problem.
Dynamic programming (DP) is the one method to solve the non-smooth ED optimization
problem [12], but the large dimension and local optimum is the disadvantages of DP.
Hopfield neural network models have been developed to solve the non-smooth ED problem
[13], but these methods need long time for training the sample sets. Recently, a global
optimization technique known as conventional genetic algorithm (CGA) which is a kind of
stochastic search algorithm has been applied to solve the ED optimization problem [1- 6].
The CGA starts from a population which is a randomly selected initial solution set. The
process searching for a global optimum is executed by moving individuals from the initial
population to new population using genetic operators such as selection, crossover and
mutation. Each individual represent a candidate to the optimization solution and is modelled
by a value called chromosome. In the evolutionary process, in order to produce a new
generation so that solution at the optimum may be obtained. The operation is based on a
selective nature, the best individuals are chosen as parents so that the new generation holds
best genetic heritage. For this purpose, a fitness function is used to calculate a fitness value of
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each individual within the population. But the disadvantage of CGA can recognized that CGA
needs long execution time to evaluate a large number of function.
In this paper, the new genetic algorithm (MGA) based method for solving the ED
optimization problem is proposed. The MGA is formulated based on a randomly initial small
population (typical 5 individuals). In order to demonstrate the effectiveness and advantages of
the MGA for solving the ED optimization problem, the IEEE 30 bus test system is taken as
the example.

2 Overview of proposed genetic algorithm
The main disadvantage of CGA can recognized that the algorithm needs long execution time
to evaluate a large number of functions. In order to overcome the above-mentioned drawback,
this paper proposes a new genetic algorithm based on a small population size, and called
minimum genetic algorithm (MGA).
Start

Initialization and random the
minimum generation the population
(5 individuals)

Fitness evaluation

Satisfy
convergences?

Yes

No
Selection

Stop

Mutation

Create a new random
population keeping the best
one and its mutative copy

The main difference between CGA and MGA is the changing
of population size and probabilities of mutation and crossover
occurrence. The MGA starts in which an initial small
population (typical 5 individuals) is randomly generated. And
for the MGA, a probability of crossover is fixed at value zero
and a probability of mutation is fixed at high rate (typical 0.5).
A small population size and higher probability of mutation are
the major bases of the MGA to convergence quickly within a
few function evaluations. A best individual of the previous
converged generation is chosen to the next generation. This
ensures retention of the best previous individual and also
increases the speed of convergence to global optimum.
Mutation process is performed based on the copy of the best
individual of the previous generation. Mutation is a process of
randomly changing encoded bit information following
environment change, and it is used to escape from a local
optimum. A new generation is randomly generated while
keeping the best individual of the previous generation and its
mutative copy. The MGA is illustrated in flow chart of figure
1.

Fig.1 Flow chart of MGA

3 Economic dispatch formulation
The main purpose of economic dispatch optimization problem is determine the amount of
power that each generator in a system should produce so that the total cost of generation is
minimized and meet fully the customer demands while satisfying system constraints.

3.1 Problem objective
Consider a system consisting of NG thermal units connected to electric network, the economic
dispatch optimization problem is mathematically expressed by minimum the object function:
NG

FT = ∑ (a i + b i PGi + ci PGi2 ), $ / h

(1)

i =1
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where NG is the number of generators, ai, bi, ci are the cost coefficients of the ith generator,
and PGi is the real power output of the ith generator.

3.2 Problem constraints
Power balance constraint: the total power generation satisfy the total demand PD and the
transmission losses PL,
NG

∑P
i =1

Gi

− PL − PD = ε

(2)

where ε is the power balance tolerance. PD is the power demand, PL is the power system
losses and defined by the equation as [14]:
NG N G

NG

i =1 j=1

i =1

PL = ∑∑ Pi BijPj + ∑ Pi B0i +B00

(3)

where B are the system loss coefficients.
Generation capacity constraint: for stable operation, real power output of each generator is
restricted by lower and upper limits as follows:
(4)
PGimin ≤ PGi ≤ PGimax ;i = 1,..., n G
where PGimin , PGimax are the lower and upper power output limit of the ith generator.

4 Proposed genetic approach for economic dispatch
In this method, the system incremental cost λ is used as coding parameter. The binary code is
used in the encoding schemes, and the length of coding strings is entirely independent of the
number of generating units. At the initialization stage, the initial population includes 5
individuals using bl number of bits are randomly generated C mk , m = 1,5 ; k = 1, bl .
Each individual represents the system incremental costs. The individuals are decoded to the
real value equivalent of the normalized system incremental cost. To calculate the system
incremental cost, the normalized system incremental cost of the mth individual is calculated as
follows,
bl

λ

m
sys

=λ

min
sys

+

∑C
k =1

m
k

.2 bl − k

2 −1
bl

(λ

max
sys

min
− λ sys
)

(5)

min
max
where λsys
and λ sys
are respectively the minimum and maximum of the system incremental

cost and defined as
⎧ min
⎛ dFi ⎞
⎪λsys = min ⎜
⎟
⎪
⎝ dPGi ⎠
, for i = 1, n G
⎨
⎪λ max = max ⎛ dFi ⎞
⎜
⎟
⎪ sys
⎝ dPGi ⎠
⎩

The power outputs of NG synchronized generating units are determined by applying the
LaGrange method and the Kuhn-Tucker conditions [10].
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m
⎧λ sys
= bi + 2ci PGi
⎪⎪ m
⎨λ sys ≥ bi + 2ci PGi
⎪ m
⎪⎩λ sys ≤ bi + 2ci PGi

if PGimin ≤ PGi ≤ PGimax
if PGi = PGimax

(6)

if PGi = PGimin

If the generation power output is out of the operation limits, then the unit’s power output is
adjusted to operate at the lower or upper limit depending on the situation.
After adjusting the power output of each generator, the parents then undergo the genetic
operation of selection and mutation. The process of selecting is a process in which the best
individual of the previous generation is chosen in the next generation. The copy chromosome
of the best individual is subjected to mutation. The procedure continues until the convergence
criterion is reached. The MGA for the ED problem is defined converged when satisfying the
system constraints (2) and (4).
After the algorithm has converged, the final power flow is then executed to calculate the
power output of each generating units, the total generating cost and the total system
transmission losses.

5 Case studies
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The standard test system IEEE 30 bus – 6
generators (fig.2) was used to test the MGA.
The comparison of performance of MGA with
the other methods is in terms of production
cost, power system losses, and convergence
speed time. The test results are compared to
the LaGrange iteration and the CGA methods.
All methods are implemented in Matlab
language with PIV 3.0 GHZ computer with
512 MB RAM. The generator’s data for IEEE
30 bus system are given in table 1.
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Fig. 2 IEEE 30 bus system
Table 1 Generator’s data for IEEE 30 bus system
Gen No.
1
2
3
4
5
6

Min. (MW)
50
30
15
12
12
15

Max. (MW)
200
80
50
35
30
40

a ($/h)
0
0
0
0
0
0
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b ($/MWh)
2.50
1.75
1.00
3.25
3.0
3.0

c ($/MW2h)
0.00500
0.01750
0.06250
0.00625
0.02500
0.02500

IWCIT’08
140
120
Power Output, MW

Fig. 3. depicts the optimal generator’s power
output determined by LaGrange iteration, CGA
and MGA for the six generators.

Lagrange
CGA
MGA

100
80

Table 2 presents the results of the proposed
method MGA, Lagrange iteration and
conventional genetic algorithm CGA.
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Fig. 3. Generator’s power output
Table 2 Test results for IEEE 30 bus test system
CGA
283.4
290.24
6.84
3.979
903.86
54
51.3
94.45

904.6

920

904.5

918

MGA
283.4
290.24
6.84
3.9789
903.86
11
2.5
21.43

916

904.4

Production cost, $/h

Production cost, $/h

LaGrange
Power demand, MW
283.4
Total generation power output, MW 290.18
Final system losses, MW
6.76
Incremental system cost, $/MWh
4.085
Total production cost, $/h
903.68
Convergence generation
Convergence time, seconds
Calculation time, seconds
0.22

904.3
904.2
904.1

54 generations
51.3 seconds
903.86 $/h
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Fig. 4. Convergence of production cost
for CGA

Fig. 5. Convergence of production cost
for MGA

From the table 2, the LaGrange iteration produces the best results within the minimum
production cost, minimum power system losses, and as well as the convergence speed time.
For the two genetic methods, they have the same production cost value, power system losses,
and as well as total generation power output. However, the MGA needs 11 generations (2.5
seconds) to achieve the convergence criteria while the CGA achieve needed 54 generations
(51.3 seconds) to converge. In addition, the MGA needs a lower processing time (21.43
seconds) to execute 100 generations than the CGA (94.45 seconds) since its chromosome
length is the same. The evolution of production cost for two genetic approach are depicted in
figures 4 – 5, respectively. From the evolution for convergence of two genetic approach, it
can seem that the proposed MGA is trending towards the convergence criteria faster than the
CGA.
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6 Conclusion
In this paper, a new genetic algorithm for solving the economic dispatch optimization
problem has been presented. In the case studies, the proposed method has been applied to the
economic optimization problem with the IEEE 30 bus – 6 generators. The proposed genetic
algorithm MGA improves the quality of the solutions and reduces the execution time than the
conventional genetic algorithm CGA. With the above-highlighted advances, the proposed
genetic algorithm MGA is presented as a very attractive method for the solution of the
economic dispatch in electric power system.
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Abstract: This paper proposes a method to explore the image content considering the
spatial relationships between image’s regions as a mean to obtain relevant visual
information. The first step is to extract objects from the geospatial image using a
classification followed by morphological based watershed segmentation. Another
morphological operation, the erosion, will be used in order to decrease object bounderies.
Then the force histogram is computed, as an affine invariant descriptor, for object
positioning with respect to the other regions.

1 Problem definition
The amount of information received from satellites is constantly increasing. Automatic
content extraction, classification and content-based retrieval are highly necessary to develop
intelligent databases for effective and efficient processing of remotely sense imagery. A highlevel semantic interpretation of images becomes a challenging problem.
Most of the previous approaches try to solve the content extraction problem by building pixelbased classification and retrieval models using spectral and texture features. But this is only
the first level from a hierarchical scene modeling with a visual grammar that aims to bridge
the gap between features and semantic interpretation [1]. The next step is to obtain, through a
segmentation process, region-level features that describe properties shared by groups of
pixels. In the end, scene-level features model the space relationships of the regions composing
a scene using a visual grammar.
An important element of image understanding is the spatial information because remote
sensing images contain many pixels and regions that have different spatial arrangements. This
is why a couple of scenes can have many interpretations according to their spatial
arrangements. Fundamental concept in computer vision, the relative position of regions helps
in understanding the scene and in recognizing the objects and their components. The spatial
relationships are presented in the literature in terms like “above”, “below”, “to the right of”,
“to the left of”.
One of the first approaches reduced objects to a single point (centroid). The use of relational
graphs allows for a better representation of the topological relations and semantic constraints
among the components of the objects. However, even the procedure is practical, relational
graphs are limited in capturing the 3D structure of the object and context dependent spatial
relations.
The histogram of angles was probably the first real relative position descriptor proposed in the
literature. The main source of information on spatial relations is the geometry (shape,
distance) of the regions in question. The basic idea [2] is to compute the angles between the
line connecting two points (one in each region) and the horizontal line, to construct a
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histogram of these angles; upon a interpretation of the histogram as a fuzzy set to match it
with a vocabulary of spatial relations.
Matsakis introduced the histogram of forces [3], [5] which supersedes and generalizes the
angle histogram. The relative position of two objects is described by a periodic function with
period 2π. The function is sensitive to shape of the objects, their orientation, their size and the
distance between them. Matsakis used this notion to attest many problems in different
domains like linguistic scene description [6], classification of cranium orbits [4] or spatial
indexing mechanisms for medical image databases [7].
In this paper we will handle the images (2D objects) as longitudinal sections. In the
segmented image, the regions will be reduced using the morphological filter of erosion; they
will have a better assignation and a histogram of forces will be computed using a simplified
interpretation, to describe the relationships between image’s region.

2 Histogram of forces and directional relations
The position of an object with respect to another one can be described by a histogram of
forces. The plane reference frame, a positively oriented orthonormal frame (O, , ), is shown
in fig. 1. For any real numbers α and v, the vectors
and are the images of and
through a rotation with an angle α and Δα (v) is the oriented line whose reference frame is
defined by
and the point of coordinates (0, v) relative to (O, , ). By object we
understand a nonempty bounded set of points E equal to its interior closure, and such that, for
any α and v, Eα (v) = E∩ Δα (v) is the union of finite number of mutually disjoint segments.
This intersection forms a longitudinal section. Note that an object can have holes in it and
may consist of many connected components.

Fig. 1 Longitudinal sections in an object

Fig. 2 Elementary forces between 2 objects

To define the histogram of forces, we consider two objects A and B, like in the fig. 2. The
position of A relative to B is represented by a function φAB. For any direction θ, the value φAB
(θ) can be seen as the scalar resultant of elementary forces. These forces are exerted by points
of A on those of B and they tend to move B towards A in direction θ. φAB is called the
histogram of forces associated with (A, B) via φ or the φ-histogram associated with (A, B).
The object A is the argument and B is the referent.
Φ denotes a mapping from a set of real numbers into a set of nonnegative real numbers and
defines the force fields. Two other functions, F and f, can be introduced to conveniently
descried the mathematical link between φ, A, B, θ and φAB (θ) (fig. 3). If we choose a set T of
an angle α and two objects Eα (v) and Gα (v), we can initiate a function F (the resultant of
forces exerted by points of (v) on points of (v)) from T into R+ and we obtain:
(1)
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F is in charge of the longitudinal sections (fig. 3d). It delegates the handling of segments to f,
which delegates in turn the handling of points to φ. The function f is from R+ x R x R+ into R+
and it is defined by the equation below:
(2)
x and z denote the lengths of two aligned segments and y indicates the relative position of
these segments (fig. 3b). The symbols u and w denote the coordinates of two points on an
oriented line (fig. 3a), while u-w indicates their relative position on the line.
Considering the gravitational force field, when mapping φ, we obtain:
and
. This is according to Newton’s law of gravity, which states that
every particle attracts every other particle with a force inversely proportional to the square of
the distance between them. The objects A and B can then be seen as two flat metal plates of
uniform density and commonly considered in physics. We are not bound, however, to
physical laws. The choice of φ depends only on the properties we want the force histogram to
have. So we consider a general case:
and
.

Fig. 3 Histogram of forces: computation and evaluation of directional spatial relations.
(a) Handling of points
. (b) Handling of segments (eq. 2). (c) Handling of
longitudinal sections (eq. 3). Handling of directions (eq. 4).
(3)
(4)

3 Erosion
Erosion is a morphological operation, a tool for extracting image components that are useful
in the representation and description of region shape.
Erosion “shrinks” or “thins” objects in binary image [8], [9]. The specific manner and extent
of shrinking is controlled by a structure element. Mathematically, the erosion is defined in
, is defined as,
terms of set operations. The erosion of A by B, denoted
(5)
In other words, erosion of A by B is the set of all structuring element origin locations where
the translated B has no overlap with the background of A.
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As example, to compute the erosion of a binary input image by a 3×3 square structuring
element, we consider each of the foreground pixels in the input image in turn. For each
foreground pixel (which we will call the input pixel) we superimpose the structuring element
on top of the input image so that the origin of the structuring element coincides with the input
pixel coordinates. If for every pixel in the structuring element, the corresponding pixel in the
image underneath is a foreground pixel, then the input pixel is left as it is. If any of the
corresponding pixels in the image are background, however, the input pixel is also set to
background value (fig. 4).

Fig. 4 Effect of erosion using a 3×3 square structuring element

4 Study and experimental results
Currently, only the case r=0 was considered to compute the histogram of constant forces. The
algebraic expression for the function f0 is detailed in fig. 5. For this function, a couple of
aligned segments are seen as a triple (x, y, z) of real numbers. x denotes the length of the
referent segment and z the length of the argument segment. The algebraic expression
corresponding to the process of a given couple depends on the relative position of the
segments.

Fig. 5 The algebraic expression corresponding to the histogram of constant forces
The computation method is improved by applying the morphological operation of erosion to
the segmented image. This is the way to be sure that y>0 and the whole computation part will
consist in multiplication of x by y.

Fig. 6 The algorithm for the computation of force’ histogram
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In the very beginning a simple image was used to test the algorithm. The relative position of
the three objects can be easily verified just by looking at it. The results are presented in plots
that have θ on the Ox and the value of the histograms of forces on the Oy.

Fig. 7 The histograms of forces between the three objects in the image
Analyzing the force’ histogram between objects 2 and 3, we observe the following things:
- for θ=0, HF(θ) =0; meaning the object 3 is either above, or bellow the object 2;
- as HF(θ=90)=15*104 is a maxim, we can undoubtedly say that the object 3 is above object 2;
- the value of HF for θ=45 is comparable to the maxim (12*104), but smaller. The object 3 is
set in the right-upper part of the object 2;
- HF(θ=135)=6*104<HF(θ=45), hereby the object 3 becomes right-centered and closer to the
object 2.
This is the way one can interpret the force histogram establishing the relative position
between objects in the image.
Further, the developed method was used on a real image, to extract the directional
relationships between the objects we are interested in.

Fig. 8 Original image. Labeled objects in the image. The histograms of forces between objects
4, 5, 6 in the image
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Analyzing the force histogram as described above, we can obtain pertinent conclusions about
the spatial relationships inside an image.

5 Conclusions
The paper introduces the notion of force histogram in order to provide a fuzzy qualitative
representation of the relative position between image’s regions. As color, texture and shape,
relative position is a fundamental concept in computer vision. Object recognition and scene
analysis tasks can be greatly enhanced when information about spatial organization in an
image is available. Histogram of forces is a descriptor that takes into account shape, size and
orientation. By introducing the morphological operation of erosion the method turns out to be
simpler and timely effective. A good opportunity to exploit this approach is to define
directional relationships between image’s regions in better harmony with human perception.
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Abstract: This article is about reconstruction of non-existing city landscapes using
language of modeling virtual reality. It discusses problems of technical optimalization and
modeling 3D objects in context of system recommendations. The aspects of creating
scenes including realism: ways of giving objects ability to interact with the user, objects
collisions, lighting and shadows, movement of plants, threes and the sky. The model
includes sound generation technology based on sensors which could be used in creating
narration in the scene. The presentation is illustrated by visualization of Zielona Góra old
town which lets the user to explore and to move on virtual scene.

1 Introduction
Virtual reality environments are the ultimate level in development of three-dimensional
graphics systems. The main difference between three-dimensional graphics and virtual reality
systems is that VR gives user feeling of immersion. User is in a direct contact with models
generated using computer and can manipulate virtual objects. From the beginning, threedimensional graphics technologies have been trying to provide tools which can generate
virtual reality based on the rules derived from reality world. First attempts didn’t bring good
effects, because power of computers was too weak to generate complex three-dimensional
models. With advance of computers it has become possible to render more complex objects
3D. Virtual reality systems can help in visualization of non-existing in real world architectural
objects. These systems enable creating single objects in 3D like city landscapes and virtual
museums [3].
There is some information about monuments of Zielona Góra old town: Gates, Towers
and moat that surrounds the old town in the book by Wojciech Eckert [5].
Another information about the old town we received from XVIII century model of
Zielona Góra from the Museum of Zielona Góra, where streets are depicted with city
buildings [2].
All the information helped in creating full view of the city in two aspects: architectural
and historical. At present, there are a few relics of the old town in Zielona Góra. The
examples are: still existing fragments of the town walls in the north of the city, the fountain in
place of old moat and the Tower in the south of the city. In XV century, prince Henryk IX
built many buildings using materials such as bricks and stones: ‘Wieża Głodowa’, ‘Wieża
Łazienna’, ‘Brama Nowa’ ,’ Dolna’ and ‘Górna’, ‘Basteja’ and the moat that surrounds the
old town. In the beginning of the city existence the central point of town was a town hall, that
has a rich history and remembers all the important events of the old town. At first the town
hall had been a wooden building, but in XV century it was refurbished with bricks. Around
the town hall there was the old market where tradesman sold their goods. The current
placement of streets comparing with XV century hasn’t changed much since medieval ages.
The defense system of Zielona Góra survived in invariable state to XVIII century when
refurbishment of old monuments had begun [4][5][6].
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2 VRML and Digital Culture Heritage
Using many tools and techniques of modeling 3D objects and using processing power of
computers helped to reconstruct the virtual town of Zielona Góra. The main tool used in the
project was VRML [1][3].
This language helps to create virtual reality illusions in network virtual reality
environments. This project was created mainly in this technology, which helped to define and
to create three-dimensional objects and to give them ability that is called interaction. This
standard helped to make environment in big degree resembling reality of Zielona Góra old
town and to take into consideration historical and educational aspects that give ability to use
this as a part of Digital Culture Heritage [9].
We often identify digital culture heritage with architecture and art. This richness was
destroyed mainly in wars . Due to these aspect little of art symptoms have survived to our
times. In last years, still improving powers of computers made it possible to use digital
techniques to make copies or reconstructions of non-existing monuments as three-dimensional
models. This helps to reconstruct relics, which were once very important to functionality of
Zielona Góra old town.

3 Zielona Góra old town
Creating virtual town of Zielona
Góra with various architecture, humans
and other elements as moat, trees, grass
required taking into consideration
system recommendations. All scene was
complex and main requirement was
generation of Zielona Góra old town in
real-time. The most important aspect
was to find a compromise between
reality of objects and their complexity.
Using many techniques of optimization
improved efficiency of displaying
world. In the beginning of construction
of virtual models it was important not to
use excessive polygons. This technique
helped to create optimally models of
buildings in the first stage of the project.
Next stage in creating optimal models
was using node LOD (Level of Detail),
that helped to improve efficiency
rendering and not to loose realism of
presented virtual objects. User which is
close to buildings can admire their
structure, that is on high level of details.
When user is far away from buildings
the level of details is lower, but when
user is far away from the object and he
Fig. 1 . Defining the level of detail of buildings (LOD).
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is not able to see changes. All objects were optimized, adopted as many levels of details, from
none level of details (simple objects did not require creating level of detail) through objects
with medium complexity (humanoids with two levels of detail) and complexity objects
(majority of buildings in the scene have three degrees levels of detail) to finish at very
complex objects (tower hall have four degrees level of details). Using this technique improved
the speed of display virtual town and not worsened quality of presented virtual objects.
Making more level of details (over three) to objects in project (except town hall) had no
sense, because this attempt would not improve efficiency, but could increase the number of
files and the overall size of the project. More than three levels of detail is reasonable only
when the objects are more complex. Next technique that we used to improve efficiency was
instance DEF and USE. The object that was once created can be multiplied in scene only by
changing
translation
and
rotation
parameter. This helps to optimize code
and improve rendering time. A few types
of houses were created and cloned in
scene multiple times with different
translations and rotations. Last stage
optimization was using prototypes (nodes
Fig. 2 Optimization mechanisms
PROTO and EXTERNPROTO). This technique helped to make main file of the project that
recalled to all files in the scene. Once created prototype can be after-used as a new node to
VRML specification. Using prototypes helped to decrease size of files and to improve project.
All techniques used in project to create
virtual scene optimized it in many
aspects. Objects should have a texture and
textures were created and mapped to
objects. In the project textures in high
quality and high resolutions were used to
improve visual realism of virtual world.
Tool which helped mapping textures to
objects was the program Cinema_4D. In
the project two types of mapping were
used: Cubic and UVW Mapping. Making
textures of all buildings instead of
modeling their structure with polygons
was one of many stages of optimization.
Fig. 3 Creating textures of buildings
One of important stage of project was to give objects ability of interaction with the user.
The gates of town use the node CylinderSensor. User can open or close individual wings of
gates of town with a mouse drag. Sensor technique was used to create the entrance door in
town hall, where the node TouchSensor was used. The node helps to obtain efficient move of
opening doors after the user clicks the mouse over them. Interactive description elements, that
have information about particular points in old town, were added to the virtual scene. Those
elements help user to discover the history of Zielona Góra old town. Creating this information
was possible with the scripts of Java [7]. When user clicks the object the new window
provides information about him. This helped to sketch historical background of Zielona Góra
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old town. Important aspect in VR systems
is to create world as it is in virtual scene.
Using gravitation enables user to explore
the scene only in the walk mode. This
mechanism does not require any nodes,
because it is a standard of specification in
VRML. It was necessary to detect
collisions between avatar and virtual
objects. Majority of objects in the scene
are collision-enabled, excluding the pass
of ‘Wieża Łazienna’ to show the user its
Fig. 4 Model of Zielona Góra old town from XVIII century from Muzeum Ziemi Lubuskiej
primary function. Viewpoints locally
deactivate
collisions.
The
nodes
Viewpoint help to create better
navigation, which improves the process of
exploration of virtual town. Viewpoints
were attached to main buildings in the
town and to the places which the user
cannot obtain from a terrain level (the
view inside ‘Brama Dolna’ or bird’s eye
view of the town). The viewpoints were
localized near guide- humanoids and
helped to teleport to the next position.
Next stage of design was adding moving
Fig. 5 View of reconstruction of Zielona Góra old town and the viewpoints
sky sphere to the scene that uses the Time
Sensor. Two spheres (texture-mapped:
first - smaller and transparent and second
- larger and non-transparent) turn one
faster and second slower which gives the
effect of three-dimensional sky. Setting
up time cycles helped to create fluent
rotation without jumps. The animation is
never-ending and plays in loop. Plant
models were included to the project.
Moving trees were modeled along with
cluster of grass. Flags fluttering in air
were added to the virtual scene either.
The effect of floating moat was made
with the node textureTransform. The
moat that surrounds Zielona Góra old
town was created, using the parameter of
Fig. 6 Church Matki Boskiej Częstochowskiej in Zielona Góra
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transparency added to moat transparency.
The lighting of the scene was created
with the node PointLight. In VRML, light
does not cast any shadows what is a
drawback of this standard. Using multiple
point lights made good lighting of the
scene. The important aspect was to
introduce the music to the scene, which
enliven virtual world. The main sound in
scene was created with the node Sound.
This sound is not spatial and everywhere
is the same. It is being played non stop in
loop. Making humanoids was possible in
Avatar Studio. Humanoids
create
Fig. 7 Reconstruction of Church Matki Boskiej Częstochowskiej
narration in the scene by talking about
history of Zielona Góra old town and
guide user to important places in a town.
The speech of guides is louder when
avatar approaches the humanoid. Making
spatial sound of talking humanoids was
possible with the node ProximitySensor.
Humanoids are localized in the main
places in old town and talk about its
history. Last stage of design was creation
of movie by adding many key frames to
move camera in scene. User can switch
between the movie-mode
and full
exploration of the virtual scene. The
Fig. 8 Cathedra św. Jadwigi in Zielona Góra
project was created using hybrid
technique that joins manual technique
which is implementation of code VRML
language to notepad and program
technique which is using existing tools
(Cinema_4D and Avatar Studio). Hybrid
technique joined advantages of manual
and program techniques: little size of
outputs files with high complexity of
architectural objects and the fastest
creation of objects with simpler structure.
Furthermore, our technique is fast enough
to be implemented on a multi-screen
virtual reality systems [8].
Fig. 8 Reconstruction of cathedral Jadwigi in Zielona Góra
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Fig. 9 Reconstruction of ‘Brama Dolna’

4 Conclusions
Creating virtual reality environments based on architectural visualization is a very hard
and time-consuming task because the structure of these objects is complex and we must take
into consideration systems limits. The goal was reached and a final application is a
reconstruction of Zielona Góra old town that lets user to explore and move throughout virtual
scene. The user can manipulate several objects in the virtual scene. Lots of factors determined
the final effect of project and its success. It was necessary to choose proper tools and use their
features in a good manner. Access to many materials, books and the model from museum was
crucial to accurate reconstruction of the old town. However, there is always a trade-off
between complexity of models and their visual realism. The target of work was reached,
because reconstructed objects in large degree resembles real buildings. Their optimal model
visualization can be rendered in real-time. The final effect is an application, that has
educational and historical value. It shows possibilities of 3D graphics in modeling of
architectural objects. It can be treated as a good example of Digital Cultural Heritage.
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