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Preface 

To the Proceedings of the 8th Small Systems Simulation Symposium 

 

Dear colleagues, 

This year it is 20 years from the First Small Systems Simulation Symposium. The Symposium 
was established in the Laboratory for Electronic Design Automation (LEDA), on the Faculty 
of Electronic Engineering, University of Niš. 

LEDA laboratory, since its establishment in mid-eighties of the last century, went through 
several turbulent periods due to the political changes and wars conducted around and 
against the country.  Nevertheless, the researchers within it were trying all the time to keep 
pace with the running edge of the scientific research in the field. One may say with 
admirable success, having in mind the circumstances. There were several areas in which 
particular achievements were reached: electronic modelling and simulation, CMOS IC 
design, theory and implementation of artificial neural networks, and renewable energy 
sources and circuit characterization and design. All that was only possible thanks to strong 
support obtained from outside the Electronic faculty especially from the University of 
Southampton and Middlesex University from England, The Technische Universitaet Ilmenau 
from Germany, The Universidad Politécnica de Madrid from Spain and others, particularly 
including the Technische Universitaet Wien and the Fachhochschule Wiener Neustadt. 
Probably the decisive support was given (first at the end of the eighties and the beginning of 
the nineties) by the British Council office from Belgrade (supporting the visit of Prof. Litovski 
to Southampton) and the Serbian Council for Intentional Cultural and Scientific 
Collaboration (supporting the visit of Prof. Zwolinski to Niš). 

Having that in mind it is understandable that the research staff of LEDA started 
contemplating the necessity of deepening the international cooperation with several main 
goals among which the most important were acquiring new knowledge and promoting 
research results. One of the opportunities was to start regular meetings with the research 
centres with which the collaboration already lasted for more than ten years. So the idea of 
Small Systems Simulation Symposium (SSSS) was born in the autumn of the year 1999 in 
Southampton and one may claim that Prof. Robert Damper was the one who mainly 
contributed to the final spelling of the name. 

 Among the large group of authors we would like to especially appreciate the contributions 
of some who made the symposium to start and pertain during these two decades. In the 
attempt not to exaggerate we will most surely miss some names but still we wouldn’t like to 
miss all of them. These are Prof. M. Zwolinski, Prof. R. Damper, Dr I. Bushehri, Prof. S. 
Bojanić, Prof. O. Nieto, Prof. V. Zerbe, Prof. D. Trajanov, Prof. V. Melikyan, and with 
particular respect Prof. T. Kazmierski. 

It is worth to note that during this turbulent period the SSSS was trying to find the best way 
of survival so for some time it was organized by the Yugoslav Simulation Society. Later on, 



the organization was taken aback by the Faculty of Electronic Engineering with the support 
of the Innovation Centre of Advanced Technologies (ICNT) from Niš. 

We really hope that the tradition established will last for long, especially having in mind the 
recognition (by the Serbian society) of the importance of the advanced technologies for the 
national wealth and progress. That may be seen from the fact that the surroundings of the 
Faculty of Electronic Engineering now is literally a construction site for buildings intended to 
support the research and education in the IT field. We believe that SSSS, by its actions, did in 
some (no matter how small) extent influenced these new believes and that it will flourish in 
the future together with the Serbian IT sector as a whole. 

 

SSSS 2020 Organizing Committee 
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Control Methods for Efficiency Optimization of Electrical 
Drives-Present Trends and Perspectives 

Invited Paper 

Branko Blanuša, Đorđe Lekić, Predrag Mršić 

Abstract - The paper gives an overview of methods for 
efficiency optimization in electric drives. A historical overview of 
these method is given and in a more detailed actual trends are 
described through presented control models, simulation and 
experimental results. Possible directions for further research and 
the challenges in this field are also given in the paper. 

Keywords -  efficiency optimization; model based methods; 
search control; hybrid methods; fuzzy logic controller; artificial 
neural networks; energy storage  

NOMENCLATURE 
Rs, Rr Resistance of stator and rotor winding 
Ls, Lr Self inductance of stator and rotor 
Lm Magnetizing inductance 
P Number of pole pairs 
ϑs, ωs Rotor flux angle and angular speed 
ϑm, ωm Rotor angle and angular speed 
ωr Slip speed 
sm, L Position 
Tem Electromagnetic torque 
TL Load torque 
Ψsd Magnetizing flux 
isd, isq d and q component of stator current vector 

I. INTRODUCTION 

In the last 10 years, the use of electric drives has been 
increasing, from simple drives such as pumps, 
compressors, fans (heating, ventilation, air conditioning- 
HVAC), to high-performance servo drives which are 
characterized by fast response, precision and a wide range 
of regulated speed. Due to its simple control characteristics, 
for a long time the DC motor was irreplaceable in the 
controlled electrical drives. The relatively complex control 
algorithms and the need to calculate the rotate 
transformations made it impossible to use induction motor 
(IM) in servo applications. However, since the late of 
1990s, the use of IM and permanent magnet synchronous 
motor (PMSM) in servo systems has been made possible 
by the use of digital systems such as microprocessors and 
microcontrollers, and modern power converters based on 
pulse-width modulation and space vector modulation [1-3]. 
Concept vector control, or direct torque control is generally 

used in IM and PMSM drives [4-7]. Also, in IM drives 
scalar control is also used.  
 It enables   speed control of the by varying the supply 
frequency, so the ratio voltage per frequency (V/f) is 
constant. In this way, the torque characteristic of the motor 
is displaced and it is possible to regulate the rotor speed 
over a wide range of speeds. But with scalar control, torque 
cannot be directly controlled, so it is not applicable to high-
performance electric drives. In high-performance drives, 
vector control and direct torque control are predominantly 
used. So, the torque and magnetizing flux can be directly 
controlled. The implementation of such control requires 
complex calculations in order to set torque and flux 
commands, and more complex control of the drive 
converter.  

Very interesting research topic is  efficiency 
improvement of electric motor drives. Considering that in 
industrialized countries, these drives consume more than 
of 2/3 of the total consumed electrical energy in industry, 
this issue becomes more relevant. This trend of energy 
efficiency improvement and the increasing presence of 
regulated electric drives in the industry have influenced the 
development of numerous methods for increasing 
efficiency in drives with an induction motor. 

Electrical losses in an electric motor drive are 
calculated as the difference between the input power to the 
drive and the output power delivered to the mechanical 
subsystem. Function of these losses in the general case is a 
nonlinear and non-stationary function. It depends on 
several factors: frequency, heating, groove shape, power 
supply, etc. There are also additional losses, which cannot 
be predicted and calculated in advance. These are all 
reasons why optimization model should be non-linear and 
adaptive. In the recent years, in the implementation of such 
algorithms, fuzzy controllers, neural networks, or their 
integration in the form of neuro-fuzzy controllers have 
been increasingly used [8-11]. Their advantage in such 
applications is reflected in their non-linear structure and 
adaptive character. Also hybrid methods which combine 
different strategies for efficiency optimization become 
more interesting [12-16]. 

Today, there are a numerous number of strategies for 
efficiency improvement in electric motor drives. 
Regardless of the used method,  the goal is unique; For the 
given operating conditions, determine the drive control so 
the drive operates with minimal losses.  Algorithm should 
be fast and independent of the motor parameters variations. 

Energy efficiency improvement in industrial processes 
is very significant in the field of horizontal and vertical 

Branko Blanuša, Đorđe Lekić and Predrag Mršić are with 
the Faculty of Electrical Engineering, University of Banja 
Luka, Patre 5, 78000 Banja Luka, Republika  Srpska,  Bosnia 
and Herzegivina, E-mail: branko.blanusa@etf.unibl.org, 
djordje.lekic@etf.unibl.org, predrag.mrsic@etf.unibl.org 
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transportation. So, there are significant opportunities for 
increasing efficiency in electric motor drives, since the 
movement of the controlled object is along a known 
trajectory. Examples are the various conveyors and elevator 
drives [17 - 26]. These drives often operate in generator 
mode, so there is considerable potential for energy 
recovery and storage. Although there is a significant 
number of the papers that addresses these issues, the 
problem has not been adequately solved and it is an open 
subject for research. 

Organization of paper is as follows: Short description of 
power losses is given in second section. Review and 
comparison of different method for efficiency optimization 
are described in third section. Application of fuzzy 
controller and neural networks in methods for efficiency 
improvement of electric drives are presented in fourth 
section. Energy efficiency improvement in elevator drives 
and the possibility for energy recuperation and energy 
storage are given in the fifth section. Some results and 
interesting areas for further research are summarized in the 
conclusion. 

II. DESCRIPTION OF POWER LOSSES IN ELECTRIC
DRIVES 

 During the energy conversion in electrical motor drive, one 
part of input energy  converts in power losses  in the converter 
and the electrical motor. So, power losses in electrical drives 
consist of converter losses, and motor losses (copper losses, 
iron losses and other "secondary" losses). From the practical 
reasons these losses are described in d-q coordinative system. 
 Converter losses: Main constituents of converter losses in 
the typical electrical drive topology are the rectifier, DC link 
and inverter losses. Rectifier and DC link losses are 
proportional to output power and these losses are not dependant 
from the magnetization flux. The flux-dependent losses in 
converter are inverter losses.  These are usually given by: 

( )222
sqsdINVsINVINV iiRiRP +⋅=⋅=

. (1)  

Motor losses: These losses consist of hysteresis and 
eddy current losses in the magnetic circuit (iron losses),  
losses in the stator and rotor conductors (copper losses) and 
stray losses. The main core losses can be modeled by 

222
esdeesdhFe ccP ωω Ψ+Ψ= , (2) 

where ch is hysteresis and ce eddy current core loss 
coefficient. 

Copper  losses depend on the effective value of current 
through the stator and rotor windings and these can be 
expressed as: 

22
sqrsdsCu iRiRp +=

, (3) 

The total secondary losses (stray flux, skin effect and 
shaft stray losses) usually don't exceed few percent of the 
overall losses [3]. Therefore, these losses are usually 
omitted in the methods for efficiency optimization based on 
the loss model. 

Based on previous consideration, total flux dependent 
losses in the drive can be given by the following 
expression: 

( ) ( ) 22222
sdehsdeesqrsINVsdsINV cciRRRiRRP ψωψωγ ++++++= .   (4)

In the methods for efficiency optimization motor works 
with the flux which is less or equal to its nominal value. So 
we can suppose that during efficiency optimization 
procedure magnetization characteristic is linear.  Based on 
expression (4) it can be concluded that losses in the 
electrical drive depend on the current in stator and rotor 
windings, electrical frequency and level of magnetization 
flux.  

III. METHODS FOR EFFICIENCY OPTIMIZATION IN
ELECTRICAL DRIVES

Efficiency optimization algorithms are based on the 
adjusting magnetization flux to drive load. In this way, at 
lower loads, magnetization flux is also lower so the balance 
between the copper losses and the iron losses is achieved 
and total losses are reduced. 

Also, it should be taken into account that the reduction 
of the magnetization flux degrades the dynamic 
characteristics of the drive. If maximum drive performance 
is required, the flux should be at nominal level. This should 
be taken into account when methods for efficiency 
optimization are applied. 

There are many methods for efficiency optimization in 
electrical drives and they are usually classified in 4 
strategies [2]: 
- Simple State Control (SSC) ,
- Loss Model Control (LMC)  and
- Search Control (SC)

Also, there are methods which can't be classified in one
strategy, but combine characteristics of two strategies. 
These methods are usually known as hybrid methods 
(HM). 

A. Simple state control

The first strategy is based on the control of one of the 
variables in the drive. This variable must be measured or 
estimated and it is  used in the feedback control of the 
drive. Slip frequency or power factor displacement are 
often used variables in this control strategy. This strategy is 
simple but gives good results only for a narrow set of 
working conditions. Also, it is sensitive to variations of 
motor parameters due to temperature changes and 
nonlinearity of the magnetic circuit. 
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B. Loss Model Control

A good feature of loss-based model methods is that they
are fast and the optimal flux is determined directly from the 
model. Because of this, they are often applied, especially in 
electric drives that have faster dynamics. Taking into 
account expression for electromagnetic torque in steady-
state: 

23
2

m
em sd sq

r

L
T P i i

L
= , (5) 

and expression (4), power losses can be expressed as a 
function of magnetization current isd and working 
conditions ωe, Tem: 

( )
( )

2 2 2 2 2

2

2 22

1

3
2

INV s e e m h e m sd

em
INV s r

sdm

r

P R R c L c L i

T
R R R

iLp
L

γ ω ω= + + +

+ + +
 
 
 

, (6) 

Putting 2 2 2
INV s e e m h e mA R R c L c Lω ω= + + +  and 

( )
2

223
2

em
INV s r

m

r

T
B R R R

Lp
L

= + +
 
 
 

 from (6) expression for 

power losses can be given as follows: 

2
2sd
sd

BP Ai
iγ = + . (7) 

Minimization of losses is calculated from the condition 

0
sd

P
i

γ∂
=

∂
 which gives: 

3

22 0sd
sd

BAi
i

− = . (8) 

Based on (8), the reference value of the magnetization 
current (𝑖𝑖𝑠𝑠𝑠𝑠∗ ), which gives minimal losses for the given 
working conditions is: 

𝑖𝑖𝑠𝑠𝑠𝑠∗ = �𝐵𝐵
𝐴𝐴

4 . (9) 

Block diagram of loss model control implemented in 
induction motor drive is presented in fig 1. 

Based on loss model, and working conditions, 
values of control variables  i*

sd  and i*
sq  are generated. The 

main drawback of the model is that it takes into account 
only the most significant sources of losses in the electric 
drive. Also, it is sensitive to parameter variations in the 
model especially due to changes in temperature and 
nonlinearity of the magnetic circuit. Beside all, this strategy 
is very popular. Control variables are generated fast and 

directly from loss model so this method can be use even in 
cases frequent change of working conditions.  

Fig. 1. Block diagram of loss model strategy implemented in 
induction motor drive. 

C. Search Control

Application of SC methods is very simple. For two
successive values of the isd current, power losses are 
determined as difference between input and output power 
of the drive: 

( ) ( ) ( )nPnPnP outin −=γ . (10) 

Pγ(n) is value of power losses in last sample (nTs) , 
where Ts is sample time. 

 Sign of Δisd is maintained if power losses are reduced. 
Otherwise, the sign of Δisd is opposite in the next step: 

( ) ( ) ( )( ) sdsdsd inPnini ∆−∆−−= 1sgn1 γ . (11) 

Value of  Δisd is usually determined to be proportional 
of Pγ. It means if Pγ(n) is greater, then Δisd(n) is greater and 
vice versa. Block diagram of search control strategy is 
presented in fig.2. 

Fig. 2. Block diagram of search control strategy implemented in 
induction motor drive. 

   Search strategy methods have an important advantage 
compared to other strategies. These methods are not 
sensitive to parameter variations in the motor. Also, these 
methods are  applicable universally to any motor. Besides 
all good characteristics of search strategy methods, there is 
an outstanding problem in their use. Flux convergence to 
the value which gives  minimal losses can be slow for 
drives with higher dynamic requirements. Also, 
magnetization current oscillates in small steps around its 
optimal value it. 

D. Hybrid Methods
Hybrid method usually combines characteristics of two

optimization strategies SC and LMC [14-15]. It is an 
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interesting solution and it is expected to be more used in 
the future. During transient process LMC is used, so fast 
flux changes and good dynamic performances are achieved. 
In a steady state search algorithm is applied. In that case 
parameter variations has not significant influence to 
method for efficiency optimization. Control diagram for the 
hybrid optimization method is presented in fig 3. 

In hybrid methods block which determines steady state 
of the drive is usually used. So, for a steady state this block 
changes optimization control from LMC to SC and vice 
versa when working conditions are changed. 

Fig. 3. Block diagram of hybrid control method implemented in 
induction motor drive. 

IV. IMPLEMENTATION OF FUZZY LOGIC AND
ARTIFICIAL NEURAL NETWORKS IN METHODS FOR 

ENERGY EFFICIENCY IMPROVEMENT OF 
ELECTRICAL DRIVES. 

One of the outstanding problem in all methods for 
efficiency improvement is that they are sensitive to fast 
change of working condition. Reduction of the 
magnetization flux degrades the dynamic characteristics of 
the drive. This is presented in fig 4. For a step change of 
load torque speed drop is much more expressed when 
motor works with lower then for nominal flux. Speed 
response on the step change of load torque (from 0.5 p.u. to 
1.1 p.u.) at t=25s, for nominal flux and when LMC method 
is applied, is presented in the fig. 4. That is reason why it is 
necessary maintain torque reserve in the methods for 
efficiency improvement, especially in the applications 
where output power changes are more frequent. The loss 
model is nonlinear. It is not possible to predict and take 
into account all the factors that affect to losses. Also, many 
parameters in the model are sensitive to parameter 
variations in drive due to temperature, saturation of the 
magnetic circuit, skin effect, etc. The reserve of the 
electromagnetic moment also should be taken into account. 
Based on this, it can be concluded that it is convenient to 

implement fuzzy controller in methods  for efficiency 
improvement (fig. 5). 

Fig. 4. Block diagram of hybrid control method implemented in 
induction motor drive. 

Fig. 5. Implementation of fuzzy controller in methods for 
efficiency optimization of electrical drives. 

Fuzzy controller can be applied for both SC and LMC 
methods. Based on electromagnetic torque reserve, last 
sample of the calculated power losses and  magnetization 
current, new value of magnetization current is determined. 
Electromagnetic torque is determined based on maximum 
torque which can be achieved for the current flux level in 
the motor and taking into account constrains for current 
and voltage (fig. 5). Fuzzy set has 12 rules, 3 inputs and 1 
output. Mamdani type of fuzzy inference and centroid 
defuzzification method are used. For the working condition 
presented in fig. 6. obtained speed response and power 
losses are presented in Figs. 7 and 8.  

Fig. 6. Graph of mechanical speed and load torque reference. 
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Reference value of mechanical speed is set to 0.2 p.u. For 
low speed, drive is more sensitive to step change of load 
torque. So, control of electromagnetic torque is very 
important in efficiency optimization methods when drive 
works with low speed. It is obvious that electrical drive is 
more robust on the step change of load when 
electromagnetic torque reserve is included in method for 
efficiency improvement (fig. 7). But in this case the losses 
are slightly higher for low loads (fig. 8).  
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Fig. 7. Speed response for a given working conditions when LMC 
is applied with torque reserve and without torque reserve. 
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Fig. 8. Power losses for a given working conditions when LMC is 
applied with torque reserve and without torque reserve. 

 
 Therefore, it is necessary to maintain balance between 
efficiency optimization and torque reserve in order to keep 
good dynamic characteristics of electrical drive. More 
recently, neural networks have been used for faster SC 
methods and maintain electromagnetic torque reserve. The 
Hybrid method for efficiency optimization  with ANN is 
shown in fig. 9.  
 

 
 

Fig. 9. Hybrid method for efficiency optimization with ANN. 
 
 ANN is used for the implementation of SC method in 
hybrid system for efficiency improvement. The neural 
network has 2 inputs, 1 output and 2 hidden layers with 7 
and 5 neurons respectively. The transfer functions of the 
neurons in the hidden levels are sigmoidal (tansig) and the 
output level linear (purelin). The Levenberg-Marquardt 
method is used to train the network. The performance index 
target value is set to 5*10-4. The qualitative analysis of the 
network operation gives the dependence of the 
performance index and the mean-square error as a function 
of the learning epochs number. Also, for the defined  
working conditions of the drive (fig. 6), a trajectory of the 
current reference value isdSC was generated using a neural 
network (fig. 10), and the speed response and loss power 
for the nominal flux and for the hybrid method with ANN 
were compared and obtained results are presented in figs. 
11 and 12 respectively.  
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Fig. 10. Magnetization current generated in sc with ANN and 
for given working conditions presented in fig.6. 

 
 
Fig. 11. Speed response for nominal flux and  for hybrid method with 
ANN and for given working conditions presented in fig.6. 
 

 
 
Fig. 12. Power losses for nominal flux and  for hybrid method with 
ANN and for given working conditions presented in fig.6. 
 
 The obtained results show that the application of ANN 
in  efficiency optimization is justified. Good results are 
achieved in maintaining good dynamics of the electric 
drive, but also in efficiency improvement.  

V. EFFICIENCY OPTIMIZATION IN ELEVATOR  
DRIVES, ENERGY RECUPERATION AND STORAGE 

 

The standard topology of the indirect AC/AC converter 
controlled  elevator drives, consists of a diode rectifier, DC 
link, and a three-phase PWM controlled inverter. Such 
topology has many drawbacks and does not allow 
bidirectional power flow and energy recuperation.  

Elevator drives often work in generator mode, so it is 
convenient object for efficiency optimization improvement 
and energy recuperation and storage. In that case units for 
energy storage are necessary. Usually, supercapacitors are 
used, due to fast charging and discharging. In this 
application  converters which provide bidirectional power 
flow, and appropriate control units which automatically 
control the working are required. These applications must 
not affect to elevator ride, jerk, speed, positioning and the 
comfort of passengers. 

One concept of efficient elevator drive with the unit for 
energy storage is shown in fig. 13 [22]. It consists of two 
tree phase back to back converters and a digitally 
controlled switch unit. Three phase power supply is 
connected with the voltage oriented control (VOC) PWM 
rectifier. This rectifier obtain good control of DC voltage 
and phase control between input voltage and current 
(PF≈1) (fig.13). Total harmonic distortion of  input current 
is low. This rectifier is connected to unit switch over DC 
link from one side and three phase inverter from the other 
side. Space Vector Modulation (SVM) technique is used 
for inverter control. Such topology provide possibilities for 
the implementation of advanced control strategies like VC 
or SVM. The basic parameters are monitored on the storage 
unit; DC voltage, charging /discharging current and the 
capacity, i.e. state of charge (SOC), status of the main 
supply and the working mode of elevator motor (motor, 
generator).  
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Fig. 13. One concept of elevator drive with the energy storage unit [22]. 

If the motor works in the generator mode and the storage 
unit is not full, switch is turned so the storage unit is charged 
with the regulated current (fig. 15). In the case of a main 
power failure, storage unit is used as auxiliary power supply. 
This process is fast and automatically realized (Fig. 16). Any 
changes in the operation mode are fast and from the standpoint 
of the elevator user seamlessly. 

 

 
 

Fig. 14. Input phase voltage and  current of PWM rectifier in 
elevator drive. 

 

 
 
Fig. 15. Charge of energy storage unit in generator mode of elevator 

drive [22]. 
 

 
 

Fig. 16. Discharge of energy storage unit in a case of main power 
failure [22]. 

 
Studies and measurements on such elevator drive in the 

elevator operation show that the concept is interesting and it 

gives good results. Also, load perturbations or changes in 
operating modes have no effect on maintenance of the 
elevators' performance. Beside the step change of load and 
changes in operating modes, the elevator keeps defined speed 
and motion trajectories. 

VI. CONCLUSIONS 
 
The paper describes some of the interesting topics related 

to efficiency optimization of electric drives. 
Based on content presented in the paper, the following 

conclusions can be drawn: 
1. Controlled electric drives are suitable for 

implementation of methods for energy efficiency 
improvement. 

2. In many HVAC applications it is possible to apply 
simple methods for efficiency y improvement, whose 
implementation is purely software. 

3. In applications where speed and torque change more 
frequently, methods based on loss model and search 
algorithms may be used. 

4. Hybrid methods, which combine the merits of loss-
model based methods and search algorithms are also become 
more popular (fig. 3). 

5. Elements of artificial intelligence, neural networks and 
fuzzy logic are increasingly used in methods for efficiency 
optimization and improve characteristics of these methods 
(figs. 7, 8, 10-12) 

6 Horizontal and vertical transport systems are also of 
interest from the standpoint of energy efficiency. In addition 
to increasing efficiency in motor mode, it enables energy 
recovery and storage in generator mode. A model of one 
elevator system  with the elements for efficiency improvement 
and energy storage is  also presented in the paper (figs. 14-16). 

 
APPENDIX 

 
Un = ∆220/Y380 V In  = 3.6/2.1 A 
Pn = 0.75 kW cosϕ   = 0.72 
nn = 1390 rpm fn = 50 Hz 

 Rs = 10 Ω   Rr = 6.3 Ω 
 Lγs  = 43.067 mH Lγr  = 40.107 mH 
 Lmn  = 0.4212 H Jm = 0.00442 kgm2 
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Linked Data Based Power Grid Management 
Invited Paper 

Vladimir Zdraveski, Dimitar Trajanov and Ljupco Kocarev 

Abstract - A data model for a power delivery system is developed 
in this work, that combines the power grid data with the general geo-
political and socio-economical data from web and data hubs. It is 
based on the power grid ontology, that covers the required entities 
and connection properties for topology and measurements annotation 
in a power system. In order to proof the proposed model, several data 
queries and reports are presented and evaluated on recently published 
data sets. Few end-user tools are conceptually explored in order to 
note the usability for power companies as well as citizens. 

Keywords - power grid, ontology, query, monitoring 

I. INTRODUCTION

Smart grids have already explored the benefits of infor- 
mation and communications technology (ICT) applied in the 
power systems. However, the large amount of data generated 
in the smart grids requires appropriate data modeling, data 
processing and data publishing to result in a real smart grid 
data understanding for the power supplying companies as well 
as the energy consumers. The grid of the future would tend to 
transform the manual operations, along with the electro- 
mechanical components, into a ”smart grid” and automated 
processes, that will require further data collection and pro- 
cessing, so a comprehensive data modeling will be essential 
[1]. The smart grid is always followed by the smart energy 
management, that is open for the challenges of big data-driven 
smart energy management in IT infrastructure, data collection 
and governance, data integration and sharing, processing and 
analysis, security and privacy, and professionals [2]. 

The knowledge retrieved from the collected and processed 
data is useful in any part of the power grid. The data-driven 
approach is applied to wind turbine power generation 
performance monitoring using supervisory control and data 
acquisition (SCADA) data in [3] and the results demonstrate 
high accuracy in detecting the abnormal power curve profiles. 
An optimal power flow paired with the load control is 
achieved using data-driven concept in [4], resulting in 
computational efficacy of the distributionally robust approach 
and trade off between cost and robustness of solutions driven 
by data. Power grid data modeling has been considered in [5] 
and a central ontology layer has been introduced. It uses a 
common interconnection layer for all agents and it offers 
unified access to the stored data, infor- mation and knowledge. 
An electric power knowledge theory model is proposed 
in [6]. It was based on ontologies and the semantic web 
technologies and focused on the solution of the problem of 

Vladimir Zdraveski, Dimitar Trajanov, and Ljupco Kocarev are with the 
Faculty of Computer Science and Engineering ss. Cyril and Methodius 
University - Skopje, Ruger Boskovik 16 Skopje, North Macedonia, E-mail: 
vladimir.zdraveski, dimitar.trajanov, ljupco.kocarev@finki.ukim.mk 

Ljupco Kocarev is also with the Macedonian Academy of Science and Art, 
Bul. Krste Misirkov 2, P.O. Box 428, Skopje, North Macedonia, E-mail: 
lkocarev@manu.edu.mk 

normalized modeled knowledge for the management and 
analysis of electric power big data. 

In the field of data science there has been produced an ad- 
vanced set of standards and tools for data modeling, that could 
also apply in the field of power system’s data management. 
One such initiative is the Schema.org [7], promoted by Google 
and Microsoft. It unifies the different existing data schemes 
and becomes a standard. Schema.org is actually considered as 
one of the main drivers for the adoption of the semantic Web 
principles worldwide, by a broad number of organizations and 
individuals in their real businesses [8]. 

Schema.org is already applied in different fields. A health 
information representation, querying, and visualization system 
by using Linked Data tools has been developed in [9] and have 
imported more than 20,000 HIV-related data elements on mor- 
tality, prevalence, incidence, and related variables. Semantic 
tools have been applied in the home health care systems and a 
cloud-based reasoning and mapping system has been built in 
[10] with Ontology Web Language (OWL), Resource
Description Framework (RDF), Simple Protocol and RDF
Query Language (SPARQL) and SPARQL Inferencing
Notation (SPIN). An approach that provides integrated and
situational information on different tourism-related topics is
presented in [11] and the authors introduce an adaptation
concept based on semantic descriptions of user context and
integrated information sources and describe a prototype
implementing that concept. The ongoing effort on using
Linked Data technologies to improve the online visibility of
touristic service providers from Innsbruck and its surroundings
is presented in [12]. A contribution in the field of
transportation applied to the city of London, UK is explored in
[13] and a novel framework to address accessibility
information barriers by establishing a linked data repository
for publishing, linking and consuming the open accessibility
data.

The community has already launched data portals that offer 
data from different fields, such as DBPedia1 and its SPARQL 
endpoints2 and WikiData3. DBpedia is a crowd-sourced 
community initiative to extract structured information from 
Wikipedia and make this information available on the Web. By 
combining the power grid data with the general geo-political 
and socio-economical data from such web and data hubs, 
certain indicators for a city or country could be calculated, that 
will simplify power grid quality evaluation and possibly 

1DBPedia, http://wiki.dbpedia.org/ 
2SPARQL endpoints, http://live.dbpedia.org/sparql and 

https://dbpedia.org/sparql 
3WikiData, https://www.wikidata.org/ 

Proceedings of the 8th Small Systems Simulation Symposium 2020, Niš, Serbia, 12th-14th February 2020

9

mailto:ljupco.kocarev@finki.ukim.mk
mailto:v@finki.ukim.mk
mailto:lkocarev@manu.edu.mk
mailto:v@manu.edu.mk
http://wiki.dbpedia.org/
http://live.dbpedia.org/sparql
http://www.wikidata.org/


enable ranking of the cities and countries by that indicators 
[14]. 

Authors in [15] address the energy performance of a house- 
hold and the ontology of a household micro-system, while 
taking into account the possibility of it being controlled via 
energy management systems (EMS). A step towards using 
ontologies to describe the knowledge, concepts, and 
relationships in the domain of solar irradiance forecasting is 
proposed in [16] with a goal to develop a shared 
understanding for diverse stakeholders that interact with the 
domain. A preliminary ontology on solar irradiance 
forecasting, SF-ONT, was created and validated on three use 
cases. The OEMA (Ontology for Energy Management 
Applications) ontology network is presented in [17]. This 
ontology is an attempt to unify existing heterogeneous 
ontologies that represent energy performance and contextual 
data. The paper describes the OEMA ontology network 
development process, which has included ontology reuse, 
ontology engineering and ontology integration activities. 
Scholars in [18] focus on power grid modelling based on 
open and publicly available data from OpenStreetMap using 
open source software tools. A complex systems representation 
as tightly integrating components in the physical space 
(sensors, actuators) is proposed in [19], with advanced 
software algorithms in the cyber-space, that were called 
Cyber-Physical Systems (CPS). A Key Performance Indicator 
(KPI)-based, linked data methodology is proposed in [20] to 
systematically support the identification and analysis of 
stakeholders, the extraction of key performance information 
and master data that underpin stakeholders’ goals. The 
research explored in [21] describes an open linked dataset 
containing data on energy efficiency improvements, i.e., 
recommendations and measures taken based on energy 
audits, from both Sweden and the US, i.e., from the Swedish 
Energy Agency and the US Department of Energys Industrial 
Assessment Centers (IAC), respectively. Authors in [22] 
provide a comprehensive overview of the state-of-the-art and 
related work for the theory, distribution, and use of the Smart 
Grid Architecture Model (SGAM), an approach that has been 
developed during the last couple of years, provides a very 
good and structured basis for the design, development, and 
validation of new solutions and technologies. The 
feasibility of a data integration approach that uses available 
ontologies and avoids ontology alignment is explored in [23]. 
The approach is based on the RDF representation of diverse 
datasets, the semantic description of these using available 
ontologies and the integration of these by matching literals 
between datasets, instead of establishing semantic links, is 
presented. A conceptual framework is developed and tested 
in the context of a simple but typical scenario where 
Building Information Modeling (BIM) has to be integrated 
with heterogeneous data sources in order to perform several 
analyses. 

An implementation of the Universal Smart Energy 
Framework (USEF) through a multiagent system and a novel 
semantic web ontology is presented in [24]. It aligns and 
enriches relevant existing standards. A collective platform for 
raising awareness on climate change is developed in [25].  

 
 
 
 
 
 
 

The platform collects data from smart plugs, and exports 
appliance consumption information and community generated 
energy tips as linked data, that enables users to view and 
compare the actual energy consumption of various appliances, 
and to share and discuss energy conservation tips in an open and 
social environment. 

Considering the existing problems in the power grid systems 
and encouraged by the achievements of schema.org in other 
fields, in this paper we extend schema.org to cover the field of 
power grid systems. We develop the power grid ontology 
(PGO), i.e. a data scheme for data annotation, based on the 
schema.org vocabulary. 

This is the outline of the paper. In Section II we explore the 
power grid ontology and explain the data entities and relations. 
The usage benefits, such as reports and queries, from a data 
repository based on the ontology are presented in Section III. 
Section IV concludes the paper and addresses the future work 
opportunities. 

II. POWER GRID ONTOLOGY 

The power grid ontology (PGO), shown in Fig. 1, 
introduces a data model for power distribution system’s data 
annotation. PGO is developed on the top of schema.org and 
reuses and inherits many entities and properties (marked 
with s: in Fig. 1). However, for the most specific domain 
requirements new entities and properties are introduced 
(marked with pgo: in Fig. 1). The core entity is Node that 
represents a node in the power network, such as generator, 
substation, pillar of a transmission line and a power meter. 
Generators could be renewable such as windturbine, solar, 
biomass, geothermal and hydroturbine and nonrenewable 
such as nuclear, coal, natural gas, crudeoil and petroleum. 

Every node has its geographical location, represented by 
GeoShape and GeoCoordinates, including longitude, latitude 
and optionally a postal address. In every node several 
measurements (such as voltage, current, frequency, active and 
reactive power) could be conducted periodically or contin- 
uously, defined by the dateCreated for the measurement 
record. In multi-phase systems, the measurements could be 
taken by different phase, represented by (Phase) in the 
ontology. 

Two nodes could be connected with a connection (Link) that 
is addition- ally described by length, operator, impedance, 
frequency, number of cables and number of wires. Every link 
could be a part of a Transmission Line, thus providing a more 
comprehensive big-picture of a whole geographical area or a 
city, towards a smart grid and a smart city. 

After a sufficiently large data set is annotated with the PGO, 
it could be used to generate (periodically and continuously) a 
set of reports, such as to find the most over-loaded node or 
transmission line or to find the nodes with a variable 
frequency or the most frequent voltage drops. Few other 
reports/queries could be as follows: 

• List the transmission lines with a voltage under certain 
level; 
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Fig. 1. Power grid ontology (PGO) provides a data model for power distribution system’s data (such as network topology and continuous and periodic 
measurements) annotation. 

 
• Fetch the critically overloaded transmission line; 
• Fetch the critically overloaded generator; 
• List nodes with the most frequent current changes; 
• Fetch the average load of the nodes on a street in a city 

and 
• List the nodes with the current under certain level. 
On the other hand, advanced end-user friendly tools could 

be provided, such as a power distribution system city map, by 
analogy with the maps in [14], representing all transmission 
lines and nodes and possibly alarming people for any stability 
issues periodically or in real time. These tools would be 
helpful for both the power delivery companies as well as the 
citizens, since they will provide a high-level power network 
map with all required parameters for the companies. That will 
allow them to make in-time decisions. Whereas, there will be a 
real time information for a possible overload for the citizens, 
so they will react by switching off some of the devices, at least 
to protect them, and it will result in a negative feedback 
behavior, that will return the the power system in a stable state. 
Few possible types of smart-phone notifications are listed in 
Fig. 2. 

The power grid data annotation using the PGO would be a 
strait forward process, since most of the node types already 
contain measurement units and even communication modules. 
For example, a small part of a street already contains tens of 

smart power meters, that could measure the required values 
and send them over network or Internet. All those nodes have 
their coordinates and belong to a transmission line, that is a 
concept and structure also provided in our ontology. 

A. Annotation tool 
To test the ontology, an annotation software tool4 was 

developed and released as an open source code. There we 
provide the basic ontology entities and relations and it could 
be used as a Java API to build any application logic on the top 
of our ontology. In the API there are PGO.java and 
DATAREPO.java that cover entities and relations as well as the 
URL pattern definitions and also Anotator.java that contains 
the annotation methods for the data set we work with, but 
could be also extended for any other dataset. 

III. REAL CASE SCENARIO 

Several power grid data sets have been published recently, 
such as SciGRID5 and GridKit6, that we have used in order to 
evaluate our concept and the ontology itself. The GridKit 
dataset explores the vertices and the links in Germany as 

4Software tool, https://bitbucket.org/zdrave/pgo/overview 
5SciGrid, http://scigrid.de/ 
6GridKit, https://github.com/bdw/GridKit 
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Fig. 2. Smart phone notifications. 
 
 

separate files. We have annotated them and merged them in a 
single RDF model using the entities and the relations of our 
ontology. Data such as the name, geo-coordinates, voltages and 
links length are provided in the data set, available through our 
SPARQL endpoint7. 

Different types of queries could be executed against that 
repository. One simple illustration, would be to get a list of 
power plants in Germany and draw them on a map, as shown 
in Fig. 3. Moreover, if the power plants’ data is available in 
real time, then appropriate status data could be also displayed, 
and notifications could be sent respectively. The details for 
the SPARQL query and results are shown in the appendix 
Section A in Listing 1 and Table VI. 

The top ten operators in Germany, sorted by the total length 
of all the power distribution system links that they own is 
shown in Table I and the SPARQL query is presented in 
Listing 2. 

 
 

7PGO SPARQL endpoint, http://hdlipcores.finki.ukim.mk/sparql 

TABLE I 
TOP 10 OPERATORS BY LINKS’ LENGTH. 

 
operator links length (m) 
RWE 2.44718e+06 
TenneT 2.12231e+06 
TenneT TSO GmbH 1.48374e+06 
50Hertz Transmission 682354.0 
50Hertz 671870.0 
Amprion 479220.0 
50Hertz Transmission GmbH 364219.0 
EnBW 318911.0 
TenneT TSO GmbH;E.ON Netz GmbH 215094.0 
EnBW;Amprion 202539.0 

 
 

More complex queries may result in a deeper statistic as 
well as real time data reports. One such example is the query 
that returns the critical links as shown in Fig. 4. A click on the 
specific link would result with a pop-up window showing 
important data for the selected link. At the moment, there is no 
measurements data available, thus the data shown in Fig. 4 is 
only a show-case example that should illustrate the behavior. 
The query details are listed in Listing 3. 

Furthermore, combining the power grid data with other 
existing data from DBPedia, could result in indicators and 
numbers such as power links length per square meter or 
number of generators and generated power per square meter or 
per capita. For example, the total power lines length in 
Germany is 10 100 km and the total population of 82 175 700 
would result in a new indicator of power links length per capita 
with a value of 0, 12290738 m. 

By combining our PGO repository (via our SPARQL end- 
point) and the DBPedia repository (via the DBPedia SPARQL 
endpoint8, as shown in Fig. 5) and introducing a more granular 
indicators, we could find the cities placed in radius of 20km 
(or any other distance) from a power plant and calculate the 
total population living around the power plants, as shown in 
Table II. The complete SPARQL query is presented in  
Listing 4. 

Using the data available for the substations on our SPARQL 
endpoint and the city population data from DBPedia’s 
SPARQL endpoint, we can introduce a new indicator as 
citizens per substation. The top ten cities with population over 
100 000 in Germany, ranked by population per substation are 
listed in Table III and the full SPARQL query is presented in 
Listing 5. On the other side of the ranking table, the flop 
(worst) ten cities ranked by this indicator are listed in  
Table IV. 

Another indicator could be the number of power operators 
per city. In this case, the PGO data for the power nodes’ 
operators has been used and combined with the geographical 
data (city position, population and area) from DBPedia. To 
improve the precision (compared to the queries in previous 
examples/indicators) in this indicator we did an approximation 
of the city with a circle, deriving the radius from the city area. 
The results are shown in Table V and the whole SPARQL 
query is presented in Listing 6. 

 
8DBPedia SPARQL endpoint, http://live.dbpedia.org/sparql 
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Fig. 3. Power Plants in Germany. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

5 

Fig. 4. Critical links in Germany. 

 
IV. CONCLUSIONS AND FUTURE WORK 

A data model for a power delivery system was presented 
with the power grid ontology (PGO), that covered the re- 
quired entities and connection properties for topology and 
measurements annotation in a power system. In order to proof 
the proposed model, several data queries and reports were 
presented, and few end-user tools were conceptually explored 

in order to emphasize the usability for power companies as well 
as citizens. Such a formal data model could simplify many 
previous power grid solutions related to the data and could 
significantly improve our previous work in the field of dynamic 
intelligent load balancing in power distribution networks [26] 
and reactive power compensation switch embedded in power 
meters [27] by semantic data annotation, that would allow 
semantic tools usage. 
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TABLE II 
CITIES AND POPULATION IN RADIUS OF 20 KM FROM A POWER PLANTS. 

 
Power Plant Distance (m) City Population 
Gemeinschaftskraftwerk Kiel 3021.53 Kiel 240832 
Koepchenwerk 5607.79 Hagen 191241 
Koepchenwerk 11579.8 Dortmund 575944 
Koepchenwerk 18027.1 Bochum 361876 
Kraftwerk Scholven 10144.6 Bottrop 117450 
Kraftwerk Scholven 11287.4 Gelsenkirchen 260900 
Kraftwerk Scholven 15564.4 Herne, North Rhine-Westphalia 166187 
Kraftwerk Scholven 15747.0 Oberhausen 214990 
Kraftwerk Scholven 16571.7 Essen 589075 
Kraftwerk Scholven 19545.8 Bochum 361876 
Statkraft Kraftwerk Knapsack II 11083.7 Cologne 1057327 

TOTAL 4137698 
 
 

TABLE IV 
FLOP TEN CITIES (WITH OVER 100 000 POPULATION) ORDERED BY 

POPULATION PER SUBSTATION. 
 
 
 
 
 
 
 
 

Fig. 5. Remote SPARQL endpoints. One part of the SPARQL query is 
executed on PGO repository and another part is forwarded to DBPedia. 
Afterwards, the data received from DBPedia is merged to the PGO data and 
additionally filtered before to be sent to the client. 

 

TABLE III 
TOP TEN CITIES (WITH OVER 100 000 POPULATION) ORDERED BY 

POPULATION PER SUBSTATION. 
 

City Population Substations Citizens/Substation 
Hamburg 1774242 3 591414 
Munich 1517868 7 216838 
Nuremberg 498876 3 166292 
Potsdam 161468 1 161468 
Oldenburg 160907 1 160907 
Mnster 300000 2 150000 
Chemnitz 243521 2 121760 
Jena 105192 1 105192 
Hanover 518386 5 103677 
Kassel 195530 2 97765 

 
 
 

REFERENCES 

[1] A. Ipakchi and F. Albuyeh, “Grid of the future,” IEEE Power and Energy 
Magazine, vol. 7, pp. 52–62, March 2009. 

[2] K. Zhou, C. Fu, and S. Yang, “Big data driven smart energy manage- 
ment: From big data to big insights,” Renewable and Sustainable Energy 
Reviews, vol. 56, pp. 215 – 225, 2016. 

[3] H. Long, L. Wang, Z. Zhang, Z. Song, and J. Xu, “Data-driven wind 
turbine power generation performance monitoring,” IEEE Transactions 
on Industrial Electronics, vol. 62, pp. 6627–6635, Oct 2015. 

[4] Y. Zhang, S. Shen, and J. L. Mathieu, “Data-driven optimization 
approaches for optimal power flow with uncertain reserves from load 
control,” in 2015 American Control Conference (ACC), pp. 3013–3018, 
July 2015. 

 
 
 
 
 

[5] I. Budinska, V. Oravec, and B. Frankovic, “Central ontology layer for 
power grid scheduling,” in 2006 IEEE International Conference on 
Mechatronics, pp. 267–271, July 2006. 

[6] Y. Huang and X. Zhou, “Knowledge model for electric power big data 
based on ontology and semantic web,” CSEE Journal of Power and 
Energy Systems, vol. 1, no. 1, pp. 19–27, 2015. 

[7] R. V. Guha, D. Brickley, and S. Macbeth, “Schema. org: Evolution of 
structured data on the web,” Communications of the ACM, vol. 59, no. 2, 
pp. 44–51, 2016. 

[8] M. Hepp, “The web of data for e-commerce: Schema. org and goodrela- 
tions for researchers and practitioners,” in International Conference on 
Web Engineering, pp. 723–727, Springer, 2015. 

[9] B. Tilahun, T. Kauppinen, C. Keßler, and F. Fritz, “Design and devel- 
opment of a linked open data-based health information representation 
and visualization system: potentials and preliminary evaluation.,” JMIR 
medical informatics, vol. 2, no. 2, pp. e31–e31, 2013. 

[10] M. Hennessy, C. Oentojo, and S. Ray, “A framework and ontology for 
mobile sensor platforms in home health management,” in Engineering 
of Mobile-Enabled Systems (MOBS), 2013 1st International Workshop 
on the, pp. 31–35, IEEE, 2013. 
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APPENDIX A 
SPARQL QUERIES AND REPORTS 

The following SPARQL queries could be directly executed 
at our PGO SPARQL endpoint9 and some of them, in the 
background, will also use data from DP Pedia10. 

 
 
 
 
 
 
 
 
 
 
 
 
 

Listing 2. SPARQL to show the top 10 operators by links’ length. 

 
Listing 1. SPARQL to list all power plants. 

 
 
 

TABLE VI 
RESULTS: LIST OF ALL POWER PLANTS. 

 
name lat/lng 
Gemeinschaftskraftwerk Kiel 10.1789348237874 

54.3388198256183 
Kernkraftwerk Grohnde 9.40954428358131 

52.0343295468096 
Koepchenwerk 7.45130176031297 

51.4130023629132 
Kavernenkraftwerk Sckingen 7.95921958358891 

47.5783600004331 
Solarpark 10.6123957294136 

48.0313556441031 
Kavernenkraftwerk Wehr 7.94281008665733 

47.6530214005328 
Kraftwerk Scholven 7.00616826157462 

51.5997745902162 
Gode Wind I 6.98646123119149 

54.0178365789963 
Grubengas-Heizkraftwerk 7.23233534324937 

49.3579040643531 
Pumpspeicherkraftwerk 
Hohenwarte II 

11.4747302318416 
50.6039905453239 

Statkraft Kraftwerk Knapsack II 6.84810730266128 
50.8617173194521 

 
 
 
 
 
 
 
 
 
 

9PGO SPARQL endpoint, http://hdlipcores.finki.ukim.mk/sparql 
10DB Pedia SPARQL endpoint, http://live.dbpedia.org/sparql 

 
Listing 3. SPARQL to show the critical links with high reactive power. 

 
PREFIX rdf: 
<http://www.w3.org/1999/02/22-rdf-syntax-ns#> 
PREFIX rdfs: 
<http://www.w3.org/2000/01/rdf-schema#> 
PREFIX pgo: 
<http://purl.org/net/hdlipcores/ontology/pgo#> 
PREFIX s: 
<http://schema.org/> 
 
SELECT DISTINCT 
(?link) ?link_name ?node1_lat ?node1_lng 
?node2_lat ?node2_lng ?length 
WHERE { 
?link rdf:type pgo:Link . 
?link s:name ?link_name . 
?link pgo:length ?length . 
?link pgo:voltage ’380000’ . 
?link pgo:operator ’RWE’ . 
?link s:hasPart ?node1 . 
?link s:hasPart ?node2 . 
?node1 s:geo ?gc1 . 
?gc1 s:latitude ?node1_lat . 
?gc1 s:longitude ?node1_lng . 
?node2 s:geo ?gc2 . 
?gc2 s:latitude ?node2_lat . 
?gc2 s:longitude ?node2_lng . 
?node1 pgo:hasMeasurements ?n1Measurements . 
?n1Measurements pgo:reactivePower ?reactivePower . 
FILTER 
( 
( 
xsd:float(?activePower) 
/ 
math:sqrt( 
xsd:float(?activePower)*xsd:float(?activePower) + 
xsd:float(?reactivePower)*xsd:float(?reactivePower) 
) 
) < 0.9 
) 
} 

 
PREFIX rdf: 
<http://www.w3.org/1999/02/22-rdf-syntax-ns#> 
PREFIX rdfs: 
<http://www.w3.org/2000/01/rdf-schema#> 
PREFIX pgo: 
<http://purl.org/net/hdlipcores/ontology/pgo#> 
PREFIX s: 
<http://schema.org/> 
 
SELECT ?name ?lat ?lng 
WHERE { 

?generator rdf:type pgo:Generator . 
?generator s:name ?name . 
?generator s:geo ?geoCoordinates . 
?geoCoordinates s:latitude ?lat . 
?geoCoordinates s:longitude ?lng 

} 

 
PREFIX rdf: 
<http://www.w3.org/1999/02/22-rdf-syntax-ns#> 
PREFIX rdfs: 
<http://www.w3.org/2000/01/rdf-schema#> 
PREFIX pgo: 
<http://purl.org/net/hdlipcores/ontology/pgo#> 
PREFIX s: 
<http://schema.org/> 
 
SELECT 
?operator 
SUM(xsd:float(?length)) AS ?total_links_length 
WHERE { 

?link rdf:type pgo:Link . 
?link s:name ?name . 
?link pgo:length ?length . 
?link pgo:operator ?operator 

} 
GROUP BY ?operator 
ORDER BY DESC(?total_links_length) 
LIMIT 10 
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PREFIX rdf: 
<http://www.w3.org/1999/02/22-rdf-syntax-ns#> 
PREFIX rdfs: 
<http://www.w3.org/2000/01/rdf-schema#> 
PREFIX pgo: 
<http://purl.org/net/hdlipcores/ontology/pgo#> 
PREFIX s: 
<http://schema.org/> 

PREFIX rdf: 
<http://www.w3.org/1999/02/22-rdf-syntax-ns#> 
PREFIX rdfs: 
<http://www.w3.org/2000/01/rdf-schema#> 
PREFIX pgo: 
<http://purl.org/net/hdlipcores/ontology/pgo#> 
PREFIX s: 
<http://schema.org/> 

 
#remote prefixes 
PREFIX dbo: 
<http://dbpedia.org/ontology/> 
PREFIX dbr: 
<http://dbpedia.org/resource/> 
PREFIX dbp: 
<http://dbpedia.org/property/> 
PREFIX geo: 
<http://www.w3.org/2003/01/geo/wgs84_pos#> 
PREFIX xsd: 
<http://www.w3.org/2001/XMLSchema#> 
PREFIX afn: 
<http://jena.apache.org/ARQ/function#> 

 
SELECT 
?genName 
MAX ( 
bif:acos(bif:sin(xsd:float(?lat) * 3.14159 / 180) * 
bif:sin(xsd:float(?genLat) * 3.14159 / 180)+ 
bif:cos(xsd:float(?lat) * 3.14159 / 180)* 
bif:cos(xsd:float(?genLat) * 3.14159 / 180)* 
bif:cos(xsd:float(?genLong) * 3.14159 / 180 - 
xsd:float(?long) * 3.14159 / 180))*6371000 
) as ?distance 
xsd:string(?cityName) as ?city 
MAX(?pop) as ?population 

 
WHERE { 

 
SERVICE <http://live.dbpedia.org/sparql> { 
# The remote part of the query 

?city rdf:type dbo:City; 
rdfs:label ?cityName; 
dbo:country ?country; 
dbo:country dbr:Germany; 
geo:lat ?lat; 
geo:long ?long; 
dbo:populationTotal ?pop . 
FILTER (lang(?cityName) = ’en’) 

# End of The remote part of the query 
}#End of Service 

 
SERVICE <http://localhost:8890/sparql> { 
# The remote part of the query 
?generator rdf:type pgo:Generator . 
?generator s:name ?genName . 
?generator s:geo ?geoCoordinates . 
?geoCoordinates s:latitude ?genLat . 
?geoCoordinates s:longitude ?genLong . 
# End of The remote part of the query 

}#End of Service 
 

FILTER( 
( 
bif:acos(bif:sin(xsd:float(?lat) * 3.14159 / 180)* 
bif:sin(xsd:float(?genLat) * 3.14159 / 180)+ 
bif:cos(xsd:float(?lat) * 3.14159 / 180)* 
bif:cos(xsd:float(?genLat) * 3.14159 / 180)* 
bif:cos(xsd:float(?genLong) * 3.14159 / 180 - 
xsd:float(?long) * 3.14159 / 180))*6371000 
) < 20000.0 
) . 

 
} 
group by ?genName ?cityName 
order by ?genName ?distance 

Listing 4. SPARQL to show the cities and population in radius of 20 km from 
a power plant. 

 
#remote prefixes 
PREFIX dbo: 
<http://dbpedia.org/ontology/> 
PREFIX dbr: 
<http://dbpedia.org/resource/> 
PREFIX dbp: 
<http://dbpedia.org/property/> 
PREFIX geo: 
<http://www.w3.org/2003/01/geo/wgs84_pos#> 
PREFIX xsd: 
<http://www.w3.org/2001/XMLSchema#> 
PREFIX afn: 
<http://jena.apache.org/ARQ/function#> 

 
SELECT 
xsd:string(?cityName) as ?city 
MAX(?pop) as ?population 
COUNT(?node) as ?sustations 
(MAX(?pop)/COUNT(?node)) as ?citizensPerSubstation 

 
WHERE { 

 
SERVICE <http://dbpedia.org/sparql> { 
# The remote part of the query 

?city rdf:type dbo:City; 
rdfs:label ?cityName; 
dbo:country ?country; 
dbo:country dbr:Germany; 
geo:lat ?lat; 
geo:long ?long; 
dbo:populationTotal ?pop . 
FILTER (lang(?cityName) = ’en’) 
FILTER (?pop > 100000) 

# End of The remote part of the query 
}#End of Service 

 
SERVICE <http://localhost:8890/sparql> { 
# The remote part of the query 
?node rdf:type pgo:Substation . 
#?node s:name ?nodeName . 
?node s:geo ?geoCoordinates . 
?geoCoordinates s:latitude ?genLat . 
?geoCoordinates s:longitude ?genLong . 
# End of The remote part of the query 

}#End of Service 
 

FILTER( 
( 
bif:acos(bif:sin(xsd:float(?lat) * 3.14159 / 180)* 
bif:sin(xsd:float(?genLat) * 3.14159 / 180)+ 
bif:cos(xsd:float(?lat) * 3.14159 / 180)* 
bif:cos(xsd:float(?genLat) * 3.14159 / 180)* 
bif:cos(xsd:float(?genLong) * 3.14159 / 180 - 
xsd:float(?long) * 3.14159 / 180))*6371000 
) < 20000.0 
) . 

 
} 
group by ?cityName 
order by DESC(MAX(?pop)/COUNT(?node)) 
LIMIT 10 

Listing 5. SPARQL to show the top ten cities (with over 100 000 population) 
ordered by population per substation. 
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PREFIX rdf: <http://www.w3.org/1999/02/22-rdf-syntax-ns#> 
PREFIX rdfs: <http://www.w3.org/2000/01/rdf-schema#> 
PREFIX pgo: <http://purl.org/net/hdlipcores/ontology/pgo#> 
PREFIX s: <http://schema.org/> 

 
#remote prefixes 
PREFIX dbo: <http://dbpedia.org/ontology/> 
PREFIX dbr: <http://dbpedia.org/resource/> 
PREFIX dbp: <http://dbpedia.org/property/> 
PREFIX geo: <http://www.w3.org/2003/01/geo/wgs84_pos#> 
PREFIX xsd: <http://www.w3.org/2001/XMLSchema#> 
PREFIX afn: <http://jena.apache.org/ARQ/function#> 

 
SELECT 
xsd:string(?cityName) as ?city 
MAX(?pop) as ?population 
(MAX(?areaTotal) / 1000000) as ?area 
MAX(bif:sqrt(?areaTotal / 3.14159 )) as ?radius 
COUNT(distinct ?operator) as ?operators 
(MAX(?pop)/COUNT(distinct ?operator)) as ?citizensPerOperator 
((MAX(?areaTotal) / 1000000)/COUNT(distinct ?operator)) as ?areaPerOperator 

 
WHERE { 

 
SERVICE <http://dbpedia.org/sparql> { 
# The remote part of the query 

?city rdf:type dbo:City; 
rdfs:label ?cityName; 
dbo:areaTotal ?areaTotal; 
dbo:country dbr:Germany; 
geo:lat ?lat; 
geo:long ?long; 
dbo:populationTotal ?pop . 
FILTER (lang(?cityName) = ’en’) 
FILTER (?pop > 100000) 

# End of The remote part of the query 
}#End of Service 

 
SERVICE <http://localhost:8890/sparql> { 
# The remote part of the query 

{ ?node rdf:type pgo:Pillar . 
?node pgo:operator ?operator . 
?node s:geo ?geoCoordinates . 
?geoCoordinates s:latitude ?genLat . 
?geoCoordinates s:longitude ?genLong . 

} 
UNION { 

?node rdf:type pgo:Substation . 
?node pgo:operator ?operator . 
?node s:geo ?geoCoordinates . 
?geoCoordinates s:latitude ?genLat . 
?geoCoordinates s:longitude ?genLong . 
} 

 
# End of The remote part of the query 

}#End of Service 
 
 

FILTER( 
( 
bif:acos(bif:sin(xsd:float(?lat) * 3.14159 / 180)* 
bif:sin(xsd:float(?genLat) * 3.14159 / 180)+ 
bif:cos(xsd:float(?lat) * 3.14159 / 180)* 
bif:cos(xsd:float(?genLat) * 3.14159 / 180)* 
bif:cos(xsd:float(?genLong) * 3.14159 / 180 - 
xsd:float(?long) * 3.14159 / 180))*6371000 
) < bif:sqrt(?areaTotal / 3.14159) #10000.0 #bif:sqrt(?area / 3.14 ) * 1000 # 
) . 

 
} 
group by ?cityName 
order by DESC(COUNT(distinct ?operator)) 
LIMIT 10 

Listing 6. SPARQL to show the Cities (with over 100 000 population) ordered by the number of power operators. 
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<rdf:RDF 
xmlns:rdf="http://www.w3.org/1999/02/22-rdf-syntax-ns#" 
xmlns:pgo="http://purl.org/net/hdlipcores/ontology/pgo#" 
xmlns:s="http://schema.org/" 
xmlns:datarepo="http://purl.org/net/hdlipcores/ontology/pgo/data#" 
xmlns:rdfs="http://www.w3.org/2000/01/rdf-schema#"> 

<pgo:Link rdf:about="http://purl.org/net/hdlipcores/ontology/pgo/data#link-175370"> 
<pgo:length>458.244020145921</pgo:length> 
<pgo:operator>RWE</pgo:operator> 
<s:name> 
380 kV Hessen Ost; Trebur Nord+ S d ;380kV Trebur S d ; 380 kV Trebur Nord;380 kV Hessen Ost 
</s:name> 
<pgo:voltage>380000;380000;380000;380000</pgo:voltage> 
<s:hasPart> 
<pgo:Pillar rdf:about="http://purl.org/net/hdlipcores/ontology/pgo/data#node-48536"> 
<s:geo> 
<s:GeoCoordinates rdf:about="http://purl.org/net/hdlipcores/ontology/pgo/data#node-48536-gs-gc"> 
<s:latitude>8.47704075248088</s:latitude> 
<s:longitude>50.0935645616639</s:longitude> 

</s:GeoCoordinates> 
</s:geo> 
<s:name>380 kV Hessen Ost; Trebur Nord| S d ; 110 kV Kriftel Nord;380 kV Hessen Ost; 
Trebur Nord+ S d ;110 kV Kriftel Nord+ S d 
</s:name> 
<pgo:operator>RWE</pgo:operator> 
<pgo:hasMeasurements> 
<pgo:Measurements 
rdf:about="http://purl.org/net/hdlipcores/ontology/pgo/data#node-48536-measurements"> 
<pgo:voltage>380000;110000;380000;110000</pgo:voltage> 
<pgo:frequency>50;50;50</pgo:frequency> 

</pgo:Measurements> 
</pgo:hasMeasurements> 

</pgo:Pillar> 
</s:hasPart> 
<s:hasPart> 
<pgo:Substation rdf:about="http://purl.org/net/hdlipcores/ontology/pgo/data#node-18221"> 

<s:geo> 
<s:GeoCoordinates 
rdf:about="http://purl.org/net/hdlipcores/ontology/pgo/data#node-18221-gs-gc"> 
<s:latitude>8.47130677635285</s:latitude> 
<s:longitude>50.0972089406338</s:longitude> 

</s:GeoCoordinates> 
</s:geo> 
<s:name>Umspannwerk Kriftel</s:name> 
<pgo:operator>Amprion</pgo:operator> 
<pgo:hasMeasurements> 
<pgo:Measurements 
rdf:about="http://purl.org/net/hdlipcores/ontology/pgo/data#node-18221-measurements"> 
<pgo:voltage>380000;110000</pgo:voltage> 
<pgo:frequency>50</pgo:frequency> 

</pgo:Measurements> 
</pgo:hasMeasurements> 

</pgo:Substation> 
</s:hasPart> 

</pgo:Link> 
</rdf:RDF> 

Listing 7. System generated RDF description. Using the ontology, we generate appropriate RDF code to describe the power system components. 
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Accelerated simulation of passive analogue VLSI
interconnect on GPUs

Tom J. Kazmierski and Gines Domenech-Asensi

Abstract—Analogue models of VLSI interconnect in complex
digital systems pose significant design challenges due to their size,
often exceeding thousands of discrete nodes, and their tightly coupled
structure. Such models need to be formulated and solved in the
analogue domain to ensure high accuracy of interconnect effects
such as signal delays and signal-to-signal interference. Currently
available design tools are inadequate for simulating such systems
due to prohibitive CPU times. This paper presents a technique which
takes an advantage of the passive nature of interconnect such that
simulations of large interconnect systems can be accelerated by about
an order of magnitude compared with equivalent SPICE simulations.
The acceleration is possible due to the use of explicit integration
of the interconnect state equations were a fast estimate of the
maximum allowed step-size is used to guarantee numerical stability.
We show that a parallel implementation of the proposed algorithm
is straightforward on GPU architectures and compare the results
with those obtained from both standard and GPU implementations of
SPICE. Several case studies are presented to illustrate the speed of
the proposed method and to show that a good match can be obtained
between the accuracy of standard SPICE-like simulations and the
proposed approach. The proposed method has already been tested in
RC interconnect simulations but here, for the first time, we present the
performance of our method when applied to RLC interconnect which
poses significant restrictions on the maximum allowed simulation
step-size necessary to maintain numerical stability,

Index Terms—Simulation acceleration, state-space technique,
many-core computer, GPU.

I. INTRODUCTION

Classical SPICE-like simulators used to analyse the be-

haviour of analogue circuits likerely on the modified nodal

analysis and use implicit integration techniques based on

the Newton-Raphson linearisation method to solve the circuit

analogue equations at each time step. These methods have

proven to be reliable and numerically stable, but on the other

hand, they lead to long CPU times, often hours or even

days and weeks for large circuits. These long simulation

times contribute to delays in the design cycle time. The main

reason for extensive computation times is due the necessity

to build and factorise the Jacobian matrix of the analogue

system multiple times at each time step. In contrast to implicit

integration methods, the computational workload of explicit

integration techniques is lighter. The main disadvantage of

explicit methods is the need to limit the step size to ensure

numerical stability. In a general case of a non-linear analogue

system, where equations are stiff due to the large disparity

T.J. Kazmierski is with the Department of Electronics and Computer Sci-
ence, University of Southampton, Southampton, SO17 1BJ, United Kingdom
e-mail: tjk@ecs.soton.ac.uk

G. Domenech-Asensi is with the Departmento de Electronica y Tec.
de Computadoras, Universidad Politecnica de Cartagena, Cartagena, 30201,
Spain e-mail: gines.domenech@upct.es

of time constants, the step-size limitation may be very severe

and in such cases implicit methods perform better. However,

in the case of VLSI interconnect, equations are not stiff and

what is more, interconnect is passive and usually linear which

simplifies the state equation formulation for explicit methods,

and makes estimates of the maximum allowed step-size easier

and therefore faster. Different works have proved that the use

of state-space equations combined with explicit integration

methods is a suitable technique to speed up transient simula-

tions of many types of analogue circuits [1] or mixed systems

[2]. However, given the increasing complexity of analogue

circuits and systems, new techniques are required to speed

transients simulations, besides the use of alternative integration

algorithms. Among these techniques, those based on exploiting

the parallelisation of analogue integration methods running on

parallel computer architectures are gaining more and more

attention in the recent years. The Compute Unified Device

Architecture (CUDA) [3] proposed by NVIDIA in 2006, is

a programming model that allows engineers to use a high

level programming language such as C to develop algorithms

for general purpose Graphics Processing Units (GPUs). This

has provided design engineers with software tools to use

relatively cheap parallel architecture computers which now can

perform fast simulations in different types of scientific and

engineering applications. Thus, in the last decade, there have

been many proposals to accelerate the simulation of analog

circuits using GPUs e.g. [4]–[7]. Some works have focused

on sparse matrix solvers [8] or LU factorization matrix solver

[9]–[11], which have achieved substantial speedups compared

with traditional parallel sparse solvers like PARDISO [12] or

KLU [13]. NVIDIA also released an official sparse matrix

solver, cuSolver [14], but the LU factorization in it is still

performed on the CPU rather than GPU.

A common characteristic of these works is that they are

focused on the traditional implicit integration methods used in

SPICE-like simulators like. Recently, an explicit integration

method parallelisable over a many-core processors has been

proposed [15]. This method combines space state equations

with a fixed-step explicit scheme based on the Adams-

Bashforth integration formula to speed up the simulation of

passive circuits of a complexity up to 1000 nodes.

In this paper we explore the method proposed in [15] further.

We improve our fast estimate of the maximum allowed step

size and we apply the technique to the RLC interconnect which

poses a harder challenge on the step-size requirements than the

RC interconnect considered in [15] . We show that in the case

of RLC interconnect our method is not only faster than the
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parallel CU-SPICE by up to one order of magnitude for large

systems but it is also significantly more accurate as it avoids

spurious numerical ringing which characterises the implicit

trapezoidal method used as the default integration scheme in

CU-SPICE.

II. STABILITY ANALYSIS

Let (1) be the general state equation of a nonlinear, passive

dynamic system:

ẋ(t) = f(xt, t);x(0) = x0 (1)

As interconnect models are usually linear, the state equation

at time point tk, k = 0, 1 . . . can be formulated as:

Ẋ(tk) = AkX(tk) + Eex (2)

where X the vector of N state variable wave-forms, ex a

vector of excitations and Ak and E are coefficient matrices,

where Ak is the Jacobian of the linearised model at the

time point tk. As the state equation 1 represents a passive

system, the eigenvalues of the Jacobian Ak are guaranteed to

have negative real parts, so explicit methods can be applied

easily to provide a fast integration process. The step-size

in explicit integration must be limited to ensure stability

besides controlling the accuracy of the numerical solution. The

computation of the maximum allowed step-size requires the

computation of the spectral radius of ||A||, a process for which

time-consuming operations such as matrix multiplications and

eigenvalue calculations are performed. In this work we take

advantage of a recently developed fast method to calculate

approximate step-size bounds for stability [2]. Although step

sizes obtained using such approximate techniques are expected

to be smaller than the maximum allowed step sizes calculated

from the exact values of the Jacobians eigenvalues, the advan-

tage of using approximate estimates is speed.

The stability of fixed-step Adams-Bashforth methods is

defined by the well known stability plots shown in figure 1,

where the values of maximum λh which guarantee stability

are plotted in the complex plane. So, while for a first order

method the maximum acceptable absolute value of λh is 2,

for a fourth order method it is decreased to only 0.3. Thus,

although higher order methods are more accurate than lower

order ones, they are also more unstable.

Stability becomes harder to achieve when variable-step

integration is used. Figure 2 shows a finite-difference grid

for a q-order Adams-Bashforth method, where tk is the

current time point, tk+1 is the next time point, Pq(t) is the

interpolation polynomial of order q, and Δx is the unknown

in the integration problem.

Let hi = ti+1−ti be the time step between two consecutive

time points ti and ti+1. In a fixed-step integration method,

all the hi values are equal and invariable in time. However,

in a variable-step method, the values of hi are different, and

change with time. The expressions for the general variable-step

method can be obtained by integrating the divided difference

polynomial approximation between the current variable value

xk ≡ x(tk) and the predicted one xk+1 ≡ x(tk+1).

Fig. 1. Stability regions for Adams-Bashforth methods of order 1 to 4.

Fig. 2. Finite difference grid for the qth-order Adams-Bashforth method.

Δx =

∫ xk+1

xk

dy =

∫ tk+1

tk

[Pq(t)]kdt ⇒

⇒ xk+1 − xk =

∫ tk+1

tk

(
f0 + (x− xk)f

(1)
k + ...

...+ (x− xk)...(x− xk−p)f
(q)
k

)
dt+O

(3)

where f
(q)
k is the qth divided difference of function f at tk [18]

and O is the truncation error. Taking as example the second

order method, the state variable at time tk+1 is computed as:

xk+1 − xk = fkh0

(
1 +

h0

2h1

)
− fk−1h0

(
h0

2h1

)
(4)

being fk = f
(0)
k . For the third order method, the following

term is added to (4):(
t3k+1 − t3k

3
− (tk + tk−1)

t2k+1 − t2k
2

+tktk−1(tk+1 − tk)

)
f
(2)
k

(5)

Figure 3 shows the stability plots for equations (4) and (5)

integrated with different step-size expansion ratios from 1 to

2. The plots show how the variation of the step-size expansion

ratio r = hi+1/hi affects the stability for both the second and
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Fig. 3. Stability regions for the second and third order AB methods.

TABLE I
MAXIMUM REAL NEGATIVE VALUE OF THE STABILITY PLOTS

r 1 1.2 1.4 1.6 1.8 2

Lr(h0) -1 -0.952 -0.909 -0.869 -0.833 -0.8

Lr(h1) -1 -0.794 -0.649 -0.544 -0.463 -0.4

the third order AB methods. The values of the integration step

hi which guarantee stability decrease as the ratio is increased,

being clearly smaller for the third order method. Moreover the

stability is more sensitive to the integration step-sizes further

from the reference point tk + 1 than to h0. So, in order to be

able to manage larger values of hi, in this work the second

order variable step integration method has been used. Table

I shows the intersection (Lr) of the stability plots with the

negative real axis for different values of r for the second order

method.

III. FAST APPROXIMATION OF MAXIMUM STEP-SIZE FOR

NUMERICAL STABILITY

Given a set of linear ordinary differential equations (ODEs)

Ẋ(tk) = AkX(tk) (6)

where A is negative definite and diagonally dominant, the

integration method is numerically stable if the integration step

size h is

h ≤ 1

max
r=1,...,N

(βmax|ar,r|) (7)

where ar,r the diagonal element in row r of A and βmax =
max(|β0|, . . . , |βp|) the modulus of the maximum coefficient

of the pth-order AdamsBashforth formula.

This technique was proposed recently [2] for fast numer-

ical integration of state equations representing many passive

systems. In such systems, the proposed fast estimate of the

step-size h guarantees stability, but there is a trade off. Step

sizes obtained from eq. (7) are expected to be smaller than the

Fig. 4. Transmission line modeled as finite RLC segments.

maximum allowed step sizes that would be obtained from the

exact calculation of the Jacobians eigenvalues.

In the case the Jacobian A is not negative definite but

is symmetric, then max
i=1,...,N

λi = ||A|| and according to the

Gershgorin theorem the values of the eigenvalues are bounded

to λ ≤ ai,i +
∑N

j=1 |ai,j | for i �= j [2]. Given that all the

Jacobian entries are real numbers, we finally obtain that [20]:

h ≤ Lr∑N
j=1 ai,j

(8)

where Lr is the intersection of the stability plot for a given

step-ratio r with the negative semi-axis of the complex plane.

IV. INTERCONNECT WITH INDUCTANCE

Figure 4 shows an interconnect modelled as a series of finite

RLC segments. Given that the currents through the inductors

are state variables, the total number of state variables in an

interconnect track is twice the number required for an RC

interconnect model.

So, the matrix formulation of the transmission line is given

by:

d

dt

⎛
⎜⎜⎜⎜⎜⎜⎜⎝

i1
v1
i2
v2
...

vn

⎞
⎟⎟⎟⎟⎟⎟⎟⎠

= R

⎛
⎜⎜⎜⎜⎜⎜⎜⎝

i1
v1
i2
v2
...

vn

⎞
⎟⎟⎟⎟⎟⎟⎟⎠

+

⎛
⎜⎜⎜⎝

1
L1

0
...

0

⎞
⎟⎟⎟⎠ vi (9)

where the matrix R is:

R =

⎛
⎜⎜⎜⎜⎜⎜⎜⎜⎝

−R1

L1

−1
L1

0 0 0 0 . . . 0
1
C1

−1
C1G1

−1
C2

0 0 0 . . . 0

0 1
L2

−R2

L2

−1
L2

0 0 . . . 0

0 0 1
C1

−1
C2G2

−1
C2

0 . . . 0
...

...

0 0 0 0 . . . 0 1
Cn

−1
CnGn

⎞
⎟⎟⎟⎟⎟⎟⎟⎟⎠

(10)

We have performed a number of simulation tests for RLC

tracks of different lengths using the proposed method and

CU-SPICE, the CUDA version of SPICE [19], using the

following component values per discrete section: C = 1fF ,

L = 100pH , R = 10Ω, G = 400Ω−1. The excitation was a

1V step and the responses in the first RLC segment are shown

in figures 5 and 6 for CU-SPICE and our method respectively.
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Fig. 5. SPICE simulation results for the RLC interconnect line in fig 4.

Fig. 6. Simulation results using the proposed technique for the RLC
interconnect line in figure 4.

The step-size in the explicit integration was 10−13sec and CU-

SPICE simulations were performed using two different step-

size limits: 10−10sec and 10−11sec. The spurious numerical

ringing is evident in the CU-SPICE results and is absent,

after the initial transient process, from the results obtained

by the proposed method. In table II we show the CPU times

for both methods, the proposed method with the step size

of 10−13 sec and CU-SPICE with the step-size of 10−11.

CU-SPICE, despite using a step size larger by two orders of

magnitude than that of our method, is significantly slower with

the proposed method reaching a speed up of almost an order

of magnitude for 10,000 RLC segments.

V. CONCLUSION

This paper shows promising results obtained when solving

equations of large VLSI interconnect by means of explicit

integration and state equations. The inclusion of analogue

TABLE II
GPU SIMULATION TIME FOR PROPOSED EXPLICIT METHOD AND CUSPICE

Segments Explicit (s) Implicit (s) Speedup

CUspice

100 80.294 40.537 0.504

200 85.387 48.562 0.568

500 98.019 64.159 0.654

1000 96.768 101.833 1.052

2000 100.729 196.108 1.946

5000 100.522 619.070 6.158

10000 123.041 1068.640 8.685

interconnect models in digital VLSI simulations is increasingly

important as clock frequencies reach 10 GHz and more.

At such speeds the analogue transients which occur in the

interconnect cannot be ignored. As interconnect may constitute

a large part of an analogue or a mixed-signal VLSI system,

the presented method, which accelerates simulations on GPUs

can be a useful approach in the development of modern VLSI

design tools. For the first time, we present here results of

applying the proposed method to interconnect with inductance.

These results are preliminary, as this is still work in progress.

The presented results are merely meant to illustrate the poten-

tial of explicit integration in the solution of vast numbers of

equations representing VLSI interconnect.
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Radiation impact modelling method for gate level 
design verification 

Artur Petrosyan

Abstract – A radiation impact modelling method is presented 
in this paper. The method is aimed to be used in gate level design 
verification. A software tool was designed based on the method to 
configure the radiation impact parameters and automatically inject 
the radiation-induced single event upset and single event transient 
effects in the synthesized gate-level netlist. The work aims to 
provide a new method to speed up the design process of radiation-
hardened digital integrated circuits. Experimental results of the 
proposed method show accuracy loss about 3-4% and simulation 
speed-up by 2-3 times compared to existing methods. The 
proposed method effectively verifies the design resistance to 
radiation impact. 

Keywords - Single event upset (SEU), Single event transient 
(SET), Radiation impact (RI), Synthesis, Radiation modelling. 

I. INTRODUCTION

Radiation impact (RI) on integrated circuits (IC) forms 
effects such as single event transient (SET) and single 
event upset (SEU) which lead to failures (soft errors) in the 
combinational and sequential parts of ICs. It is known that 
there are three general masking factors (logical, electrical 
and timing) which may filter out the influence of the SET 
or SEU effect [1]. The influence is logically masked 
(filtered) when one of the inputs of the logic gate is the 
dominant, the influence is electrically masked when the RI 
does not form enough energy to assert a SET or SEU, and 
the RI is timing masked if the SET occurs when there is no 
latching window for the memory elements [2]. However, 
these masking factors do not grant that the IC will work 
without failures.  

Testing and verification of the ICs with consideration of 
discussed effects is becoming more important as the safety 
requirements for ICs used in automotive systems and other 
spheres are getting higher [3], [4], [5].  

Different RI models have been proposed so far. The 
methods proposed in [6] uses device-level simulations to 
analyse the RI. As an alternative to the device level 
simulations, the method proposed in [7] uses a double 
exponential current pulse in circuit-level simulators for 
modelling the RI. However, these modelling techniques of 
RI have poor performance when they are applied to large 
designs. The technique proposed in [8] partly solves the 
performance of RI modelling in large designs. This method 
uses Verilog gate level models to modify the entire logic 
cell library to characterize the Multiple-Event-Transient 
(MET) in gate level simulation. The main disadvantages of 

the method are time-consumption and inefficient insertion 
of MET effects in all the cells in the library, as, the 
probability of RI occurrence on all the cells in design is 
low [9]. Another disadvantage of this method is that it 
considers simulations of only SET effects. 

Thus, new methods are needed in gate level simulations 
to speed-up the RI simulations and model not only the 
SETs but also the SEUs.  

II. SET AND SEU GATE LEVEL MODELS

The SET and SEU radiation effects are random in 
nature therefore these effects occur at unpredictable 
moments on random locations [4]. Two Verilog models are 
suggested for gate level simulation. The models consider 
the randomness of the effects. 

A. SET model

The model (Fig. 1) contains a random pulse generator, a
random number generator, logic to randomly select a cell, 
and an XOR gate.  

The random pulse generator is used for generating N 
number of pulses during a period to make the occurrence of 
SET random. The other random number generator is used 
to make the pulse widths of the SET random. To apply the 
generated pulse (SET effect), a cell is selected from the 
gate level netlist. The output of the cell and the pulse signal 
are connected to the XOR gate. If the SETs propagate 
through combinational circuits with influence of masking 
factors no failures will be detected. 

Random pulse (SET) 
generator

Random pulse width 
(SET duration) 

generator

Randomly selected cells 
output from the modules

Irradiated 
Output 
(SET) 

Fig. 1.  Block diagram of the SET model 

B. SEU model

To make verification process more controllable and
make sure that masking factors don’t affect error injection 
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process, a model is suggested to test only sequential 
circuits by inserting SEU directly on the outputs of 
elements. The Verilog model (Fig. 2) uses an inverter to 
flip the state of sequential element. The inverter is 
connected to the output “Q” port. 

 

Q

Q

D
Data

Clock _

Irradiated 
Output
(SEU)  

 
 

Fig. 2.  Block diagram of the SEU model 
 
III. THE PROPOSED METHOD FOR RADIATION 

MODELLING IN GATE LEVEL SIMULATION 
 
A general overview of the proposed method is shown in 

the flowchart (Fig. 3), where the first step is the logic 
synthesis of the RTL design. After this step, the gate-level 
(synthesized) netlist is generated. The generated netlist is 
then simulated to save the waveforms as golden results for 
further comparison and estimation of the RI. 

The next step is finding the module and cell instances 
by passing through the gate-level netlist. The information 
such as module and cell instances are saved in vectors. For 
example, module instances are saved in modules vector Eq. 
(1) and the cell instances are stored in cells vector Eq. (2). 

 
),..,,( 21 immmM =           (1) 

),..,,( 21 icccC =            (2) 
 
 where i is the number of the cell or module instances in 

the given netlist. 
In gate-level netlists, the module instances contain cells. 

Thus, the cell vectors are related to the modules. Each 
module instance vector consists of cell instances vector 
Eqs. (3), (4) and (5).  

 
),..,,( 2111 icccCm =           (3)         

),..,,( 2122 icccCm =           (4)         

),..,,( 21 inn cccCm =           (5) 
 

where n - is the amount of the logic cells in each 
module instance. 

The fourth step is calculating the probability of RI 
occurrence in a design. This allows modelling the 
unpredictable RI behaviour (discussed in previous section) 
and to avoid applying the RI effects on all the cells in the 
design.  

The probability is calculated using exponential density 

function Eq. (6) [10], [11] for each module in module 
instances vector and for each cell in cell instances vector.  

τ

τ
t

etp −
=

1)(      τ
tt

edttptF −
−== ∫ 1)()(

0

  (6) 

where t – is the SEU or SET assertion period τ – is the 
time after the assertion of the effects. 

 
RTL 

Behavioral 
Description

Logic Synthesis

Randomly select the 
cells to radiate

Find module and 
cell instances

Calculate the 
probability of 

radiation occurrence

If probability 
condition is 

satisfied

Generate SET or SEU 
on selected cells in 

netlist

Gate Level Simulation

SET and SEU Detector:
The generated errors 

are detected

yesno

Gate Level 
Simulation

Save Golden 
results

Save Radiation 
simulated results

Compare golden and 
radiation results

 
 

Fig. 3.  General overview of the radiation effect (SET, SEU) 
modelling method 

 
The fifth step is the generation of the SET or SEU 

effects on module and cell instances vectors.  
From the module instance lists the highest RI 

probability elements are randomly selected. Then based on 
the type of the instances (combinational or sequential) the 
SET or SEU (Figs. 1 and 2) models are applied. In order to 
apply the effects, the selected cell is replaced in the gate 
level netlist with a modified (radiation effect injected) 
model. 

Next, the gate level simulation of the modified netlist is 
performed to save the radiation simulated waveforms. 
During the simulation, the detected errors are extracted 
using SET and SEU error extractor (Fig. 4).  

The error detection and extraction are developed for 
further error analysis. It is implemented by a separately 

Proceedings of the 8th Small Systems Simulation Symposium 2020, Niš, Serbia, 12th-14th February 2020

28



generated Verilog module for the gate-level netlist. This 
module counts errors on each SET or SEU occurrence. It 
also detects the time/moment of each error and extracts its 
value to help to debug and analyse the results (Table I).  

 
SET and SEU Extractor:
The generated errors 

are detected and 
extracted

Input:
 SET and SEU generated 

errors

Output: 
1. The count of the errors 

asserted.
2. The time/moment of each error  

 
Fig. 4.  Block diagram of radiation effect (SET or SEU) extractor 

 
Result analyses are performed by comparing the saved 

golden simulation waveforms of the gate-level netlist 
without taking into account RI and the simulation 
waveforms with consideration of RI on the generated 
netlist.  

 
IV. EXPERIMENTAL RESULTS 

 
The proposed method was implemented as a software 

tool in the digital design flow. The tool automates the 
proposed method (Fig. 3) and allows configuration of the 
RI parameters. A number of ISCAS89 benchmark circuits 
[12] were implemented in Verilog and tested using VCS 
environment [13] to determine the error rates and perform 
design modification to protect it against RI.  

To generate the gate-level netlist synthesis of the s27 
benchmark circuits was done using Synopsys Design 
Compiler [14] in SAED32nm technology [15].  

The VCS simulation waveform results of synthesized 
netlist are saved as golden results (Fig. 5).  

 

 
 

Fig. 5.  VCS simulation results of ISCAS89 S27 benchmark 
circuit without RI as golden results 

 
The synthesized netlist is then used to apply 

modification to inject SET or SEU using the RI models 
(Figs. 1 and 2) and the proposed method (Fig. 3). The 
VCS simulation waveform with RI models is saved (Fig. 
6) and errors are extracted (Table I) using the SET (or 
SET and SEU) error extractor module.  

The highlighted signals in Fig. 6 indicate the error 

which occurred on the output of s27 benchmark circuit 
with clock capturing edge.  

 

 
 

Fig. 6.  VCS simulation results of ISCAS89 S27 benchmark 
circuit with RI 

 
TABLE I 

DETECTED ERRORS FOR ISCAS89 S27 BENCHMARK CIRCUIT 
Cell 
Type 

RI Type RI Period(ps) Total RI 
error count 

Total RI 
reached 
output 

NAND SET 9958-10434 
14 2 NOR SET 9958-10434 

DFF SEU 10862-11386 

 
The result analysis by comparing the golden and 

modified gate-level netlist waveforms is performed using 
Synopsys Verdi tool [16]. This tool shows all the 
differences between the golden and irradiated simulations 
and allows to debug the design. 

A waveform comparison result (Fig. 7) of the ISCAS89 
s27 benchmark circuit is done. Signals from the golden 
waveform are compared to the corresponding signal in the 
irradiated waveform. The DFF state change is detected on 
the clock falling edge when the RI occurred. Without the 
RI the DFF stores logic ‘1’. However, instead of the logic 
‘1’ a logic ‘0’ appears at the output of the DFF cell.  Which 
results in SET propagation through the entire design to its 
output.  

 

 
 

Fig. 7. The comparison results of S27 benchmark circuit with RI 
and without RI 

 
To verify the proposed method several benchmark 

circuits from ISCAS89 series were simulated. The same 
benchmarking circuits are tested with HSPICE simulator 
[17] and the MET simulation method proposed in [8]. The 
simulation results show that the accuracy of the proposed 

SET and SEU 
asserted at clock 
capturing edge 

S27 circuit output signal 
with RI 

DFF state changed 
from 1 to 0 

DFF output signal with RI 
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method is 3-4% less compared to the HSPICE simulations 
due to electrical masking factors but it is similar compared 
to MET simulation method. 

From the other hand, the results of CPU runtime (Table 
III) show that simulation time of the circuits is about 2-3 
times faster using the proposed methodology. 

 
TABLE II 

COMPARISON RESULTS OF THE PROPOSED METHOD ACCURACY FOR 
THE ISCAS89 BENCHMARK CIRCUITS COMPARED TO EXISTING 

METHODS 

ISCAS89 
circuits 

Total 
RI 

error 
count 

Total RI reached output 
HSPICE 

[17] 
MET 

simulation 
method [8] 

Proposed 
method 

s27 14 3 2 2 
s298 28 14 13 12 
s344 132 54 50 52 
s953 675 86 76 82 

 
TABLE III 

SIMULATION RUNTIME COMPARISON RESULTS FOR THE ISCAS89 
BENCHMARK CIRCUITS 

ISCAS8
9 circuits 

Total RI 
error 
count 

HSPICE 
[17] 

CPU(Se
c) 

MET 
simulation 
method [8] 
CPU (Sec) 

Proposed 
method 

CPU (Sec) 

s27 14 22,8 7,35 4,15 
s298 28 28,4 15,23 6,4 
s344 132 52,36 28,9 10,45 

s953 675 73,22 35,7 15,35 

 
V. CONCLUSION 

 
The radiation impact modelling and simulation method 

in gate level design verification is presented. The method 
was automated as a software tool and tested using the 
ISCAS89 benchmark circuits. The experimental results 
show that the runtime of the simulations of digital circuits 
considering radiation impact is reduced about 2-3 times 
while the accuracy loss is about 3-4%. The results prove 
that the proposed method can be integrated into the digital 
circuit design process for gate level design verification. 
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Game-based Teaching Approach of Accuracy and 
Precision 

Zivko Kokolanski,  
Mare Srbinovska, and Vladimir Dimcev 

Abstract – Accuracy and precision are one of the bacis static 
characteristics of any instrument or sensor system. However, this 
terms are often interchangeable used and not well understood by 
the students, regardsles of their different meaning. This paper 
aims to fill this gap by proposing a game-based approach to teach 
students the nature of accuracy and precision. The game is 
realized in LabVIEW environment and supports two gaming 
scenarios: simulated controls, and realistic controls. The game 
idea and implementation is described and experimental results are 
given. It has ben shown that the teaching process and the quality 
of learning can be improved by involving such interesting and 
intuitive software and hardware tools. 

Keywords – Accuracy, precision, game-based learning, virtual 
instrument 

I. INTRODUCTION

Accuracy and precision are the two important factors 
when taking measurement data. Both accuracy and 
precision refer to how close a measurement is to an actual 
value, but accuracy means how close a measurement is to a 
known or accepted value, while precision denotes how 
reproducible measurements are, even if they are far from 
the accepted value.  

The meaning of accuracy and precision can be defined 
in terms of hitting a bull's-eye. Accurately hitting the target 
means close to the center of the target, even if all the marks 
are on different sides of the center.  

Fig. 1. Examples of accuracy and precision 

Precisely hitting a target means all the hits are closely 
spaced, even if they are very far from the center of the 
target. Measurements that are both precise and accurate are 
repeatable and very near true values. The examples on Fig. 
1 show four possible combinations of accuracy and 
precision. The target at the upper lefrt figure shows both 
accuracy and precision as the shots are clustered together 
(they are precise) in the target’s center-most ring (they are 
accurate). The next example (right) shows results that are 
precise, but inaccurate because they are at the target’s outer 
edge instead of its center. The third example is considered 
accurate because the four shots cluster around the target’s 
center, but they are not precise because the individual shots 
are quite far apart from each other. The final example 
shows a dispersion of shots that is both inaccurate and 
imprecise. Note that the average for a set of measurements 
may be accurate even if the individual measurements 
deviate significantly from the desired or  theoretical value. 

In measurent technique the accuracy is the ability of the 
instrument to measure accurate value. Or according to the 
International Organization for Standardization (ISO) 
definition [1], accuracy is a level of measurement that 
yields true (no systemic errors) and consistent (no random 
errors) results. 

The term precision means two or more values of the 
measurement are closed to each other. The value of 
precision differs because of the observational error. The 
precision is used for finding the consistency or 
reproducibility of the measurement. The conformity and 
the number of significant figures are the characteristics of 
the precision. 

Game-based learning [5-7] aims at students to learn 
about a certain subject or to acquire certain skills by means 
of playing. This teaching approach must fulfill both 
recreational and didactic goals in order to succeed. This 
paper proposes a game-based learning approach intended to 
teach students the difference and the meaning of accuracy 
and precision. 

II. ACCURACY VS PRECISION

There are two common definitions of accuracy. The 
more common definition is that accuracy is a level of 
measurement with no inherent limitation (ie. free of 
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systemic error, another form of observational error).  
In science, engineering and math, accuracy refers to 

how close a measurement is to the true value [2]. 
The precision of a measurement system, related to 

reproducibility and repeatability, is the degree to which 
repeated measurements under unchanged conditions show 
the same results [2, 3]. 

The ISO standard applies a more rigid definition, where 
accuracy refers to a measurement with both true and 
consistent results.  

A measurement system can be accurate but not precise, 
precise but not accurate, neither, or both. For example, if an 
experiment contains a systematic error, then increasing the 
sample size generally increases precision but does not 
improve accuracy. The result would be a consistent yet 
inaccurate string of results from the flawed experiment. 
Eliminating the systematic error improves accuracy but 
does not change precision. A measurement system is 
considered valid if it is both accurate and precise. 

In addition to accuracy and precision, measurements 
may also have a measurement resolution, which is the 
smallest change in the underlying physical quantity that 
produces a response in the measurement. In numerical 
analysis, accuracy is also the nearness of a calculation to 
the true value; while precision is the resolution of the 
representation, typically defined by the number of decimal 
or binary digits. 

 
Fig. 2.  Accuracy is the proximity of measurement results to the 

true value, precision, the repatibility or reproducibility of the 
measurement [4] 

 
According to ISO 5725-1 [1] the general term 

"accuracy" is used to describe the closeness of a 
measurement to the true value and precision to repeatability 
or reproducibility of the measurement, as it is shown in Fig. 
2. 

When the term is applied to sets of measurements of the 
same measurand, it involves a component of random error 
and a component of systematic error. In this case trueness 
is the closeness of the mean of a set of measurement results 
to the actual (true) value and precision is the closeness of 
agreement among a set of results.  
 
III. GAME IDEA AND REALIZATION 
 

The game idea is bazed on the concept explained in 
Fig.1, i.e playing a shooting game where the player’s 

performance metrics are described through accuracy and 
precision. The main goal is to provide a competitive 
scenario for the students where they can be ranked 
regarding the geometrical distance from the center of the 
board (accuracy) and regarding the dispersion of their 
results (precision). The game is realized in Laboratory 
Virtual Instrumentation Engineering Workbench 
(LabVIEW) platform. The front panel and the block-
diagram of the virtual instrument are given in Fig.3 and 
Fig.4 respectively. 

When playing the game, the player should try to shoot 
as close as possible, and as consistent as possible to the 
center of the board. The game realization is obtained by a 
red laser spot that can be moved with certain controls. The 
game supports two modes of playing: simulated or realistic 
controls. In the first mode, the controls for  horizontal and 
vertical deflection of the laser spot are simulated in 
LabVIEW, whereas in the second mode the player uses a 
joystick to move the laser spot. The firing is realized 
through simulated or realistic digital switch in the 
simulated or realistic game mode respectively. In the 
“realistic” mode, the virtual instrument uses a Data 
Acquisition (DAQ) card to read the joystick and the digital 
switch status. 

At the beginning of the game, the player must select the 
game mode (simulated or DAQ) and enter it’s personal 
name. Moreover, the user adjusts the number of tries (shots) 
and the amount of noise (difficulty). Afterwards, the game 
starts by pressing the digital control “Start”. The user now 
has a predified number of shots to finish the game. However, 
each time the player shoots, the amount of noise to the laser 
spot is automatically increased. Therefore, as the shooting 
progresses, the game becomes more difficult to play. When 
the predefined number of shots has been reached, the virtual 
instrument automatically calculates the standard deviation 
and the geometric mean. The standard deviation is then used 
as a diameter of a circle which is drawn around the 
geometrical center of the shots. At the end, the results for the 
particular player are presented numerically (in a table) and 
graphically by exporting the target screenshot in Microsoft 
Word format. The game continues by entering the personal 
details of the second player and repeating the described 
procedure all over again.  

In order the game to fulfill the didactic goals, it is 
essential to have more players. The more players are 
involved, the probability to have more diverse results 
increases. As the number of results increase, one will 
eventually obtain samples where the better/worse player 
accuracy or precision is obvious. 

The virtual instrument is realized by using a state-
machine programming architecture. The program can be in 
one of the following five states: initialize, start, play, end 
and presentation. In the initialize state, the virtual 
instrument performs reinitializations of all controls and 
indicators to their default values and immediately enters the 
start state. Now the program wait for player scenario 
selection. 
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Fig. 3.  Front panel of the virtual instrument used for implementing a game-based scenario for accuracy vs precision 

 

 
Fig. 4.  Block diagram of the virtual instrument  (End state)

The user must define the following parameters: game 
mode (simulation or DAQ), number of tries, noise 
amplitude and enter personal name. When all data has 
being defined, the program enters the “Play” state by 
pressing the Start button. Now the virtual instrument 
initializes the DAQ card channels (in case of DAQ 
mode) and continually reads the horizontal and vertical 
controls. In the meantime, the program stores and counts 
each player shot until the predefined number of tries has 
being reached. Then, the program enters the End state 
given in Fig. 4. In the end state, the program calculates  
the mean and the standard deviation of the shots and 

plots all results on the target. Besides each particular 
shot, the program draws circle whose center is defined 
by the geometrical mean of the samples, whereas the 
diameter is defined by the samples standard deviation. 
The results are simultaneously represented graphically 
and numerically. Moreover, the target is automatically 
exported in Word format in the presentataion state. 
Finally, the program is restarted to the initialize state and 
all steps are repeated with the next player. Each player 
can stop the program at any time by pressing the Stop 
button. 
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Fig. 5.  Experimental results a) Good accuracy and precision, b) Good accuracy bad precision, c) Good precision bad accuracy, d) Bad 

accuracy and bad precision
IV. EXPERIMENTAL RESULTS AND DISCUSSION 

The game-based approach proposed in this paper was 
implemented in the regular teaching activities of the 
course Electrical Measurements at the Faculty of 
Electrical Engineering and Information Technologies in 
Skopje. Ten students took part in the game experiment 
and interpretation of the results. Four of the results, 
given in Fig.5, that best explain the accuracy and 
precision concept were selected. The Table I 
summarizes the calculated standard deviation and 
absolute error of the selected games. The higher is the 
absolute error, the worse the accuracy is. Similarly, 
higher standard deviation suggests worsen precision. 

 
TABLE I 

EXPERIMENTAL RESULTS REGARDING ACCURACY AND PRECISION 
Player name Absolute error Standard deviation 

Player a) 0,281 0,326 
Player b) 0,294 0,433 
Player c) 0,868 0,344 
Player d) 0,659 0,474 

 
The analyses of the results reported in Fig.5 and in 

Table I suggests that players a) and b) were more 
accurate comparing to the players c) and d). This can be 
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confirmed in two ways: graphically (from observing the 
results given in Fig.5), and numerically from Table I. It 
can be clearly seen that the geometrical mean (blue dot) 
for players a) and b) is  closer to the target center. 
Consequently, the absolute errors of the shots for the 
players a) and b) are lower than those of the players c) 
and d). On the other hand, it is obvious that the diameter 
of the circles and the standard deviations for the players 
a) and c) is lower comparing to the players b) and d).
This suggests that players a) and c) have better
precision.

V. CONCLUSION

The goal of this paper is to describe a game-based 
method for teaching the difference between accuracy 
and precision. The game was realized in LabVIEW and 
was implemented in the regular teaching process of the 
course Electrical Measurements. The initial experience 
shows that the students gladly accept such teaching 
approach which in turn positively affects the quality of 
learning. Ten students took part in the game experiment 
and selected results were presented. It was shown that 
the accuracy is reffered to the distance of the mean from 
the center of the target, i.e the absolute error. On the 
other hand, the precision is reffered to the dispersion of 
the samples, i.e the standard deviation.  
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Overview of EV charging stations impact on harmonic 
distortion in power distribution grid 

Željko Hederić, Marinko Barukčić, Toni Varga and Nenad Cvetković
Abstract - In this paper, an overview of the impact of electric 

vehicle (EV) charging stations on harmonic distortions in the 
distribution grid are given. Problems that are recognized as a 
result of the impact of the rapid rise of EV technology and their 
implementation in modern urban transport are presented through 
an overview of relevant research primarily related to the EU 
region and the concentration of EVs and EV charging stations in 
only a few countries. The effects of harmonics produced by EV 
chargers are not properly limited by adequate protection causing 
malfunctions at the facilities and equipment of the residential 
facilities. The paper emphasizes the need to match the speed of 
growth of EV technology with the speed of changes in the 
accompanying standards and the improvement of designers' 
education. 

Keywords - electric vehicles, charging infrastructure, 
harmonic distortion, power quality. 

I. INTRODUCTION

The modern trend of the rapid development of electric 
vehicle technologies into everyday life brings many 
changes. The outlines of cities are changing, and there is an 
urgent effort to adapt city spaces to new trends of the use of 
electric vehicles that introduce a whole new culture of 
behaviour. It also requires a change in the system that 
supplied the energy needed for transportation, changing the 
fossil fuel delivery system with the power delivery 
systems. We all around us are accustomed to the power 
grid systems that bring us all the joys of light, the work of 
machines, household appliances, and television into our 
daily lives. It is a general misconception that such a grid 
system can serve to supply energy to new electric vehicle 
technology. This system is changing too slowly and is not 
adapted to new problems [1].  

The idea of a smart city environment, energy transfers 
in all directions, two-way systems for charging vehicles 
from the grid and supplying power to the grid from 
vehicles, issues of interconnection of electric vehicles of 
different power at different points in the distribution grid, 
as well as generally problems of availability of charging 
stations for the number of electric vehicles are all this is 
only part of the problems that are just being recognized. 
But as no one can stop the development of electric vehicle 
technology, so we helter-skelter are trying to reshape and 
adapt power grid systems. This approach has opened the 

door to many problems. 
One such problem that is not clear is the problem of 

harmonic distortion in distribution grids. In the paper are 
reviewed some solutions presented through research in 
various fields as an effort to point out the need to change 
the paradigms of design and control in distribution grids to 
ensure the quality of electricity supply to existing 
consumers. 

EV battery chargers have evolved primarily as vehicles, 
but with increasing demand for energy and current levels, 
charging stations are nowadays emerging as stand-alone 
units that convert AC to DC (fast charging). Also, through 
the development of services, there was a need for two-way 
energy flow [2]. 

Vehicle charger connection systems can be conductive 
or inductive. Conductive charging systems are the most 
common because they have evolved as a logical sequence 
of a plug connector in daily use and use direct contact 
between the plug and the charging port [2]. Inductive 
chargers use resonance and magnetic coupling technology 
to ensure energy transfer. This type of EV charger is a 
novelty that provides charging capability on the moving 
and has evolved from magnetic levitating train technology 
[2]. The detailed predictions of harmonic distortions in 
existing distribution grids are complex because many 
different categories of portholes appear in both amounts 
and nonlinearities. Many nonlinear loads have very low 
power consumption, and although they are relatively more 
and more present in the distribution grid, the regulatory 
systems for standards for very low levels of consumer 
power do not prescribe high quality requirements. 

II. THE IMPACT OF EV CHARGERS ON THE
DISTRIBUTION GRIDS

Numerous studies addressing the impact of the rapid 
development of EV technology point out that over the last 
10 years, there has been a 200-1000 increase in the 
Western EU (Fig. 1).  

This rapidly grow brings problems affecting everyone 
in contact with EV technology, and especially distribution 
grids as a place for EV connectivity to the power source. In 
[1] are presented an overview of charging infrastructure for
the road vehicles using data from EU parliament
researches. The study [1] analyses the various challenges
posed by implementations of EV systems and their
technologies that enable the penetration of energy flow
collection infrastructures within the EU.

These include existing technologies and standardization 
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issues that must accompany the accelerated growth of EV 
technology, measurement systems and business models, as 
well as connectivity to smart city systems with the 
implementation of renewables and Electricity Suitability 
technologies, all correlated with the public policies of 
individual EU member states. 

 

 
Fig. 1.  The representation of EV distribution in EU with red 

marked area with 90% of total EV and blue are marked Croatia 
with less than 0,1% of total EV [1] 

 
When we talk about electric vehicles and their charging 

points (influenced by marketing) we usually imagine them 
as shown in Fig. 2. 

 

 
 

Fig. 2.  The representation of marketing of top EV technologies, 
beautiful EV sports car by Rimac and fancy city small car on 

charging station (source: The Financial Times web newspaper)  
 
Problem is that few are mention problems shown on 

Fig. 3. We should now that EV are not toys; they demand a 
huge density of energy in new storage compartment with 
not so tested technology of connection, control and use. In 
[1] are mentioned that 85% of the Fire departments are not 
familiar to procedures for safe extinguishing the fire of a 
burning electric vehicle containing an electrical outlet and 
possible high-current circuits. 

 

 
 
Fig. 3.  The firefighters need to train new ways and approaches to 

dealing with battery-powered vehicle fires                                   
(source: The Sun web newspaper) 

 
If we apply the rules of analogy thinking, then consider 

linking familiar things like fossil fuel vehicles to new EV 
problems. Why not have a fuel pump in every garage? 
What are the standards for a gas station? What can go 
wrong when connecting an EV to a charging station? How 
to respond preventively and predictively, and how to 
design them? Why was it not important to emphasize 
protection? Is it installed in an electric vehicle charging 
station? 

The components of the electric vehicle power drive, as 
well as the charging station, are shown in Fig. 4. The EV 
drive itself is realized by an electric motor that controls the 
frequency converter; the DC bus system connects the 
subsystems inside the vehicle; the board battery charge 
input system and the battery itself with the battery 
management system. Then, different forms of EV charger 
stations that connect EVs to the distribution grid are shown. 

Charging time (as well as battery life) are related to the 
charger's characteristics. The battery charger must be 
efficient and reliable, with high power density, low cost 
and low power consumption. 

 

 
 

Fig. 4.  On/off board charging system and power levels for EV 
different connections on charger [2] 

 
The EV and charger subsystem shown in Fig. 4 is 

highly represented in the literature but it actually hides the 
error. What is missing in the picture? Why was it not 
important to emphasize protection? Is it irrelevant or is it 
integrated into the charger itself? Does safety devices by 
default need to be in the charging station? These are 
questions that are making a lot of confusion today.  

 

 
 

Fig. 5.  Electric passenger car registrations numbers per years in 
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some EU countries who are leaders in EV technology 
implementation [1] 

As standards are not changed quickly enough, the 
problem of accountability is emerging in many countries. If 
the standard is not set correctly, then wrong projects, which 
are not legally limited, are allowed to arise. Fig. 5 present 
rise of EV registration in the EU for the last 5 years what 
means developed EV technology and studies [1] show that 
EU countries standards are practically nonchanged in that 
period. 

 
A. Battery pack design and modelling problems 

 
The battery is an essential part of electric vehicles 

(EVs), so its design significantly affects the vehicle's drive 
characteristics, but also the vehicle's parameters as a 
dynamic load when charging vehicles at the charging 
station. In addition to the battery, in EV are several 
electronic converters that control the way they use the 
switch technology or the system that generates unwanted 
harmonics. 

The method of connecting cells to the total package 
depends on a large number of design requirements 
(availability of energy, temperature protection, ...). Most 
often, they are connected in parallel blocks to provide 
capacity, and then the blocks are connected in series to the 
battery to ensure an adequate voltage level. What is often 
forgotten is that the battery does not store electricity. The 
battery is a reservoir of chemicals that produce electricity 
and store energy by a chemical reaction [3,4]. 

Because of this, the battery is a system that is 
continuously switched on, regardless of the total battery 
circuit being open inside the battery cells and the battery 
blocks, equalization currents are present. The Battery 
Management System (BMS) is designed to constantly 
monitor and optimize such a complex battery system, 
which has major problems with dynamic mode. Then cells 
are irregularly emptied, asymmetries are created and this 
can potentially break down.  

A poorly defined material fatigue condition will cause 
the BMS, as a multiplicated switch system, to start to make 
irregular switching states and thus become a source of 
unwanted harmonics. This is especially true when charging 
quickly by connecting the vehicle to a charging station, in 
situations where the battery pack is below 50% of capacity 
level (this is by far the most common case when EVs are 
being charged to a charging station). 

The battery pack design, as well as the BMS design, 
should be aligned. However, this is only fulfilled in initial 
states, and any intensive use promotes fatigue of the 
material and creates conditions for defective states. An 
example of this is the potential equalization currents inside 
a battery block, which in the long run leads to irreversible 
electrolyte degradation (battery potential).  

Essentially, the stored chemicals within the cells are not 
capable of responding normally to electricity generation, by 
disintegrating and/or dissolving the structure of the active 

material bringing the cell to life [2]. There is numerous 
literature in which authors explain the problems that lead to 
battery failure. [5,6].  

The fatigue of the materials that the electrodes are made 
of results in various side effects of Solid Electrolyte 
Interphase (SEI) [7], collectively referred to as ageing 
effects on the negative electrode and positive electrode        
(Fig. 6). 

 

 
 

Fig. 6.  Illustration of the ageing effect on battery negative 
electrode [7] 

 
As can be seen in the block diagram (Fig. 7), numerous 

internal mechanisms of the battery and the environment 
affect the health of the battery. Most of them cause thermal 
decay of the chemical process, but these are already 
extreme situations that modern BMS systems are relatively 
successful at solving. 

 

 
Fig. 7.  Block diagram of failures event in Li-Ion batteries [1] 

 
The problem arises when BMS fails as a control of the 

chemical process. As usual, man and negligence, that is, 
unprofessional work, play a major role. 

Today, we have many vehicles that have come from 
workshops, garages and that have been successfully 
certified by the owners, although they have not passed even 
the most basic tests performed in the factories of the largest 
manufacturers. However, such vehicles also have access to 
public EV charger stations, with all the problems they can 
cause.  

In [9], a modelling procedure is presented that gives 
rise to entirely new elements in battery circuits that are not 
provided by conventional designs. That is why most BMS 
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systems today have deviations in EV battery management, 
that is, they have the wrong model by which they try to 
control the system of cells and blocks inside the battery, 
which then leads to uncontrolled switching states - the 
cause of unwanted harmonics. If we pay attention to the 
battery block (shown in Fig 8a), we can see that in the 
structure there is a current loop, which is exposed by its 
cross-section to magnetic fields generated in dynamic 
modes of operation. [6, 8, 9].  

 
 
Fig. 8. Battery block design example and lumped model:                                            

a) Battery block built by 15 parallel cells and interconnection bar. 
The contacts are on the same side on the upper plate,  

b) Cross-section of the block with shown interconnection bar, 
c) Lumped model of the electric circuit consists of one cell and 

interconnection bar [5] 
 
The load, presented as a dynamic resistor, is a function 

of time (EV drive demand for energy from the battery as a 
function of time). Finally, the loop surface used to calculate 
the induced voltage source as a function of cell current (for 
the given geometry presented in Fig. 8.c) corresponds to 
the yellow marked area on Fig. 9. 

 
Fig. 9.  Lumped model of an electric circuit for one 
battery cell as part of the battery parallel block [9] 

 
B. The impact of harmonics on the distribution grid 

To study what happens when we connect EVs to the 
distribution grid, it is necessary to define a well-known 
consumer model [10], for which there are well-developed 
and verified models as shown in Fig. 10.  

Assuming that all consumers are within the IEC 
standard, no undesirable harmonic or THD levels should 
occur in the distribution grid. By entering EV charger in 
such topology and assuming that the charger itself meets 
the criteria of IEC standards by measurements and 
simulations, it is confirmed that distortions over the 
prescribed levels still occur in such altered topology [10].  

Modelling of harmonic distortion, especially current 
waveforms in phases comparing with to without EV 

connected states, is presented in [10]. By plugging the EV 
into the charging station (location red in Fig. 10), only one 
phase current remains in the limits, while in the remaining 
phases and in the neutral conductor the current level rises 
as much as 6 times, and with it a significant increase in 
undesirable current harmonics. 

 
 

 
 

Fig. 10.  Scheme of the composed model in DigSilent Power 
Factory for harmonic levels in the distribution grid  

simulation [10] 
 

 
Fig. 11.  Current harmonic distortion with EV                            

connected in the distribution grid through charger [10] 
 
In Fig. 11 showing current harmonic distortions with EV, it 
is evident that asymmetry and distortion occur, which 
consequently represents suitable conditions for resonant 
current harmonics, which are extremely dangerous for the 
highly sensitive and present ubiquitous computer, 
communication, monitoring technique. 
 
C. BMS malfunction during EV charging   
 

In the previous sections, we presented the problems of 
connecting EVs through charger units to the distribution 
grid, modelling batteries as part of an EV system. Another 
issue to consider is the battery management electronics 
system, which consists of numerous blocks. Battery 
management system (BMS) is to manage the output, 
charging and discharging and provide notifications on the 
status of the battery pack. They also provide critical 
safeguards to protect the batteries from damage. In all 
previous cases we present problems that occur with BMS 
normal function. What happens when a BMS malfunction 
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occurs? Is it happen often? 
A small 0.2ms decay or impulse jump causes 3-5kHz 

harmonics to "pass" through the transducer because they fit 
as a subharmonic of the switching frequency, and if no 
filters pass into the grid and look for a resonant pair. 

Normal overcurrent protection does not respond. And 
now we have a wandering impulse in an unsecured 
distribution grid. Its power is enough to burn the Client–
server systems power supply or air conditioning control. 

This failure can result from a faulty battery pack model 
that cumulatively alters the charging process by the time 
the BMS does not recognize the "wrong" state relative to 
the estimated state. Then the BMS tends to reprogram and,  
due to the speed of operation of the switching part of the 
BMS, causes the appearance of an unwanted pulse that can 
be extended beyond the EV.  

 
 

Fig. 12.  Impulse present in the output from BMS during charging 
EV as an malfunction problem [11] 

 
A further problem that arises is the case that there are 

multiple EV charger sites at the charger station at the same 
time [11]. When EVs of different manufacturers come on 
the distribution grid at the same time, we have a situation 
where undesirable harmonics of a much wider spectrum 
appear as in Fig. 12. 

 

 
Fig. 13.  Switching frequencies and magnitudes of different EV 

connected to EV charging group at same time [11] 
Particularly prominent are distortions at frequencies 

below 2kHz (harmonics) and above 2kHz to 150kHz 
(supra-harmonics). Although the harmonic emission of 
EVs is strongly dependent on the grid voltage distortion, 
the supra-harmonic emission at the switching frequency of 
the inverter and its multiples is mainly determined by the 
design of the EV filter circuits.  

The results of the harmonic and subharmonic distortion 
analysis of 19 different EVs connected via charging 
stations to the same distribution grid bus are presented in 

[11]. Note that different charge stations have approximately 
similar harmonic distributions but different harmonic 
spectra because they have different switching frequencies 
(Fig. 13). These are all kHz and are not multiples of the 
main harmonic of the distribution grid. The result is a 
partial resonance with a resonant pair within the 
distribution grid, a frequent supply of sensitive electronics 
that do not have the standard protection against such an 
attack. 

What the authors point out in [12] is the fact that the 
classic standard safety devices are observing the 
distribution grid with substandard sampling, which does 
not seem to be a problematic harmonic image. Fig. 14 
shows one such case in a 5EV chargers in the distribution 
grid. Significant differences exist in the harmonic 
performance between different EV types, which is majorly 
a result of different designs by the manufacturers. 
 

 
Fig. 14.  The spectrum of current harmonic of the five EVs 

connected instantaneously on central charging infrastructure [13] 
 
It is pointed out in [13] that in addition to the harmonic 

current emission, it is important to study the effect of the 
EV impedance on the distribution grid harmonic 
impedance. This is determined by the distribution grid side 
filter, which behaves often capacitively as it is required to 
reduce the high-frequency EV emission. Particularly if 
many EVs are connected to the same connection point, the 
risk of parallel resonances at low harmonics can be 
increased [13]. 

 
III. IMPACTS OF HARMONIC DISTORTION  

AND PROTECTION DEVICES 
 
Current harmonics mainly affect the power distribution 

system from the bus to the inverter: 
• Additional losses in wires and cables 
• Additional heating of distribution grid transformers 
• switch failures 
• Third harmonics increase the zero component of the 

current and the voltage 
 
Voltage harmonics affect mainly other devices 

connected to the bus (secondary of the distribution grid 
transformer): 
• malfunctioning of telecommunication systems, 

computers, audio video equipment, monitors, 
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electronic control equipment. Etc. 
• Resonance with capacitors for power factor correction 
• Executive engine failures shortening the service life 

 
How to reduce harmonic distortion? We need to be able 

to calculate - evaluate the harmonic distortion of the 
distribution grid and the impact of individual actors. This 
aspect is well reflected in practice by the standards defined 
for Structured Cabling and proper and high-quality 
grounding. Many IEC standards that have been defined for 
industrial plants where filter installation technology, 
especially external active filters, is normally present. 

Very often we forget when observing the spectrum of 
currents that the time response is not a mean value but a 
"comb" [14] (Fig. 15). 

The increase of harmonics at switching on and off of 
individual actors in a distribution grid that has combined 
connected consumers, an injected energy from a solar 
power plant and EV charger units can lead to the activation 
of protective devices (if installed) or to the swing of the 
distribution grid voltage. 

 

 
Fig. 15.  Nissan leaf charging profile – the real measurement of 

power toward predicted profile [14]  
 
There is a great danger of resonant harmonics - the 

harmonics of a particular EV charge can be in the rank of a 
single consumer opposite in phase - the resonance will 
capacitively burden the consumer and lead to possible 
adverse effects. 

Current harmonics mainly affect the power distribution 
system from the bus to the inverter [15]: 
• additional losses in wires and cables 
• additional heating of distribution grid transformers 
• switch failures (Fig. 16) 
• third harmonics increase the zero component of current 

and voltage 
 

 
 

Fig. 16.  Failure in switch box caused by current harmonics 
 

Many authors recommend the installation of Active 
Power Filter (APF) filters that monitor only the 5th 
harmonic, and based on it evaluate all others, and therefore 
adjust the operation of the active filter. This is an expensive 
solution involving the existence of a shared bus, which has 
never been fulfilled in smaller rural areas and suburbs [15]. 

 
IV. CONCLUSION 

 
The paper presenta a survey of harmonic distortion 

impact on an distribution grid as a result of EV charging, 
with respect to the design of the EV subsystems and its 
correlation to EV chargers. The given overview aims to 
highlight the impact of EV charger stations on power 
quality considering harmonic occurrences caused by the 
EV chargers operation. Based on the literature overview 
and real life data, the conclusion is that there is a need for 
better regulation of the EV charging station operation 
trough the standardization. The need for the standardized 
design of EV charges stations is detected based on the 
given overview. 

Different situation (EV charging connection topology) 
can occur that can provide impressed harmonics into a 
distribution grid that mainly influence to unprotected and 
week loads in the same subcircuit (distribution grid connect 
on the distribution grid transformer secondary bus). A 
feeder is mostly likely to have a random distribution of EV 
chargers along with it. Therefore, for protection devices 
installation it must be carefully observed change of the 
power flow that ultimately rise current harmonics produced 
mainly from high power EV chargers.  
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Automatization of Digital Predistortion and Crest 
Factor Reduction  

Borisav Jovanović, Srđan Milenković

Abstract – Power amplifier (PA) linearization, achieved by 
utilization of digital predistortion (DPD) technique, improves PA 
energy efficiency and reduces running cost of telecommunication 
equipment. In modern modulation schemes, the reduction of the 
peak to average power ratio of transmitted waveforms is 
necessary operation which ensures PA linearity. To achieve this, 
the Peak Windowing and DPD are implemented in Software 
Defined Radio (SDR) base station. The results are presented for 
Long-Term Evolution (LTE) waveforms and 10W modulated 
output PAs. 

Keywords - Crest factor reduction, Peak to Average Power 
Ratio, Peak Windowing method. 

I. INTRODUCTION

Digital predistortion (DPD), based on complex valued 
memory polynomials (MP), is established as an efficient 
method for radio frequency (RF) power amplifier (PA) 
linearization [1, 2]. However, modern modulation schemes 
facilitate high peak-to-average power ratio, which results in 
intercarrier interference, high out-of-band emission and bit 
error rate performance degradation [1]. Therefore, RF PA 
power has to be backed-off reducing the PA energy 
efficiency. To ensure that signals at PA input stay within 
linear region of the PA transfer function, the solution is in 
dealing with signals which have reduced PAPR. In this 
case it is possible to increase signal average power without 
the risk of PA operation in non-linear region [2].  This 
solution significantly cuts the running cost of wireless 
infrastructure.  

Crest Factor Reduction (CFR) techniques are used for 
PAPR reduction [3, 4]. Our method for CFR is based on 
Peak Windowing (PW) [5]. The combination of DPD and 
PW PAPR reduction methods is implemented on Software 
Defined Radio (SDR) board and the results are given in the 
paper. 

II. METHODS FOR PA LINEARIZATION

A. Crest Factor Measurement

Crest Factor (CF) a signal x(n) is defined as the ratio
between the amplitudes related to the largest x(n)max and 

the mean values x(n)rms of a signal: 

rmsnx
nx
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max=    (1) 

In literature one more parameter can be found - the 
Peak to Average Power Ratio (PAPR), which is the squared 
value of CF: 
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The PA operates in the linear region whenever PAPR 
value of a waveform present at PA input is reduced. The 
one of the goals when implementing some CFR technique 
is to minimize in-band and out-of-band distortions. 
Unfortunately, signal distortion cannot be completely 
avoided. To quantify the performance of CF reduction 
operations, the distortion is measured by Error Vector 
Magnitude (EVM) for in-band and Adjacent Channel 
Power Ratio (ACPR) for out-of-band signal distortion. [2] 

B. PA linearization by DPD

DPD computes the inverse function of the PA transfer
characteristic. Utilization of DPD provides PA linearity and 
high energy efficiency. [1]  

We have implemented the DPD solution which models 
the behavior of PA using complex-valued memory 
polynomials (MP). The MP model takes into account both 
PA nonlinearity and memory effects and represents the 
simplified structure of the Volterra series [2].  

The predistorter is positioned in the base-band (BB), 
before the digital-to-analogue (DA) conversion and BB to 
RF frequency up-conversion are done. The input signal 
x(n) is processed by DPD block which produces the output 
signal y(n) according the following equation: 

∑∑
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where wij are complex valued model coefficients: 

ijijij baw j+= (4) 
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           22 )()()( nxnxne QI +=         (5) 
The parameters N and M, used in Eq. (3), represent 

memory length and nonlinearity order respectively. The 
signal e(n) is the envelop of the input signal x(n).  

The DPD coefficients are found in iterative training 
process which uses recursive least square (RLS) method 
and indirect learning architecture. The detailed description 
of DPD method and its implementation in SDR hardware is 
described in detail in [6]. 

 
C. Peak Windowing Method  

 
The Hard Clipping (HC) is conventional CFR approach 

to constrain signal peaks which exceed selected threshold. 
The operation of HC is described by Eqs. (6) and (7): 

 
 )()()( nxncny = , (6) 

 
where x(n) is the input signal, y(n) is the signal obtained 

after clipping operation is performed. The signal c(n) is the 
clipping function: 
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where the parameter A is clipping threshold. x(n) and y(n) 
are complex signals consisting of quadrature signal 
components. The HC operation has disadvantage in 
introducing sharp edges in output signal which increases 
out-of-band distortion. 

In PW method the large signal peaks of input signal are 
multiplied with a windowing function to smooth the sharp 
signal edges at clipping points, thus minimizing in-band 
and out-of-band signal distortion. This not only improves 
the ACPR of the resulting signal but also limits the peaks 
to stay under the threshold.  

The PW operation replaces the clipping coefficients 
c(n) with new ones b(n): 
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where q(n) is a common symmetric window function, for 
which implementation the Kaiser, Hamming or Hann 
windowing functions can be used [3, 7]. 

The calculation of clipping coefficients b(n) is 
implemented by PW FIR filter. Two conditions have to be 
met. First to ensure that the value of y(n) is less than the 
threshold A, the condition given by Eq. (9) must be met: 

 )()( ncnb ≤

 
(9) 

 
Besides, to minimize in-band signal distortion the last 

inequality must be near the equality as much as possible. 
[3] This implies that narrow window lengths should be 
used for PW FIR filter implementation.  

If clipping rate is too large or wide window length is 
selected, the adjacent windows in b(n) overlap more often, 
reducing b(n), which yields to more attenuation of the CFR 
output signal y(n).  

The detailed description of PW operation and its 
implementation in SDR hardware is described in detail in 
[8]. 

 
III. IMPLEMENTATION RESULTS   

 
A. Hardware implementation  

 
The SDR board [9] utilizes two transceiver LMS7002M 

[10] ICs for frequency conversion between base band (BB) 
and radio frequencies (RF) and an Altera Cyclone V 
FPGA, which are used for implementation of DPD and 
CFR digital blocks. The board is connected to CPU core 
through high-speed PCIe interface. For the development or 
demo, test waveform can be uploaded and played from 
WFM RAM Block, implemented using Altera Cyclone V 
FPGA resources. In real applications, the CPU Core 
performs BB digital modem functions, LTE for example. 
Through PCIe interface the real waveform is fed directly to 
the CFR block input [10]. 

The SDR board implements 2x2 Multiple-Input and 
Multiple-Output (MIMO). It has two transmit TX and two 
receive RX channels. One spare RX chain is used as DPD 
monitoring path. In each TX channel, beside DPD and CFR 
blocks, a low-pass FIR filter is used. The CFR output is 
filtered by low- pass FIR filter, reducing out of band 
spectrum regrowth.  

PC/GUI implements graphical display for demo and 
debugging purposes. GUI is capable to show important 
signals at CFR and DPD block input and outputs in FFT 
(frequency), time and constellation (I vs. Q) domains.  

The board uses LMS7002M on-chip DACs/ADCs [10]. 
On chip data converters are 12-bit devices. The CFR digital 
block is implemented as 40-tap FIR filter and operates at 
30.72 MS/s sample rate.  The CFR block has provision for 
changing FIR filter order in the range from 1 to 40. Using 
the same interface, the clipping threshold can be changed 
up to the signal amplitude maximum level. 

The DPD operates at sample rate of 61.44 MS/s. In 
DPD implementation, the memory length N=4 and 
nonlinearity order M=2 are selected. 
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Fig. 1.  The CFR and DPD implementation based on SDR transceiver board 
 

The SDR board, together with two 40 dBm Band13 
10W power amplifiers have been incorporated in a 
Personal Computer (PC) based 2x2MIMO base station 
(BS). To provide power supply to PAs, additional DC/DC 
converters are incorporated in the BS case. The DC/DC 
converters get 12V from PC power supply unit and provide 
28V, necessary for PA operation. 
 
B. Software implementation  

 
The DC/DC converters and PAs are embedded into 

base station and these blocks have special input enable pins 
which are used for external control. We implemented that 
the DC/DC converters and PAs are controlled directly by 
SDR board output pins and specially created software 
application, which is started from Linux command line 
prompt.  

The application provides following commands:  
• startDCDC and stopDCDC to start and stop the 

DC/DC, and 
• startPA and stopPA  for PA turn on and turn off. 
Since two independent transmitting channels exist in 

BS, the commands take as argument constant values 1 or 2 
selecting different transmitter channels and corresponding 
DC/DC and PA. 

The same application provides software routines are 
used for full DPD and CFR control. They are described 
below. 

CFR block is controlled by setupCFR command 
providing different CFR options and parameters. For 
channel selection there are two options: 1 or 2. The second 
argument of the setupCFR function is the bypass option. 
Namely, the CFR block can be bypassed by setting the 
bypass option to 1; otherwise, when CFR is used, this 
option should be set to zero value. The third argument is 
CFR FIR filter order, which is an integer value and can be 
chosen in range from 1 to 40; the last argument is the 
threshold, specified by positive real number which is less 
than value of 1.0. 

The DPD operation is controlled by several commands 
which can be generally divided into following groups: 

• commands for DPD parameter specification 

• starting and stopping the DPD operation 
• calibration and reset 
• storing and reading the DPD parameters, as well as 

the DPD coefficients 
The DPD parameters are specified by setGainDPD, 

setLambdaDPD and setND_DPD commands.  
The setGainDPD is sets the digital gain Gain of DPD,   

adjusting the PA output power when DPD is in training 
process. The PA output power can be increased, decreased 
or set to the same level compared to the case when DPD is 
bypassed. The digital gain is positive real number which 
can be chosen in range from 0.33 to 6.0. 

The command setLambdaDPD specifies the DPD 
“forgetting factor” λ which adjusts the speed of DPD 
algorithm convergence, e.g. how fast the PA becomes 
linearized. The λ is the real positive number close to one. 

 Command setND_DPD defines the DPD delay line 
length ND. 

The command calibrateDPD automatically performs 
DPD parameter calibration. It calculates the DPD delay 
line length ND and gain value Gain. When DPD training 
process is started, the PA output signal power remains at 
the same level as in case when DPD is just bypassed. 
Without any loss in output power, the PA becomes 
linearized when DPD is calibrated and then, training 
process is started. 

Command resetDPD is used for DPD coefficients reset 
operation. When DPD coefficients are reset, it is identical 
situation as when DPD is bypassed.  

The commands saveConfigDPD and loadConfigDPD 
store into the memory and read from memory the last found 
DPD parameters ND, Gain and λ. 

The operation of DPD training is started and stopped 
using startDPD and stopDPD commands respectively. It is 
strongly recommended that DPD is calibrated before it is 
started. When DPD is started, the DPD filter coefficients 
are continuously changed in the DPD training process. 

Commands loadCoeffDPD and saveCoeffDPD store 
and read from memory the DPD filter coefficients. Using 
these commands the PA can be compensated when the 
DPD coefficients are just read from memory and loaded 
into FPGA, even when DPD training operation is not 
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started by startDPD.  
All software routines are written in C++. 
 

C. Measurement Results, case of 10MHz LTE waveform 
and 10W PA 

 
The CFR and DPD methods were implemented in SDR 

board FPGA IC to reduce the distortions of transmitted 
signals observer at PA output The SDR board has been 
incorporated into PC-based BS, together with two RF PAs 
having 10W modulated output power. The PAs have 
following characteristics: the bandwidth is 700-850 MHz; 
average output power at 1 dB compression point is 40 dBm 
at the frequency of 750 MHz. 

The amount of out-of-band and in-band distortion is 
measured in terms of ACPR and EVM respectively. |Here, 
the results are provided for 10MHz LTE waveform. In the 
measurements different CFR parameters are considered. 
For example, the filter order is changed in following steps 
L=9, 19, 29 and 39. Also, different clipping thresholds are 
evaluated, staring from Th=1.0 down to Th=0.6. While 
these parameters are changed, the level of transmitted 
output power is kept at the same level as before 
linearization process is started. 

The measured PAPR of original waveform, when DPD 
and CFR are bypassed, is PAPR= 10.3 dBm. The measured 
EVM in this case is EVM=1.26 %. When CFR and DPD 
are utilized, the EVM is worsened when threshold Th value 
is reduced, and also when the CFR filter order L is 
increased. For example, in case of L=39 and Th=0.6, the 
EVM =7.81%. 

 At starting point, when neither CFR nor DPD are 
utilized, the ACPR=-37.5 dBc and EVM=3.32%. The 
measured PA output power is Pout=39.7 dBm. 

The distortion is removed by DPD and CFR. The 
ACPR is decreased from starting value of -49.6 dBc, 
obtained for threshold Th=1.0 to the minimum value equal 
to -50.8 dBc, obtained at Th=0.6. The power of PA output 
signal is maintained at the same level as at starting point, 
before any CFR and DPD data processing is done. 

When PAPR is decreased by 2dB (from PAPR=10.3 dB 
down to PAPR=8.3 dB), for L=19 and Th=0.76, the 
EVM=2.42%, ACPR=-50.5dBc. Therefore, the ACPR is 
improved by 13 dBc and EVM by 0.8%. 

 
IV. CONCLUSION 

 
CFR and DPD algorithms have been implemented on 

SDR board and verified by measured results. When DPD is 
used without CFR, the modulated signal power at PA 
output needs to be backed-off for approximately 2 dB to 
enable DPD to remove distortions down to the system 
noise floor. When CFR is utilized, DPD is capable of 
cancelling any out-of-band distortion above system  
noise floor, without PA power back-off.  

The DPD and CFR are controlled by specially created 
software application which is started through Linux 

command line prompt. The application provides full DPD 
and CFR control. 

  The main characteristics of our solution are low 
implementation complexity and good performance 
measured in terms of EVM and ACPR as key parameters.  
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Modular Baseband Processing for mm-Wave and THz 
Communication 

Goran Panić, Mohamed Eissa, Lukasz Lopacinski, Nebojša Maletić and Rolf Kraemer 

Abstract - This paper discusses the challenges of baseband 
signal processing in wideband communication systems operating 
in millimeter-wave (mm-Wave) and terahertz (THz) frequency 
bands. The focus of the paper is the concept of modular baseband 
processing solution that is explained, implemented and 
demonstrated. 

Keywords – modular baseband, mm-Wave, THz 
communications, signal processing 

I. INTRODUCTION

The demand for higher data rates in modern wireless 
communication increases rapidly as the number of new 
users and applications constantly grows. As observed by 
Edholm’s Law [1], wireless data rates will continue to 
increase exponentially, and by 2021, they should reach 
100 Gbit/s. However, accomplishing such high data rates 
will be only possible either by dramatically improving the 
spectral efficiency in allocated mm-Wave spectrum or by 
utilizing large spectrums available in the THz frequency 
band [2]. Potential applications for high-speed wireless 
communication at mm-Wave and THz frequencies include 
kiosk downloading, high capacity links for wireless local 
area networks (WLANs), high throughput links for wireless 
personal area networks (WPANs), ultra high definition 
video streaming, augmented and virtual reality, wireless 
connection in data centers, fronthaul/backhaul wireless 
links for future 5G applications, and nano-cells [2,3]. 

Millimeter-wave spectrum is the band of spectrum 
between 30 GHz and 300 GHz. Since spectrum regulations 
and available bandwidth fairly limit conventional radio 
communication operating at 2.4 GHz and 5 GHz, the 
unlicensed spectrum between 24 GHz and 100 GHz is 
considered as potential target for realization of future long- 
and medium-range high-speed wireless communication 
links. The frequencies above 100 GHz are considered for 
high-speed, short-range indoor communication. Currently, 
the 7 GHz wide spectrum around 60 GHz is already 
allocated to mobile communications. The IEEE802.15.3c 
and IEEE802.11ad standards define 60 GHz 
communication for WLAN and WPAN short-range 
applications, respectively, allowing the data rates of up to 
8 Gbit/s. A follow-up to the 802.11ad, the IEEE802.11ay 

standard, introduces channel bonding, higher modulation 
schemes and multiple antenna approach (4×4 MIMO), and 
promises aggregated data rates of up to 176 Gbit/s. 
However, recent commercial solutions for “ay” are still 
limited to the data rates not higher than 10 Gbit/s. The high 
complexity of hardware and the challenges in signal 
processing prevent reaching the ultimate goals of “ay” 
specification. 

There are different definitions of the THz band in 
literature. Usually, the unlicensed spectrum between 
275 GHz and 1 THz is referred to as the THz band. 
However, the spectrum between 100 and 300 GHz is also 
seen as a part of the THz band and is often referred to as a 
sub-THz band. The THz band makes itself an excellent 
candidate to answer the demands for even more bandwidth 
and extremely high data rates. Recently, the unlicensed D-
band (110-170 GHz) received a lot of attention in the 
context of terabit wireless communication [4]. Radio waves 
in the THz-band are strongly affected by atmospheric 
attenuation [5]. Therefore, most applications consider line-
of-sight (LOS) short-path indoor scenarios for THz 
communication. Nevertheless, by using high gain directive 
antennas, it is also possible to establish outdoor THz 
communication over a long distance [6]. 

The rest of the paper is organized as follows. Section II 
discusses the most important challenges in the realization 
of terahertz communication. Section III presents the 
concept of modular baseband signal processing solution for 
THz applications. Finally, Section IV presents the 
experimental validation of the proposed concept. 

II. CHALLENGES IN THE THZ BAND

Some of the most important challenges related to THz 
communication include technology limits, antenna and 
transceiver design and challenges related to the realization 
of a communication system. Thereby, the system size, 
production costs, power budget and security aspects also 
play an important role. Many challenges specific to mm-
Wave also apply to THz communications.  

A. Device Technology

A straightforward choice regarding mm-Wave and sub-
THz technology for cheap, highly-integrated, compact 
devices is CMOS (Complementary Metal-Oxide-
Semiconductor). A standard silicon-only CMOS 
technology is already massively used in the design of 
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60 GHz RF circuits [7]. Furthermore, CMOS is also 
receiving a lot of attention regarding the design of sub-THz 
circuits [8]. However, the losses due to parasitic effects and 
low output power limit the application of CMOS for 
integrated systems operating at extremely high frequencies. 
Recent advances in SiGe BiCMOS (Silicon-Germanium 
Bipolar CMOS) technology enable hetero-junction bipolar 
transistors (HBT) with cut-off frequencies (fT) of up to 
300 GHz and maximum frequency (fmax) of up to 500 GHz 
[9]. Having fmax significantly higher than its CMOS 
counterpart, the BiCMOS allows the design of ultra high-
frequency components with much better performance and 
power figures. Also, the compatibility with CMOS makes 
BiCMOS a promising technology for the realization of 
future mm-Wave and THz communication systems. High-
power applications in the THz band usually consider 
Gallium Nitride (GaN) or Indium Phosphide (InP) 
technology. Some other technologies are also considered 
for the generation and detection of THz waves such as 
photonic, Gallium Arsenide (GaAs), and graphene based. 
However, the wide usage of these technologies is restricted 
by high processing costs and immaturity of the technology 
process. Nevertheless, hybrid integration with CMOS or 
SiGe BiCMOS is also possible. 

 
B. Transceiver Design 

 
The realization of THz circuitry is closely related to the 

limitations posed by the target device technology. For 
standard silicon-based process technologies, the design of 
circuit components, such as oscillators and amplifiers, is a 
very challenging task. The oscillators for the THz band 
must deal with various issues such as low efficiency, low 
output power, and high phase noise [10]. Optical oscillators 
promise better noise figures and high output range, but they 
come at a high cost, having large size and limited output 
power. The power amplifier design in standard CMOS is 
mainly affected by low output power. The BiCMOS 
provides more gain, as presented in [11]. Another 
important element of a THz system is the antenna. For 
outdoor use, e.g. fixed backhaul radio links, a highly 
directive horn antenna with optional beam-collimating 
lenses could provide enough gain and enable long ranges 
[12]. More compact is a phased-array antenna with optional 
beam steering that could be efficiently used for both 
outdoor and indoor applications [13]. However, the outdoor 
beamforming is not easy to deploy, due to various 
environmental effects affecting the received signal. For a 
stable link, very high gain and excellent beam alignment 
are required. An integrated phased-array antenna with 
implemented beamforming is a suitable solution for 
consumer electronic devices with strict requirements for 
size and acceptable production cost. 
    
C. Signal Processing 
 

Wireless communication over THz channels is strongly 

affected by very high molecular absorption and spreading 
loss resulting in a very high and frequency-selective path 
loss for LOS links. Non-line-of-sight (NLOS) propagation 
is governed by high reflection loss depending on the shape 
of reflecting surface, its roughness and material features. A 
study on deterministic indoor LOS and NLOS channel 
models suggests that 1 Tbit/s of LOS and 100 Gbit/s of 
NLOS transmission over a distance of 1 meter is possible 
with the transmit power of 1 W [14]. In directed NLOS 
scenario, highly reflective mirrors in combination with 
steerable antennas can be used to avoid obstacles and 
minimize multi-path effects [15]. The measurements of an 
indoor broadband channel at 300 GHz are presented in 
[16]. The results showed a quite flat channel characteristic 
for symbol rates up to 10 GSymbols/s confirming potential 
applicability of the link for short-range indoor applications. 
Regarding outdoor applications, such as backhaul links 
relying on high gain highly-directive antennas, the multi-
path effects are not of great concern. However, the effects 
related to atmospheric attenuation, scintillation and fog 
have to be taken into consideration.  

Large available bandwidth allowing very high data rate 
is certainly a major advantage of the THz band. RF-circuits 
for THz transmitters and receivers have been already 
demonstrated. However, the processing of large bandwidth 
is an extremely challenging task. The issues due to a high 
level of noise and changes in channel properties make 
channel equalization and error correction very difficult. 
Therefore, baseband modems and data converters need to 
maintain high resolution for signal processing. They must 
also provide the required data throughput to higher 
communication layers. For example, the state-of-the-art 
successive-approximation-register (SAR) analog-to-digital 
converters (ADCs) in CMOS provide up to 2.4 GHz of 
Nyquist bandwidth and have the resolution of 3-5 effective 
numbers of bits, limiting the constellation to 16-QAM at 
most [8]. On the other hand, flash-based ADCs with 
sufficient bandwidth are power-hungry and not suitable for 
low power applications required in consumer devices. One 
viable option to deal with this problem is channel 
fragmentation and aggregation. 
 

III. MODULAR BASEBAND PROCESSING 
 

The concept of modular baseband processing relies on 
multi-level band fragmentation and link aggregation. The 
link aggregation and channel bonding are the concepts 
already applied in various IEEE standards and propriety 
solutions to add redundancy or increase the throughput. For 
IEEE802.11 WLAN, the impact of IEEE standards and 
regulatory restrictions make the use of channel bonding 
very difficult. This is partially due to dynamic frequency 
selection (DFS) requirements, a process by which the 
access point must detect the signature of existing 
government weather radar and other radio systems and 
vacate the channel for an hour. Also, increased baseband 
complexity, sensitivity to adjacent channel interference, 
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frequency reuse issues and compatibility to legacy 
802.11a/b/g products limit the application of channel 
bonding in IEEE802.11 WLAN systems operating at 2.4 or 
5 GHz [17]. The channel bonding is also defined for the 
60 GHz IEEE802.11 ad/ay allowing the bonding of up to 4 
channels. The 60 GHz analog front-end (AFE) transceivers 
supporting channel bonding at the physical layer are 
presented in [18, 19]. However, no circuits for analog 
channel bonding have been presented yet. 

The existing concepts of baseband processing with 
support to channel bonding are usually realized by adding 
more complexity to specific signal processing units, e.g. by 
increasing the FFT size, increasing the processing speed of 
de-multiplexer and demodulator, increasing the sampling 
rate and the bandwidth of data converters, etc. The idea of 
modular baseband processing is to employ multiple 
baseband cores running in parallel that are realized either 
as a module or as a single chip. In this concept, when 
transmitting, the big data stream generated by a host is split 
to multiple baseband streams processed by several 
baseband cores running in parallel. The generated analog 
signals at the outputs of baseband processors (usually I/Q 
outputs from the baseband DACs) get bonded in analog 
domain creating a wideband signal at an intermediate 
frequency (IF). The generated wideband signal gets up-
converted to selected mm-Wave/THz carrier frequency in 
an analog front-end. At the receiver side, the received 
wideband signal gets down-converted to IF and split to 
multiple analog streams. The analog signals get converted 
to digital data at the ADC inputs of the baseband cores and 
processed in parallel. The processed digital data streams 
get combined at the interface to host and passed to the 
upper layers of the communication system. The concept of 
modular baseband processing using three baseband 
processors is illustrated in Fig. 1. 

 

 
 

Fig. 1.  A modular baseband processing solution. 
 

There are several advantages of the proposed concept. 
Splitting the frequency band to moderately wide sub-bands 
allows the implementation of power-efficient data 
converters in the baseband cores. Furthermore, if the load 
of a network is not high so that the system is not required 
to operate at full capacity, the selected cores might be put 
into a sleep mode in order to save the power. From the 
access point view perspective, multiple cores running in 
parallel can serve single or multiple users. Assuming the 

baseband cores with an adaptive OFDM modulation, the 
sub-bands could be further channelized by assigning a 
group of subcarriers to single or multiple users. Finally, 
multi-level bandwidth fragmentation provides flexibility to 
apply various combinations of time, space and frequency 
multiplexing in the network layer. A potential drawback of 
the proposed concept is the complexity of the analog 
channel combining circuits that might require power-
hungry filters in order to prevent the leakage between the 
channels. Also, the generation of IF frequencies (i.e. LO 
chain) might be a challenging task.   
 

IV. EXPERIMENTAL VALIDATION 
 

A communication link for validation of the modular 
baseband signal processing concept has been implemented 
and tested. The setup consists of transmitter (Tx) and 
receiver (Rx) stations, each consisting of a PC host, a split-
and-combine unit, a modular baseband module and an 
analog channelizer block (see Fig. 2). 
 

 
 

Fig. 2.  Modular transmitter station.  
 
A. Baseband Module 

 
To validate the proposed concept, a multi-core 

baseband processor module has been developed, which 
implements five cores on a printed circuit board. This is 
shown in Fig. 3. The used baseband cores support OFDM-
QPSK modulation with 528 MHz of bandwidth and up to 
480 Mbit/s data throughput. The board interface to the host 
is realized by two FMC connectors, compatible with the 
FMC connectors on the Xilinx Kintex-7 FPGA board, 
which is used to implement the split-and-combine logic. 
The interface to the analog channel combiners is provided 
by SMA connectors as well as by compact Q-strip 
connectors. The power supply is realized either through 
FMC or externally.  
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Fig. 3.  5-channel modular baseband processor module.  
 
B. Analog Channelizers 
 

The analog channelizer integrated circuits (Tx and Rx) 
were designed and fabricated in IHP’s SiGe BiCMOS 
130nm SG13G2 technology. The chips are mounted and 
bonded on module boards containing SMA interfaces to 
baseband channels (see Fig. 4). The module also 
implements a wideband, high frequency, differential output 
connector to mm-Wave or THz AFE and an input 
connector for the frequency source. The board also 
provides power supply connectors. The channelizers 
support the bonding of 5 channels with 2.5 GHz bandwidth 
per channel. More information on channelizer circuits can 
be found in [20]. 
 

 
 

Fig. 4.  Rx channel debonding module.  
 
 C. Split-and-Combine Module 
 

The host interface is realized over an FPGA split-and-
combine module that sends and receives packets from a PC 
host running the data link and application software. The 
interface between the PC host and the FPGA board is 
realized by a 10 Gbit/s optical Ethernet link. The split-and-
combine module receives jumbo packets from the host and 
generates data streams to the cores of the modular 
baseband. It also receives the data streams from the 

baseband cores and assembles the jumbo packets that are 
sent to the host. Two FMC connectors realize the interface 
to the baseband module. Some other functionalities of the 
split-and-combine module include packet scheduling and 
packet enumeration. The initialization of the baseband 
module is also done by a program sequence running on the 
microcontroller within an FPGA device. 
 
D. Communication Link 

 
The final demonstration employs a back-to-back 

unidirectional wired link between two stations, as depicted 
in Fig. 5. The video stream signal is generated by the 
transmitter PC and sent to the receiver station, which 
displays the received stream. Both stations implement the 
software for packet processing and control of the Ethernet 
communication. An uncompressed 720p video stream 
could be transmitted and received in real-time over all 
channels without visible errors in transmission. 

 

 
 

Fig. 5.  Demonstration of communication link with modular 
baseband signal processing. 

 
V. CONCLUSION 

 
The concept of modular baseband processing has been 

proposed and validated in this paper. The modular 
approach, based on multi-level band splitting, parallel 
processing and analog channel combining, is shown to be 
an effective solution for the realization of communication 
links in wideband mm-Wave and THz spectrum. 
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LimeRFE – A Software Definable RF Front-End 
Module for SDR Platforms 

Branko Bukvić, Mihajlo Božović, Zako Arsović, Dušan Grujić, Milan Savić 

Abstract – This paper presents a software-definable RF front 
end module for SDR platforms. The Lime RF Front End 
(LimeRFE [1]) is an open hardware front end module with 
appropriate amplification and filtering [2], as well as supporting 
circuitry to augment the SDR platforms, providing a complete 
solution that addresses real life applications ranging from HAM 
(radio amateur) radio to standards-compliant cellular network 
implementations. Measurement result examples are also 
presented. 

Keywords – Software Defined Radio, HAM Radio, Software-
Definable RF Front-End. 

I. INTRODUCTION

Radio frequency (RF) front-end provides the essential 
functionality for any radio system, by providing the 
amplification and filtering which are necessary in real-life 
applications. There can’t be a completely software defined 
radio system without the software configurable, flexible RF 
front-end. LimeRFE provides exactly this functionality, a 
software-definable RF front-end module for SDR 
platforms. It supports most of radio amateurs bands (HF 
band, 6 m, 4 m, 2 m, 1.25 m, 70 cm, 33 cm, 23 cm, 13 cm 
and 9 cm bands), several cellular bands (Band 1, 2, 3, 7 and 
38) and, additionally, the whole frequency spectrum from 1
MHz up to 4 GHz is covered with 2 wideband modules
installed on the board (1 – 1000 and 1000 – 4000 MHz
bands). The LimeRFE board comprises Software Defined
Radio concept [3]. It relays on versatile hardware which is
capable to operate under the several different standards,
which means it can support different frequency bands,
operating powers, modulation schemes, etc.

Section II gives a brief introduction of the LimeRFE 
board. Basic hardware schematics and software controlling 
tools, together with some implementation details, are 
explained in this section. Measurement result examples are 
presented in Section III, including 4G signal results. Also 
small signal gain (Gain), noise figure (NF), 
intermodulation product of 3rd order (IP3) and 
characterization of 1dB compression point (P1dB) were 
performed for the receiver and transmitter paths of the 
LimeRFE. Finally, a conclusion was given in Section IV. 

II. DESCRIPTION OF THE LIMERFE BOARD

A. Hardware

A picture of the LimeRFE board is given in Fig. 1. The
board dimensions are 125 x 162.5 mm. 

Fig. 1.  Picture of the LimeRFE board 

Table I gives all frequency bands supported by the 
LimeRFE. 

TABLE I 
LIMERFE FREQUENCY BANDS 

HAM Cellular 
Band Freq. [MHz] Band Frequency [MHz] 
HF 1.8 – 30  Band 1* 2110 – 2170 / 1920 – 1980 

6 & 4 m 50 – 70  Band 2* 1930 – 1990 / 1850 – 1910 
2 m 144 – 146 Band 3* 1805 – 1880 / 1710 – 1785 

1.25 m 220 – 225 Band 7* 2620 – 2690 / 2500 – 2570 
70 cm 430 – 440 Band 38 2570 – 2620  

33 cm 902 – 928 Wideband 
23 cm 1240 – 1325 Band Frequency [MHz] 
13 cm 2300 – 2450  WB 1000 1 – 1000 
9 cm 3300 – 3500 WB 4000 1000 – 4000 

* Freq. for cellular bands 1, 2, 3 and 7 are in format Downlink / Uplink

Block diagram of the LimeRFE RF part is shown in
Fig. 2. HAM and Wideband transmitters are grouped in the
bottom, cellular transceivers are located in the centre, while
the upper part presents the receiver paths.

Authors are with Lime Microsystems d.o.o, Bulevar Mihaila 
Pupina 10A/I, 11070 Belgrade, Serbia. E-mail: 
b.bukvic@limemicro.com
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Fig. 2.  Block diagram of the LimeRFE RF part 

 
PCB stackup is given in Fig. 3, bellow. Top and bottom 

substrates are Rogers 4350B, with thickness of 500 μm 
(20 mil). Rogers 4350B was preferred over standard FR4 
due to better control of thickness and substrate properties, 
as well as lower dielectric loss at higher frequencies. 
Metalization thickness was not of great importance for this 
design, so common thickness of 18 μm (0.5 oz) was used. 
All RF lines are realized as grounded coplanar waveguides. 
Between top and bottom layers, there are three 200 μm 
thick RF4 substrates, enabling total of 6 layers. Top and 
bottom two layers are used mainly for RF lines, while the 
inner two layers are used for digital signal routing and 
supply distribution. All vias are implemented as filled 

through-hole. The total board thickness is 1.6 mm.  

 
Fig. 3.  Stackup of the LimeRFE board 
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Components are placed on both sides of the board, 
while the large heatsink occupies the most of the bottom 
side. 

LimeRFE board includes the SWR meter subsystem 
(Fig. 4). Forward and reflected signals are to be provided 
from the external directional coupler. There is an option to 
measure power at the output of the power amplifiers in the 
cellular bands using on-board couplers. 

 

 
Fig. 4.  LimeRFE SWR subsystem 

 
Complete board was designed so that standard off-the-

shelf components are used. However, the performance in 
HF bands, as well as in 6 and 4 m bands, can be further 
improved by using add-on balun board [4] shown in Fig. 5. 

 

 
Fig. 5.  Picture of LimeRFE add-on balun board 

 
Next hardware block consists of digital circuits for 

controlling RF parts (select desired frequency band, turn 
on/off particular power amplifier and LNA, select 
appropriate filter, SMA connector, etc.). LimeRFE utilizes 
Arduino Nano – compatible microcontroller (ATmega328), 
and is programmable via Arduino IDE [5]. MCU (by data, 
clock and reset signals) drives 11–bytes shift register which 
stores the control bits. Control of the shift register requires 
only few of the MCU IO (input/output) pins, while others 
are used for time-critical controls. Voltage level shifters, 
USB communication circuit are also part of this hardware 
block. 

Another part of the LimeRFE, denoted as GPIO 
subsystem, provides level shifters and relay drivers 
intended for communication and control of other parts of 
the complete radio system (e.g. external power amplifiers) 
by the SDR platform, making the use of an additional 
board with this functionality [6] obsolete. 

Bias subsystem comprises several DC–DC convertors 
and voltage regulator units providing required supplies 
(2.5 V, 3.3 V, 5 V, 7.5 V and 12 V). 

B. Controlling Software Tools 
 

LimeRFE is supported by the LimeSuite [7], an open-
source multi-platform software for control of the Lime 
Microsystems’ SDR platforms. Library with API functions 
for control automation is also provided. 
 

 
Fig. 6.  LimeRFE controls GUI module 

 
Further details of the LimeRFE are available in [8]. 
 

III. MEASUREMENT RESULTS EXAMPLE 
 

Measurements were performed on the test-bench shown 
in Fig. 7. The test-bench consists of Agilent E8267D signal 
generator, Agilent E4440A spectrum analyser, Rigol 
DP832 DC supply unit, Agilent 346A noise source, and a 
PC. Measurements were automated using Python scripts. 
 

 
Fig. 7.  Picture of the test-bench with the LimeRFE as device 

under test (DUT) 
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Small signal gain measurements were performed on 
receiver and transmitter paths of each of the bands of the 
LimeRFE board. Measurement results for 430 – 440 MHz 
(70 cm) HAM band receiver are given in Fig. 8. 
 

 
Fig. 8.  Gain measurements for receiver in HAM 430 – 440 MHz 

(70 cm) band. 
 

NF measurements were performed for receiver paths in 
each of the bands. For these measurements, additional 
Agilent 346A noise source was used as noise reference. 
Measurement results for receiver in HAM 900 – 928 MHz 
(33 cm) band are given in Fig. 9. 

Noise figure measurements for each frequency point 
were performed twice, in order to estimate measurement 
accuracy. 

 

 
Fig. 9.  NF measurements for receiver in HAM 902 – 928 MHz 

(33 cm) band. 
 

IP3 measurements were performed for receiver paths in 
each of the bands. Measurement results for receiver in 
Cellular Band 7 are given in Fig. 10. 

 

 
Fig. 10.  IP3 measurements for receiver in Cellular Band 7. 
 
P1dB measurements were performed on transmitter 

paths of each of the bands. Fig. 11 presents Gain vs input 
power, while Fig. 12 gives output power vs input power for 
HAM 2 m band. In Fig. 13 measurement results of output 
power at 1 dB compression point and saturation power vs 
frequency are presented. 

 
Fig. 11.  Gain vs Pin measurements for different frequencies,  

for transmitter in HAM 145 MHz (2 m) band.  

 
Fig. 12.  Pout vs Pin measurement results for different 

frequencies, for transmitter in HAM 145 MHz (2 m) band. 
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Fig. 13.  Output power at 1 dB compression point and saturation 
power vs frequency measurement results for transmitter in HAM 

145 MHz (2 m) band. 
 
Measurements with LTE signals were performed for 

each of the cellular bands. Adjacent Channel Power Ratio 
(ACPR) measurements for Cellular Band 2 are shown in 
Fig. 14. Test signal LTE TM3.1 with 20 MHz bandwidth 
was used. It can be noted that for the modulated output 
power of 23 dBm ACPR is better than -49 dBc. 

 

 
Fig. 14.  Cellular Band 2 ACPR measurement results 

 
IV. CONCLUSION 

 
This paper presented the LimeRFE board – a software-

definable RF front-end module for SDR platforms. Since it 
follows the software defined radio paradigm, it is easily 
reconfigured for operation in desired frequency band. This 
board can be connected to any of the Lime microsystems’ 
SDR family platforms, as well as with any SDR platform in 
general, providing a full radio solution for numerous 
applications, from HAM radio to standards-compliant 
cellular networks. 

Combination of a general purpose computing platform, 
SDR capable transceiver, and open-source software-
definable RF front-end will provide open, compact, and 

affordable all-round radio platform. With proper software 
support from the community it will provide unprecedented 
benefits. By combining LimeNET-Micro [9] with 
LimeRFE such a platform is readily available (Fig. 15). 

 

 
Fig. 15.  LimeNET Micro & LimeRFE – all-round, open, compact 

and affordable radio platform 
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Cogita by Vtool – A new approach to simulation 
debugging 

Hagai Arbel

Abstract – This paper describes Cogita – a simulation 
debugging platform developed by Vtool. It describes a real-
life case study that was conducted by one of the customers 
in order to measure Cogita’s efficiency vs. traditional 
debugging methods.  

Keywords – Simulation, Debugging, log-files, Data 
Analysis. 

I. ABOUT VTOOL’S COGITA

Vtool has produced a new, next-generation debug 
solution named Cogita. [1] 

Cogita takes an abstract, visual approach to debug that 
solves many of the issues of failure analysis and debug. It 
incorporates state-of-the-art ergonomic, visualization 
technology, makes use of psychological studies into 
problem-solving and large scale data analysis, and applies 
modern Machine Learning (ML) algorithms in order to 
examine large data sets in a cognitive manner. 

Cogita has been proven to accelerate the debug process 
anywhere from 3X to 10X compared to the alternatives, log 
files and wave forms debugging or interactive software 
debugging. 

Cogita can be applied to large-scale block verification, 
particularly tuned to operate with complex UVM 
testbenches. It also brings unique debug capabilities in 
tracking down intricate corner cases from SoC verification 
runs.  

A. Improvements to the debug process

Cogita applies the following improvements to the debug
process: 

● Reduces the chance of taking an incorrect
assumption for granted.

● Supporting the process of asking the right
questions.

● Validating assumptions and answering questions
faster.

● Revealing possible paths that are otherwise easily
overlooked.

B. Key benefits

The key benefits of Cogita are:

● Accelerates debug time, up to an order of
magnitude, for a broad range of complex bug types. 
Given that debug represents 25% of the entire
development time of a semiconductor, this
represents a huge resource-saving and time-to-
market advantage.

● Improves design and verification quality over and
above coverage assessment through visibility into
verification scenarios, allowing a clear
understanding of convoluted design code for easy
team communication and cooperation.

● Extends debug for large-scale systems on
hardware-software co-verification. [2]

II. BACKGROUND AND PROBLEM DEFINITION

Company-X develops complex ASICs and FPGA that 
facilitates massive traffic from CPUs to memory. The main 
module of the system (the DUT) and the UVM testbench are 
illustrated in Fig. 1. 

Company-X verification team assessed from previous 
projects that such subsystem verification will take 10 
months for 4 engineers. 

Below we explain the main functionality of the DUT and 
testbench and the challenges in debug that Cogita, later on, 
was able to solve. The DUT, in essence, accepts 
READ/WRITE layered packets via the YBUS OB UVC. 
When these packets are aimed at the AXI4 interface on the 
right-hand side, they are called DIRECT. The DIRECT 
datapath is the simpler one but it has many complications on 
its own:  

● Each read or write packet contains many fields that
are later on translated to AXI4 bursts. The AXI4
UVC Slave responds to the packets and the DUT
processes the response and sends out a YBUS
response to the YBUS IB UVC.

Hagai Arbel is with Vtool DOO, Milutina Milankovica 1G, 
Novi Beograd. E-mail: hagai@thevtool.com. 
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Fig. 1. The DUT and testbench 

● There is a complex logic that transforms YBUS 
packets to AXI4 bursts. This also depends on the 
DUT configuration and Lookup Tables that are 
injected dynamically via the APB and the AXI4-
L UVCs. 

● The whole process is executed interleaved for 16 
channels. 

In parallel to the DIRECT path (and interleaved over 
the YBUS OB and IB interfaces), the INDIRECT 
datapath operated. This path is even more complex: 

● In the WRITE INDIRECT path, the data that 
arrives in from YBUS OB UVC is layered to L4 
packets, L2 packets, and YBUS Requests. 
Descriptors that are read from the DESC UVC, 
are telling the DUT how to pack the data and 
send it over the AXI-Streaming four interfaces. 

● Similar mechanisms are used on the read side. 

There is another datapath from the APB to the YBUS 
IB and back. 

A fully random test in this testbench has a matrix of 
processed data that is almost impossible to track: 

● Six different datapaths 
● Three layers of packets and complex transform 

mechanism to/from the memory system. 
● 16 parallel and interleaved channels. 

Waveforms are almost useless in order to grasp what 
is happening in the test and in the testbench because they 
only show the DUT’s signals.  Without Cogita, the only 
way to analyze the sequences and the scoreboard is the 
log file. 

In order to try and debug these complex tests, the team 
added a lot of UVM messages. But even then, they ended 
up with log files of 20 million lines or more, 2-5G of data. 

Every failing test triggered many questions and 
challenges: 

● What happened in this test? Which channels 
were active, which datapaths, what was the 
configuration at any moment? 

● Was the layered data generated from the YBUS 
UVC legal? Did the descriptors interact well 
with the data? 

● How to correlate the events in the waveforms to 
the log file? 

● How to be able to track and analyze the data 
from the log, while still holding the bigger 
picture of the test scenario? 

The team reported that a complex debugging session 
can take hours and sometimes days when you include the 
communication with the RTL design team. In some cases, 
a failure switched hand between design and verification 
engineers for a week until the root-cause (either testbench 
issue or RTL bug) was found.   

III. CASE STUDY 

In order to test the efficiency of Cogita solving the 
above problem, the team conducted a case study. 

A. Saved player configuration 
 

First, they created a player configuration in Cogita 
that will show in one image the “story” of the test. Before 
the actual debugging of each failing test, this image was 
loaded in order to understand what happened. 
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Below are several examples of screenshots (Figs. 2 
and 3) and the conclusion the team made. 

Fig. 2. Saved player configuration 

● The test runs for 20,747 ns and then fails with 13
errors, the first one is INDIRECT WR datapath,
channel 0, data integrity error.

● The APB datapath (purple players) is active both 
on request and response sides and has only 10
packets to that point.

● The DIRECT WR and RD paths (orange
players) are active on request, AXI and response
interfaces and have 108 and 109 items
respectively.

● The INDIRECT WR path (green players) has
376 items till the failures, seems that all channels 
till 13 are active, AXI-S packets are checked
properly till the failure point.

● The INDIRECT RD path (blue players) seems to
operate well.

Since the failure is in the INDIRECT WR path, 
channel 0, the next player configuration (also saved by the 
team) provides a more relevant picture of the failure. 

Fig. 3. Indirect WR path players 

Now we can see channel 0 over the yellow player and 
that the failure happens in the third AXI-S check (the 
purple player). 

B. Debugging a failure with Cogita

In this example, after a few good transactions, errors
begin to appear, reporting data mismatch on the AXI port. 

This could mean wrong sampling by the AXI monitor, 
mismatch of expected vs. collected data in the scoreboard 
and actually, many other things. We do not know at this 
point. 

UVM_ERROR ../../src/acc_env_sb.sv(1540) @ 1563 ns: 
uvm_test_top.env.sb.ind_wr_sb_list[#5] [match_ind_wr_axis] 
AXI-S data mismatch in byte 0 CHANNEL:  5, exp: 
'h8043353c28db739f9a048e9f879c5fcd, act: 
'h78efee8e652372f58403525e1363046f 

Step 1: Open the log file in Cogita 

Loading the log file into Cogita shows the basic view 
in Cogita (Fig. 4).  

● Left side - A timeline with bars representing
messages, the higher the bar, the more messages
there are at this time. The red cursor is placed at
the first error by default.

● Right side – Messages from the log, with the
scroller placed in the time point the cursor is at.

Fig. 4. Open the log in Cogita 

Step 2 – Validating correct sampling by the monitor 

Question: Is the reported “actual” value really the 
output of the DUT or is there a sampling problem with the 
monitor? 

Answering with Cogita is easy because the engineer 
does not have to switch between viewing the log file in an 
editor and the waveform. Cogita can read data from 
multiple sources, waveform database included (vcd, trn, 
vpd, fsdb) and to jointly present them over a single 
timeline. Fig. 5 clearly shows the error message, the 
relevant signals of the AXI-S I/F. 
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Fig. 5. Looking at waveforms 

Answer: Yes, Is the reported “actual” value really the 
output of the DUT. 
 
Step 3 – Looking for the actual and expected data at the 
input 

 
Question1: Was the expected data sent over the input 

to the DUT and when? 
Question2: Was the actual data sent over the input to 

the DUT and when? 
Answering each of the above questions is extremely 

confusing without Cogita. One would have to search the 
log, for two different values, open the waveform viewer, 
look again, extracting the time point, etc. Not that it is 
impossible; It is time-consuming and more importantly, 
prone to the kind of mistake that send one back to the 
debug starting point.  

 

 

Fig. 6. Looking at “expected” and “actual” players 

With Cogita, we simply create two new “Players”, as 
shown in Fig. 6.  

Answer: Both expected and actual data were sent over 
the input. Actual (Fig. 6, Brown player) first at 1215 ns 
and Expected (Fig. 6, Green player) at 1267 ns.   
 
Step 4 – Analyzing the data channels 

 
So now, we know that both expected and actual data 

from the error were sent into the DUT.  
 
Question: To which channel each data belongs? 
To answer this question with Cogita, we set the Height 

of the bars to represent values of interest from within the 
message. 

As shown in Fig. 7, each player’s Height represents 
the channel number. It is clearly visible that expected data 
(starts with h’8043) was sent over the input with channel 
5, while the actual data (starts with h’78ef) has channel 
number 4. Since the UVM_ERROR at the end has a 
height of 5 (it checks channel 5), we conclude that the 
DUT had switched the data from channel 4 onto the 
output of channel 5. 

 

 

Fig. 7. Looking at Channels 4 and 5 

Answer: Data h’78ef belongs to channel 4 but sent out 
over channel 5. Data h’8043 belongs to channel 5 and is 
lost. This is an RTL bug. 

 
C. Debug process summary  

 
In this case study, the debug process with Cogita 

included three steps. 
Cogita helped the process in several ways: 
1. Each answer leads to the next meaningful question. 
2. Finding the answers (or validating the assumptions) 

is much faster. 
3. The chances of taking a wrong turn, restarting the 

debug process all over, is almost impossible using Cogita.
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IV. COMPARISON 
 

This chapter shows a comparison between Cogita and two 
traditional debugging methods, both use Synopsys debugging 
tools. The first is the DVE waveform viewer and the second is 
Verdi, step-by-step debug.  

The team had created the tables I and tables II-IV in 
order to assess Cogita’s efficiency. Cogita accelerated the 
debug process in many aspects. When it comes to junior 
engineers and complex systems, Cogita has an added 
value of helping in understanding the system and the test 
scenarios.  

 
TABLE I 

PROJECT PROPERTIES 
 

Category Project attribute 

Company Company X 

Design type Packet Manager 

Team 4 verification engineers, 3 
designers 

Device Under Test (RTL) size 25,000 RTL lines 

Test Bench (System Verilog) 
size 

100,000 System Verilog 
UVM lines 

 
 

TABLE II 
COMPARISON BETWEEN COGITA AND TRADITIONAL DEBUGGING 

TOOLS - DVE 
 

Category DVE Waveforms + Log Files 
(Synopsys) 

Tool ramp-up None - We assume everybody 
knows how to use them 

Ability to understand 
immediately what the test 
generally did 

Impossible 

Time for the test case debug Assessing over one hour 

Debugging speed factor for 
senior engineer - On average 

1 

Debugging speed factor for 
junior engineer - On average 

1 

Helping communication 
within the team 

Limited - attaching a 
waveform snapshot to the bug 
description 

 

 
 

 
TABLE III 

COMPARISON BETWEEN COGITA AND TRADITIONAL DEBUGGING 
TOOLS - VERDI 

 

Category Verdi step-by-step 
(Synopsys) 

Tool ramp-up We already knew this but it 
took the team a few months to 
learn 

Ability to understand 
immediately what the test 
generally did 

Impossible 

Time for the test case debug Assessing we would not use 
Verdi - It would not be 
efficient for this failure 

Debugging speed factor for 
senior engineer - On average 

1.5X 

Debugging speed factor for 
junior engineer - On average 

1.5X 

Helping communication 
within the team 

Limited - attaching a 
waveform snapshot to the bug 
description 

 
 

TABLE IV 
COMPARISON BETWEEN COGITA AND TRADITIONAL DEBUGGING 

TOOLS - COGITA 
 

Category Cogita 
(Vtool) 

Tool ramp-up Two weeks for the basic level. 
One month for very high 
efficiency 

Ability to understand 
immediately what the test 
generally did 

Very easy 

Time for the test case debug 10 minutes 

Debugging speed factor for 
senior engineer - On average 

5X 

Debugging speed factor for 
junior engineer - On average 

10X 

Helping communication 
within the team 

Helps a lot - We used Cogita 
in bug reports and 
communication 
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IV. CONCLUSION 

 
This case steady demonstrates Cogita’s efficiency in 

finding bugs during pre-silicon ASIC simulations. By 
applying new approach to data analysis, it helps 
verification team finding bugs faster than ever before. 

This entire debug session took 10 minutes of work. 
The engineer who conducted this had only a few weeks 
of experience using Cogita. The engineer assessed that it 
would take at least five times to debug this error without 
Cogita. 
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OTA-C Filter Synthesis Based on Existing LC 
Solutions 

Vančo B. Litovski, Jelena Milojković, and Miljana Milić

Abstract: The problem of synthesis of high frequency analog 
integrated CMOS circuits is visited. Theory is developed and 
implementation demonstrated for synthesis of analog OTA-C (or 
GM-C) filters based on existing low-pass LC solutions. Instructive 
example is given produced by the RM software for filter design. 
This report may be considered as a case study supported by a rather 
complex design example. 

Keywords – Filter design, OTA-C filters, Gm-C filters, CMOS 
integrated filters, High frequency filters, Cascade circuit synthesis. 

I. INTRODUCTION

One of the problems encountered in high frequency 
analog integrated filter production is the area needed to 
produce an inductor. It is realized in a form of a flat spiral 
line the inductance of which is limited not only by the area 
but by its huge parasitic capacitance. One such inductor 
realized in CMOS was reported in [1]. 

The most important electrical parameters of an integrated 
inductor are the inductance (L), its resistance (R), its 
parasitic capacitance and its Q-factor (Q) as a secondary 
parameter. The layout of one inductor of this kind is depicted 
in Fig. 1a. One may see that the wires are twisted to reduce 
the parasitic capacitance. This inductor is specific in the 
sense that it has a tap terminal allowing specific uses. Fig. 
1b depicts the dependence of the reactance and the resistance 
of the integrated inductor on the signal frequency which is 
an additional problem when designing filters with this kind 
of components. The numerical values of the equivalent 
circuit depicted in Fig. 1c, at f=2.43 GHz, are i=6 nH, Rs=9.3 
Ω, Cs=220 fF and Gs=0.2 mS. The value of the Q-factor is 
Q=8.33. 

To avoid such a component, attempts were made to find 
an active circuit that simulates the inductance good enough 
to be implemented in high frequency CMOS integrated 
circuits.  

a) 

b) 

c) 
Fig. 1. Planar integrated inductor. a) layout, b) Frequency 

dependence of the impedance, and c) Equivalent circuit of the half 
of the inductor 

There are many solutions offering a simulated inductor 
using active components and capacitors. These are based on 
the concept of NIC (negative impedance converter) which 
will be not elaborated further here as a general circuit 
theoretical issue. The main difference in all such circuits if 
high frequencies are planned to be used is related to the 
active component. Namely, the CMOS operational amplifier 
(OA) performance is not good enough for these purposes so 
that the OTA (operational transconductance amplifier) took 
over. Based on that solutions were found for the simulated 
inductances [2][3] of which we will later on elaborate the 
one based on gyrators [4] and described in [5]. 

The OTA itself is not perfect, too. Its main characteristics 
are the frequency dependence of its transconductance and 
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output capacitance. Ideally, one would like to have a perfect 
OTA which means a component with zero valued output 
capacitance and frequency independent controllable 
transconductance. There is no such perfect component, 
however, despite the fact that improvements are reported 
almost on daily basis [6]. As an example Fig. 2 depicts the 
frequency dependence of the transconductance of an OTA 
[7] obtained by simulation while Fig. 3 depicts the 
corresponding output impedance. As can be seen high 
frequencies are reached (cut-off frequency is claimed to be 
567 MHz) the transconductance being much more frequency 
independent than the output impedance. Unfortunately 
neither the transconductance nor the output impedances is 
given in absolute values so one is not capable to extract 
further conclusions. 

a) 

b) 
Fig. 2. a) Transconductance and b) Output impedance (modulus) 

as a function of frequency [7] (Courtesy of the authors) 
 

The fundamental idea of implementation of simulated 
inductance is based on the availability of LC cascaded 
circuits which are synthesized by some other filter synthesis 
software system or even extracted from an existing 
catalogue such as [8]. In that way the inductors are 
substituted by an equivalent circuit containing OTAs and a 
capacitor and the rest of the filter elements (capacitors) 
remain the same. That, of course, is a very attractive method 
and even designer with extremely limited knowledge of 
filter design can produce successful designs. 

In this paper we will review very briefly the equivalent 
circuit to an inductor and demonstrate how the synthesis is 
functioning. Equivalent circuits to the corresponding LC 
cells realizing proper transmission zeros will be introduced.  
The method described here will be tested using ideal OTAs 

(infinite output impedance) to check for the synthesis 
process and not for the properties of the practical realization. 
The example given is rather complicated confirming the 
effectiveness of the synthesis method. It was produced by 
the RM software for filter design [9][10][11].  

 
II. SIMULATING INDUCTORS BY GYRATORS 

 
The fundamental building block which will be used to 

create the simulated inductor is the gyrator as depicted in 
Fig. 3. 

 
Fig. 3. Gyrator realized by a pair of OTAs 

 
For this circuit the nodal equations are: 
 

 
1m2

2m1
VgI

VgI
⋅−=

⋅=
  (1) 

 
When loaded by an impedance ZL, the output voltage will 
be: 
 

2L2 IZV ⋅−=    (2) 
 

After substitution in (1) one gets 
 

 1L
2
m1 VZgI ⋅⋅=  (3) 

 
For )jω/(1L CZ =  , one has 
 

ejω
1

jω

2
m1/1 LC

gVI ==       (4) 

 
where 
 

2
m/e gCL =    (5) 

 

A gyrator loaded by capacitor will behave as an inductor. 
Since the capacitor has one terminal grounded the resulting 
simulated inductor will be grounded, too.  

It is up to the designer to decide whether to use a fixed 
value for the transconductance or for the capacitor in order 
to create the desired value of the inductance. Namely, the 
transconductance may be voltage controlled while the 
voltage digitally created which means that, in general, finer 
granulation may be achieved. The capacitance is 
programmed by connecting and disconnecting incremental 
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capacitances already available on the chip. From the 
functionality point of view, however, there may be an 
additional consideration. Namely, one would prefer smaller 
transconductances since in that case the output impedance is 
expected to be larger which makes the component nearer to 
the perfect OTA. If the transconductance is chosen to be 
variable this opportunity will be not available.  

 
A. Simulating a floating inductor 
 

The schematic depicted in Fig. 4 represents a connection 
of two gyrators and a capacitor to produce a floating 
inductor. To show that we will write the nodal equations for 
the circuit as 

 

02m1mCjω
m2

m1

=+−⋅
⋅−=

⋅=

VgVgVC
CVgI

CVgI
 (6) 

 

After eliminating VC from the third equation and having 
in mind I1= -I2, one gets 

 

2
m

jω

1
21L

g

C
I

VVZ =
−

=   (7) 

 
This means that the circuit of Fig. 4 behaves as a floating 

inductor of inductance 
 

2
m/e gCL =   (8) 

 
Note, at ω=0, from (6) one gets V1=V2 which 

corresponds to real inductor. The voltage VC is undefined 
and so are the currents I1 and I2. The last two will be defined 
by the outer circuit as is the case with the inductor. 

 
Fig. 4. Floating inductor realized by two gyrators and a capacitor 
 
B. Simulating an ideal transformer 

 
To produce a simulated transformer based on gyrators 

one may use the circuit of Fig. 5. 

 
Fig. 5. Transformer simulated by two gyrators 

Following are the nodal equations of this circuit 
 

02m21m1
0m22

0m11

=+−
⋅−=

⋅=

VgVg
VgI

VgI
  (9) 

 
The transformer’s equation is now 
 

m2
m1

1
2

g
g

V
V

=   (10) 

 
Note the transformer depicted here has one terminal of 

both input and output, grounded. That is acceptable for the 
implementation of the cell realizing complex transmission 
zero (D-section) depicted in Fig. 14.6b. 

Negative “turn-ratio” may be obtained by inverting 
(interchanging the input terminals of) both transconductance 
amplifiers in one of the gyrators. 
 
III. GM-C CIRCUIT SYNTHESIS 
 

The circuit synthesis of this kind of filters is 
straightforward. One is to synthesize first an LC filter using 
a conventional synthesis procedure using a conventional 
synthesis program e.g. cascade_LP of the RM software. 
Of course, one may use data from catalogues [8] too. The 
next step is to substitute the inductors and, if necessary, 
transformers with their models using OTAs. This stem is 
performed by the GM_LC program of the RM software. 
Here we demonstrate the equivalent circuits. A limited set is 
given to save space. Nevertheless, this set is satisfactory for 
most physical realizations especially when low-pass circuits 
are sought. 

 
Fig. 6. A grounded simulated inductor 

Fig. 6 depicts the equivalent circuit to the grounded 
inductor. As can be seen from now on the transconductance 
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is considered a constant while the value of the capacitance is 
evaluated from (5) to be 

 
2
mgLC ⋅=   (11) 

 

 

Fig. 7. A cell realizing a transmission zero at the ω-axis 
At ω=0 the equivalence is failing since no current flow 

towards the ground is possible. In the case of synthesis of 
Gm-C filters based on LC prototypes this problem is usually 
mitigated by the fact that the inductor is either connected in 
series with a capacitor or there are two capacitors (to the left 
and to the right) which disconnect the inductor from DC 
signals. This will be demonstrated later on by the cell 
realizing a complex transmission zero without a transformer. 

 
 

a) 

b) 
Fig. 8. SPICE simulation results for the example. a) The overall gain and group delay and b) the passband gain at the band edge 

This equation may be used as a reference when 
choosing the value of the transconductance. Namely, a 
small transconductance e.g. gm=10-6 S, would produce 
extremely small capacitances. If, for example L=100 μH, 
one would produce C=0.1 fF which is fairly small value 
and is in the range of the parasitic capacitances in any 
CMOS technology. In the opposite case, when large gm 
is chosen, the resulting capacitance may become very 
large. For example, if gm=10-1 S, and L=100 μH, one gets 
C=10 nF. It seems that for this inductance a value of 

gm=10-3 S, would be preferable. The question is, 
however, which is the output resistance of such an OTA. 
If satisfactory, the goal is reached. If not, one must go for 
a compromise. 

Fig. 7 depicts the equivalent circuit to the one 
realizing a pair of transmission zeros at the ω-axis. 

 
 
 

IV. DESIGN EXAMPLE 
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As an example a 9th order LSM [9] filter exhibiting 
amax=3 dB attenuation in the passband will be used. The 
stopband attenuation was set to amin=50 dB. The cut-off 
frequency was set to 43 kHz and, as can be seen, gm= 10-

6 S was used. The normalized poles an zeros of the 
transfer function of the LSM filter are given in Table 1. 
Fig. 8. depicts the SPICE simulation results. 

TABLE I. NORMALIZED ZEROS AND POLES OF THE EXAMPLE 
LSM FILTER 

Zeros 
Real part Imaginary part 

0.000000000e+000 ±1.207678823e+000  
0.000000000e+000 ±1.347839032e+000  
0.000000000e+000 ±1.774177189e+000  
0.000000000e+000 ±3.290123935e+000  

 
Poles 

Real part Imaginary part 
-7.170315101e-002 ±9.991239141e-001  
-2.565027588e-001 ±9.818358904e-001  
-1.451251999e+000 ±0.000000000e+000  
-5.858625045e-001 ±9.061210530e-001  
-1.112461676e+000 ±6.430061028e-001  

 
To show the schematic of the resulting GM-C filter 

excepts from the .html report file produced by the 
GM_LC program are given below. 

 
 
 

 Welcome to The Electronic Filter Design 

Software  
EXTRACTION OF THE CELLS  
-------------------------------------------------------------------- 
k=1 (th)   ZERO AT THE IMAGINARY 
AXIS=3.2901239e+000  
-------------------------------------------------------------------- 
The capacitance (denoted L) within the simulated 
inductor is L*gm*gm=5.2452831e-013  
Cp=2.1382177e-009   Cm=2.4127365e-010   Cs=-
2.1680919e-010  
Node_i=1  Node_o=2  

 
-------------------------------------------------------------------- 
k=2 (th)   ZERO AT THE IMAGINARY 
AXIS=1.7741772e+000  
-------------------------------------------------------------------- 
The capacitance (denoted L) within the simulated 

inductor is L*gm*gm=5.8743338e-013  
Cp=6.2896543e-009   Cm=7.4088491e-010   Cs=-
6.6280975e-010  
Node_i=2  Node_o=3  

 
-------------------------------------------------------------------- 
k=3 (th)   ZERO AT THE IMAGINARY 
AXIS=1.3478390e+000  
-------------------------------------------------------------------- 
The capacitance (denoted L) within the simulated 
inductor is L*gm*gm=2.2310528e-013  
Cp=6.8013276e-009   Cm=3.3800058e-009   Cs=-
2.2579092e-009  
Node_i=3  Node_o=4  

 
-------------------------------------------------------------------- 
k=4 (th)   ZERO AT THE IMAGINARY 
AXIS=1.2076788e+000  
-------------------------------------------------------------------- 
The capacitance (denoted L) within the simulated 
inductor is L*gm*gm=2.6055821e-014  
Cp=-4.4624834e-009   Cm=3.6049205e-
008   Cs=5.0929306e-009  
Node_i=4  Node_o=5  

 
------------------------------------------------------  
k=5 (th) ZERO AT INFINITY: parallel capacitance 
C=9.3862427e-010  
Node_UP=5 Node_Down=0 

 
 
------------------Residual load impedance-------------------- 
Residual is resistor (Implemented in the SPICE 
description)   and   R=1.0000000e+003  
Node_end=5  
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======================================== 
Here ends the synthesis process 

 
V. CONCLUSION 

 
A case study of synthesis of an low-pass GM-C filter 

was reported.  It was shown that if an LC prototype is 
available (taken from a catalog e.g. [8] or produced by a 
dedicated software e.g. [9]) one may easily synthesize a 
proper GM-C equivalent. The example given here is 
related to a low-pass filter but, in general, no limitations 
exist as to where is the location of the passband of the 
filter. It is our experience [9] that transmission zeros of 
any kind may be realized by production of GM-C cells 
equivalent to the ones realized as LCM (M stands for use 
of transformers). It is our intention to further study the 
properties of the obtained solution in order to learn on the 
influence of the imperfections of the OTAs to the 
properties of the filters. 
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Parallel synthesis of active RC filters revisited 
Dejan Mirković, Jelena Milojković and Vančo Litovski 

Abstract - In early attempt to design parallel active RC filters 
which went almost forgotten within the filter design community 
was an inspiration to develop a complete procedure which seems 
to be absolutely simple and leads to a schematic feasible for 
practical implementation. After analysis of most alternative 
solutions (synthesis based on simulated inductances; state-
variable filters; cascade solution) we are describing the complete 
algorithm for synthesis of parallel active RC filters. To verify we 
synthesized two higher order band-pass filters one as cascade and 
the other as a parallel realization. Study of the results revealed 
that, apart of the price, the parallel solution is by far in most 
electrically based aspects, preferable. 

Keywords - Analog circuits, Active filters, Circuit synthesis, 
RLC circuits, Operational amplifiers. 

I. INTRODUCTION

Active RC filters implemented in different technologies 
such as discrete PCBs, hybrid and monolithic integrated 
circuits are around almost for half a century now and the 
feeling [1], [2] is spread that this issue is settled and the 
main alternative to convert the transfer function into a 
schematic is cascade synthesis. Accordingly, a wide variety 
of cells realizing biquad functions were developed intended 
to be cascaded to produce a higher order function [3]. 
Unfortunately, this process of conversion of a transfer 
function into a cascade leads a long way encompassing 
several serious algorithms to be implemented and leaving 
ambiguities which are still not resolved satisfactorily. 
There are some less frequently used alternatives such as 
state-space realization [5] which is stemming from the non-
factored representation of the transfer function, and a 
realization based on simulated inductances [6] using an 
intermediary step – passive LC synthesis. The last two 
methods are not frequently implemented for higher order 
transfer function which will be addressed later on. 

While parallel implementation is frequent in design of 
digital IIR and switched capacitor filters, to our knowledge 
there was a single systematic attempt to implement parallel 
realization of active RC circuits [7]. In [7], an effort was 
made to produce a realization implemented in hybrid 
technology with limitations on the capacitance values more 
economical than the cascade on the expense of reduced 

sensitivity. To achieve that the author created a specific 
(multiple input and multiple output) cells with reduced 
number of capacitors which we find the main reason for 
this method not to be further investigated.  

In these proceedings we will develop a straightforward 
procedure for parallel synthesis based on repetitive use of 
one type of widely known and frequently used second 
order cell [4]. To our knowledge this is the first complete 
description of the procedure. To come to a base for 
comparison with a cascade solution, high order band-pass 
filters will be synthesized by both techniques and their 
properties evaluated. At least basically, similar comparison 
was made for switched capacitor filters in [8] but on a 
much smaller scale. Also, in [8] the comparison is made for 
filters operating in the lower audio band so avoiding to 
consider the influence of the imperfections of the 
operational amplifiers. 

In the sequel we will first give a glimpse to the 
synthesis procedures based on cascade, state-variable, and 
passive LC realizations. Then we will fully develop the 
method for synthesis of parallel active RC circuits. Finally, 
a case study will be presented enabling comparison of the 
cascade and parallel procedure. 

II. CASCADE SYNTHESIS OF ACTIVE FILTERS

In this section the synthesis of active RC filters in a 
form of a cascade of second order cells (in the case of odd-
order filters one additional first order cell is needed) will be 
discussed. 

The transfer function is usually expressed in the 
following form,  

( )

( )
1

0

1

( )

m

i
i
n

i
i

s z
H s A

s p

=

=

−

=

−

∏

∏
 (1) 

where n is the order of the filter, m is the number of finite 
transmission zeros, s is the complex angular frequency, z = 
= {z1, z2, …, zm} is the vector of finite transmission zeros, 
p = {p1, p2, …, pn} is the vector of poles, and A0 is a 
constant defining the gain of the filter at the central 
frequency of its passband (ω0).  

The creation of a cascade realization corresponding to a 
given transfer function faces many challenges the main of 
which will be listed below. 

The transfer function (1) may be created in a large 
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number of variants depending of the pairing poles and 
zeros into biquads and depending on the ordering of 
biquads so obtained. According to one study, for example, 
in the case of n=m=8, there are 18 possible combination to 
create biquads while for n=m=12, one may create 1350 
combinations. Of course, in the similar way rises the 
number of filter structures due to the ordering of the 
biquads in the cascade. To choose among all combinations 
a procedure is to be implemented enabling pairing in order 
to get optimal biquads and ordering of the biquads in order 
to get optimum from linearity and noise point of view. That 
may improve the final solution from noise, linearity, and 
range of element values i.e. total silicon area point of view 
[9]. The following rules are advised: Pairing the transfer 
function poles having highest imaginary part with the 
attenuation poles having minimal frequency; High-Q 
sections should be in the middle; All-pass sections should 
be near the input; Last stages should be high-pass or band-
pass to avoid output dc offset. 

After that, depending on the properties of a cell such as: 
Type of the cell-function (low-; band-; high-; all-pass or 
notch); Order of the cell-function (first or second); Sign of 
the gain (inverting or non-inverting); Type of the 
transmission zeros (at the origin; at infinity; pair on the 
imaginary axis; complex pair in the right-half plane; real 
single in the right-half plane; mixed in several 
combinations);  Value of the Q-factor of the pole (low or 
high); a choice is made as to which circuit (cell type) 
should be the most appropriate for realization [1]. Note we 
came to the number of 22 of different cell types which need 
a proper circuit realization. The very cell structure and the 
element value calculation are usually based on the literature 
e.g. [4]. 

Everything settled, for a prescribed overall gain G0, an 
algorithm is to be implemented to correctly distribute the 
gain to the cascaded cells and recalculate the element 
values. 

 One should have in mind that the resolution between 
high and low Q of a pole is in essence arbitrary and, what is 
more problematic, abrupt. It looks as if the boundary 
between high and low Q is depending on the cell itself and 
not on a universal criterion. Here comes the absence of 
solutions for the “medium Q” which seems to be the most 
frequent one. 

Having all this in mind one may conclude that synthesis 
of active RC circuits of higher order in a form of a cascade 
of second order cells is complex and challenging a task, 
and being pessimistic, one may say a never finished task. 

 
III. SYNTHESIS BASED ON SIMULATED 

INDUCTANCES AND THE STATE VARIABLE 
APPROACH 

 
Having available large amount of already synthesized 

passive LC filters of many kinds in the literature e.g. [2] an 
approach was developed to create active RC and Gm-C 

filters by different circuit transformations mostly based on 
circuits simulating the inductance [6], [10]. 

Catalogues, however, despite the fact being very useful, 
are not covering many important solutions and limit the 
designer to solutions which may not be the most 
appropriate for the problem to be handled. For example, 
second-order Chebyshev type II and Elliptic filters never 
have asymptotic slope larger than 12 dB/oct. In addition, 
equi-ripple approximation of constant group delay and 
phase correctors are nowhere to be found catalogued. 
Accordingly, we think that in many cases the catalogues 
are not sufficient. If so, one goes for synthesis of its own 
transfer function and creates LC circuit that realizes it. 
Such an example function will be used throughout this 
paper [11]. It is based on LSM filters [12] but extended 
with complex and zeros on the axis of real frequencies.  

LC filters are usually synthesized as a cascade of cells 
realizing one transmission zero each [13]. The process is 
based on first creation of the input impedance of the filter 
which needs the solution of the Feldtkeller equation (of 
order 2n) giving the reflection zeros needed. After 
extraction of a cell the residual input impedance is 
calculated. That involves subtraction and division of 
polynomials. In the case of higher order filters higher order 
polynomials produced by the Feldtkeller equation are to be 
solved. This creates errors at the very start of the synthesis. 
Later on, the error produced by division and subtraction 
related to a cell is accumulated making the element values 
of the last cells highly unreliable even if “long double” 
arithmetic is implemented. For that reason, we find the 
technique based on simulated inductances (not to mention 
the transformers frequently needed in LC synthesis) and the 
Gm-C technique not convenient for synthesis of higher 
order filters. 

State variable filters are found to be very simple to 
synthesize provided the transfer function is given in a form 
of quotient of polynomials using summation notation. 
Analysis made in [14], however, claims that the gain-
bandwidth product of the op-amps and the bandwidth of 
the OTAs must be much larger than the desired frequency 
of operation to ensure stability. For that reason, we find the 
state-variable solution not feasible for higher order filters. 

 
IV. PARALLEL SYNTHESIS OF ACTIVE FILTERS 

 
In this section a procedure will be proposed for 

synthesis of active RC circuits in a form of parallel 
network. After proper transformation of the transfer 
function into partial fractions, choice of cells realizing the 
cell-functions of the fractions will be offered and 
procedures of calculating element values will be given. 

 
A. Decomposition of the Transfer Function 
 

The continuous time transfer function may be 
represented in a form of sum of partial fractions as follows 
[2], 
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  (2a) 

 
Note (2a) is valid for n>m only. Index e is used to 

denote a second order fraction constructed by a complex 
pair of poles while o denotes a first order fraction 
constructed by a simple real pole. Complex residue in the 
pole pi is denoted with ri. We will denote p i=σi+j∙ω i, 
z i=αi+j∙β i and r i=μi+j∙ξi. 

In the case n=m polynomial long division must be 
carried out first (as explained in [7]) which leads to, 
 

( ) 0 [1 ( )].aH s A H s= ⋅ +                      (2b) 
 

The structure of the summing circuit is depicted in Fig. 
1.  

 
Fig. 1.  Realization of the summing subsystem  

 
As can be seen an auxiliary unity gain path is allowed 

for filters having n=m. 
The summands in (2a) are given by 
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with 0 ,o oG A r= ⋅  and o oa p= − . In the above "re" 

stands for "real part" while "im" for "imaginary part".  
The residues needed for the realization of the above 

computations are obtained (for the case of simple poles) as 
follows, 

{ }lim ( ) ( ) ( ) ( )
ii i i s p

i

r s p H s s p H s
s p

== − ⋅ = − ⋅      
→
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Accordingly (3a) and (3f) may be rewritten as.  

 

( ) 0,
2

1, 0,

i i i
e

i i

G s G b
H s

s a s a

⋅ + ⋅
=

+ +
                       (5a) 

 
with 
 

02 μ ,i iG A= ⋅ ⋅                             (5b) 
 

( )
( )

0
0,

0

2 μ σ ξ ω ,ξ ω 0
,

2 ξ ω -σ μ ,ξ ω 0
i i i i i i

i i
i i i i i i

A
G b

A
− ⋅ ⋅ + ⋅ ⋅ >⋅ =  ⋅ ⋅ ⋅ ⋅ ⋅ <

        (5c) 
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and 
 

( ) 1
o o

o
H s G

s a
=

+
                           (5e) 

 
with 0 0 0μo oG A r A= ⋅ = ⋅  and 0o oa p σ= − = − . 

The developments expressed so far are (apart of the 
notation) equal to the ones used in [7]. The difference and, 
accordingly, the novelty we are introducing, is in the use of 
standard and universally accepted circuits (cells) which are 
realizing (5a) and (5e) in the place of “multiple entry” cells 
used in [7]. Since two types of cell transfer functions are in 
view, only two types of circuit cells will be involved. Note 
that the second order cell has one zero at infinity and 
another on the real axis of the frequency plane being not 
restricted to any part of the real axis. 
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B. Second order cell design 
 
According to the literature there are several concepts 

for creation of second order cells mainly intended to be 
used in cascade synthesis of active RC filters. The specifics 
of parallel synthesis may be seen from (5a) which represent 
a second order cell with a zero at the real axis of the 
complex frequency plane. 

There were several cells already proposed at the time 
that are qualified for implementation in a case of transfer 
function containing a zero at the real axis. For the sake of 
brevity, we will discuss only the one known as Tow-
Thomas (TT) (Fig.2) [10] biquad having low sensitivities 
to parasitics.  

 

 
 

Fig. 2.  Tow-Thomas second order filter cell. 
  

To get the design equations we first simplify the 
notation. On may find easily by analogy that (5a), for a 
given cell, may be rewritten as 
 

 2( )e
s qH s g

s as b
+

=
+ +

                              (6a) 

 
Now, after circuit analysis one gets 
 

{ } ( ) ( ){ }1 1 8 2 3 7 1 1, 1 , /a b C R R R R R C C= ,            (6b) 

 

{ } ( ) ( )4 5 8 2 6
1 4

2 3 5 6 2
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R R R R R
q g C R

R R R R C
 − = − 
  

.          (6c) 

 
To get the element values we firstly adopt C1=C2=C. 

Then, we adopt R2=R3=R7=R. With that set, one may 
calculate 
 

{ } ( ) ( ){ }2 3
1 4 8, , 1 ,1/ ,R R R aC g C bC R=         (7a) 

 
and for 
 
{ } ( ){ }5 6 8 4 5, , / 1/ ,for 0R R R R R qRC R R q = + >  ,  (7b) 

 
{ } ( ){ }5 6 8 6 4, 1 / / , , for 0R R R R R qRC R R q = ⋅ − <  , (7c) 

 
{ } { }5 6 5 8 2, , , for 0.R R R R R R q= =                   (7d) 

 
Note, in the above case (g<0) both left and right half-

plane zeros at the real axis are possible i.e. q>0 and q<0 is 
allowed. To keep this property, when the gain is positive 
we introduce inverters for every such cell. 

 
C. First Order Cell 

 
The first order cell is a simple inverter-integrator circuit 

as depicted in Fig. 3.  
 

 
 

Fig. 3.  Inverting-integrator first order filter cell. 
 

To accommodate to the sign of the first order fraction 
we suggest using an additional inverter.  

The transfer function may be expressed in the form  
 

o / ( )H g s a= +                                (8a) 
 
where by analogy we have 
 

1C C= , ( )1 11R g C= , ( )2 11R aC= .            (8b) 

 
Of course, the value of C1, it may be chosen to be equal to 
the capacitances used within the TT cells. 

 
V. A CASE STUDY 

 
The example used for comparisons will be a wideband 

16th order band-pass filter with central frequency at 10kHz 
and with relative bandwidth of 65%. We used an 8th order 
selective LSM low-pass filter having its group delay 
corrected by transmission zeros in the right-half plane [11] 
as a prototype. The final version was obtained after low-
pass to band-pass transformation. The poles and zeros of 
the filter to be synthesized are given in Table I. 

Two filters were created one as parallel and another as 
cascade using the RM software for filter design [16]. The 
parallel version used 8 TT cells while the cascade used 6 
TT cells, one high-pass high Q, and one low-pass high-Q 
cell [3]. Table II depicts a comparison in number of circuit 
elements used. As expected the parallel solution needs 
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more resistors and operational amplifiers while less 
capacitors. 

As can be seen from Table III the parallel solution will 
be realized with a span of the resistors more than three 
times smaller than in the cascade case, which may be 
decisive when integrated resistors are used. In addition, in 
the parallel solution all capacitances may be equal. That 
makes the parallel solution extremely convenient for 
programmable filters [17]. 

 
TABLE I 

ZEROS AND POLES OF THE EXAMPLE TRANSFER FUNCTION 
Zeros Poles 

 ± j1.5219870 −0.036474871732 ± j1.360312888830 
± j0.6570359 −0.019697178268 ± j0.734596838828 
± j1.7125020 −0.119413574934 ± j1.302119716210 
± j0.5839408 −0.069841675066 ± j0.761573566207 
0.1659470 ± 
j0.8802626 −0.171449892048 ± j1.164512716530 

0.2068132 ± 
j1.0970360 −0.123747207952 ± j0.840509116528 

 −0.173697990673 ± j1.053741406880 
 −0.152294259327 ± j0.923895356878 

 
TABLE II 

ZEROS AND POLES OF THE EXAMPLE TRANSFER FUNCTION 
Type No. Resistors No. Capacitors No. Opamps 

Cascade 60 19 20 
Parallel 64+14 16 26 

 
TABLE III 

ZEROS AND POLES OF THE EXAMPLE TRANSFER FUNCTION 

Type max

min

R
R

 max

min

C
C

 
a

%
THD

  
 

b

V/ Hz
nv

 
 

 
a

offset

V

V

  
 

Cascade 3132 1.39 0.17 0.43 0.3 
Parallel 1042 1 0.23 1.17 0.036 

a Vout =1V; b f  =10kHz 
 

The rest of the comparison will be made based on 
simulations. The results depicted in Table III are related to 
the use of the THS4211 opamp, having GBW of 140 MHz 
implemented with ±10V supply. Its gain-bandwidth 
product is advertised to be 140MHz. Its model was 
downloaded from [18]. 

Against expectations the parallel solution exhibits 
slightly larger distortions even though the “measurement’ 
took place at relatively small amplitude of the output 
signal. Opposite stands for the offset at the output, the one 
produced by the cascade solution being significant. This 
happened despite the fact that the last cell in the cascade is 
a high-pass filters as advised. The noise performance is 
according expectations.  

Finally, the amplitude characteristics (as depicted in 
Fig. 4) will be discussed. Three traces are shown: one for 
the case when infinite gain operational amplifiers were 
used (named ideal); one for the parallel; and one for the 
cascade solution. As for the passband, as can be seen from 
Fig. 4a, the cascade solution exhibits serious deterioration 
of the passband characteristic. We believe that this is a 
consequence of inadequacy of one or more cells from the 
point of view of the value of the Q of the critical pole. 

 

-3

-2

-1

0
7 9 11 13 15

G
ai

n 
(d

B
)

Frequency (kHz)

Cascade

CascadeParallel

Ideal

(a) 

-65
-63
-61
-59
-57
-55
-53
-51
-49
-47
-45

5 10 15 20
G

ai
n 

(d
B

)

Frequnecy (kHz)

Cascade

Parallel

Ideal

(b) 
 

Fig. 4.  The amplitude characteristics of the solutions using 
infinite gain amplifiers (ideal) and parallel and cascade solutions 

using the THS4211 operational amplifier. 
 

Either the threshold (between high and low Q) was 
wrongly set or one needs a cell which may be stated as one 
with medium Q. 

On the other side, Fig. 6b claims that the stopband 
response of the parallel solution is highly distorted. We 
think that this is a consequence of the smaller value of the 
gain of the op-amps than needed which makes the small 
numbers manipulated in the summing (and subtracting) 
amplifier slightly erroneous which in turn gives rise to the 
arithmetic error Better amplifier and passive components 
with small tolerances would be needed to overcome this 
disadvantage. 

To verify the claims related to the value of the gain of 
the opamps we repeated both designs with a new opamp. 
We used LTC6268-10 having gain-bandwidth 4GHz. Its 
Spice model was taken from [19]. The new simulation 
results are depicted in Fig. 5. The responses of the cascade 
and the parallel solutions almost overlap. That means that 
better operational amplifiers are needed for both 
schematics. 
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While in the case of the parallel solution we think that 
the “arithmetic” was improved, for the case of the cascade 
solution we think that the larger value of the gain improves 
the pole Q sensitivity so making the choice of high- or low-
Q cell less important. 
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Fig. 5.  The amplitude characteristics of the solutions using 
parallel and cascade solutions using the LTC6268-10 operational 

amplifier. 
 

VI. CONCLUSION 
 
In these proceedings we tried to draw the attention of 

the filter design community to an alternative to the most 
frequently used cascade synthesis. Special attention was 
paid to higher order filters which are encountered when 
selective band-pass and band-stop solutions are sought. We 
showed that the parallel implementation is, apart from the 
price, equally feasible (if not preferable) as the cascade. Its 
main advantage is related to the design algorithm which is 
straightforward and easy to program. In addition, it is 
always convenient for design of programmable filters since 
all capacitors may have the same value. Finally, 
significantly lower spread of the resistor values was 
observed in the case of parallel solution which may lead to 
significant savings in the occupied chip area.  
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Performance Evaluation of a Time-of-Arrival Based 
Indoor Localization System 

Vladica Sark, Nebojsa Maletic, Jesús Gutiérrez and Eckhard Grass

Abstract – The appearance of global navigation satellite 
systems (GNSS) has boosted the development of many location 
based services and applications. Additionally, abundancy of WiFi 
access points has brought these services and applications indoors, 
where GNSSs are not available. In indoor environments, WiFi is 
mainly used for coarse localization, since no other, widely 
available, solution exists. In order to increase the localization 
precision in indoor environments, many time-of-flight (ToF) 
solutions are emerging. These solutions are mainly working in the 
2.4/5 GHz or 60 GHz industrial-scientific-medical (ISM) band or 
they use impulse-radio (IR) ultra-wideband (UWB) technology. In 
this paper, we evaluate the performance of a time-of-arrival (ToA) 
based localization, which is using ToF. The performance of the 
ToA localization is evaluated for systems working in the 2.4/5 GHz 
ISM band. The channel bandwidths, which are evaluated, are 
typical for these bands. The performed simulations show that 
localization precision better than 1 meter can be achieved. Only 
line-of-sight (LOS) scenarios were considered. 

Keywords – time-of-flight, time-of-arrival, localization, ISM, 
line-of-sight, location based services 

I. INTRODUCTION

The appearance of global navigation satellite systems 
(GNSS) has opened huge possibilities for many location 
based applications and services. Initially, the GNSSs, or 
more specifically global positioning system (GPS), was 
reserved mainly for the military applications as well as 
marine navigation of civil vessels, mainly due to the absence 
of other high precision systems and the high price of the GPS 
equipment. With the newest advances in technology, GPS 
(also other GNSSs) receivers have become more affordable, 
smaller and power efficient. This has opened new 
possibilities for integrating them in car navigations units 
and, nowadays, in every smartphone. The GPS (and also 
other GNSSs) has an impressive advantage due to its global 
availability, previously not offered by other localization 
systems. Nevertheless, this global availability has a few 
disadvantages, which hardly would be resolved in the future. 
These disadvantages originate from the limited transmit 
power of the GPS transmitters as well as the huge distance 

between the transmitter, being a low Earth orbit satellite, and 
the receiver. The received power in an outdoor environment 
is about -130 dBm [1], which introduces a huge challenge 
for the GPS receivers. Additionally, this power goes down 
by additional 10-30 dB indoors [2] making it impossible for 
decoding even by the most sensitive GPS receivers. The 
latest advancements in GPS receiver design have shown that 
sensitivities down to -160 dBm can be achieved [2], making 
them usable in some indoor environments. Unfortunately, 
this is very limited and not possible in multi-story buildings, 
made of concrete and steel, where the additional attenuation 
is even higher than 30 dB. Therefore, many islands with no 
GPS coverage exist and severely limit many location-based 
services and applications. Additionally, in urban canyons 
(streets surrounded by tall buildings) only a limited visibility 
of GPS satellites is feasible. This strongly limits the 
positioning precision of the GPS system reducing its 
usability.  

In order to solve the main coverage problem of the GPS 
(and GNSS) systems, many indoor localization systems start 
to appear [3]. Many of them develop proprietary hardware, 
while most of the solutions try to use the already available 
infrastructure, i.e. available WiFi access points, in order to 
benefit from cheap and easy deployment.  

One of the first commercially available indoor and 
outdoor localization system is LOCATA [4]. This system is 
mainly used for outdoor applications, where the GNSS 
performance is poor or not available at all. It can be also used 
indoors for indoor navigation in factories etc. 

One of the mostly used approach nowadays is 
localization using WiFi. Many different WiFi localization 
solutions are already available. Some of the approaches use 
a database with positions of the available WiFi access points. 
These methods can perform coarse localization, with 
precision not better than a few meters, but the main 
advantage is that they are straightforward to implement and 
available in almost all urban environments where WiFi is 
deployed. There are already a few databases with WiFi 
access points and their corresponding locations available [5]. 

In order to improve the precision of the WiFi 
localization, an approach called WiFi fingerprinting is 
extensively being investigated [6]. With this approach, a 
map of received signal strength (RSS) from different WiFi 
access points is constructed. This mapping is a painstaking 
process because many measurements must be performed. 
The maps are stored in a database. When a user demands to 
obtain its position with, for example, his smartphone, the 
RSS value for each visible WiFi access point is measured. 
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The obtained RSS values are queried in the database and the 
position with the highest likelihood is found. This process 
can be quite complex and computationally intensive. 
Nevertheless, with this approach, already available hardware 
is used and no infrastructure deployment is necessary. 
Localization precision of less than 1 meter can be achieved 
[3]. Main disadvantages include creating the fingerprint 
database, which can be a long process, as well as the 
complexity of the position estimation algorithm, which in 
some cases must be performed on a high performance server 
computer, i.e. in the cloud. 

Another group of localization systems uses proprietary 
hardware in order to perform localization. The simplest 
approach is the RSS based ranging which is used to estimate 
the distance between two wireless nodes. Knowing the 
distance between the anchor nodes, i.e. nodes with known 
positions, and the mobile node, i.e. with unknown position, 
one can perform trilateration and find its position. This is a 
very simple approach, since almost every radio receiver can 
estimate the RSS value. The main disadvantage is that due 
to the multipath propagation, the free space path loss 
formula is not valid anymore, since the path loss exponent is 
lower or larger than 2 [7]. It is hard to estimate this 
coefficient correctly since it depends on the environment. 
Despite the fact that this approach leads to extremely 
imprecise location estimates, it is still being attractive due to 
its simplicity. It can be used in very simple systems, like for 
example wireless sensor nodes, which usually have very 
limited hardware and radio resources available. 

In order to achieve better precision and accuracy, usually 
methods based on ToF of the radio signal are used. These 
methods are used to estimate the propagation time of a RF 
signal between two wireless nodes. Having the propagation 
time and multiplying it with the speed of light, the distance 
between the nodes can be estimated. A few different 
approaches for measuring the ToF are possible. One of the 
simplest is to perform a so-called two way ranging (TWR) 
[8]. With this approach, the ToF, i.e. distance, between two 
wireless nodes is estimated and later used to estimate node’s 
position, using trilateration. The main advantage is that no 
precise synchronization between the nodes is required. The 
main issue is the large number of wireless transmissions 
needed for location estimation in a wireless network where 
large number of nodes demand position estimation. In order 
to avoid large number of transmission, a so-called time of 
arrival (ToA) based approach is usually used. In this 
approach, multiple anchor nodes are synchronized and 
transmit timestamped frames. Nodes that require estimation 
of their position receive these frames and estimate its own 
position. The receiving nodes must not transmit any frames 
back to the anchor nodes in order to estimate their own 
position. The main complexity of this approach is in the 
synchronization of the anchor nodes. Nevertheless, it allows 
unlimited number of users to estimate their positions. 
However, in all of the ToF based localization methods, it is 
important for the RF signals to travel the line-of-sight (LOS) 
path. Otherwise, a positive bias would be added to the range, 

or position, estimate if the non-line-of-sight (NLOS) paths 
are used for distance estimation, since these are the reflected 
paths and are longer than the LOS paths. 

In this paper, we evaluate the position estimation error of 
a ToA based indoor positioning system. We use a simulation 
approach, since finding a closed form expression for the 
error is significantly complex. 

In addition, worth mentioning is that large number of 
non-RF based localization approaches are being 
investigated. Some of them used cameras, other use inertial 
navigation, some use ultrasound etc. They would not be 
addressed in this paper. 

The rest of the paper is organized as following: in 
Section II we describe the method for position estimation in 
indoor environment, in Section III the simulation scenario is 
presented, Section IV gives the obtained results and Section 
V is concluding this paper. 

  
II. TOA LOCALIZATION 

 
A. Position estimation using ideal range measurements 

 
In a ToA based localization, multiple synchronized 

anchor nodes are transmitting timestamped frames in a 
previously defined sequence. A scenario with four anchor 
nodes and a single mobile node is shown in Fig 1.  

The anchor nodes are synchronized and share a common 
time base. The synchronization can be performed using 
wireless or wired IEEE 1588 [9] protocol or other 
synchronization method. It can be assumed that the nodes 
transmit sequentially starting at tTX1 for the anchor node 1, 
tTX2 for anchor node 2 and tTXi for anchor node i. The 
transmitted frames are received at the wireless node with the 
unknown position (ST) at times tRX1, tRX2 and tRXi 
correspondingly. The distances from the anchor nodes to the 
mobile node can be calculated as 

 
 𝑟𝑟𝑖𝑖 = 𝑐𝑐 ∙ (𝑡𝑡𝑅𝑅𝑅𝑅𝑅𝑅 − 𝑡𝑡𝑇𝑇𝑇𝑇𝑇𝑇 + 𝑡𝑡𝑂𝑂𝑂𝑂) (1) 
 

where ri is the distance between the anchor node and the 
mobile node, tTXi and tRXi are the transmission and reception 
times and tOS is the offset of the real time clocks between the 
mobile node and the anchor nodes. It is worth mentioning 
that the anchor nodes and the mobile node have different 
time base, since they are not synchronized, and the time 
difference between them is exactly tOS.  

In this paper, without loss of generality, we are 
describing a 2-dimensional case, but the process is the same 
for a 3-dimensional case.  

The distances between the anchor nodes and the mobile 
node can be calculated as 

 
 �(𝑥𝑥 − 𝑥𝑥𝑖𝑖)2 + (𝑦𝑦 − 𝑦𝑦𝑖𝑖)2 = 𝑟𝑟𝑖𝑖 = 
 = 𝑐𝑐 ∙ (𝑡𝑡𝑅𝑅𝑅𝑅𝑅𝑅 − 𝑡𝑡𝑇𝑇𝑇𝑇𝑇𝑇 + +𝑡𝑡𝑂𝑂𝑂𝑂) (2) 
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Fig. 1.  Position estimation of a mobile node and four anchor 

nodes using trilateration 
 
Eq. (2) is a quadratic equation valid for each anchor 

node. There are three unknowns in a 2-dimensional space. 
The unknowns are the position coordinates x and y and the 
time offset tOS. In order to find the position coordinates and 
eventually the time offset, the system of equations consisted 
of Eq. (2) for each anchor node should be solved. Therefore, 
for a single solution of the system of equations, four 
equations are needed. Nevertheless, even when a fully 
determined system of equations is available, its solution can 
be challenging, if it is not linear, as in this case. In order to 
solve this system, the nonlinear equations can be linearized 
and the system can be solved [1]. 
 
B. Position estimation using noisy range measurements 

 
The approach discussed is the ideal case. In real systems, 

additional noise would be present and the circles described 
by the radii r1, r2, r3, and r4 in Fig. 1, would not intersect in 
a single point. Therefore, we need to find a position that 
minimizes the sum of squared differences i.e. 

 
(𝑥𝑥�, 𝑦𝑦�) = argmin

(𝑥𝑥,𝑦𝑦)
∑ [𝑟𝑟𝑖𝑖2 − (𝑥𝑥 − 𝑥𝑥𝑖𝑖)2 − (𝑦𝑦 − 𝑦𝑦𝑖𝑖)2]2𝑛𝑛
𝑖𝑖=1  (3) 

 
where the (𝑥𝑥�,𝑦𝑦�) is the estimated position. This is a 
minimization problem, which can be solved using different 
approaches as Gauss-Newton or Levenberg–Marquardt 
algorithms [10]. With this approach, even more than the 
minimum necessary anchor points can be used in order to 
improve the precision of the noisy position estimate. 
Anyway, if less than four access points are available for two-
dimensional case, additional constraints for the possible 
positions can be introduced in order to have a fully 
determined system. Otherwise, the algorithms would not be 
able to converge.  

 
C. ToA estimation 

 
As shown in Eq. (2), time of arrival of the transmitted 

frames, tRXi, should be estimated for each frame arriving 

from the access points. The precise estimate of the ToA 
would lead to precise position estimate. Just as an example, 
if the receiver has a sample rate of 200 Msps, each 2 
successive samples would be spaced 5 ns apart. If the ToA 
is estimated with a resolution of 5 ns, this would lead to a 
distance estimation resolution of 1.5 m, because the speed of 
light is c = 300 000 km/s. Therefore, additional measures 
must be taken in order to improve the ToA estimation 
resolution. 

The ToA at the receiver can be estimated using a few 
different approaches. The simplest one is to detect the 
increase in the received power over a given threshold and to 
use this time as a ToA. This method is rather simple, but 
sensitive to noise in low SNR scenarios. 

The second approach is to transmit a pseudo-noise (PN) 
sequence with a strong autocorrelation peak. When this 
sequence is received at the receiver, it is correlated with the 
same sequence, locally generated. This would generate a 
peak, which position corresponds to the ToA. Nevertheless, 
this would only solve the issue with the noise in low SNR 
scenarios, but would not improve the ToA estimation 
resolution. Therefore, additional interpolation over the 
cross-correlation peak is performed. A quadratic 
interpolation is usually sufficient. 

In Fig. 2 a cross-correlation peak of a received PN 
sequence is shown. The time at the peak maximum 
represents the ToA. The red points are the samples of the 
peak. Additional interpolation can lead to a subsample 
resolution of the ToA estimation.  

 
III. SIMULATION SCENARIO AND LOCALIZATION 

PRECISION EVALUATION 
 
In order to evaluate the localization precision, a two 

dimensional indoor scenario was assumed. The simulation 
scenario uses a square area of 10 × 10 meters, with four 
anchor nodes positioned in the corners of the area at 
positions (0, 0), (0, 10), (10, 0) and (10, 10) meters. 

The mobile node was positioned at positions (xi, yi) 
where xi = 1, 2, .. 9 and yi = 1, 2, .. 9 meters. Dipole antennas 
with an antenna gain of 1.76 dB were assumed. It was 
assumed that the propagation loss is equal to the free space 
path loss (FSPL), since for some indoor environments the 
propagation loss can be lower or higher compared to the 
FSPL, due to constructive and/or destructive combining of 
the multipath propagation components. The noise figure 
(NF) of the low noise amplifier for the 2.4/5 GHz can go 
down to 1.2 dB, which is used in this simulation. A channel 
bandwidth of 20 MHz was used and a transmit power of 10 
dBm. The maximal transmit power in these ISM bands is 
limited to 20 dBm.  

For each position of the mobile node, a location 
estimation was performed multiple times and the location 
error was calculated. 

As can be seen in Fig. 3, the red dots represent the true 
positions of the nodes and the blue dots represent the 
estimated positions. The black dots are the anchor nodes. 
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The estimated positions are concentrated around the true 
positions.  

 

 
Fig. 2 – Cross-correlation peak of a received PN sequence 
 
The positioning error empirical cumulative distribution 

function (CDF) was also calculated using the simulation 
data. It is shown in Fig. 4. As can be noticed, 90 percent of 
the positioning errors are under 1 meter. The root-mean-
square (RMS) error for this use case was calculated to be 0.8 
meters.  

This error is comparable or even better to the systems 
reported in [3]. Nevertheless, these systems were tested in 
realistic scenarios where LOS and NLOS conditions are 
expected as well as strong multipath propagation. Having a 
narrow bandwidth, would cause significant issues when 
multipath propagation components should be resolved. 

 

 
Fig. 3 – Estimated and true position of the mobile node 

 
Fig. 4 – Empirical CDF of the positioning error 

 
Therefore, the obtained results are expected to be slightly 

worse in realistic scenarios. In order to improve the precision 
longer PN sequences can be transmitted in order to obtain 
better coding gain and larger bandwidths can be used to 
improve the multipath resolution.  

 
IV. CONCLUSION 

 
In this paper, we evaluated the precision of a localization 

system which uses ToA approach. We use additive white 
Gaussian noise (AWGN) channel to evaluate the noise 
performance of this approach. The system was evaluated 
using simulation since obtaining a closed form solution is 
not straightforward due to the nonlinearity of the system of 
equations used. It was shown that with parameters typical 
for a WiFi, working in 2.4/5 GHz ISM band, positioning 
precision of better than 1 meter is possible. 
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A Graph Perspective on Logic Circuits: Faults, 
Robustness & Eigenspectrum 

Miljan Petrović 

Abstract – Graphs can be used to model logic circuits with 
vertices denoting nodes of the electrical network and edges 
representing connections between nodes through a logic gate. 
Consequently, linear algebra, perturbation and spectral matrix 
theory provide a framework for exploration of concepts such as 
circuit robustness, and fault detection and identification. This 
paper, through a set of benchmark circuits, illustrates how the 
aforementioned mathematical and engineering concepts are 
intertwined.  In particular, through means of simulation, it was 
revealed that some of ISCAS’85 circuits exhibit higher robustness 
to open-circuit faults, but higher ability to locate (fatal) short-
circuit faults. 

Keywords – Faults, Graph modelling, Circuit Robustness, 
Spectral Analysis. 

I. INTRODUCTION

Design of logic circuits (and electrical networks in 
general) represents a great challenge from the perspective of 
error-tolerance (robustness), fault detection and testability. 
Employed design techniques are often highly dependable on 
the nature of the desired circuit function [1] and require to 
consider different types of faults simultaneously. This 
hinders comparison between circuits and 
measurement/approximation of their robustness. 
Particularly, in testing of combinational circuits, obstacles 
emerge such as delay and timing skew effects [2] rendering 
the definition of (near)-minimal test set a hard problem. 
Some sophisticated techniques rely on probabilistic 
approaches to error estimation [3]. 

Furthermore, use of graph algebraic theory in the 
analysis and design of electric circuits is a rich discipline that 
has provided concepts such as the connection between 
Laplacian matrix eigenvalues and effective resistance [4], 
and Kron reduction of graphs as a way to analyse an 
electrical network through a generalization of Y − Δ 
transformation [5]. However, perception of circuits’ 
robustness and testing has not been often viewed upon from 
a graph perspective. Hence, this paper provides an 
illustration of how some of the related features of 
combinational logic circuits reflect in (spectral) graph 
theory. 

On several ISCAS’85 benchmark circuits it is shown that 

Fig. 1.  Graph representation of the benchmark circuits 

the density of graph eigenvalues expresses a circuit’s 
sensitivity to (open/short circuit) faults, i.e. that higher 
distance between eigenvalues makes the circuit more robust. 
Moreover, the emergence of a dominant eigenvector in a 
faulty circuit was recognized as potential marker for 
detection of a fault and its localization. 

The main section of the paper consists of three 
subsections: in the first, the description of benchmark 
circuits is provided; further, spectral and statistical approach 
for evaluation of circuits’ robustness is presented with the 
main results reported; and then, a discussion is given on the 
relationship between the spectral results, and circuits’ 
robustness and identifiability of faults. The conclusion 
contains a summary of advantages of the graph perspective 
on circuits’ robustness, and the main limitations of the 
approach in the current form. 

II. GRAPH SPECTRAL ANALYSIS OF CIRCUITS

A. Data

The analysis reported in this paper was performed on
combinational ISCAS’85 benchmark circuits of different 
sizes, specifically, c432 (27-channel interrupt controller), 
c499, c1355 (32-bit single-error-correcting circuits), and 
c1908 (16-bit single-error-correcting/double-error detecting 
circuit) [6]. These circuits were collected in the form of 
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Verilog descriptions. In order to perform graph-based 
analysis on the data, Verilog netlists needed to be 
transformed into appropriate graph representations. This 
was done with java-based toolbox Verilog2GEXF, which 
was developed as a free and universal visualization tool [7]. 
For each netlist, the tool exports a graph with 𝑛𝑛 nodes and 
𝑚𝑚 edges that can be described as a square adjacency matrix 
𝐀𝐀 of size 𝑛𝑛 with exactly 𝑚𝑚 nonzero entries equal to 1 called 
edge weights. The graph vertices denote nodes of a logic 
circuit, whereas edges represent connections between nodes 
through a logic gate (Fig. 1). Resulting graph gives a 
simplified model of the electrical network from the 
perspective of information flow. This is explained in more 
detail for the toy example circuit in the following subsection. 

 
B. Methods & Results 
 

Graph representation of a logic circuit is given in the 
form of a binary adjacency matrix, having an entry equal to 
1 at position (𝑖𝑖, 𝑗𝑗) if there is a connection between 𝑗𝑗P

th and 𝑖𝑖P

th 
node in that direction as seen by the information flow 
through a logic gate. Fig. 2(a) shows the adjacency matrix of 
a simple circuit encompassing one AND and one NOT gate 
(top row). Notice that there is also a connection at the entry 
(2,2), i.e. there is a self-loop edge at the node corresponding 
to the circuit output. This feature is automatically added by 
the used toolbox converting Verilog netlists, in order to 
reflect the notion of accumulation of information at the 
output, since it cannot flow anywhere from there. 

The output of an information flow through the circuit can 
be modelled as 𝐀𝐀𝒙𝒙 , where 𝒙𝒙  is the column vector of the 
input. Note that this is not the same as the function of the 
circuit in terms of voltages and currents as in modified nodal 
analysis. Here, all gates are represented as adders. Moreover, 
the final output of the simulated flow in the case of the 
circuit in Fig. 2 is given by 𝐀𝐀𝟐𝟐𝒙𝒙. In general, this corresponds 
to a vector 𝐀𝐀𝒍𝒍𝒙𝒙, where 𝑙𝑙 is the number of gate levels in the 
hierarchy of the circuit’s implementation. 

Given a graph described by its adjacency matrix 𝐀𝐀, the 
eigendecomposition of the graph/matrix refers to the set of 
𝑛𝑛 eigenvectors 𝒖𝒖𝒊𝒊 concatenated into matrix 𝐔𝐔, and the set of 
𝑛𝑛  scalar eigenvalues 𝜆𝜆𝒊𝒊  forming the diagonal matrix 𝚲𝚲 . 
These are found as the solution of the equation(s): 

 
𝐀𝐀 ⋅ 𝐔𝐔 = 𝐔𝐔 ⋅ 𝚲𝚲 (1) 

 
Note that adjacency matrices of the available benchmark 

graphs are not symmetric, i.e. graphs are directed. Thus, 𝐀𝐀’s 
eigenvalues and eigenvectors are complex-valued, and only 
right eigenvectors are considered. The set of graph 
eigenvalues 𝜆𝜆𝒊𝒊 is of crucial importance to many concepts of 
system analysis such as stability [8], and -as it will be 
demonstrated in the remaining of this paper- robustness and 
fault identification. Fig. 2 shows eigenvalues in the complex 
plane of the toy circuit. Furthermore, note in the middle and 
bottom rows of Fig. 2 how an open-circuit and a short-circuit 
fault can be modelled, i.e. how they affect the adjacency 

 
 

Fig. 2.  Schematic of a logic circuit, adjacency matrix of its graph 
representation, and eigenvalues of the matrix in the case of fault 

free circuit (a), and in the presence of one open-circuit (b), or 
short-circuit (c) fault. 

 

 
Fig. 3.  Eigenvalues of benchmark circuits 

 
matrix and the consequent set of eigenvalues. Both types of 
faults change the resulting eigenvalue distribution, and in 
this particular circuit, the effect of short-circuit faults is more 
prominent. 

Moving to the analysis of ISCAS’85 benchmarks, 
eigenvalue empirical distributions for the fault free, and 
faulty circuits are reported. Fig. 3 shows the eigenvalues (in 
the complex plane) of the four used benchmark circuits. The 
eigenvalues are situated in several concentric circles the 
number of which, together with the density of 𝜆𝜆𝒊𝒊, increases 
with the graph size 𝑛𝑛.  
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Fig. 4.  Kolmogorov-Smirnov statistics (𝐷𝐷) and p-values of 
test on eigenvalue distributions between the original and networks 

with open-circuit faults. 
 

 
 

Fig. 5.  Kolmogorov-Smirnov statistics (𝐷𝐷) and p-values of 
tests on eigenvalue distributions between the original and 

networks with short-circuit faults 
 

Two types of faults are considered: short circuit (s/c) and 
open circuit (o/c). An o/c is “put” in the original circuit by 
deleting an edge, i.e. setting a randomly chosen nonzero 
entry of 𝐀𝐀  to 0  (Fig. 2., middle row). Different levels of 
gravity of the fault are modelled by choosing the number of 
put open circuits as a percentage of available connections in 
the network. In a similar fashion, an s/c fault is reflected in 
adding a certain value on top of an entry of 𝐀𝐀 regardless of 
whether there was a nonzero edge or not. In this case, the 
percentage of faults is calculated w.r.t. all possible 
connections between the network nodes, that is 𝑛𝑛(𝑛𝑛 − 1)/2. 
The added value is chosen to be equal to 1, so as to model 
the transfer of one unit of information. Note that in both 
types of faults, the modification of 𝐀𝐀 is symmetric since, as 
opposed to gated connections which are by nature one-
directional, o/c and s/c connections are bidirectional. 

For each of the values of percentage of faults (from 2 to 

50 with step size 2), there were 20 faulty circuits generated. 
The empirical distribution functions (EDF) of eigenvalues 
of these circuits are then compared to EDFs of the original 
circuits in Figs. 4 and 5, and illustrated in Figs. 6 and 7 (up 
to the fault percentage of 10%). The comparison involved 
Kolmogorov-Smirnov statistical test designed to determine 
if there is significant difference between the eigenvalue 
distributions of the fault free and a faulty circuit. The test 
rejects the null hypothesis of the same underlying 
distribution for a high enough value (depending on the 
chosen significance level α ) of the test statistic 𝐷𝐷 =
sup
𝑡𝑡

|𝐹𝐹1(𝑡𝑡) − 𝐹𝐹2(𝑡𝑡)| , where 𝐹𝐹1(𝑡𝑡)  and 𝐹𝐹2(𝑡𝑡)  are empirical 

cumulative distributions of the given samples. A version of 
the test extended to 2-dimensional distributions was used 
here since the eigenvalues are complex in general [9,10]. A 
high (low) value of Kolmogorov-Smirnov statistic 𝐷𝐷 
suggests more (less) distinct probability distributions, 
further suggesting higher (lower) influence of the faults on 
the spectral features of the graph. 

In the presented analysis, statistical test was performed 
multiple times, i.e. for each of the 4 circuits, each of 25 fault 
percentages, and for both types of faults, resulting in 200 
tests. High number of tests increases the probability of false 
positive results. Hence, Bonferroni correction was applied 
before reporting the corresponding p-values. For the desired 
total significance level of α = 0.05 , this means that the 
reference significance level for each test should be α/200 =
0.0025. Results of statistical tests are presented in Figs. 4 
and 5, including corrected alpha level as dashed black line. 
For clarity, the p-values in the case of short-circuit faults are 
given in logarithmic scale (Fig. 5). 

Finally, continuing on the observation that a dominant 
eigenvalue (with much higher magnitude that others) 
appears in s/c circuits (Fig. 7), the eigendecomposition was 
performed for single-fault circuits derived from c432 by 
modifying connections between specific pairs of nodes (red 
edges in Fig. 1). The magnitudes of eigenvectors 
corresponding to the emerged dominant eigenvalue are 
presented in Fig. 8. As it is explained in the following 
section, these could be exploited for fault identification. 
 
C. Discussion 
 

This subsection discusses how the previously reported 
results on eigenspectra relate to the concepts of robustness 
and fault detection in the analysis of electronic circuits. The 
postulates of linear algebra used as a basis of the following 
discussion are adapted from [11]. 

As the circuit flow is modelled with 𝒚𝒚 = 𝐀𝐀𝒙𝒙 , the 
problem of designing a robust circuit, that is, one with robust 
information flow, relates to the theory of perturbation and 
matrix sensitivity analysis. If the sensitivity, i.e. partial 
derivative of output signal with respect to circuit topology, 
is very low, one considers to have a robust circuit – 
|𝜕𝜕𝒚𝒚 𝜕𝜕𝑨𝑨⁄ | ≈ 0. On the other hand, eigendecomposition of 𝐀𝐀 
provides an alternative model of circuit flow in terms of 
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Fig. 6.  Histograms of eigenvalues of benchmark circuits (without and with open-circuit faults) 

 
 

 

 
Fig. 7.  Histograms of eigenvalues of benchmark circuits (without and with short-circuit faults) 
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eigenvectors 𝒖𝒖𝒊𝒊  and eigenvalues 𝜆𝜆𝒊𝒊  as 𝒚𝒚 = ∑ 𝜆𝜆𝒊𝒊𝒖𝒖𝒊𝒊𝒗𝒗¡
𝑻𝑻𝒏𝒏

𝒊𝒊=𝟏𝟏 𝒙𝒙 , 
where 𝒗𝒗𝒊𝒊 is a corresponding left eigenvector (for which the 
matrix form is 𝐕𝐕 = 𝐔𝐔−1). Eigenvectors and eigenvalues are 
in fact functions of each other but for simplicity one can 
consider the sensitivity of circuit output to be defined by 
eigenvectors since they can be seen as specific topological 
principal components of the circuit. Hence, under a small 
perturbation matrix 𝐄𝐄 that models s/c or o/c entries, a robust 
circuit 𝐀𝐀 would be one for which the eigenvectors 𝒖𝒖�𝒊𝒊 of 𝑨𝑨 +
𝑬𝑬 span similar vector subspaces as 𝒖𝒖𝒊𝒊. Of general interest is 
to find features of circuits 𝐀𝐀 which satisfy this property. As 
seen from the results of statistical testing (Figs. 4 and 5) a 
significant difference between eigenvalue distributions 
emerges at the highest percentage of (o/c) faults for c499. In 
other words, this circuit is the most robust, and its robustness 
can be related to the initial eigenvalue density. Indeed, from 
perturbation theory one finds that:  

 
sup {dist(span{𝒖𝒖𝑖𝑖}, span{𝒖𝒖�𝒊𝒊})} ∝ 1

min𝑗𝑗≠𝑖𝑖 {𝜆𝜆𝑖𝑖,𝜆𝜆𝑗𝑗}
       (2) 

 
If an eigenvalue is very distant from others, then the 

upper bound of the distance between the spans of its 
corresponding eigenvectors of original and perturbed 
matrices is lower. Hence, for a circuit with highly distinct 
eigenvalues, the effect faults have on its eigenvectors remain 
tightly upper-bounded. In other words, the circuit flow is 
preserved under small changes of its connections. Setting 
aside the particularly robust c499, a general trend is 
observed that if the circuit has higher number of nodes it is 
less robust (the significance is reached for lower percentage 
of o/c faults – Fig. 4, and 𝐷𝐷 has much lower values for low 
percentages of s/c faults – Fig. 5). This happens since all 
presented circuits have eigenvalues in more or less similar 
range and yet higher number of nodes implies higher number 
of eigenvalues, finally rendering the mutual distances 
between them lower. 

Though actual difference of information flow is reflected 
in the exact values of eigenvectors and eigenvalues of 
perturbed matrices, intuitively one can inspect the 
robustness just by looking at the compact support of the 
eigenvalue distribution. Hence, it can be observed that the 
benchmark circuits are much less robust to s/c faults than to 
o/c faults. Indeed, the support of EDFs with o/c remains 
circular regardless of the percentage of faults (Fig. 6), 
whereas the support of EDFs with s/c distorts into a star-
shaped or a circular one with prominent tails (Fig. 7). 

The high sensitivity to s/c faults (Fig. 5) is partially 
compensated by the potential ability to detect particular 
faults, i.e. to identify the location (pair of nodes/vertices) 
where the fault originates. Indeed, Fig. 7 shows that in 
presence of s/c faults the circuits exhibit a dominant 
eigenvalue with magnitude much higher than all others. 
Even though the output 𝒚𝒚 is often completely destroyed with 
just a single-connection fault, the particular distribution of 
eigenvalues provides a way to (partially) identify the fault. 
This can be explained by the power iteration, a method for 

 
 

Fig. 8.  Magnitude of dominant eigenvectors in cases of single 
short-circuit faults (red edges in Fig. 1) 

 
calculating the eigenvector corresponding to the dominant 
eigenvalue (assuming |𝜆𝜆𝟏𝟏| > |𝜆𝜆𝟐𝟐| ≥. . .≥ |𝜆𝜆𝒏𝒏| ). With 𝑘𝑘 
iterations, the vector 𝒙𝒙(𝒌𝒌) = 𝐀𝐀𝒌𝒌𝒙𝒙  converges to the 
eigenvector 𝒖𝒖𝟏𝟏  regardless of the input 𝒙𝒙 . There is a 
condition to be satisfied that 𝒙𝒙 should contain a component 
in the direction of the dominant eigenvector ( 𝒙𝒙  not 
orthogonal to 𝒖𝒖𝟏𝟏 ), but this condition is almost surely 
satisfied in practice. It is known that the distance between 
spans of the eigenvector 𝒖𝒖𝟏𝟏 and its 𝑘𝑘-iterated approximation 
𝒖𝒖�1

(𝑘𝑘)  is of order of magnitude that depends on the ratio 
between the two highest-magnitude eigenvalues: 
 

dist �span{𝒖𝒖𝟏𝟏}, span�𝒖𝒖�1
(𝑘𝑘)�� = 𝑂𝑂 ��𝜆𝜆2

𝜆𝜆1
�
𝑘𝑘
�         (3) 

 
Indeed, if the dominant eigenvalue 𝜆𝜆𝟏𝟏 has significantly 

higher magnitude than its successor 𝜆𝜆𝟐𝟐 , the algorithm can 
reach convergence in just one iteration, implying that 

 
𝒚𝒚 = 𝐀𝐀𝒙𝒙 ≈ 𝒖𝒖𝟏𝟏 ≠ 𝑓𝑓(𝒙𝒙)       (4) 

 
This stable circuit output (at all considered nodes), that 

does not depend on the input vector 𝒙𝒙 , can be seen as a 
particular distribution of information driven by an internal 
connection fault (obstructed flow in case of o/c, enhanced 
flow in case of s/c). However, since a different location of 
an s/c fault may induce a different output in Eq. (4), one can 
identify the fault’s location by recognizing the signature of 
the particular output, previously simulated as the dominant 
eigenvector. These eigenvectors are plotted in Fig. 8 for 
particular locations of faults (Fig. 1) in c432. As the 
eigenspectra are complex-valued in general, only the 
magnitudes are plotted here as an approximation of the real-
world output that would be generated as a consequence of 
the fault. For shown faults, dominant eigenvectors can 
clearly be distinguished, allowing for the fault identification. 
However, in general, the dominant eigenvector as simulated 
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here may be quite similar for two or more different single s/c 
faults. Still, this simulation provides at least a way to reduce 
the number of possible locations of a fault. 

Since the considered eigenvectors are of the same nature 
as the graph model, i.e. the information flow, and not circuit 
function, a question is raised on how to measure them in 
practice during a physical test. In order to have physical 
measurements of the information flow in the circuit, one 
needs to simulate the propagation of a signal throughout the 
circuit unconstrained by the particular gates. Conceptually, 
this may be accomplished by exploiting the RF (radio-
frequency) features of the circuit. The transistors exhibit 
parasitic impedances connecting their terminals, meaning 
that an AC signal of high frequency can be propagated 
regardless of the DC logic input, as long as the condition for 
the active operating mode is fulfilled. This may be 
significantly challenging in an existing circuit, since the AC 
output at the logic gate may not be the sum of inputs due to 
different delays imposed by transmission lines and 
capacitances, and consequently the phase difference. 
However, the circuit can be originally designed in IC 
technology in a way that allows the signal of certain 
frequency to be propagated throughout the circuit. Then, the 
fault identification would comprise of (a) making a 
dictionary of faults-to-eigenvectors based on the described 
methodology, (b), driving the circuit with the AC signal and 
recording the output (at different probing nodes; not 
necessarily just at the functional circuit output), and (c) 
finding the eigenvector closest in form to the recorded 
signal, ultimately informing about the corresponding fault 
location from the dictionary. Ideally, the amplitudes of AC 
signals at probed nodes should reflect the structure of the 
magnitude of an eigenvector. Analogously, the presence of 
multiple faults could also be reflected in the (larger) 
eigenvector dictionary. Implementation of the described 
fault identification procedure is certainly intricate due to 
complex behaviour of circuits at high frequencies, and its 
specific challenges fall beyond the scope of this paper. 
Nonetheless the method represents a conceptual framework 
one can explore further for practical use in testing and design 
for testability. 

III. CONCLUSION

This paper provided insight into parallels between matrix 
algebra on graphs and logic circuits’ (represented by graphs) 
robustness and capability of fault identification. Main 
advantages of the described simulation approaches are (a) 
availability of a general measure of robustness (percentage 
of faults at which divergence between eigenvalue 
distributions gets statistically significant) appropriate for 
comparing electrical networks of different size and function, 
and (b) possibility to -through a look-up table (fault location 
→ dominant eigenvector)- ease the fault diagnostics
(detection and identification).

On the other hand, certain limitations exist that need to 

be addressed before further extensions of the described 
approach: (a) computation of eigendecomposition of very 
sparse graphs (number of edges few orders of magnitudes 
lower than number of vertices) may be numerically unstable; 
(b) in the current form, the graphs are described with binary
adjacency matrices thus hindering the possible modelling of
partially obstructed flow (degrading/aging components); (c)
the RF approach to fault identification needs to be extended
from the conceptual to practical framework. Hopefully,
work in this area will provide a fully functional framework
for exploration of logic circuits’ robustness, reliability, and
similar concepts.
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Approximately linear phase notch filters with 
magnitude characteristic symmetry 

Goran Stančić, Ivana Kostić, Miloš Živković and Ivan Krstić

Abstract - A new method for design and software 
realization of approximately linear phase notch filters with 
magnitude characteristic symmetry is presented in this 
paper. The proposed configuration has parallel nature with 
pure delay in one path and allpass filter in the another. The 
resulting filter fulfills all predefined specifications in a wide 
range of maximal allowed attenuation i.e. for arbitrary given 
maximal passband attenuation and stopband width, 
passband boundary frequencies are symmetrical about given 
notch frequency. The efficiency of the presented method is 
illustrated on few examples.  

Keywords - Notch filter, allpass filter, parallel 
connection, comb filter. 

I. INTRODUCTION

The notch filters are invariably used in communication, 
control, instrumentation, and bio-medical engineering, 
besides a host of other fields, to eliminate noise and power 
line interferences [1-5]. The notch filter highly attenuates a 
particular frequency component in the input signal while 
leaving nearby frequency components in the ideal case 
unchanged. For example, the elimination of a sinusoidal 
interference corrupting a signal, such as the 50 Hz power-
line interference in the design of a digital instrumentation 
system, is typically achieved with a notch filter tuned to the 
frequency of the interference. Usually very narrow notch 
characteristic is desired to filter out the single frequency or 
sinusoidal interference without distorting the signal of 
interest [6]. The notch filters find implementation in both, 
analog and digital domain. Analog implementations 
consume less bandwidth, but the signals are more likely to 
get deteriorated during transmission. In contrast, digital 
filters are generally noise-immune and flexible in 
implementation, although consume a lot more bandwidth to 
carry the same  information [1][7]. 

Digital notch filters can be designed as infinite impulse 
response (IIR) as well as finite impulse response (FIR) 
structures. In situations where linearity of the phase is not 
important, IIR filters are preferred since these require much 
lower order than corresponding the FIR ones for the same 

set of magnitude response specifications. The standard 
analog notch filter can be starting point to obtain 
corresponding digital IIR notch filter by using bilinear 
transformation for example. One of the major problem in IIR 
filters design is nonlinear phase response and, therefore, 
phase distortion introduced in general [8]. However, it is 
possible to reduce phase distortion by cascading an all-pass 
phase equalizer [6]. 

FIR filters, on the other hand, are unconditionally stable 
and can be designed to provide exact linear phase 
characteristics. They find extensive use in applications 
where frequency dispersion due to nonlinear phase is 
undesirable, such as in speech processing, digital 
communication, image processing, etc.. This is the specific 
reason that a large number of commercial chips carry out 
signal processing with FIR filters. Standard FIR filter design 
methods, such as windowing, frequency sampling and 
computer-aided/optimization may be used for designing FIR 
notch filters. However, most of these methods result in 
ripples in the passbands [9]. 

The rest of the paper is structured as follows. In the 
Section II, the basic relations are derived between notch 
magnitude and allpass filter phase. A method for 
determination of filter coefficients and few examples are 
done in Section III. The results of the simulation of designed 
filter performance are given in Sections IV and V along with 
difference equations implemented in the Matlab® in order 
to obtain output of the notch filter. 

II. PROBLEM DEFINITION

In this section the synthesis of linear phase filters with 
arbitrary number of notch frequencies with magnitude 
characteristic symmetry will be discussed. The notch filter 
will be realized as parallel connections of two allpass sub-
filters. The coupled allpass structure offers convenient way 
to solve the problem of filter design thanks to 
straightforward dependence of notch filter’s magnitude and 
phase characteristic of corresponding allpass sub-filter. A 
problem of design of notch filter magnitude is easy to 
reformulate as the allpass filter phase approximation 
problem. 

The realized notch frequency will be positioned exactly 
at predefined location, while at the same time cut-off edge 
frequencies are symmetrical regardless the value of the 
notch frequency. Practically, the full control of the 
magnitude characteristic at three points is achieved in 
vicinity of every notch frequency [2]. The location of notch 
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frequency ωn, maximal allowed attenuation in passbands a 
(given in dB) and  stopband width Bw are design input 
parameters. Stopband lower ωl and upper ωr edge 
frequencies are 

𝜔𝑙𝑖
= 𝜔𝑛𝑖

− 𝐵𝑤𝑖
2⁄

𝜔𝑟𝑖
= 𝜔𝑛𝑖

+ 𝐵𝑤𝑖
2⁄

(1) 

based on the mentioned symmetry.  Usually, for attenuation 
at cut-off frequencies the value of 3 dB is adopted. The 
proposed method allows arbitrary positive value for 
maximal attenuation in passbands to be chosen. 

Fig. 1.  Realization structure for linear phase filters with N notch 
frequencies using parallel connection of two alpass sub-filters 

The transfer function of the proposed linear phase notch 
filter, realized using pure delay and allpass sub-filter, 
presented in the Fig. 1, can be written in the next form  

𝐻(𝑧) =
1

2
[𝑧−𝑁 + 𝑃3𝑁 (𝑧)] (2) 

This solution also allows realization of complementary 
filter for signal extraction, using only one additional adder 
[10]. Transfer function of complementary filter is 

𝐺(𝑧) =
1

2
[𝑧−𝑁 − 𝑃3𝑁(𝑧)] (3) 

and it is represented in the Fig. 2. 

Fig. 2.  Realization of complementary filter 

The transfer function of subfilter P3N(z) is given with 

𝑃3𝑁(𝑧) =
𝑝3𝑁 + ⋯ + 𝑝1𝑧−(3𝑁−1) +  𝑧−3𝑁

1 + 𝑝1𝑧−1 + ⋯ +  𝑝3𝑁𝑧−3𝑁

(4) 𝑃3𝑁(𝑧) = 𝑧−3𝑁
𝐷(𝑧−1)

𝐷(𝑧)

𝐷(𝑧) = 1 + 𝑝1𝑧−1 + ⋯ +  𝑝3𝑁𝑧−3𝑁

The phase of allpass filter P3N(z) is 

𝜑(𝜔) = −3𝑁𝜔 + 2𝑎𝑡𝑎𝑛
𝑝1 sin(𝜔) + ⋯ + 𝑝3𝑁 sin(3𝑁𝜔) 

1 + ⋯ + 𝑝3𝑁 cos(3𝑁𝜔)
(5) 

By substituting Eq. (4), alongside with z = exp (jω), into 
Eq. (2), after simple mathematical manipulations the 
magnitude characteristic of the notch filter could be obtained 

|𝐻(𝑒𝑗𝜔)| = |cos
−𝑁𝜔 − 𝜑(𝜔)

2
| (6) 

The phase of notch filter has value 

𝑎𝑟𝑔𝐻(𝑒𝑗𝜔) =
−𝑁𝜔 + 𝜑(𝜔)

2
(7) 

Proposed filter’s phase approximates piecewise linear 
phase in all passbands. In order to provide a symmetric 
magnitude characteristic of notch filter it is necessary that 
the number of coefficients we determine to be three times 
greater than given number of notch frequencies. This 
approach allows that the maximum attenuation in all 
passbands can be independently controlled. Maximum phase 
approximation error ei in the i-th passband is given by Eq. 
(8) where ai is attenuation in i-th passband given in dB.

𝑒𝑖 = 2𝑎𝑟𝑐𝑐𝑜𝑠(10−𝑎𝑖/20) (8) 

III. DETERMINATION OF FILTER COEFFICIENTS

Structure for realization of filter with one notch 
frequency is composed of first order delay and third order 
allpass phase corrector which is explained in detail in paper. 
Described approach can be generalized and  applied to filter 
with N notch frequencies. In Fig. 3 points of interest are 
marked, notch frequency ωn and passband egde frequencies 
ωl and ωr. Based on these frequencies, a system of equations 
is formed to determine the coefficients of filter [11]. 

The filter with one notch frequency, which structure is 
given in Fig. 1, can be made in two ways. The first approach 
is that bare wire i.e. zero-order delay line be in one path and 
second order allpass section in another path of parallel 
structure. Only two coefficients need to be determined i.e. to 
form two equations. It is valid to use two points of interest 
ωn and ωr for ωn < 0.5π or ωn and ωl for ωn > 0.5π. In that 
case, magnitude characteristic will not be symmetric. 
Allpass filter with no multiple poles does not offer an 
equiripple phase approximation. In the other case, if an 
eqqiripple approximation of the linear phase should be 
achieved, allpass filter must be at least of 4th order. Double 
pair  of complex conjugate poles will ensure the phase jump 
of 2π at notch frequency.  

An explanation for determining the coefficients of filter 
with two notch frequencies is given below. The structure of 
the filter is consisted of 2nd order pure delay and 6th order 
allpass filter. The phase of proposed notch filter is a 
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monotonically decreasing function of frequency. Phase 
approximation error is also monotonic function with 
maximum approximation error located at boundary 
frequencies, as given in Fig. 4. 

Fig. 3.  Phase of delay line, allpass filter and points of interest ωn, 
ωl and ωr for filter with two notch frequencies 

Fig. 4.  Phase error of notch filter with two notch frequencies 

According to Fig. 4, for IIR filter with two notch 
frequencies, next set of equations could be defined. 

−2𝜔𝑛1
− 𝜋 = −6𝜔𝑛1

+ 2𝑎𝑟𝑐𝑡𝑔
∑ 𝑝𝑖 sin(𝑖𝜔𝑛1

)6
𝑖=1

1 + ∑ 𝑝𝑖 cos(𝑖𝜔𝑛1
)6

𝑖=1 (9) 

−2𝜔𝑙1
− 𝑒 = −6𝜔𝑙1

+ 2𝑎𝑟𝑐𝑡𝑔
∑ 𝑝𝑖 sin(𝑖𝜔𝑙1

)6
𝑖=1

1 + ∑ 𝑝𝑖 cos(𝑖𝜔𝑙1
)6

𝑖=1 (10) 

−2𝜔𝑟1
− 2𝜋 + 𝑒 = −6𝜔𝑟1

+ 2𝑎𝑟𝑐𝑡𝑔
∑ 𝑝𝑖 sin(𝑖𝜔𝑟1

)6
𝑖=1

1 + ∑ 𝑝𝑖 cos(𝑖𝜔𝑟1
)6

𝑖=1 (11) 

−2𝜔𝑛2
− 3𝜋 = −6𝜔𝑛2

+ 2𝑎𝑟𝑐𝑡𝑔
∑ 𝑝𝑖 sin(𝑖𝜔𝑛2

)6
𝑖=1

1 + ∑ 𝑝𝑖 cos(𝑖𝜔𝑛2
)6

𝑖=1 (12) 

−2𝜔𝑙2
− 2𝜋 − 𝑒 = −6𝜔𝑙2

+ 2𝑎𝑟𝑐𝑡𝑔
∑ 𝑝𝑖 sin(𝑖𝜔𝑙2

)6
𝑖=1

1 + ∑ 𝑝𝑖 cos(𝑖𝜔𝑙2
)6

𝑖=1 (13) 

−2𝜔𝑟2
− 4𝜋 + 𝑒 = −6𝜔𝑟2

+ 2𝑎𝑟𝑐𝑡𝑔
∑ 𝑝𝑖 sin(𝑖𝜔𝑟2

)6
𝑖=1

1 + ∑ 𝑝𝑖 cos(𝑖𝜔𝑟2
)6

𝑖=1

(14) 

Which could be given in matric form 

𝑨𝒑 = 𝒃 (15) 

from which coefficients 

𝒑 = [𝑝1 𝑝2 ⋯ 𝑝3𝑁]𝑇 (16) 

will be obtainted. 
The proposed approach could be generalized and applied 

to case of IIR notch filter with arbitrary number of notch 
frequencies N. After some manipulations, matrix A of sistem 
of Eq. (9) - Eq. (14)  in case of  N notch frequencies can be 
given with 

𝐴(𝑖, 𝑗) = (−1)𝑖+1 cos ((2𝑁 − 𝑗 + 1)𝜔𝑛𝑖
)

𝐴(𝑁 + 𝑖, 𝑗) = (−1)𝑖+1 sin ((2𝑁 − 𝑗 + 1)𝜔𝑙𝑖
+ 𝑒 2⁄ ) (17) 

𝐴(2𝑁 + 𝑖, 𝑗) = (−1)𝑖 sin ((2𝑁 − 𝑗 + 1)𝜔𝑟𝑖
− 𝑒 2⁄ )

 𝑖 = 1, 2, … , 𝑁  𝑗 = 1, 2 , … , 3𝑁 

Elements of vector B have value 

𝑏(𝑖) = (−1)𝑖 cos(𝑁𝜔𝑛𝑖
)

𝑏(𝑁 + 𝑖) = (−1)𝑖+1 sin(𝑁𝜔𝑙𝑖
− 𝑒 2⁄ ) (18) 

𝑏(2𝑁 + 𝑖) = (−1)𝑖 sin(𝑁𝜔𝑟𝑖
+ 𝑒 2⁄ )

𝑖 = 1, 2, … , 𝑁 

IV. EXAMPLES

For different values of stopband width Bw and allowed 
attenuation a in passband below are presented two figures 
which give position of the poles and zeros of notch filter with 
four notch frequencies 𝜔𝑛𝑖 = 0.1π, 0.2π, 0.4π and 0.8π.  

According to the obtained results, displayed in Fig. 5 and 
6, one can conclude that the reducing allowed attenuation in 
the passband make poles and zeros to approach closer  to the 
unit circle. It can cause a problem in some implementations 
with restricted number of bits dedicated for filter coefficients 
representation because poles are too close to the edge of 
stability region and can leave the unit circle.  

In case Bw = 0.09π and a = 3dB, phase characteristic of 
allpass sub-fitler is given in Fig. 7. It is noticeable that the 
highest phase slope is observed at the frequencies where the 
poles are located, i.e. around notch frequencies. 
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Fig. 5.  Poles and zeros of allpass filter, Bw = 0.09π and a = 3 dB  

Fig. 6.  Poles and zeros of allpass filter, Bw = 0.09π and 
a = 0.01 dB  

For any set of notch filter input specifications system of 
equations Eq. (15) can be solved. As mentioned earlier, one 
can not control passband magnitude. For some input 
parameters (when one notch frequency is far away from 
another) maximal obtained attenuation in passband could 
surpass the given value at passband boubdary frequency. 

Fig. 7.  Typical phase characteristic of allpass sub-filter 

Fig. 8.  Attenuation of filter with four notch frequencies, 
Bw = 0.09π a) a = 0.01 dB and  b) a = 3 dB 

Fig. 9.  Influence of bandwidth Bw on attenuation curve for 
a = 1 dB  a) Bw = 0.09π,  b) Bw = 0.07π and c) Bw = 0.03π 

Fig. 10.  Possible position of allpass filter poles for four bit 
fixed-point fraction representation  
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The Table I and Fig. 9 show that by reducing the value 
of width of stopband Bw and attenuation a at passband edges, 
the maximum attenuation in the passband (which is out of 
control by system of equations) is also reduced, but that the 
ratio a/amax changes very little in the wide range of 
parameters Bw and a. 

TABLE I 
MAXIMAL ATTENUATION IN PASSBAND amax AND a/amax FOR 

DIFFERENT VALUES OF BANDWIDTH Bw AND ATTENUATION a 

amax 
 a/amax 

a [dB] 
3 1 0.1 0.01 

Bw 

0.09π 3.83 
0.78 

1.11 
0.90 

0.12 
0.85 

0.01 
0.81 

0.07π 2.17 
0.78 

0.64 
1.56 

0.01 
1.51 

0.01 
1.46 

0.05π 1.10 
2.73 

0.32 
3.13 

0.03 
3.13 

0.003 
3.04 

0.03π 0.42 
7.23 

0.12 
8.55 

0.02 
8.55 

0.01 
8.77 

It can be seen from Fig. 10 that significant errors are 
possible in the implementation of the filter with the poles 
with low phase angles. This problem can be solved by larger 
number of bits dedicated for coefficients representation as 
well as spesific filter  structures which go beyond the scope 
of this paper.  

Described approach provides a solution for a wide range 
of input parameters (number of notch frequencies N, 
stopband width Bw and allowed attenuation a) which is 
shown in Table I. It can be seen from the table (for BW = 
0.09π) that if the bandwidth is too large, the maximal 
obtained attenuation in the passband  (3.83 dB, which one 
can not control) may be greater than the prescribed 
attenuation (given at the boundaries of the passband (3 dB) 
and which need to be extremal value).  

The proposed procedure can be also successfully used 
for realization of comb filters, as shown in the Fig. 11 for the 
case of a filter with nine notch frequencies 𝜔𝑛𝑖 = iπ/10.

Fig. 11.  Attenuation of the comb filter with nine notch 
frequencies  𝜔𝑛𝑖

= iπ/10, a =0.5 dB, Bw = 0.04π 

V. SOFTWARE REALIZATION AND THE
SIMULATION RESULTS 

Power systems are designed to operate at frequencies of 
60 (America and part of Asia) or 50Hz (in large parts of the 
world). However, certain types of loads (nonlinear loads) 
produce currents and voltages with frequencies that are 
integer multiples of the 50 or 60 Hz fundamental frequency. 
These higher frequencies are a form of electrical pollution 
known as power system harmonics. Notch filters have the 
application to remove these unwanted components.  

The Matlab® software package is used for design and 
realization of the proposed linear phase notch filters with 
magnitude characteristic symmetry. Sinusoidal noise with 
amplitude 0.2, at power-line frequency Fn = 50 Hz, 100 Hz 
and 150 Hz are superimposed on the electrocardiogram 
(ECG) signal s[n] downloaded from the database MIT-BIH 
[12], as it is given in Eq. (19). All available signals in MIT-
BIH database are recorded after digitalization using 
sampling frequency Fs = 360 Hz.  

Specifications of the digital filter in z domain are: ωn = 
2π Fn / Fs = 5π/18, while for stopband width and maximal 
attenuation in passbands are adopted Bw = 0.02π and a = 1 
dB, respectively.  

The signal duration is 10 seconds so n = 0, 1, … , 3599. 

𝑥[𝑛] = 𝑠[𝑛] + ∑ 0.2 sin(2𝜋𝑖50𝑛/𝐹𝑠)

3

𝑖=1
(19) 

𝑦[𝑛] =
1

2
[𝑥[𝑛 − 3] + 𝜔[𝑛]] (20) 

𝜔[𝑛]  = 𝑥[𝑛 − 9] + ∑ 𝑝𝑖

9

𝑖=1

(𝑥[𝑛 − 9 + 𝑖] − 𝜔[𝑛 − 1]) (21) 

Fig. 12.  ECG signal s[n], ECG signal with added sinusoidal noise 
x[n] and filtered signal at output of notch filter y[n] 
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In Fig. 12, ECG signal s[n] which corresponds to 100th 
sample in MIT-BIH database is shown, together with 
corrupted version of this signal x[n] after  addition of 
sinusoidal noise. Filtered version of the signal at output of 
proposed notch filter y[n] is also presented in Fig. 12.  

It is evident that designed notch filter successfully 
eliminated sinusoidal noise at power-line frequency from 
ECG signal. In the steady state, output signal y[n] is free of 
noise. A deviation at the beginning of output signal can be 
observed. It is normal behavior of digital filters since digital 
filter output data are valid after filter latency.  

VI. CONCLUSION

Design and software realization of IIR digital filter with 
arbitrary number of notch frequencies (N) is presented in 
this paper. The proposed filter is realized as parallel structure 
with Nth order pure delay in one path and allpass sub-filter 
of order 3N in another path. Parallel connection enables 
realization of a complementary filter with only one 
additional adder and this solution exhibits low sensitivity on 
coefficients quantization.  

Unlike existing methods for design of notch filter, the 
proposed configuration delivers solution with cut-off 
frequencies symmetry about notch frequency i.e. for 
arbitrary given maximal passband attenuation and stopband 
width, passband boundary frequencies are symmetrical 
about given notch frequency. The resulting filter has 
approximately linear phase in passbands and minimal order 
to provide symetry. 

The functionality of the presented model is illustrated by 
filtering ECG input signal corrupted with sinusoidal noise at 
the power-line frequency and first two harmonics. The 
proposed method could be also applied on design of comb 
filter or filter for extraction of signal components at 
frequencies of interest. 
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SPICE simulation of memristor logic functions 
Luka Spahić, Miljana Milić

Abstract - In this paper, the short review of memristor models 
applicable for logic operations is given. Further, this paper 
describes elementary logical functions such as AND, OR and 
NOT and the application of the developped memristor model for 
their realization. Logical functions are verified in PSPICE.  

Keywords – Memristor, simulation, logic functions, 
modelling. 

I. INTRODUCTION

Currently, we know and we are using three basic circuit 
elements: a resistor, a capacitor and an inductor. But, in the 
1971., the missing fourth element has been proposed by 
L. Chua [1]. Memristor is a two-terminal circuit element
that links electric charge and magnetic flux, and later
shows a resistive switching characteristics. Its state is
definded by a time integral of current and a time integral of
voltage.

At the time when Chua was theoretically proposing the 
idea of a memristor, it hasn’t yet practically been 
manufactured. Finally, in 2008. R. Stanley William and his 
team, at HP Labs, made a discovery of the first physical 
memristor. This memristor was based on TiO2 material 
doped with oxygen vacancies and had resistive switching 
characteristics. They have used a TiO2 material placed 
between two platinum (Pt) electrodes, with one of the 
regions doped with oxygen vacancy (TiO2-x) as shown in 
Fig. 1. The doped region, marked as w, has a lower 
resistivity than the undoped region. When applying a 
certain voltage across the element, the doped region will 
expand or shrink which will result in a resistance change.  

Fig. 1. HP memristor TiO2 structure [3] 

When the voltage is revoked, the states of the oxygen 
vacancy carriers remain unchanged, and that is why the 
device can “memorize” its previuse resistance value [2].  

Since 2008, many researchers were trying to make a 
suitable model of memristor that could be used in future 
applications. The greatest advantage of the memristors is 
that they are extremely small as compared to the size of 
MOS transistors. In fact, a memristor can be manufactured 
with area as small as 9 nm2 [4]. Due to their ability to 
memorize previuse states, memristors could be used for 
non-volatile resistive memory systems (ReRAM) and also 
because of their extremely small size, they could be very 
conveniently built in a crossbar array.  

Several papers have been published with the description 
of memristors possible application in the implementation of 
logic functions. This will also be the subject of this paper. 
Down below, common design styles are briefly described.  

Most common memristor logic models are IMPLY 
logic and MAGIC design. In IMPLY logic [5], memristors 
can be used to realize implication operation such as p → q 
= p’ + q. The initial values of p and q, and also the result 
are “stored” as resistance values in memristors. Here we 
are using two voltages for the initialization, but MAGIC 
uses only one.  

In MAGIC memristor design style [6], memristors are 
used to implement logic functions/gates, where the inputs 
are applied as values of resistance. This also applies for the 
output values.  

In this paper, two memristor SPICE models are 
reviewed. The first one, is a memristor model presented by 
HP (but SPICE description is given by Biolek [7] ), which 
is considered to be the most efficient. But on the other 
hand, this model can properly operate for very low 
frequencies (1 Hz – 5 Hz). The second one, is an improved 
model [8] with ability to operate on frequencies between 
1 kHz – 10 kHz. Next, the SPICE simulations that shows 
usage of new improved memristor model as type of logic 
function (OR, AND, NOT) are given in section III. 
Through out section III simulation results are discussed. 
Finally, we have come to conclusion of further reaserch of 
memristors based on discussion in section III.   

II. REVIEW OF MEMRISTORS LOGIC MODELS

As previously mentioned, we have encountered two 
memristors models and one of them has been used for 
further simulations.  
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A. SPICE Model of Memristor with Nonlinear Dopant 
Drift[7] 

 
The electric circuit of the first SPICE model is given in 

figure 2. To model the relation between voltage and current 
the following expression could be applied: 
 

𝑅𝑅𝑀𝑀𝑀𝑀𝑀𝑀(𝑥𝑥) = 𝑅𝑅𝑂𝑂𝑂𝑂𝑂𝑂 − 𝑥𝑥∆𝑅𝑅,∆𝑅𝑅 =  𝑅𝑅𝑂𝑂𝐹𝐹𝐹𝐹 − 𝑅𝑅𝑂𝑂𝑂𝑂      (1) 
 
  

 
 

Fig. 2. Electric circuit of SPICE model [7] 
 
As shown in fig. 2, eq. (1) corresponds to ROFF resistor 
which is in series with EMEM whose terminals are 
controlled according to  eq. “- ∆Rx”. The width x of the 
doped layer is modeled by the voltage V (x) of the 
capacitor CX. The initial state of the normalized width x of 
the doped layer x0, modeld by initial capacitor voltage 
which depends of the initial resistence RINIT according to 
formula (1) [7]: 
 

𝑋𝑋0 =  
𝑅𝑅𝑂𝑂𝑂𝑂𝑂𝑂 − 𝑅𝑅𝐼𝐼𝐼𝐼𝐼𝐼𝐼𝐼  

∆𝑅𝑅
                                (2) 

 
The memristor library function for this model is as follows: 
 
* HP Memristor SPICE Model * For Transient Analysis only * 
+created by Zdenek and Dalibor Biolek   
**************************  
* Ron, Roff - Resistance in ON / OFF States  
* Rinit - Resistance at T=0  
* D - Width of the thin film  
* uv - Migration coefficient  
* p - Parameter of the WINDOW-function  
* for modeling nonlinear boundary conditions  
* x - W/D Ratio, W is the actual width  
* of the doped area (from 0 to D) *  
.SUBCKT memristor Plus Minus PARAMS:  
+ Ron=1K Roff=100K Rinit=80K D=10N uv=10F p=1 
*********************************************** * 
DIFFERENTIAL EQUATION MODELING * 
***********************************************  
Gx 0 x value={ I(Emem)*uv*Ron/D^2*f(V(x),p)}  
Cx x 0 1 IC={(Roff-Rinit)/(Roff-Ron)}  

Raux x 0 1T 
* RESISTIVE PORT OF THE MEMRISTOR * 
*******************************  
Emem plus aux value={-I(Emem)*V(x)*(Roff-Ron)}  
Roff aux minus {Roff} 
***********************************************  
*Flux computation* 
*********************************************** 
Eflux flux 0 value={SDT(V(plus,minus))} 
*********************************************** 
*Charge computation* 
*********************************************** 
Echarge charge 0 value={SDT(I(Emem))} 
*********************************************** 
* WINDOW FUNCTIONS * 
* FOR NONLINEAR DRIFT MODELING * 
*********************************************** 
*window function, according to Joglekar  
.func f(x,p)={1-(2*x-1)^(2*p)}  
*proposed window function  
.func f(x,i,p)={1-(x-stp(-i))^(2*p)} 
.ENDS memristor 
 
As can be shown in mentioned paper [7], described model 
above can not be used for frequencies higher than 5 Hz. 
This also, has been proved in paper [8], and that’s why we 
have choose a new model which is based on Biolek model, 
but improved for higher frequencies.   
 
B. A new improved model  
 

This model is based on a Biolek SPICE model 
mentiond before and it represents an improvement in 
frequency domain. An improved electric circuit of the 
model [8] is shown in figure 3. After that, a SPICE model 
that describes circuit in Fig. 3 is given. 
 

 
 

Fig. 3. New memristor model [8] 
 

Here, POLY function that can directly calculate the 
value of integration is used instead of a regular integration 
function. A small value of RSER is resistance used for 
current sensing between terminals 1 and 2. A clamping 

plus 

minus 

Func. 
POLY  

I(Vsense)*max(v(6,0)*(1-v(6, 0)) 

min(max(v(6,0), 0), 1) 
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circuit is used to initiate the operation of the memristor. 
Both, charge and flux depend on the state of the memristor, 
sensed at node six. The memristor terminals 1 and 2 are 
marked with red circles.  
The used sub circuit PSPICE description is given next: 
 
.SUBCKT newmem 1 2  
****************************  
**Squared quantity of voltage**  
Eres 1 9 POLY(2) (8, 0) (10, 0) 0 0 0 0 1 
****************************  
Vsense 9 4 DC 0V  
****************************  
**Current sensing**  
Fcopy 0 8 Vsense 1  
R2 8 0 1k  
Rser 2 4 10  
**Differential equation**  
Gmem 6 0 VALUE={I(Vsense)*max(v(6,0)*(1-v(6, 0)), +0)} 
Cmem 6 0 50nF  
****************************  
**Limiting the window of 0 and 1**  
Ecpy 10 0 VALUE={min(max(v(6,0), 0), 1)} 
****************************  
Rinit 6 0 100Meg  
V1 6 7 DC 0.5V  
R1 7 0 50Meg  
.ENDS newmem 
 

It can be noticed, that the new model doesn’t have 
parametric structure. So, the values of D i.e., width of the 
thin film, and uV – migration coefficient, etc., remain 
unknown. Figure 4 represents a well known I-V 
characteristic of memristor by HP [2]. The I-V 
characteristic of new model used in this paper is shown in 
Fig. 5.  
 

 
 

Fig. 4. Memrisor I-V characteristic [2] 

 
Fig. 5. A hysteresis curve on application of a sinusoidal signal 

10V, 5kHz. The I-V characteristics of the memristor obtained by 
SPICE simulation 

 
Further in the paper, authors will describe simulation 

results and memristors based realizationa of AND, OR and 
NOT logical functions. 
   

III. SIMULATION RESULTS 
 
Our simulations did not use MAGIC or IMPLY design. 

Instead, we have applied the input voltage [0 V, 5 V] while 
observing currents and voltages accros particular 
memristors. This was done only for AND and OR logical 
circuit. For NOT logic function, it was necesary to apply 
excitation voltage VO, in order to obtain voltage accros 
input memristor and output memristor. 

In oder to simulate AND, OR and NOT logical 
functions, memristors have to be connected in a certain 
way as given in figure 6.    

 
 

Fig. 6. Realised basic logic functions using memristors
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Fig. 7. Voltage accros memristor A of an inverter 

 
Fig. 8. Voltage accros memristor B for an inverter 

 
For the simulation of an invertor, VO voltage was 

applied. By applying VO, resistances of memristor A and B 
was changing. According to that change, we can see that 
voltage accros memristor A represents inverted voltage of 
the memristor B. This confirms the assumptions that this 
circuit has properties of an invertor. 

Signals of the memristors A and B are shown in Figures 
7 and 8, respectively.  

The AND and OR gate, there is no need for the VO 
voltage. Simulations show that when logical “0” and “1” 
are applied at memristor A and B, memristor C gives 
voltage or current response that describes AND or OR 
logical function. Signals for AND gate are shown in 
figure 9, where red color relates to signal A and blue color 
relates to signal B. Green color represents the voltage of 
the output signal. 

 
Fig. 9. Signals for AND gate 

 
Signals for OR logic function are shown in figure 10, 

where red color coresponds to the voltage accros 
memristor A, while blue color corresponds to voltage 
accros memristor B. Green color represents the output 
signal voltage. As one can see from these waveforms, the 
output voltage, represents the OR logical function for A 
and B input combinations. The hazardous behavior of the 
voltage drop happens with transition of inputs high to low 
voltage level, when output drops to 0 V and after goes to 
5V.  This glitch represents an unwanted behavior and it can 
cause various readout errors.  

 
Fig. 10.Signals for OR gate 

 
IV. CONCLUSION 

 
The simulation of memristor logic model implemented 

in the software OrCad Pspice shows results relevant to the 
original logical AND, NOT and OR functons. The chosen 
way of simulation was the easiest to understand and to 
simulate.  

Also, different SPICE memristor models are described. 
The first model is the most efficient, but it only works for 
very low frequencies which in digital electronics has no 
practical use. The second model, shows that with some 
changes in model design, it can work on higher 
frequiencies which is an andvatige, but with current 
technology it is still a simulation model.  

Using memristors as logic gates would decrease power 
consumption and because of their nano scale structure thay 
could decrease or replace usage of traditional components 
such as CMOS transistors in logic gates. Further reaserch 
would be oriented into the elemenation of unwanted 
glitches. The increase of its speed should bring major 
advantage to memristor technology for its use in Crossbar 
arrays. The applications of memristors in RAM could make 
an important change in the memory storage systems 
realization.  
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Unified Glare Rating as a measure of visual comfort 
Dragan Vuckovic, Nenad Cvetkovic, Dejan Jovanovic and Miodrag Stojanovic

Abstract – Visual comfort is one of the essential parameters 
which is necessary to be considered during the designing process 
of indoor lighting. The International Committee for Illumination 
(CIE) adopted the Unified Glare Rating (UGR) formula in 1995, 
while the procedure for calculating and tabulating the UGR value 
of indoor lighting luminaires is adopted in 2010. Since then, most 
manufacturers have started to include data for UGR in their 
catalogues. Modern software packages for lighting design allow 
calculation of UGR and therefore provide the possibility to 
include UGR information in power engineering designs. From the 
other side, the measuring procedure of UGR, for realised 
installations, is very demanding, and consequently, it does not 
apply very often in practice. Because of that, the UGR 
information for existing installation is usually unknown. The 
UGR value depends of the light intensity and luminance 
distributions of luminaires, the luminaire orientation, as well as 
the level of eye adaptation and the luminaires arrangement (i.e. 
the angles between viewing direction and direction from the 
viewer and luminaires optical centres). Analyse and 
measurements of UGR in the case of the realised indoor lightning 
installation, show that it is possible to achieve satisfactory visual 
comfort evaluated by the UGR index using luminaires with worse 
UGR. It is also possible that using the luminaires with the 
satisfactory UGR does not always result with required visual 
comfort conditions. Based on that, one can conclude that it is not 
enough to choose a luminaire having a satisfied UGR. Still, it is 
necessary to consider other parameters that affect visual comfort 
and make the simulation of complete room scenario. That results 
with the need for establishing close cooperation of all professions 
during the design process. 

Keywords - Unified Glare Rating (UGR), visual comfort, 
indoor lighting. 

I. INTRODUCTION

There are many studies realized in the mid-twentieth 
century, in order to propose expression that includes glare 
influence from the luminaires located in the observer field 
of view. In 1963 the Illuminating Engineering Society 
defined the formula for the Visual Comfort Probability 
(VCP) [1]. Numerous experiments were realized in real 
workplaces, with observers who gave their subjective and 
personal opinion about visual comfort. The reflectance 
coefficients of the ceiling, walls and floor during 
experiment setup were 0.7, 0.5, 0.2 and 0.3 respectively. 
Various scenes and lighting scenarios were realized. Based 
on the obtained results, two diagrams corresponding to the 

two luminaire types are defined. In that experiment, two 
groups of luminaires have been used. Group A includes 
luminaires without luminous lateral side, while group B 
includes luminaires with luminous lateral sides higher than 
30 mm. Eight luminance limiting curves have been defined 
for visual comfort estimation. Designers have used 
luminance limiting curves method for a long time, but the 
development of information technologies provided the 
possibility for proposing an expression that can quantify 
the level of visual comfort. The International Commission 
on Illumination (CIE) defined the formula for calculating 
UGR in 1995 [2]. According to the realised researches, 
obtained results and experience, the expression is proposed 
as following:  












∑ 2

20.25log 8=UGR
p

L
Lb

ω (1) 

where is: 
𝐿𝐿𝑏𝑏 - the background luminance 
𝐿𝐿 - the luminance of the luminous part of each 

luminaire in the observer field of view 
𝜔𝜔 - the solid angle of the luminous part of each 

luminaire in the field of view of the observer 
𝑝𝑝 - position index of the luminaire. 

II. UGR AS CATALOGUE DATA

Procedure for calculating and tabulating the UGR value 
of indoor lighting luminaires is adopted by CIE in 2010 [3]. 
UGR data for luminaires are given for different room 
dimension ratios and different reflection coefficients of 
interior surfaces. The standard EN 12464 [4] defines the 
range of UGR values between 10 and 30. The typical UGR 
values are defined: 13, 16, 19, 22, 25 and 28. Also, the 
Standard defines minimal UGR values for certain visual 
tasks. E.g. for offices and classrooms, the maximal UGR 
value should be 19. Luminaires are usually declared for 
certain UGR value that corresponds to standard room 
dimensions. Standard room dimensions for UGR 
luminaires labelling are X=4H and Y=8H (H is room high). 
Besides that, reflection coefficients of ceilings, walls and 
the floors are 0.7, 0.5 and 0.2. Fig. 1 shows the correlation 
between the luminance limiting curves and UGR values. 
One can see that value UGR=19 corresponds to the 
luminance limiting curve for illuminance level of 500lx - 
Quality class 1. 
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Fig. 1.  Correlation between the luminance limiting curves and UGR values 

 
III. UGR –APPLICATION IN PRACTICE  

 
There are cases where calculations with luminaires 

having a declared value of UGR = 19, give UGR values 
slightly higher than 19. These results are obtained because 
of the large curtain-less glass surfaces. The glass influences 
on a slightly lower value of average brightness of the 
environment, so that the brightness of the luminaires 
significantly affects the psychological glare. Opposite to 
these cases, it happens that the reflection coefficients of the 
room surfaces, as well as the dimensions of the room, result 
with the highest value of UGR below 19, although installed 
luminaires for a standard room, has declared UGR = 22. 
So, it is obvious that during the designing process of the 
indoor lighting installations, it is necessary to define the 
reflection characteristics of the material as accurate as 
possible and then make a decision of luminaire type. 

The LEDs luminaires usually have opal diffusers which 
have Lambertian radiation characteristics, so they 
consequently increase psychological glare. There are cases 
where the situation in terms of visual comfort is 
significantly deteriorated with the installation of opal 
diffuser LEDs luminaires. Fortunately, technology is in 
progress, and there are price-competitive materials for 
diffusers that provide better light distribution with UGR 
less than 19. Some manufacturers produce luminaires in 
which LED modules are retracted related to the surface of 
the luminaire. In this way, such luminaires are, for the 
standard room types, declared with UGR less than 16 (even 

less than 13). Unfortunately, such luminaires are still quite 
expensive compared to LED "panels" and because of that 
their massive application did not start. 

Measuring of UGR on realized installations is a rather 
demanding procedure and requires appropriate equipment 
as well as time to perform all necessary measurements to 
obtain the results. UGR measurement is usually realized for 
the most critical observer position. It is interesting that 
even, the dark school board will affect the deterioration of 
the UGR value. Concerning necessity to satisfy the vertical 
illumination value of 500 lx for the board surface, the lamp 
for the illumination of school boards help to reduce the 
influence of its dark surface. Using whiteboards, the 
problem of the impact of the classroom board on visual 
comfort is reduced, but it is important to avoid 
physiological glare since their surfaces reflect light. 

 
IV. NUMERICAL SIMULATION AND MEASURING 

RESULT 
 
In this chapter, numerical results for UGR are given for 

classroom illuminated by luminaires for general lighting 
and luminaire for school board. Typical classroom 
luminaires and furniture setup is given in Fig. 2 and Fig. 3 
respectively. The points for UGR calculations are given in 
Fig. 4, while the calculated results of the UGR are shown 
in Fig. 5. Dialux evo software package [5] has been used 
for the numerical analysis. LED luminaires that are used 
for classroom lighting have declared UGR of 22, for a 
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standard room. Considering complete setup maximal 
obtained value of UGR is 19, and it corresponds to the 
calculating point placed on the back corner. 

 

 
Fig. 2.  Overview of classroom luminaires setup 

 

 
Fig. 3.  Overview of classroom furniture setup 

 

 
Fig. 4.  UGR Calculation points 

 
An overview of surfaces that have impact on UGR 

value, and measurement equipment are given if Fig. 6 and 
Fig. 7 respectively. According to the measured results of 
realized lighting installations, it can be calculated that UGR 
is in good agreement with one obtained by numerical 

simulation. 
As previously mentioned, software for lighting 

calculations represent useful tools and helps a lot in the 
process of estimation of visual comfort. 

 
Fig. 5.  UGR calculated values 

 

 
Fig. 6.  View from the back corner - UGR measured point  
 

 
Fig. 7.  Measurement equipment for UGR evaluation 

 
IV. CONCLUSION 

 
This paper presents UGR as a measure of visual 

comfort. It is an essential datum that should be considered 
during the designing process of indoor lighting. There are a 
lot of studies dealing with discomfort glare due to the fact 
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than the introduction of LED light sources with opal 
diffusor have significantly decreased visual comfort in the 
interior lighting. According to the obtained results, it can 
be concluded that it is not enough to choose a luminaire 
labelled with satisfied UGR, but it is necessary to make a 
proper simulation for complete room scenario. So, it is 
evident that during the designing process of the indoor 
lighting installations, it is necessary to define the reflection 
characteristics of the material as accurate as possible and 
then make a decision of luminaire type. 
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Adaptive Controller Based on LMS Algorithm for 
Grid-Connected and Islanding Inverters 

Tatjana Nikolić, Goran Nikolić, and Branislav Petrović

Abstract - In the field of renewable energy, DC/AC inverters 
are crucial building blocks used in the various industrial and 
consumer devices. Grid connected power inverters should operate 
in synchronism with the grid voltage in order to get maximum 
active power. In this paper, the structure of a power system based 
on adaptive control is described. The main purpose of the 
adaptive controller is to continuously adapt the output signal of 
the inverter to the corresponding load and/or grid waveform. It is 
very important to enable the generation of appropriate excitation 
signal for the inverter. By involving adaptive controller the 
response time decreases and quality of power delivery to the load 
or grid increases. Matlab/Simulink model of the power system 
with adaptive control is used for simulation. 

Keywords - DC/AC inverter, Pulse Width Modulation 
(PWM), Adaptive filter, System identification. 

I. INTRODUCTION

Recently, there has been a pronounced increase of 
interest in the field of renewable energy. To meet the 
increased demand for electrical energy delivery alternative 
renewable energy sources with energy storage device (i.e. 
battery) are used. In an effort to utilize easily available 
solar energy effectively, the need for static inverters has 
increased significantly. With high energy efficiency and 
fast time response, inverters have possibility to convert DC 
energy stored in batteries to conventional controlled AC 
form. The applications require DC-AC power inverters 
with a high performance voltage regulation and high 
efficiency. To achieve these goals, power inverters need an 
optimal controller. The converted AC can be at any 
required voltage and frequency by using switching 
technique implemented by corresponding control circuits 
[1, 2]. With the rapid development of large-scale digital 
integrated circuits, power inverters are required to have a 
smaller area and a faster dynamic response [3]. 

Power inverters can be used as grid tie or stand-alone 
power sources. When the inverter is connected to the grid 
then the grid controls the amplitude and frequency of the 
inverter output and the inverter operates in current control 
mode. If the network is not available, the inverter will 
autonomously supply the load with adequate AC voltage in 
respect to amplitude and frequency. In this case, the 
inverter will control the voltage [4]. With aim to provide a 

correct operation of the power inverter connected to grid 
or/and load, with high stability and power quality, pulse 
width modulation (PWM) generator which drives the 
inverter is needed (see Fig. 1). The inverter will 
continuously generate the desired output signal that is 
consistent with the network waveform if it is excited by the 
appropriate input signal. Recently, research efforts have 
been devoted to system identification and adaptive and 
self-tuning control techniques for power converter 
applications [3, 5, 6]. The implementation of considered 
methods require significant signal processing, and higher 
computational complexity increases execution time and 
disables real-time operation. For this reason, there is still a 
need for a low complexity, online adaptive technique 
which can run continuously in closed loop, adapting to 
changes in the power system. In order to achieve this goal, 
an efficient design of an adaptive controller block is 
proposed in this paper (see Fig. 2). By inserting adaptive 
filtering between the inputs and outputs of the inverters, the 
transfer function of the inverter is first detected. Then, 
based on the known transfer function of the inverter and the 
desired output, using inverse filtering, an excitation PWM 
signal is generated. By introducing a feedback control loop, 
PWM waveform effectively tracks and compensates load 
variation and/or grid power disturbance. In this way, the 
output signal of the inverter is continuously adapted to the 
desired load and/or grid waveform. 

The rest of the paper is organized as follows. Section II 
presents global structures of single-phase grid-connected 
conventional power system and power system with 
adaptive control. Detailed description of the proposed 
adaptive controller with two different processes, adaptive 
and inverse filtering, is given in Section III. Simulation 
results which relate to the generation of an input excitation 
signal based on the desired output signal are given in 
Section IV. Section V deals with conclusions.  

II. POWER SYSTEM

General structure of the power system based on DC/AC 
inverter is presented in Fig. 1. It consists of a DC source, 
an inverter, PWM generator, filter block and a grid utility 
(or load). The inverter block acts as an interface circuit 
which connects the DC source to utility grid and/or local 
load. Primary function of the inverter is to supply active 
power to the load and grid in accordance with grid 
connection standards. Grid standards involve numerous 
requirements, but some of the more representative are the 
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following: reactive power compensation, minimization of 
harmonic distortion produced by nonlinear load, and 
correct phase synchronism between the current and voltage 
with aim to achieve unit power factor [1]. The output 
voltage and current quality at the inverter output can be 
improved by using filter block. The most common 
approach is the use of LC or LCL filter. 

 

+
-
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inverter
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L
DCV

C
gV

gL

lI

gR

PWM 
generator

A

VI

 
Fig. 1. Power system 

 
PWM generator is implemented in the inverter with 

order to generate AC waveform of variable voltage and 
variable frequency. It generates pulses variable duration or 
duty cycle ratio and, in this way, controls the 
voltage/current/power at the output of the inverter. The 
main design challenge now is to obtain an optimal PWM 
signal for driving the inverter, which should ensure 
efficient operation and accomplishment of energy quality 
requirements [4]. The precision of DC/AC conversion 
depends of applied modulation method and inverter 
topology [7]. To fulfill the aforementioned requirements 
we propose adaptive control of the PWM generator block. 
Architecture of modified conventional power system with 
adaptive control is presented in Fig. 2. The main goal of 
this system is that the inverter continuously generates a 
signal that is consistent with the grid waveform [8].  
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Fig. 2. Power system with adaptive control 

 
As can be seen from Fig. 2, power system with adaptive 

control has two parts: an analog and a digital part. The 
digital control, in comparison with the analog control, 
improves the performance of the DC/AC inverters due to 
the following reasons: has more flexibility in the designs,  
the size design is smaller, the algorithms can be easily 
reprogrammed and improved, it is suitable for the adaptive 
system [8]. Fig. 2 shows a power system model, which 
consists of an A/D converter, an adaptive controller, a 
digital PWM block and a DC/AC inverter block. The A/D 

converter performs conversion of sensed analog voltage 
values to digital forms. The PWM block generates the duty 
ratio signal to control the inverter switches. Proposed 
adaptive controller is relied upon system identification to 
identify the parameters of the power inverter, operating 
under the assumption of certainty equivalence, whereby the 
estimated inverter parameters are treated as the true values 
for the purposes of controller design. 

 
III. ADAPTIVE CONTROLLER 

 
Adaptive controller from Fig. 2 consists of two blocks, 

adaptive filter and inverse filter. These blocks perform two 
different processes, adaptive and inverse filtering, 
following each other. First, adaptive filter models the 
relationship between the excitation and the output signal of 
the inverter in real time in an iterative manner. Knowledge 
of the transfer function of the power inverter is required by 
the controller so that a suitable control signal can be 
calculated and applied. Based on the transfer function of 
the inverter and the desired output signal, an appropriate 
excitation signal can be generated using inverse filtering. 

 
A. Adaptive filtering process 
 
Digital FIR filters are widely employed in practical 

real-time digital signal processing applications [9, 10]. 
Whereas any fixed filter is designed in advance with 
knowledge of the statistics of signals, the adaptive filter 
continuously adjusts to a changing environment through 
the use of adaptive algorithms that are needed in order to 
continuously update the filter coefficients. The adjustable 
parameters are dependent upon the applications. This paper 
will focus on applying adaptive filtering in power system 
identification by using least mean square (LMS) algorithm. 
An adaptive filter is used to provide a linear model that 
represents the best fit to an unknown system. In our case, 
the inverter block presents the unknown system. The 
system identification procedure has a three-step logic flow: 
(i) collect input–output data, (ii) choose a model set and 
(iii) pick the best parameters fit to this model. If the system 
is dynamic in nature, the model will be time varying.   

Fig. 3 shows a MATLAB/Simulink model of adaptive 
filtering process. A resistor was introduced to simulate the 
dynamic characteristics of the inverter by changing the 
load. In order to identify the transfer function of the 
inverter block, the same input is applied to the inverter and 
to the adaptive filter. A sample from a digital input signal  
𝑥𝑥[𝑛𝑛] is fed into the adaptive filter, that computes a 
corresponding output signal sample 𝑦𝑦[𝑛𝑛] at time n. This 
output signal 𝑦𝑦[𝑛𝑛] is computed based on adjustable 
parameters of the adaptive filter. The output signal is 
compared to the inverter response signal, 𝑑𝑑[𝑛𝑛], by 
subtracting the two samples at time n. This difference 
signal is the error signal, given by 𝑒𝑒[𝑛𝑛] = 𝑑𝑑[𝑛𝑛] − 𝑦𝑦[𝑛𝑛].  

The LMS algorithm is used to emulate a desired filter 
by finding the filter coefficients that relate to producing the 
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least mean squares of the error signal. This algorithm for 
every input sample first computes the output 𝑦𝑦[𝑛𝑛] using the 
current set of coefficients hn[k], then computes the error 
between the desired response and the filter output, and then 
updates all the coefficients using the following equation: 

  
𝒉𝒉𝑛𝑛+1[𝑘𝑘] = 𝒉𝒉𝑛𝑛[𝑘𝑘] − 𝜇𝜇𝜇𝜇[𝑛𝑛]𝑥𝑥[𝑛𝑛 − 𝑘𝑘]                 (1) 

 
The factor 𝜇𝜇 determines the convergence of the 

algorithm. Large values of 𝜇𝜇 result in fast convergence [9].  
If perfectly identified, the output 𝑦𝑦[𝑛𝑛] of the adaptive 

filter should be the same as the output 𝑑𝑑[𝑛𝑛] of the unknown 
system. However, under realistic environmental conditions 
(component tolerance, unpredictable load changes, ambient 
temperature change, ageing effect), the model parameters 
change so that the obtained coefficient values are not exact 
but approximate. Our goal is to determine the mathematical 
form of the transfer function that is closest to the real 
function of the inverter block. The adaptive filter 
coefficients, i.e. the transfer function of the inverter block, 
represent the outcome of the adaptive filtering process. 
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Fig. 3. MATLAB/Simulink model of a power inverter 

identification by using adaptive LMS filter 
 
B. Inverse filtering process 
 
The transfer function of the inverter block is the 

connection of the output and the input voltage signal and it 
can be defined as 𝐻𝐻(𝑧𝑧) = 𝑌𝑌(𝑧𝑧)/𝑋𝑋(𝑧𝑧). By constantly 
monitoring the grid voltage, the output signal of the 
inverter, which should be in accordance with the grid 
voltage, will be known at all times. Therefore, if the 
transfer function and the inverter output voltage signal are 
known, then the input excitation signal can be determined 
by applying the inverse filtering process.  

The pole–zero diagram provides important insight into 
the properties of systems. To find the poles and zeros of the 
rational function 𝐻𝐻(𝑧𝑧), we can use MATLAB tool. In the 
same way, we can find poles and zeros of the inverse 
function, 𝐻𝐻(𝑧𝑧)−1. The system is stable if all poles are 

inside the unit circle. Therefore, if we have an unstable 
filter, it is necessary that we first design a stable filter. If 
any pole outside the unit circle that causes instability is 
reflected back inside the unit circuit, then the magnitude of 
the frequency response will remain unchanged. For 
example, a pole 𝑝𝑝 with  |𝑝𝑝| > 1 is replaced by the new pole 
𝑝𝑝� = 1 𝑝𝑝∗⁄ , where ∗ denotes complex conjugation. In 
addition, a scaling factor is required. The correct scaling is 
obtained if each factor (1 − 𝑝𝑝𝑖𝑖𝑧𝑧−1) with |𝑝𝑝| > 1 of the 
inverse function is replaced by |𝑝𝑝|(1 − 𝑧𝑧−1 𝑝𝑝𝑖𝑖∗⁄ ). But the 
disadvantage of this method is that it will change the phase 
response. The filtered output signal is delayed with respect 
to the input signal. The delay caused by the filter equals 
half the filter order. When the shift is constant, we correct 
for the delay by shifting the output signal in time. 
Sometimes the filter delays some frequency components 
more than others so that a phase distortion occurs. To 
compensate for this effect, we can perform zero-phase 
filtering using appropriate function.  

 
IV. SIMULATION RESULTS 

 
With the aim to demonstrate the validity of the 

proposed adaptive control, simulation of the power systems 
is performed using MATLAB/Simulink environment. The 
performance measures discussed in these simulations are: 
filter length, convergence rate, error, and stability. The 
adaptive power system identification is primarily 
responsible for determining a discrete estimation of the 
transfer function for an unknown analog system. After a 
number of iterations of this process are performed, and if 
the inverter is designed correctly, the adaptive filter’s 
transfer function will converge to, or near to, the unknown 
inverter block’s transfer function. The coeficients of the 
inverter block are estimated with minimum error. For this 
configuration, the error signal does not have to go to zero, 
although convergence to zero is the ideal situation, to 
closely approximate the given system. There will, however, 
be a difference between adaptive filter transfer function and 
the unknown system transfer function if the error is 
nonzero and the magnitude of that difference will be 
directly related to the magnitude of the error signal.  

The results of simulation presented in Fig. 4 and 5 show 
agreement between the real (exact) excitation signal and 
the new signal obtained by the proposed adaptive method. 
In addition, in Fig. 4 and 5, the percent error of these two 
signals is presented. The percent error is chosen instead of 
an absolute error due to the normalized signal values. Fig. 4 
shows the real and the generated signal for different 
parameters, filter order (𝑁𝑁) and convergence factor (𝜇𝜇) 
where the parameters are: (a) 𝑁𝑁 = 2, 𝜇𝜇 =0.1; and (b) 𝑁𝑁 =
2, 𝜇𝜇 =0.01. As can be seen, faster dynamic response is 
achieved for a lower value µ. Fig. 5 shows the real and the 
generated signal for different parameters, where: (a) 𝑁𝑁 =
4, 𝜇𝜇 =0.01; and (b) 𝑁𝑁 = 6, 𝜇𝜇 =0.01. Note that the best 
design choice of producing inverter excitation signal is 
achieved by using a lower order filter.   
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(a) 

(b) 
Fig. 4. Real and new generated signal for (a) N = 2, µ=0.1, and 

(b) N = 2, µ=0.01 

(a) 

(b) 
Fig. 5. Real and new generated signal for (a) N = 4, µ=0.01, and 

(b) N = 6, µ=0.01. 
 

V. CONCLUSION 
 
The adaptive controller of the power system based on 

LMS algorithm is proposed in this paper. Power inverter 
identification by using adaptive LMS filter and inverse 
filtering process are described. The excitation signal of the 

inverter is generated by the adaptive controller. It is shown 
that the output signal of the inverter is continuously 
adapted to the desired load and/or grid signal. 

The proposed method can be implemented in other 
applications where it is necessary to generate an excitation 
signal based on a known output signal using a system 
identification method. 
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Novel Method in Robust Radio Communication 
Emission Classification 
Jovan Bajčetić and Davorin Mikluc

Abstract - This paper presents a new concept of deep learning 
technique usage for frequency spectrum image classification. The 
presented research gives the overview of the image database 
creation, acquired data processing and emission type recognition 
model developing. Image database is created using real time 
generated, differently modulated robust radio emissions using 25 
kHz wide radio channels within 15 to 55 MHz frequency band. 
Those radio emissions are then represented using 300-time sample 
power distribution over given frequency band. Every each of those 
representations is defined with 500 data points. Using around 100 
of spectrogram and polar images of the acquired data, we 
developed a deep learning model capable to perform multiclass 
classification for detected robust radio emission. 
Keywords – Image classification, Deep learning, Radio emission, 
Robust radio communication. 

I. INTRODUCTION

Deep learning (DL) procedures has enhanced image 
processing technology to the extent to be the inevitable 
technology of the 4th industrial revolution [1], [2]. It is the 
main driver of the autonomous driving technologies and is 
becoming more and more affordable for commercial use [3]. 
In data science, neural networks are in the core of DL 
techniques and can be considered as computing systems 
based on biological neural networks. Basic idea of artificial 
neural network is to simulate a large amount of densely 
packed, interconnected nerve cells within the computer, so 
that it can provide learning of terms, pattern recognizing or 
decisions making. Using this feature, today is achievable 
what was not possible before, thanks to the immensely 
improved computing capabilities of GPU based systems. 

Tactical radio communications provide users with 
reliable narrow band communication links. In a harsh 
electronic warfare environment, it is essential to be 
undetectable, efficient in terms of information exchange 
while mobile, operating in the mash organized radio 
networks. Robust radio communication systems working in 
VHF (Very High Frequency – 30-300 MHz) and HF (High 
Frequency – 3-30 MHz) frequency bands yield for the 
possibility of real-time radio emission classification. Since 
modern tactical radio communications use various kinds of 
media access technologies that enable Low Probability of 
Interception (LPI) and power consumption [4], we initiated 
the research in order to develop the software that could 
automatically identify the received radio signal modulation 

technique and media access technology. That could furtherly 
allow intelligent spectrum utilisation in order to enable 
coexistence of multiple networks within the same area. 

One of the conceivable DL use cases is to provide 
efficient, real-time radio emission classification out of the 
crumbled radio spectrum. That motivation drove us to 
conduct the research in order to generate the tool for such 
challengeable task. 

The research was conducted in the following order: 
1. Reference image database creation;
2. Image classification model defining;
3. Four class multiclass model training;
4. Model testing.

II. RADIO SPECTRUM EMISSION CLASSIFICATION

A. Reference image database creation

DL techniques require a huge amount of data in order to
be properly trained. The research preparation was directed 
towards a suitable image database creation of different 
modulation emission recordings. The first step in software 
development was image acquiring into the database which 
was used as a source of data for DL processing. Images were 
the representations of radio emission spectrum within 
defined frequency band and the actual image creation was 
done using the Matlab software environment that provides 
connection to a wide variety of data acquisition hardware 
solutions.  

The receiving signal spectrum acquiring was performed 
using Tektronix RSA306B USB Real Time Spectrum 
Analyzer which provides real time spectrum analysis, 
streaming capture, signal analysis and +20 dBm to -160 dBm 
measurement range for signals within 9 kHz to 6.2 GHz 
frequency band. The transmitter of this communication 
system was the genuine radio transceiver that generate 
defined modulated radio signal. Emission was produced 
using Thales HF and VHF transceivers as suitable 
transmitters since they offer possibility of different 
modulation modes which are between 15 MHz and 30 MHz 
and 30 MHz and 88 MHz, respectively. Those frequency 
bands are intensively used in the HF and VHF tactical 
military communication systems.  

Modulations that were used in this research were 
Amplitude Modulation (AM), Frequency Modulation (FM), 
Frequency Shift Keying (FSK) and Fast Frequency Hopping 
(FFH). The communication system used was formed as 
presented in Fig. 1. Signal distortion due to interference and 
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Belgrade, Military Academy, Pavla Jurišića Šturma 33, 
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noise was avoided using a proper attenuator in order to 
overcome the receiver overloading. 
 

 
Fig. 1.  Experiment setup – data acquisition 

 
The spectrogram made from the sampled received signal 

was generated by VHF device between 30 MHz and 55 MHz 
for FFH, FSK and FM modulation techniques. For that 
frequency band, measurements were done for 100 different 
modulated carriers with 250 kHz step between them (100 
recordings). For each frequency, the 15 MHz wide 
frequency band was sampled in 300 points. Each recording 
was stored using Matlab, in the structure that contains 3 
matrixes. Those matrixes store time results in 500 samples 
of each recording for 15 MHz wide frequency band during 
the time of approximately of 2,5 seconds. The first matrix 
stores time of the recording, the second matrix is consisted 
of acquired IQ data for m=300, and the third matrix is 
consisted of produced signal spectrum generated with FFT 
(Fast Fourier Transformation). 

AM modulation measurements were done with HF 
device as the trasmitter on 100 modulation frequencies 
between 15 and 30 MHz with 150 kHz step. Results were 
structured and stored in the same way as with VHF device. 
The analyzed spectrum bandwidth was 40 MHz broad with 
sampling points 80 kHz distant from each other. The 
acquired time moment spectrums (SIG0…m) can be 
represented with I and Q values for each frequency/time 
sample: 
 

 

0 0,1 0,1 0,2 0,2 0,500 0,500

1 1,1 1,1 1,2 1,2 1,500 1,500

,1 ,1 ,2 ,2 ,500 ,500

...
...

...
...m m m m m m m

SIG I Q i I Q i I Q i
SIG I Q i I Q i I Q i

SIG I Q i I Q i I Q i

= + + + + + +

= + + + + + +

= + + + + + +

 (1) 

 
The sum of spectrum data SIG that can be used for 

spectrogram presentation is defined in 500 frequency points 
(n) and 300 time recordings (m) with the acquired I and Q 
values: 
 

 
300 500

m, ,
1 1

n m n
m n

SIG I Q i
= =

= +∑∑   (2) 

 
Finally, RFSIGm is the representation of the emitted radio 

signal for each recorded moment of the radio emission: 
 

 
500

, ,
1

cos(2 ) sin(2 )m m n n m n n
n

RFSIG I f t Q f tπ π
=

= +∑  (3) 

 
The samples of produced spectrograms for each 

modulation technique are presented in Fig. 2. 
 
B. Image classification model defining 
 

Considering the database of the produced recordings 
coming from the experiment, the next stage was to produce 
adequate images which would be optimal for the multiclass 
image classification using DL implemented in a chosen 
neural networks API (Application Programming Interface). 
DL model used in the experiment is realized using nowadays 
one of the most popular APIs – Keras written in Python and 
capable of running on top of TensorFlow [5]. 

Keras is a very popular DL API with several advantages. 
First of all, it allows easy and fast prototyping because of 
user friendly code, modularity and extensibility (we used 3 
classes multiclass classification model which we extended 
to 4 classes), Second, it supports both convolutional and 
recurrent networks, as well as combination of those two (we 
used convolutional). Finally, it can be run on both CPU and 
GPU (we used CPU). Four-class classification was 
implemented using model with the parameters shown in 
Table 1. 
 

TABLE I 
THE MOST IMPORTANT MODEL PARAMETERS 

Type of DL model Convolution 
Number of layers 2 
Number of classes 4 

Number of training epochs 20 
Number of the training set images 100 

Number of validation images 6 

 
Images were uniformly dispersed in four classes for the 

training process – 100 images representing spectrograms of 
the acquired data. In order to find more optimal image 
representation of the spectrogram for more efficient 
modulation recognition, we made two different types of the 
spectrogram depiction. The first one is classical 2D 
spectrogram representation of power distribution over time 
and frequency, and the second one is polar plotted 
representation of the same data. 
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Fig. 2.  Spectrogram images – AM (up left), FM (up right), FSK (down left), FH (down right) 
 
 

C. Four class multiclass model training 
 

One of the main problems in DL mechanism for image 
classification is model overfitting which occurs when there 
is not enough number of learn pattern examples (training 
samples) for feeding the model. It leads to the case that the 
model makes false predictions due to irrelevant features. To 
overcome this, it is advisable to make large training 
database, to use adequate number of layers and their size, to 
use “dropout” function and to ˝augment˝ samples, i.e. to 
transform images randomly in order to make our model 
never see twice the same image.  

Those improvements were implemented in our model 
using keras.preprocessing.image.ImageDataGenerators 
class along with random image transformations and 
normalization operations. Each image was 1200 x 900 pixels 
in dimension, with the resolution of 96 dpi and 24-bit depth, 
compressed with JPG standard. 

DL model was a simple stack of two convolutional layers 
with a ReLU activation and followed by max-polling layers. 
In top of it, we stick two fully connected layers and finish 
the model with a single unit and a softmax activation and 
categorical_crossentropy loss, since it is convenient for 
multiclass image classification. Dropout function was 
implemented with 0.5 factor in the last layer. 

 

The randomizations that were used are rescaling, 
shear_range and zoom_range. The first one makes image 
scaling with 1/255 factor to enable model to perform faster 
with scaled image values between 0 and 1. The second one 
apply random shear transformations (displace each point in 
fixed direction by the amount proportional to its signed 
distance from the line that is parallel to that direction), while 
the last one makes random zooming inside images. 

Training generator was constructed with 240x240 pixels 
image size, 32 batch size, 20 epochs and 1000 samples per 
epoch. In Fig. 3 are presented examples of images for each 
of four classes used in two different scenarios for DL image-
based modulation recognition. 
 
D. Model testing 
 

Model performance is defined using training and 
validation accuracy which are the measures how well-
developed model is. When training a machine learning 
model, one of the main things that should be avoided, as 
already being said is the overfitting. Practically, that term is 
related to the situation when a model fits the training data 
well, but it isn't able to generalize and make accurate 
predictions for data it hasn't seen before. In order to find out 
if a model is overfitting, a technique called cross-validation 
is used.  
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Fig. 3. Examples of images used in DL model (spectrogram-left, polar-right) 
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It requires the data to be split into two parts - the training 

set and the validation set. The training set which is in our 
case comprised of about 100 images in each class is used to 
train the model, while the validation set consisted of 6 
images in our case is only used to evaluate the model's 
performance. 

Metrics on the training set expressed as training loss and 
accuracy enable one to see how the model is progressing in 
terms of its training, and the metrics shown as validation loss 
and accuracy on the validation set that gives a measure of 
the quality of the model – how well it's able to make new 
predictions based on data it hasn't seen before. 
 

III. CONCLUSION 
 

Considering results given in Fig. 4, there are some 
conclusions that could be made on the developed model 
performing: 
 

1. Training accuracy which is a measure of the 
training effectiveness is better on the same number 
of images in the training set for the polar 
representation of the spectrogram. It comes to the 
training accuracy of 90% in just 8 epochs, while for 
the same value of classical spectrogram image data 
set it is required to make at least 14 epochs; 
 

2. Validation accuracy (the measurement of how the 
model performs when introduced to the data that 
hasn’t been introduced to before) is quite better for 
the polar trained model, as well, since it comes to 
the high value of more than 85% very quickly (after 
only 2 epochs); 

3. The same situation is considering validation loss as 
the summation of the errors made for each example 
in validation sets. Referring to the Fig. 4, it can be 
concluded that again polar based image 
classification model is much better since it 
classifies new images with fewer errors after just 
two epochs which is quite improvement related to 
classical spectrogram model. 

 
Our future work is going to be directed towards the real-

world application designing for radio emission pattern 
recognition. This indicates development of optimized DL 
models for near-real-time multiclass emission classification 
which is going to be a quite demanding challenge. In order 
to perform such a task, it is an obligate to use GPU (Graphics 
Processing Unit) as a platform for deep learning model 
training and validation because of the much faster 
processing capabilities. 
 
 

  

  
Fig. 4. Model performance – spectrogram (up), polar (down) 
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New Classes of the Orthogonal Filters - An Overview 
Saša S. Nikolić, Dragan Antić, Nikola Danković, Marko Milojković, and Staniša Perić

Abstract - This paper gives some results and contributions 
achieved in recently time on the topic of theory of orthogonal 
polynomials, i.e., orthogonal filters. This theory is based on new 
definitions and specific generalizations of orthogonal functions 
and polynomials, derived directly in complex domain, and their 
possible applications in the field of identification, modeling, 
signal processing and control of dynamical systems. Necessary 
short mathematical background is given, also. In this paper we 
give some main results for almost, improved almost, quasi-, 
generalized, and trigonometric orthogonal polynomials. 

Keywords - Orthogonal polynomials, Almost orthogonal 
filetrs, Quasi-orthogonal filetrs, Generalized trigonometric 
functions. 

I. INTRODUCTION

In last 10 yeats several classes of rational functions 
orthogonal in the complex domain, were developed. They 
were used for designing new classes of orthogonal filters. 
Orthogonal rational functions with fixed poles on the unit 
circle were published in the middle of the last century [1], 
and they represented generalizations of classical orthogonal 
polynomials of Szegö [2]. History of orthogonal 
polynomials can be find in [2]-[4]. There are many papers 
considering orthogonal systems and their applications in 
electronics, circuit theory, signal processing, 
communications, and control system theory [5-7]. On the 
other hand, concept of quasi-orthogonality is introduced for 
the first time in 1923 [8] as a tool for solving the problem 
of moments in mechanics. Quasi-orthogonal functions and 
especially quasi-orthogonal polynomials as well as 
numerous applications have been discussed in many papers 
[9-12]. In practice there is often need for transfer functions 
of general type i.e., with difference in orders of 
polynomials higher than one. This can be accomplished by 
using quasi-orthogonal functions and filters [13]. 

On the other side, almost orthogonal functions [13-16] 
can be successfully used for modeling and analysis of the 
systems with imperfections. First mentioned quasi-
orthogonal functions [9] are also suitable for modeling and 
design of imperfect systems, especially if used in 
combination with almost orthogonal functions. 

Authors of this paper have paid significant attention in 
recent years to the investigating new types of orthogonal 
polynomials and their possible applications in control 
systems and others applications. The main contributions of 
these researches are new types of orthogonal functions and 
polynomials with use of several different types of 
transformation functions for their generating [11-22]. 
Based on these functions we obtained new classes of 
improved almost and quasi-orthogonal polynomials as well 
as practically implemented orthogonal filters in the form of 

a printed circuit boards [13, 15]. As some possible 
application of the newly derived almost orthogonal filters 
can find in [14], [15]. 

It should be mentioned that in [13], new types of filters 
based on orthogonal Legendre and Malmquist quasi-
orthogonal polynomials have been proposed. In [18], a new 
class of orthogonal Legendre type filters with complex 
poles and zeroes were designed with exemplar application 
in modelling of real cascade-connected industrial system. 

II. GENERALIZED ORTHOGONAL FILTERS

A. Almost orthogonal polynomials and filters

Now, we introduce the concept of generalized
orthogonal functions using well known Legendre 
polynomials for the sake of simplicity (the same concept 
can be used on other classical orthogonal polynomials as 
well) [15]. Our design is based on shifted Legendre 
polynomials orthogonal over interval (0, 1). On the other 
side, technical systems operate in the real time, so we need 
the corresponding approximation over interval (0, ∞). The 
solution is to use the substitution 

tx e−= . In this manner, 
polynomial sequence orthogonal over (0, 1), become 
exponential polynomial sequence orthogonal over interval 
(0, ∞). 

Now, we consider the orthogonal Legendre polynomials 
in their explicit form [14, 23]: 

( ) .
0

n
i

n n i
i

P x A x
=

= ∑ , (1) 

where: 

( ) ( )
.

!1 1
! !

n i
n i
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These polynomials are orthogonal over interval (0, 1), 
with weight function w(x)=1, and the following definition 
of orthogonality based on inner product: 

( ) ( )
1

0

0,     
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i

m n
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N m n
≠
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and they can be successively used for modelling, and 
control of dynamical systems as well as for identification 
of specific systems parameters. 

Corresponding almost orthogonal polynomials ( ) ( )nP xε

can be defined as [10, 23]: 
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where ε represent a very small positive constant 
( )0 1ε< << . The connection between classical orthogonal 
and almost orthogonal polynomials is proved in [14] with 
the following relation: 
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where 2
kP  represents the square of the norm and bk are 

polynomials dependent on ε. Obviously, for ε=0 almost 
orthogonal polynomials become strictly orthogonal, i.e. 

( ) ( ) ( )
0

lim n nP x P xε

ε→
= . For design of almost orthogonal 

filters, it is very convenient to use the following three term 
recurrent relation, derived in [14], [16]: 

 ( ) ( ) ( ) ( ) ( ) ( )1 1n n n n nW s W s W s W s kε ε
+ += + + , (6) 

where: ( )
02 1,n

n
n

b
k k

P

ε
= − = ε . 

The first few members of the almost orthogonal 
polynomials ( ) ( ){ }nP xε  over interval (0, 1) with weight 

function w(x)=1 sequence are: 

 

( ) ( )
( ) ( ) ( )
( ) ( ) ( )

( )

0

1

2 2
2

2

1,

2 1 2 ,

6 6 1 12 12

            + 1 30 36 .

P x

P x x

P x x x

ε

ε

ε

ε

ε ε

ε ε

=

= − −

= − − + +

− +

 (7) 

On the Fig. 1 we can see the practical realization of the 
almost orthogonal filters with six section. 
 

 
 

Fig. 1.  The almost orthogonal filter of Legendre type with six 
sections - printed circuit board 

 
Signals ( ) ( )i tεϕ  from Fig. 1 represent Legendre type 

almost orthogonal functions generated by almost 
orthogonal filter [15]. This filter consists of the 15 µA 
741CN amplifiers, 60 resistors, 12 potentiomets, and 6 
capacitors.  

 
 

B. Improved almost orthogonal polynomials 
 
We defined almost orthogonality in different manner in 

order to accomplish further simplifications and 
improvements in filters design. First, we defined almost 
orthogonal Legendre polynomials ( ) ( )nP xδ  [15]: 

 ( ) ( ) ,
0

n
i

n n i
i

P x A xδ δ

=

= ∑ , (8) 

where ,n iAδ  represent coefficients defined by: 
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δ δ
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= −
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. (9) 

δ is a constant near to one: δ=1+ε≈1 and Г is a symbol for 
the gamma function [2]. Parameter δ is uncertain quantity, 
which describes imperfection of the system. Variations of δ 
contain cumulative impacts of all imperfect elements, 
model uncertainties, and measurement noise on the system 
output. Range of variations can be determined by 
conducting several experiments. Hence, it is expected that 
responses obtained from different experiments are mutually 
different. The responses are in certain boundaries, which 
depend on parameter δ i.e., on the real system components 
quality, or the noise level present in signal. 

After applying the substitution tx e−=  to (8) and 
Laplace transform, we obtain transfer function suitable for 
designing almost orthogonal filters: 
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As a mapping function use transformation 0s s+ = , 
i.e. s s= − . In this case, left semi plane of the complex 
plane s is being transformed into the right semi plane [7], 
[15]. Almost orthogonality can be analyzed from the 
following inner product: 
 ( ) ( ) ( ) ( ) ( )nm n m

C

N W s W s w s dsδ δ= ∫  (11) 

with weight w(s)=1, m>n.  
Now, applying the Cauchy theorem, we obtain: 
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The first few members in time domain of the improved 
almost orthogonal polynomials ( ) ( ){ }i tδϕ  over interval (0, 

∞) with weight function w(x)=1 sequence are: 
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On the Fig. 2 we can see the practical realization of the 
improved almost orthogonal filters with five section. 

 

 
 

Fig. 2.  The improved almost orthogonal filter of Legendre type 
with five sections – printed circuit board 

 
This filter consists of the 8 LM 324N amplifiers, 48 

resistors, 9 potentiomets, and 8 capacitors. 
 

C. Quasi-orthogonal and generalized quasi-orthogonal 
filters 
 

The final generalization of the concept of orthogonality 
can be introduced by the following definition of quasi-
orthogonality for the polynomial set Pn(x) [17]: 
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 (15) 

where k represents the order of quasi-orthogonality, a and b 
are the limits of quasi-orthogonality interval, and w(x) is 
the weight function. 

In our case of Legendre quasi-orthogonal polynomials 
of the first order [17]: 
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The first few members of quasi-orthogonal polynomials 
of order k=1, ( )1

nP x  over interval (0, 1) with weight 
function w(x)=x sequence are: 
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If we apply (15) on the almost orthogonal Legendre 
polynomials defined by (8) and (9), we can obtain 
generalized quasi-orthogonal Legendre polynomials [19] 
over interval (0, 1) with weight function w(x)=1: 
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For example, the first member of first order (k=1) 
generalized quasi-orthogonal Legendre polynomials of this 
sequence are: 
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On the Fig. 3 we can see the practical realization of the 
generalized quasi-orthogonal filters with five section. 

 

 
 

Fig. 3.  The generalized quasi-orthogonal filter of Legendre type 
of first order (k=1) with five sections – printed circuit board 

 
This filter consists of the 5 µA 741 amplifiers, 16 

resistors, 10 potentiomets, and 7 capacitors. 
 

III. COMPLEX RATIONAL FUNCTIONS AND 
TRIGONOMETRIC FILTERS OF LEGENDRE TYPE 
 
Complex rational functions were intensively 

investigated in the 1970s and the 1980s. Rational functions 
with complex poles (and appropriate filters) can be also 
orthogonal [18]. These functions provide generating a 
sequence of rational functions with arbitrary complex-
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conjugate poles using three term recurrent relation [24]. 
Later, the complex rational functions were used for 
designing appropriate filters whose transfer function has 
complex-conjugate poles. In this paper, we present 
complex rational functions which are used for derivation of 
complex Legendre polynomials of trigonometric form. 
Now, we will briefly define these new complex rational 
functions and appropriate polynomials and practical 
implementation will be shown in designing appropriate 
orthogonal filters [25].  

Denote poles of function: 
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following relation is valid: ( )( )2 *
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where *
ks  is complex-conjugate related to ks  i.e., 
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k k ks jσ ω= − . If we apply Heaviside’s 

expansion on function ( )nW s  we obtain: 
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Taking into account the residues of function (6), we 
obtain: 
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Applying inverse Laplace transformation to function 
(23) we obtain: 
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These functions are orthogonal on (0, ∞) with weight 
function ( ) 1w t = , i.e., the following expression is valid 
[19]: 
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Complete orthogonality mathematical proof is given in 
[18, 23]. The first few first member of Legendre 
polynomials in time domain are: 
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On the Fig. 4 we can see the practical realization of the 
generalized orthogonal filters with three section. This filter 
consists of the 17 LM 324N amplifiers, 68 resistors, and 11 
capacitors. 

 

 
 

Fig. 4.  The generalized orthogonal filter of Legendre type with 
three sections – printed circuit board 

 
IV. CONCLUSION 

 
In this paper we gave survey study on new classes of 

orthogonal filters (almost, improved almost, quasi-, 
generalized quasi-, and trigonometric) which have been 
derived in recent 10 years. These polynomials could have 
wide spectrum of applications in various science and 
technical fields. We have already designed the appropriate 
filters based on new classes of filters and gave 
experimentally printed circuit board in this paper. 

We are developing some new class of orthogonal 
rational functions which can be used for designing new 
orthogonal filters. 

 
APPENDIX 

 
We present some block diagrams and electronic 

schemes of the proposed filetrs. On the Fig. 5 we present 
the improved almost orthogonal filter of Legendre type. 
The experimental signals (Fig. 6) sensed on implemented 
filter for the value of the parameter δ=1.02 and the 
amplitude of the input signal 2.5V rebound, is shown in 
Fig. 5. On the Fig. 7 we shown the experimental signals 
sensed on implemented generalized quasi-orthogonal filter 
of Legendre type of first order (k=1)for the value of the 
parameter δ=1.02 and the amplitude of the input signal 
2.5V rebound. On the Fig. 8 we present the generalized 
orthogonal filter of Legendre type with complex zeroes and 
poles. 
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Fig. 5.  The improved almost orthogonal filter of Legendre type – analogue scheme 
 

 
Fig. 6.  The improved almost orthogonal filter of Legendre type – signals sensed on printed circuit board 

 
Fig. 7.  The generalized quasi-orthogonal filter of Legendre type of first order (k=1) – signals sensed on printed circuit board 

 
Fig. 8.  The generalized orthogonal filter of Legendre type with complex zeroes and poles – analogue scheme
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SARIMA and ANN approaches in  
day-ahead power consumption forecasting 

Igor Jovanović, Andrija Petrušić, Miona Andrejević Stošović and Dragan Mančić

Abstract - In this paper, we will present two models, a 
seasonal autoregressive integrated moving average model 
(SARIMA) and an artificial neural network (ANN) model in order 
to forecast hourly electricity consumption of energy in industry 
for a day-ahead. We will start with a brief analysis of the global 
electricity market with special reference to the Serbian market. 
Next, the daily electricity consumption amounts between August 
1st and December 19th 2019. will be analyzed using statistical 
tools. According to the obtained results, we will compare the two 
models. 

Keywords – ANN, SARIMA, energy consumption, 
forecasting, seasonality. 

I. INTRODUCTION

Liberalization of electric power sector in the last two 
decades led to very dynamic wholesale markets and 
deregulated retail markets. At wholesale market level, 
traders are focused on price dynamics trends, while on 
retail level for supplying electricity to final consumers the 
consumption forecast can make all the difference for 
fostering cost-efficiency [1].  

Furthermore, forecasting energy consumption on short-
term, mid-term and long-term level is essential when 
defining strategies for production planning and expansion 
of infrastructure capacities for electric power systems. 

A good approach to consumption prediction of 
individual consumers can have a far-reaching effect on the 
aggregated level. Strategic decision-making tools are more 
reliable when based on proper models for determining 
patterns of individual consumptions for various types of 
industries.  

It can be observed on the example of electric power 
suppliers as balance responsible parties at liberalized 
energy markets how important is having an adequate 
mathematical model for forecasting individual 
consumption. The balance responsibility refers to the 
penalty-based financial mechanism developed to force 
market participants to properly anticipate their energy 
needs on short-term level.  

Electric power supplier is obliged to inform in a day-
ahead manner transmission system operator (TSO) how 
much of electric power needs to be provided on hourly 
level for all his electricity consumers. This is important, 

because TSO needs to maintain the balance in real-time 
between production and consumption for entire energy 
system, based on the data provided from all balancing 
parties active on the market. There is a certain tolerance 
that TSO will allow to balancing parties, but at the end if 
anticipated hour consumptions are not matching actual 
consumed energy and the tolerance for imbalance goes 
above established limits, the balancing party will be 
penalized through settlement prices defined for each hour 
retroactively based on pre-established methodology issued 
by Regulatory body. 

In liberalized power markets, balance responsibility and 
imbalance settlement are two closely related elements that 
constitute the essential part of a balancing market, which is 
an institutional arrangement establishing market-based 
balancing [2]. 

In the end, market participant proportionally to the 
imbalance they created in the system for each hour pays 
generated imbalance costs. If Electric power supplier lacks 
adequate forecasting tool and gives poor judgment on how 
much electricity is needed in each hour for all its 
consumers that are in his balancing group, unnecessary 
expense occurs for each estimation that at the end is above 
the allowed imbalance limits for measured consumption. 

If consumption of the balancing group is observed only 
on an aggregated level, many studies have shown that there 
is a correlation with outside temperature, but balancing 
group dynamics is mostly out of focus. Therefore, the 
smaller balancing group is (fewer metering points and less 
volume) and if bigger, the fluctuation of client is on yearly 
level, there is more need for Electric power supplier to 
estimate balancing group needs through forecasting models 
of individual energy consumptions for each consumer or 
metering point. 

The importance of electricity consumption forecasting 
on one hand, and its complexity on the other hand, have 
motivated many researchers in this area. In the literature, 
there are numerous studies on electricity consumption and 
demand estimation. In these studies, some of commonly 
used methods are stationary time series models [3], 
regression models [4], [5], [6] econometric models [7]. 
However, most of time series models are linear predictors, 
while electricity consumption is inherently a nonlinear 
function. So, the behavior of electricity consumption series 
may not be completely captured by the time series 
techniques. To solve this problem, some other research 
papers have proposed Artificial Neural Networks (ANN) 
and genetic algorithms for electricity consumption 
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Electronic Engineering, E-mail: igor.jovanovic@elfak.ni.ac.rs, 
andrija.petrusic@gmail.com, miona.andrejevic@elfak.ni.ac.rs, 
dragan.mancic@elfak.ni.ac.rs. 

Proceedings of the 8th Small Systems Simulation Symposium 2020, Niš, Serbia, 12th-14th February 2020

123



forecasting [8], [9]. 
The main purpose of this study using measured hourly-

based consumption data is to develop an adequate 
forecasting model for predicting electricity consumption 
for individual consumers that can be used as a proper tool 
by Electric Power Supplier to avoid unnecessary imbalance 
costs to properly estimate energy needs on an hourly level.  

For the purpose of this study, United Green Energy Ltd. 
[10] consulting company for Energy market has provided 
data of an individual consumer. Data was strategically 
chosen so irregular intermittent consumption profile can be 
used as the input data set. Furthermore, this consumption 
profile lacks correlation with global factors (e.g. outside 
temperature), as it is mostly dependable on the business 
potential company that creates for itself. 

Collected hourly data is presented in the form of the 
time series for the period August 1st –December 19th 2019. 

 
II. FORECASTING MODELS 

 
A. Seasonal Autoregressive Integrated Moving Average 
Model 
 

Autoregressive Integrated Moving Average Model 
(ARIMA) is a widely used time series analysis model in 
statistics. ARIMA(p, d, q) is a kind of short-term prediction 
model in time series analysis, where p, d and q are non-
negative integers that correspond to the order of the 
autoregressive, integrated and moving average parts of the 
model, respectively. The ARIMA model is also applicable 
for non-stationary time series that have some clearly 
identifiable trends.  

The periodicity, which has an impact not only in the 
electricity market but also in other sectors of the economy, 
is an important indicator for planning and policy-making 
[6]. Periodicity of the periodical time series is usually due 
to seasonal changes. For such time series, a Seasonal 
ARIMA (SARIMA) is used. Therefore, SARIMA(p, d, 
q)(P, D, Q)m is used for time series with seasonality, where 
P, D and Q are relevant seasonal autoregressive parameter, 
seasonal integrated parameter and seasonal moving average 
parameter, respectively, and m is period of time series. The 
seasonal part of the model is very similar to the non-
seasonal part, but it is involved in backshifts of the 
seasonal period.  

Fig. 1 displays the time series plot for electricity 
consumption data in kWh. The series displays considerable 
fluctuations over time, and a stationary model does not 
seem to be reasonable. 

To stabilize the variance, data need to be rescaled using 
the formula: 

 

 
min( )

max( ) min( )
i i

i
i i

y y
a

y y
−

=
−

, (1) 

 
where ai is the rescaled value, yi represents the original 

data, and min(yi) and max(yi) are the minimum and 
maximum values of the original data set, respectively. 
After stabilization of variance, the standard deviation is 
reduced from 22.1195 to 0.1991. 

 

 
 

Fig. 1.  The hourly electricity consumption from  
August 1st –December 19th 2019 

 
The sample autocorrelation function (ACF) for the 

rescaled data is displayed in the Fig. 2. From that figure, 
one can see that there is a seasonal period of time (24 lags). 
In addition, software implementation of an augmented 
Dickey–Fuller (ADF) test for level stationarity applied to 
the rescaled data leads to a test statistic of −9.3863 for 
p<0.01. Although the test showed that the data was 
stationarity, a seasonal difference of the rescaled data series 
must be applied. 

 

 
 

Fig. 2.  The sample ACF for the rescaled electricity consumption 
data 

 
The sample ACF and partial autocorrelation function 

(PACF) for the seasonal differences of the rescaled 
electricity consumption data are shown in Fig. 3.  

On the basis of this plot, one can well consider a 
stationary model as appropriate. After first differencing, the 
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standard deviation is reduced to 0.1711, and ADF test for 
level stationarity applied to data leads to a test statistic of 
−87.5573 for p<0.01. Taking the second seasonal 
differences also results in stationarity (i.e., the trend is 
removed), but leads to an over differences series with a 
standard deviation which moved to a level higher than the 
series after first differencing (σ2=0.4876). 

 

 
 

Fig. 3.  Sample ACF and PCF for seasonal differences of the 
rescaled electricity consumption data 

 
After the order of seasonal I(D) terms has been 

identified (here, 1), in SARIMA(p,d,q)(P,D,Q)m, the next 
step is to determine whether the pattern of autocorrelation 
can be better explained by (S)AR terms, (S)MA terms, or a 
combination of both.  

ACF indicating that there are two significant seasonal 
and non-seasonal spikes and PACF will die out over time. 
In this case, theoretically, we should use SMA(2) and 
MA(2) after differencing the data. The orders p and P are 
selected from a reasonable range of non-negative values to 
create several SARIMA models.  

In order to maximize the probability of obtaining the 
data that we have observed the best 
SARIMA(1,0,2)(2,1,2)24 model (Table 1) was selected 
based on the lowest Akaike’s Information Criterion value 
(AIC=-3580). The lower value of Schwarz Bayesian 
Information Criterion (BIC=-3537.1) and lower root mean 
square error were desired. The low RMSE indicates that the 
dependent series is closest to the model predicted levels 
and thus, the predictive model is useful for forecasting 
purposes.  

Through a combination of regression modelling and one 
seasonal differencing proposed model successfully 
extracted all the autocorrelation from the data in order to 
achieve more efficient forecasts. 

The relative success of statistical models in reproducing 
the measured time-series can also be measured in terms of 

residuals of error. The frequency distributions of the 
residuals of the SARIMA models for all data are presented 
in Figure 4. The points of a quantile-quantile plot of the 
residuals seem to follow the straight line fairly closely. 
This graph would not lead us to reject normality of the 
error terms in this model. In addition, the Ljung-Box Q-test 
for residual autocorrelation applied to the residuals, 
produces a test statistic of 66.8844, which corresponds to a 
p-value <0.01, and we would not reject normality based on 
this test. To check on the independence of the error terms 
in the model, we consider the sample ACF of the residuals 
in Figure 5. In other words, the residuals follow a linear 
trend. Thus, the residuals are normally distributed. In 
general, the model shows good forecasting accuracy and 
can be used to predict future values. 

 
   TABLE I 
PARAMETERS VALUE OF THE SARIMA(1,0,2)(2,1,2)24 MODEL  

Parameter Value 
Constant 0.401641 
AR{1} 0.032015 

SAR{1} 0.00657 
SAR{2} 0.005856 
MA{1} 0.000825 
MA{2} 0.000824 

SMA{1} 0.033497 
SMA{2} 0.02343 

 
Cross-validation prediction checks of proposed 

SARIMA model can predict and verify the value for the 
observed period, and the forecast future trends. 
 

 
 

Fig. 4.  Plots of the fitted SARIMA(1,0,2)(2,1,2)24 model ACF 
and PCF for seasonal differences of the rescaled electricity 

consumption data 
 
The model predicts the rescaled electricity consumption 
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data (testing set, or observed data) for the next 139 days, 
based on the 37 hours of past data (presample data) with 
RMSE=19.2581, while minimum presample data for the 
selected model is 27 hours (Fig. 6). From Fig. 6 it can be 
concluded that overall model performance is satisfactory 
for all the electricity consumption data, although the 
observed peaks are reproduced in some cases with higher 
amplitude. 

 

 
 

Fig. 5.  Sample ACF for the SARIMA residuals 
 
Verified value for the observed period can serve as 

confirmation of the adequacy of the proposed model, while 
forecasted future trend for electricity consumption data can 
be an indication of a future state. Fig. 7 shows a 
comparison between testing set and training set. For the 
sake of clarity, Fig. 7 shows values for the presample 
(black line) and observed (red dotted line) data only for the 
last four days (the data are already shown in Fig. 6).  

 

 
 

Fig. 6.  Diagnostics proposed SARIMA model with rescaled data 
 
Fig. 8 shows forecasted values (red line) for the day-

ahead period. Evaluating forecast accuracy is accomplished 
by examining the residuals for any systematic pattern of 
misspecification. Forecasts should ideally be located within 
the 95% confidence limits, and formal statistics can be 
calculated from the model residuals in order to evaluate its 
adequacy. In other words, according to Fig. 8, the real 
values appear within the 95% confidence intervals 

(between red dotted lines). 

 
 

Fig. 7.  Diagnostics proposed SARIMA model with original 
power consumptions data 

 

 
 

Fig. 8.  Forecasted power consumption data using SARIMA 
model for the day-ahead period 

 
B. ANN approach  
 

Artificial neural networks have been used for short-time 
forecasting in electronics [11], [12]. Models were also 
developed for prediction of electricity consumption on a 
monthly and weekly level.  

In this paper we will present a model based on a 
recurrent neural network. In fact, we used data from 24 
previous measurements (measurement is done every hour), 
so we use consumption from a day before in order to 
predict consumption in the next hour. So, the artificial 
neural network has 24 inputs, describing what was 
happening for the previous 24 hours. For the network 
training we used the next consumption value as a network 
output. The obtained network has one hidden layer with 40 
hidden neurons. After the training was completed, a 
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training error was 1.23*10-17, what is negligible. That 
means that when data used in the training process are used 
as an excitation to the obtained ANN, no error is occurred. 

In the Fig. 9 we present forecasted data for the next day, 
i.e. for next 24 hours. Forecasted data is obtained when we 
excited ANN with values for next 24 hours. We also should 
stress that part of the data used for prediction are also 
predicted in earlier iterations. 

 

 
 

Fig. 9.  Forecasted power consumption data using ANN  
model for the day-ahead period 

 

 
 

Fig. 10.  Comparison of forecasted power consumption data using 
SARIMA and ANN model for the day-ahead period 

 
III. CONCLUSION 

 
In this paper, two approaches, statistical and neural 

network approach, were deployed for obtaining models for 
time series, i.e. day-ahead power consumption forecasting. 

By analyzing and comparing forecasted data obtained 
by these two approached, we can see from the Fig. 10 that 

forecasted data have the same trend. We can also notice 
from the paper that ANN approach is much simpler.  

It can be seen from the measured data that the energy 
consumption is correlated with outside temperature and 
with few more factors related to the daily operations of the 
observed company. In our future work, we plan to do 
further research and develop some hybrid forecasting 
methods which will take into account most of the above 
parameters. 
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Analysis of existing methods for detection of 
source of harmonic pollution 

Dejan Stevanović, Miona Andrejević Stošović, Predrag Petković

Abstract – In this paper we will give an overview of the 
methods used for the detection of sources of harmonic pollution at 
power grid. The aim is to compare the original method based on 
the use of distortion power proposed by the authors with other 
known methods. The comparison will be done by simulation 
using benchmark examples. The obtained simulation results will 
confirm that the value of the distortion power can be effectively 
used to detect the source of harmonic pollution at the point of 
common coupling (PCC). 

Keywords – Harmonic source detection, power meters. 

I. INTRODUCTION

The last few decades are characterized by a wide use of 
smart electronic appliances and a massive use of the 
electronic control systems in industrial production. Most of 
the electronic equipment needs DC supply for operation, 
thus making the AC to DC converters become the 
dominant loads at the power grid. The non-linear nature of 
these converters introduces a huge amount of harmonics. It 
is well known that any deviation of the line voltage 
produces serious problems [1, 2]. The continuous rise of 
the number of non-linear loads - gives rise to all problems 
related to the influence of harmonics. To face this 
regulations, the limit of the allowed amount of each 
harmonic is created. Two widely used standards in this area 
are the IEEE 519-1992 and IEC/EN61000-3-2 [1].  

The standard IEC/EN61000-3-2 is in use in the Euro-
pean Union since 2001. It restricts the value of input cur-
rent distortion up to the fortieth harmonic in electrical hou-
sehold appliances. It considers consumers up to 16A per 
phase, with the nominal voltage from 240V up to 415V.  

So far, there are no regulations that specify what 
happens if a customer exceeds the allowed amount of 
harmonic pollution. However, in order for the utility to 
carry out any measure one needs a proper and efficient 
method to detect and quantify the level of distortion of the 
respective customer (PCC Point of Common Coupling). 
Thereafter, it needs a procedure to discipline the irres-
ponsible customer. 

Practically, the utility could apply one of two appro-
aches. The first is to disconnect the harmonic producer. 
The softer alternative is to charge for extra-losses. From the 

point of view of the general public, the former is better 
because it encourages customers to avoid using appliances 
that pollute the grid. Actually, the main problem in the tax 
driven regulation is the lack of the measurement tools to 
detect the dominant source of harmonics producer. One of 
the suggestions is to implement new electronic power 
meters able to measure harmonic distortion. However, 
measuring Total harmonic distortion (THD) is not 
sufficient for analysis of the effects of the harmonic 
polluter [4]. Therefore, the computation of another quantity 
named Power Quality Index (PQI) was suggested.  

A number of experts deal with the problem of power 
quality measurement and location of non-linear loads [3-9]. 
In our previous paper [10- 12] we offered a solution that 
could be implemented using existing solid-state electronic 
meters. This we consider to be the main advantage of the 
proposed idea. 

The paper is organized in five parts. The next section 
reviews existing solutions for detection of non-linear loads 
on the grid together with known shortcomings. After that 
we give the basic definition of fundamental power 
quantities. In the fourth paragraph we compare all metods 
at real benchmark examples by simulation. The conclusion 
is given in the fifth section. 

II. REVIEW OF EXISTING METHODS FOR
HARMONIC SOURCE DETECTION

At present, there are several proposed solutions for 
harmonic source detection at power grid. All of them can 
be divided in two groups:  

- multi-point methods and
- single-point methods.

The first group of methods is based on distributed and 
synchronous measurement system and data collection from 
different points at power grid. This method provides 
precise and complete information about propagation of 
harmonics at grid. However its practical realization is 
difficult because it requires complex and expensive 
measurement instrumentation. On the other hand, single-
point methods are more convenient for implementation, but 
less precise. Table I summarizes the state of the art of 
single-point methods that are used for harmonic source 
detecting or sharing harmonic responsibility between utility 
and consumer. 
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   TABLE I 

THE-STATE-OF-ART FOCUS ON THE HARMONIC SOURCE DETECTION 
AND SHARING HARMONIC RESPONSIBILITY METHODS 

Method (Indices) Required Data Aims 
Active Power 

Direction (APD) 
Voltage and current 
obtained by single 
point measurement Harmonic Source 

Detection 

Reactive Power 
Direction (RPD) 
Nonactive Power 

Method (NP) 
Harmonic Polluted 

Ranking (HPR) 
method 

Current obtained by 
single point 

measurement 

Critical Impedance 
Method(CI) 

Thevenin’s  
equivalents of utility 
and consumer sides 

Sharing harmonic 
responsibility 
between utility and 
consumer 

 
One of the most common used single-point strategies 

from Table I (APD) is based on monitoring the sign of the 
harmonic active power PH [1, 3, 8]. According to this 
method a consumer represents source of harmonic 
pollution just in case when PH< 0. Otherwise, the utility-
side pollutes the power grid. This identification of the 
nonlinear consumer is widespread and has been used in 
industry for many years [1], [3]. Many manufactures 
present this possibility as a key feature of their equipment 
despite the proofs that it is not 100% accurate [3].  

RPD proposes tracking the sign of the harmonic 
reactive power, QH. It is complement to APD. Which one  
will be applied depends on the balance of resistances and 
reactances of the loads [1], [3]. However, determining the 
character of impedance is, in most cases, a difficult 
problem. 

NP is based on comparison of three non-active power 
components [6], [7] that complicates DSP software of 
power meter. 

The authors of HPR method introduce new power 
quality index to monitor the affect of each nonlinear load 
on a Point of Common Coupling (PCC) of a power 
distribution system. It is defined as a product of Load 
Composition Rate and THD. Both parameters are derived 
from the load current waveform using a complex Reduced 
Multivariate Polynomial model [4].  

An alternative group of methods able to share 
responsibility between harmonic sources relies on 
measurement of impedance at the grid and the customer 
side (CI). Theoretically, the method is reliable. Therefore it 
appears in numerous variations [9]. However this method 
cannot be implemented easily. The practical problem is that 
one can determine the impedances only if he intrudes the 
system.  

The main drawbacks of aforesaid methods are: 
- neither of them gives exact quantitative 

information of a customer which pollutes the grid; 
- they cannot be easy implemented within ordinary 

electronic power meter, consequently cannot be used for 

each customer.    
Considering all disadvantages of the methods proposed 

in the literature, the authors of this paper tried to fix and 
eliminate them  in their own method. [10-12] 

 
III.  THE DEFINITIONS OF THE FUNDAMENTAL 

QUANTITIES 
 

Traditional power system characterization quantities 
such as RMS values of current and voltage, power (active, 
reactive, apparent) are defined for ideal sinusoidal 
conditions. However, in the presence of non-linear loads, 
these definitions need correction. The instantaneous values 
of a quantity rich with harmonics (voltage or current) can 
be expressed as: 

 ( ) ( )∑
=

+=
M

h
tXtx hhh

1
sin αω , (1) 

where h is the number of the harmonic, M denotes the 
highest harmonic, while Xh, ωh and αh, represent 
amplitude, frequency and phase angle of the h-th harmonic. 

The RMS value of the signal expressed by (1) is 
defined as: 

 ∑
=

=
M

h
XX

1

2
RMShRMS ,  (2) 

where XRMSh is the RMS values of the h-th harmonic.  
Product of the voltage and current having the same 

harmonic frequency gives the harmonic power. Total active 
power is defined as: 

 ( )h
M

h
hh

IVP θcosRMS
1

RMS∑
=

= = P1+PH,  (3) 

where θh denotes phase angle between voltage and current, 
while P1 and PH represent fundamental active power and 
harmonic reactive power, respectively. 

According to Budeanu [1, 8] reactive power is defined 
as: 

 ( ) H1RMS
1

RMSB θsin QQIVQ h
M

h
hh

+== ∑
=

,  (4) 

where, similarly to (3), Q1 and QH denote fundamental 
reactive power and harmonic reactive power, respectively. 

By analyzing the equations for calculating active (3) 
and reactive power (4), it can be concluded that only 
harmonics of current and voltage of the same order affect 
the total value of active and reactive power. The 
contribution of the harmonic component of active and 
reactive power to their total value is small, usually less than 
3% [1]. The harmonics influence the most to the effective 
value of current and voltage and therefore on apparent 
power, which is calculated as the product of the effect of 
value of current and voltage: 

∑∑
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Using (3), (4) and (5) one gets the inequality: 
 222

BQPS +>  (6) 
However, for the sinusoidal case S2=P2+QB

2. Con-
sequently, it is quite clear that a difference exists due to 
harmonic distortion. Following the logic about defining 
active and reactive power, Budeanu introduced the term 
distortion power DB that quantifies the discrepancy within 
the inequality (6): 

 2222
BB DQPS ++= .  (7) 

The essence of this revision is contained in the fact that 
in absence of harmonics, DB=0 and S2=P2+QB

2. Therfore, 
in our previous paper we suggested method for detection 
source of harmonic pollution at power grid based on 
measuring power distortion [9-12] calculated by using 
equation (8). 

 222
BB QPSD −−= . (8) 

 
IV. COMPARISON OF EXISTING METHODS FOR 

DETECTION SOURCE OF HARMONICS POLLUTION BY 
SIMULATION 

 
The comparison between the methods is done by 

simulation. Based on the equations (2), (3), (4), and (8), a 
Matlab script was generated. In the simulation we tried to 
make realistic environment, so we modelled voltage 
polluted with 3rd, 5th and 7th harmonic. Aiming to get 
sinewave with flattened top and bottom peaks, we added 
3% of 3rd harmonic, 2.5% of the 5th and the 7th harmonic in 
respect to the value of the fundamental harmonic VRMS1 = 
230V. The following ten cases of different load types were 
considered: 

a) Incandescent light bulb (ILB) 
b) Fluorescent lamp (FL) 
c) Phillips Compact Fluorescent Lamp (PCFL) 
d) EcoBulb Compact Fluorescent Lamp (ECFL) 
e) 6-pulse 3-phase diode rectifier dc power supply 

(3-DR) 
f) 6-pulse switched-mode power supply (SMPS) 
g) 6-pulse PWM controlled variable speed drive 

(PWM VSD) 
The aforementioned loads were not selected 

accidentally. They were chosen because they can serve 
here as benchmarks to the power electronic community, 
since measured data for these loads were already published 
in [1, 13]. Fig. 1.a illustrates the waveforms of the currents 
for FL, PCFL, ECFL, while Fig. 1.b presents waveforms of 
the currents through SMPS, 3-DR and PWM VSD. Among 
these simulated loads, only ILB has linear characteristic, 
because the current tracks the waveform of the voltage. 
Other loads are nonlinear introducing new harmonics into 
current.  

In the Table II all the simulation results are collected 
and compared. The quantities in the Table are labelled 
according to the notation given in equations (2)-(8). The 

additional parameters are THDV and THDI, standing for 
total harmonic distortion of voltage and current waveforms, 
respectively. THDI has been lately suggested as a 
parameter for distortion power detection and quantification 
[13]. Further, we obtain DIEEE and D1 when we replace QB 
with QIEEE and Q1 in (8), respectively. Besides, we 
presented DI as one more form for distortion power 
estimation. It defines distortion power as a product of 
THDI and S1 (fundamental apparent power), according to 
[14]. 

 

 
a) 

 
b) 

Fig. 1. Current waveforms for a) FL, PCFL, ECFL and  
SMPS b) SMPS, 3-DR and PWM VSD 

 
We can also notice from the Table II, that for linear 

loads active power, P, equals to the apparent power, S. 
Using (12), we can easily calculate that the value of 
distortion power is equal to zero no matter what definition 
of Q is used. However, the value of the quantity DI is quite 
inaccurate in the case of linear resistive load (ILB), since 
nonlinearities in nonlinear voltage supply are mapped into 
the nonlinearities of the current, making quantity DI 
inaccurate. We can thus conclude that this power quantity 
is not reliable to be used for identification of the source of 
harmonic pollution.   

When taking nonlinear loads into account, all four 
methods for determining D offer approximate, comparative 
results. From the given values we can conclude three 
important issues. First, all the values for distortion power 
(DB, DIEEE and D1) are greater than 0 for all nonlinear 
loads, thus confirming the suggested method. Second, all 
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three definitions of D (DB, DIEEE and D1) give very similar 
results. Slight differences in definitions of Q map into 
slight differences in D, but this disagreement can be 
compensated with convenient billing policy. The last, but 
maybe the most important conclusion is that the amount of 

distortion power is not negligible, because in some cases it 
is of the same order of magnitude as the active power. 
Disregarding D could cause considerable losses at power 
grid [2].  

 
 

TABLE II 
SIMULATION RESULTS 

 ILB FL PCFL ECFL SMPS 3-DR PWMVSD 
IRMS[A] 0.42 0.10 0.13 0.09 14.84 13.53 14.23 
VRMS[V] 230.25 230.25 230.25 230.25 230.25 230.25 230.25 
P1[W] 96.60 17.31 16.09 18.59 2249.74 2251.39 2300.00 
PH[W] 0.21 0.06 -0.14 0.02 -24.93 -19.15 -13.01 
P[W] 96.81 17.36 15.95 18.61 2224.81 2232.25 2286.99 
Q1[VAR] 0.00 15.15 -10.06 -6.04 478.20 470.34 0.00 
QH[VAR] 0.00 0.15 0.21 0.04 -27.68 -6.83 -25.95 
QB[VAR] 0.00 15.30 -9.84 -6.00 450.52 463.51 -25.95 
QIEEE[VAR] 0.00 15.15 10.07 6.04 481.42 472.68 41.92 
S[VA] 96.81 23.62 29.71 20.91 3416.27 3114.89 3276.55 
THDV[%] 4.64 4.64 4.64 4.64 4.64 4.64 4.64 
THDI[%] 4.64 22.85 120.28 37.66 109.61 91.12 101.25 
DB[VAR] 0.00 4.72 23.06 7.41 2553.07 2122.45 2346.23 
DIEEE[VAR] 0.00 5.18 22.96 7.38 2547.42 2120.42 2346.00 
D1[VAR] 0.00 5.18 22.96 7.38 2548.03 2120.94 2346.37 
DI[VAR] 4.48 5.26 22.82 7.36 2521.08 2095.65 2328.69 
Qsq[VAR] 0.00 15.88 21.99 7.44 2139.69 1949.59 1864.67 
Qx[VAR] 0.00 16.01 24.78 9.53 2511.77 2109.96 2314.21 
N[VAR] 0.00 16.01 25.07 9.54 2592.51 2172.47 2346.37 

 
 

TABLE III 
COMPARISON OF OUR METHOD (M) WITH METHOD PUBLISHED AT [6-7] [M1 AND M2] 

 ILB FL PCFL ECFL SMPS 3-DR PWM VSD 
Q1[VAR] 0.00 15.15 -10.06 -6.04 478.20 470.34 0.00 
QSH[VAR] 0.00 15.88 21.99 7.44 2139.69 1949.59 1864.67 
QX[VAR] 0.00 16.01 24.78 9.53 2511.77 2109.96 2314.21 
QF=N[VAR] 0.00 16.01 25.07 9.54 2592.51 2172.47 2346.37 

Detected as a source 
of harmonics 

pollution 

M1 none consumer consumer consumer consumer consumer consumer 
M2 none consumer consumer consumer consumer consumer consumer 
M none consumer consumer consumer consumer consumer consumer 

 
 

Table III presents results of comparison between the 
method proposed in [10-12] (denoted in Table III as M) 
and two alternative methods published in [6] (denoted in 
the Table as M1) and in [7] (denoted in the Table as M2). 
In case of linear resistive load (ILB) all methods registered 
no harmonic pollution. That is because either Q or D do not 
exist on linear resistive load. In this case harmonics in 
current can appear only if they already exist in voltage. The 
utility is responsible to keep voltage distortion at low level 

defined by standards IEEE 519-1992 and IEC/EN61000-3-
2. Besides, the utility has interest to keep non-distorted 
voltage in order to protect own equipment from damages. 
Method M1 specifies the customer as distortion producer if 
value of Sharon reactive power (QSh) is closer to Fryze 
reactive power (QF) than to Q1. If it is not the case the 
inducer is at utility side. In method M2 we replaced Sharon 
reactive power (QSH) with fictitious reactive power (QX)  
and used same principe.  
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The common drawback of methods M1 and M2 is the 
following. First, for loads with small nominal power (in our 
case FL), the differences between the three non-active 
powers are small. Therefore, for precise identification, the 
instrument with high accuracy is required. Second, the 
value of fictitious and Sharon’s reactive power can only be 
positive and can create confusion when the load has 
capacitive nature. This is common case for CFL. Finally, 
the method requires measurement of non-active power 
defined in three different ways while our method is based 
only on one value. Results presented in Table III confirm 
that our method undoubtedly detects the inducer of 
harmonic pollution. 

 
 

 
a) 

 
b) 

Fig 2. Graphical representation of obtained value for 
simulated load a) harmonic active power  

b) harmonic reactive power 
 
In addition we compared our approach with the method 

based on observing the sign of active harmonic power PH 
[1, 3, 8]. According to this method, when PH>, 0 the source 
of harmonic pollution is located upstream from the 
metering point (the utility). Otherwise, the source of 
harmonic pollution is located downstream (consumer). Fig. 
2.a shows the graphical presentation of obtained value for 
PH for the same set of loads as given in the Table II. In all 
cases (except ILB) we have nonlinear loads and the inducer 
of harmonics is at the customer side. However, the sign of 
harmonic active power changes. It is positive for ILB, FL, 
ECFL, but negative for PCFL, SMPS, PWM VSD and 3-
DR. Consequently this shows that this method is not 
reliable [3]. Alternatively, Fig 2.b presents harmonic 

reactive power for the same loads. Obviously none of these 
parameters can be used for precise location of harmonic 
pollution source, as well. Namely, in all the cases the 
inducer is the customer while the sign of harmonic reactive 
power is negative for  SMPS, PWM VSD and 3-DR and 
positive for other loads. 

 
V. CONCLUSION 

 
The simulation results of different types of loads, 

presented in Table III, clearly show that the value of the 
distortion power can be successfully used to detect source 
of harmonic distortion. Moreover, the method based on 
measuring the distortion power  successfully identifies and 
quantifies the degree of harmonic distortion introduced by 
each consumer at PCC. The method is compared on real 
loads with recently published methods based on APD, RPD 
and NP methods.  
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Library of Combinational Logic Cells Resistant to Side 
Channel Attacks  

Milena Stanojlović Mirković, Miljana Milić, Dejan Mirković and Vančo Litovski 

Abstract – This paper presents an overview of research in the 
field of hardware cryptography. An effort was made to develop 
the library of CMOS cells that are resistant to Side Channel 
Attack. The No Short-circuit current Dynamic Differential Logic 
method is implemented. Characteristics of encrypted cells are 
compared with the standard, (not encrypted), cells under various 
operational conditions in order to prove the SCA resistance. 
Designed encrypted cells represent the basis of developing more 
complex crypto system and increase its overall security. 

Keywords – CMOS, IC design, SCA, Cryptography, NSDDL 
method. 

I. INTRODUCTION

The content of an encrypted data in digital systems is 
protected by utilizing specific algorithms which should 
harden obstruct the decrypting. The protection is usually 
based on application of complex keys which require hacker 
to apply a large number of combinations in order to break 
them. The longer time it takes for trying of each bits 
combination, the protection is better.  However, time for 
key breaking may be significantly reduced if, besides 
logical states, other characteristics of the signal are 
observed. Usually, analysis of power consumption i.e. 
power supply current time profile are used for this purpose. 
Every unauthorized collecting of such information about 
crypto system behaviour is referred to as Side Channel 
Attack (SCA) [1-2].  

The main source of information about the behaviour of 
a circuit is the circuit activity expressed through the change 
of the supply current. Observing changes in the supply 
current (IDD) and correlating them with known input vector 
can be used as valuable information for breaking the 
coding key. Physical background for this approach lies in 
the fact that an abrupt change of the IDD in a CMOS digital 
circuit occurs only during transition of a logic state. For 
example, during the 0-to-1 transition of the signal an 
additional charge is needed to load capacitances. Besides, 
some "short-circuit" current flows when PMOS and NMOS 
transistors are turned on simultaneously. During this 
transition, IDD changes produce electromagnetic field 
variations which the attackers may detect using special 

probes. 
The encrypted library of CMOS cells, that are resistant 

to SCA attacks, is developed in LEDA Laboratory at the 
Faculty of Electronic engineering, University of Nis. The 
key achievement in this study is the development of the 
part of this library which applies only to combinational 
logic.  

The SCA resistance is measured by the degree of the 
information hiddenness and it is larger if the correlation 
between the IDD and the circuit behaviour is suppressed. 
For the design of encrypted cells, the No Short circuit 
current Dynamic Differential Logic method is adopted [3]. 

This paper is organized as follows: the section II 
presents the basics of the NSDDL method; the section III 
presents the design methodology of combinational 
encrypted cells; while in the section IV considers the 
difference between power supply currents (IDD) for 
standard and encrypted cells. The final section summarizes 
key contributions of this research. 

II. NSDDL METHOD

The encrypted cells’ functioning exploits the idea that 
each combination of input signals results in the same power 
consumption. This can be realized when every logic cell 
has a counterpart that will react complementary. Therefore, 
every functional cell has two outputs denoted as true and 
false. The hardware is doubled, but the effect of hiding the 
true function of the cell is achieved.   

The NSDDL method requires three different operation 
phases. During the first, precharge, phase both outputs (true 
and false) of all logic cells are driven to high logic level. In 
the second phase, known as the evaluation phase, the 
desired value is set at the true output and the 
complementary value is established at the false output. The 
third phase is named discharged because all outputs 
achieve low logic level. These phases are illustrated in Fig. 
1. 

10         20        30         40          50         60       t(ns)

PRE
EVALUATION

PRE

DIS

Pre

Dis

10         20        30         40          50         60       t(ns)

Fig. 1 Waveforms of control signals for the Dnor cell 
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The advantage of this method compared to other popular 
solutions, like WDDL [4-5], is its immunity to imbalance 
loads at true and false outputs. This is achieved by using a 
dynamic NOR circuit (DNOR) which minimizes the impact 
of short circuit currents in the CMOS circuit. It is an 
integral part of the control logic and NSDDL cells. Figure 
2 illustrates this circuitry. 

Pre

IN

Pre

VDD

Out

Dis

 
Fig. 2. Dnor cell 

III. NSDDL CELLS - COMBINATIONAL LOGIC  
 
All logic cells resistant to SCA are designed in CMOS 

technology TSMC 0.35um. The idea of the NSDDL 
methodology requires that the responses of each input 
signal combination consume the same power. This is 
possible with the doubled hardware that contains a cell 
with the complementary properties. Therefore, any input 
combination will imply the transitions on both true and 
false outputs. 

 
A. Designing an inverter / buffer cell (INV / BUFF) 
 

Due to the complementary design an inverter (INV) cell 
will behave as a buffer (BUFF) at the false output[6-7]. 
However, the simplicity of the logic function requires a 
different design approach comparing to the general 
NSDDL concept. Obviously, complementary signals A and 
notA are required at true and false inputs At the output of 
the cell two signals denoted with OT (Output True) and OF 
(Output False) are generated. The signal OT represents the 
true output signal (inverted A signal), while OF represents 
the false one, as depicted in Fig. 3. 
 

Inverter/Buffer

A

notA

D
is

Dnor

Dnor

Pr
e/
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Fig. 3. Block diagram of the NSDDL INV/BUFF cell 

In the case of a BUFF cell, OT and OF signals, 

meaning, are swapped. At the same time this cell represents 
a part of the logic that controls others NSDDL cells. This 
practically means that the inverting function in the NSDDL 
logic is obtained with crisscrossing of true and false 
outputs. 

 
B. Design of two - input AND/NAND/OR/NOR cell 
 

Consider mutually complementary NAND and NOR 
cells, as a part of a SCA resistant structure. Block schemes 
of AND/NAND and OR/NOR NSDDL, SCA resistant cells 
are presented in figures 4 and 5, respectively [8].  
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Fig. 4. Block diagrams of a) NSDDL AND cell; b) NSDDL 
NAND cell 
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Fig. 5. Block diagrams of a) NSDDL OR cell; b) NSDDL NOR 
cell 
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Besides, from figures 4 and 5 can be seen that cells are 
excited with mutually complement input signals A and 
notA i.e. B and notB. Using de Morgan rules it can be 
shown that with simple input signal (A, notA, B, notB).  

It is obvious that the same hardware structure 
implement AND, NAND, OR and NOR functions. That is 
why this structure is referred to as the AND/NAND/ 
OR/NOR SCA resistant cell. It is important to notice that 
all functions are implemented using negative logic circuits 
with negative logic (NAND and NOR) which can be easily 
implemented using CMOS technology.  

The DNOR circuit represents the basic element for all 
SCA resistant cells within the NSDDL technique. It 

provides inverting function when transforming from 
standard to the NSDDL logic. 

 
C. Design of the XOR/XNOR cell 
 

This cell consist of two NSDDL AND cells and one 
NSDDL OR cell. The block diagram of the XOR/XNOR 
SCA resistant cell is presented on Fig. 6.  

The control logic generates the input signals for this 
cell. Since that the input (true and false) signals, are 
complementary, the same structure provides both 
functions: the XOR function at the true output (OT) and 
XNOR function at the false output (OF). 
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IV. RESULTS 

 
This section will present comparative results of the 

simulations for standard and encrypted cells. For standard 
cells one can expect strong correlation between energy 
required for the particular transition and the combination of 
input signals. In particular, any neutral event requires 
minimal energy, while rise transition at the output needs 
more current to charge the output capacitance. NSDDL 
cells are designed with intention to hide the cell’s operation 
regarding IDD. Therefore, they should provide a minimal 
correlation between the stimulus signals and the IDD value. 
To quantify the resistivity to SCA we have adopted a 
measure based on the calculated integral of the consumed 
power over time (energy) [11-12]. 

 

,)(
0

dttiVE
T

DDDD ∫ ⋅⋅=                    (1) 

 
In order to provide better insight into the behavior of 

every cell from the simulation results we have derived the 
following parameters: standard deviation (σ) normalized 
standard deviation in respect to average energy (Eavg) 
(NSD). As a measure of the SCA resistance we have 

considered normalized standard deviation according to (2). 
As for the INV and BUFF cells, only two transitions of 

input signal are possible. Therefore, it makes no sense to 
statistically process only two data values. That is why only 
relative average energy consumption difference is 
observed, and it is denoted with δE in Table I. One can 
notice that the uniformity of the cell’s energy consumption 
is increased. This means that the presented cell has the 
significant SCA resistance. Also, when the δE parameter is 
observed, there is a 98.9 times increase in the SCA 
resistivity. 

 

            [%].100
avgE

NSD σ
⋅=                             (2) 

  
TABLE I RESULTS OF STANDARD AND NSDDL INVERTER CELLS 

A notA Estandard [J] ENSDDL [J] 

↑ ↓ 2.48136E-13 1.32838E-12 

↓ ↑ 2.21651E-13 1.3299E-12 

Eavg [J] 2.34894-13 1.3291E-12 

δE [%] 11.275 0.114 

 
Results obtained for standard AND, NAND, OR and 
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NOR, and NSDDL AND/NAND/OR/NOR cells are 
compared and presented in Table II. Also, the same table 
contain results for standard XOR and XNOR cells and the 
NSDDL XOR/XNOR cell.  

It is interesting to track how the property defined as 
resistance to the SCA is being transferred from lower to 
higher hierarchical design level. With this in mind, we have 
performed a similar set of simulations for NSDDL 
XOR/XNOR as for the NSDDL AND/NAND/OR/NOR 
cell. 

  
TABLE II RESULTS OF STANDARD AND NSDDL CELLS 

 Eavg [J] δE 
[%] σ [fJ] 

NSD 
[%] 

AND 4.83E-13 210.15 405.4 83.91 

NAND 4.11E-13 196.98 337.7 82.23 

OR 3.62E-13 222.05 310.3 85.64 

NOR 2.94E-13 202.67 243.1 82.59 

NSDDL 
AND/NAND/OR/NOR 2.77E-12 2.81 24.31 0.87 

XOR 3.90E-13 63.64 91.77 23.51 

XNOR 3.25E-13 131.76 154.18 47.43 

NSDDL XOR/XNOR 6.24E-12 3.53 56.58 0.907 

 
Dynamic energy consumption, as mentioned before, is 

expressed through the integral of the IDD over time during 
one cycle of the input signal change. This cycle is the same 
for standard cells as for NSDDL cells, in all three 
operational phases. As before, relative, average consumed 
energy difference, standard deviation and normalized 
standard deviation are taken as measures of the SCA 
resistance. Parameters are denoted with δE, σ and NSD, 
and are given in columns one, two and three, respectively.  

 The NSD parameter that is less than 1% (0.87%) for the 
AND/NAND/OR/NOR2 NSDDL cell remained almost the 
same. Although slightly increased to the value of 0.91%, it 
is still less than 1%, which qualifies this cell as the SCA 
resistant one. Actually, the NSD has increased for 4.6% in 
respect to the AND/NAND/OR/NOR NSDDL cell. The 
total improvement of the resistivity to SCA in comparison 
with standard cells overcomes 2500% for the XOR and 
5000% for the XNOR cell. 

Figures 7 and 8 show trends of the energy consumption 
for:  

- the four unprotected standard cells (AND, NAND, OR, 
NOR) and encrypted NSDDL AND/NAND/OR/NOR 
cell (Fig.7) 

- two unprotected standard cells (XOR and XNOR) and 
the encrypted NSDDL XOR/ XNOR cell (Fig. 8) 

The input signal combinations are given in the horizontal 

axis labels, A and B, where the symbols “↑” and “↓” denote 
rising and falling transitions, respectively. The ordinate 
label denotes obtained energy levels for those cells.  

 

 
Fig. 7. Energy consumption during ten cycles of input signals 
change for the unprotected standard cells and the encrypted 

NSDDL AND/NAND/OR/NOR cell 
 

 
Fig. 8. Energy consumption during ten cycles of input signals 
change for the unprotected standard cells and the encrypted 

NSDDL XOR/XNOR cell 
 

V. CONCLUSION 
 
This paper presents the part of library logic cells 

resistant to side channel attacks (combinational logic) 
designed by the rules of the NSDDL method. This method 
is characterized by the duplicated implementation of 
hardware that generates true and false outputs. The false 
output has the same function as the inverted true output. 
The basic idea is to mask the correlation between the 
supply current and the activity of the cell. This is possible 
to obtain with doubled input signals Three-phase clock 
signal guarantees that all outputs will start from the high 
logic level during the pre-charging phase, and will end with 
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the low logic level during the third phase. The cell 
performs the desired logic function in the second operating 
phase. Then the true output takes the desired output state 
and, while, simultaneously the false output changes with 
the opposite transition. The energies required for output 
transition under different combination of input signal were 
considered as a measure of the SCA resistance. The cell is 
resistant if all changes at its outputs require the same 
energy. As a measure of a cell SCA resistance we have 
considered the normalized standard deviation (NSD). All 
designed cells have showed a good resistivity to SCA when 
this parameter is observed. 
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Unified Equation Formulation for Electronic and 
Electrical Circuits Analysis 

Marko A. Dimitrijević, Vančo B. Litovski and Ljupco Kocarev

Abstract - In an attempt to bring together simulation tools and 
particularly equation formulation methods of power electrical 
systems analysis and electronic circuit analysis we were studying 
and contrasted to each other the properties of Load Flow Analysis 
(LFA) and the Modified Nodal Analysis (MNA). Based on 
comparisons of their implementations presented in textbooks we 
came to the conclusion that MNA is favourable as compared to 
LFA from several points of view such as comprehension, 
simplicity and universality. 

Keywords - Circuit analysis, Power systems simulation. 

I. INTRODUCTION

After Tesla’s introduction of alternating current and 
poly-phase systems at the end of the nineteenth and the 
beginning of the twentieth century, electrical engineering 
and electricity as such became and still is one of the most 
important vehicles of the development of human society. 
However, over time the discipline diverged in two 
directions: power electrical systems and electronics. For a 
long time, these separate research communities operated in 
independent silos. It was only recently that electronics and 
ICT became necessary for the modernization of power 
production, distribution, and consumption which has 
become known as the smart grid. On the other hand, it was 
only recently that electronics and ICT became one of the 
biggest consumers of electricity, and as a secondary 
consequence through the necessary power converters, 
begun to seriously threaten the quality of the delivered 
power [1]. 

Similar separation and re-convergence was to befall the 
design tools developed for these two trades, including 
simulation software. Today, modern power electrical 
system design literature covers subjects that are also 
electronics oriented [2]. However, simulation tools being 
developed as part of the power system design subsystems 
are, of course, not able to reproduce electronic components 
down to transistor level. On the other hand, simulation 
tools developed as part of electronic and ICT system design 

are not able to reproduce various phenomena specific to 
power generation, transmission and distribution systems. 
Given the demands that modelling the modern smart grid 
places on both domains, researchers should extend the 
capabilities of existing tools such that both worlds are 
covered [2]. This paper is an attempt to help achieving this 
goal. 

In fact, this is an effort to go deeper into the subject of 
simulation by facing one against the other the equation 
formulation methods underlying the simulation programs 
coming from the two domains. In that way, the intention is 
to promote better mutual understanding between 
communities and facilitate convergence toward an 
omnipotent simulation tool. 

As a vehicle of the comparison and the proposal, the 
examples from two modern text books of power electrical 
and smart grid systems are used. After repeating part of the 
example is given in one of them, its deficiencies are 
exposed and a solution, which is not only successful and 
effective but also easy to understand and to teach new 
generations, is proposed.  

II. LOAD FLOW ANALYSIS

In the book [3] while introducing the theory of Load 
Flow Analysis (LFA), on page 396, the following 
“Example 7.2” is given (a similar, but conceptually 
identical, example is given in [4] on page 213): 

Fig. 1.  Distribution feeder (picture 7.2 in [4]) 

“Example 7.2: Consider a distributed feeder presented 
in Fig. 7.2. Assume the following: 

a. Feeder line impedances, that is 1–2Z  and 2–3Z  are
known. 

b. The active and reactive power consumed, that is 2S
and 3S , by loads are known. 

c. The local power grid bus voltage 1V  is known and all
data are in per unit.” 

A solution follows, which we have to repeat due to its 
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fundamental importance to the knowledge delivered to the 
power electrical engineering community. Namely, it seems 
that the way of thinking expressed in this example is 
omnipresent and, in our opinion, difficult to fit into the 
fundamental laws of electrical circuit analysis. It is as 
follows: 

“Solution: Let us write the Kirchhoff’s current law for 
each node (bus) of Fig. 7.2 and assume that the sum of the 
currents away from the bus is equal to zero. That is, for the 
buses 1-3, we have 
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( )
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After substitution, the author comes forward with the 

following: 
“The above can be written as 
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 (3) 

 
where 11 12Y y= , 12 12Y y= − , 21 12Y y= − , 22 12 23Y y y= + , 

23 23Y y= − , 32 32Y y= −  and 33 23Y y= . The matrix equation 
(3) represents the bus admittance matrix; it is also the BusY  
model for Example 7.2.” 

Equation (3) in fact is not a final solution. It can’t be, 
and we will come back to that. To come to the final, the 
authors in [3] and [4] turn from voltages and currents into 
power by creating nonlinear equations describing a linear 
system. These, naturally, need special algorithms in order 
to be solved (Gauss-Seidel is advised first). That includes 
creating initial solutions and control of convergence. In [5] 
Newton-Raphson is further recommended due to its faster 
convergence. 

 
III. MODIFIED NODAL ANALYSIS 

 
Nodal analysis (NA) is based on the Kirchhoff’s current 

law and as it is already explained above the node equations 
is expressing the following: The sum of currents leaving 
the node is equal to zero. The node voltages are unknown 
while the currents are first expressed as functions of node 
voltages using the constitutive equations of the circuit 
elements connected to a node. Frequency domain analysis 
is facing a problem when ideal voltage source is connected 

between nodes since the branch current cannot be 
expressed as a function of the branch voltage (ideal voltage 
source has no Norton equivalent). Time domain analysis, in 
addition, has problem to express the voltage equation of the 
inductance. Both problems are solved when Modified 
Nodal Analysis (MNA) is implemented [6,7]. The trick is 
that the branch current of the voltage element (ideal voltage 
source or inductor) is introduced as a new variable enabling 
the proper node equations to be assembled. In that way the 
number of variables is incremented by 1. In addition, the 
system of circuit equations is extended by a new equation 
related to the branch of the voltage element. Fig. 1 depicts 
an ideal voltage source connected between nodes j and k, 
and the “stamp” or the contribution of such an element to 
the system of equations describing the circuit. 

Implementation of MNA is not domain dependent. This 
means that one uses the same concept for (power-) 
frequency and the time domain analysis [8], while the 
system to be analyzed may be linear or nonlinear. To our 
knowledge there are serious attempts within the power 
electrical engineering community to adopt MNA and 
implement it for system simulation [5,8-13]. That is not the 
case for the LFA as it is thought at universities and hence 
our intervention. 

 

 
 

Fig. 2.  An ideal voltage source connected between nodes j and k, 
and the “stamp” or the contribution of such an element to the 

system of equations describing the circuit. 
 

IV. LOAD FLOW ANALYSIS VERSUS MODIFIED 
NODAL ANALYSIS 

 
We will start here to express our full disagreement with 

developments expressed in second section. To begin with, 
the node voltage 1V  is already known and one should not 
expect that the solution of (3) would produce the same 
value as the original. Then, node 1 (bus bar 1) has no 
internal impedance which is easily recognized from the fact 
that 1S  is missing in Fig. 2. That may look as unimportant 
mistake but in fact is a fundamental error misleading the 
whole analysis. As already mentioned ideal voltage source 
has no Norton equivalent meaning that 1I  cannot be related 
to 1V . The bus bar current is unknown until the end of the 
analysis since it depends on the load. Theoretically, for the 
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same bus bar voltage, it may vary from zero to infinity. If, 
however, the ideal voltage source was to be kept in the 
circuit it would be impossible to formulate the nodal 
equations as above. One would need to use MNA by which 

1I  would be introduced as unknown circuit variable and 
the order of the system of equations would be raised by 1. 

Further, equation (2) is also misleading. Namely, a set 
of unknown variables ( , 1,  2,  3iV i = ) is used to create a set 
of other unknown variables ( , 1,  2,  3iE i = ) while both 
stay in the same system. According to the author, to get the 
“ BusY  model” one should create a system of three equations 
with six unknowns. That is difficult to believe, and as 
already commented it leads nowhere. Furthermore, if the 
node voltages change why would the load power stay 
constant? Namely, the truth is S , as given in the figure, are 
nominal powers which, for the given impedances are valid 
only for the nominal voltages. The load impedance is the 
only invariant (since steady load is presumed). In our 
opinion the loads were to be noted as nominal ( NS ) being 
valid only for nominal voltages ( NV ) and used to find the 
admittances only. 

To put the same comment in other words, if I  is 
unknown (since V  is unknown), why are they on the right-
hand side of the equation? Or, how many complex valued 
unknowns are in (2) and (3), three, six or nine? 

Unfortunately, the story does not end here. Namely, 
looking at the final “ BusY  model” and switching off the 
source (putting 1 0I = ) one gets 
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Can the grid produce node voltages even if there is no 

power source active in it? 
Here we come to one of the fundamental mistakes done 

when loads are represented in LFA (and not only in it). 
Namely, instead of impedances (which are in fact the 
loads) one uses current sources. However, a current source 

is a source of energy even if it is negative by value while 
the impedance is a consumer of energy. Interchanging 
those leads to wrong solutions (like, having voltages and 
currents in absence of real sources in the system). 
Furthermore, looking in circuit theoretical mode, the 
impedance's current changes linearly with the change of its 
voltage. The current of a current source is constant and 
independent of the voltages drop on it (looking at it as if it 
is impedance, it becomes nonlinear conductance with 
hyperbolic decay). Finally, by use of a constant current 
source we ignore any change of the currents in all loads. 
So, since we know the currents ( Ι ) and the loads ( S ), 
there is no need for any analysis. The voltages may be 
obtained from (2) backwards. 

To conclude, both node voltages and load currents (and 
consequently load powers) are unknown at the beginning of 
the analysis and the concept expressed in [3,4] is 
misleading. 

One is not to forget that the books we are speaking 
about ([3] had two and [4] eight editions) are intended to be 
read by novices (students). 

Before proceed to implementation of the MNA as an 
ultimate solution of the equation formulation problem we 
will try to accommodate to the NA. Of course, we will 
suppose that NV  and NS  are known which means we 
know the load admittances L2Y  and L3Y . 

Supposing 1I  is known, one is to substitute the 
admittances of the loads and proceed with the formulation 
in the form 

 

 
11 12 1 1

21 22 23 2

32 33 3

0
0 ,

0 0

Y Y V I
Y Y Y V

Y Y V
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  (7) 

 
where 11 12Y y= , 12 21 12Y Y y= = − , 22 12 23 2LY y y Y= + + , 

23 23Y y= − , 32 32Y y= −  and 33 23 3LY y Y= + . 
Again, L2Y  and L3Y  are the admittances of the loads 

which are passive and do not generate energy (hence, must 
be on the left-hand side of the equation). 

Since 1V  (not 1I ) is known, by simple manipulations 
one gets 
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This seems an acceptable final solution. It resembles the 

case when the admittance of the first line, 11 1 21/Y Z −= , is 
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used as internal admittance of the voltage source 1V . This 
(handmade) trick is, unfortunately, not applicable when 
more than one line is connected to the bus bar. 

In other words, we would prefer a universal method 
enabling in the same time for automatic (computer 
generated) equation formulation. Here comes the MNA. If 
MNA was to be applied instead (7) one would have: 
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221 22 23

332 33

1

00 1
00
00 0

1 0 0 0 g

VY Y
VY Y Y
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  (9) 

 
Here a voltage source ( gE ) is connected to node 1. This 

system complies with the equation formulation used in the 
SPICE program [12,14] meaning that if SPICE description 
were created one would produce the solution in no time. 
Note there are versions of SPICE available for free. 

To finalize, one is not to forget that when all node (or 
branch) voltages are known we may calculate everything: 
currents and powers, meaning there is no need to switch to 
powers before the node voltages are found. 

 
V. CONCLUSION 

 
To conclude, it is our opinion that it is time to 

demystify the power system analysis (including PFA) as 
taught until now, since despite of a very long period of use 
of such systems is still obscure and ineffective. Using a 
simple, but as general as necessary, example we showed 
that MNA should be taught to our student as a universal 
means of equation formulation for circuits and systems 
simulation. 
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Development of C# Application for Neural Network 
Based Precipitation Data Mining 

Miljan Jeremić, Milan Gocić, Miljana Milić, Jelena Milojković 

Abstract – The impact of climate changes, and especially its 
negative effects to human society, represent potentially 
devastating problems of today and the future that cannot be easily 
confronted, defined, and solved. In order to successfully combat 
climate changes’ negative effects, it is necessary to assess their 
actual beginning in time as well as its duration and the final 
effects, but it is also difficult to determine the intensity and points 
of observation. Due to the extensive damage caused over a long 
period of time, it is necessary to find reliable and standardized 
indicators in space and time that would define phenomena such as 
rainfall, droughts and floods. The paper presents an application in 
C# programming language that, using data from multiple 
measuring stations in Niš, Serbia recorded in a database, and a 
machine learning technique, such as Data Mining, creates a neural 
network that models and analyzes a rainfall index for a period of 
20 years. 

Keywords – Climate changes, Data mining, neural networks, 
machine learning. 

I. INTRODUCTION

Learning is a process that humans perform almost 
continuously. Since the ability to learn is a basic 
characteristic of intelligent beings it is not surprising that 
machine learning represents the central area of research in 
artificial intelligence. Artificial systems that are capable of 
learning, evidently improve their performance, while the 
intelligent biological systems increase the probability of 
their survival and extension of the species. 

Machine learning [1, 2] is an area that studies the 
processes that underline learning in humans as well as in 
artificial systems. In order to cover all relevant aspects, it 
relies on a number of other disciplines, including artificial 
intelligence, probability and statistics, information theory, 
psychology, neurobiology, and control theory 

Inductive learning or inductive empirical learning has 
the greatest importance in the field of computing and 
artificial intelligence. The idea of this type of learning is to 
learn from the available examples or to learn from the 
experience of others. Considering the object of learning, 

the most general learning methodology is the functional 
learning, i.ee input-output mappings. 

Measuring the quality of a trained system is one of the 
key problems in machine learning. It can easily happen that 
the chosen hypothesis represents the most reliable one for a 
given training set, but also very unreliable on new 
examples that did not participate in the training i.e. the test 
set. The ability to generalize or to correctly deal with 
instances that were not the part of the training set data, is a 
measure of the quality of any machine learning algorithm. 
The synthesis is based on two sets, a training set and a test 
set. The test set data should not be used in the training 
stage. A common statistical measure of system 
performance is the mean square error that is calculated 
using the system’s output values and target values. 

In practical applications there are many different 
machine learning models, and their structure depends on 
the information contained in the training sets, how the 
training process is controlled, and whether the training 
system can affect the surrounding.  

The aim of this paper is to describe the entire creation 
process of a Data Mining architecture for a system that, 
based on a neural network type machine learning model, 
shows the visual result of rainfall estimation in the territory 
of the city of Niš during one year. It begins with data 
acquisition from the relational database, and ends with the 
visualization of the machine learning algorithm’s 
conclusions. In the next section few most important 
machine learning algorithms and techniques will be 
explained briefly. Then, the basic information about the 
initial precipitation data will be listed. It is followed by the 
applied Data Mining methodology [3], and its results. The 
paper ends with some concluding remarks.  

II. MACHINE LEARNING
ALGORITHMS AND TECHNIQUES

There are many available data science techniques today, 
such as linear regression, logical regression, SVM (Support 
Vector Machine), Random Forest algorithm, K-means 
clustering, neural networks and convolutional neural networks, 
and they are most commonly applied on data in the form of an 
Excel CSV file or in JSON format. 

One of the best-known techniques of machine training are 
neural networks and decision trees [4, 5]. 

A. Decision making systems
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There are three large groups of machine learning 
techniques [2]: supervised learning, unsupervised learning 
and reinforcement learning. 

In the supervised learning training set is in the form 
{xi, f(xi)}, where f(xi) denotes a target value for the instance 
xi. The task of the training is to find the approximation for 
the function f, while the measure of performance is the 
quality of the approximation for points that are outside of 
the training set.  

For the unsupervised learning, the training set contains 
only the input instances {xi} A typical problem for the 
unsupervised learning is the clustering problem, i.e. the 
classification of the available data into a smaller number of 
groups. Since the clustering is done on the basis of data 
similarities, it means that one cluster contains data with 
similar properties. The reinforcement learning is more 
complex learning concept in compare with the supervised 
and the unsupervised one. It originates from the control 
theory in which a dynamic environment can be described 
with a condition, action and a reward. Within this type of 
learning technique, it is necessary to learn how to map the 
situations into actions, while achieving the maximal 
reward. The training algorithm is not familiar with types of 
actions that should be performed for the particular 
situation. An example of such a learning process is learning 
how to play chess.  

B. Neural networks 
 

Neural networks [8] are designed to mimic the 
structure of neurons in the human brain. Each artificial 
neuron should be connected to other neurons within the 
system in a proper way. Neural networks consist of layers 
of neurons. Data is transferred from one layer of neurons to 
the next - inner layer. Eventually, the signals within the 
network arrive at the output layer, where the network 
presents its best troubleshooting assumptions. 

The examples of neural networks; applications could 
be found in a series of different industries, and 
telecommunications and media as well. They could be used 
for text or language translations, frauds detections etc. 
Also, their usage is common in digital filters, function 
approximations, sample detections, forecasting in many 
complex processes. One large area that exploits neural 
networks is gaming 
 

 
Fig 1. A neural network with its connections 

 
The advantages of neural networks are that they can be 

used to model complex systems, they are more robust and 

give more accurate predictions than linear models. The 
disadvantage of this technique is that it is not suitable for 
hypothesis testing and is therefore used in combination 
with statistical techniques [6].  

There are many types of artificial neural networks 
topologies today [7], but the most commonly used is a 
feedforward back propagation multilayer perceptron. Based 
on a set of known inputs and outputs for the real problem, 
training of the network is performed by applying the 
known inputs of the modeled problem to the inputs of the 
network, and observing the difference between the known 
output of the problem and the output of the neural network. 
The aim of the training is to minimize this error. Artificial 
Neural Network mimics the functioning of the human 
brain, where the data processing is performed by 
connecting a large number of neurons. A typical neural 
network consists of multiple layers, one input, one or more 
hidden layers, and one output layer. The number of hidden 
layers depends on the complexity of the problem being 
modeled, but for common classes of problems one or two 
appear to be enough. Figure 1 shows a neural network 
consisting of three layers: the input, hidden and the output 
layer. 

Neural networks accept multiple inputs in parallel and 
process the information received in a distributed manner. 
The information stored in the neural network is distributed 
across multiple computing units, which is opposite to the 
conventional information storage in memories where each 
specific information is stored in its memory space. The 
property of distributed information storage as well as the 
redundancy are the most important benefits [8]. 

A neural network has the ability to learn and adopt, 
which makes them applicable for processing uncompleted 
datasets in the unknown or unlearned environment. The 
network can generalize and conclude how to process data 
that were not present in its training set. Considering their 
structure, neural networks represent multivariable systems, 
which makes them useful for modeling, identification and 
control of multivariable processes. 

 
C. Data Mining 

 
Data Mining can be defined as the procedure of 

examining large databases in order to generate some new 
information about these data and their relations. It is a 
technique used to discover the hidden, valid, and 
potentially useful regularities and patterns amongst the data 
in large datasets. It employs machine learning, statistics, AI 
and database technology and is therefore a complex multi-
disciplinary procedure that can be useful in solving 
everyday problems using data. 

Very often, classic database reports do not provide 
data required for the end users, or decision makers.  Some 
advanced techniques then need to be employed in order to 
extract more specific information or even business 
predictions from the available data. 
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The idea is to replace the decision makers with an 
appropriate software that can predict for a client [2]. In 
order to perform such analyzes the knowledge or support of 
a particular set of algorithms is required. It should be 
mentioned that Data Mining also uses some statistical 
methods for data analysis.  

There are few Data Mining algorithms that should be 
studied first in order to select the one that is most suitable 
for a particular data analysis problem 

Some of the most often Data Mining algorithms are: 
classification algorithms, regression algorithms (linear or 
logic regression dedicated for one or two steps ahead 
forecasting), segmentation/cauterization algorithms 
(objects are separated into sets with some common 
properties), association algorithms (dedicated for the 
correlation search among data) and sequence analysis 
algorithms (they help in search for the user's path through 
the web, or the order of inserting items into the cart, etc.) . 

Classification is the most common Data Mining 
methodology, whose goal is to accurately predict the class 
of the target object that has the unknown class label [9-10] 

 
III. DATA AND THE FIELD OF STUDY 

 
In this section, a step by step procedure of the Data 

Mining system development will be given. The selected 
machine learning approach that supports our Data Mining 
problem are Neural Networks. An SQL Server Data Tools 
toolset, Visual Studio, and a C# programing language are 
used for this purpose [11]. The problem to be solved must 
be defined and presented through Data Mining analysis. 

The procedure is exemplified on the analysis of the 
precipitation value for the city of Niš, using the available 
application and its neural network algorithm in order to 
generate a graphical representation of the detected hidden 
regularities in the available data. 

At the beginning of the procedure, one needs to 
determine what kind of data set we will be applied as the 
input of the Data Mining algorithm. The data for the 
selected Data Mining algorithm need to be prepared for 
further analysis and decision making. Data necessary for 
the Data Mining analysis are usually preprocessed first. It 
should be defined what are the input data or variables, and 
what should be the outputs i.e. for example the forecasts. It 
is usually not possible to get a direct access to a data 
storage, a relational database, or an Excel spreadsheet and 
expect some output to be generated from that vast amount 
of written data.  

The data from different sources should be selected, 
cleaned, transformed, formatted, anonymized, and 
constructed (if required).  

Data cleaning is a process where noisy data are 
removed from the series, while the missing data are 
generated and filled.  
 

 
Fig. 2. Meteorological database relational model 

 
The intention here is to analyze the output values for 

the PRECIPITATION variable recorded and stored in an 
SQL Server database. The relational model of the 
meteorological database is shown in Figure 2. 

Some data transformations could be applied on data to 
make it useful for Data Mining. Some of them are: 
smoothing, aggregation, generalization, normalization or 
attribute construction. 

For the requirements of this application, a query has 
been generated in the SQL Server database, where a new 
column is formed that tests each value of the 
PRECIPITATION and classifies it into three categories: 
small, medium and large. This table is denoted with DM 
and it will record all the values of the required variables 
applied at the input. The second table, DM1, will be 
created after the SQL Server query is executed. Results of 
this query will be written in a Predicted column. The table 
has 348 records in total. This will be a source of data for 
further Data Mining analysis. 

After creating the appropriate source of the required 
data storage, it is now possible to begin with the 
development of the application in a specific environment. 
Here, we have used a Visual Studio, version 2015. For a 
given project and the available data, it was the most 
suitable to use Data Tools toolset.  

 
IV. METHODOLOGY 

 
Within the Data Mining algorithms, the input data are 

processed and the corresponding values are generated at the 
particular outputs. After all necessary preparations over the 
data, different mathematical models could be applied to 
determine patterns amongst data. For our problem neural 
network-based classification modelling technique was 
selected. Other available techniques are decision trees 
genetic algorithms and similar.  

Within the Data Tools environment, the Business 
Intelligence tab is used to create the new project. Then the 
Analysis Services Multidimensional and Data Mining 
Analysis were used. These toolboxes as well as the Data 
Mining mode must be installed and enabled within the SQL 
Server. 

In any Data Mining project, data sources and their 
views are basic objects used to define tables and queries for 
Data Mining structures. In turn, a structure defines one or 
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more tables or columns that are used as input attributes, 
keys, and prediction outputs for the structure. 

Now our particular mining structure can be created, 
with the defined source of data the desired mining 
algorithm. In this case the structure’s source of data is the 
database with the values for meteorological parameters, 
which is shown in Figure 3. After this step, a connection 
between the mining structure and the database should be 
established. 
 

 
Fig. 3. Creation of the Mining model and the corresponding neural 

network withing the Analysis Services 
 

As mentioned before, the created model has the direct 
access to the database in order to select the required table. 
The next step is to create a logical data view, or Data 
Source View. As a Mining structure the Decision Trees 
algorithm is selected, which is used to predict or classify 
one or more discrete variables. In this example, this is the 
PRECIPITATION variable. 

When the algorithm processes the data, it saves some of 
the data for later testing. In the next step, the percentage of 
the data that will represent the test set should be selected. 
In this case this is 20%. 

Finally, the Mining Model Viewer tab shows the results 
of neural network-based Data Mining. This as well as the 
generated precipitation decision tree is shown in Figures 4 
and 5, respectively. 
 

 
Fig 4. The report window generated by the C# program 

 
The generated data model is uploaded to Analyses 

Services within the DM database. It should be noted that 
within the SQL Server one can find a model in the form of 
the decision tree or a neural network, the same as one 
shown in the C # application. A prediction query can also 
be created in this part of the database. Now some reports 

can be created that are results of data processed through our 
data model.  

 

 
Fig 5. The decision trees for the PRECIPITATION variable 

 
V. RESULTS AND DISCUSSION 

 
Queries are generated with a single mouse click, 

without prior knowledge of the query. The query itself 
should eventually consider a prediction function to be 
applied, and make a prediction based on one or more input 
columns. After running the query, a probability of the 
occurrence for a particular output value is obtained based 
on a previously created data model.  

In this paper the meteorological data analysis for the 
period from 1990. to 2018. stored in the SQL Server 
database is performed. When the PRECIPITATION is 
taken as an observation parameter, the data Mining model 
was created over these data, that applied a neural network-
based analysis structure. The algorithm offered the 
following conclusions about the given PRECIPITATION 
data: the expected average value for a month should be 
greater than 32.411mm; the most probable future value 
would be between 83 and 172mm, which can be classified 
as the medium precipitation value. 

 
VI. CONCLUSION 

 
 The most important benefits of the Data Mining 

procedure are: the ability to create useful knowledge-based 
information for the companies, and act accordingly and 
timely. It is a cheap and efficient methodology that 
facilitates reasonable and automated forecasting and 
decision-making, by quickly discovering the hidden 
correlations amongst data 

Creating such an application that works with real data, 
and generates a neural network, provides the necessary 
background for the needs of drought analysis and 
assessment in order to mitigate its unwanted consequences. 
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