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ABSTRACT 
As power systems grow more complex and load demands increase, the fault current tends to gradually increase. 
In the near future, the fault current will exceed the rating of a circuit breaker at substations. Superconducting 
Fault Current Limiter (SFCL) is a promising solution to reduce and control short circuit current which is 
inevitable to electric power systems for a growing interconnection power system. Therefore, this paper proposes 
a strategy on application of SFCL in distribution system to improve the system performance. First, a Resistive 
type SFCL (R_SFCL) is modeled by Matlab/Simulink, and a distribution system of Southern Vietnam power 
system is selected and simulated. After that, the effectiveness of R_SFCL on the short circuit current reduction is 
investigated from the results obtained from Matlab/Simulink and PSS/ADEPT programs. Finally, according to 
the simulation results, the short circuit current and voltage quality improvements can be validated. 

Keywords: Distribution System, Short Circuit Current, Voltage Quality, SFCL, Matlab/Simulink. 
 

1. INTRODUCTION 
Growing electricity demand, many 
measures are being studied to limit the fault 
current in the event of system faults. With 
the concentrated industrial facilities and 
increasing power facilities, the fault current 
increases and eventually exceeds the 
breaking capacity of the breaker [1]-[2]. 
Whenever the breaking capacity of the 
breaker is exceeded, breaker must be 
maintained or replaced. There are many 
economic and technical problems, however, 
to prepare for the increasing power demand. 
The SFCL was introduced as an excellent 
solution to these problems. To attain stable 
operation of the breaker, the SFCL limits 
the magnitude of the fault current in the 
power system to a breaker capacity [3]. 

Before implementing a SFCL in a power 
system, it can be useful to prove 
performance of the SFCL through 
simulation cases. In this study, a 
MATLAB/Simulink model of R_SFCL is 
introduced. This model considers both the 
electrical and the thermal characteristics of 
high temperature superconducting (HTS). 
And then this model is applied to a 

distribution system of 22kV to study the 
fault current limitation and associated 
transients. The distribution system model 
using actual data from Ben-Luc Long-An 
substation, Vietnam is shown in Fig. 1. 

 

 
Figure 1. 110/22kV Ben-Luc substation, Vietnam 
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2. RESISTIVE SFCL MODEL 
There are many kinds of SFCLs. However, 
in this project, R_SFCL is chosen for the 
study because it's feasible to commercialize 
this device in the near future. Resistive type 
SFCL is base on the transition from 
superconducting to normal state, which is 
called quenching process. With the second 
generation Yttrium Barium Copper Oxide 
YBa2Cu3O7 (YBCO) coated conductor and 
Au-Ag alloy shunt layer, it became possible 
to build SFCL of high current density, fast 
transition and fast recovery as shown in Fig. 
2. The current limiting behavior of resistive 
type SFCL can be characterized by the 
resistance transition of YBCO tapes in 
terms of temperature and current density as 
described by the following equation (1)-(3): 

 
RSFCL =  0  ( J <  Jc, T <  Tc) Superconducting state (1) 

RSFCL = 𝑓𝑓 �� J
Jc
��
n

 (J > Jc, T < TC)     Flux flow state  (2) 

RSFCL = 𝑓𝑓 (T)  (T > TC)                            Normal state (3) 

 

 
Figure 2. The thermal characteristics of HTS  
 

where J and T are the current density and 
temperature, JC and TC are their critical 
values and n represents the exponent of E – 
J power law relation. 

The n value of E – J power law has a large 
value for YBCO coated conductor, which is 
normally higher than 20 [4]. Therefore, the 
flux flow resistance will increase in a step 
form within the first half cycle of the fault 
current [5]. Fig. 3 shows the resistive SFCL 
model and experiments on 
MATLAB/Simulink software. The 

parameters and selected values of SFCL are 
1) Minimum impedance=0.01Ω, maximum 
impedance = 20Ω, 2) triggering current = 
500A. The initial operation temperature is 
77 K and critical temperature is 88 K. If 
passing current is larger than the triggering 
current level, the SFCL resistance increases 
its maximum value. When the current level 
falls below the triggering current level the 
system goes into state. Triggering current 
(ITotal) is the current flowing through the 
SFCL before the occurrence of fault. Fig. 4 
shows the simulation result characteristics 
of R_SFCL model. 

 

 
(a) Specifications of SFCL 

 

 
(b) Resistive SFCL in Simulink 

Figure 3. Operating principle of SFCL 
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(a) Temperature and resistance 

 
(b) Current waveforms 

Figure 4. Current limitation characteristics 
3. METHODOLOGY 
Fig. 5 presents the flowchart for analysis 
and assess of SFCL in distribution system. 

 
Figure 5. Flowchart for methodology 

4. CONFIGURATION OF THE 
DISTRIBUTION SYSTEM 

Fig. 6 shows a single-line diagram 
distribution system in Vietnam. It is 
consists of the two main transformer (MTr1, 
MTr2) and three or four feeders per MTr. 
Also, to protect MTr, feeders and load, 
various protective devices are installed, 
such as circuit breaker (CB), reclosers 
(R/C). And, in order to always operate the 
MTr in parallel, there is a switch (S/W) 
which connect MTr1 to MTr2, and this S/W 
is normally closed. Table 1 and Fig.7 
represents the data of Fig. 6. 

 
Figure 6. The single-line diagram of power 

distribution system 

 
(a) 24-hour load profiles of the test feeder 

 
(b) Daily load curves 

Figure 7. Example of load profiles 
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Table 1. Distribution system data. 

Circuit Parameters Specifications 

Utility 110kV, 100MVA, j1.78[%] 

Main Transformer 110/22kV, 40MVA, j10[%] 

Conductor Impedance ZL = 0.27 + j0.35 Ω/km 

Feeder Length 6 km 

Recloser Location 3 km from starting point 

5. CASES STUDY SIMULATION 
To evaluate the effect of the SFCL in 
distribution system. We used the 
MATLAB/Simulink software tool to model 
the components of the described system. 
MATLAB and PSS/ADEPT are used to 
identify the critical load with the highest 
fault current. Table 2 and Fig. 8 shows the 
fault current obtained on each feeder line 
for unsymmetrical fault. According to the 
results, the highest fault current occurred at 
feeder line 3. 
Table 2. Results on fault current analysis 

Line 
No. 

Trans. 

Real 
Current 

 

Simulation Results 

PSS/ADEPT MATLA
B 

Normal 
(A) 

Normal 
(A) 

Fault current 
(kA) 

1 

1 

232  252.72 7.25  7.55  

2 245  252.92  9.03  9.12  

3 356  368.12  15.11  15.25  

4 

2 

298  344.91  14.08  14.92  

5 281  292.42  13.21  13.50  

6 164  176.82  8.81  8.90  

7 94  105.14  7.90  8.12  

 

 
Figure 8. The normal current and short 

circuit current obtained on each feeder lines 

5.1 Application of SFCL on Bus Tie in 
distribution System 
To solve these problems, we proposed to 
apply the SFCL on 22kV bus tie in 
distribution system. When the fault occurs in 
parallel operation of MTrs with the SFCL at 
the same point, the fault currents to feeder 
(Ifault_feeder_SFCL) are flowing from MTr1 and 
MTr2. Here, the fault current from MTr2 is 
limited by the R_SFCL effect expressed as 
the limited fault current (Ifault-MTr2-SFCL) in 
Fig. 9 and is calculated by the following 
equation (4), (5) [6] with/without SFCL. The 
unit is per-unit (P.U). 

 
Figure 9. Flow of fault current with SFCL 

 

a) Without SFCL: 

Ifault_feeder =
1

Ztotal
In          (4) 

(Ztotal = ZS + ZTr_paralell + Zfault 

= RS + jXs +
(jXTr1)(jXTr2)

(jXTr1) + (jXTr2) +  Rfault

+ jXfault) 

b) With SFCL: 

Ifault_feeder_SFCL =
1

Ztotal_SFCL
In          (5) 

(Ztotal_SFCL = ZS + ZTr_paralell_SFCL + Zfault 

= RS + jXs +
(jXTr1)(RSFCL + jXTr2)

(jXTr1) +  (RSFCL + jXTr2)
+  Rfault + jXfault) 

Where: 

In: the rating load current 
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Ztotal: the total impedance from a source to 
the fault point 

Ztotal_SFCL: the total impedance from a 
source to the fault point with R-type SFCL 

ZTr_paraller: the total impedance of 
transformer in parallel 

ZTr_parallel_SFCL: the total impedance of 
transformer in parallel with SFCL 

ZS: the total impedance source 

Zfault: the total impedance of fault point 

RSFCL: the resistance of R-type SFCL 

RS: the resistance of source 

XS: the reactance of source 

XTr1: the reactance of MTR1 

XTr2: the reactance of MTR2 

Rfault: the resistance of fault 

Xfault: the reactance of fault 
 

The simulations were carried out with three 
phase short circuit created at 0.05s (t=0.00s 
at the beginning of the simulation). We set 
the operation sequence of recloser to 2 fast 
–1 delay (2F1D) in this paper. The total 
simulation time was 0.40s. The operation 
current during normal operation (ITotal) is 
500A. The initial operation temperature is 77 
K and critical temperature is 88 K. In the 
event of a three phase short circuit at the 
load side of line 3, a large fault current will 
pass through the bus tie SFCL, the resistance 
of SFCL will increase, recloser will be 
tripped, and SFCL will be recovered. This 
scheme is repeated two more times, and 
recloser lockout after fault clears at 0.33s.  

As shown in Fig. 10a, 10b represents the 
short circuit current with/without SFCL and 
HTS temperature rise of SFCL. After the 
fault current occurred without SFCL, the 
peak value of fault current on the bus tie fed 
by MTr2 reached 15.25kA in the first half 
cycle. With SFCL installed on bus tie 
location, the maximum fault current was 
limited to 11.09kA and the fault current 
was further reduced to 7.87kA in the 
second cycle.  

 
Figure 10a. Current at bus tie with/without 

SFCL 

Figure 10b. The operation temperature 

 

 
Figure 11. Short circuit current at the fault 

point with/without SFCL 

As seen in Fig. 11, the momentary peak 
short circuit current at the fault point reached 
46 kA > 25 kA (According to the technical 
regulations of Short Circuit current limit in 
Vietnam power distribution system. 
Decision No: 32/2010/TT-BCT) which such 
current might exceed the switchgear rating if 
there is no limitation. If an SFCL was 
deployed at the bus tie location which is the 
main route of the short circuit current, the 
peak value of short circuit current could be 
limited to be 22 kA < 25kA, which is within 
the switchgear rating. 

5.2  SFCL operation on feeders 
In this way, the SFCL can be expected to 
limit the fault current effectively. However, 
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many SFCLs are needed to reduce the fault 
current, since if a certain feeder line consist 
of 7 circuits, seven SFCLs are required to 
be installed in each circuit. In this regard, it 
has some economical disadvantage. 

To evaluate the effects of applying SFCL at 
different locations, the SFCL is installed at 
both bus tie and feeders. Fig. 12 shows the 
effects of the SFCL installed at different 
locations. As seen in Fig. 12, both SFCLs 
installed at bus tie and feeder can, on 
average, reduce the fault current to about 
50%. The installation of SFCL at the bus tie 
location is more feasible than at the feeders. 
Therefore, we can say that the bus tie 
location is the more appropriate location to 
reduce the fault current, taking into account 
the technical and economic aspects. 

 
Figure 12. Application effects of SFCLs in 

distribution system 

6. VOLTAGE QUALITY 
Generally speaking, a voltage magnitude at 
bus of secondary side of MTr during fault 
can be represented as equation (6) if fault 
impedance is ignored, the type of fault is 
3-phase, and source voltage is 1.0pu. [7][8]. 

Vbus =
Zline

Zsource + ZMTr + Zline
  (6) 

Where Zsource, ZMTr, and Zline are source 
impedance, transformer impedance, and 
line impedance from source to fault location, 
respectively. Equation (6) also can 
approximately represent the voltage 
magnitude at all neighbor feeders. Different 
from equation (6), equations (7) and (8) are 
the voltage magnitude when SFCL is 
installed at two different locations: 1) 
secondary side of main transformer and bus 
tie or 2) starting point of each feeder. 

Vbus =
Zline

Zsource + ZMTr + ZSFCL + Zline
 (7) 

Vbus =
Zline + ZSFCL

Zsource + ZMTr + ZSFCL + Zline
 (8) 

where, ZSFCL means the impedance being 
statured at normal temperature. 

As shown in Fig. 13, when a fault occurred 
at load side of line 3, the voltage become 0 
(temporary interruption) at fault point. Fig. 
14 shows the evaluation of phase-to-ground 
voltage on the bus bar. Without SFCL, the 
voltage of the bus bar drops sharply to 
15.22% of normal voltage after the short 
circuit. With SFCL, the bus voltage level 
can recover more than 81.15% of the 
normal level when the SFCL’s limiting 
resistance is in the circuit. Fig. 15,16 shows 
bus voltage and RMS value of voltage 
magnitude at bus tie and feeders, 
with/without SFCL. When the SFCL is 
applied at feeders, the voltage sag improved 
according to the resistance of SFCL. 
However, the location SFCL does not have 
much influence on voltage sag at bus tie. 
The maximum error is approximately 3.5%.  

 

 
Figure 13. Voltage at the fault point 

 

 
Figure 14. Bus voltage with/without SFCL 
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Figure 15. Comparison of the improvement of 

voltages for two SFCL scenarios 

 

 
Figure 16. RMS voltages at bus tie and feeder 

with/without SFCL 

 

7. CONCLUSION  
In this paper, we analyzed the application of 
SFCL on 22kV bus tie and feeders in a 
power distribution system in Vietnam using 
Matlab/Simulink and PSS/ADEPT 
programs. As a result, we proposed to apply 
the SFCL on 22kV on bus tie in distribution 
system. The bus tie location is the more 
appropriate location to reduce the fault 
current, taking into account the technical 
and economic aspects. When SFCL is 
installed at feeder, voltage quality is 
improve during a fault. However, this 
improvement is approximately same as 
installing SFCL in bus tie. The maximum 
error is only 3.5%. In future studies, it 
should be considered that various type of 
fault, protective coordination, apply in the 
smart grid and so on. 
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ABSTRACT  
This paper proposes an integrated power generation system, applying pole-placement technique, fed by three 
power sources: wind power, solar power, and tranditional power whichare connected to a commercial power 
system. Different power sources can be interconnected anywhere on the same power line, leading to flexible 
system expansion. The effective control scheme using a voltage source inverter (VSI) joined with aproportional-
integral-derivative (PID) damping controller is desigened to contribute adequate damping characteristics to the 
dominant modes of the studied system under various operating conditions.A frequency-domain approach based 
on a linearized system model using root-loci technique and a time-domain scheme based on a nonlinear system 
model subject to a three-phase short-circuit fault at the connected bus are systematically performed to examine 
the effectiveness of the proposed control schemes. 

Keywords: Solar power generation, Wind power generation, Fossil fuel steam generator 
 

1. INTRODUCTION 
Renewable-energy issue is one of the hottest 
topics in the whole world today due to the 
fast and huge consumption of fossil fuels. 
Renewable energy can be derived from 
several resources such as solar, wind, ocean 
waves, water flow and tides, geothermal 
heat, biological sources, etc [1]. Among 
these resources, wind power is now a very 
mature and established renewable energy 
throughout the world. The use ofwind 
poweris increasing at an annual rate of 20%, 
with a worldwideinstalled capacityof 
238,000 MW at the end of 2011 [2]. 
However, other renewable energies such 
asphotovoltaic (PV) energy also have 
significant potential.Since 2004, PVs passed 
wind as thefastest growing energy, and since 
2007 have more than doubled every two 
years. Thephotovoltaic capacity worldwide 
was 67,000 MW at the end of 2011 [3].  

In practice, a hybrid windand PV energy 
system can reliably supply a part of the 
world’s energy needs, with significant 
benefit to climate, air quality, water quality, 
ecological systems, and energy security, at 
reasonable cost [4].  

Nowadays, hybrid system is mainly 
composed of natural energy sources, and in 
some cases, it can be incorporated into the 
system with traditional energy sourceslike 
coal and gasas well. However, there is a 
tendency that the greater the system 
sophistication, the more suitable the power 
control techniques are required to be. 

With this integrated power generation 
system(i.e., wind power, solar power and 
traditional power), the strategies forpower-
fluctuation mitigation and damping 
improvement are of the vital importance. 
Among these aspects, PID damping 
controller using pole-placement technique 
is the first choice. With this technique, the 
dominant modes of the studied system can 
be exactly assigned on the desired locations 
of the complex plane and the parameters of 
the PID damping controller can be easily 
determined [5-6]. 

This paper presents an effective control 
scheme using anvoltage source inverter 
(VSI) joined with the PID damping 
controllerto contribute adequate damping to 
the integratedwind andPV power generation 
system fed to an SG-based tranditional 
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power system under various operating 
conditions.Frequency-domain approaches 
based on a linearized system model using 
eigenvalue analysis are performed while 
time-domain schemes based on nonlinear 
system modelssubject to disturbanceare 
also carried out to validate the effectiveness 
of the proposed control schemes. 

2. SYSTEM CONFIGURATION AND 
MATHEMATICAL MODELS 

SG

Power 
Grid

PMSG 

 

 

 

PCC

 

 

 

 

DC-to-DC Boost 
Converter

PV Panel 

DC-to-DC Boost 
Converter

AC-to-DC 
Rectifier

AC-to-DC 
Rectifier

DC-to-AC 
Inverter

160 MVA

PV Panel 

PMSG 

 
Fig. 1. Configuration of the integration of 

wind and solar energy generationfed to an SG-
based tranditional power system  

Fig. 1 illustrates a schematic diagram of the 
proposed integrated generation consisting 
of four subsystems: a wind generation 
subsystem, a solar generation subsystem, an 
interface subsystem and an SG-based 
tranditional power system. The four 
subsystems share their DC links. 

In the wind generation subsystem, the 5x2-
MW wind turbines are represented by five 
permanent-magnet synchronous 
generators(PMSG)driven by five variable-
speed wind turbines (VSWT) andfive 
rectifiers. The converter is used to control 
indirectly the operating point of the wind 
turbine by commanding the rotor speed and 
the voltage on the PMSG terminals. The 
dynamic behavior of the wind generation 
subsystem can be characterized by two 
nonlinear differential equations involving 
the d- and q-axis modulation indices of the 
VSC-converter.For the detailed mathematic 
description of the wind subsystem, please 
refer to [8]. 

In the solar generation subsystem, there are 
five photovoltaic (PV) panel arrays and five 
half-bridge boost DC-DC converters. 
Similar to the wind subsystem, the 
converter is used to control the operating 
point of the PV panels. The dynamic 
behavior of the solar generation subsystem 
can be characterized by two nonlinear 
equations involving the voltage level on the 
DC-DC convertersand the current injected 
into the DC bus. 

These two subsystems are interconnected at 
the output sides of individual converters 
and are also connected to the DC-AC 
inverter through interface subsystem. This 
inverter converts wind and solar energy 
generated by these sources useful to 
costumers. 

Three subsystems including wind, solar and 
interface are also connected to the PCC of 
the SG-based tranditional power system. 

The employed mathematical models of the 
studied system are described as below. The 
equations in the following subsections are 
expressed in per unit (pu) except that the 
time variable t and base angular frequency 
wbare ins and rad/s, respectively. 

2.1 Variable-Speed Wind Turbine 
The captured mechanical power Pmw (in 
W)by a VSWT from wind is given by  

31 ( , )
2mw w rw w pw w wP A V C= r ⋅ ⋅ ⋅ λ β   (1) 

Where rw is the air density (kg/m3), 
Arwisthe blade impact area (m2), Vwisthe 
wind speed(m/s), and Cpwis the 
dimensionless power coefficient of the 
VSWT. The expression forCpw is depicted 
by 

5 72
1 3 4 6( , ) ( β ) expc

pw kw w w w
kw kw

ccC c c c c
 

ψ β = − ⋅ − ⋅β − − ψ ψ 
  (2) 

in which 

9
3

8

1 1
1kw w w w

c
cλ

= −
ψ + ⋅β β +

   (3) 

bw bw
w

w

R
V
⋅w

λ =   (4) 
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where whw is the blade angular speed(rad/s), 
Rbw is the blade radius (m), λwis the tip 
speed ratio, βwisthe blade pitchangle 
(degrees), and c1-c9are the constant 
coefficientsofCpw of the studied VSWT. 
The cut-in, rated, and cut-out wind speeds 
of the VSWTare 4,14, and 24m/s, 
respectively. 

2.2 PMSG Model and Operation of 
Power Converters 
The d-q axis equivalent circuit model of the 
studied wind PMSG can be expressed by [7]  

( )qw b qsw b sw qsw rw dwp v r iφ = w +w −w φ   (5) 

( )dw b dsw b sw dsw rw qwp v r iφ = w +w +w φ   (6) 

in which 

( )qw mqw lsw qsw qw qswX X i X iφ =− + = −   (7) 
' '( )dw mdw lsw dsw mdw mw dw dsw mdw mwX X i X i X i X iφ =− + + =− +   (8) 

where φ is the pu flux linkage, vsw is the pu 
stator-winding voltage, isw is the pu stator-
windingcurrent, Xmw is the pu 
magnetization reactance, Xlsw is the pu 
leakage reactance, i’mw is the pu 
magnetization current, and wrw is the pu 
rotational speed of the studied PMSG. 

The input d-q axispu voltages of the 
ithVSC-converter of the PMSG can be 
expressed by vcondwi = kmcondwivdc and 
vconqwi = kmconqwivdc, respectively, where vdc 
is the DC-link voltage while kmcondwi and 
kmconqwi are the d- and q-axis modulation 
indices of the ithVSC-converter, 
respectively.  

The fundamental control block diagrams of 
the VSC-based converter of each of the 
wind PMSG can be referred to [8].In 
[8],kmcondw is employed to control the rotor 
speed of the wind PMSG (wrw), and kmconqw 
is utilized to control the stator-winding 
voltage of the PMSG (vsw). 

2.3 Model for PV System 
Each practical PV panel of the studied 
system has the following specifications: 
BP275UU, rated power of 75 W, rated 
voltage of 17 V, rated current of 4.45 A, 

open-circuit voltage of 21.4 V, and short-
circuit current of 4.5 A. Since the output 
voltage of PV cell is very low, a number of 
PV cells are connected together in series in 
order to obtain requiredhigher voltages. A 
number of PV cells are put together and 
encapsulated with glass, plastic, and other 
transparent materials to protect against 
harsh environments and a PV module can 
then be formed. To obtain the required 
voltage and power, a number of modules 
are connected in parallel to form a PV array. 
Fig. 2 shows an equivalent circuit diagram 
of a PV array including an equivalent short-
circuit current source ISC in parallel with a 
diode and a shunt resistor Rsh, where Ns is 
the number of cells in series and Np is the 
number of modules in parallel. The 
equivalent-circuit model of the PV array 
shown in Fig. 2 can be expressed by the 
following equations [9-10]: 

  (9) 

where VR_PV is the output voltage of the PV 
array, q is the charge of an electron (q = -
1.602×10-19 C), k is Boltzmann constant (k 
= 1.38 ×10-23 J/K), T is temperature in K, A 
is the quality factor which is a constant, ID 
is the reverse saturation current of the diode, 
and ISC is the short-circuit current underthe 
solar radiation of 1000 W/m2.  

vPV
IS C R sh

R s
IPV

Ns
Np

Np

Ns

Np

Ns

Np

 

 

 

Fig. 2. Equivalent circuit of the studied PV array 

Fig.3 shows that the output voltage of 
thePV array is fed to an DC-DC boost 
converterto step up the PV voltage to a 
higher level. The DC line from the output 
of the boost DC-DCconverter to the input 
of the DC-AC inverter is representedby an 
equivalent T circuit asshown in Fig. 4. The 
capacitor CDC, which is located at the 
midpoint of the DC line, can be considered 

354 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

as a battery model for energy storage. The 
dynamic equations of DC-DCboost 
converter canbe expressed bythe 
followingequation: 
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Fig. 3. The equivalent circuit of DC-to-DC 

boost converter 
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Fig. 4. The equivalent circuit of DC line in PV 
array 

According to Fig. 4, the pudifferential 
equations of the DC line can be described 
by 

_ _ _ _ _( ) ( )DC PV R PV R PV DC PV R PV DCL p I V R I E= − − (12) 

_ _ _( ) ( )DC PV DC R PV I PVC p E I I= − (13) 

_ _ _ _ _( ) ( )DC PV I PV DC I PV DC PV I PVL p I E V R I= − − (14) 
Fig. 5 shows the control scheme inside the 
DC-to-AC inverter.The corresponding 
differential equations for controlling the 
modulation indices and phase angles of the 
inverter are described by 

Tkminv.p(Δkminv) = Kkminv(Qw_pv,ref − Qw_pv)  

− Δkminv        (15) 

Tδinv.p(Δδinv) = Kδinv(Vdc_ref− Vdc) −Δδinv  
(16) 

where ∆ represents the quantities of 
deviation, subscript ref denotes the 
quantities of reference, Kkm and Kδ are the 
gains of the modulation index control block 
and the phase angle control block of the 
inverter, respectively;and Tkm and Tδ are the 
time constants of the modulation index 
control block and the phase angle control 
block of the inverter, respectively. 
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Fig. 5. Control block diagram of DC-to-AC 

inverter of hybrid system 

2.4 Interface Subsystem 
The DC bus collects the energy generated 
by both the wind and solar subsystems and 
delivers it to the utility.  

The output d-q axis pu voltages of the 
VSC-inverter of the hybrid sytem (wind 
and solar generation) can be written by vinvd 
= kminvsin(αinv)vdc and vinvq = 
kminvcos(αinv)vdc, respectively,where kminv 
and δinv are the modulation index and the 
phase angle of the VSC-inverter, 
respectively. 

The fundamental control block diagrams of 
the VSC-based inverter of the hybrid 
system are shown in Fig. 4.In [8],δinv is 
responsible to control the DC-link voltage 
(vdc), kminvis used to control the output 
reactive power of the hybrid system (Qw_pv), 
kmcondw is employed to control the rotor 
speed of the wind PMSG (wrw), and kmconqw 
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is utilized to control the stator-winding 
voltage of the PMSG (vsw). 

2.5 Synchronous Generator Model 
The model and equations for the SG used in 
this paper are the same as the ones developed 
in [11]. The complete d- and q-axis 
equivalent circuits and the corresponding 
equations of the SG can be referred to [11]. 
The IEEE type DC1A excitation system 
(field-controlled DC commutator exciter) is 
employed in this paper [11]. This SG model 
takes into account the subtransient effects 
and is established based on the following 
assumptions: 

(a) The model is established in the dq-axis 
reference frame that is fixed on the rotor 
and rotates at rotor speed;  

(b) The rotor has two windings on each axis, 
i.e., one field winding and one damper 
winding on the d-axis while two damper 
windings on the q-axis;  

(c) The transients of stator and the effects of 
speed deviation in the stator voltage 
equations are properly neglected. 

3. DESIGN DAMPING 
CONTROLLERS FOR VSI 

This section presentsthe design of PID 
damping controllers for the VSI.A unified 
approach based on modal control theory to 
design a PID damping controller for 
modulating the extinction angle γI of the 
inverter is proposed. The PID damping 
controller employs the speed deviation of 
the studied SG as a feedback signal to 
generate a damping control signal VC in 
order to improvethe damping characteristics 
of the poorly damped modes (mechanical 
mode and exciter mode) of the SG.  

The procedure and results for designingthe 
PID damping controller of the proposed 
VSI shown in Fig. 5 are performed to 
achieve stability improvement of the 
studied system. The design procedures 
using a unified approach based on modal 
control theory can be referred to the ones 
listed in [12].The wind speed of 12 m/s for 
the VSWT of the OWFis properly selected 

as the nominal operating points for 
designing the PID damping controller. The 
values of ID and ISC of the PV array 
underthe irradiance of 1000 W/m2 are 
9×10-11 A and 7.77 A, respectively.  
The system eigenvalues of the studied VSI 
without and with damping controller are 
listed in the third and fourth column of 
Table I, respectively. Eigenvalue analysis 
of the system performed in the steady-state 
conditions in Table I show that the 
eigenvaluesΛ30-31 and Λ34-35 have the 
poorest damping and low-frequency 
conditions compared with the ones of other 
modes. The other poor damping of certain 
high-frequency modes are not considered in 
this case. Since the amplitude of the high 
frequency modes die out much faster than 
the low frequency mode. Moreover, in this 
paper, the main concerns are stability 
enhancement of power systems with 
renewable-energy systems including 
windand solar power generation. The 
capacity of the SG-based power system is 
significantly large compared with the other 
ones. These are the reasons why the 
damping ratios of these two dominant 
modes need to be improved. 

The control block diagram of the VSI 
including the designed PID damping 
controller was shown in Fig. 3(a). The first-
order wash-out term with the PID controller 
employs the rotor-speed deviation of the 
SG (∆wr) as a feedback signalto generate a 
damping signal VC in order to improve the 
damping ratios of the two dominant modes 
(Λ30-31 and Λ34-35) of studied system listed 
in Table I. The input signal of the PID 
controlleris therotor-speed deviation ∆wr 
while the output signal is the damping 
signal VC that is added to the reference DC 
current VVref. H(s) is the transfer function of 
this proposed PID dampingcontroller in s 
domain and it is from the input signal ∆wr 
to the output signal VC, and s is one of the 
eigenvalues or poles of the closed-loop 
system. Hence, this transfer function H(s) is 
given by 
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  (17) 

where TW is the time constant of the wash-
out term whileKP, KI, and KD are the 
proportional gain, integral gain, and 
derivative gain of the damping controller, 
respectively. These four unknowns of the 
PID damping controller can be determined 
by substituting two pairs of the desired 
eigenvalues into the characteristic equation 
of the closed-loop system. The design 
results are presented as follows.  

 

Table 1. Eigenvalues (rad/s) of the studied 
system  

*denotes the exactly assigned eigenvalues 

No. Subsystem System without 
damping controller 

System with PID 
damping controller 

Λ1-2 

Λ3-4 

Λ5-6 

Λ7 

Λ8 

PMSG- 
based 
OWF 

-15.571 ± j3.3919×106 
-15.079 ± j3.372×106 

-2.4039 ± j5.6975 
-99.298 
-100.75 

-15.571 ± j3.3919×106 
-15.079 ± j3.372×106 
-2.3841 ± j5.68821 

-99.298 
-100.75 

Λ9-10 
Λ11-

12 
Λ13-

14 

Λ15 

PV System 

-89.982± j90.058 
-15.61 ± j40.826 
-1.5067 ± j1.229 

-455.42 

-89.982± j90.059 
-15.61 ± j40.826 
-1.5067 ± j1.229 

-455.42 

Λ16-

17 
Λ18-

19 
Λ20-

21 

Interface 
System 

-311.47 ± j2361.8 
-17.91 

-9.9969 

-311.66 ± j2361.8 
-17.871 
-9.997 

Λ22-

23 
Λ24-

25 
Λ26-

27 

Λ28 
Λ29 
Λ30-

31 

Λ32-

33 
Λ34-

35 

SG-based 
power 
System 

-21.525 ± j106391 
-25.492 ± j105633 
-13.55 ± j376.335 

-46.379 
-37.635 

-0.3591 ± j9.3099* 
-9.1846 ± j11.173 

-0.3803 ± j1.2058* 

-21.525 ± j106391 
-25.492 ± j105633 
-13.55 ± j376.335 

-46.376 
-37.367 
-2 ± j9* 

-7.0842 ± j9.2345 
-1 ± j1.2* 

Λ36 PID - -2.145 

 

Mechanical mode and exciter mode of SG  

Λ30-31= -0.3591 ± j9.3099  

Λ34-35 = -0.3803 ± j1.2058 
Prespecified eigenvalues 

Λ30-31 = -2.0±j9.0 

Λ34-35 = -1.0±j1.2 
Parameters of the designed PID damping 
controller 
KP = -0.45, KI = 49.88, KD = 0.22, TW = 
0.31s 

The eigenvalues of the studied system with 
the proposed VSI joined with the designed 
PID damping controller are listed in the 
fourth column of Table I. It can be clearly 
observed that both modes Λ30-31 and Λ34-35 
have been exactly positioned on the desired 
locations on the complex plane. The 
damping ratios of modes Λ30-31and Λ34-

35have also been increased from 0.0385to 
0.2169and from 0.3008to 0.6402, 
respectively. Some major constraints for 
selecting the assigned eigenvalues can be 
referred to [12]. According to the 
eigenvalue results listed in the fourth 
column of Table I and the four parameters 
of the designed PID damping controller of 
the VSI shown above, it can be concluded 
that the design results are appropriate to the 
studied system. 

4. TIME-DOMAIN SIMULATIONS 
This section employs the nonlinear-system 
model developed in Section II to compare 
the damping characteristics contributed by 
the proposed VSI joined with the designed 
PID damping controller on stability 
improvement of the studied system under a 
three-phase short-circuit fault at the infinite 
bus. It is assumed that the OWF operates 
under a wind speed VWof 12 m/s, the PV 
array operates underthe irradiance of 1000 
W/m2, theshort-circuit current ISC of 7.77 A, 
and the diode’s reverse saturation current 
IDof 9×10-11 A.Simulation results of the 
studied system subject to a three-phase 
short-circuit fault using 
MATLAB/Simulink toolbox are presented 
in Fig. 6. The fault is suddenly applied to 
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the infinite bus at t = 3 s and is cleared at t 
= 3.1 s. Fig. 6 plots the comparative 
transient responses of the proposed VSI 
without damping controller (blue lines) and 
with the designed PID damping controller 
(red lines). It is clearly observed from the 

comparative transient simulation results 
shown in Fig. 6 that the proposed 
VSIjoined with the designed PID damping 
controller can offer better damping to the 
studied system. 

 
 

Legend:  

 
         a) wr b) PSG c) QSG 

 
 d) VPCC e) Vdc f) VPMSG 

 
g) EDC 

Fig. 6. Comparative transient responses of the studied system subject to a three-phase short-circuit 
fault at the infinite bus 

 

In Fig. 6, the important quantities of the SG 
such as rotor speed (ωSG), output active 
power (PSG) and output reactive power 
(QSG) are shown in Figs. 6(a)-6(c), 
respectively. The comparative responses of 
the voltage at PCC (VPCC)and DC voltage 
(Vdc) are shown in Figs. 6(d)-6(e), 

respectively. The terminal voltage (VPMSG) 
of the equivalent aggregated PMSG-based 
OWF are presented in Fig. 6(f). Finally, the 
voltage of DC line of the PV system (EDC) 
is shown in Fig. 6(g). It is obviously seen 
that, without damping controller, the 
damping of the studied system is so poor 

1.2

 

 
)

 

 

w ithout PID w ith PID
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and the settling time is about 12 s. By 
adding the designed PID damping 
controller to the VSI, the system has better 
damping and the settling timeis about 7 s. It 
means that the proposed VSI with the 
designed PID damping controller can offer 
better damping characteristics to quickly 
damp out the inherent oscillations of the 
studied system than the studied system 
without damping controller. 

5. CONCLUSION 
This paper has presented the stability 
improvement of an integration of an OWF 

and a PV system fed to an SG-based 
tranditional power system. To achieve the 
power-fluctuation mitigation and damping 
improvement of the studied system, a PID 
damping controller for the VSI has been 
designed. Comparative time-domain 
simulations of the studied system subject to 
a three-phase short-circuit fault at the 
infinite bus have been performed to 
demonstrate the effectiveness of the VSI 
joined with the designed damping controller 
on suppressing inherent oscillations of the 
studied systemunder the severe three-phase 
short-circuit fault. 
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ABSTRACT 
Vietnam is in the lightning center of Asia, so damage caused by lightning is very large, especially in the 
telecommunications field. Telecommunication sites are usually built in high positions, and have the antenna 
tower higher than surrounding structures thus the risk of direct lightning strikes is large. Currently, the selection 
of lightning protection solutions for these telecommunication sites mainly based on experience and preliminary 
calculation, not based on the results of risk assessment of damage due to lightning. This paper analyzes and 
calculates the risk of loss of service caused by lightning to telecommunication sites in typical areas in Vietnam. 
The results show that the level of loss of services caused by lightning to telecommunication sites in typical areas 
in Vietnam much higher than the tolerable value. When the surge protective devices are installed on all the 
incoming service lines, the level of risk caused by lightning can decrease up to 100 times. 

Keywords: telecommunication site, risk of damage due to lightning, lightning protection solution.  

 
1. INTRODUCTION 
Vietnam is in the lightning center of Asia, 
so damage caused by lightning is very large, 
especially in the telecommunications field. 

Along with the growth rate of the national 
socio-economic, communication played an 
important role, telecommunication site have 
been continuously upgraded and built more. 

To facilitate for the transmitting and 
receiving, telecommunication sites are 
usually built in higher positions and with 
adjacent antenna tower, the risk due to 
lightning is higher. Yearly, damages caused 
by lightning to the telecommunications field 
in Vietnam are quite large. According to 
statistics from the Ministry of Information 
and Communications, in 2012 Vietnam 
Posts and Telecommunication Group has 
about 457 failures caused by lightning, the 
damage is estimated at 16.7% in total 
damages caused by natural disasters [4]. 

Therefore, the application of lightning 
protection measures for telecommunication 
sites is always necessary. However, at 
present, designation and selection of 
lightning protection measures are still based 

on experience and preliminary calculation 
are not based on results of risk assessment 
of damage caused by lightning.  

The assessment of risk caused by lightning to 
telecommunication site will help the 
lightning protection design engineers in 
giving proper lightning protection solutions 
to reduce the risk to below the tolerable limit. 

The level of risk of damage caused by 
lightning to telecommunication site depends 
on: 

- The dimensions and characteristics of the 
telecommunication site and the adjacent 
antenna tower.  

- The dimensions and characteristics of the 
incoming lines.  

- The environment around the 
telecommunication site.  

- The density of lightning strikes in the 
region where the telecommunication site is 
located. 

The following will analyze and calculate 
the risk of loss of service to typical 
telecommunication sites due to lightning in 
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typical areas in Vietnam. From there, 
propose reasonable solutions for lightning 
protection telecommunication sites. 

2. TYPICAL COMMUNICATION SITE  
According to [5] a typical 
telecommunication site is including 
the telecommunication building by 
reinforced concrete and adjacent steel 
antenna tower. 

A 22kV overhead distribution line feeding a 
22 kV/380 V delta-star wound distribution 
transformer. The 380 V supply is then fed 
via underground cable to distribution board. 
The output of the distribution board is then 
fed to lighting equipment, BTS cabinet, 
warning light…, with the power supply for 
the warning light, telecommunication 
cables for the antenna are put in the 
trunking. The surrounding of the 
telecommunication site is protected by 
metal fences. 

Distributio
n board

BTS 
cabinet

Earthing 
system 

Underground power 
supply cable

Telecommunication building

Equipotential 
grid

Antenna

Trunking

22kV

 
Figure 1. Typical communication center 

 

3. PROCEDURE FOR RISK 
ASSESSMENT 

The procedure for risk assessment is shown 
in Fig.2. Fundamental principles of risk 
assessment as specified in [1] as follows: 

3.1 Identification of risk areas caused by 
lightning (A) 

According to [1] and [7], including the 
areas of risk (Fig.3): 

 Ad is the equivalent risk area for direct 
lightning strikes to telecommunication site: 
Ad = ab + 6h(a + b) + π(3h)2 (1)        (1) 

Where a, b and h is the length, width, 
height in meters of the telecommunication 
site. 

 An is the risk area for the surrounding 
ground, where a lightning strike creates a 
potential rise that may influence the 
telecommunication site. An is usually 
formed within the circle of radius d (m) [6]. 
The distance d is directly related to the 
value of the soil resistivity, in Ωm, and has 
an assumed maximum value of 500 m [1] 
should be: 

An = πd 2   (2) 
 Aa is the area formed by direct lightning 
strikes on antenna tower, and calculated as 
the area of a circle with a radius equal to 
3H: 

Aa = π(3H) 2    (3)  
Where: H is the height of the antenna 
tower. 

 As is the risk area for induced overvoltage 
due to lightning strikes to ground near 
power supply lines and telecommunication 
cables to the devices inside the 
telecommunication site, with non-metallic 
fiber cable this area will be equal to 0. 

As = 2d1L (4)  
Where: L is the length of the cable, d1 is the 
distance from the power supply lines or 
telecommunication cables that lightning can 
cause induced overvoltage, d1 for 
underground cables are assumed to be 250 
m and for aerial networks are assumed 1000 
m [1]. 

It should be noted that different risk areas 
may cover each other, the risk area As for 
service lines is assumed to have a higher 
priority than An for lightning strikes  to 
ground nearby the telecommunication site, 
which should be considered when the total 
risk is calculated. In addition, higher 
structures to a certain extent, shield lower 
nearby structures or other risk areas from 
direct lightning strikes. 

3.2 Identification of probability factors 
(p)  
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Every factor p can be divided into one 
representing the natural protective 
characteristics of the installation (building 
material, aerial or underground network) 
and another depending on the specific 
protective measures provided at the 
telecommunication site and such installed 
in the internal and external network (surge 
protective devices, cable shields and 
isolation techniques), the value of 
probability p is the specific [1].  

In many cases, where several measures are 
taken (pi), a relative probability is 
calculated as follows: 

p = ∏pi , (pi ≤ 1) (5) 

 

Identify the types of loss relevant to 
the telecommunication site

  R < Ra

Determine the acceptable risk Ra

Caculation of risk areas: Ad, Aa, An, As

Caculate the frequency of damage F

Caculate the level of risk R

Intall adequate protection 
measures to redure R

Telecommunication site 
or service protected for 

this type of loss 

Identify the characteristics of the 
telecomunication site to be protected

Yes

No

Identification of probability factors pj 

 
Figure 2. Procedure for risk assessment for 

telecommunication site 

 
Figure 3. Risk areas caused by lightning to 

telecommunication site 

3.3 The frequency of damage caused by 
lightning (F) 

The total of frequency of damages caused 
by lightning is calculated as follows: 

Ftotal = Ng(Adpd + Aapa + Anpn +Asps) (6) 

Ng is the density of lightning strikes at the 
region where the telecommunication site is 
located (flashes/km2/year). 

Ftotal = Fd + Fa + Fn + Fs  (7) 

The four terms represent damages caused 
by direct strikes to the site (d); nearby 
strikes to ground (n); lightning discharges 
to or in the vicinity of incoming cables (s); 
and direct discharges to adjacent antenna 
tower (a). 

The different values of probability (p is the 
specific [1]) depends on protection 
measures and characteristics of the 
telecommunication site (pd, pn); antenna 
tower (pa); incoming cables (ps), all of 
which reduce the probability calculating 
damages. 

3.4 Consequential damage factor (δ) 
The factor δ presents the consequential 
effects of damage due to a lightning strike 
directly or indirectly. It represents the 
damage caused by lightning to the 
telecommunication site in year. According 
to [1] for the loss of service δloss= 
2.74×10-3. 

3.5 Calculation of risk (R) 
Risk caused by lightning to 
telecommunication site includes risk of 
human life, risk of loss of physical and 

Signal or power 
cable 

As d1 

antenna 

TS 
Ad 

Aa 

An 
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services. In this paper mere mention to risk 
of loss of telecommunication service. 

Rloss = Ftotal δloss  (8) 
After calculating the risk Rloss, compare the 
risk to the tolerable value Ra. If  Rloss ≤ Ra, 
the service of the telecommunication site is 
protected against lightning. Conversely, 
Rloss>Ra the telecommunication site shall 
be install adequate protection measures 
against lightning. 

The tolerable value Ra for the loss of services 
of telecommunication site is 10-3 [2]. 

4. CALCULATION OF THE RISK OF 
LOSS FOR A TYPICAL 
TELECOMMUNICATION SITE 

A typical telecommunication site is located 
in Ho Chi Minh City. Antenna tower is high 
45m and placed 4m from the 
telecommunication site. Power cable has a 
length of 600 m, unshielded, overhead and 
telecommunication cable is fiber optic 
without metallic, has a length of 1000 m, 
underground. Lightning flash density 
Ng=12 (flashes/km2/year) [8]. 

 
Figure 4. Risk areas caused by lightning to 

typical telecommunication site 

 Calculate the risk areas A 

- The risk area for direct lightning strikes to 
telecommunication site:  
Ad = 0 (Ad covered by Aa)  

- The risk area for direct lightning strikes 
on antenna mast high 45m: 

Aa = π(3H)2 = π(3×45)2  

= 57226 m2 ≈ 0.057 km2 

- The risk area caused by lightning strikes 
on the surrounding ground, this area is 
reduced due to the part covered by Aa for 
direct lightning strikes on antenna mast and 
As for induced overvoltage on incoming 
services: 

An = πd2/2 – Aa/2 = π×5002/2 – 57226/2  

= 363887 m2 ≈ 0.364 km2 

- The risk area for induced overvoltage due 
to lightning strikes to ground near the 
power supply lines and telecommunication 
cables to the devices in the 
telecommunication site, this area is reduced 
due to the part covered by Aa for direct 
lightning strikes on antenna mast. 
+ For the telecommunication cable case:  

As1 = 0 (due to non-metallic fiber cable) 

+ For the power supply cable case:  

As2 = 2d1L – Aa /2 = 2×1000×600 – 
57226/2 = 1171387 m2 ≈ 1.17 km2 

So the risk area caused by service lines:  

As = As1 +As1 = 1.17 km2 

 Calculate the frequency of damages F: 

- The frequency of damages due to 
lightning strikes directly to 
telecommunication site:  

Fd = NgAdPd = 0  

- The frequency of damages due to 
lightning strikes directly to antenna mast:  

Fa = NgAaPa = 12×0.057×0.01 = 6.84×10-3 
damages per year 

(Pa = 0.01 due to antenna mast by steel [1]) 
- The frequency of damages due to 
lightning strikes to ground near the 
telecommunication site:  

Fn = NgAnPn = 12×0.0364×0.1 = 0.437 
damages per year 

(Pn = 0.1 structure of telecommunication 
site by reinforced concrete [1]) 

- The frequency of damages due to 
lightning strikes to or in the vicinity of 
incoming cables: 

Power cable 

  d1= 1000m 

As 

Aa 
An 

TS 

antenna 
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Fs = Asps = 12×1.17 = 14.04 damages per 
year 
(Ps = 1 due to power cable is unshieled [1]) 

- The total frequency of damages: 

Ftotal = Fa+Fn+Fs  
= 0+6.84×10-3+0.437+14.04 = 14.484 
damages per year 
 Calculate the risk of loss of service: 

Risk of loss of service in one year can be: 

Rloss = Ftotal δloss = 14.484×2.7410-3 = 0.039  

Similar calculation for the case of typical 
telecommunication site is located in 
different areas in Viet Nam with density of 
lightning strikes change from 1 to 17 
(flashes/km2/year) and the height of antenna 
tower change from 20 to 80 (m). The results 
of risk calculation are shown in Fig.5. 

 
Figure 5. Risk of loss of service 

The level of risk of loss of services caused 
by lightning for telecommunication site in 
typical areas in Viet Nam much higher than 
the tolerable value for the loss of services. 
The level of risk depends mainly on the 
density of lightning strikes at the region 
where the telecommunication site is 
located, the characteristics of the incoming 
cable and existing protection measures 
against lightning for the telecommunication 
site. The level of the risk decrease when the 
higher antenna tower is. 

Recalculating for typical telecommunication 
site above has installed surge protective 
devices (SPD) on all telecommunication and 
the low-voltage power line, the risk of loss 

of service caused by lightning will decrease 
up to 100 times. The results of risk 
calculation are shown in Fig.6. 

From the results in Fig.6 indicate that the 
installation of protective measures against 
lightning for the telecommunication site is 
needed. Should be installed surge reduction 
filter, surge protective devices on power 
lines, telecommunication cables and 
equipment inside. Besides, determining the 
location for installation of lightning 
protection devices and coordinating 
protection measures in order to achieve 
maximum efficiency are also important 
tasks that need attention. 

 
Figure 6. Risk of loss of services after installed 

SPD 

5. CONCLUSION 
This paper did analyze and calculate the 
risk areas and the frequency of damage. The 
level of risk of loss of service caused by 
lightning for typical telecommunication site 
in areas in Vietnam with density of 
lightning strikes change from 1 to 17 
(flashes/km2/year) and the height of antenna 
tower change from 20 to 80 (m).  

The results of calculation indicated that the 
level of risk higher than the tolerable value. 
The level of risk increases and depends 
mainly on density of lightning strikes. 

Therefore, the design and installation of 
lightning protection measures to minimize 
the risk of loss of service caused by 
lightning for telecommunication site in 
areas in Vietnam is necessary. 
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When the surge protective devices are 
installed on all the power lines and 
telecommunication cables, the level of risk 

caused by lightning can decrease up to 100 
times. 
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ABSTRACT 
Using Ground Enhancement Material (GEM) to reduce the resistance of the grounding system is a topical issue 
at the present time. It attracted great attention of scientists, especially, safe grounding designers in high voltage 
substations. In recent years, a number of scientific works already published several formulas to calculate 
grounding system resistance in case of considering the effect of the ground enhancement material. However, the 
proposed formulas are relatively complex. With an allowed error, this paper will propose simpler formulas to 
help the grounding system designers easily to calculate grounding resistances with ground enhancement 
material of simple forms.  

Keywords: Grounding vertical rod, Grounding horizontal rod, Ground Enhancement Materials (GEM), 
Grounding System. 
 

1. INTRODUCTION 
The development of social, requirements 
for power systems are also increasingly 
demanding in terms of safety, stability, 
reliability and economic operation. To 
research for calculating, design grounding 
system in power system has been studied 
for a long time. So far, there are many 
methods of calculating grounding resistance 
in the case of natural soil environment, 
however when using ground enhancement 
material for decreasing resistance of 
grounding system, grounding resistance 
determining in case of this becomes 
difficult [1, 2, 3]. 

Solution of ground enhancement material 
application for decreasing resistance of 
grounding system are very concerned by 
scientists, especially, a grounding system is 
installed in small area or high resistivity of 
soil. In order to determine the grounding 
resistance of simple forms (horizontal rod 
or vertical rod) we can use the given 
software [3] or the calculating formulas [4, 
5]. However, according to the practical 
requirements, to design simple grounding 
systems we need a simple method or 
simple formulas for calculating a grounding 

resistance. This is very helpful for the 
designers and workmen the grounding 
systems. 

2. ANALYSIS OF IMPACTING 
PARAMETERS ON GROUNDING 
RESISTANCE OF HORIZONTAL 
AND VERTICAL RODS WITH GEM 

2.1 Grounding resistance of vertical 
rod with the GEM 

According to [5], single vertical rod of 
cylinder form with diameter , length  and 
resistivity𝜌𝜌3, is buried in the ground with 
depth . It is environed by the GEM layer 
with resistivity𝜌𝜌2 ; radius 𝐶𝐶  and the soil 
environment with resistivity 𝜌𝜌1 (Fig 1). 

 
Fig 1. Vertical rod with GEM 
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t
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Grounding resistance was calculated 
according to the formulas in [5]: 
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To study the influence of the parameters on 
the value of grounding resistance of vertical 
rod, we investigated the sequence directly 
to the parameters normally used in practice. 
The calculated parameters are as follows: 

- The resistivity of soil environment 
𝜌𝜌1=200Ω.m 

- The resistivity of Ground Enhancement 
Material  𝜌𝜌2=0.2Ω.m 

- The resistivity of vertical rod 
𝜌𝜌3=1.78*10-8Ω.m 

- The diameter of vertical rod 𝑑𝑑=0.03m 

- The length of vertical rod 𝑙𝑙=3m 

- The depth of vertical rod 𝑡𝑡=0.8m 
- The radius of Ground Enhancement 

Material  𝐶𝐶=0.1m 

To analyze the influence of each 
parameter, we turn to change those 
parameters in the range commonly using 
practice and the remaining parameters held 
constant. Survey results received as 
follows: 

- The relationship of grounding resistance 
and the length of vertical rod: the length 
of vertical rod varies from 1m to 6m, the 
grounding resistance value changes a lot 
from about 26Ω to 83Ω. Note that when 
selecting the values of rod length 𝑙𝑙  we 
should be avoided so that (1) is not defined 
(Fig 2).  

 
Fig 2. The relationship of grounding 

resistance and the length of vertical rod  

- The relationship of the grounding 
resistance and the diameter of vertical rod: 
the grounding resistance value almost 
unchanged when the vertical rod diameter 
changes (see Fig 3). 

 
Fig 3. The relationship of the grounding 

resistance and the diameter of vertical rod  

- The relationship of grounding resistance 
and the buried depth of vertical rod: when 
buried depth of vertical rod changes from 
0.5m to 1m, the resistance value changes a 
lot from about 45Ω to 65Ω. Note that when 
selecting the values of buried depth of 
vertical rod, we should be avoided so that 
(1) is not defined (Fig 4). 

 
Fig 4. The relationship of grounding 

resistance and the buried depth of vertical rod 

- The relationship of the grounding 
resistance and the radius of GEM: when the 
thickness of the GEM layer changes from 
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0.05m to 0.55m, the grounding resistance 
value changes a lot from about 37Ω to 62Ω 
(Fig 5). 

 
Fig 5. The relationship of the grounding 

resistance and the radius of GEM 

- The relationship of grounding resistance 
and resistivity of vertical rod: when 
changing the resistivity value of the vertical 
rod, the grounding resistance almost 
unchanged (see Fig 6). 

 
Fig 6. The relationship of grounding 

resistance and resistivity of vertical rod  

- The relationship of grounding resistance 
and resistivity of soil environment: when 
the resistivity of soil environment changes 
then the grounding resistance changes a lot 
and the varies is almost linear (see Fig 7). 

 
Fig 7. The relationship of grounding 

resistance and resistivity of soil environment. 

- The relationship of grounding resistance 
and resistivity of GEM layer: the resistivity 
of GEM changes from 10Ω.cm to 60Ω.cm, 

the grounding resistance changes very small 
(Fig 7). 

 
Fig 8. The relationship of grounding 

resistance and resistivity of GEM layer 

2.2 Grounding resistance of horizontal 
rod with the GEM 

From [5], Single horizontal rod of cylinder 
form with diameter d, length 𝑙𝑙  and 
resistivity 𝜌𝜌3 is buried in the ground with 
depth𝑡𝑡. It is environed by the GEM layer 
with resistivity𝜌𝜌2; radius 𝐶𝐶  and the soil 
environment with resistivity 𝜌𝜌1 (see Fig 9). 

 
Fig 9. Horizontal rod with GEM 

Grounding resistance was calculated 
according to the formulas in [5]: 
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To study the influence of the parameters on 
the value of grounding resistance 
of horizontal rod, we investigated the 
sequence directly to the parameters 
normally used in practice. The surveyed 
parameters are as follows: 
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- The resistivity of soil environment 
𝜌𝜌1=200 Ω.m. 

- The resistivity of Ground Enhancement 
Material 𝜌𝜌2=0.2 Ω.m. 

- The resistivity of horizontal rod 
𝜌𝜌3=1.78*10-8 Ω.m. 

- The diameter of horizontal rod 𝑑𝑑=0.03m 
- The length of horizontal rod 𝑙𝑙=3m 
- The depth of horizontal rod 𝑡𝑡=0.8m 
- The radius of GEM 𝐶𝐶=0.1m. 
To analyze the influence of each 
parameter, we turn to change those 
parameters in the range commonly using 
practice and the remaining parameters held 
constant. Survey results received as 
follows: 
- The relationship of grounding resistance 
and length of horizontal rod: the length of 
horizontal rod varies from 1m to 6m; the 
grounding resistance value changes a lot 
from about 29Ω to 61Ω (Fig 10). 

 
Fig 10. The relationship of grounding 
resistance and length of horizontal rod  

- The relationship of the grounding 
resistance and the diameter of horizontal 
rod: the grounding resistance value almost 
unchanged when the horizontal rod 
diameter changes (Fig 11). 

 

Fig 11. The relationship of grounding 
resistance and diameter of horizontal rod  

- The relationship of grounding resistance 
and the buried depth of horizontal rod: when 
buried depth of horizontal rod changes from 
0.5m to 1m, the resistance value changes 
from about 41Ω to 49Ω (Fig 12).  

 
Fig 12. The relationship of grounding resistance 

and the buried depth of horizontal rod 

- The relationship of the grounding 
resistance and the radius of GEM: when 
the thickness of the GEM layer changes 
from 0.05m to 0.55m, the grounding 
resistance value changes a lot from about 
29Ω to 48Ω (Fig 13). 

 
Fig 13. The relationship of the grounding 

resistance and the radius of Ground 
Enhancement Material 

- The relationship of grounding resistance 
and resistivity of horizontal rod: when 
changing the resistivity value of the 
horizontal rod, the grounding resistance 
almost unchanged (Fig 14). 
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Fig 14. The relationship of grounding 
resistance and resistivity of horizontal rod  

- The relationship of grounding resistance 
and resistivity of soil environment: when 
the resistivity of soil environment changes, 
the grounding resistance changes a lot and 
the varies is almost linear (Fig 15). 

 
Fig 15. The relationship of grounding 

resistance and resistivity of soil environment  

- The relationship of grounding resistance 
and resistivity of GEM layer: when the 
resistivity of GEM changes then the 
grounding resistance changes very small 
(Fig 16). 

 
Fig 16. The relationship of grounding 
resistance and resistivity of GEM layer 

  

3. EXPERIMENTAL FORMULAS 
FOR CALCULATING A 
GROUNDING RESISTANCE OF 
SIMPLE FORMS WITH GEM 

According to the results to observe the 
parameters affecting the grounding 
resistance of the vertical rod (from Fig 2 to 
Fig 8) and horizontal rod with GEM (from 
Fig 10 to Fig 16), we showed that the 
grounding resistance of vertical and 
horizontal rods depends on 7 parameters. In 
particular, the grounding resistance affected 
up to 4 parameters: GEM thickness 𝐶𝐶 , 
length of the vertical and the horizontal 

rods 𝑙𝑙, the buried depth of the vertical and 
the horizontal rods t and soil resistivity 𝜌𝜌1, 
while the diameter of of the vertical and the 
horizontal rods 𝑑𝑑 , the resistivity of the 
GEM layer 𝜌𝜌2 , electrode materials 𝜌𝜌3 
have little impact. Therefore, we proposed 
approximation formulas for calculating 
grounding resistance of simple forms 
depending only on four parameters and they 
have the following forms. 

3.1 Grounding resistance of vertical rod 
with the GEM 
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1
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In (5) a, b, c, n, e, f, g and m are the 
constants need to be determined. With the 
certain error and by Lagrange interpolation 
method we find the values of the constants 
mentioned above and the expression (5) 
becomes: 
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3.2 Grounding resistance of horizontal 
rod with the GEM 
The same method as above, we find the 
formula for calculating grounding 
resistance for the horizontal rod as follows: 

)5.032.0)(8.16.0)(2.15.1(
8.0 1
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=

tlC
Rhr

r
 (7) 

4. COMPARISION OF RESULTS 
To evaluate the error between the formulas 
(6) and (7) compared with the formulas of 
[5], we turn to change a parameter and kept 
constant the remaining parameters. 
Calculation results recorded in the tables 
Tab 1 and Tab 2. 
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Tab 1: Comparison of calculated results between 
(6) and [5] of vertical rod with the GEM 

𝜌𝜌1 
(Ωm) 

𝐶𝐶 
(m) 

𝒍𝒍 
(m) 

𝒕𝒕 
(m) Rvr ([5]) Rvr 

(paper) 
Error 
(%) 

100 0.1 3 0.8 27.1730 26.0454 -4.1497 

200 0.1 3 0.8 54.3258 52.0907 -4.1143 

300 0.1 3 0.8 81.4787 78.1361 -4.1024 

400 0.1 3 0.8 108.6315 104.1814 -4.0965 

500 0.1 3 0.8 135.7844 130.2268 -4.0930 

600 0.1 3 0.8 162.9372 156.2721 -4.0906 

200 0.05 3 0.8 61.6730 55.9493 -9.2807 

200 0.1 3 0.8 54.3258 52.0907 -4.1143 

200 0.15 3 0.8 50.0280 48.7300 -2.5945 

200 0.2 3 0.8 46.9787 45.7767 -2.5586 

200 0.3 3 0.8 42.6808 40.8279 -4.3413 

200 0.4 3 0.8 39.6315 36.8446 -7.0320 

200 0.1 1.5 0.8 68.2969 74.1291 8.5395 

200 0.1 2.0 0.8 59.3775 64.9671 9.4137 

200 0.1 2.5 0.8 54.3594 57.8207 6.3674 

200 0.1 3 0.8 54.3258 52.0907 -4.1143 

200 0.1 3.5 0.8 48.6218 47.3940 -2.5252 

200 0.1 4 0.8 40.1102 43.4742 8.3869 

200 0.1 3 0.5 47.6557 47.8409 0.3886 

200 0.1 3 0.6 50.5889 51.0469 0.9053 

200 0.1 3 0.7 56.4868 52.4635 -7.1225 

200 0.1 3 0.8 54.3258 52.0907 -4.1143 

200 0.1 3 0.9 48.8292 49.9285 2.2513 

200 0.1 3 1 46.4313 45.9770 -0.9784 

Maximum error (%) -9.4137 

 

 

 

 

 

 

 

 

 

 

Tab 2: Comparison of calculated results between 
(7) and [5] of horizontal rod with the GEM 

𝜌𝜌1 
(Ωm) 

C 
(m) 

𝒍𝒍 
(m) 

𝒕𝒕 
(m) Rhr ([5]) Rhr  

(paper) 
Error 

(%) 

100 0.1 3 0.8 21.7406 21.7737 0.1522 

200 0.1 3 0.8 43.4618 43.5474 0.1970 

300 0.1 3 0.8 65.1830 65.3211 0.2119 

400 0.1 3 0.8 86.9041 87.0947 0.2193 

500 0.1 3 0.8 108.6253 108.8684 0.2238 

600 0.1 3 0.8 130.3465 130.6421 0.2268 

200 0.05 3 0.8 50.4614 46.1090 -8.6252 

200 0.1 3 0.8 43.4618 43.5474 0.1970 

200 0.15 3 0.8 39.5233 41.2554 4.3825 

200 0.2 3 0.8 36.8459 39.1926 6.3690 

200 0.3 3 0.8 33.3336 35.6297 6.8882 

200 0.4 3 0.8 31.1327 32.6605 4.9074 

200 0.1 1 0.8 60.4455 65.3211 8.0661 

200 0.1 2 0.8 52.2863 52.2568 -0.0564 

200 0.1 3 0.8 43.4618 43.5474 0.1970 

200 0.1 4 0.8 37.1749 37.3263 0.4073 

200 0.1 5 0.8 32.5811 32.6605 0.2437 

200 0.1 6 0.8 29.0854 29.0316 -0.1850 

200 0.1 3 0.5 48.8814 49.8815 2.0460 

200 0.1 3 0.6 46.7524 47.5749 1.7593 

200 0.1 3 0.7 44.9800 45.4721 1.0940 

200 0.1 3 0.8 43.4618 43.5474 0.1970 

200 0.1 3 0.9 42.1338 41.7789 -0.8423 

200 0.1 3 1 40.9538 40.1485 -1.9664 

Maximum error (%) -8.6252 

Comparing the results calculated by the 
formulas (5) and the proposed formulas (6) 
and (7) for calculating grounding resistance 
of the vertical and horizontal rods with 
GEM, the errors do not exceed 10%. 
5. CONCLUSIONS 
This paper analyzed the influence of the 
parameters on the resistance of the simple 
grounding forms with ground enhancement 
material. 
The paper proposed two simple formulas for 
calculating grounding resistance of vertical 
and horizontal rods using ground 
enhancement material with acceptable error. 
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ABSTRACT 
Due to the rapid growth of load demand, different power sources are added to the power system, and the 
interconnection among various power devices for a modern electric grid also becomes more and more 
complicated. Therefore, the fault current is dramatically increasing, and Superconducting Fault Current Limiter 
(SFCL) has introduced to solve the related problems. In this paper the strategy of applying SFCL to neutral 
ground of a main transformer is proposed for the system performance improvement of power quality, including 
the fault current limit and the mitigations of voltage variations including sag and swell. Firstly, a resistive type 
SFCL is modeled by Matlab/Simulink, and it is then used to simulate and analyze the effect of an SFCL on 
voltage quality for a distribution system in Vietnam. Finally, the simulation results compared with IEEE-1159 
standards show that SFCL can be effectively employed to limit the fault current and the decrease in amplitude 
can be up to approximately 50% when a single-phase to ground fault happens to a radial or loop network. 
Besides, the research results illustrate that the voltage sag severity at fault phase and voltage swell at non-fault 
phase are dependent of the fault location.  

Keywords: Superconducting Fault Current Limiter (SFCL), Power Quality, Voltage Variation, Grounded 
Distribution System. 
 

1. INTRODUCTION 
With the increase of electricity 
consumption nowadays, the electric power 
system is getting more and more 
complicated. As a result, the size of the 
single-line to ground fault that arise from 
complication of electric power system is 
increasing. The fault current levels may 
soon cross the rated fault current breaking 
capacity of the existing circuit breakers. 
Therefore, improving the reliability and 
safety of power distribution in the power 
grids is an important and major task. SFCL 
offer a good solution for the increased level 
of short circuits in power systems, which 
can improve the stability of the power 
system. And various types of SFCLs are 
implemented at substation of power 
distribution system in real world power 
grids of many countries [1]-[4]. 

SFCL is innovative electric equipment 
based on the principle of superconductivity. 
SFCL is an attractive device that limits the 
short-circuit current rapidly and effectively 
without affecting the power system during a 

normal time. In addition, SFCL can 
enhance voltage quality not only in fault 
phase but also in non-fault phase when a 
single-phase to ground fault happened. 

Voltage quality problem is one of the 
importance issues in power system. It 
makes quality of power supply drop, which 
can trigger power accident. As a result, 
power quality has attracted widespread 
attention. To improve and increase voltage 
quality, it’s important to analyze and 
research power quality issues [5]-[6]. 

 
Figure 1. 110/22kV Tan-An City substation, 

Vietnam. 
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The identification of power quality 
illustrated by IEEE standards 1159 is 
presented in Reference [7]. Installing 
current limiter decreases the voltage sags 
caused by fault current. Such decreasing in 
voltage is an improvement. This 
improvement and an evaluation of such 
decreasing in voltage sags resulting from 
installing SFCL in a simple power system 
are presented in Reference [8]-[9]. 

Nevertheless, there is not enough progress 
in the studies on the effects of SFCL on 
voltage quality. In this paper, we 
investigated the fault current limiter and the 
characteristics of the SFCL that suppresses 
voltage sag on fault phase and voltage swell 
on non-fault phase. Such suppressing is due 
to its application on neutral ground of a 
main transformer and starting point of each 
feeder. The distribution system using actual 
data from Tan-An City substation, Vietnam 
is shown in Figure 1. 

2. RESISTIVE SFCL MODEL 
Many models for SFCL have been 
developed such as resistive type, reactive 
type, transformer type, and hybrid type 
SFCLs [10]. In this study, we defined a 
resistive type SFCL is shown in Fig. 2 and 
developed a corresponding 
MATLAB/Simulink based computer 
simulation [11].  

An impedance of SFCL with respect to time 
t is given at (1)-(4).  
𝐑𝐑𝐒𝐒𝐒𝐒(𝐭𝐭) =  𝟎𝟎         ( 𝐭𝐭 <  𝐭𝐭𝟎𝟎),        (𝟏𝟏) 

𝐑𝐑𝐒𝐒𝐒𝐒(𝐭𝐭) =  𝐑𝐑𝐦𝐦 �𝟏𝟏 − 𝐞𝐞𝐞𝐞𝐞𝐞�−
�𝐭𝐭 − 𝐭𝐭𝟎𝟎(𝐪𝐪𝐪𝐪𝐞𝐞𝐪𝐪𝐪𝐪𝐪𝐪)�

𝐓𝐓𝐟𝐟(𝐈𝐈𝐟𝐟𝐟𝐟𝐪𝐪𝐟𝐟𝐭𝐭)
��

𝟏𝟏
𝟐𝟐

 

(𝐭𝐭𝟎𝟎 ≤ 𝐭𝐭 < 𝐭𝐭𝟏𝟏), (𝟐𝟐) 

𝐑𝐑𝐒𝐒𝐒𝐒(𝐭𝐭) =  𝛂𝛂𝟏𝟏(𝐭𝐭 − 𝐭𝐭𝟏𝟏) + 𝛃𝛃𝟏𝟏 (𝐭𝐭𝟏𝟏 ≤ 𝐭𝐭 < 𝐭𝐭𝟐𝟐), (𝟑𝟑) 

𝐑𝐑𝐒𝐒𝐒𝐒(𝐭𝐭) =  𝛂𝛂𝟐𝟐(𝐭𝐭 − 𝐭𝐭𝟐𝟐) + 𝛃𝛃𝟐𝟐 (𝐭𝐭 ≥ 𝐭𝐭𝟐𝟐)       (𝟒𝟒) 

where Rm= 4[Ω], Tf=0.01 and t0 represents 
the convergence resistance, time constant 
and quench starting time, respectively. 
α1=20[Ω/s], β1=4[Ω] and t1 represents the 
initial recovery slope, the recovery starting 
resistance, and recovery starting time, 

respectively. α2=50[Ω/s], β2=2[Ω] and t2 
represents the recovery slope, the second 
stage recovery starting resistance and 
recovery starting time, respectively. 
Quenching is the transition from the 
superconducting state to the current limiting 
state of SFCL starting at t0=0.05sec. Four 
fundamental parameters are used for 
modeling resistive type SFCL. The 
parameters and their values are: 1) 
transition or response time=2msec, 2) 
minimum impedance=0.01 Ohms and 
maximum impedance=4 Ohms, 3) 
triggering current = 550 A and 4) recovery 
time = 10msec. If passing current is larger 
than the triggering current level, the SFCL 
resistance increases its maximum value. 
When the current level falls below the 
triggering current level the system waits 
until the recovery time and then goes into 
normal state. Triggering current is the 
current flowing through the SFCL before 
fault occurred. Fig. 3 illustrates resistive 
SFCL model and the operating 
characteristics using MATLAB/Simulink, 
when a reclosing scheme is 2Fast, 1Delay 
(2F1D) and a fault occurs in a distribution 
system, the resistance of SFCL will 
increase, and the recloser will be tripped, 
and SFCL will be recovered. The scheme is 
repeated two more times. The recovery time 
of SFCL is set to a value less than 500ms 
(According to the technical regulations of 
maximum time for fault clearance by 
electric equipment protection of power 
distribution system in Vietnam. Decision 
No: 32/2010/TT-BCT). 

 
Figure 2. Resistive type SFCL structure 
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(a) Resistive SFCL characteristics. 

 
(b) SFCL model in Simulink. 

 
(c) Operational characteristics of SFCL. 

Figure 3. Resistive SFCL model and 
experiment results using MATLAB/Simulink. 

3. STUDY CASE AND POWER 
QUALITY DISTURBANCE IN 
POWER SYSTEM 

3.1 Simplified configuration of a 
distribution system 
Fig. 4 shows a single-line diagram of a 
power distribution system using real data 
from Tan-An City substation, Vietnam. The 
distribution system consists of two main 
transformers (MTr1, MTr2). Also, to 
protect MTr, feeders and load, various 
protective devices are installed, such as 
circuit breaker (CB), reclosers (R/C). There 
is a switch to connect MTr1 to MTr2, and 
this switch is normally open, S/W1 is 
installed at end of distribution line feeder 1. 
When the S/W1 is closed, the distribution 
system forms a loop network.  Table 1 and 
Fig. 5, represents the data of Fig. 4. 

 
Figure 4. The single-line diagram of 

distribution system. 

Table 1. Distribution system data 

Circuit 
Parameters Specifications 

Utility 110kV, 100MVA, j1.78[%] 

Main 
Transformer 110/22kV, 40MVA, j10[%] 

Conductor 
Impedance ZL = 0.27 + j0.35 Ω/km 

Feeder Length 8 km 

Recloser 
Location 4 km from starting point 

 
Figure 5. Example of daily load curves. 

3.2 Case study 
Six cases of contingency analysis are 
studied which are single phase-to-ground 
faults. The frequency of single 
line-to-ground fault occurrence is highest 
among three phase fault types in a real 
power system, making up for about 70-80% 
of the fault total number of fault 
occurrences (According to the data of fault 
performance recorded by PTC [Power 
Transmission Companies]). Table 2 shows 
the simulation case, where SFCL location A 
is at neutral ground of main transformer, 
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while SFCL location B is at starting point 
of each feeder. 

Table 2. Simulation Case. 

Case number 
SFCL  

Location 
Fault 
Point 

Type 
Fault Remarks 

1 
S/W1 
OPEN 

1-1 No 
(Distance 

from 
starting 
point) 
2,4,6,8 

km 

Single 
Phase 

to 
Ground 

Length 
Feeder 
=8 km 

1-2 A 

1-3 B 

2 
S/W1 

CLOSED 

2-1 No 

2-2 A 

2-3 B 

3.3 Transient power quality disturbance 
in power system 
Short circuit fault often occurs in power 
system. It includes three phase short circuit, 
three phase-to-ground fault, double 
line-to-ground fault, line-to-line fault, and 
single line-to-ground fault. Most fault of 
transmission and distribution system are 
single line-to-ground fault, which is the 
main reason of voltage sag. Single 
line-to-ground fault can make the power 
system voltage fluctuate, causing voltage 
sag, interruption, swell and current swell.  

For a single-line to ground fault on phase 
A, the voltages on phase B and C are [12]:  
VA =  0 

VB = �a2 +
Z1 − Z0

2Z1 + Z0 + 3RF
� • E 

VC =  �a +
Z1 − Z0

2Z1 + Z0 + 3RF
� • E 

Where: Z1=positive sequence impedance; 
Z0=zero sequence impedance; a=1∠1200; 
RF=fault resistance; E=line to neutral 
voltage magnitude prior to the fault. 

4. VOLTAGE QUALITY ANALYSIS 
THROUGH CASE STUDY CASES 

4.1 Effect of SFCL on voltage quality in 
distribution system 
Generally speaking, a voltage magnitude at 
bus of output terminal of MTr during fault 
can be represented as equation (5) if fault 
impedance is ignored [5]-[6]. 

Vbus =
ZL

Zsource + ZTr + ZL
 • Vsource  (5) 

Where Zsource, ZTr, and ZL are source 
impedance, transformer impedance, and line 
impedance from source to fault location, 
respectively. While Vsource is source voltage. 
Equation (5) also can approximately represent 
the voltage magnitude at all neighbor feeders. 
Different from equation (5), equations (6) and 
(7) are the voltage magnitude when SFCL is 
installed at two different locations: 1) At 
neutral ground of main transformer or 2) 
starting point of each feeder. 

Vbus =
ZL

Zsource + ZTr + ZSFCL + ZL
 • Vsource (6) 

Vbus =
ZL + ZSFCL

Zsource + ZTr + ZSFCL + ZL
 • Vsource (7) 

where, ZSFCL means the impedance being 
statured at normal temperature. 

4.2 Voltage Quality Evaluation Method  
In this study, we evaluate the impact of 
voltage variations including sag and swell 
using IEEE standards 1159 as show in Fig. 6.  

 
Figure 6. Identification of power quality set by 

IEEE standards 1159. 

A voltage sag according to IEEE std. 1159 
[7] is defined as an RMS reduction in the 
AC voltage between (10-90) %, at power 
frequency for duration from ½ cycles to 
one minute. Swell is defined as an increase 
to between 110% and 180% in RMS 
voltage or current at the power frequency 
durations from 0.5 to 1 minute. 

4.3 Results and Discussion 
We set the operation sequence of recloser to 
2 fast –1 delay (2F1D). If the fault current 
flows to the recloser and is bigger than the 
preset threshold value, the recloser is 
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instantaneously tripped according to the 
time–current-characteristics (TCC) curve 
which called fast operation (F). After 
several fast-trip operations of recloser, the 
recloser starts the delay operation (D). If the 
fault current is not removed after several 
fast trips and delay trips, the recloser would 
recognize the fault as a permanent fault and 
trip permanently. Such operation is called 
lockout. The simulation were carried out 
with single phase short circuit created at 
0.10s (t=0.00s at beginning of the 
simulation).  The total simulation time was 
1.00s. The operation current during normal 
operation is 550A. Fig. 7a, 7b and Fig. 8 
represents the voltage and current 
waveform of fault phase and non-fault 
phase without SFCL to illustrate for 
transient power quality disturbance in 
distribution system when a single 
phase-to-ground happened at 2 km from 
staring point of feeder 1. As seen in Fig. 7a 
the voltage of phase A becomes 0 (short 
interruption) at the fault phase, while 
voltage of phase B and C voltage swell. In 
Fig. 7b the current of phase A rise high, 
while phase B and C current swell. Fig. 8 
shows the voltages of phase A, B, C 
neighbor fault. As seen in Fig. 8, phase A 
voltage at the power side drops, voltage of 
phase B and C swell. 

 
Figure 7a. Voltage waveform at fault point for 

fault at 2 km without SFCL. 

 
Figure 7b. Current waveform at fault point for 

fault at 2 km without SFCL. 

 
Figure 8. Voltage waveform of power side at 2 

km without SFCL. 

Fig. 9, 10 represents the current and voltage 
waveform for case 1, when a fault occurs 
on phase A at 2km location of feeder 1 
from starting point of bus and S/W1 OPEN 
(radial network) with/without SFCL. The 
fault current can be observed to be limited 
to 9.21 kA and 9.18kA from 16.65kA. The 
voltage sag has been improved from 
22.35% to 48.81% and 59.19% 
with/without SFCL installed at location A 
and B, respectively. 

 
Figure 9. Current waveform in radial network 
for fault at 2 km with/without SFCL at Loc. A 

and Loc. B. 

 
Figure 10. Voltage waveform in radial 

network for fault at 2 km with/without SFCL 
at Loc. A and Loc. B. 

Fig. 11, 12 represent the current and voltage 
waveform at non-fault phase with/without 
SFCL. At Fig. 11, the current swell on 
non-fault phase decreased to 105.87% from 
112.95% during fault. As seen in Fig. 12 
the voltage swell in non-fault phase has 
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been limited to 105.14% and 105.72% from 
116.25% at both locations and dropped to 
within the normal operation voltage range 
of power quality IEEE-1159 standards.  

Table 3 represents the voltage in fault phase 
and non-fault phase according to the fault 
point when SFCL is installed at neutral 
ground of main transformer and starting 
point of feeder. Fig. 13 shows the 
identification of voltage quality set by IEEE 
standards 1159 for case 1. As seen in Table 
3 and Fig. 13 the voltage sag and swell can 
be improved by installing SFCL. 

 
Figure 11. Current waveform in radial 

network for fault at 2 km (Phase B) 
with/without SFCL at Loc. A and Loc. B. 

 

 
Figure 12. Voltage waveform in radial 

network for fault at 2 km (Phase B) 
with/without SFCL at Loc. A and Loc. B. 

 

Table 3. Voltage quality analysis results for 
case 1. 

SFCL No Location A Location B 

Fault 
Point 

Sag 
[%] 

Swell 
[%] 

Sag 
[%] 

Swell 
[%] 

Sag 
[%] 

Swell 
[%] 

2 km 22.35 116.25 48.81 105.14 51.59 105.72 

4 km 51.14 112.18 65.38 103.05 68.31 103.18 

6 km 67.31 111.69 78.93 102.15 82.69 102.95 

8 km 75.68 110.14 89.12 100.21 93.86 100.89 

 
Figure 13. Identification of voltage quality set 

by IEEE standards 1159 for case 1 (Radial 
network). 

 

 
Figure 14. Current waveform in loop network 
for fault at 2 km with/without SFCL at Loc. A 

and Loc. B. 

 

 
Figure 15. Voltage waveform in loop network 
for fault at 2 km with/without SFCL at Loc. A 
and Loc. B. 

Fig. 14, 15 represents, with and without 
SFCL respectively, the current and voltage 
waveform for case 2, in which a fault 
occurs on phase A at 2km location of feeder 
1 from starting point of bus and S/W1 is 
CLOSED (Loop network). Originally 
23.36kA, the fault current can be observed 
to be limited to 12.54 kA and 12.56kA. The 
voltage sag can be seen increasing from 
15.68% to 43.95% and 48.54% 
with/without SFCL installed at location A 
and B, respectively. 
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Figure 16. Current waveform in loop network 
for fault at 2 km (Phase B) with/without SFCL 

at Loc. A and Loc. B. 
 

 
Figure 17. Voltage waveform in loop network 
for fault at 2 km (Phase B) with/without SFCL 

at Loc. A and Loc. B. 
 

 
Figure 18. Identification of voltage quality set 

by IEEE standards 1159 for case 2 (Loop 
network). 

Fig. 16, 17 represents the current and 
voltage waveform at non-fault phase 
with/without SFCL. At seen in Fig. 16, 17 
the current at non-fault phase are limited to 
106.47% from 113.41% and voltage swell 
decreased to 109.09 % from 118.12% by 
resistance of SFCL.  

Table 4. Voltage quality analysis results for 
case 2. 

SFCL No Location A Location B 

Fault 
Point 

Sag 
[%] 

Swell 
[%] 

Sag 
[%] 

Swell 
[%] 

Sag 
[%] 

Swell 
[%] 

2 km 15.68 118.12 43.95 109.03 48.54 109.09 

4 km 29.42 114.49 54.12 107.38 58.22 107.96 

6 km 52.65 113.91 66.11 104.12 70.02 104.67 

8 km 69.82 112.39 75.63 102.11 83.19 102.90 

Table 4 illustrates the voltage fault phase 
and non-fault phase with respect to fault 
location when SFCL is installed at neutral 
ground of main transformer and starting 
point of each feeder (loop network). Fig. 18 
shows the identification of power quality 
set by IEEE standards 1159 for case 2. 
In table 3 and 4 above, the voltage 
magnitude at loop network is small 
compared with radial network because of the 
voltage drop at main transformer which is 
sum of fault current at feeder 1 and feeder 2. 
The voltage swell is decreased due to 
resistance of SFCL. However, the location 
of SFCL does not have influence on voltage 
swell of non-fault phase. The maximum 
error is approximately 1%. 
5. CONCLUSION  
In this paper, power quality including sag 
and swell is analyzed in a distribution 
system in Vietnam with SFCL at the 
starting point of each feeder and neutral 
ground of a main transformer at substation 
when a phase-to-ground fault occurred. 
Short circuit current decreases and voltage 
sag severity at phase fault and voltage swell 
at non-phase fault are lessened, which is 
dependent of the fault location. That is, 
when a fault occurred at starting point of 
feeder, fault current, voltage sag, and swell 
are maximized. If SFCL is installed at 
feeder, fault current is suppressed and 
voltage quality improved. Furthermore, the 
voltage sag is approximately 7.5% better 
than the case where SFCL is installed at 
neutral ground.  However, the location of 
SFCL does not have influence on voltage 
swell and current swell of non-fault phase. 
The maximum error is about 1%. 
The simulation results show that the voltage 
sags at loop network is more severe than 
radial network due to increased fault current. 
As a result, we proposed to apply the SFCL at 
neutral ground of main transformer on 22kV 
in distribution system. These problems are 
related to economic analysis. In future studies, 
various types of faults, protective 
coordination, and so on should be considered. 
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ABSTRACT 
Load shedding is considered the method to be applied in emergency situations to prevent black-out and to 
maintain the stability of the power system. The traditional load shedding methods are complex and can not be 
expanded. This paper proposes a new load shedding method based on heuristic algorithms to overcome the 
above limitations. One of the important characteristics of this method is that amount of loads shed and load 
placement shed at each bus are determined and implemented according to plans corresponding to the cases when 
the problems occur. This contributes to reduce the operation and recovery time of the system when the problem 
occurs. Case studies proposed in this paper include: generator failure, the bus failure when the system operates at 
80%, 90% and 100% of maximum capacity. The method proposed is tested on the IEEE 37 bus system, using 
PowerWorld software and the simulation results proved the effectiveness of the method. 

Keywords: load shedding, heuristic algorithm, the power system stability, under frequency, recovery time, 
generator failure. 

 

1. INTRODUCTION 
Voltage and frequency are the two most 
important parameters affecting the stability 
of the power system. When there is 
instability the frequency or voltage will 
cause disturbance and if it extends 
disturbance that lead to the collapse of the 
system. Therefore, the need to quickly put 
the parameters on which the original value 
or re-establish a new stability point is very 
important in order to minimize the system 
collapse. When all the available controls 
can not maintain stable power system 
frequency, load shedding method is applied 
in emergency situations to maintain the 
power system stability or restore steady 
state the fastest. 

The traditional load shedding methods 
based on under frequency or voltage relay 
[1], [2] the results are often less accurate, 
the mount of load is shed sometimes so 
large in a step, the plans do not have the 
flexibility to increase the number of load 
shedding steps or take a long time [4], [5]. 
To increase the efficiency of load shedding, 
some load shedding methods based on 
frequency or the rate of change of 
frequency (df/dt) [6], voltage, sensitivities 

QV at each load bus. However, this case 
shows the processing speed algorithm is too 
slow [7]. 

The load shedding algorithm proposes 
below aims to load shedding based on 
based on heuristic algorithm to resolve the 
limitations of previous studies. One of the 
important characteristics of this method is 
that amount of loads shed and load 
placement shed at each bus are determined 
and implemented according to plans 
corresponding to the cases when the 
problems occur. This contributes to reduce 
the operation and recovery time of the 
system when the problem occurs. 

2. APPROACH METHOD 
2.1 Heuristic Algorithm 
Heuristic algorithms often show quite 
natural, close to the way of thinking and 
acting of human beings. The function of 
heuristic is search from a available target, it 
provides information from neighboring 
nodes to serve the search results for 
targeted needs identified. Heuristic 
algorithms based on the basic principles: 
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- The principle of exhaustion intelligent: 
criteria of this principle is when the search 
area is too large, it must seek to limit the 
maximum search area to quickly identify 
problems and produce results soon. 

- Principle greedy: release criteria are 
obtained optimal standards of big problems 
to select for each solve step within the 
limits of each region. 

- Principle of order: the criteria set out 
implementation actions are based on search 
structure predefined order. 

To problems are solved the fastest and 
shortest path, Greedy principle is often 
applicated. Specifically as follows:  

- From the start node, list all distance 
traveled from the starting point to the node 
n two level of the system, and then choose 
the shortest path.  

- When go to a node level 2 is also in 
accordance with the above principle, list all 
the way from the current location node next 
to the node and also according to the 
selection criteria shortest path. Programming 
will be done until there is no node to go. 

 
Figure 1. Describe heuristic algorithm 

2.2 The application of heuristic 
algorithm for load shedding 

The proposed method uses the "decision 
tree" to implement load reduction. The goal 
of the "decision tree" is to find the shortest 
way to recover the system with the fastest 
time from a predefined node. The idea of 
the method is implement load shedding 
through from the search node cause 
problems in areas that have been identified 
before. The implementation of this model is 
effective because it avoids having to 
calculate the optimal the whole system. 
After identifying the node causes the 
problem, the level of disturbance is 
estimated using the rate of change of 
frequency. Load location is shed at each bus 
has been determined based on the 
calculated voltage change at each load 
position when problems occur. 

Step 1: Search node /generator is faulted.  

Step 2: Determine the unbalanced load 
based on equations of motion of the rotor: 

enmndiff
n

o

eq PPP
dt
df

f
H

−==
2

             (1) 
Where: Heq is the equivalent inertia 
constant of the generators; f0 is the nominal 
frequency of the system; Pdiff is the 
difference in the generated power and the 
load power; Pmn is the mechanical shaft 
power for n machines, Pe is the electrical 
power for n machines. 

Step 3: calculate dV/dt to determine priority 
load. Bus has dV/dt magnitude greater is 
shed before. 

Step 4: Load shedding until recovery 
frequency close to the value of the original 
steady state. 

Flowchart algorithm load shedding based 
on Heuristic is presented in Figure 2. 

3. CALCULATION, EXPERIMENTS, 
THE SIMULATION ON SYSTEM 

Experiments on typical systems IEEE with 
f= 60Hz include 37 buses 9 generators 
shown in Figure 3. 
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Case studies proposed in this paper include: 
generator failure, the bus failure when the 
system operates at 80%, 90% and 100% of 
maximum capacity. Corresponding to each 

 
Figure 2. Flowchart algorithm load shedding 

based on Heuristic algorithm 

case will build "decision tree" in load 
shedding to restore the parameters return to 
the original steady state. 

Consider the case loss a generator at bus No. 
4 when the system is operating 80% of 
maximum capacity, use PowerWorld 
software to simulate and observer getting 
results when apply traditional load shedding 
programs and the load shedding program 
proposed. Result frequency graph when the 
power system is not load shedding is shown 
in Figure 4. Frequency graphs after 
applying the previous load shedding 
methods are shown in Figure 5, Figure 6. 

The obtained results, the frequency before 
using the load shedding program is 59.6 Hz, 
after application proposed load shedding 
program, the frequency has improved to a 
stable value near 60 Hz (59.99 Hz) in 24s. 
Compare with the case load shedding 
common: load shedding based on frequency 

and voltage sensitivity, loads are shed 
according to ascending order [7], follow the 
steps based on the change of frequency [3], 
comparing the results presented in Table 1. 

 
Figure 4. Frequency of system in case of 

failure at the generator bus 4. 

 
Figure 5. Load shedding based on frequency 

and voltage sensitivity 

 
Figure 6. Load shedding based on these steps 

based on the change of frequency 

 
Figure 7. Frequency of system after using 

load shedding based on Heuristic algorithm 

Begin 

Measure the 
 frequency and its rate 

f<59.7 Hz 

Search node /generator is faulted 

Calculate dV/dt at f <59.7 Hz 
 to decide load shedding 

No load 
shedding 

False 

True 

The initial imbalance load Pdiff is 
calculated using the swing equation 

diff
neq P

dt
df

f
H

=.
2

0

 

Load shedding implement 
according the plan 

383 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

Consider the case bus No.17 is failured 
when the system is operating 80% of 
maximum capacity, use Powerworld 
software to simulate and observer getting 
results from the load shedding program 
proposed. 

Result frequency graph when the power 
system is not load shedding is shown in 
Figure 8. 

 
Figure 8. Frequency of system in case of 

problems at the bus 

 

Table 1. Results of the comparison between 
the methods load shedding in case of 

generator failure 

Methods load 
shedding 

Recovery 
frequency 

(Hz) 

Shed 
capacity  
(MW) 

Recovery 
time  
(s) 

Load shedding 
based on 
frequency and 
voltage 
sensitivity  

59,99 185 32 

Load shedding 
based on 
ascending order 

59,87 185 50 

Load shedding 
based on these 
steps based on 
the change of 
frequency 

59,901 206,58 55 

Load shedding 
based on 
Heuristic 
algorithm 

59,99 144,12 24 

Frequency graph after applying the 
traditional load shedding program: loads are 
shed according to ascending order is shown 
in Figure 9. 

 
Figure 9. System frequency after applying the 
load shedding program the order ascending 

load. 

Frequency graph after applying the 
proposed load shedding program is 
presented in Figure 10. 

 
Figure 10. Frequency system after applying 

the load shedding program according to 
Heuristic algorithm. 

The obtained results, if the load shedding is 
not implement, the power system will black 
out. After applying the load shedding 
program proposed, the frequency has 
improved to a stable value close to 59.97 
Hz within 12 seconds faster than the case 
load shedding in order to the smallest value 
being shed before. “Decision tree” diagram 
is shown in Figure 11. 

Figure 11. Decision tree diagram when there 
is a problem on power system 
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Figure 12. Decision tree diagram when a 

generator is faulted and load reaches 70% of 
maximum capacity 

 
Figure 13. Decision tree diagram when a 

generator is faulted and load reaches 80% of 
maximum capacity 

 
Figure 14. Decision tree diagram when a 

generator is faulted and load reaches 90% of 
maximum capacity 

 
Figure 15. Decision tree diagram when a 

generator is faulted and load reaches 100% of 
maximum capacity 

 
Figure 16. Decision tree diagram when a bus 

is faulted 

4. CONCLUSION  
Load shedding method based on Heuristic 
algorithm is applied in emergency 
situations to maintain the stability of the 
power system. The important characteristics 
of this method is that amount of loads shed 
and load placement shed at each bus are 
determined and implemented according to 
plans corresponding to the cases when the 
problems occur. This contributes to reduce 
the operation and recovery time of the 
system when the problem occurs. 

The simulation results show that the 
amount of capacity load shedding less and 
faster recovery time than previous methods 
demonstrate the effectiveness of the 
proposed method.
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Figure 17. 37 buses 9 generators system 
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ABSTRACT 
This paper presents the application of a Static Var Compensator (SVC) to improve the dynamic stability of the 
Doubly-Fed Induction Generator (DFIG)-based Wind Turbine Generator (WTG) fed to power grid. The studied 
9-MW wind power system includes 6x1.5-MW DFIG-based WTG connected to bus 110-kV of the power system. 
Simulation results are performed in commercial MATLAB software with different disturbance conditions. It can 
be concluded from simulation results that the effect of the proposed SVC can enhance the stability of the studied 
system. 

Keywords:Doubly-Fed Induction Generator (DFIG), Wind Turbine Generator (WTG), Static Var Compensator 
(SVC), Stability. 

1. INTRODUCTION 
With the increasing penetration of wind 
power into electrical grids, Doubly-Fed 
Induction Generator (DFIG)-based wind 
turbines (WTs) are largely deployed due to 
their variable speed feature and hence 
influencing system dynamics. This has 
created an interest in developing suitable 
models for DFIG to be integrated into 
power system studies. The continuous trend 
of having high penetration of wind power, 
in recent years, has made it necessary to 
introduce new practices. DFIG is the most 
employed generator due to many  merits of 
it such as, high efficiency compared to 
direct drive wind power system with a full-
scale power converter since only about 20% 
of power flowing through power converter 
and the rest through stator without power 
electronics, capability of decoupled control 
active and reactive power for better grid 
integration [1]. However, by connecting 
stator windings directly to the power grid, it  

isextremely sensitive to grid faults. For 
improving the stability of the power 

systems, fixed capacitor banks are usually 
used. However, fixed capacitor cannot 
adjust the supporting reactive power to grid 
to maintain the voltage stable. In [2], a new 
topology structure of Static Var 
Compensator (SVC) has been proposed 
which is used to correct the unbalanced 
problems and improve the reliability of 
power systems. An SVC and a thyristor-
controlled series compensator (TCSC) were 
employed in a single-machine infinite-bus 
(SMIB) system to improve transient voltage 
stability of an asynchronous wind farm [3]. 
In which, the SVC was able to offer 
reactive power to maintain the transient 
stability while the TCSC was able to 
promote the terminal voltage and 
effectively improve low-voltage ride 
through (LVRT) capability. 

In this paper, an SVC is proposed to 
regulate voltage at its terminals by 
controlling the amount of reactive 
powerinjected into or absorbed from the 
power system for replacing the fixed 
capacitor. 
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DFIG_1
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VW
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SVC

Bus 4

Bus 1
Bus 2PCC

 
Fig.1: Configuration of the studied system 

 

2. SYSTEM CONFIGURATION AND 
MATHEMATICAL MODELS 

Fig. 1 shows the configuration of the 
studied system. A 9-MW wind farm 
consisting of 6 x 1.5-MWWTs connected to 
a 22-kV distribution system exports power 
to a 110-kV power grid through a 30-km, 
22-kV feeder. An SVC is proposed to 
connect to the PCCto supply the adequate 
reactive power to the system. 

WTs use a DFIG consisting of a wound 
rotor induction generator and an 
AC/DC/AC IGBT-based PWM converter. 
The stator winding is connected directly to 
the 50-Hz grid while the rotor is fed at 
variable frequency through the AC/DC and 
DC/AC converters. 

2.1 DFIG-based Wind TurbineModel 
In this paper, anDFIG model shown in Fig. 
2 developed in a dq-axis synchronous 
reference frame with an assumption of 

neglecting the stator-winding transient 
effects is employed [4].  

By neglecting the stator-winding transients, 
the pu voltage-current equations of the 
stator windings and the rotor windings of a 
wind DFIG are given by 

ω ψdswd swd dswd rwd qswdv R i= − −  (1) 

ω ψqswd swd qswd rwd dswdv R i= − +  (2) 

( )1ω ψ ψ
ωdrwd rwd drwd wd rwd qrwd drwd

b

v R i s p= − + (3)  

( )1ω ψ ψ
ωqrwd rwd qrwd wd rwd drwd qrwd

b

v R i s p= + + (4) 

whereψswdand ψrwdare the pu flux linkages 
of the stator windings and the rotor 
windings, respectively. 

The pu electromagnetic torque of the wind 
DFIG can be determined by 

 

Pgwd

 
GB  

 Pswd Pewd

Vw

DFIG

 

Prwd 
RSC GSC 

Vdcwd 

 

CONTROL SYSTEM 

Turbine  

Pitch angle 

 

 

 

Bus 

 
  

hwdw

dcwdC

rwdw

 

Fig. 2. One-line diagram of wind DFIG driven by a WT 
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( )ewd mwd qrwd dswd drwd qswdT L i i i i= −
 

(5) 

whereiswdand irwd are the pu stator-winding 
and rotor-winding currents of the wind 
DFIG, respectively. 

Neglecting the power losses of the Rotor 
Side Converter (RSC) and the Grid Side 
Converter (GSC), the power balance 
equation for the back-to-back converter 
shown in Fig. 2 can be written as 

rwd gwd dcwdP P P= −    (5) 

wherePrwd and Pgwd are the active powers at 
the AC terminals of the RSC and the GSC, 
respectively while Pdcwd is the active power 
at the DC link. These three active powers 
can be expressed as follows. 

rwd drwd drwd qrwd qrwdP v i v i= +   (6) 

gwd dgwd dgwd qgwd qgwdP v i v i= +   (7) 

( ) ( )dcwd dcwd dcwd dcwd dcwd dcwdP V I V C p V= = (8) 

Substituting (5)-(7) into (8), the pu 
differential equation of the DC link can be 
obtained as  

 

For normal operation of a wind DFIG, the 
input AC-side voltages of the RSC and the 
GSC can be effectively controlled to 
achieve the aims of simultaneous control of 
the output active power and reactive power.  

2.2SVC model 
The proposed SVC in this paper is used for 
regulating the voltage at its terminals by 
compensating the proper amount of reactive 
power to power systems. The single-phase 
equivalent circuit of the SVC with 
thyristor-controlled reactor-fixed capacitor 
(TCR-FC) type was shown in Fig. 3 [5]. 
Fig. 4 shows the control block diagram for 
the equivalent susceptanceBSVC of the 
studied SVC. When the system voltage is 
lower than the reference value, the value of 

BSVC of the SVC is positive to inject 
reactive power to the system; when the 
system voltage is higher than the reference 
value, the BSVC of the SVC is negative to 
absorb reactive power from the power 
system.  

Assuming a balanced and fundamental 
frequency operation, the equivalent BSVC of 
the SVC is a function of the firing angle α 
as shown below [6]. 

( )
( )2 sin 2 2 L

C
SVC

L

X
X

B
X

α α π
α

π

 
− − − 

 = (10) 

whereXL and XC are reactance of reactor 
and capacitor of SVC, respectively.  

XL

XC
Th1

Th2

PCC

α

α BSVC

XTR

 
Fig. 3. One-line diagram of SVC 

 

+Vref

VPCC

Kc

1+sTc
Vc
+

BSVC

BSVC,max

BSVC,min

Fig. 4. Control scheme of SVC 

 
3. COMPARISION BETWEEN FIXED 

CAPACITOR AND SVC 
For estimating the advantages of the 
proposed SVC to the fixed capacitor, in this 
section the nonlinear system model is 
employed to compare the damping 
characteristics contributed by the proposed 
SVC on stability improvement of the 
studied system subject to a severe 
disturbance. It is assumed that the WTG is 
operated at a wind speed of 8 m/s since this 
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is the average offshore wind speed value in 
Vietnam. Simulation results of the proposed 
system are performed in 
MATLAB/Simulink toolbox. 

Fig. 5 plots the comparative transient 
responses of the studied system without 
compensation (blue lines), with fixed 
capacitor (red dotted lines), and with the 
proposed SVC (black lines), respectively. 
The three-phase short circuit fault at the 
PCC is suddenly applied at t = 0.5 s and is 
cleared at t = (0.5 + 1/60) s. In this case 
studied, the fault happened in 1/60s to 
warranty that the protection relay is 
inactive.It is clearly observed from the 
comparative transient simulation results 
that the transient responses of the studied 
system shown in Figs. 5(a)-(d) exhibit good 
damping performance when the proposed 
fixed capacitor and SVC are connected in 
the PCC are included in the system. When a 
fault is happened the system oscillated and 
quickly reaching their steady-state values. 

4. CONCLUSION 
This paper has presented the comparative 
stability improvement of a DFIG-based WT 
fed to power systems. To supply the 
adequate reactive power to the system an 
SVC has been proposed to connect to the 
PCC of the studied system. Comparative 
time domain simulation results of the 
studied system subject to a three-phase 
short circuit fault at the connected bus have 
been systematically performed to 
demonstrate the effectiveness of the 
proposed SVC on suppressing inherent 
oscillations of the studied system. It can be 
concluded from the simulation results that 
the proposed SVC has the best damping 
characteristics to improve the performance 
of the DFIG-based WT fed to the power 
system under a severe operating condition. 

 
 

 

 

 
 

(a) Voltage at Bus 3 

 
(b) DC link voltage of DFIG 

 
(c) Active power of DFIG 

 
(d) Rotor speed of DFIG 

Fig. 5: Transient responses of the studied 
system under a three-phase short-circuit fault 

 
 
 

 

 

 

 
No compensation With fixed capacitor With SVC
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ABSTRACT 
In a solar energy system, the DC-AC inverter has the very importance role to supply the energy for AC loads. In 
this paper, we would like to introduce the design of DC-AC inverter with 3KW for individual home. The inverter 
uses the DC-DC Boost converter with 400V output and the H- Bridge DC- AC with 220Voutput. In general, the 
output of solar cell swings from 150V to 400V, and the Boost DC-DC uses IC UCC2818 working at 20,9khz 
frequency and fix the output voltage around 400VDC. SPWM method is used to create a signal to control the H-
bridge and produce the 220VAC output voltage with 50Hz frequency. The results simulation showed that the 
input and output are well adapted for the demand of the design.  

Key words: AC-DC inverter, Boost converter, H-bridge DC-AC, LCL filter 

 

1. INTRODUCTION  
With improving environment and ensuring 
natural resources in maintain power supply, 
it puts the world about the fresh resources. 
The natural resources are used by human as 
winds, water and special solar resource is 
easy to respond ability using of people. 
Advantage of solar panel reception solar 
resource is easy installation, less affected 
by environment same time it is a forever 
resource so it is very importance’s resource. 
That mean the research and design inverter 
using solar panel is more development with 
difficult application. 

In the paper[1] using two converter is DC-
DC and DC-AC converter,  the both 
employ IC555 to control switching 
frequency, IC555 only worked in input 
small range voltage ( 48V to 100V) and low 
power. So this paper researched and 
proposed IC UCC2818. Its purpose is 
change large range input voltage (150V to 
400V) and fixed in frequency 20,9KHz and 
output’s boost converter is around 400V.  

2. DESIGN  CIRCUIT 
2.1 Design boost circuit 

 

 
Fig 1. Boost circuit 

From [3] we see: 

𝑉𝑉𝑜𝑜 =
𝑉𝑉𝑠𝑠

1 − 𝐷𝐷
 

(1) 

𝑉𝑉𝑠𝑠: Input voltage of boost circuit. 

𝑉𝑉𝑜𝑜: The output voltage of boost circuit. 

𝐷𝐷 : Duty cycle. 
So the calculation design for inductor L and 
capacitor C follows: 

𝐿𝐿 ≥
𝑉𝑉𝑠𝑠 ∗ (𝑉𝑉𝑜𝑜 −  𝑉𝑉𝑠𝑠)
∆𝐼𝐼𝐿𝐿 ∗ 𝑓𝑓 ∗ 𝑉𝑉𝑜𝑜

 
(2) 

𝑓𝑓 : switching frequency of device.  

∆𝐼𝐼𝐿𝐿 : ripple current cross inductor. 

Δ𝐼𝐼𝐿𝐿 : established follow equation: 
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∆𝐼𝐼𝐿𝐿 = (0.2 𝑡𝑡𝑡𝑡 0.4) ∗ 𝐼𝐼𝑜𝑜_𝑚𝑚𝑚𝑚𝑚𝑚 ∗
𝑉𝑉𝑜𝑜
𝑉𝑉𝑠𝑠

 
(3) 

  𝐼𝐼𝑜𝑜_𝑚𝑚𝑚𝑚𝑚𝑚:  Maximum output boost circuit. 

And the equation for capacitor output: 

𝐶𝐶𝑜𝑜𝑜𝑜𝑜𝑜 ≥
2 ∗ 𝑃𝑃𝑜𝑜𝑜𝑜𝑜𝑜 ∗ ∆𝑡𝑡
𝑉𝑉𝑜𝑜2 − 𝑉𝑉𝑜𝑜(min)

2  
(4) 

From above equations we choose, calculate 
configuration for boost circuit using  
UCC2818. 

 
Fig 2. Using UCC2818 

Switching frequency is choice at 20KHZ 

From [5] we have: 

𝑓𝑓 =
0.6
𝑅𝑅𝐶𝐶

= 20𝐾𝐾ℎ𝑧𝑧 

Choose: R1= 13KOhm  

C1=2200pF 

To UCC action at 150V is smallest voltage, 
it needed setup range necessary, follow [5] 
we known that pin 10 is pin OPV/EN only 
active when the voltage of pin10 is larger 
than 1.9 voltages. So we have:      

      𝑉𝑉𝑖𝑖𝑖𝑖 = 𝑅𝑅60+𝑅𝑅5
𝑅𝑅5

𝑉𝑉10 

With the minimum voltage is 150V and 
voltage of pin 10 is 1.9V we obtain: 
1.9 ≤ 𝑅𝑅5

𝑅𝑅5+𝑅𝑅60
∗ 150 

 𝑅𝑅60 ≤ 77.95 ∗ 𝑅𝑅5 

Follow [7] the current at pin 10 must 
smaller 100 times current at 𝑉𝑉𝑖𝑖𝑖𝑖  
From [5] the current of pin 10 larger than 
200nA so: 

 𝐼𝐼𝑉𝑉𝑖𝑖𝑖𝑖 ≥ 100 ∗ 200 = 20𝑢𝑢𝑢𝑢  

 𝑅𝑅5 ≤
1.9
20𝑜𝑜𝑢𝑢

= 95𝐾𝐾𝐾𝐾ℎ𝑚𝑚 

 R5= 44.2K 

 𝑅𝑅60 ≤ 3445K 
To  UCC action at largest voltage is 400V, it 
needed setup threshold necessary that is pin 
11, the threshold voltage in pin 11 is 7.5 v, if 
over this threshold then input voltage same 
with the output voltage and equal 400V : 

𝑉𝑉𝑜𝑜 = 𝑅𝑅2+𝑅𝑅3
𝑅𝑅3

𝑉𝑉11 , gives 𝑉𝑉𝑂𝑂 R = 400V, V11 = 7.5V 

 R2=52.33*R3 

At [7] the current at pin 11 must be smaller   
100 time current of 𝑉𝑉𝑂𝑂 with  

 I11 = 200(𝑛𝑛𝑢𝑢). 

 𝐼𝐼𝑉𝑉𝑜𝑜 ≥ 100 ∗ 200 = 20𝑢𝑢𝑢𝑢  

 𝑅𝑅3 ≤
7.5
20𝑜𝑜𝑢𝑢

= 375𝐾𝐾𝐾𝐾ℎ𝑚𝑚 

 R3=44.2K 

 R2=2292K 

The ripple cross inductor calculated with 
average input voltage range, that means the 
input voltage is 300 (V). The 𝐼𝐼𝑜𝑜_𝑚𝑚𝑚𝑚𝑚𝑚 is a 
average output current and equal to: 

3000/400 = 7.5 A  

∆𝐼𝐼𝐿𝐿 = (0.2 𝑡𝑡𝑡𝑡 0.4) ∗ 𝐼𝐼𝑜𝑜_𝑚𝑚𝑚𝑚𝑚𝑚 ∗
𝑉𝑉𝑜𝑜
𝑉𝑉𝑠𝑠

 
 

 ∆𝐼𝐼𝐿𝐿 = (0.4) ∗ 7.5 ∗ 400
300

= 2𝑢𝑢 

So inductor was calculated follow equation: 

𝐿𝐿 ≥
𝑉𝑉𝑠𝑠 ∗ (𝑉𝑉𝑜𝑜 −  𝑉𝑉𝑠𝑠)
∆𝐼𝐼𝐿𝐿 ∗ 𝑓𝑓 ∗ 𝑉𝑉𝑜𝑜

=
300(400 − 300)
2 ∗ 20600 ∗ 400

= 1.82𝑚𝑚𝑚𝑚 
Choose   L= 2mH 

With [5] choosing   ∆𝑡𝑡 = 16𝑚𝑚𝑚𝑚  that means 
output voltage of boost circuit reduces 13% 
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so if output establishment is 400V, reality 
voltage is 400*87/100 = 348V 

Capacity: 

  𝐶𝐶𝑜𝑜𝑜𝑜𝑜𝑜 ≥
2∗𝑃𝑃𝑜𝑜𝑜𝑜𝑜𝑜∗∆𝑜𝑜
𝑉𝑉𝑜𝑜2−𝑉𝑉𝑜𝑜(min)

2 = 2∗3000∗0.016
4002−3482

=

2470𝜇𝜇𝜇𝜇 

Choose 𝐶𝐶 = 3000𝜇𝜇𝜇𝜇 

From [5] we known  𝐼𝐼𝑢𝑢𝐶𝐶 ≤ 500𝜇𝜇𝑢𝑢  so  
𝑅𝑅𝐼𝐼𝑢𝑢𝐼𝐼 ≥

𝑉𝑉
𝐼𝐼𝑢𝑢𝐼𝐼

 (connected with pin 6 of IC) 

In here V is the threshold input voltage 
equal 400V  

𝑅𝑅𝐼𝐼𝑢𝑢𝐼𝐼 ≥
400

500 ∗ 10−6
= 900𝐾𝐾𝐾𝐾ℎ𝑚𝑚 

Choose  𝑅𝑅𝐼𝐼𝑢𝑢𝐼𝐼 = 990𝐾𝐾𝐾𝐾ℎ𝑚𝑚 that mean R21. 
2.2 H – bridge : using  SPWM method( 

Since Pulse With Modulation) 

SPWM uses control signal to compare with 
carrier signal at high frequency and the 
carrier signal is a triangle. The pulse control 
is created to control the gates of IGBT. 
Compare with H – bridge circuit, the output 
voltage H – half bridge [1] reduced ½ input 
voltages: 

 
Fig 3. H – bridge 

 

In that, the signal modulation is sine with 
amplitude is Am and amplitude of triangle 
signal is Ac. We has the factor  𝑚𝑚 = 𝑢𝑢𝑚𝑚

𝑢𝑢𝐴𝐴
 

call factor modulation [3] 

Call mf is the ratio of frequency modulation 
(frequency modulation ratio): 

𝑚𝑚𝑓𝑓 =
𝑓𝑓𝐴𝐴
𝑓𝑓𝑚𝑚

 

The increase in the value of mf will lead to 
an increase in the frequency harmonics 
appear. The disadvantage of the carrier 
frequency is increased the problem by 
switching large losses. 

 
Fig 4. SPWM method 

To output of H – bridge obtain sine wave, 
we need add the filter. 

We have many filters such as L, LC, LCL 
filter. The best filter is LCL filter, it is 
reduce the ripple of current with the 
inductor has small value. However 
important parameter is cut off frequency. 
The cut – off frequency is at less ½ the 
switching frequency [6] 

Li

Cf

Lg

Rs

 
Fig 5. LCL filter 

From [6] we have equation  𝑓𝑓𝑟𝑟 = 1
2𝜋𝜋 �

𝐿𝐿𝑖𝑖+𝐿𝐿𝑔𝑔
𝐿𝐿𝑖𝑖𝐿𝐿𝑔𝑔𝐼𝐼𝑓𝑓

 

The frequency around the cut – off 
frequency makes the filter oscillation so we 
choose add the braking resistor that 
calculate follow equation: 

𝑅𝑅𝑠𝑠 =
1

3𝜔𝜔𝑟𝑟𝐶𝐶𝑓𝑓
 

In here we choose the cut – off frequency 
equal 2.5 KHz 

From that inferred 

𝐶𝐶𝑓𝑓 = 3.3𝑛𝑛𝜇𝜇 
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  𝑅𝑅𝑠𝑠 = 5.6 𝐾𝐾ℎ𝑚𝑚 

𝐿𝐿𝑖𝑖 = 2.2𝑚𝑚𝑚𝑚 

 𝐿𝐿𝑔𝑔 = 2.2𝑚𝑚𝑚𝑚 

 

 
Fig 6. DC – AC converter 

3. THE RESULT SIMULATION  
With load R 

With the input voltage is 150V we has the 
output voltage of boost circuit 

 
Fig 7. Output voltage of boost circuit. 

When input voltage is 150V the output 
voltage reaches 404V, transition time of 
about 16ms strictly with the requirements 
of [5] , a period exceeding 404V up to 
410V (404 V output value is the biggest 
boost circuit). It is not difficult to 
understand because of the boost circuit 
when the voltage increase, threshold 
voltage is 7.5V respectively IC at 400V 
(which is 7.65V maximum 404V 
respectively). If they pass the threshold 
voltage IC stops operation at the same 
circuit will reduce the output voltage is 

equal to the threshold voltage circuit will 
work again  

Efficiency of this circuit was about 97%. 

The output of H - Bridge is showed in Fig 8: 

 
Fig 8. Output of H- bridge. 

With the use of the method for SPWM 
output will be pulsed square  

And after added the filter, we had output 
voltage of inverter: 

 
Fig 9. The output of filter. 

After pass filter, the output voltage has 
become the sine wave voltage is 310V peak 
corresponding to RMS voltage is 219V 

With THD 

 
Fig 10.  THD. 
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The choosing LCL filter purpose reduced or 
lose  harmonics high frequency and here is 
the harmonic frequency over 2.5kHz so the 
output waveform distortion also reduced in 
this model THD= 1.57% < 5%  it is a the 
standard output. 

We also had with the input voltage 400V 

With higher voltage that mean from 150V 
to 400V so transition time is reduced 16 ms 
to 1 ms, we see 400(V) follow: 

 
Fig 11. Output voltage of boost circuit. 

 
Fig 12. Output of H- bridge. 

4. CONCLUSION 
In this paper, we have proposed a new way 
in boost circuit that using UCC2818. The 
simulation and design circuit use PSIM 
software. With effect of circuit is about 
97% same time output voltage of converter 
is around 219V obtained. However the 
result above is a simulation result, has not 
experimented yet.  And with the result 
above, experimenting is high successful. 
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ABSTRACT 
The problem of portfolio optimization has got much attention from researchers in financial engineering 
since appeared Markowitz’s Modern Portfolio theory. This problem is to find out an optimal set of assets to 
invest on in choosing how to minimize the risk and maximize the profit of the investment.  In this paper, an 
analysis of the portfolio optimization based on the reference points in the Pareto-front is presented. Reference 
points provided from the decision makers are used to support guiding search in the search space for safety and 
fast. The analysis of choosing reference points is investigated through the case study of finding a desirable set of 
assets in the Pareto-front and giving reliable decisions for investors. The optimal investment for each asset where 
decision makers can choose which solution that fitted the best to their preferences is considered to be evaluated. 
The experiment results simulated on the Non-dominated Sorting Genetic Algorithm 2 (NSGAII) and compared 
with the previous work show that this analysis provides higher performance and reliability. 

Keywords: Portfolio, R-NSGA-II, Reference points, Multi-objective optimization 

 

1. INTRODUCTION 
Portfolio optimization is to select the 
allocated portfolio weights in available 
assets. It depends on many factors such as 
assets interrelationships, preferences of the 
decision makers, resource allocation and 
other factors [1]. In fact, all practical 
optimization problems, especially 
economical design optimization problems 
are the multi-objectives in nature prefer to a 
single objective one [2]. In order to find a 
converged and diverse set of Pareto optimal 
solutions, it is needed the huge number of 
simulations. Many cases simulation based 
multi-objective optimization problems are 
difficult to solve, because of uncertainty in 
the input or output parameters of the model 
[3]. In addition, it is necessary to execute 
many evaluations in high number of 
problems of Pareto-optimal front with a high 
dimensional problem is required a large of 
solution space. Therefore, the reliable 
distribution of reference points is needed to 

discovery of many Pareto-optimal solutions 
to decrease the search space and to increase 
the convergence. In this paper, an analysis of 
the portfolio optimization based on the 
guided search of reference points is 
presented. The optimal weighting of assets is 
considered to get well-distribution in the 
Pareto-front and to obtain reliable solutions 
for investors by applying multi-objective 
optimization algorithms. 

The rest of the paper is organized as 
follows: Section 2 describes the formulation 
of portfolio, Section 3 introduces the 
analysis reference point’s case study of 
multi-objective for reliable optimization, 
Section 4 presents experiments and results, 
and Section 5 draws conclusions. 

2. RELATED WORKS 
Markowitz's mean-variance model [4] has 
laid a foundation for the establishment and 
development of the modern portfolio theory. 
There were two objective decisions for 

397 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

investors. One is as high return as possible, 
and the other is as low risk as possible.Due 
to computational intelligence developed; the 
Artificial Intelligence methods have been 
applied to solve the investment portfolio 
problem. Such as: the artificial neural 
network was applied to solve asset valuable 
stocks [5], the fuzzy multiple attribute 
decision analysis was used to select stocks 
for portfolio [6], the utilized support vector 
machine was supported to train universal 
feed forward neural networks to perform 
stock selection [7], the Tabu search was 
applied to find the optimal asset allocation 
[8]. However, these approaches for 
optimizing problems, once the optimization 
had been implemented, their results only for 
a single chosen solution [9, 10]. Another 
field of the development computational 
intelligences is evolutionary computation, 
which simulates natural course through a 
new random searching mechanism. For 
example, NSGAII and R-NSGA-II [11][12]. 
Compared to the traditional method, 
evolutionary computation is more effective 
and more intelligent. It has been used 
successfully for solving investment portfolio 
problem [13]. In this paper, the proposed 
strategies of chosen reference points are 
taken consideration into analysis in case 
study of applying the evolution computation 
methods. The accuracy rate of finding the 
optimal set of assets in the Pareto-front 
could improve. It reduces the space search of 
computation and gives advice of reliable 
decisions for investors. 

3. MULTI-OBJECTIVEFOR 
ELIABLE OPTIMIZATION 

3.1 Multi-objectiveformulation of 
portfolio  

A general multi-objective optimization 
problem consists of a number of objectives 
and is associated with a number of 
inequality and equality constraints [2]. 
Mathematically, the problem can be 
formulized as follows: 

𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀(𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀)𝑓𝑓𝑖𝑖(𝑀𝑀); 
             𝑀𝑀 = 1, 2, 3, … , N                (1) 

𝑆𝑆𝑆𝑆𝑆𝑆𝑆𝑆𝑀𝑀𝑆𝑆𝑆𝑆𝑆𝑆𝑆𝑆 

𝑔𝑔𝑗𝑗(𝑀𝑀) ≤ 0  ;    𝑆𝑆 = 1, 2, 3, … , 𝐽𝐽 (2) 

ℎ𝑘𝑘(𝑀𝑀) = 0 ;     𝑘𝑘 = 1, 2, 3, … , 𝑝𝑝  (3) 

where  𝑓𝑓𝑖𝑖(𝑀𝑀)  is the objective function to 
minimize or maximize,𝑔𝑔𝑗𝑗(𝑀𝑀)and ℎ𝑘𝑘(𝑀𝑀)are 
constraint conditions. Finding optimal 
solutions for a multi-objective optimization 
problem are non-dominated solutions which 
were known as Pareto-optimal solutions. 

 
Figure 1. Portfolio weights in an optimal port 

Two competing objectives consistof N 
assets, selection of optimal weighting of 
assets as shown in fig.1 (with specific 
volumes for each asset given by weights wi) 
as follows: 

𝜌𝜌𝑝𝑝2 = ∑ ∑ 𝑤𝑤𝑖𝑖𝑤𝑤𝑗𝑗𝜎𝜎𝑖𝑖𝑗𝑗𝑁𝑁
𝑗𝑗=1

𝑁𝑁
𝑖𝑖=1  (4) 

∝𝑝𝑝= ∑ 𝑤𝑤𝑖𝑖𝜇𝜇𝑖𝑖𝑁𝑁
𝑖𝑖  (5) 

∑ 𝑤𝑤𝑖𝑖 = 1𝑁𝑁
𝑖𝑖=1  (6) 

0≤wi≤1; and i=1, 2… N     (7) 

whereρpis the standard deviation of portfolio; 
αpis the expected return of portfolio, μi the 
expected return of asset i, σijthe covariance 
between asset i and j, and wiare the decision 
variables giving the composition of the 
portfolio. The total funds invested in asset 
iby xi, is represented, one can compute the 
expected return and the variance of the 
resulting portfolio x = (x1, x2, x3, … , xn) 
as follows:  

𝐸𝐸(𝑥𝑥) = 𝑀𝑀1µ1 + 𝑀𝑀2µ2 + 𝑀𝑀3µ3 + ⋯+ 𝑀𝑀𝑛𝑛µ𝑛𝑛(8) 

𝑉𝑉𝑀𝑀𝑉𝑉(x) = ρijσiσjxixj (9) 

where E(x) is expected return, Var(x) the 
variance of the resulting portfolio, ρij their 
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correlation  coefficient (ρii  = 1), xi  the 
total funds invested  in asset  n  (x1 + x2 
+…+ xn =1).A feasible portfolio x is called 
efficient if it has the maximal expected 
return among all portfolios with the same 
variance, or alternatively, if it has the 
minimum variance among all portfolios that 
have at least a certain expected return. The 
efficient frontier[14] is often represented as 
a curve in a two-dimensional graph where 
the coordinates of a plotted point 
corresponds to the expected return and the 
standard deviation on the return of an 
efficient portfolio as shown figure 2. 

 
Figure.2. Hyperbolas curve of efficient frontier 

3.2 Portfolio optimization processing 
There are two types of fitness functions. The 
primary fitness function is the 
Pareto-optimality. The secondary fitness 
function is called crowding distance. The 
operation mechanism is described details as 
follows: 

Step 1: Population initialization, the 
population is initialized based on the 
problem range and constraints if any. 

Step 2: Non-dominatedsorts,the initialized 
population are sorted based on 
non-domination. The fast sort algorithm for 
each individual, this algorithm utilizes the 
information about the set of that an 
individual dominate and number of 
individuals that non-dominate. 

Step 3: Crowding distance. Since the 
individuals are selected based on rank and 
crowding distance, all the individuals in the 

population are assigned a crowding distance 
value.  

Step 4: Genetic operation: main loop 

Sub-Step 4.1: Each individual is compared 
with another randomly selected individual. 
The copy of the winner is placed in the 
mating pool. 

Sub-Step 4.2: Apply crossover rate for each 
individual in a mating pool, and select a 
parent(s). Two parents perform crossover 
and generate two offspring. Two offspring 
will be placed in the offspring population. 

Sub-Step 4.3: Apply non-dominated sorting 
to the population. All non-dominated fronts 
are copied to the parent population rank by 
rank. 

Sub-Step 4.4: Stop adding the individuals in 
the rank when the size of parent population 
is larger than the population size. Crowding 
distanceapproach  is used in step 3 aims to 
obtain a uniform spread of solutions along 
the best-known Pareto front without using a 
fitness sharing parameter.  

Z1

Z2 

( )xcd1

( )xcd 2

 
Figure 3.The diversity method used in 

crowding distance 

Figure 3 shows the crowding distance 
method with the main advantage is a 
measure of computing population density 
around a solution without requiring a 
user-defined parameter such as σ-share or 
the k-th closest neighbor. If the solutions 
are in the same non-dominated front, the 
solution with a higher crowding distance 
will be the winner; otherwise, the solution 
with the lowest rank will be selected. 
Notice, herein all objectives are assumed to 
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be minimized. Therefore, a lower rank 
corresponds to a better solution. 

 
Figure 4. The normalization Euclidean distance 

3.3 Reference point based on crowding 
distance 

The effective changes in Pareto-optimal 
solutions if the objective space is inserted 
thepreference points. It makes 
well-distribution. A set of preferred 
Pareto-optimal solutions is near the reference 
point which is called the interest regions. For 
each provided reference point, a set of 
Pareto-optimal solutions trends to close to it 
as the target of a set of solutions. So that, the 
solutions distribute around the reference 
points to help decision makers have idea 
about the regions that they are interested in. 
The reference point could be calculated as 
the normalization Euclidean distance (dIR) of 
each solution as equation below: 

𝑑𝑑𝐼𝐼𝐼𝐼 = �∑ � 𝑓𝑓𝑖𝑖(𝑥𝑥)−𝐼𝐼𝑖𝑖
𝑓𝑓𝑖𝑖
𝑚𝑚𝑚𝑚𝑚𝑚−𝑓𝑓𝑖𝑖

𝑚𝑚𝑖𝑖𝑚𝑚�
2

𝑀𝑀
𝑖𝑖=1      (10)                  

 wheredIRis the normalization Euclidean 
distance from individual I to reference R, M 
is the number of the objectives, 
𝑓𝑓𝑖𝑖𝑚𝑚𝑚𝑚𝑥𝑥 𝑀𝑀𝑀𝑀𝑑𝑑 𝑓𝑓𝑖𝑖𝑚𝑚𝑖𝑖𝑛𝑛 are the population 
maximum and minimum objective value of 
ith objective. Normalization is used to avoid 
the problem that the objectives are in the 
different scale. If the two randomly selected 
solutions are in the same front, the smaller 
crowding distance is the winner.  

4.  EXPERIMENTS AND RESULTS 
This section, several experiments will be 
conducted to test the quality and accuracy 
of the proposed scheme and then analysis 
the reference points of its influence to the 
optimization problem.  

4.1  Experiment setting 
Parameters setting of these algorithms are 
shown in table 1. 

Table 1. Initiation parameters for the 
NSGA-II and R-NSGA-II procedures 

Initiation 
Parameters NSGAII R-NSGAII 

Population size 100 100 

Generations 100 100 

Crossover 
probability (pc) 

0.6 1 

Mutation 
probability (pm ) 

0.01 1 

Objectives 2 2 

Variances 3 3 

Constraint 2 2 

Reference points 0 
3 (-0.2, 0.2); 
(-0.1, 0.015); 
(-0.05, 0.005) 

Epsilon 0 0.005 

Descending sorts uses crowded comparison 
operator; the first N – card (Pt)elements 
from front and the next parent population 
(Pt+1) uses binary tournament selection; 
recombination and mutation to create next 
generation; and return.All the 
computational experiments have been 
computed with a set of benchmark data 
available where can be found from 
http://people.brunel.ac.uk/~mastjjb/jeb/info.
html. Equation (1) and two constraints in 
equations (2) and (3) with using three kinds 
of securities (Stocks, Bonds and MM) are 
applied. The multiple objectives are 
formulated as follows: 

𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀1 = 0.1073 ∗ 𝑀𝑀1 + 0.0737 ∗ 𝑀𝑀2 

+0.0627 ∗ 𝑀𝑀3 (11) 

𝑀𝑀𝑀𝑀𝑀𝑀𝑀𝑀2 = (1 ∗ 0.16672 ∗ 𝑀𝑀1     
2  

+(0.2119 ∗ 0.1055 ∗   0.1667 ∗ 𝑀𝑀1 ∗ 𝑀𝑀2) 

+(0.0366 ∗ 0.1667 ∗ 0.034 ∗  𝑀𝑀1 ∗ 𝑀𝑀3) 

+(1 ∗ 0.10552 ∗ 𝑀𝑀22) 

+(−0.0545 ∗  0.1055 ∗ 0.034 ∗ 𝑀𝑀3 ∗ 𝑀𝑀2) 

+( 1 ∗ 0.0342 ∗ 𝑀𝑀320.0342 ∗ 𝑀𝑀3     
2 ) (12) 
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with constrains is given as: 
𝑀𝑀1 + 𝑀𝑀2 + 𝑀𝑀3 ≤ 1                         (13) 
𝑀𝑀1 ≥ 0   𝑀𝑀2 ≥ 0     𝑀𝑀3 ≥   (14) 
The expected return, and mean, volatility, 
correlation coefficients in Table.2  
Table 2. Comparison three kinds of securities: 

Stocks, Bonds and MM 

 Stocks Bonds  MM  
Mean 

Deviation σ i 
Correlation 

Stocks 
Bonds 
MM 

10.73% 
16.67% 
Stocks 

1 
0.2199 
0.0366 

7.73% 
10.55% 
Bonds 
0.2199 

1 
-0.0545 

6.27% 
3.4% 
MM 

0.0366 
-0.0545 

1 

The general effective frontier of obtained 
space searching in that resolves the problem 
based on the formulas in equation (11) and 
(12). There are two provided constraints as 
in equations (13) and (4) have been used. 

 
Figure 5. Results from a run without 

reference point (NSGA-II) 
Figures 5 and 6 show the comparison of the 
convergence search between NSGAII and 
R-NSGAII. The search area of R-NSGA-II 
trends to the identified reference points (ie. 
the reference point (10.10-2, 95.10-2) based 
on crowding distance mechanism. 
Therefore, it gives decision makers more 
options to consider than NSGA-II’s one.  

 
Figure 6. Results from a run with reference 

point (R-NSGA-II) 

4.2 The reference points analysis 
All objectives are assumed being 
minimized. Otherwise, they are converted 
to other direction observes by multiplying 
them with (-1). 

 
Figure 7. Comparative Optimization using 

NSGA-II(cross-line) and R-NSGA-II 
(star-line) algorithms 

Figure 7 compares the simulated tests results 
in (R-NSGA-II and NSGA-II) over the range 
from 0 to 25 percent of inversed 
minimization. The curve of NSGA-II 
(cross-line red) depicts that the profit of 
investments obtained by only 12% return 
with maximized risk at 34%. In contrast, the 
curve of R-NSGA-II (start-line blue) 
indicates that the profit of investments 
achieved by up to 22% return with 
maximized risk at 35%. This means with 
supporting the guided reference points the 
R-NSGA-II could get up 180 % return 
effectiveness in comparison with NSGA-II's 
one in terms of convergence search space. 

 
Figure 8. The reference points were 

normalized Euclidean distance 
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Figure 8 depicts the reference points were 
normalized.The downside values of the 
variance of each asset are considered to be 
the identified risk in first case. Risk value 
of each asset will be obtained as the 
identified risk in second caseby using the 
parametric and historical simulation 
methodology. This is able to find solutions 
near the given reference points instead of 
finding solution on the entire 
Pareto-optimal front, thereby allowing 
decision makers to consider solutions that 
lie on the regions of her/his interest. 

5.  CONCLUSION 
In this paper, an analysis of the reference 
points in the Pareto-front for supporting to 

find the portfolio optimization is presented. 
The proposed chosen point strategy provides 
the guided media to search the best solution 
fast and safe after running some fixed 
interactions. The purpose of guiding points 
is to take advantage preference information 
of investors or decision makers interesting 
for finding the best their solution. It also 
could find a set of solutions near the 
preference solutions which investors would 
be able to make a better and more reliable 
decision. The experiment results compared 
with the previous work show that this novel 
analysis provides higher performance and 
reliability. 
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ABSTRACT 
The increasing application of distributed power generations into the power system leads to a grid interconnection 
requirements of THD more and more strict. The reduction of current THD of grid-connected inverters to satisfy 
the grid code by increasing of switching frequency in PWM of inverters is one of popular methods but increases 
switching loss. The aim of this paper is to propose a PWM technique with variable switching frequency to 
reduce switching loss in inverters. The simulation results of a grid-connected inverter system in Matlab/Simulink 
show that the switching loss of the proposed technique is lower than the constant switching frequency. 

Key words: pulse width modulation (PWM), total harmonic distortion (THD), distributed generation (DG) 
 

1. INTRODUCTION 
The increasing application of distributed 
generations into power system such as wind, 
solar energies, and fuel cells thanks to 
strong development of grid-connected 
inverter systems [1] for sustainability and 
environment with enormous potentials [2]. 
However, the grid-connected inverters 
inject significantly current harmonics into 
power network and effect adversely on 
power quality of system. So, the harmonic 
attenuation is expected to be significantly 
more stringent in order to meet IEEE 
standard 929-2000 [3], 1547-2009 [4], [5]. 

The inverters with sine pulse width 
modulation (SPWM) are used very popular 
in renewable energy converters [6]-[9]. The 
increase of inductance in filters is one of 
popular methods to reduce output current 
harmonics of grid-connected inverters. But 
it also has disadvantages of costs, 
dimensions of devices. The higher 
switching carrier frequency to reduce 
current harmonic content of inverters 
results in the higher switching loss and 
overheating in components [10]. 

The technique in [11] used the H∞ 
controller instead of conventional PI 

controller in conditions of grid impedance 
variations with enough high frequency 
attenuation to keep the control loop stable. 
However, the determination of weighting 
function has complex and calculation 
burden. It also requires time and parameters 
of grid to track the weighting functions.  

The variable switching frequency technique 
proposed in [12] to reduce switching loss in 
inverters also requires the accurate model of 
ripple current and the complicated 
calculations cause robustness and dynamic 
response low. In addition, the usages of 
fixed load and very high switching 
frequency are not suitable for real 
grid-connected inverters. Moreover, very 
low switching frequency of current at the 
vicinity of zero is a big obstacle to digital 
electronic meters and electric motors.  

A different technique with variable 
switching frequency in [13] based on the 
estimated model of TDD. However, the 
requirements of parameters of filter, time of 
computation to select the optimal switching 
frequency and level variation of switching 
frequency make the strategy with poor 
dynamic response and robustness 
performance. 

404 

mailto:thotq@hcmute.edu.vn
mailto:tvanhspkt@gmail.com


 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

The multi-level inverters are also used [14] 
to reduce current harmonic content. But 
they also have complicated control and 
many power switches. To reduce switching 
loss and current THD, the hysteresis 
technique in [15] exposed the dependence 
of measured current error, current sensor. 
So, it is also not robust.  

This paper proposes the technique of 
SPWM with variable switching frequency 
to reduce switching loss in grid-connected 
inverters. The aim of paper is to determine 
the optimal switching frequency of inverter 
in every fundamental period to reduce 
switching loss with subject to constant 
current THD. 

2. ANALYSIS OF CURRENT RIPPLE 
The relationship between current THD and 
switching loss in inverter is very close. The 
selection of optimal switching frequency to 
reduce current THD of inverters is 
complicated problem and has a very 
important meaning.  

An H-bridge grid-connected single phase 
inverter with unipolar PWM as shown in 
Figure. 1 is used to analyze in this paper. The 
power factor is always kept as unit because 
of injecting active power into grid source. 

+

-
Vdc

~VgVi

Lf LgiL

S11

S12

S21

S22

 

Figure 1. H-bridge grid-connected inverter 

 
Figure 2. Output current waveform of 

unipolar H-bridge single phase inverter 

It is assumed that the switching frequency 
of inverter is much higher than the 
frequency of control signal, effect of dead 
time is negligible and the inductance of 
filter is fixed. 

The loss of IGBTs and diodes consists of 
switching loss, conduction loss, and other 
losses. It is also assumed that the 
conduction loss is not dependent on 
switching frequency of inverter and the 
switching loss is linearly dependent on the 
switched current and switching frequency 
for one switching cycle.  

The output current waveform of unipolar 
H-bridge single phase inverter is shown in 
Figure. 2. 

Based on the superposition principle, the 
inverter output current consists of the 
fundamental current and the ripple current.  
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Figure 3. Current waveforms 

The waveforms in Figure. 3 show that 
inverter output current increases and 
decreases in every half of the switching 
cycle of carrier wave. In the positive half 
cycle of carrier cycle, duty cycle d(t), the 
increase of peak-to-peak current ripple iL1 
can be calculated as (1): 
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Where Lf is inductance of output filter of 
inverter, Vdc is the DC input voltage value 
of inverter and Ts is the half of carrier wave 
period. Equation (1) can also be rewritten 
as: 

( ) )()(11 tdtd
L

TVi
f

sdc
L −=  (2) 

The similar calculation for the 
decrease of current ripple iL2 is (3) and (4). 
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Equation (3) can be rewritten as: 

))(()(12 tdtd
L

TVi
f

sdc
L −+=  (4) 

Adding (2) and (4) for both the positive and 
negative half cycles of d(t) yields (5): 

)()(1 tdtd
L

TVi
f

sdc
L −=∆  (5) 

The control signal d(t) is expressed as:  

( )tmtd ωsin.)( =  (6) 
Where m is the modulation index of 
amplitude and ω is the velocity frequency 
of grid source. Replacing (6) into (5), yields 
the peak-peak current ripple (7) as: 

( )( ) ( )tmtm
L

TVi
f

sdc
p ωω∆ sin..sin.1−=  (7) 

The root mean square value of every half of 
switching cycle equals the peak value 
divided by 3  as: 

( )( ) ( )tmtm
L

TVI
f

sdc
p ωω∆ sin..sin.1

32
−= (8) 

The normalized equation for the peak-peak 
current ripple is  

( )( ) ( )tmtmI p ωω∆ sin..sin.1* −=  (9) 

 
Figure 4. The normalized peak-peak 

current ripple with different values of m in 
every half of fundamental period 

The equation (9) shows the time variation 
of normalized peak-peak current ripple with 
different values of modulation index m in 
condition of constant carrier frequency as 
Figure 4. 

As assumed above, the switching loss in 
every switching cycle is linearly dependent 
on the switched fundamental current and 
the switching frequency. It is also assumed 
that the effect of current ripple on switching 
loss is neglected.  The switching loss is 
expressed as: 

)(.)(. 11 tftiCP swsw ωω∆ =  (10) 

Where the constant C1 depends on the DC 
voltage Vdc and the inductance of filter Lf, 
and i1(ωt) is value of the fundamental 
instantaneous current flowing in the power 
device. The equation (10) can be rewritten as: 

)(
1.)(. 11 tT

tiCP
s

sw ω
ω∆ =  (11) 

Where ( )tTs ω  is the switching function 

The average switching loss in one half of 
fundamental period is 

∫=
π

ω
ω
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2.1 The constant frequency carrier wave  
When the frequency of carrier wave is 
constant, the switching cycle ( )tTs ω  is 
calculated by using (8) as 
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The RMS value of current ripple in the half 
of fundamental period is  

( )( ) ( ) )(sin..sin.1
32

1

)(1

0

2

0

2

tdtmtm
L

TsV

tdII

f

dc

p

ωωω
π

ω∆
π

∆

π

π

∫

∫












−

==
(14) 

The current THD has the following relation 
to RMS current ripple as: 

1I
ITHD ∆

=  (15) 

Where I1 is the RMS value of fundamental 
current of the inverter. 

Substituting (13) into (12) yields the 
switching loss as: 
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2.2 The proposed variable frequency 
carrier wave 

The active power is normally injected into 
the utility by the grid-connected PV inverter. 
So, the voltage and current of inverter output 
are always in phase. In addition, the phase 
angle is also ignored in this paper by the 
technique of current control. 

The Figure 4 shows that the normalized 
peak-peak current ripple varies in the half 
of fundamental period with constant 
frequency carrier wave. So, the current 
ripple of inverter can be reduced by varying 
appropriately frequency of carrier wave in 
half of fundamental period. The frequency 
of carrier wave needs to increase in areas of 
high current ripple to reduce current THD 
and to decrease in areas of low current 
ripple to reduce switching loss. 

Based on equations (14) and (15), they 
show that it is possible to reduce current 
THD by varying appropriately frequency of 
carrier wave fsw. So, the optimal frequency 
of carrier wave is based on equation (8) and 

keep switching loss swP∆ minimum 
according to (12) and under the constraint 
that I∆ is constant according to (14). 

The equation (8) shows that the current 
ripple is a variable quantity in every half of 
fundamental period. To ensure current THD 
(%) constant, the current ripple is also 
relative constant to fundamental current. It 
means that   
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Substituting (8) into (17) yields: 
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The switching cycle is inferred as 
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The switching cycle is also rewritten as: 
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Where the constant C2 depends on Lf and 
Vdc, and RMS value of fundamental current 
I1. So, the switching cycle must vary as 
(20) with a given constant current THD (%). 
The normalized switching frequency is 
calculated as (21) from equation (20) and 
shown as Figure 5. 
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The normalized switching loss is 
determined as  
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However, the switching frequency could 
not exceed the limit of maximum switching 
frequency of power IGBTs and need to be 
limited as (23) and Figure 6. 

( ) maxftf sw ≤ω  (23) 

 
Figure 5. The normalized switching frequency 

in half of fundamental period 

 
Figure 6. The normalized switching frequency 
with limit of fmax in half of fundamental period 

3. SYSTEM DESCRIPTION 
The proposed control scheme of single 
phase grid-connected system that has been 
simulated in Matlab/Simulink and shown as 
Figure 7 includes power circuit of H-bridge 
inverter with unipolar PWM technique and 
the reference signal is based on current 
controller. The phase angle ωt of grid 
voltage Vg is determined by phase lock 
loop PLL.  

( )dectII refref += ωsinmax_  (24) 

Where dec is regulated by PI controller of 
reactive power Qref. The current Ig injected 
into grid source is regulated by current 
controller PI as (25). 

( ) 





 +−= IiIpgrefref K

s
KIIV __

1  (25) 

The parameters of PI controllers are 
determined by PSO method. 

 

 

 

 

 

 
Figure 7. The simulated inverter system in Matlab/Simulink
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The carrier wave signal is calculated by 
block Var_carrier with inputs of measured 
grid current Ig, THD and required current 
THD. The switching loss of simulated cases 
is calculated by block loss_cal and the 
simulated results are displayed in block 
scope. Table 1 is the summary of the 
system parameter values. 

Table 1. The system parameters 

Parameter Description Value 

Lg Grid inductance 0.1mH 

Rg Resistance of Lg 0.01Ω 

Li Inverter inductance 2.2mH 

Ri Resistance of Li 0.01Ω 

Vdc DC voltage value 320V 

Vg Grid voltage 220VAC 

f Fundamental frequency 
of grid 50Hz 

4. SIMULATED RESULTS AND 
DISCUSSION 

The simulated results of the two switching 
frequency cases will be compared in this 
section for the performances of Iref_max =5A 
and 15A. The required current THD is 
always held lower than 5% for all cases. 
The parameters of table 1 are the same for 
both cases. 

4.1 Simulated results with Iref_max =5A 
The simulated results for the first 
performance with the reference current 
Iref_max=5A are shown in figures from 
Figure 8a to Figure 8c.  

 

 
Figure 8a. Grid current THD with Iref_max=5A 

 
Figure 8b. Switching frequency in half of 

fundamental period with Iref_max=5A 

 

 
Figure 8c. Switching loss with Iref_max=5A 

 

The current THD is the same for both cases 
of constant switching frequency and 
proposed variable switching frequency as 
Figure 8a. 
The switching frequency in half of 
fundamental period of the proposed 
technique is also shown in Figure 8b and 
the constant switching frequency is 20.5 
kHz. The switching losses in Figure 8c are 
7.48W for the constant frequency case and 
6.57W for the proposed one. It means that 
the switching loss of proposed technique 
saves 12.16%. 

4.2 Simulated results with Iref_max =15A 

 
Figure 9a. Current THD with Iref_max=15A 
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Figure 9b. Switching frequency in half of 

fundamental period with Iref_max=15A 

 
Figure 9c. Carrier wave variation in the half 

of fundamental period 

 
Figure 9d. Switching loss with Iref_max=15A 

The simulated results of with the reference 
current Iref_max=15A are also shown in 
figures from Figure 9a to Figure 9f. 

The current THD is also held lower than 
5% for both cases as Figure 9a. The 
switching frequency in half of fundamental 
period is also shown in Figure 9b and 
Figure 9c. The constant switching 
frequency of this performance is 7.8 kHz. 

 
Figure 9e. Pg, Qg, Ig and Vg 

 
Figure 9f. Grid current 

The switching losses in Figure 9d are 
8.664W for the constant frequency case and 
6.179W for the proposed one. It also means 
that the switching loss of proposed strategy 
saves up to 28.68%. In addition, the 
quantities in Figure 9e also show that 
responses of active power Pg, reactive 
power Qg injected into the grid source, 
synchronization of grid current Ig and 
voltage Vg are very good (<0.06s). 

Moreover, the grid currents for both cases 
in Figure 9f also show that current ripple at 
the vicinity of zero of the proposed 
technique is better than the constant one. 

5. CONCLUSION  
It is very difficult to select the switching 
frequency in the grid-connected inverters 
by balance between reducing switching loss 
and current THD. The proposed technique 
of variable switching frequency in half of 
fundamental period of this paper showed 
that switching loss reduces significantly 
compared with the constant switching 
frequency with the same given current THD. 
In addition, the usage of current signal to 
control in this technique allows regardless 
of phase angle between voltage and current. 
The analysis of simulated results also 
showed that the current ripple at the vicinity 
of zero of the proposed technique is better 
than the constant one. The higher power 
application results in the higher switching 
loss saving. The current THD can also 
reduce significantly with the same given 
switching loss in this technique. 
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ABSTRACT 
The generalized unified power-flow controller (GUPFC) is one of the latest-generation devices of flexible AC 
transmission systems (FACTS), which can be used to control the power flow of multiple transmission lines, 
increase loadability of the power system, improvepower-system stability, etc.In this paper, the simulation results 
of a two-area four-machine system using the proposed GUPFC to improve stability and achieve damping 
improvement are presented. The proposed GUPFC is designed to contribute adequate damping characteristics 
and enhance power quality of the studied multi-machine systemunder various operating conditionsusing 
MATLAB/SIMULINK toolbox.A time-domain scheme based on a nonlinear-system model subject to a 
three-phase short-circuit fault at one of the transmission lines is performed to examine the effectiveness of the 
proposed control scheme. It can be concluded from the comparative simulated results of the studied system with 
and without the proposed GUPFC that the proposed GUPFC has superior characteristics for improving the 
stability of the studied system subject to a severe disturbance.  

Keywords: multi-machine system, generalized unified power-flow controller, stability, flexible AC transmission 
systems, damping improvement. 
 

1. INTRODUCTION 
The FACTS devices have been widely 
employed for power-flow control in 
dynamic and/or steady-state applications, 
such as static VAr compensator (SVC), 
thyristor controlled series capacitor (TCSC), 
thyristor controlled phase shifting 
transformer (TCPST), static synchronous 
series compensator (SSSC),static 
synchronous compensator (STATCOM) 
and unified power flow controller (UPFC). 

A UPFC, which consists of a series 
converter and a shunt converter connected 
by a common DC-link capacitor, can 
simultaneously perform the function of 
transmission-line active and reactive 
power-flow control in addition to the UPFC 
bus voltage and shunt reactive power control. 
However, if the power flows in more than 
one line need to be controlled at the same 
time, the UPFC seems out of its merits.  

With the progress of installing the latest 
generation of FACTS devices, namely, the 
convertible static compensator (CSC) [1], 
several innovative operating concepts have 
been introduced to the historic development 
and application of FACTS. One of the 
novel concepts is GUPFC or multi-line 
UPFC, which can control bus voltage and 
power flow of more than one line or even a 
sub-network. The GUPFC should has 
stronger control capability than the UPFC. 
The mathematical model of a GUPFC 
consists of one shunt converter and two or 
more series converters. In contrast to the 
practical applications of the GUPFC in 
power systems, very few publications have 
been focused on the mathematical modeling 
of this new FACTS controller in 
power-system analysis or power system 
dynamic and stability. 

Concerning the goal above, this paper 
proposes a GUPFC model installed on a 
two-area four-machine system to improve 
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power quality and damping ratios of the 
system under different operating 
conditions.The linearized model is derived 
with confirmation from simulation of the 
non-linear model to investigate the impact 
of various GUPFC control functions on 
power system oscillation damping and 
power-quality improvement.The results 
demonstrate that a satisfactory damping of 
power-system oscillations and enhancement 
of power qualities can be achieved. 

This paper is organized as below. System 
configuration and employed models of the 
studiedtwo-area four-machine system using 
a GUPFC are introduced in Section 2. 
Section 3 shows thepower flow calculation 
for the studied system under steady-state 
condition. The eigenvalues and the 
time-domain analysis of the studied system 
with and without the proposed GUPFC 
model are compared in Section 4. Finally, 
specific important conclusions of this paper 
are drawn in Section 5. 

2. SYSTEM  CONFIGURATION 
AND MATHEMATICAL MODELS 

The studiedpower system consisting of two 
fully symmetrical areas linked together by 
two 230-kV lines of 220-km length is 
shown in Fig. 1, where a GUPFC is 
installed on the transmission line. This 
system is specifically designed to study 
low-frequency electro- mechanical 
oscillations in large interconnected power 

systems [2]. Each area is equipped with two 
identical round rotor generators rated 20 kV, 
900MVA. The synchronous machines have 
identical parameters as shown in Appendix. 
Thermal plants having identical speed 
regulators are further assumed at all 
locations, in addition to the fast static 
exciters. Each generator is generating about 
700 MW. The loads are represented as 
constant impedances and spit between the 
areas in such a way that there is power 
transfer of 400MW from area 1 to area 2. In 
Fig. 1, the GUPFC is the combination of 
three power converters. Two of three 
converters are connected in series with the 
parallel line from bus 8 to 9 and one 
converter is connected in shunt with the line 
at bus 8. All three power converters are 
connected via a DC link. The employed 
mathematical models of the studied system 
are described as below. 

2.1 Multi-machine system 
The well-knowntwo-area four-machine 
system which is widely used in power 
system stability studies. The 
completeparameters of this system can be 
referred to [3]. In this system, each 
synchronous generator is represented by a 
two-axis model, wherethe transient effects 
are accounted for and the subtransient 
effects are neglected. The additional 
assumptions made in this model are the 
transformer-voltage terms in the 

Figure 1. Configuration of the studied two-area four-generator system 
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stator-winding voltage equations are 
negligible compared to the speed-voltage 
terms.The rotational speed of the 
synchronous generator is approximate to 
the rated speed of 1 per unit (pu).The pu 
differential equations for the i-th 
synchronous generator aredescribed as 
below.  

( ) ( )qoi di di qi qi qip E E X X i′ ′ ′ ′τ = − − − (1)

( ) ( )doi qi qi FDi di di dip E E E X X i′ ′ ′ ′τ = − + + − (2)

) ( )ji i mi di di qi qi qi di di qi i ip T i E i E L L i i D′ ′ ′ ′τ (ω = − − − − ω+ (3)
) 1i ip(δ = ω −  (4) 

where E’di, E’qi and EFdi are the transient 
voltages in d- and q-axis and the field 
voltage, respectively; τji and Di are the 
inertia constant and damping coefficient; δI 
and ωi are the rotor angle and speed, 
respectively; τ’doi and τ’qoi are transient 
time constants of d- and q-axis; idi and iqi 
are d- and q-axis currents, respectively; Xdi 
and X’qi are d-axis reactance and transient 
reactance, respectively; Xqi and X’qi are 
q-axis reactance and transient reactance, 
respectively 

2.2 GUPFC model [4] 
The GUPFC is significantly extended to 
control power flows of multiple lines rather 
than a single line. The simplest form of the 
GUPFC is the combination of three 
converters, two of them are connected in 
series with two lines and one is connected 
in shunt with the line. All three converters 
are connected via a DC link [5]. The 
GUPFC is capable of providing voltage 
control at a bus as well as independent 
active and reactive power-flow control on 
two lines therefore controlling a total of 
five power-system quantities. Each of the 
two converters provides control capability 
for three power system quantities. The 
addition of the third converter provides two 
more degrees of freedom in controlling 
power systems. The remaining capacity of 
the shunt converter is utilized for providing 
voltage support at the bus via 
reactive-power exchange. The reactive 

power is exchanged between the two series 
converters and the power system to meet 
the active power control objectives. 
GUPFC is more complex than other 
FACTS devices. The equivalent circuit of 
the GUPFC including one controllable 
shunt injected voltage source and two 
controllable series injected voltage sources 
is shown in Fig. 2. 

1seZ
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2sev

shZ

shi

1sei
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1 2 os 0sh se se dc l sP P P P P+ + − − =

+

+
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shv
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jv
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Figure 2. Equivalent circuit of GUPFC 

The control blocks of Fig. 2 can be expressed 
by the following differential equations: 

,( ) ( )msh sh msh bus ref bus shT p m K V V m= − − (5) 

,( ) ( )ash sp ash dc ref dc shT p K V Va a= − − (6) 

1 1 1 , 1( ) ( )mse se mse bus ref bus seT p m K P P m= − − (7)

1 1 1 , 1( ) ( )ase se ase bus ref bus seT p K Q Qa a= − − (8) 

2 2 2 , 2( ) ( )mse se mse bus ref bus seT p m K P P m= − − (9) 

2 2 2 , 2( ) ( )ase se ase bus ref bus seT p K Q Qa a= − − (10) 

The nonlinear equations of the studied 
system are first linearized around a selected 
steady-state operating point to obtain a set 
of linearized system dynamic equations 
which can be expressed in the matrix form 
as follows. 

( ) = + +p X AX BU VW (11) = +Y CX DU
(12) 

where X is the state vector, Y is the output 
vector, U is the external or compensated 
input vector, W is the disturbance input 
vector while A, B, C, and Dare all constant 
matrices of appropriate dimensions. 
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The eight eigenvalues of the studied 
two-area four-machine system with and 
without the proposed GUPFC are listed in 
Table 1. It can be clearly observed that the 
damping ratios of Λ1,2, Λ3,4, Λ5,6 and Λ7,8 

increase from 0.0674, 0.0850, 0.0653and 
0.0715to 0.1230, 0.1179, 0.0790 and 0.0865, 
respectively.It means the damping ratios of 
studied electromechanical modes can be 
improved when the GUPFC is in service. 

Table 1. Eight eigenvalues (rad/s) of the two-area four-machine system with and without GUPFC 

Electromechanical 
Modes 

Without GUPFC With GUPFC 
Eigenvalues ζ f (Hz) Eigenvalues ζ f (Hz) 

Λ1,2 δ2
,ω2

,δ1
, ω1

 -0.5786 ± j8.5671 0.0674 1.3635 -1.1811 ±j9.5317 0.1230 1.5147 

Λ3,4 δ1
, ω1

,δ2
, ω2

 -0.7141 ± j8.3891 0.0850 1.3352 -1.1196 ±  j9.4325 0.1179 1.5012 

Λ5,6 δ3
, ω3

,δ4
, ω4

 -0.5679 ± j8.6739 0.0653 1.3805 -0.7956 ± j10.037 0.0790 1.5975 

Λ7,8 δ4
, ω4

,δ3
, ω3

 -0.6296 ± j8.7776 0.0715 1.3970 -0.8583 ±  j9.8844 0.0865 1.5732 

Table 2. Power-flow results of the studied two-area four-machine system without GUPFC 

Bus 
No. 

Bus 
Type 

Voltage 
(pu) 

Angle 
(Degree) 

Generation Load Injected QC 
(MVAr) 

 
P

G
 

(MW) 
Q

G
 

(MVAr) 
P

L
 

(MW) 
Q

L
 

(MVAr) 
1 Swing 1.030 20.200 699.421 178.646 - - - 
2 P-V 1.010 10.466 700 219.596 - - - 
3 P-V 1.030 -6.567 719 168.850 - - - 
4 P-V 1.010 -16.737 700 184.915 - - - 
5 P-Q 1.007 13.750 - - - - - 
6 P-Q 0.981 3.701 - - - - - 
7 P-Q 0.965 -4.657 - - 967.0 100 200 
8 P-Q 0.954 -18.380 - - - - - 
9 P-Q 0.976 -31.823 - - 1767 100 350 
10 P-Q 0.986 -23.463 - - - - - 
11 P-Q 1.009 -13.186 - - - - - 

Total 2818.421 752.007 2734 200 550 

Table 3. Power-flow results of the studied two-area four-machine system with GUPFC 

Bus 
No. 

Bus 
Type 

Voltage 
(pu) 

Angle 
(Degree) 

Generation Load Injected QC 
(MVAr) 

 
P

G
 

(MW) 
Q

G
 

(MVAr) 
P

L
 

(MW) 
Q

L
 

(MVAr) 
1 Swing 1.03 20.2 696.642 154.737 - - - 
2 P-V 1.01 10.591 700 163.67 - - - 
3 P-V 1.03 4.291 719 146.948 - - - 
4 P-V 1.01 -5.819 700 132.246 - - - 
5 P-V 1.01 -17.217 - 52.321 - - - 
6 P-Q 1.007 13.799 - - - - - 
7 P-Q 0.99 3.889 - - - - - 
8 P-Q 0.982 -4.28 - - 967 100 200 
9 P-Q 1.006 -17.214 - - - - - 
10 P-Q 0.992 -20.685 - - 1767 100 350 
11 P-Q 0.995 -12.486 - - - - - 
12 P-Q 1.013 -2.305 - - - - - 

Total 2815.642 649.923 2734 200 550 
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3. POWER FLOW CALCULATION 
UNDER 
STEADY-STATECONDITIONS 

In the power flow calculation, the system 
parameters are computed underthe common 
base capacity of 100 MVA. The 
power-flow results of the studied system 
without and with the GUPFC are listed in 
Tables 2 and 3, respectively, using 
Newton-Raphson iterative algorithm.In this 
paper, the bus number 1 of SG1 will work 
as the black bus. 

From these tables, it can be seen that the 
quantities of the studied system can be 
significantly improvedwith GUPFC. 

4. TIME-DOMAIN SIMULATIONS 
The main objective of this section is to 
demonstrate the effectiveness of the 
proposed GUPFC on enhancing dynamic 
stability of the studied system subject to a 
three-phase short-circuit fault at one of two 
parallel transmission lines between buses 
7-8 att = 1 s, and it is cleared at t = 1.1 
swithout change in the network structure. It 

 
(a) Terminal voltage of SG1     (b) Active power of SG1(c) Rotor speed of SG1

 
(d) Terminal voltage of SG2(e) Active power of SG2 (f) Rotor speed of SG2 

 
(g) Terminal voltage of SG3(h) Active power of SG3 (i) Rotor speed of SG3 

 
(j) Terminal voltage of SG4  (k) Active power of SG4 (l) Rotor speed of SG4 

Figure 3. Transient responses of the studied two-area four-machinesystem subject to a 
three-phase short-circuit fault at one of two parallel transmission linesbetween buses 7-8 
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means that the pre-fault impedance and 
post-fault impedance are the same. 

The simulation results of the proposed 
system using MATLAB/SIMULINK are 
presented in Fig. 3. This figure plots the 
comparative transient responses of the 
studied system with (red lines) and without 
the proposed GUPFC (blue lines). 

It is obviously seen from the comparative 
transient responses shown in Fig. 3 that 
transient responses of the studied system 
with the proposed GUPFC can offer better 
damping characteristics and enhance the 
stability of the studied system. 

 

5. CONCLUSION 
In this paper, the damping enhancement of 
a two-area four-machine system using the 
proposed GUPFC subject to a severe fault 
has been investigated. The simulation 
results and power-flow calculations have 
shown that the proposed control scheme 
caneffectively damp oscillations and 
enhance stability of the studied system 
under a three-phase short-circuit fault. 
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ABSTRACT 
With the rapid increase of photovoltaic (PV) systems installed in power systems in the recent years, the negative 
impacts on power quality of distribution networks due to high-penetration PV systems can be increased. This 
paper presents the system-impact analyzed results of a 0.6-MW PV system connected to the bus of one of the 
substations of Peng-Hu Power System, Taiwan through a feeder. The steady-state characteristics of the PV 
system on the studied system are analyzed under different output powers of PV inverter, various capacities of 
neighboring loads, and voltage variations of the swing bus using the simulation software of EMTP-RV. The 
simulated results indicate that the voltage deviations at the point of common coupling (PCC) can be well 
maintained to meet the Grid Code of Taiwan Power System under various operating conditions. 

Keywords: photovoltaic system, power quality, steady-state characteristics, voltage deviations. 

 

1. INTRODUCTION 
Renewable-energy resources have attracted 
significant attention in recent years because 
of economic and environmental concerns of 
using fossil and nuclear fuels. The 
employment of alternative sources such as 
wind and solar is continuously promoted by 
government’s policies through financial 
support and rewarding greenhouse emission 
reduction. Some governments have made the 
increase of renewable energy an important 
target as their annual operating plan.  

To achieve the goal of having PV capacity 
of 2000 MW by 2025, Taiwan Government 
increases the selling price of power 
generation by the PV producers. For the 
whole world, the cumulative installed 
capacity of PV systems has been increased 
from 1000 MW at 2000 to 1200 MW by the 
end of 2008 while the annual growth rate of 
PV installation is more than 35% over the 
last decade [1]. 

Taiwan is located at the sub-tropical area 
with excellent solar irradiation all year 
around. Up to now, 243 sites of PV systems 
with total capacity of 2,066 kWp have been 
installed [2]. To promote the PV power 
generation more efficiently, the 
performance-based incentive program is 
under design in order that the financial 
subsidy can be offered by the government 
based on the actual PV power generation. 
Although the PV energy accounts for only 
0.1% of total generation in Taiwan, it is 
expected that the installation of PV systems 
will reach 2000 MW by 2025 [3].  

With the increase of PV penetration in 
distribution feeders, the intermittent power 
generated by PV systems can have negative 
impacts on power quality of 
distribution-system operations. Some 
previous works examined the effects of 
increased penetration of renewable-energy 
sources on performance of power systems. 
It was argued that there would be no 
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considerable harm to system stability if a 
proper control strategy was used [4]. 
However, the impacts of a PV system on 
transmission systems were not extensively 
studied since most of the technical literature 
concentrated on distribution-system studies. 
Thus, the authors in [5] examined the 
electrical impacts of PV penetration on the 
distribution level and concluded that these 
plants might affect the voltage profile if 
they were installed on rural radial lines. In 
[6], a voltage control scheme was proposed 
to avoid voltage problems in distribution 
networks. In this paper, a 0.6-MW PV 
system connected to Ma-Kung substation of 
Peng-Hu Power System, Taiwan through a 
feeder is selected as the studied system for 
impact analysis. The steady-state 
characteristics of the studied system 
connected with the PV system are analyzed 
under different operating conditions. 

2. SYSTEM  CONFIGURATION 
AND EMPLOYED MODELS 

2.1 System Configuration 
Fig. 1 shows the one-line diagram of 
studied 0.6-MW PV system connected to 
Ma-Kung substation of Peng-Hu Power 
System through a feeder using EMTP-RV. 
The step-up transformer TR1 of 

0.48(Yg)/11.95(∆)-kV, 2-MVA located at 
the left middle part of Fig. 1 is used to 
connect the PV system to PCC. The studied 
system in Fig. 1 includes six feeders, i.e., 
Yu-Kang, Chin-Lung, Sih-Fa, An-Shan, 
Hsi-Wei and Chung-Hua while the PV 
system is connected to Sih-Fa feeder 
consisting of three PV units (MP_1, MP_2 
and MP_3) with total capacity of 0.6 MW.  

Fig. 1 shows that PV1 is the original PV 
system with capacity of 0.177 MW. The 
Ma-Kung substation (bus 780) is connected 
to the swing bus (AC1) of Peng-Hu Power 
System through a step-up transformer 4Mtr 
of 11.95(∆)/69(Yg)-kV and Thevenin 
equivalent impedance Zth. The active and 
reactive powers of the connected loads are 
also shown in Fig. 1. Fig. 2 plots the 
simplified one-line diagram of the studied 
PV system connect to Ma-Kung substation.  

500MCM
1.772 km

11.95 kV Point of common coupling

RA26

PV1

L1               L2 

S
S 500MCM

0.711 km
500MCM
1.226 km

MP_2 MP_3MP_1   
Figure 2. Simplified one-line diagram of the 
PV system connect to Ma-Kung substation 

 
Figure 1. One-line diagram of the studied 0.6-MW PV system connected to Ma-Kung substation 

of Peng-Hu Power System, Taiwan 
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From the statistical analysis of annual load 
consumptions between 2001 and 2011 
shown in Fig. 3, it can be seen that the 
annual growth rate is about 2.19%. The 
peak load consumptions at each feeder in 
2014 can be estimated using this annual 
growth rate and the results are listed in 
Table 1. 

 
Year 

Figure 3. Annual peak load consumption of 
Peng-Hu Power System 

Table 1. Peak load consumptions (MW) of 
Peng-Hu power system in 2012 and 2014 

Year Yu-K
ang 

Chin-
Lung 

Sih- 
Fa 

An-S
han 

Hsi-
Wei 

Chung-
Hua 

2012 2.99 2.66 1.97 0.99 3.62 3.75 

2014 3.11 2.77 2.05 1.03 3.77 3.90 

The output power of the PV systems varies 
with the change of solar irradiation, which 
is determined by the seasons. It is also 
affected by the temperature of the studied 
PV panels. 

This paper uses the one-line power-system 
diagram shown in Fig. 1 to simulate the 
power flow of Peng-Hu Power System 
under steady-state operating conditions. 
The steady-state analyzed results mainly 
focus on the PV system and the point of 
11.95-kV distribution system. The paper 
considers the voltage deviations at PCC 
which connects the studied PV system to 
Ma-Kung substation under different 
operating conditions. 

2.2 PV model [3] 
Since the output DC voltage of PV cells is 
very low, a number of PV cells are 
connected together in series to obtain the 
higher DC voltages. A number of PV cells 
are connected together and encapsulated 
against harsh environments and then a PV 

module can be formed. To obtain the 
required voltage and power, a number of 
modules are connected in parallel to form a 
PV array.  

Fig. 4 shows the equivalent-circuit diagram 
of a PV array including an equivalent 
short-circuit current source ISC in parallel 
with several diodes and a shunt resistor Rsh, 
where Ns is the number of cells in series 
and Np is the number of modules in 
parallel. 

VR_PV
IS C R sh

R s
I PV

Ns
Np

Np

Ns

Np

Ns

Np

 

 

 
Figure 4. Equivalent circuit of a PV array 

The equivalent-circuit model of the PV 
array shown in Fig. 4 can be expressed by: 

{

}

_exp[ (

)] 1

R PV
PV P SC P D

S

S PV P PV S PV

P sh S P

VqI N I N I
AkT N

R I N V R I
N R N N

= − +

 
− − + 

 

(1)  

where VR_PV is the output voltage of PV 
array, q is the charge of an electron (q = 
-1.602×10-19 C), k is Boltzmann constant (k 
= 1.38 ×10-23J/K), T is temperature in K, A 
is a constant quality factor, ID is the reverse 
saturation current of the diode, and ISC is 
the short-circuit current under the solar 
radiation of 1000 W/m2. The maximum 
output power of a PV array is given by 

max _R PV PVP V I=                     (2) 

where IPV is obtained from (1). Fig. 5 
shows the equivalent circuit of the DC line 
and DC-to-AC inverter of the PV system. 
The per-unit (pu) capacitor CDC_PV, which 
is located at the midpoint of the DC line, 
can be considered as an equivalent battery 
model for energy storage. The pu 
differential equations of the DC line shown 
in Fig. 5 can be expressed by 
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VR_PV

XCI_PV

  

Figure 5. Equivalent circuit of DC line and 
DC-to-AC inverter of the PV system 

(3) 

          (4)       
_ _ _ _ _( ) ( )DC PV I PV DC I PV DC PV I PVL p I E V R I= − −  (5) 

in which 
2 2

_ _
_ _ _ _cos( )

2 6
qINV PV dINV PV

I PV I PV CI PV I PV

V V
V X I

+ π
= γ −   (6) 

where VqINV_PV and VdINV_PV are the q- and 
d-axis components of the pu voltage at AC 
side, respectively; γI_PV is the extinction 
angle; XCI_PV is the pu commutation chock 
reactance; VI_PV and II_PV are the pu input 
voltage and current of the DC-to-AC 
inverter, respectively; RDC_PV and LR_PV are 
the pu resistance and inductance of the DC 
line, respectively; and VR_PV and IR_PV are 
the pu input voltage and current from the 
output of the PV array, respectively. 

3. IMPACT ANALYSIS OF PV 
SYSTEM ON VOLTAGE 
VARIATIONS 

In this paper, the impact analysis of the 
studied PV system on the studied power 
system under different operation conditions 
is performed. Regulations on power factor 
and voltage at PCC have to meet the 
technical requirements for grid connection 
of PV systems. The inverter’s output 
voltage of the studied PV system must 
match with the voltage requirement of 
power system in order to have local loads 
work normally. The voltage deviations of 
grid-connected bus between the PV system 
and the connected power system must be 
consistent with the requirements of Taiwan 
Power System during normal operations.  

The allowable voltage deviation of 
three-phase bus voltage for the voltage level 

of less than 22.8 kV is ±5%. Regulation of 
power factor has to be also considered. 
When the inverter’s output power of the PV 
system is greater than 50% of the rated 

_ _ _ _ _( ) ( )DC PV R PV R PV DC PV R PV DCL p I V R I E= − −

_ _ _( ) ( )DC PV DC R PV I PVC p E I I= −

 
(a) 1.0 unity 

 
(b) 0.9 lagging 

 
(c) 0.8 lagging 

 
(d) 0.9 leading 

 
(e) 0.8 leading 

Figure 6. Voltage deviations at PCC under 
different power factors of the connected load 
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output power, the average power factor 
must not be less than 0.9 leading or 0.9 
lagging. This section considers the 
voltage deviation at PCC when the 
output power of the PV system and the 
power factor of neighboring connected 
loads are varied. The voltage variation at 
PCC is expressed by the following 
equation: 

PCC PCC_base
PCC

PCC_base

V V
ΔV  (%) = 100%

V
−

×    (7)                

where VPCC is the voltage magnitude at PCC 
and VPCC_base is the magnitude of the base 
voltage at PCC when the PV output power 
and load capacity are at maximum values 
under each different power-factor case. 

The voltage magnitude at PCC can be 
varied by changing the output power of the 
PV system and the power factor of the 
connected loads. The total capacity of the 
PV system is 0.6 MW and the power factor 
of the neighboring connected loads can be 
varies from 0.8 lagging to 0.8 leading. In 
each power-factor case, the output power of 
the PV system is varied from 0% to 100% 
of the maximum capacity while the load is 
varied from 0% to 100% of the peak-load 
capacity. The simulation results of the 
voltage variation at PCC for the above 
mentioned operating conditions are shown 
in Fig. 6. It can be seen from Fig. 6 that the 
voltage magnitude at PCC is within normal 
range when the power factor of the 
connected loads and the output power of the 
PV system change. 

Table 2 lists the results of the maximum and 
minimum values of the voltage deviation at 
PCC under the studied different 
power-factor cases. It can be seen that the all 
voltage deviations at PCC do not violate the 
grid code (±5% for the voltage level of less 
than 22.8 kV) of Taiwan Power System. 

4. CONCLUSION 
This paper has presented the system-impact 
simulation results of a PV system of 0.6 
MW connected to one of the substations of 
Peng-Hu Power System, Taiwan. The 2014 
forecasted peak load of the six feeders has 
been estimated by using the 2012 peak load 
and the annual growth rate of the studied 
system. The steady-state characteristics of 
the PV system on the studied system have 
been evaluated and analyzed under different 
output powers of PV inverter, various 
capacities of neighboring loads, and voltage 
variations of the swing bus using 
EMTP-RV. The simulated results have 
shown that the voltage deviations at PCC 
can be well maintained under various 
operating conditions. 

Table 2. Maximum and minimum values of 
voltage deviation at PCC under different 

power-factor cases 

Power factor 
(PF) 

VPCC_base 
(pu) 

∆VPCC_max 
(%) 

∆VPCC_min 
(%) 

1.0 unity 0.9957 0.446 -0.172 

0.9 lagging 0.9929 0.657 -0.174 

0.9 leading 1.0195 0.0 -1.3409 

0.8 lagging 0.9648 2.5628 -0.1837 
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ABSTRACT 
This paper presents a method for determining radial configuration of distribution network which is used in 
reconfiguration problem and an effective method based on Gravitational Search Algorithm (GSA) to identify the 
tie switchs in distribution network with Distributed Generation (DG). The main objective is to reduce the real 
power losses in the system while satisfying all the distribution constraints. To demonstrate the validity of the 
proposed algorithm, computer simulations are carried out on 8 buses, 33 buses, 69 buses systems and the results 
are presented and compare with PSO Algorithm.The simulation results have showed that the method of 
determining the radial configuration enables the optimization algorithms do not lose results and GSA algorithms 
are powerful optimization algorithm with a fast convergence and can be applied in reconfiguration distribution 
network problems having large searching space. 

Keywords: reconfiguration, gravitational search algorithm, loss reduction.   

 

1. INTRODUCTION 
The distribution network transfers the 
electric energy directly from the 
intermediate transformer substations to 
consumers. It is always operated radially. 
By operating radial configuration, it 
significantly reduces the short-circuit 
current. The restoration of the network from 
fauls is implemented through the 
closing/cutting manipulations of electrical 
switch pairs located on the loops, 
consequently, hence, there are many 
switches on the distribution network. 
Network reconfiguration is the process of 
altering the topological structures of 
distribution feeders by changing the 
open/close status of the sectionalizers and 
tie switches, while respecting system 
constraints to satisfy the operator's 
objectives. This is a non-linear optimization 
problem, the objective function is always 
interrupted so it is difficult to solve the 
problem by the traditional mathematical 
techniques. In recent years several 
optimization methods have been proposed 
for solving the reconfiguration problem 

such as GA, PSO… [1, 2], which is 
contributed to improve the convergence and 
calculation speed and the newest technique 
which is developed based on Newton’s 
laws is the Gravitational Search Algorithm. 
This algorithm has showed many 
advantages in solving optimization 
problems [5]. 

This paper uses GSA to reconfigure the 
electric distribution network with DG 
connection to reduce power loss. The major 
contribution of this research is to present a 
method of determining the optimal 
operating structure for the network and a 
simple method of determining the radial 
structure to achieve the minium power loss. 

2. MATHEMATICAL MODEL 
The distribution network often uses loop 
structure but operates radially through open 
switches in the electrical systems.The 
power loss on the system is equal to the 
total loss on the branches [2]. 

𝑃𝑃𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙 = ∑ 𝑘𝑘𝑖𝑖
𝑃𝑃𝑖𝑖
2+𝑄𝑄𝑖𝑖

2

𝑉𝑉𝑖𝑖
2

𝑁𝑁
𝑖𝑖=1   (1) 
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Where, N is the total number of branches; 
Pi, Qi are active power and reactive power 
on the ith    branch; Vi is connection bus 
voltage of the branch on the ith branch; Ploss 
is active power loss of system; ki is state of 
switches, if ki = 0, the ith switch opens and 
vice versa. 

To reduce power loss of the electric 
distribution network, the objective function 
is: 

F(x) = min (Ploss)  (2) 

And the network constraints must be 
satisfied are voltage and current that 
maintained within their permissible ranges 
to maintain power quality. 

𝑉𝑉𝑖𝑖,𝑚𝑚𝑖𝑖𝑚𝑚 ≤ |𝑉𝑉𝑖𝑖| ≤ 𝑉𝑉𝑖𝑖,𝑚𝑚𝑚𝑚𝑚𝑚  (3) 

|𝐼𝐼𝑖𝑖| ≤ 𝐼𝐼𝑖𝑖,𝑚𝑚𝑚𝑚𝑚𝑚 (4) 

To solve the problem, power flow problem 
should be solved many times for network 
reconfiguration and the Radial network 
structure must be retained in all cases. 

3. GRAVITATIONAL SEARCH 
ALGORITHM (GSA) 

GSA is one of the optimal algorithms which 
are recently developed by Rashedi in 2009 
[3]. The algorithm is based on Newton’s 
rules on gravity load and mass. In GSA, 
each element is considered as one object 
(Fig.1) and its characteristics are measured 
by their masses. Each object represents one 
solution or part of solution to solve the 
problem. All candidate solutions (objects) 
attracted each other by gravity force and 
this force of attraction is produced due to 
the movement of all objects to the direction 
of objects having heavier mass. Due to 
heavier objects having better objective 
function value, they describe better the 
solution to handle the problem and they 
move slowly than lighter ones representing 
worse solutions. GSA is described in details 
as follows: 

- At the beginning of the algorithm the 
position of a system are described with N 
(dimension of the search space) masses: 

𝑋𝑋𝑖𝑖 = �𝑋𝑋𝑖𝑖1, . . . ,𝑋𝑋𝑖𝑖𝑑𝑑 , . . . ,𝑋𝑋𝑖𝑖𝑚𝑚� (5) 

where: 𝑋𝑋𝑖𝑖𝑑𝑑 presents the position of ith agent 
in the dth dimension with i = 1,2,...,N 

- Initially, the agents of the solution are 
defined randomly and according to Newton 
gravitation theory, a gravitational force 
from mass j acts mass i at the time t is 
specified as follows: 

𝐹𝐹𝑖𝑖𝑖𝑖𝑑𝑑(t) = G(t)𝑀𝑀𝑎𝑎𝑎𝑎(t)+ 𝑀𝑀𝑝𝑝𝑖𝑖(t)
𝑅𝑅𝑖𝑖𝑎𝑎+𝜀𝜀

(𝑋𝑋𝑖𝑖𝑑𝑑(t) − 𝑋𝑋𝑖𝑖1(t))  

 (6) 

where Maj is the active gravitational mass 
related to agent j, Mpi is the passive 
gravitational mass related to agent i, G(t) is 
gravitational constant at time t, ε is a small 
constant, and Rij(t) is the Euclidian distance 
between two agents i and j: 

𝑅𝑅𝑖𝑖𝑖𝑖(t) =  ||𝑋𝑋𝑖𝑖(t),𝑋𝑋𝑖𝑖(t)||2  (7) 

- The total force acting on the ith agent is 
calculated as follows: 

𝐹𝐹0𝑑𝑑(t)  =  ∑ 𝑟𝑟𝑟𝑟𝑟𝑟𝑟𝑟𝑖𝑖𝑁𝑁
𝑖𝑖=1,𝑖𝑖≠𝑖𝑖 𝐹𝐹ị𝑖𝑖𝑑𝑑(t) (8) 

where randj is a random number in the 
interval [0,1]. 

- The acceleration (aid(t))  and velocity 
(Vid(t + 1)) of the  ith agent at  t time and 
t+1 time in dth dimension are calculated 
through law of gravity and law of motion as 
follows: 

𝑟𝑟𝑖𝑖𝑑𝑑(t)  =  𝐹𝐹𝑖𝑖
𝑑𝑑(t) 
𝑀𝑀𝑖𝑖𝑖𝑖

   (9) 

where 𝑀𝑀𝑖𝑖𝑖𝑖 is the inertial mass of ith agent. 

𝑉𝑉𝑖𝑖𝑑𝑑(t + 1) =  𝑟𝑟𝑟𝑟𝑟𝑟𝑟𝑟𝑖𝑖.𝑉𝑉𝑖𝑖𝑑𝑑(t) +  𝑟𝑟𝑖𝑖𝑑𝑑(t) (10) 

𝑋𝑋𝑖𝑖𝑑𝑑(t +  1) =  𝑋𝑋𝑖𝑖𝑑𝑑(t) + 𝑉𝑉𝑖𝑖𝑖𝑖𝑑𝑑(t + 1) (11) 
where randi is a random number in the 
interval [0,1]. 

- The gravitational constant, G is a function 
of the initial value (G0) and time (t): 

G(t)  =  G(𝐺𝐺0, t)   (12) 

- Gravitational and inertia masses are 
calculated by the fitness evaluation. A 
heavier mass means a more efficient agent. 
This means that better agents have higher 
attractions and move more slowly. 
Assuming the equality of the gravitational 
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and inertia mass, the values of masses are 
calculated using the fitness function. The 
gravitational and inertial masses are 
updated by the following equations:  

𝑀𝑀𝑚𝑚𝑖𝑖  =  𝑀𝑀𝑝𝑝𝑖𝑖  =  𝑀𝑀𝑖𝑖𝑖𝑖  =  𝑀𝑀𝑖𝑖 (13) 

𝑚𝑚𝑖𝑖(t) =  𝑓𝑓𝑖𝑖𝑓𝑓𝑖𝑖(t)+𝑤𝑤𝑙𝑙𝑤𝑤𝑙𝑙𝑓𝑓(t)
𝑏𝑏𝑏𝑏𝑙𝑙𝑓𝑓(𝑓𝑓)−𝑤𝑤𝑙𝑙𝑤𝑤𝑙𝑙𝑓𝑓(t)

                (14) 

𝑀𝑀𝑖𝑖(t) =  𝑚𝑚𝑖𝑖(t)
∑ 𝑚𝑚𝑎𝑎(t)
𝑁𝑁
𝑎𝑎=1

                (15) 

where fiti(t) represent the fitness value of 
the agent i at time t with i = 1,2,...,N 

𝑏𝑏𝑏𝑏𝑏𝑏𝑏𝑏(t) = min𝑓𝑓𝑓𝑓𝑏𝑏𝑖𝑖(t);  j ∈ (1, …𝑁𝑁)  (16) 

𝑤𝑤𝑤𝑤𝑟𝑟𝑏𝑏𝑏𝑏(t)  =  max 𝑓𝑓𝑓𝑓𝑏𝑏𝑖𝑖(t) , 𝑗𝑗 ∈ (1, …𝑁𝑁) (17) 

4. GSA APPLICATION IN 
DISTRIBUTION NETWORK RE-
CONFIGURATION 

4.1 Definition and controlled variables 
In the reconfiguration problem of power 
network, switches are considered as 
controlled variables. These switches have 
two states “0” for tie switches and “1” for 
the closed ones. But when the power 
network is larger, the switch number is 
more numerous, the searching space of 
every open switch is greater. Some 
researches in [1, 2] proposed the method of 
determining the tie switches and the 
searching space by independent loops. 
However as each switch is placed only in 
one unique independent loop at specific 
times, the best solutions will be lost. For 
instance, considering the power network in 
Figure 1 there are two independent loops. 
Assuming the best system structure has two 
tie switches being sw7 and sw9. 

1

5 46

8

2 37

sw1

sw4

sw3sw2

sw5

sw7

sw8

sw9
sw6

 

Figure 1. 8-bus network 

However, If independent loops are defined 
as follows: 

Loop_1 includes switches: sw2, sw8, sw9, 
sw6, sw7 

Loop_2 includes switches: sw3, sw4, sw5 

This definition will not give the best 
solution since the problem shall have two 
open switches and the searching space of 
the first switch will be in Loop_1, the 
second open switch will be in Loop_2. 
While the best solution is placed in space of 
Loop_1. 

To solve this matter, the paper recommends 
the method for determining the number of 
open switch and the radial configuration of 
power network as follows: 

The number of open switch equals to the 
number of independent loop and is 
determined by the expression: 

𝑁𝑁𝑙𝑙𝑤𝑤𝑖𝑖𝑓𝑓𝑤𝑤ℎ = 𝑁𝑁𝑙𝑙𝑙𝑙𝑙𝑙𝑝𝑝 = 𝑁𝑁𝑏𝑏𝑤𝑤𝑚𝑚𝑚𝑚𝑤𝑤ℎ − 𝑁𝑁𝑏𝑏𝑏𝑏𝑙𝑙 + 1 (18) 

The element number of each independent 
loop is defined: 

Loopi = [switchi] ; Loopj = [switchj] 

Loopij = [switchij] ; 1 ≤ i, j ≤ Nloop 

Where, switchi and switchj are the 
collection of switches belonged only to the 
independent i loop and the independent j 
loop respectivily; switchij is the collection 
of switches belonged to two independent 
loops i and j. 

If the open switch i belong to independent  
Loopi then the searching space of 
secondary open switch j will be Loopj + 
Loopij and inverse if open switch i belong 
to Loopij then the searching space of the 
secondary open switch j will be Loopj. 

4.2 The distribution network 
reconfiguration 

GSA algorithm in the problem is described 
as follows: 
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Begin

Generate initial population (Each agent presents for one 
network configuration)

Evaluate fitness for each agent (Solving power flow for 
every network configuration). Evaluate the operating 

constrains (Vmin, Imax, Radial topology)

Update G, minimum power loss (best) and maximum power 
loss (worst) of agents in population 

Calculate acceleration and velocity for each agent using 
(9),(10)

Return best solution (network configuration has minimum 
power loss)

Meeting end of 
criterion? 

YES

NO

Update the position of agents. The configurations are 
changed depent on the value of velocity and acceleration

Input data of network, Determine the search pace of every 
switches in independent loops

End  
Figure 2. DeltaP reduction flowchart for GSA 

5. NUMERICAL RESULTS 
The distribution network reconfiguration 
based on GSA is tested in Matlab software, 
its result is compared to that performed in 
PSO algorithm. 

5.1 8-bus distribution network 
Considering the simple distribution network 
includes one generating unit of 12.6 kV 
connected to bus 1, 7 load buses and 9 
switches. The system parameters are shown 
in appendix 1. Single line diagram is shown 
in Figure 1. The initial system has two tie 
switches of s5 and s7 with the real power 
loss of 86.06 kW. Using GSA algorithm 
with searching dimension of d = 2, the 
number of agent N = 3 and iteration = 10, 
calculating the best configuration of two 
cases determining the different independent 
loop number; the result is compared to PSO 
algorithm. 

Case 1: Loop_1=[s2, s4, s7, s8, s5] and 
Loop_2 = [s3, s6, s9] 

The proposed algorithm gives the smallest 
power loss of  71.87 kW with two tie 
switches are selected at s8, s9. 

 
Figure 3. Convergence characteristics of 8-

bus network power loss in case 1 

Case 2: Loop_1=[s2, s5, s8], Loop_2 = [s3, 
s6, s9] and Loop_12 = [s4, s7] 

The proposed algorithm gives the smallest 
power loss of  68.53 kW with two tie 
switches of s8 and s7. 

 
Figure 4.  Convergence characteristics of 8-

bus network power loss in case 2 

Table 1. Comparison of two cases performing 
algorithm 

Method Loss 
(kW) 

Open 
switches Iterations 

Initial 
configuration 

86.06 s5, s7 - 

Case 1 (PSO) 71.87 s8, s9 4 
Case 1 (GSA) 71.87 s8, s9 3 
Case 2 (PSO) 68.53 s8, s7 8 
Case 2 (GSA) 68.53 s8, s7 4 

The two results collected in these 2 cases 
have shown: 

- GSA has fast convergence degree. With 
the agent number of N=3 and the same 
initial conditions, in case 1, GSA algorithm 
converges after 3 iterations while PSO 
converges after 4 iterations (Figure 3). In 
case 2, GSA converges after 4 iterations 
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and PSO takes 8 iterations to find the best 
configuration of power network (Figure 4). 

- The proposed technique for determining 
independent loops  has found the solution 
which is better than the method in case 1 
since the proposed solution do not miss good 
solutions. In case 1, both GSA and PSO 
algorithm have found the best configuration 
but this is not a global optimal configuration. 
At that time, with the definition of 
recommended independent loop, both the 
algorithms have found the best performance 
configuration of the power network with the 
smallest power loss. 

5.2 IEEE 33-bus distribution network 
IEEE 33-bus test system (Figure 5) have 
parameters shown in [4], using 4 DG [6] 
with parameters are given in table 2. 

Table 2. Parameters of DGs [6] 

No. Bus P (kW) Q (kVar) 
1 4 50 37.5 
2 7 100 48.4 
3 25 200 96.9 
4 30 100 0 

54

6

82 3 7

19

9

1211 1413 16

15 18

17

26 27 28 29 30 31 32 33

23 24 25

20 21 22

10
1

 

Figure 5.  IEEE 33-bus test system  

The initial configuration did not connect 
with DGs having power loss of 203.679 kW 
corresponding to open branches: 25-29, 18-
33, 9-15, 12-22 and 8-2. As for the 33-bus 
power network, the author used the 
searching dimension of d = 5, the agent 
number of N = 20, iteration = 50. The 
proposed algorithm found the new 
configuration with the open branches of 7-
8, 25-29, 9-10, 14-15, 32-33 and loss of 
138.876  kW. But when applying GSA it 
takes only 5 iterations to find out the best 

configuration while PSO takes 23 iterations 
with the same initial searching space as 
shown in Figure 6. 

 
Figure 6. Convergence characteristics of 

power loss of 33-bus network without DGs 

 
Figure 7.  Convergence characteristics of 
power loss of 33-bus network with DGs 

Table 3. Comparison of GSA algorithm to 
result performed by PSO in 33-bus network 

 ∆P (kW) Open switches Iter. 
System without DGs 

Initial  203.67 25-29, 18-33, 9-15, 12-
22, 8-21 - 

PSO 138.87 7-8, 25-29, 9-10 
14-15, 32-33 23 

GSA 138.87 7-8, 25-29, 9-10 
14-15, 32-33 

5 

[4] 139.5 21-8, 14-15, 8-9, 28-29, 
32-33 - 

System with DGs 

PSO 111.45 7-8, 28-29, 9-10  
14-15, 32-33 12 

GSA 111.45 7-8, 28-29, 
9-10, 14-15, 32-33 15 

[6] 111.45 
7-8, 28-29, 9-10 

14-15, 32-33 
- 

When putting 4 DGs into operation, the 
algorithm convergence characteristics are 
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shown in Figure 7, with power loss of 
111.145 kW after 12 iterations, while PSO 
algorithm converges after 15 iterations. It 
can be seen clearly from the table 3 that 
when the system has DGs, power loss 
reduces significantly from 138.87 kW to 
111.45 kW and voltages of nodes also are 
improved compared with the reconfiguration 
without DGs case (Figure 8). 

 
Figure 8. Voltage of nodes in 33-bus network 

5.3  IEEE 69-bus test system 
IEEE 69-bus test system is proposed in [7] 
with initial configuration having power loss 
of 224.955 kW corresponding to open 
branches: 50-59, 27-65, 13-21, 11-43 and 
15-46. In this case, the searching dimension 
of  d = 5, the agent number of  N = 25, 
interation = 50 are used. 
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Figure 9. 69-bus test system 

 
Figure 10. Convergence characteristics of 

power loss of 69-bus network 

Table 4. Comparison of GSA algorithm to 
result performed by PSO in 69-bus network. 

 Initial  GSA PSO 

Open 
branches 

50-59 
27-65 
13-21 
11-43 
15-46 

11-43 
14-15 
13-21 
57-58 
61-62 

11-43 
14-15 
13-21 
55-56 
62-63 

∆P (kW) 224.95 98.57 99.75 
Iter. - 12 5 

It can be seen from the simulation results 
that the algorithm has found a new 
configuration with open branches of 11-43, 
14-15, 13-21, 56-57, 61-62 and the power 
loss of 98.57 kW. While with the same 
initialed conditions, PSO algorithm has 
converged after 5 iterations and did not only 
find the global optimal configuration  to the 
system but also dropping into the local 
optimization with power loss of 99.75 kW 
corresponding to open switches of 11-43 14-
15 13-21, 55-56 and 62-63 (Figure 10). 

6. CONCLUSION 
In this paper, a simple method for 
determining the system radial topology is 
proposed and the use of GSA algorithm  
optimize the best tie switches in the 
distribution network with integrated DG 
based on the objective function of reducing 
the real power loss. The algorithm is 
simulated by Matlab software and 8, 33 and 
69 buses power networks are used for 
algorithm assessment. 

The simulation results shown that the 
proposed method for determining the radial 
power network helps the optimal algorithms 
do not miss good solutions. Aplication of 
GSA algorithm in the distribution network 
reconfiguration problem has found the best 
configuration of power network quickly, 
efficiently from the power network of 
diffenrent power networks. 
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Appendix 1: The data of 8-bus system 

Lines data in p.u. Buses data 

Fr. To R  X Fr. To R  X Bus MW MVar Bus MW MVar 

1 2 1.09 1.9 4 8 1.09 1.9 1 0 0 5 0.5 0.4 

2 3 1.09 1.9 5 7 2.18 3.8 2 0 0 6 0.5 0.3 

2 4 1.09 1.9 6 7 2.18 3.8 3 0.3 0.15 7 0.1 0.05 

2 5 2.18 3.8 7 8 1.09 1.9 4 0.05 0.03 8 0.1 0.05 

3 6 1.09 1.9           
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ABSTRACT 
This paper presents an application of Multilayer Feed-forward Neural Networks (MLFN) for Dynamic Stability 
Assessment (DSA) with feature reduction techniques. Dynamic stability of the power system is first determined 
based on the generator relative rotor angles obtained from time domain simulations. Simulations were carried out 
on the IEEE 9-bus test system considering three phase faults on at different loading conditions. The data 
collected from the time domain simulations are then used as inputs to the MLFN. Reduced feature inputs based 
on Fisher Discrimination (FD) and correlation analysis (CA). MLFN results show that the stability condition of 
the power system can be predicted with high accuracy and less misclassification rate. 

Keywords: dynamic stability assessment, neural networks, feature/variable selection. 
 

1. INTRODUCTION 
Modern power systems are forced to 
operate under highly stressed operating 
conditions closer to their stability limits. 
Perturbations could endanger system 
stability and may lead to power system 
collapse. The stability of power systems 
deals with the character of the 
electro-mechanical oscillations of 
synchronous generators created by a 
disturbance. Dynamic stability refers to the 
ability of synchronous machines of an 
interconnected power system to remain 
synchronism after being subjected to a large 
disturbance [1]. Large disturbance rotor 
angle stability is concerned with the ability 
of the power system to maintain 
synchronism when subjected to a severe 
disturbance, such as a short circuit on a 
transmission line or bus. Due to the 
complexity of the power system, traditional 
methods to power system analysis take so 
much time and cause delays indecision 
making. In recent years artificial neural 
networks (ANN) have been proposed as an 
alternative method for solving certain 
difficult power system problems where the 
conventional techniques have not achieved 

the desired speed and efficiency [4]. By 
learning from a dynamic stability database, 
the nonlinear relationship between the 
power system operating parameters and the 
corresponding stability states can be 
extracted and reformulated in an ANN 
[2]. It is important that ANN is well 
characterized, so the best input features 
must be selected. These features increase 
with the size of the power system, so the 
need to find solutions to extract feature 
reduction, data clustering enable ANN to 
handle data quickly but improve accuracy. 
This helps solve the problem of 
fast stability assessment of power systems 
and early warning unstable case. 

In the remainder of this paper, Section 2 
presents Mathematical model of 
multi-machine power system. Section 3 is 
about Multilayer Feed-forward Neural 
Network (MLFN). Feature selection 
technique is explained in Section 4. 
Performance evaluation of MLFN for 
dynamic stability assessment and 
discussion about the obtained results are 
presented in Section 5. Conclusion is drawn 
in Section 6and the future research is also 
this section. 
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2.  MATHEMATICAL MODEL OF 
MULTIMACHINE POWER SYSTEM 

The dynamic behavior of a generator power 
system can be described by the following 
differential equations [1]: 

 eimi
i

i PP
dt
dM −=2

2d
 (1) 

It is known that, 

 i
i

dt
d ϖd

=              (2) 

By substituting (2) in (1), therefore (1) 
becomes: 

 eimi
i

i PP
dt

dM −=
ϖ

     
(3) 

Where: di: rotor angle of machine i 

  ωi: rotor speed of machine i 
  Pmi: mechanical power of machine i 

  Pei: electrical power of machine i 

  Mi: moment of inertia of machine i 

A time domain simulation program can 
solve these equations through step-by-step 
integration by producing time response of 
all state variables. 

3. MULTILAYER FEEDFORWARD 
NEURAL NETWORKS [6] 

MLFN are the most popular neural 
networks. MLFN consist of at least three 
layers: an input layer, a hidden layer and an 
output layer. In the proposed feed forward 
neural network, input vector is fed to the 
input layer from the input data, the weight 
and the biases are adjusted using the 
activation function. The training is done by 
feeding the training data as well as the 
target data. This network is normally train 
by back propagation algorithm. There are a 
number of variations on the basic algorithm 
that is used for standard optimization 
techniques, such as Gradient Descent, 
Gradient Descent with Momentum, 
Bayesian Regularization, quasi-Newton, 
Levenberg-Marquardt… The fastest 
training function is generally 

Levenberg-Marquardt. The quasi-Newton 
method is also quite fast. Both of these 
methods tend to be less efficient for large 
networks. Also, Levenberg-Marquardt 
performs better on function fitting 
(nonlinear regression) problems than on 
pattern recognition problems. When 
training large networks, and when training 
pattern recognition networks, Scaled 
Conjugate Gradient and Resilient 
Back-propagation are good choices. Their 
memory requirements are relatively small, 
and yet they are much faster than standard 
gradient descent algorithms. The algorithm 
progresses iteratively through a number of 
epochs. On each epoch the training cases 
are each submitted to the network and 
target and number of outputs compared and 
the errors calculated. The network is also 
updated and the process continues. Training 
stops each time the training time elapses or 
when the number of epoch is reached. Also, 
whenever the error reaches acceptable level, 
the training stops. The whole exercise can 
be done as many times as possible until the 
desire target is reached. There are two 
different ways in which training can be 
implemented: incremental mode and batch 
mode. In incremental mode, the gradient is 
computed and the weights are updated after 
each input is applied to the network. In 
batch mode, all the inputs in the training set 
are applied to the network before the 
weights are updated.  

In this paper, MATLAB toolbox is used as 
a computing tool to implement the MLFN. 
MLFN is composed of input layer, one 
hidden layer and one output layer. The 
hidden layer consists of five neurons with 
activation function tansig. Output layer 
consists of a single neuron with activation 
function purelin. Levenberg-Marquardt 
optimization based for weight and bias 
updating algorithm is selected. 

4. FEATURE SELECTION 
TECHNIQUES 

Feature selection is a process used to 
identify a combination of features which 
contain valuable information that efficiently 
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characterizes and represents all system data 
and generates input/output pattern of the 
ANN. 
Among all the features originally selected, 
some features may be redundant and do not 
contribute to the discrimination of the 
features. In ANN based DSA models, 
feature selection is always needed to 
eliminate redundant features by which the 
size of training data can be significantly 
reduced and therefore training speed can be 
accelerated and the classification accuracy 
can also be enhanced.  

This section gives a brief outline of reduced 
feature inputs based on Fisher 
Discrimination (FD) and Correlation 
Analysis (CA). 

- Fisher discrimination [2]]-[3]:The Fisher 
approach is based on the projection of 
D-dimensional data onto a line. The hope is 
that such projections onto a line will be 
well separated by class. Given a set of n 
D-dimensional training samples x1,x2,.., xn 
with n1 samples in class C1 and n2 samples 
in class C2, the task is to find the linear 
mapping, y=wTx, that maximizes: 

 
2
2

2
1

2
21 )(

)(
σσ +

−
=

mm
wF
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Where:  mi is the mean of class Ci and σ2
i 

is the variance of  Ci. 

Features with greater F have more 
discriminating power, and are chosen as 
relevant attributes. 

-Correlation Analysis [8]: 
Correlation analysis (CA) is a statistical 
method of indicating the strength and 
direction of a linear relationship between 
two random variables. The correlation 
coefficient matrix represents the normalized 
measure of the strength of linear 
relationship between variables. Correlation 
coefficient (CC) between two random 
variables x and y is defined as: 

 
)var()var(

),cov(
yx

yxCC =         (5) 

Where: var( ) denotes the variance of a 
variable and cov( ) denotes the covariance 
between two variables. 

In this paper if the features are 95% or more 
correlated with each other, one of them is 
retained and the other is discarded from the 
total features.  

5. PERFORMANCE EVALUATION 
OF  MLFN FOR DYNAMIC 
STABILITY ASSESSMENT 

5.1 Studied System Description 
IEEE 9-bus considered for dynamic 
stability assessment using the proposed 
method is given in Figure.1. The IEEE 
9-bus test system consists of 3 generators, 6 
lines, 3 transformers and 3 loads. In this 
paper, test systems were implemented using 
the PowerWorld software for IEEE 9-bus 
system. Input/output pattern is generated by 
applying three phase fault at different 
locations on the line. The dynamic 
performance of the system during fault is 
based on observation of relative rotor 
angles of generators.  The system state is  

 
Figure 1. IEEE 9-bus system 

as Stable if the relative rotor angle of any 
generator di with respect to generator dj 
does not exceed 1800  after fault clearing, 
under a specified transient disturbance. On 
the contrary, if the relative rotor angle 
exceeds 1800, the system state is classified 
as Unstable. A binary label is used to 
denote the dynamic stability status 
according to the following rules [5],[7]-[8]: 

   '0' n  Ustable       the180 if

'1' Stablen         the180 <  if
0

ij

0
ij

≥d

d
 (7) 
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Where:  dij means the rotor angle deviation 
between any two generators during the 
transient period. 

5.2 Data Generation 
A large number of samples are generated 
through off-line simulation and the stable 
status is evaluated for each contingency 
under study. Data for each three-phase line 
fault occurring in the test systems are 
recorded in which samples of data are kept 
in a database. Each sample is characterized 
by a number of attributes such as load level, 
voltages, power generation,…To implement 
this application, proper training data should 
be prepared by detailed load flow and 
dynamic stability studies for different 
operating cases. A total 
of 270 samples were generated, which 
cover various load/generation patterns 
dividing equally into 10 levels from 50% to 
140% basic load. Under the dynamic 
stability rules (7), there are 202 stable and 
68 unstable samples, respectively. To 
comprehensively test the studied methods 
without loss of generality, k subsets cross 
validation [7] is employed: the database is 
randomly partition into k mutually 
exclusive subsets, D1,D2,…Di,…,Dk, each 
equal size. Training and testing is 
performed k times. In iteration i, Di is 
designated as the test set, while the 
remaining subsets are all combined and 
used for training. The validation accuracy is 
computed for each of the k validation sets, 
and averaged to get a final cross-validation 
accuracy. Four subsets are tested in this 
paper. 

5.3 Input/Output variables 
The input is the vector of system state 
parameters that characterize the current 
system state, usually called feature, they 
can be classified into pre-fault, fault-on and 
post-fault features. Pre-fault features [2]: 
steady-state operating parameters such as 
voltage magnitude and angle of buses, P, Q 
load, generation and line flow qualities 
Pflow, Qflow, Pload, Qload, Vbus, and before 
disturbance occurs (Pgen, Qgen, dbus,…). 

Post-fault features [2]: variables that 
describe system dynamic behavior after 
disturbance occur such as relative rotor 
angle, rotor angular  velocity,  rotor 

acceleration, rotor kinetic energy, and the 
dynamic voltage trajectory,… The use the 
post-fault variables can be too long for 
operators to take timely remedial actions to 
stop the extremely fast transient instability 
development process. Fault-on features[9]: 
variables that characterize at fault-on state 
of power system occur such as changes in 
nodal powers, in power flows in 
transmission line, voltage drops in the 
nodes at instance of fault (∆Pflow, ∆Qflow, 
∆Pload, ∆Qload, ∆Vbus,…). 

For the output, which is the parametric 
values representing the dynamic stability 
conditions, they can be classified into 
numerical and nominal categories [2]. The 
numerical output can indicate the 
continuous stability degree, so that the DSA 
will be a regression problem. Alternatively, 
nominal output can only represent the 
discrete stability status. So, the key 
question in dynamic stability assessment is 
the transient swings are finally stable or 
unstable [8]. 

With fault-on system operating conditions, 
we have used here the following inputs for 
the MLNF: 

- Voltage drops of all buses: ∆Vbus. 
- Changes in power flows in all 
transmission lines: ∆Pflow, ∆Qflow. 

-Changes in nodal powers of all the loads: 
∆Pload, ∆Qload. So, Input features are vector 
X[∆Vbus, ∆Pflow, ∆Qflow, ∆Pload, ∆Qload], 
and Output is vector Y[Stable, Unstable]. 
For the IEEE 9-bus test system, the total 
number of input features is 33 (9 + 18 + 6). 
The number output is only one, Y[1,0]. 

After training of the MLFN, in the 
prediction phase, the single output feature 
of each MLFN usually has some error with 
respect to its actual binary value. This 
standard is also used in the interpreter to 
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determine the output status of each 
MLFN[2],[5] 

 
(Unstable) 0 = y   0.8 y if
(Stable) 1 = y   0.8  y if

ii

ii

→≤
→≥

  (8) 

5.4 Normalization of data[9]: 
Normalization is a method used to preprocess 
the input data before input them into the 
MLFN in which the data is constrained in 
terms of range of input features of a MLFN. 
Normalization of values of the features is 
carried out using formula: 

 
i

ii
i

mxz
σ
−

=          (9) 

Where:  mi is mean value  of data. σi is 
standard deviation of  data. 

5.5 Index Fisher calculation   
The index Fisher Fs of every feature or 
variable is calculated on the training set 
using a feature selection program. Value of 
top features is arranged in descending order 
as Table 1. 

Table 1. Index Fisher calculation results 

Feature Fs Feature Fs Feature Fs 

∆Q41 0.389 ∆V2 0.149 ∆Q78 0.104 

∆Q93 0.257 ∆P27 0.146 ∆P96 0.078 

∆Q27 0.181 ∆V1 0.125 ∆V3 0.072 

∆P75 0.170 ∆P78 0.107 ∆P93 0.070 

5.6 Training and classification performance 

In the study, the results, all feature selection 
are tested, are given in Table 2.The testing 
results of the MLFN incorporating with and 
without CA and FD techniques are shown 
in Table 3. 
Table 2. Classification Accuracy (%) with all 

features 

 
Feature 

 
Subset 

Training Testing 

% Time(s) % 

 
 

33 

1 99.0 2.11 91.2 

2 96.1 2.23 94.1 

3 94.1 2.27 94.1 

4 99.0 2.45 97.1 

Average 97.1 2.26 94.1 

Table 2 shows the overall features to be 
used for the dynamic stability classifier 
using MLFN with average training 
classification accuracy 97,1% and  average 
testing classification accuracy 94,1%.  

The variables that have high index Fs have  
high separate data  between two 
classes. Therefore, these variables were 
selected as input variables of  
training (Table 1). Subset Variables, 
reached accurate recognition of  the 
expected value (≥ 90%) [9], were selected 
(Table 3). In Table 3, there are 10 features 
as the input to the MLFN, average training 
classification accuracy 97.5%  and the 
average testing classification 
accuracy 93.4%. When FD&CA method are 
employed, there are feature reduction for 
MLFN from 10 features to 8 features, 
average training classification 
accuracy 95.1% and the average testing 
classification accuracy 91.9%. This 
indicates that by applying CA method, 2 of 
the redundant input features are eliminated 
thus average training and testing accuracy 
still reached the expected value.  

In terms of training times, the number of 
input features of the test system influences 
the time taken to train the MLFN. The time 
taken to train the MLFN is reduced when 
both FD and FD&CA are employed. It can 
be seen that the number of input features 
influences the training time of the MLFN. 

6. CONCLUSIONS 
The performance of MLFN with feature 
selection for DSA of IEEE 9-bus power 
system has been presented in this paper. By 
employing FD and CA method for feature 
reduction, the number of features is reduced 
to 75% of the original features. However, 
the reduced features do not result in much 
decrease in accuracy of MLFN. The 
average classification accuracy testing of 
MLFN is reduced only 2.2%.This proves 
efficiency of DSA using MLFN with 
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reduced feature selection methods. The 
result of classification accuracy has reached 
the expected value. 

The training time of MLFN is slightly 
reduced when both FD and FD&CA are 

employed in reducing of the number of input 
features. Research is in progress in 
extending to dynamic stability assessment 
with larger diagram power system networks. 

  
Table 3.Average Classification Accuracy (%) with FD, FD & CA method  

Total 
Feature 

FD FD&CA 

Training Testing Training Testing 

Feature % Time(s) % Feature % Time(s) % 

33 10 97.5 2.14 93.4 8 95.1 1.92 91.9 
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ABSTRACT 
This paper investigates a novel forward adaptive neural model which is applied for modeling and implementing of 
the supervisory controller of the wind microgrid system. The nonlinear features of the wind microgrid system were 
thoroughly modeled based on the adaptive identification process using experimental input-output training data. 
This paper proposes the novel use of a back propagation (BP) algorithm to generate the adaptive neural-based 
supervisory controller for the wind microgrid system. The simulation results show that the proposed adaptive 
neural-based supervisory controller trained by Back Propagation learning algorithm yields outstanding 
performance and perfect accuracy. 

Keywords: Wind Microgrid System, Back Propagation (BP) Learning Algorithm, Adaptive Neural-based Model, 
Supervisory Controller, Modeling and Identification. 

 

1. INTRODUCTION  
The supervisory controllers manage the 
power according to the type and different 
components of the system. The supervisory 
controllers could be divided generally to two 
kinds; conventional-based and artificial 
intelligence-based methods. Up to now, 
there are many researches focus on artificial 
intelligence-based methods applied to 
supervisory control of hybrid microgrid 
systems. A standalone system with hybrid 
PV-diesel power generators and flywheel 
backup energy storage system is proposed in 
[1]. A fuzzy logic supervisor is proposed 
also in reference [2] for a grid-connected 
wind generated system. The supervisory 
controller regulates the power of the wind 
generator according to the change in the grid 
frequency. Hong et al. in [3] developed of 
intelligent MPPT (maximum power point 
tracking) control for a grid-connected hybrid 
power generation system. A storage 
capacitor could be used also in the same 
manner [4]. In a microgrid system [5], the 
PV generators could be used to remove 
frequency deviations using fuzzy 
supervisory controller. This controller 

increases or decreases the PV output power 
to match a high frequency or a low 
frequency respectively. In reference [6], the 
fuzzy supervisor controls the pitch angle of a 
fixed speed wind generator and the reactive 
power output of the static VAR compensator 
to smooth the wind generator output power 
and regulate the grid voltage respectively. A 
neural networks-based supervisory 
controller manages the power in a PV 
standalone system with batteries. Other 
applications of neural and fuzzy techniques 
in supervisory control of microgrid systems 
were investigated in [7-11]. The important 
note here is that, up to now, the use of 
adaptive neural-based supervisory controller 
for the microgrid systems has not yet been 
adequately studied. 

To overcome this gap, this paper proposes 
the novel use of adaptive neural MIMO 
model to generate the supervisory controller 
for the wind microgrid systems. The Back 
Propagation (BP) learning algorithm is 
applied to process the experimental 
input-output data that is measured from the 
optimal desired operation of the wind 
microgrid systems as to optimize all 

437 

mailto:hophamhuyanh@gmail.com


 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

nonlinear and dynamic features of this 
system. Thus, the BP algorithm optimally 
generates the appropriate neural weightings 
to perfectly characterize the features of the 
adaptive neural-based supervisory controller 
for the wind microgrid systems. 

The rest of the paper is organized as follows. 
Section 2 introduces the implementation of 
supervisory controller in wind microgrid 
systems. Section 3 presents the novel 
adaptive neural MIMO model optimized by 
the BP learning algorithm. The results from 
the proposed adaptive neural-based 

supervisory controller are presented in 
Section 4. Finally, Section 5 contains the 
concluding remarks. 

2. IMPLEMENTATION OF NEURAL 
SUPERVISORY CONTROL 

We consider an implementation of a 
supervisory controller for the wind 
microgrid systems illustrated in fig.1. This 
scheme introduces the novel use of adaptive 
neural MIMO model to generate the 
supervisory controller for the wind 
microgrid systems. 

 

 
Figure 1. Schematic of a neural-based supervisory controller for the wind microgrid systems 

Table 1: Four modes of switching operation of the proposed adaptive neural-based supervisory 
controller for the wind microgrid systems 

Mode S1 S2 S3 Conditions 

1 OFF ON OFF (wind power) 0WP ≈  

2 ON ON OFF (wind power) W LP P<  (Consumed load power) 

3 ON OFF ON (wind power) W LP P>  (Consumed load power) 

4 OFF OFF ON (wind power) W LP P>  (PL = 0) 
 

Figure 1 illustrates the working principle of 
proposed neural-based supervisory 
controller for the wind microgrid systems. 
The proposed neural NARX-based 
supervisory controller is designed through 

two phases: offline training phase and then 
online operating phase. In the training phase, 
based on the experimental input-output data 
measured from the optimal desired 
operation of the wind microgrid system, the 
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BP learning algorithm is applied to 
optimally generate the appropriate neural 
weightings which perfectly characterize the 
features of the supervisory controller for the 
wind microgrid systems. Then, in the 
operating phase, the neural networks-based 
supervisory controller will optimally 
manage the power in a wind grid-connected 
system. This neural-based supervisory 
controller adapt well the input variables 
including wind power available and required 
load power to optimize the system’s 
operation via appropriate switching outputs 
S1, S2, S3. This controller is concerned with 
the utility grid not with controlling the local 
generators. The grid-connected systems can 
work on standalone mode when the utility 
grid is unavailable and in grid-connected 
systems, the utility grid is a secondary 
source. Four modes of switching operation 
of the proposed neural-based supervisory 
controller for the wind microgrid systems 
were tabulated in the Table 1. 

3. ADAPTIVE NEURAL MIMO 
MODEL FOR SUPERVISORY 
CONTROL 

The adaptive Neural MIMO controller used 
in this paper is a combination between the 
Multi-Layer Perceptron Neural Networks 
(MLPNN) structure and the Auto-Regressive 
with eXogenous input (ARX) model which 
is shown in Fig. 2.  

 
Figure 2. Structure of MLPNN 

We investigate the potentiality of various 
simple adaptive neural MIMO models in 
order to exploit them in modeling, 
identification and control as well. The 
adaptive neural-based supervisory controller 
of the wind microgrid system is investigated. 
Thus, by embedding a 3-layer MLPNN 
(with number of neurons of hidden layer 

equal 5) in a 1st order ARX model with its 
characteristic equation as follows. 

1 11 12 11 1 12 2 13 3

2 21 22 21 1 22 2 23 3

3 31 32 31 1 32 2 33 3

( ) ( ) ( ) ( 1) ( 1) ( 1)
( ) ( ) ( ) ( 1) ( 1) ( 1)
( ) ( ) ( ) ( 1) ( 1) ( 1)

hat S L

hat S L

hat S L

s k b p k b p k a s k a s k a s k
s k b p k b p k a s k a s k a s k
s k b p k b p k a s k a s k a s k

= + − − − − − −
= + − − − − − −
= + − − − − − −

 

         (1) 

We will design the proposed adaptive 
neural–based supervisory controller of the 
wind microgrid system (with na = 1, nb = 1, 
nk =1) with 5 inputs (including two input 
values pw(k), pl(k) and three recurrent 
delayed output values s1(k-1), s2(k-1), 
s3(k-1)) and three output values s1hat(k), 
s2hat(k) and s3hat(k). We remember that two 
input values pw(k), pl(k), representing the 
two power inputs [MW] of the wind turbine 
and the load, respectively and the three 
output values s1hat(k), s2hat(k) and s3hat(k) 
representing the responding switching 
output of the adaptive neural–based 
supervisory controller. 

The prediction error approach, which is the 
strategy applied here, is based on the 
introduction of a measure of closeness in 
terms of a mean sum of square error (MSSE) 
criterion: 

( ) [ ] [ ]∑
=

−−=
N

t

TN
N tytytyty

N
ZE

1
)(ˆ)()(ˆ)(

2
1, θθθ  (2) 

Based on the conventional error 
Back-Propagation (BP) training algorithms, 
the weighting value is calculated as follows: 

( )
( )kW

kWEkWkW
∂

∂
−=+

)()()1( λ           (3) 

with k is kth iterative step of calculation and 
λ is learning rate which is often chosen as a 
small constant value. 

Concretely, the weights Wij and wjl of neural 
MIMO NARX are then updated as: 

( ) ( ) ( )
( )
( )( )iiiii

jiij

ijijij

yyyy
OkW

kWkWkW

ˆˆ1ˆ
..1

11

−−=

=+∆

+∆+=+

δ
δλ           (4) 

with iδ  is search direction value of ith 
neuron of output layer (i=[1→  m]); Oj is 
the output value of jth neuron of hidden layer 
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(j=[1→  q]); yi and iŷ are truly real output 
and predicted output of ith neuron of output 
layer (i=[1→  m]), and 

( ) ( ) ( )
( )

( )∑
=

−=

=+∆

+∆+=+

m

i
ijijjj

ljjl

jljljl

WOO

ukw
kwkwkw

1
1

..1

11

δδ

δλ            (5) 

in which jδ  is search direction value of jth 
neuron of hidden layer (j=[1→  q]); Oj is 
the output value of jth neuron of hidden layer 
(j=[1→  q]); ul is input of lth neuron of input 
layer (l=[1→  n]). 

4. IMPLEMENTATION OF THE 
ADAPTIVE NEURAL–BASED 
SUPERVISORY CONTROLLER  

In general, the procedure which must be 
executed when attempting to identify a 
dynamical system consists of four basic 
steps. 

• STEP 1 (Getting Training Data)  

• STEP 2 (Select Model Structure )  

• STEP 3 (Estimate Model)  

• STEP 4 (Validate Model) 
In Step 1, the identification procedure is 
based on experimental input-output data 
values measured from the desired 
input-output of the adaptive neural–based 
supervisory controller of the wind microgrid 
system. The two input values pw(k), pl(k), 
representing the two power inputs [MW] of 
the wind and the load and the three desired 
referential output values s1hat(k), s2hat(k) and 
s3hat(k) representing the responding 
switching output of the adaptive 
neural–based supervisory controller. Figure 
3 presents the collected input-output data 
composes of the two input signals pw(k), 
pl(k) applied to the neural–based 
supervisory controller of the wind microgrid 
system and Fig. 4 introduces the referential 
output values s1hat(k), s2hat(k) and s3hat(k). 
Fig.5 illustrates identification scheme of the 
neural MIMO NARX supervisory controller 

using proposed Neural MIMO NARX 
model for wind microgrid system. 
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Figure 3. Two power input signals pw(k), pl(k) 
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Figure 4. Three switching output signals of 

training data 

 
Figure 5. Identification scheme of the 
neural-based supervisory controller 

The second step relates to selecting the 
model structure. The block diagram in Fig.5 
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illustrates the identification scheme of the 
proposed intelligent model. The proposed 
adaptive neural MIMO NARX model 
structure was attempted. The third step 
estimates values for the trained adaptive 
Neural NARX model. The optimal fitness 
value to use for the BP-based optimization 
and identification process is calculated. The 
estimation result is presented in Fig. 6. This 
figure represents the fitness convergence 
values of the proposed neural-based 
supervisory controller which correspond to 
adaptive neural NARX identified and 
optimized with Back Propagation (BP) 
learning algorithm. The fitness value of the 
proposed adaptive neural-based supervisory 
controller identification produces an 
excellent global optimal value (equal to 
0.00000000086). 
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Figure 6. Fitness Convergence 

The last step relates to validating the 
resulting nonlinear adaptive models. 
Applying the same training diagram in Fig. 
5, a good validating result demonstrates the 
performance of the resulting forward Neural 
MIMO NARX (FNMN) model presented in 
Fig.7. The error which is optimized nearly 
zero between the real reference output 
switching signals (s1, s2, s3) and the 
forward Neural MIMO NARX model 
responding output signals (sh1, sh2, sh3)  
asserts the very good performance of 
proposed neural MIMO NARX controller. 
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Figure 7. Validation of proposed adaptive 

neural-based supervisory controller 
 
5. CONCLUSION 
In this paper a new approach of forward 
neural MIMO NARX model firstly utilized 
in modeling and identification of the 
adaptive supervisory controller optimized 
by the BP learning algorithm. Training and 
testing results showed that the newly 
proposed adaptive neural MIMO NARX 
model presented in this paper can be used in 
online control with better dynamic property 
and strong robustness. This proposed 
intelligent neural MIMO NARX model is 
quite suitable to be applied for the modeling, 
identification and control of various hybrid 
PV-wind-fuel cell microgrid systems, 
including linear and nonlinear processes 
without concerns of large change in external 
environments. 
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IMPLEMENTATION OF A POWER FLOW CONTROLLER  FOR TWO 
PARALLEL - CONNECTED TRANSMISSION LINES BY USING TCSC 

DEVICE 
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ABSTRACT 
Overload and congestion on power systems are fluently discussed because the existing power systems do not 
meet the increasing load demand. TCSC is one of the series FACTS devices that have strong abilities to directly 
control the power flow and to increase power transfer capability to relieve congestion as well as to reduce the 
cost of electricity production on power systems. This paper shows a method to implement TCSC device in order 
to experiment on two parallel – connected transmission lines about power flow control and tranfer capability. 
Experimental results show that the TCSC device is capable of enhancing tranfer capability, controlling power 
flow between lines as well as line’s impedance characteristics. 

Keywords: Congestion, Overload, TCSC device, Transfer capability,  Power flow control. 
 

1. INTRODUCTION 
Power systems occur some failures such as 
overload, short-circuit in despite of being in 
steady state or transient. Power networks 
always exist line characteristic parameters 
such as resistance, inductance, capacitance 
and load power. These paramaters have bad 
influence on tranfer capability and high 
losses on transmission lines. 

The problem mentioned on power system is 
the optimal power flow solution to restrict 
overload on lines on current power systems 
and future power systems. This is the main 
reason causing higher cost. There have been 
a lot of solutions to solve this problem such 
as generators, new transmission lines, 
compensation. For economic problems, it is 
unneccessary to invest in new power 
systems. It is important  to ensure transfer 
capability and power flow control when 
load demand increases by using additional 
device. [2,5,7]. 

One of the optimal solutions is to use series 
compensation using TCSC – a device of 
FACTS. TCSC can adjust line impendance 
to respond various operating modes of 
power systems such as transfer capability 

improvement, power flow control to reduce 
overload, congestion. 

The benefits of TCSC are: 

- Power flow control; 

- Voltage control; 

- Increase of tranfer capability; 

- Stability improvement; 

- Reduction of losses; 

- Power quality improvement; 

The main purpose of this paper is to design a 
TCSC model and do experiment by using 
TCSC module and two parallel-connected 
three-phase transmission line modules. 
TCSC model can control power flow on 
TCSC installed transmission lines or control 
power flow to other transmission lines to 
avoid overload and congestion by adjusting 
the value of TCSC effective reactance.  

2. TCSC AND POWER FLOW 
CONTROL    

2.1 Power flow control    
To determine power flow on transmission 
lines, it is necessary to define some related 
parameters. Consider the two bus single 
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line diagram of two parallel-connected lines 
with TCSC device shown in Fig.2: 

 
Fig. 1. A diagram of two parallel-connected 

lines with TCSC device. 

Vi, Vj are voltages at bus i and bus j, 
respectively. 

Assuming that TCSC is installed on line II. 
The power flow from bus i to bus j is given 
by: 

V V V Vi j i j I IIP sin sin P Pij ijI IIX X XTCSCi j i j
= δ + δ = +

+− −

       (1) 

From (1), inferring that: 

Firstly, the power flow on line II can be 
controlled to increase or decrease by 
adjusting XTCSC, i.e directly changing the 
impedance of TCSC installed line, 
operating like a series compensator. Tranfer 
capability of line II increases if it is 
capacitive compensation   

TCSC can positive (inductive) and negative 
(capacitive) compensation. It is used for 
tranfer capability increase, system stability, 
power flow control to reduce overload and 
congestion. Depending on the value of 
TCSC on line II (Fig.1), assuming that total 
power flow from bus i to bus j is constant, 
power flow on line II can be increased 
(draw from line I) in capacitive boost mode 
or power flow will be  moved to line I to 
avoid overload in inductive boost mode. 

2.2 TCSC and power flow control   
TCSC (Thyristor controlled series 
compensation) is a series compensation 
capacitor controlled by thyrisror. It is one 
of devices of FACTS which is used for 
flexible AC transmission systems.  

 TCSC consists of a fixed series capacitor C 
connected in parallel with a thyristor 
Controlled Reactor (TCR). 

L

C

SCR1

SCR2

A B

Điều khiển

 

L

C

BA

 
 

    

C BA

 
 Fig. 2. The structure of TCSC 

With the capacitive reactance of  -jXC and 
the inductive reactance of jXL, the effective 
reactance of TCSC is given by: 

C L
TCSC

C L

X X ( )X
X X ( )

α
=
− + α

                                    (2) 

Where 
C

1X
C

=
ω

; 
LX ( ) L

2 sin(2 )
π

α = ω
−π+ α + α

 

So: 
2
x

2
x

TCSC C 2 2
x x

x2 2
x

k sin1
k 1

X X
4k cos ( / 2) k(k tan tan )

(k 1) 2 2

 s + s
− − π = −

 s s s
+ − 

π − 

  (3) 

Where: - 1k
LC

=  

 - 2( )s = π−α : conduction angle  

           - α: firing angle of SCR 

A parameter λ is defined as the quotient 
between the resonant frequency ωR and the 
network frequency ωn: 

L

C

n

R

X
X−

==
ω
ωλ                                (4) 

To avoid multiple resonant points, the 
values of λ should be taken between 2 to 4 
[10]. Some below figures show TCSC’s 
resonant point impedance characteristic 
curves by simulation. 

Controller  
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Fig. 3.   λ = 2,3 (C = 247,5μF, L = 7,6mH) 

 
Fig. 4.  λ = 6,4 (C = 247,5μF, L = 1mH) 

The operating mode of TCSC is presented 
by boost factor KB. 

C

TCSC
B X

XK =                                 (5) 

Where: XTCSC is apparent impedance 







=

I
UX C

TCSC Im                                            (6) 

Blocking mode  

When the thyristors are not triggered and 
they are kept in non-conducting state, 
TCSC is operating in blocking mode: 

IjXU CC = , 0<CX                                      (7) 

CTCSC XX =                                            (8) 

In this mode TCSC performs like as a fixed 
series capacitor with boost factor to one, i.e 
KB = 1. 

By pass mode 

In this mode, the thyristor valves are 
triggered continuously and the valves stays 
conducting all the time. The TCSC behaves 
like a parallel connection of the series 
capacitor bank with the inductor in the 
thyristor valve. 

CL

CL
TCSC XX

XXX
+
×

=                                          (9) 

The resulting voltage in the steady state 
across the TCSC is given by:  

IjXU C
C 12 −

−
=
λ

, 0<CX                                (10) 

This voltage is inductive and the boost 
factor is negative: 

1
1

2 −
−=
λBK                                     (11) 

Capacitive boost mode 

If a trigger pulse is supplied to the 
thyristors, the inductor will conduct. A 
simple mathematical formula can be 
obtained when the losses are neglected and 
asumming that the line current is stiff and 
sinuasoidal:  









−−−
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+=
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βββλβλ
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Fig. 5. Waveforms in bypass mode with  

λ=2.5, β1 = 200, β2 = 250, β2 = 300 
Inductive boost mode 
In this mode, the circulating current in the 
TCSC thyristor branch is bigger than the 
line current. This occurs if conduction angle 
reaches β∞ (0 < β  < β∞). The voltage and 
current waveforms are shown for various 
boost factors in Fig.6. 
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Fig. 6. Waveforms in inductive boost mode 

with  λ=2.5, β1 = 450,3 β2 = 500, β2 = 600 

Thus, TCSC can be controlled to operate in 
inductive boost mode or inductive boost 
mode depending to operating conditions 
and avoiding the multiple point resonance. 

3. TCSC MODULE DESIGN 
The main purpose of this paper is to design 
a TCSC model and do experiment by using 
TCSC module and two parallel-connected 
three-phase transmission line modules. The 
single-line schematic diagram is given by 
the Fig.7.  

- Thyristor controller is designed by using 
a microprocessor to make synchronuos 
trigger pulses for thyristor. 

- Three-phase transmission line has the 
voltage of 380 kV, line length l = 360 km, 
line resistance Rline= 13 Ω, line inductance 
Lline = 290 mH, line current I =  2 (A). 
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L R

L R
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Fig. 7. The single-line schematic diagram of 

twoparallel-connected three-phase 
transmission lines with TCSC 

With the transmission line parameters 
mentioned above, the line inductive 
reactance at network frequency of 50 Hz: 

Ω=×××== 1,9129.05014,322 lineLline fLX π  
From (4) , 

L

C

X
X−

=λ
  
 

To avoid multiple resonant points, the 
resonable values of  λ fall in the range of 2 
to 4 [15]. Thus, select λ = 2.5. The TCSC 

effective reactance falls in the range of 
lineTCSCline XXX 2,08,0 ≤≤−  [4,5,11]. 

Select  XTCSC = -0,7Xline = -0,7 x 91,1 = -
63,8 Ω and XC = XTCSC  = -63,8 Ω at 
blocking mode. 

From (4), inferring that:  

Ω==
−

= 2,10
)5.2(
8,63

22λ
C

L
X

X  

Thus mHH
f

XL L 33033,0
5014,32

2,10
2

==
××

==
π

 

Similarly, the TCSC capacitance is given 
by: 

1 1 5C 4,99.10 F 49,9 F
2 fX 2 3,14 50 ( 63,8)C

− − −= = = = µ
π × × × −

 
Select the capacitance of  50μF, the rated 
voltage of 400V and f = 50/60Hz. 

Testing the TCSC parameter in practice: 

 Cpr = 50μF  XTCSCpr = XCpr =  63,69 Ω 

Inferring that: 7,0
1.91
69,63

−≈
−

=
line

TCSCtt

X
X :  

The inductance in practice: Ltt = 37,5 mH 
XLtt = 11,9 Ω 

And then 31,2
9,11
69,63

=
−

=
−

=
Ltt

Ctt
tt X

X
λ  

The thyristor parameters: I = 10 A, U = 400 V. 

4. EXPERIMENTAL RESULTS 
Photograhps of TCSC module: 

 
Fig. 8.   TCSC module 
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Fig.9. Photograph of two parallel-connected 

lines 

Table 1. Eperimental results on two lines 
without TCSC 

Line I_U (V), I (A), P (W) 

U1  U2  U3  Il  I2   I3   P1  P2  P3  

189 190 187 0,35 0,34 0,36 67 66 68 

And line II 

Line  II_ U (V), I (A), P (W) 

U1  U2  U3  Il  I2   I3   P1  P2  P3  

189 190  191 0,37 0,36 0,36 70 69 69 

Table 2. Eperimental results on two parallel-
connected three phase lines with and without 

TCSS for 60W load 

Firing 
angle 

Without  TCSC With TCSC 

P1 P2 P3 P1 P2 P3 

00 33 33 00 33 33 00 

100 10 10 100 10 10 100 

200 -6 -6 200 -6 -6 200 

300 -10 -10 300 -10 -10 300 

400 -13 -13 400 -13 -13 400 

500 -16 -16 500 -16 -16 500 

600 -18 -18 600 -18 -18 600 

700 -10 -10 700 -10 -10 700 

800 25 25 800 25 25 800 

900 37 37 900 37 37 900 

1000 70 70 1000 70 70 1000 

1100 95 95 1100 95 95 1100 

1200 100 100 1200 100 100 1200 

1300 110 110 1300 110 110 1300 

1350 115 115 1350 115 115 1350 

1400 115 115 1400 115 115 1400 

1450 109 109 1450 109 109 1450 

Waveforms of capacitor voltages are shown 
as below: 

 
Fig. 10. Capacitor voltage at α = 00. 

 

 
Fig. 11. Capacitor voltage at α = 800. 

 

 
Fig. 12. Capacitor voltage at α = 900. 
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Fig. 13. Capacitor voltage at α = 1500. 

 

 
Fig. 14. Capacitor voltage at α = 1600. 

 

 
Fig. 15. Power flow vs firing angle in case of 

one line 

 

 
Fig. 16. Power flow vs firing angle in case of 

two parallel-conntected lines 

5.  CONCLUSION 
The main purpose of this paper is to design 
a TCSC model and do experiment by using 
TCSC module and two parallel-connected 
three-phase transmission line modules. 
Experimental results show that the TCSC 
device is capable of enhancing tranfer 
capability, controlling power flow between 
lines as well as line’s impedance 
characteristics. The waveforms of capacitor 
voltages show the change of TCSC 
impedance, so TCSC can control line’s 
impedance characteristics via the change of 
the firing angle. The  line’s experimental 
impedance characteristics is similar to the 
the simulated waveforms in Fig.5 and Fig.6. 
The experimental results shown in Fig. 15 
and Fig. 16 show that TCSC model can 
control power flow on TCSC installed 
transmission lines or control power flow to 
other transmission lines to avoid overload 
and congestion by adjusting the value of 
TCSC effective reactance. With the firing 
angle in the range of 0 to nearly 1000 
(capacitive region) the line loadability 
increases and it draw the power flow from 
line I. This case  is suitable for the the line 
II which is overloaded. With the firing 
angle in the range of  1000 to nearly 1800 
(inductive region),  the line II will boost the 
power flow to line I.  
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With TCSC 

Line I 

Line II 

Pt 
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ABTRACTS 

When the sizes of end-user equipments are limited, the cooperative relay networks are recommended as promis-
ing virtual MIMO systems to improve the performance of wireless communication systems in literature. In this 
paper, we focus on performance analysis of two-hop relay wireless networks using Decode-and-Forward (DF) 
scheme. Specifically, we derive the closed-form expression of symbol error probability (SEP). Thanks to ultiliz-
ing least square-based channel estimation algorithm in calculation of instantaneous channel state information 
(CSI), we obtain approximate SEP based on the estimated channel states and the decoding state at the relay 
nodes. The SEP approximation formula is used to assess the power allocation in dual-hop networks. Simulation 
results for a two-hop system with optimal SEP show significant improvement. 

Keywords: Decode and Forward (DF); symbol error probability (SEP); dual-hop networks. 
 

1. INTRODUCTION  
The cooperative communication has 
emerged as a solution to increase the spec-
tral efficiency and coverage of cellular net-
works. The basic idea of cooperative com-
munications is that all mobile users or 
nodes in wireless networks help each other 
to send out not only by the user but also by 
other users cooperatively. A source node, 
along with relay nodes or neighborhood 
nodes that overhear the source node and are 
willing to share their sources. Hence, these 
nodes create a virtual antenna array and 
mimics a multi-input-multi-output (MIMO) 
antenna system. Since its introduction, co-
operative communication has attracted 
much attention, and there are a rich litera-
ture [1-4]. When one node helps other to 
forward data, it is so-called the relay one, 
and in this process amplify-and-forward 
(AF) or decode-and-forward (DF) coopera-
tive protocol can be applied in multi-hop 
networks [5, 6]. The DF relaying node de-
tects and retransmits the received signal. In 
addition, the DF relay scheme can be fur-
ther classified into two types: i) fixed DF 

relay scheme (FDF): the relay always de-
tects and forwards the signal it has received 
from source and ii) adaptive DF relay 
scheme (ADF): the relay decides to forward 
the received signal only when the evaluated 
signal quality satisfies the predefined met-
ric, otherwise, it keeps silent. 

A common underlying assumption in recent 
literature is the availability of perfect chan-
nel state information at the relay or destina-
tion receivers [7, 8]. However, in real sys-
tems, CSI needs to be precisely estimated 
and can then be used in the channel equal-
izers. The performance of multi-hop sys-
tems in the presence of imperfect CSI has 
been investigated [9-11]. In [11], Wu and 
Patzold have derived and approximate ex-
pression for SEP of AF-based multi-hop 
network over time-varying fading channels 
thanks to the moment generation function 
(MGF) approach. Despite the multiplying 
numbers of literature and recent research on 
DF-based cooperative scheme, but most of 
them assumed that having exact CSI. To 
our best knowledge, very few papers con-
sidered channel estimation error [12]. In 
this paper, we consider DF relay and derive 
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a closed-form expression for power alloca-
tion subject to minimum SEP over flat fad-
ing channel. We also assume the deploy-
ment of the pilot-symbol-assisted channel 
estimation algorithm [13]. The analysis here 
is carried for two-state phase-shift keying 
(BPSK), but it can be extended to general 
M-ary quadrature amplitude modulation. 

The remainder of this paper is organized as 
follows. In section II, we present the system 
model under consideration. In section III, 
we present the details on the approximate 
average SEP derivation. In next section, we 
provide numerical results to confirm the 
analytical derivations and provide insight 
into system performance and conclusions 
are drawn in section V. 

Notation: the upper letter stands for matri-
ces, ( )T.  stands for the transpose, {}.E  de-
notes the expectation operation. 

2. SYSTEM MODEL 
Consider a dual hop relay network with a 
single source with single antenna transmit 
data to a single destination through N relay 
nodes. The relay nodes are assumed to be 
half-duplex, that is, the relays with transmit 
or receive the signal at the same frequency 
at time instant. In relay network, data 
transmission between the source and the 
destination occurs in two phases. In the first 
phase, the source node trasmits its message 
to the destination and the relay nodes. 
Whereas, the sencond phase, relay one re-
transmit the exact decoded signal to the 
destination. The channels in this system are 
including of channel from source to relay, 
direct link between source and destination 
and channel  from relay to destination. 
These channels are assumed to be Rayleigh 
flat fading and independent from each oth-
er. The source and relay nodes utilize BPSK 
modulation. In this paper, we use DF coop-
eration scheme for transmit signal from 
source to destination through processing 
algorithm in DF-based relay nodes. The re-
ceived signal at the destination and the 

thi relay node in the first phase can be writ-
ten as follow [7] 

Ninxhpy

nxhpy

isisis

dsdsds

,,1,,,0,

,,0,

=+=

+=
 (1) 

where x is the source message with unit 
power, 0p is the transmit power of the 
source node, dsh , and ish , denote the channel 
coefficients between the source and the des-
tination and between the source and the 

thi relay node, respectively, and dsn , and 

isn , are the complex additive white Gaussian 
noises (AWGN) in the destination and in 
the thi relay node, respectively. 

The channel gain of each hop is chosen as a 
complex Gaussian random variable with 
zero mean and variance 2/2

iσ per complex 
dimension. In general, this channel parame-
ter includes path loss, shadowing, and Ray-
leigh fading. Assuming that the channel 
variations are slow compared to the length 
of a packet. We also assume each thi relay 
node has the same transmitting power of ip , 
and the variance of the additive white 
Gaussian noise is 2/0N per complex dimen-
sion. The average SNR of the channel in-
cluding the path loss and shadowing at the 
receiver node can be written as follow [7] 

 0
2 / Np iii σγ =  (2) 

After decoding the received signal based on 
estimated channel from the source nodes, 
only the relay nodes which have decodes 
the source message correctly retransmit it to 
the destination. Ultilizing cyclic redundan-
cy check (CRC) scheme, the relay node can 
decode the received signal correctly or not. 
The probability that thi relay node can de-
code the received signal correctly condi-
tioned on the instantaneous estimated CSI 
can be described as 

 ( ) ( ) θ
π

α

π

θ deh N

ph

isi

is

∫
−

−=
2

0

sin

ˆ

,
0

2
0

2
,

11ˆ  (3) 

where ish ,
ˆ is estimated channel coefficient 

calculated by least square-based estimation 
technique. This parameter can be found as 
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 ( ) yxxxh HH
is

1
,

ˆ −
=  (4) 

We denote ( )TNφφφ ,,, 21 =φ  as a vector in-
dicating whether each relay has decoded the 
source message correctly or not. It can be 
seen that ( ) 1=iφ if thi relay node decodes the 
source message correctly while ( ) 0=iφ , 
otherwise. We refer to the vector φ as the 
vector of decoding state at the relay nodes 
and it consists of only binary numbers. The 
received signal from the thi relay node 
which is able to decode the source message 
correctly, that is, ( ) 1=iφ , at the destination 
can be written as 

didiidi nxhpy ,,, +=  (5) 

where ip is the transmit power of the thi re-
lay node, dih , is the channel between the 

thi relay node and the destination, and din , is 
the AWGN with zero mean and variance 

0N . The channel dih ,  is an independent 
complex Gaussian random variable with 
zero mean and variance of 2/2

iσ . It is worth 
stressing that the assumption that channel 
are independent from each other is applica-
ble for dual hop relay network because the 
distances between different relay nodes are 
typically large enough. 

At destination node, we apply the maximal 
ratio combining (MRC) to combine re-
ceived signals from the source and relay 
nodes. The received SNR at the destination 
conditioned on the decoding state at the re-
lay nodes can be written as 

 ( )
( )
∑

=

+=
1ii

iskD

kφ

γγφγ  (6) 

where sγ and iγ are the received SNRs at the 
destination from, respectively, the source 
and the thi relay node 

3. ANALYSIS OF AVERAGE SEP  
Assuming that data transmission in cooper-
ative network using BPSK modulation, the 
calculation of SEP at the destination node 
conditioned on the estimated channel 

{ }diisds hhhEC ,,,
ˆ,ˆ,



=  and the decoding state at 
the relay nodes, kφ , can be calculated as [7] 

 { } ( ) θ
θ
φγ

π
φ

π

dECP kD
ke ∫ 






−= 2

0 2sin
exp1,  (7) 

We have the total probability rule, and 
hence the expression of conditioned SEP 
can be rewritten 

 { } ( ) { }kek
k

re ECPPECP
N

φφ ,
12

0
∑

−

−

=  (8) 

where ( )krP φ is the probability of the decod-
ing state kφ that can be described as 

 ( )
( )

( )
( )
∏∏

==

−=
01

1.
ii

i
ii

ikr

kk

P
φφ

ααφ  (9) 

The average SEP can be calculated with the 
fact that ( )krP φ is statistically independent 
from { }ke ECP φ,  while ( )krP φ  depends only 
on Nih is ,,1,ˆ

, =  and dsh ,
ˆ conditioned on 

channel estimation error δ≤− hh ˆ , where 

acceptable threshold. Then the average SEP 
can be written as 

 ( ){ } ( ){ }ke
k

kre ECPEPEP
N

φφ ,
12

0
∑

−

−

=  (10) 

Using results from [7], we have the first 
expectation can be computes as 

 
( ){ }

( )
( )

( )

( )
( )

( )
∏∏

∏∏

==

==

−=













−=

01

01

1.

1.

ii
i

ii
i

ii
i

ii
ikr

kk

kk

EPE

φφ

φφ

ββ

ααφ
 (11) 

where  

 ∫ +
−=

2/

0 0
2

2

sin
sin11

π

θ
θ

π
β

pci
i  

and NiNc isi ,,1,/ 0, == σ  

In addition, we also have the second expec-
tation can be written as 

( ){ }
( )

θ
θ

θφ
π

φ

d
pb

ECPE
iii ii

ke

k
∫ ∏

=∪= +
=

2/

0 01
2

2

sin
sin,  (12) 

where NiNb isi ,,1,/ 0, == σ  
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Finally, we can find out the following closed-
form expression for the average SEP [7] 

( )
{ }

∑ ∏
= =−=
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=
N

i jiNjj
j

ii

jj

j
ie

pb
pbP

0 ,,0

1
18

1



β
β

β  

  (13) 

4. SIMULATION RESULTS 
We consider a dual hop relay network con-
sisting of a source-destination pair. In the 
first phase, source transmits its message to 
the destination and the relay nodes, while in 
the second phase, only the relay nodes, 
which decoded the source message correct-
ly, retransmit it to the destination. All kind 
of nodes use BPSK modulation technique 
and noise power is assumed to be equal to 
1. Assuming that the channel coefficients 
are modeled as zero mean complex Gaussi-
an random variables. Positions of the dual 
hop network with 7 relay nodes calculated 
from source node are randomly selected 
according to the uniform distribution and 
are (0.0125, 0.1378, 0.2963, 0.4298, 
0.5721, 0.6901, 0.8251). The total power is 
equally devided among the source and the 
delay nodes. 

The first experiment (Figure 1) shows the 
relationship between total power versus 
symbol error probability. This simulation 
result illustrates comparison of approximate 
SEP corresponding to the closed-form ex-
pression (13) of different number of relay 
nodes using LS-based estimated channel. It 
is can be seen that the larger relay network 
lead to better performance than small relay 
network. As a result, the gap in perfor-
mance increases further with increase in 
number of relay nodes 

The second experiment (in Figure 2) depicts 
the SEP of 7 relay node using different 
modulation technique. Using more level 
signal modulation will get lower SEP than 
another.  

 

5. CONCLUSION 
In this paper, we briefly studied a new sim-
ple closed-form expression for the DF two-
hop network. Hence, a new power alloca-
tion algorithm has been developed by min-
imizing the average SEP under constraints 
on the total power of the relays and the 
maximum powers of each relay node. 
Through the simulated results, the power 
allocation depend on the average probabil-
ity of correct decoding by relay node and 
average channel gain-to-noise rate for se-
lected relay node.  
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Fig. 1. The average SEP of the different num-

ber of relay nodes 
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ABSTRACT 
Falls in elderly people are one of main reasons which cause serious injuries such as hip fractures and head 
traumas, and can even increase the risk of early death. Moreover, it can also result in psychological problems 
from fear of falling. However, serious consequences could be reduced by a timely fall detection. In recent 
years, falldetection algorithms have been developed based on observational analysis of gathered data, leading to 
thresholds for fall/non-fall situations. While reported fall detection accuracies appear to be high, there is a little 
evidence that the threshold-based methods proposed generalize well with different fall/non-fall cases gathering 
strategies or experimental scenarios. In addition, a few attempts have been made to validate the proposed 
methods in real scenarios or to deliver robust fall decisions in real-time. In this paper, a fall alert system using a 
tri-axial MEMS wearable wireless accelerometer for elderly people is applied. In this research, a support vector 
machine (SVM) method is employed for fall recognition and particularly a decision is to detect 4 types of falls 
including forward, backward, right and left. When applied to experimental data from one male subject, the 
accelerometer of this system can discriminate falls of the daily activity. The performance and robustness of the 
proposed method has been analyzed in terms of its sensitivity to subject’s physical profile and training set size. 

Keywords: fall detection, elderly people, support vector machine, human activity recognition 
 

1. INTRODUCTION  
Falls are a main cause of fatal injury 
especially for elderly people and a serious 
obstruction for independent living. 
According to Centers for Disease Control 
and Prevention (CDC) of American, 
unintentional falls are a common 
occurrence among older adults, affecting 
approximately 30% of persons aged > 65 
years each. Fall-related injuries are the most 
common cause of accidental death in those 
over the age of 65, resulting in 
approximately 41 fall-related deaths per 
100,000 people per year[1]. The elderly 
people who have previously experienced a 
fall fear a new fall and drop in inactivity 
and social isolation. Therefore, falls among 
the elderly people cost a lot of contribution 
from home care and social health insurance, 
which increases the burden to society. The 
serious consequences can be prevented with 
immediate medical attention, and therefore, 
a highly-accurate automatic fall detection 
system is likely to be a significant part of 
the living environment for the elderly to 

expedite and improve the medical care 
provided whilst allowing people to retain 
autonomy for longer. 

The fall detections have threefold methods 
currently used, namely, environmental 
sensing[2], image sensing[3, 4], and the 
wearable sensor[5, 6]. With the 
environmental sensing methods, sensors 
such as infrared sensors, pressure sensors, or 
sound sensors are placed in the environment 
to detect if someone falls. This method has 
the advantages of a low price and the 
convenience it provides for users as they 
have no need of wearing any device, but the 
system can operate in the environment 
where it is installed. With the image 
processing method, a camera can be used to 
track the subject in home or other places. If 
the tracked-man becomes inactive for a long 
time, he could be fallen. The benefit of these 
devices is that they do not have to be worn, 
but its images are vulnerable to light and 
noise interference resulting in low accuracy 
and high arithmetic difficulty. In addition, 
this method might violate the user’s privacy, 
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and the system can only be applied to the 
installation environment. Recent years, the 
advance of Micro -Electro–Mechanical 
Systems (MEMS) sensors, microprocessors 
and wireless communication have been the 
driving factors to facilitate telemonitoring of 
people’s physical activities. As a result, 
some wearable automatic sensor based fall 
detectors have been developed. In this case, 
the information provided by inclinometers, 
gyroscopes or accelerometers is exploited. 
These devices are generally compact, 
inexpensive, fairly non-obtrusive, easy to 
use, and can be worn at various body 
locations. This method consists three phases. 
First, the data obtained from accelerometer 
are a series of time – related signal. Most 
researchers use single sensor, while some 
other use multiple sensors. The second phase 
discusses how to obtain useful feature form 
these data. There are features using 
commonly such as the accelerometer value 
of X, Y, Z axis, Signal Magnitude Vector 
(SMV), Signal Magnitude Area (SMA), 
angle of acceleration, etc. The third phase 
discusses how to determine whether the fall 
occurs. There are two determination 
methods based on the threshold or classifier.  
Therefore, in this paper, a tri-accelerometer 
sensor was used to collect acceleration data 
from a subject. Support Vector Machines 
(SVM) will be applied to validate the 
obtained coefficient data for falling 
recognition. First, acquire tri-axial 
acceleration at human waist from fall 
processes and other daily life activities such 
as sitting, standing, walking. Second, 
features that describe the movements during 
a series of short time periods were extracted 
by Principal Component Analysis (PCA) 
method. Finally, build the train set from the 
features of acceleration by Support Vector 
Machine (SVM) and distinguish fall events 
from other daily life activities. 
The rest of this paper is organized as follows: 
Section 2 introduces data acquisition process 
and fall detection system. Section 3 presents 
the experiment result.Finally, we conclude 
the paper in Section 4. This process of paper 
is shown in Figure 1. 

2. MATERIALS AND METHODS 
2.1 SYSTEM DESIGN 
We used the kit ZSTAR 3 of FreeScale. The 
ZSTAR3 kit accommodates an accelerometer 
sensor board, connected through an RF 
ZigBee 2.4 GHz communication to a single 
USB node (USB stick) connected to a PC, as 
shown in Fig. 2. The sensor integrated an 
MMA7660 digital tri-axial accelerometer 
sensor and anMC13213 microcontroller as 
2.4 GHz low-power transceivers. The USB 
stick uses MCHC908JW32 microcontroller 
to communication. 

The MMA7660 is a ± 1.5g 3-axis 
accelerometer with digital output. It is a 
very low power, low profile capacitive 
MEMS sensor featuring a low pass filter, 
compensation for 0g offset and gain errors, 
and conversion to 6-bit digital values. 

 
Figure 1. Recognition algorithm block 

diagram 
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Receiver Unit  
(USB Stick) 

 
Sensor Board 

The sensor board is inserted into the case 
and worn on the waist, as shown Figure 3.  

The fall detection system with the position 
of the wearable sensor boardis illustrated in 
Figure 4. Processing of the tri-axial 
accelerometer output is to be performed by 
the microcontroller embedded onto the 
sensor board and information regarding the 
movement of the user transmitted to USB 
stick before being forwarded to a computer 
for evaluation. 

 
 a) b) 

Figure 2. Wireless Sensing Triple Axis 
Reference Design (ZSTAR) 

a) The USB stick use MCHC908JW32
 microcontroller 

b) The sensor integrated a MMA7660 
 accelerometer 

 
Figure. 3. The sensor board is inserted into  

the case, worn on the waist 

2.2 DATA ACQUISTION 
To get data samples, the above device was 
used to acquire accelerations during both 
fall events and some daily life activities 
with a sampling frequency f= 30Hz. A 
young healthy student volunteer (male, 
aged 25 years old and weight 75 kg) 

performed simulated falls from a chair. The 
population includes 40 times of falls and 40 
times of standing.  

2.3 DATA PRE-PROCESSING 
Acceleration data of a subject acquired 
from sensor have noise and artifacts. In 
order to obtain more smoothly data, a filter 
as the Average Filter was applied in this 
paper. The average is the most common 
filter in Digital Signal Processing, mainly 
because it is the easiest digital filter to 
understand and use. In spite of its simplicity, 
the moving average filter is optimal for a 
common task: reducing random noise while 
retaining a sharp step response. This 
makes it the premier filter for time domain 
encoded signals. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 

 

Figure 4. Schematic diagram of the system 

As the name implies, the average filter 
operates by averaging a number of points 
from the input signal to produce each point 
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in the output signal. In equation form, this 
is written: 

𝑦𝑦[𝑖𝑖] = 1
𝑀𝑀
∑ 𝑥𝑥[𝑖𝑖 + 𝑗𝑗]𝑀𝑀−1
𝑗𝑗=0  (1) 

Where 𝑥𝑥  is the input signal, 𝑦𝑦  is the 
output signal, and 𝑀𝑀  is the number of 
points in the average. 

2.4 FEATURE EXTRACTION 
It can be found from the observation of 
tri-axial accelerometer’s values that the 
acceleration changes significantly when a 
fall occurs. Therefore, the change of 
acceleration intensity value can be used to 
determine whether a fall occurs. For this 
purpose, there are many methods such as 
Principle Component Analysis (PCA), 
Independent Component Analysis (ICA) 
and etc. In this paper, the PCA method was 
applied to analyze acceleration data. 

Assumed that we have the set data as 
matrix X m x n, with n is number of 
experiments, m is number of samples in an 
experiment[7]. The first step in PCA is to 
standardize the data.This means subtracting 
the sample mean from each observation, 
then dividing by the sample standard 
deviation. This centers and scales the data 
as follow: 

𝑠𝑠 = �∑ (𝑋𝑋𝑖𝑖−𝑋𝑋)����𝑛𝑛
𝑖𝑖=1

(𝑛𝑛−1)
 (2) 

Secondly, calculating the covariance matrix 
from adjusted data as follow: 

𝐶𝐶𝑚𝑚×𝑛𝑛 = �𝑐𝑐𝑖𝑖,𝑗𝑗, 𝑐𝑐𝑖𝑖,𝑗𝑗 = 𝑐𝑐𝑐𝑐𝑐𝑐(𝐷𝐷𝑖𝑖𝐷𝐷𝑖𝑖,𝐷𝐷𝑖𝑖𝐷𝐷𝑖𝑖)� (3) 

where𝐶𝐶𝑚𝑚×𝑛𝑛 is a matrix with n rows and n 
columns, and 𝐷𝐷𝑖𝑖𝐷𝐷𝑖𝑖 is the xth dimension. 
Thirdly, the eigenvectors and eigenvalues 
of the covariance matrix are calculated. We 
get the characteristic polynomial as follow: 
|𝐶𝐶 − 𝜆𝜆𝜆𝜆| = 0 (4) 

where C is a square matrix, 𝜆𝜆 is called the 
eigenvalue of C. Then, we find eigenvalues 
which satisfy as follows: 

det(𝐶𝐶 − 𝜆𝜆𝜆𝜆) = 0 (5) 
For each eigenvalue, we have 

 (𝐶𝐶 − 𝜆𝜆𝜆𝜆)𝑥𝑥 = 0 (6) 
 With x is the eigenvector associated with 
eigenvalue 𝜆𝜆 . Fourthly, choosing 
components and forming a feature vector. 
The eigenvector with the highest eigenvalue 
is the principle component of the data set. 
The eigenvectors are ordered by their 
eigenvalues, from highest to lowestderiving 
the new data set. We choose the 
components that to keep in data and form a 
feature vector as follows: 
FinalData= 

RowFeatureVectorxRowDataAdjusted (7) 

whereRowFeatureVector is the matrix with 
the eigenvectors in the columns transposed 
(the eigenvectors are now in the rows and 
the most significant are in the top) and 
RowDataAdjusted is the mean-adjusted data 
transposed (the data items are in each 
column, with each row holding a separate 
dimension). 

2.5 SUPPORT VECTOR MACHINES 
In order to estimate daily activities and fall 
events, after determining features of data 
using the PCA algorithm, we also used the 
linear SVM algorithm[8] to validate the 
coefficient data. In the linear SVM 
algorithm, assume that the training data arr 
{𝑥𝑥𝑖𝑖,𝑦𝑦𝑖𝑖}, 𝑖𝑖 = 1, …, l, 𝑦𝑦𝑖𝑖 ∈ 53T{-1, +1}, xi∈ 53T 
Rd The points x which lie on the hyperplane 
satisfy 𝑤𝑤. 𝑥𝑥 + 𝑏𝑏 = 0, in which |𝑏𝑏| / ‖𝑤𝑤‖53Tis 
the distance from the hyperplane to the 
origin (where ||𝑤𝑤|| the Euclidean norm of 
𝑤𝑤 ). Let 𝑑𝑑 +  (𝑑𝑑−)  are the shortest 
distance from the seperationhyperplane to 
the closest positive (negative) samples 
corresponding to the coefficients of fall 
events and daily activities, respectively.  

Margin of the hyperplaneis 𝑑𝑑 +  +𝑑𝑑 −. In 
the linear case, the support vector looks for 
the separating hyperplane with the largest 
margin using the primal Lagrangian. 
Suppose that all training data satisfy the 
following contraints: 

𝑥𝑥𝑖𝑖 · 𝑤𝑤 + 𝑏𝑏 ≥  +1,𝑓𝑓𝑐𝑐𝑓𝑓  𝑦𝑦𝑖𝑖  = +1 (8) 

𝑥𝑥𝑖𝑖 · 𝑤𝑤 + 𝑏𝑏 ≤  −1,𝑓𝑓𝑐𝑐𝑓𝑓  𝑦𝑦𝑖𝑖  = −1 (9) 
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The optimization problem is considered to 
transform Equations 5 and 6 using the 
primal Lagrangian as follows: 

Lp(w, b,α) = 
1
2
‖w‖2 − ∑ αiyi(xi . w + b)l

i=1 +
∑ αil
i=1 (10) 

Where, αi ≥ 0 are the Lagrange multipliers. 

Differentiating Lp with respect to w and b 
and then getting the results to zeros, we 
have the following equation: 
𝜕𝜕𝐿𝐿𝑝𝑝(𝑤𝑤,𝑏𝑏,𝛼𝛼)

𝜕𝜕𝑤𝑤
= 𝑤𝑤 − ∑ 𝑦𝑦𝑖𝑖𝛼𝛼𝑖𝑖𝑥𝑥𝑖𝑖𝑙𝑙

𝑖𝑖=1 = 0 (11a) 

𝜕𝜕𝐿𝐿𝑝𝑝(𝑤𝑤,𝑏𝑏,𝛼𝛼)

𝜕𝜕𝑏𝑏
= ∑ 𝑦𝑦𝑖𝑖𝛼𝛼𝑖𝑖𝑙𝑙

𝑖𝑖=1 = 053T (11b) 

Equations can be re-written to calculate the 
support vector as follows: 

𝑤𝑤 = ∑ 𝑦𝑦𝑖𝑖𝛼𝛼𝑖𝑖𝑥𝑥𝑖𝑖𝑙𝑙
𝑖𝑖=1 53T (12) 

The regressed data will trained using the 
SVM method, in which the hyperplane is a 
linear function and divided into two planes: 
D+ contains the coefficients and 𝑦𝑦 =  +1 is 
of the falls; similarly D− has the coefficients 
and 𝑦𝑦 =  −1 is of daily activities. 

3. RESULTS AND DISCUSSION 

Four experiments are done to analysis the 
difference between normal and fall status. 
One of the databases collected form tri-axial 
accelerometer is described in Table 1. 

Table 1. Acquired acceleration data 

Time (s) X (g) Y (g) Z (g) 

0.066 0.0469 -1.1719 -0.0469 

0.466 0.0000 -1.1719 -0.0938 

… … … … 

8.099 0.5157 -0.0938 -0.9376 

8.499 0.4688 -0.0938 -0.8907 

Figure 5 shows the resultant acceleration 
curves from each kind of motion process 
that indicates significant distinctions among 
them. For instance, the curve in (a) ) shows 
that the accelerations of normal walk and 
(b ) shows that biggest impact during this 
fall has exceeded 2.5 g (Where g is gravity 

acceleration constant.) due to the collision 
between body and floor. 

 

 
(a) 

 
(b) 

Figure 5. Data examples of some motion 
processes. 

(a) Process of stand. 

(b) Process of fall form chair. 
Before training, the raw signals were 
extracted feature by PCA method. Assume 
that vf is the vector of the fall and the 
vector of the stand is vs. In one run of 
experiment, the subject performed a fall 
(from a chair) tasks 40 times and 40 times 
for the stand. Therefore, a set of the fall 
coefficients Sl includes 40 vectors (from vf1 
to vf40) and that of the stand coefficients Ss 
is 40 vectors (from vs1 to vs40). With 80 
sample vectors obtained from subjects, the 
recognition algorithm was worked out by 
splitting the sample vectors to be 4 runs of 
40-fold cross recognition. For identifying 
the fall, one used 39 vectors of the Sf set 
combined with the 40 vectors of the Ss set 
and the remaining vector of the Sf set is 
used to be a sample vector for identification. 
In the case of identifying the stand, 39 
vectors of theSs set combined with the 40 
vectors of theSf and the remaining one is 
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used to be the sample vector for identifying. 
In the SVM method, the linear hyperplane 
was chosen. In each training process, the 
valuesα(having 15 values ofα) are produced, 
also there are 15 support vectorw(each 
vector w 48 elements) and bis 0.068.  

From the data sets, the SVM algorithm was 
applied for learning to analyze data and 
recognize patterns. In understanding this 
SVM training algorithm, data vectors from 
experiments are given the input of the 
classifier with a hyperplane which forms 
two possible classes of the output. In this 
method, experimental results to the fall of 
subject were 95 % of the accuracy and 
90 % of the accuracy for the stand as shown 
inTable 2. 
Table 2. Experiment result of a subject with SVM 

Tasks Fall Stand 

Accuracy (%) 95 90 

In [9], the authors analyzed many activities 
to define a threshold value for detecting fall. 
Thisalgorithm determined these events 
which occur cleanly. But many situations, 
e.g., as sitting quickly could be inaccurate.  

Our method has more powerful adaptability 
to various situations.The shortage of our 
algorithm is the complexity in calculation, 
especially for the pre-processing. So, in the 
future, we intend to improve the algorithm 
and test some other intelligent methods. And 

the fall risk prediction is another subject that 
we want to study in the next steps. Both the 
detection and the prediction are important to 
protect the elderly people, because the high 
risk means the elder is not suit to live 
independent at least a short period, and the 
detection means we can rescue the elder in 
time when a fall occurred. 

4. CONCLUSIONS  
In this paper, a fall alert system using an 
accelerometer sensor for elderly people was 
proposed. One subject was invited to 
perform this experiment 80 times to collect 
acceleration data the tri-axial accelerometer 
worn on the waist to collect the acceleration 
data of X, Y, Z axes. Experiment result 
showed theeffectiveness of the fall 
detection system based on the 
SWM algorithm. For further research, we 
intend to develop a real-time detection 
based on machine learning algorithms. 
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ABSTRACT 
In this paper, we propose an opportunistic cooperative scheme for single-hop wireless networks that exploits the 
signal-to-noise ratio and the remaining queue length at each potential relay to choose the best relay for the 
source-destination link. The best relay (or the winner node) is the relay that expires their timer first and becomes 
the helper for the direct link. The proposed method is based on local channel measurement and requires no 
topology information. The collision probability of the proposed relay selection scheme is analyzed with 
combination between continuous and discrete-time random variables. Simulation results are conducted to 
evaluate the ability of the proposed scheme in improving the packet delivery ratio. 

Keywords: Cooperative communications, relay assignment, random access, queue length. 

 

1. INTRODUCTION 
Cooperative diversity is a potential solution 
to enhance thereliability and performance 
of wireless networks by increasing the 
probability of success for packet 
transmission [1]. In [2], El-Sherif and Liu 
presenteda novel cooperative scheme for 
random access networksthat is modeled 
using Markov chains and queuing 
analysis.However, the cooperation 
isimplemented through a predefined relay 
node, without therelay assignment process. 
Alonso-Zarate et al. presented a MAC 
protocolcalled PRCSMA [6] to coordinate 
theretransmissions of the relays based on 
ARQ. However, theseschemes do not take 
the channel condition and 
interferencecaused by the relay assignment 
process into account. In [4],a max - link 
relay selection scheme was incorporated 
theinstantaneous strength of wireless 
channel and the status of thefinite relay 
buffers to provide diversity gains for 
applicationswithout latency constraints. 
However, the selection scheme in[4] simply 
considered the relay buffers to decide the 
availablelinks that participate in the relay 
selection decision. 

Laneman et al. [5] categorized two relay 
strategies, calledselection relaying (SR) and 

incremental relaying (IR). Forthe SR scheme, 
if the channel response is lower than acertain 
threshold, the source will retransmit the 
packet to thedestination. Otherwise, the relay 
forwards the packet towardthe destination, 
instead [3]. However, once the 
destinationcan decode the packet from the 
source successfully, thetransmission from 
the relay and the packet-combining processat 
the destination are not necessary. Therefore, 
the utilizationof network resources becomes 
inefficient. On the other hand,the IR exploits 
the limited feedback from the destination 
toimprove the efficiency in using the degree 
of freedom of thechannel capacity. The 
source sends its packet to the relayand the 
destination. If the destination replies with a 
negativeacknowledgment (NACK), the relay 
will retransmit the packetto the destination, 
without considering the channel conditionof 
the source-relay link. The received packet 
from the sourcerelay link thus can be 
decoded incorrectly, which causes 
moreerrors at the destination. 

In this paper, we propose an adaptive 
strategy to overcomethe drawbacks of the 
foregoing two schemes and harnessthe 
advantages of cooperative diversity to 
improve networkreliability and utilization 
efficiency. This study focuses on the 
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system-level performance evaluation to 
enhance the network performance with the 
followingcontributions: (1) the proposed 
cooperative scheme improvesnetwork 
performance in terms of the packet delivery 
ratio;(2) the relay assignment is based on 
the CSI and the currentqueue length at the 
transmitting buffer of each relay so thatthe 
most available path for information relaying 
is chosen; and(3) probabilistic analysis 
regarding the failure of the best 
relayselection is provided. The proposed 
scheme leads applicationsof single-hop 
wireless networks such as cellular networks 
and802.11-based networks. 

2. SYSTEM MODEL 
If Pi is the received signal power at receiver 
j from sourcei, Pkdenotes the interference 
power of other signals at jfrom its 
surrounding nodes, and N is the noise 
power (allin watts).  

Assuming that all nodes use an average 
transmitted power Psimilarly under the 
impact of a flat fading channel, the 
capacityC(i, j ) [bits/second] of link i-j 
calculated at receiver j withan infinite 
bandwidth W [Hz] and power spectral 
densityN0/2 [W/Hz] related to the SINR by 
Shannon’s theorem is 

𝐶𝐶(𝑖𝑖, 𝑗𝑗) = 𝑊𝑊𝑙𝑙𝑙𝑙𝑙𝑙2(1 +
𝑃𝑃�ℎ𝑖𝑖,𝑗𝑗�

2𝑑𝑑𝑖𝑖,𝑗𝑗
−𝛼𝛼

𝑁𝑁0𝑊𝑊+∑ 𝑃𝑃�ℎ𝑘𝑘,𝑗𝑗�
2𝑑𝑑𝑘𝑘,𝑗𝑗

−𝛼𝛼
𝑘𝑘≠𝑖𝑖

),  (1) 

where ℎ𝑖𝑖,𝑗𝑗 , ℎ𝑘𝑘,𝑗𝑗 , and 𝑑𝑑𝑖𝑖,𝑗𝑗 , 𝑑𝑑𝑘𝑘,𝑗𝑗denote the 
channel gain andthe distance between i, k, 
and j, respectively. ℎ𝑖𝑖,𝑗𝑗andℎ𝑘𝑘,𝑗𝑗represent the 
small-scale fading from the transmitter to 
thereceiver, whereas 𝑑𝑑𝑖𝑖,𝑗𝑗−𝛼𝛼 and 
𝑑𝑑𝑘𝑘,𝑗𝑗
−𝛼𝛼approximate the signal pathloss through 

the environment. The calculated capacityis 
compared with the required rate 𝑅𝑅𝑟𝑟𝑟𝑟𝑟𝑟. . 

3. DESCRIPTION OF THE 
COOPERATIVE SCHEME 

3.1 Source Transmission 
The source node denoted by ssends the data 
packet toward its surrounding nodes. 
Allneighbors receive and estimate the SINR 
with respect to theincoming packet. 

3.2 Relay and Destination Checking 
All neighbors, including relays r and 
estination d, receive the packet and 
calculatethe respective channel capacity. 
Once this value satisfies therequired rate, an 
acknowledgment (ACK) frame is 
broadcastby the destination to all the 
surrounding nodes with theID of the 
respective data packet. Then, the potential 
relaysrecognize that the packet has been 
received at the destinationsuccessfully, and 
they remove the packet from their 
bufferbecause more transmissions from the 
relays are not necessary.Otherwise, the 
destination sends an NACK and defers to 
thenext phase. 

3.3 Relaying Contention 
The source and destination maintain the set 
of their neighbors, given by Nsand Nd, 
respectively. The relay candidate set N is 
denoted by N =Ns ∩Nd + {s}. Since a set 
of nodes contends together for theright to 
transfer the packet after receiving an NACK 
packetfrom the destination, this can cause 
collisions on the wirelesschannel, which 
reduces the channel utilization efficiency. 
Thus,only common neighbors of both the 
source and the destinationare joined in the 
relaying selection to reduce the 
contentionarea. The source s also can 
retransmitthe packet if it wins the 
competition with other relays. Ifthe 
calculated channel capacity satisfies the 
required rate, thepacket overheard from the 
source will be stored in reservefor the relay 
selection phase. The destination can decide 
tocooperate or not, depending on the packet 
reception. Then,each overhearing relay 
having the estimated capacity thatsatisfies 
the required rate will calculate a waiting 
period forits own timer ti, following Eq. 2: 

𝑡𝑡 = 𝑘𝑘
𝜌𝜌𝑖𝑖(𝐿𝐿−𝑟𝑟𝑖𝑖)

= 𝑘𝑘
𝜌𝜌𝑖𝑖𝑟𝑟𝚤𝚤�

           (2) 

whereρi is SINR on the link from the 
destination to relayi. Whereas L, 𝑞𝑞𝑖𝑖 and 
𝑞𝑞𝚤𝚤�are maximum queue length, current,and 
remaining queue length of the transmitting 
buffer of eachrelay ( 𝑞𝑞𝑖𝑖 , 𝑞𝑞𝚤𝚤� ∈ [0, L]), 
espectively. We let k be a 
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heuristicparameter that is used to adjust the 
timer value if needed.  

Each potential relay i starts its own timer 
with an initialvalue tithat is inversely 
proportional to the CSI and currenttraffic at 
each relay. Without considering the effect 
of collisions at the MAC layer, the best 
relay with the largest productof channel 
quality and the remaining queue length will 
expirefirst and win the contention after a 
minimum period of 𝑇𝑇𝑏𝑏s. 
The best relay sends a short duration packet, 
called Flag_RTSto notify this event to the 
neighboring nodes. The other relaysrely on 
this flag packet to give up the contention 
phase.However, for the special case that 
some relays are in hiddenstate from each 
other, the destination needs to notify 
allrelays with another short duration packet 
(Flag_CTS) to reduceunnecessary 
transmissions from the other relays.The 
queue length is used as follows in the relay 
assignment:if a node has more packets in the 
queue, it has lower priorityto become a relay 
node for another source-destination pair.  

3.4 Destination Combining 
At the destination, if the packetfrom the 
source is received successfully, an ACK 
packet issent to confirm the successful 
reception. Otherwise, an NACKpacket is 
broadcast, and the relay selection phase 
starts asin the second step. The destination 
also stores the packetfor a further combining 
process. Once the incoming packetis 
received successfully, it is forwarded to 
higher layer forfurther processing. However, 
in the worst case, when allretransmission 
attempts have failed, the destination will 
usethe maximal ratio combining technique 
[10] to recover theoriginal packet from the 
previous replicas. 

4. PROBABILISTIC ANALYSIS OF 
THE PROPOSED RELAY 
ASSIGNMENT SCHEME 

The failure of the relay assignment scheme 
occurs sincethere are more than one relay 
that become the best relay andretransmit the 
same packet to the destination within the 

sametime interval c which causes by the 
switching time and thepropagation delay. 
This degrades the system performance 
andefficiency because of the collision and 
redundancy. 
4.1 Cases of Failure 
Based on the operation of the proposed 
relay assignmentscheme, we consider two 
cases of failure as showed in Fig.1: (1) all 
relay candidates N can listen each other and 
(2) some relays in set N arehidden from 
each other.It is noted thatthe cooperative 
scheme is occurred after the NACK 
packetfrom the destination. Then, the flag 
packets are sent by thebest relay and the 
destination to confirm the winner of 
therelay contention. 
For the case of no hidden relays (case 1), 
the collisionbetween the best relay timer Tb 
and two or more relayscan happen during 
the time interval c, depending on 
thepropagation delay needed for signals to 
travel in the wirelesschannel and the radio 
switch time from receive-to-transmitmode 
(Eq. 3). On the other hand, for the case of 
hidden relays(case 2), the interval c is 
increased by the duration of the flagpacket 
from the best relay and the propagation 
delay on thedestination-relay links, as well 
as the radio switch time at thedestination 
(Eq. 4). The interval c can be considered as 
theoverhead period caused by the wireless 
medium. The higherthis interval conducts 
the higher the probability of 
collisionbetween the best relay and the 
others. Therefore, we assessthe maximum 
value of c in both cases. 

 
Figure 1. Illustration for failure probability. 
𝑐𝑐 = |𝑡𝑡𝑏𝑏 − 𝑡𝑡𝑖𝑖|𝑚𝑚𝑚𝑚𝑚𝑚 + 𝑑𝑑𝑟𝑟𝑟𝑟−𝑚𝑚𝑚𝑚𝑚𝑚 + 𝑑𝑑𝑠𝑠𝑠𝑠 ,     (3) 
𝑐𝑐 = |𝑡𝑡𝑏𝑏 − 𝑡𝑡𝑖𝑖|𝑚𝑚𝑚𝑚𝑚𝑚 + 𝑑𝑑𝑟𝑟𝑟𝑟−𝑚𝑚𝑚𝑚𝑚𝑚 + 2𝑑𝑑𝑠𝑠𝑠𝑠 

+𝑡𝑡𝑑𝑑𝑑𝑑𝑟𝑟 + 2𝑑𝑑𝑟𝑟𝑑𝑑−𝑚𝑚𝑚𝑚𝑚𝑚,  (4) 
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where: 

• 𝑡𝑡𝑏𝑏and 𝑡𝑡𝑖𝑖 : the time that the best relay and 
other relays istart their timers, respectively. 

• 𝑑𝑑𝑟𝑟𝑟𝑟  : propagation delay between two 
relay nodes. drr−maxis the maximum value. 

• 𝑑𝑑𝑟𝑟𝑑𝑑: propagation delay between relay i 
and destination d.𝑑𝑑𝑟𝑟𝑑𝑑−𝑚𝑚𝑚𝑚𝑚𝑚 is the maximum 
value. 

• 𝑑𝑑𝑠𝑠𝑠𝑠 : receive-to-transmit switch time of 
each radio. 

• 𝑡𝑡𝑑𝑑𝑑𝑑𝑟𝑟 : the duration of flag packet 
(Flag_RTS) which istransmitted by the best 
relay. 

Let 𝑡𝑡𝑏𝑏(min {𝑡𝑡𝑖𝑖}) be the best relay timer and 
𝑇𝑇𝑖𝑖 be theother relay timers. Then, the 
probability of collision betweentwo or more 
potential relays within the same interval c 
can bewritten as follows: 
𝑃𝑃𝑃𝑃(𝑐𝑐𝑙𝑙𝑙𝑙𝑙𝑙𝑖𝑖𝑐𝑐𝑖𝑖𝑙𝑙𝑐𝑐) = 𝑃𝑃𝑃𝑃(𝑎𝑎𝑐𝑐𝑎𝑎 𝑇𝑇𝑖𝑖 − 𝑇𝑇𝑏𝑏 < 𝑐𝑐| 𝑖𝑖 ≠  𝑏𝑏, 𝑖𝑖 𝑁𝑁 ) 
 (5) 

Let 𝑈𝑈1 < 𝑈𝑈2 < ⋯ < 𝑈𝑈𝑁𝑁 be the ordered 
random variables{Ti}, where the minimum 
timer 𝑇𝑇𝑏𝑏 is equivalent to 𝑈𝑈1 and𝑈𝑈2 is the 
second minimum timer, then 
Pr (𝑎𝑎𝑐𝑐𝑎𝑎 𝑇𝑇𝑖𝑖 − 𝑇𝑇𝑏𝑏 < 𝑐𝑐| 𝑖𝑖 ≠  𝑏𝑏, 𝑖𝑖 𝑁𝑁 ) 

≡  Pr(𝑈𝑈2 < 𝑈𝑈1 + c)   (6) 

Given that 𝑈𝑈𝑖𝑖 = 𝑘𝑘
𝜌𝜌𝑖𝑖𝑟𝑟𝚤𝚤�

, then 𝑈𝑈1 < 𝑈𝑈2 < ⋯ <

𝑈𝑈𝑁𝑁 isequivalent to the timer values 𝑘𝑘
𝜌𝜌1𝑟𝑟1����

<
𝑘𝑘

𝜌𝜌2𝑟𝑟2����
< ⋯ < 𝑘𝑘

𝜌𝜌𝑁𝑁𝑟𝑟𝑁𝑁����
.Moreover, it is noted that 

the SINR 𝜌𝜌𝑖𝑖 is mainly proportionalto the 
power of channel response |hi,j|2on the link 
betweeneach relay i and destination node j . 
Eq. 6 can thus be written 

Pr(𝑈𝑈2 < 𝑈𝑈1 + c) = Pr � 1

�ℎ𝑘𝑘,𝑗𝑗�
2𝑟𝑟2����

< 1

�ℎ1,𝑗𝑗�
2𝑟𝑟1����

+ 𝑐𝑐
𝑘𝑘
�

  (7) 

Then, the probability of failure can be 
calculated by Lemma1 in [6] 

Pr(𝑈𝑈2 < 𝑈𝑈1 + c) = 1 − 𝐼𝐼𝑐𝑐  (8) 

I𝑐𝑐 = (𝑁𝑁 − 1)∫ 𝑓𝑓(𝑢𝑢)[1 − 𝐹𝐹(𝑢𝑢)]𝑁𝑁−2𝐹𝐹(𝑢𝑢 − 𝑐𝑐)𝑑𝑑𝑢𝑢∞
𝑐𝑐  

  (9) 

where F(u) and f(u) are the cumulation 
distribution function(CDF) and probability 
density function (PDF) of the timerfunctions 
T𝑖𝑖of the N relays, respectively. 

4.2 Probabilistic Analysis 
To calculate the probability in Eq. 9, we 
need to calculatethe probabilistic functions 
of the timer Ti. The CDF and PDFof each 
Tiare respectively given by 
F(t) = Pr[𝑇𝑇𝑖𝑖 ≤ 𝑡𝑡] = 1 − Pr[𝑇𝑇𝑖𝑖 > 𝑡𝑡] 

    = 1 − 𝐶𝐶𝐶𝐶𝐹𝐹|ℎ𝑖𝑖|2𝑟𝑟� �
𝑘𝑘
𝑡𝑡
� (10) 

f(t) = 𝑑𝑑
𝑑𝑑𝑡𝑡
𝐹𝐹(𝑡𝑡) = 𝑘𝑘

𝑡𝑡2
𝑃𝑃𝐶𝐶𝐹𝐹|ℎ𝑖𝑖|2𝑟𝑟� �

𝑘𝑘
𝑡𝑡
�,     (11) 

where 𝐶𝐶𝐶𝐶𝐹𝐹|ℎ𝑖𝑖|2𝑟𝑟�  and 𝑃𝑃𝐶𝐶𝐹𝐹|ℎ𝑖𝑖|2𝑟𝑟�  are the 
CDF and PDF of theproduct function 
between channel response and the 
remainingqueue length. In order to find the 
distribution of the productiondistribution, 
we conduct the probabilistic function of 
eachseparate distribution. 

1) Fading Channel: Assuming that the 
wireless channel isaffected by Rayleigh 
fading due to multi-path reflection, the 
channel gain �ℎ𝑟𝑟,𝑑𝑑� between the relay 
and the destination follows the Rayleigh 
distribution and its power 
�ℎ𝑟𝑟,𝑑𝑑�

2
follows the exponential 

distribution. The CDF and PDF of the 
exponentialvariables with parameter λ > 
0 are given by [8] 

𝐹𝐹𝑋𝑋(𝑥𝑥) = 1 − 𝑒𝑒−λ x(𝑥𝑥 ≥ 0) (12) 

𝑓𝑓𝑋𝑋(𝑥𝑥) = λ 𝑒𝑒−λ x(𝑥𝑥 ≥ 0) (13) 

2) Queue Model:For a simplicity, we 
assume that node queues can be modeled 
as M/G/1 queues which receive packets 
based on a Poisson arrival process with 
arrival rate λs packets/sec and service 
rate µs depending on the channel access 
mechanism [2]. The thorough analysis of 
queueing model is beyond the scope of 
this paper. The main objective of this 
section is to evaluate the failure 
probability of the relay assignment 
scheme considering the arrival rate and 
service rate as parameters. The detail 
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queueing analysis will remain an 
important part of future work. We follow 
a simple approximation for the M/G/1 
queue length distribution in [9] which 
depends only on the first and second 
moments of the service time distribution. 
The PMF of the remaining queue length 
distributionare respectively given by 

𝑃𝑃[𝑁𝑁� = 𝑘𝑘] = 𝑃𝑃[𝑁𝑁 = 𝐿𝐿 − 𝑘𝑘] ≈ 𝑈𝑈0𝛼𝛼𝐿𝐿−𝑘𝑘−1(1− 𝛼𝛼) 

 (14) 
𝑓𝑓𝑙𝑙𝑃𝑃 𝑘𝑘 = 0, 1, 2, … ,𝐿𝐿 − 1 𝑎𝑎𝑐𝑐𝑑𝑑 𝑃𝑃[𝑁𝑁� = 𝑘𝑘] = 1 − 𝑈𝑈0. 

3) Distribution of the timer function:We 
obtain the joint CDF and PDF of the 
product of the above random 
distributions |ℎ𝑖𝑖|2𝑞𝑞� 

F(t) =
1 − �𝑈𝑈0𝛼𝛼𝐿𝐿−1(1− 𝛼𝛼) + ∑ 𝑈𝑈0𝛼𝛼𝐿𝐿−𝑦𝑦−1𝐿𝐿−1

𝑦𝑦=1 (1 −

𝛼𝛼) �1 − 𝑒𝑒−λ 𝑘𝑘𝑦𝑦𝑦𝑦� + (1 −𝑈𝑈0) �1 − 𝑒𝑒−λ 𝑘𝑘𝐿𝐿𝑦𝑦�� (15) 

𝑓𝑓(𝑡𝑡) = 𝑘𝑘
𝑡𝑡2
�∑ 1

𝑦𝑦
𝑈𝑈0𝛼𝛼𝐿𝐿−𝑦𝑦−1(1 − 𝛼𝛼)λ𝑒𝑒−λ 𝑘𝑘𝑦𝑦𝑦𝑦 +𝐿𝐿−1

𝑦𝑦=1

(1 − 𝑈𝑈0)λ𝑒𝑒−λ 𝑘𝑘𝐿𝐿𝑦𝑦� (16) 

The probability of failure is now calculated 
by substituting theabove two equations into 
Eq. 9. The probability of collisionis 
calculated with the average value of any 
channel coefficientλ = 𝐸𝐸 ��ℎ𝑖𝑖,𝑗𝑗�

2
� = 1  and  

N = 7 nodes. Besides, otherparameters such 
as 𝑈𝑈0, 𝐿𝐿 are set to 0.85 and 100, respectively. 

1.1 Results 

 
Figure 2. The probability of collision versus 

various values of k/c in the case                   
N=7 and U0 = 0.85 

The probability of collision is calculated 
with the averagevalue of any channel 
coefficient λ = 𝐸𝐸 ��ℎ𝑖𝑖,𝑗𝑗�

2
� = 1 and N = 

7nodes. Besides, other parameters such as 
𝑈𝑈0, 𝐿𝐿 are set to 0.85and 100, respectively.It 
is seen in Eq. 7 that the collision probability 
reduces withthe increase of k. However, k 
cannot be arbitrarily large, sinceit increases 
the time needed for each source to find out 
thebest relay. Therefore, there is a trade-off 
between the collisionprobability and the 
speed of relay selection. From the integralin 
Eq. 9, the collision probability is a function 
of k/c. Theresults are plotted in Fig. 2 for 
various values of k/c with theserver 
utilization U0= 0.85.Assume that distance 
between network nodes is less than100 m. 
Whereas typical switching time should be 
less than 5µs [10], which results in c ≈ 20µs. 
For instance, in case ofU0= 0.85, the 
collision probability is kept below 1% since 
kapproximates 52 × 10−6. Table I shows 
the list of k to keepthe probability of 
collision less than 1% according to a 
rangeof the server utilization U0. 

5. PERFORMANCE EVALUATION 
The proposed scheme is evaluated 
bysimulation usingOPNET Modeler 16.0 
and compared with two schemes: (1)direct 
transmission (without cooperation) and (2) 
the best relayscheme based on only channel 
estimation [3]. We adapt thestandard IEEE 
802.11 MAC for the proposed scheme 
withsome modifications to the physical 
layer. Whereas the relayassignment is 
executed at the MAC layer. A group of 7 
nodesand 1 sink are deployed within a 
coverage range of 100 m× 100 m. Each 
node generates traffic with a packet 
lengthof 500 bytes according to a 
exponential inter-arrival time.The 
transmission range is set to 100 m, and the 
data rateis 11 Mbps. Simulation parameters 
are listed in Table II. Wecompared the 
performance of the three schemes in terms 
ofpacket delivery ratio (PDR). Each 
simulation result is executedthrough 5 
simulation rounds and a confidence interval 
of 90%. 
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Figure 3. The PDR with respect to packet 

inter-arrival times. 
The PDR is defined as the total number of 
packets receivedat the sink divided by the 
total number of packets transmittedby all 
the sender nodes. Figs. 3 and 4 show the 
PDR versusvarious packet inter-arrival 
times and the number of networknodes, 
respectively. It is seen that in case of low 
traffic (i.e., alarge value of the packet 
inter-arrival times) or small numberof 
network nodes, performance of the three 
scheme is almostsame because in such 
cases the impact of packet collisionand 
interference is small which leads to more 
reliability forpacket transmission. However, 
an increase in network traffic,the PDR is 
reduced in all three schemes. Similarly, an 
increasein the number of network nodes 
also reduces the number ofreceived packets 
at the sink. This is because the higher 
trafficproduces more collisions and 
interference for the surroundingnodes, 
which may cause packets to be dropped. 
Besides,higher packet loss also derives 
from the channel congestionand overloaded 
nodes due to multiple traffic flows 
whichdirected to them. In all situations, the 
proposed scheme alwaysobtains a higher 
PDR than the other schemes. It improves 
thepossibility of receiving packets 
successfully by retransmittingthem via the 
potential relay and combining them at the 

sink.Moreover, an advantage of the 
proposed scheme in comparisonwith the 
best relay scheme [3] is that our scheme 
reducesunnecessary transmission from the 
best relay which may causemore collision 
for other transmission if the sink 
successfullydecodes the packets from the 
source for the first time. 

 
Figure 4. The PDR with respect to node density. 
6. CONCLUSIONS 

In this paper, we presented an opportunistic 
relay assignment scheme for single-hop 
wireless networks, where the DF relay 
scheme at the physical layer and the relay 
assignment process at the MAC layer are 
incorporated with the objective of 
enhancing network performance. The relay 
assignment scheme combines the SR and 
IR schemes from the destination based on 
the channel state information and current 
queue length. We plan to reduce the 
collision probability between feedback and 
data packets via more effective scheduling 
strategies. 
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ABSTRACT 
Brain Computer Interface (BCI) has attracted many researchers in recent years. One of non-invasive techniques 
for the BCI issue is Electroencephalography (EEG) which is applied for rehabilitation and diagnosis. In this 
study, Common Average Reference (CAR) filtering is used to enhance EEG signal. For feature extraction of the 
EEG signal, the Common Spatial Pattern (CSP), and Principal Component Analysis (PCA) are employed to find 
out features of imagery. In addition, a neuron network model is utilized to classify imagery status. Experiments 
are performed on two subjects with 200 runs per a subject to illustrate the effectiveness of the proposed methods. 

Keywords: EEG Technique, Common Spatial Pattern, Principal Component Analysis, CAR Filter and Artificial 
Neuron Network Model. 
 

1. INTRODUCTION 
There were many applications based on 
recorded EEG signal for last years. The 
rehabilitation and diagnosis based on EEG 
features has attracted many researchers in 
recent years. A mean threshold algorithm was 
proposed to detect eye blinks using EEG [1]. 
The activity of eye blinking related to the 
delta area of human brain was investigated 
using EEG technology. In particular, a BCI 
system can allow people communicate and 
control external devices without using 
traditional motor output pathways [2]. 

For classification of EEG signals, a recursive 
training algorithm to generate recognition 
patterns from EEG signals was proposed to 
control an electric wheelchair [3]. Rifai et al. 
showed that mental task was classified using 
prefrontal EEG [4]. It means that the 
relevant mental tasks used here are mental 
arithmetic, ringtone, finger tapping and 
words composition with additional tasks 
which are baseline and eyes closed. Another 
application is that the feature extraction is 
based on the Hilbert Huang Transform 
(HHT) energy method and the classification 
algorithm is based on an ANN with the 
Genetic Algorithm (GA) optimization [5]. 

Based on different ranges of frequency 
obtained from human brain, EEG signal is 

often divided into five kinds: Delta (δ: 1-4 
Hz), Theta (θ: 4-7 Hz), Alpha (α: 8-12 Hz), 
Mu (μ: 8-13 Hz), Beta (β: 13-30 Hz), 
Gamma (γ: over 30 Hz). Moreover, μ and β 
are recorded on primary motor cortex related 
to human activity. During the motor imagery, 
the EEG signals accompany the power 
changes at the same movement related to m 
(8–12 Hz) and b (18–26 Hz) rhythms. This 
will make a power increase or decrease, 
named event-related desynchronization and 
synchronization (ERD=ERS) in the specific 
motor cortex areas [6]. 

In this paper, we proposed the recognition 
algorithm for developing a BCI using EEG 
technology. First of all, EEG data are 
filtered by a CAR filter. Two CSP and PCA 
methods [8, 9] for extracting features of 
imagery signals are employed. From the 
obtained features, an ANN model is used to 
determine whether one of the left, right or 
rest imagery is taken. 

2. MATERIALS AND METHODS 
2.1 Data Acquisition 
EEG signals were obtained from a BioSemi 
ActiveTwo system as shown in Figure 1. 
This BioSemi system was located at Room 
104 of Biomedical Engineering Department, 
International University, Vietnam. The 
system has 64 channels, in which some 
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channels (C1 to C6, CP3, CP4, FC3, FC4 
and one blue Cz reference) are chosen 
based on the international 10/20 system [7] 
as shown in Figure 2 to collect brain signals. 
Two right handed participants (one male: 
32 years old, 62 kg weights and one female: 
21 years old, weigh 47 kg) were invited to 
participate into this study. The subjects 
informed consent agreement after reading 
and understanding the experiment protocol 
and the EEG technique. Offline data were 
obtained from the Biosemi system during 
performing motor imagery measurements 
of the left and right hand movements. 

 
Figure 1. The Biosemi system connected to a 

desktop 
The subjects were instructed to perform the 
mental tasks, including the motor imagery 
of the left and right hands. In this motor 
imagery, a protocol includes 4 s (Rest) – 4 s 
(motor imagery) as shown in Figure 3. For 
signal analysis, EEG signals were sampled 
at 512 Hz, and recorded using electrodes as 
shown in Figure 2. These electrodes were 
installed at the motor cortex area for 
sensorimotor activity using the standard 
electrode positions of the international 
10-10 system. The recorded EEG data will 
be applied for training and testing to 
recognize activities related to brain. 

 
Figure 2. Ten red electrodes for signal acquisition 

2.2 Signal Pre-Processing 
All recorded samples from the 6th to 7th 
seconds were used for analyzing motor 
imagery. EEG signal from 2nd to 3rd seconds 
were for detecting the rest time. Therefore, a 
CAR filter was implemented on all channel 
[8] to collect the pre-processed signals using 
the following equation: 

e

Ne

j
j

iin N

V
VV

∑
=−= 0         (1) 

where Vin  and Vi are the ith electrode 
potential, after and before filtering 
respectively, and Ne is the number of 
electrodes used during measurements. The 
main idea of this CAR filter is to remove 
the noise of the original signal as shown in 
Figure 4 and then perform the impact on all 
channels by subtracting the average signal 
for all signals for collection of desired 
signals (see Figure 5). 

 
Figure 4. Original signal of typical C3 channel 

 
Figure 5. C3 channel after the CAR filter.  

The detail components are remained 
2.3 Feature Extraction 
The goal of the CSP analysis is to design 
spatial filters so that the filtered time series 
obtain optimal variances for the 
discrimination. In this section, the method 
will be explained for a 2-class problem. 
However, it can be extended to multiclass 
applications [9]. Suppose that the EEG data 
of a single trial is represented by an [N x T] 
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matrix, where N is the number of channels 
and T is the number of samples. The 
normalized spatial covariance of the EEG is 
calculated as follows: 

)( EE
EEC

′
′

=
trace

        (2) 

where )( EE ′trace is the sum of the diagonal 
elements of EE ′ . For each of the two 
distributions to be separated, the spatial 
covariance, Ctb1 and Ctb2, are calculated by 
averaging over the trials of each group. The 
composite spatial covariance equation is 
described as follows: 

21 tbtbc CCC +=         (3) 

where Cc is factored as cccc UλUC ′=  and 
Uc represents the matrix of eigenvectors 
and λc represents the matrix of  
eigenvalues which are sorted in descending 
order at the diagonal. Thus the whitening 
transformation of P is calculated as follows: 

cUλP ′−= 1         (4) 

If Ctb1 and Ctb2 are represented as 
PPCS ′= 11 tb , PPCS ′= 22 tb , then S1 and S2 

share the same eigenvectors, and if
'BλS 11 B= , then 'BBλS 22 = and Iλλ =+ 21 . 

In this equation, matrix I represents the 
identity matrix which means the sum of two 
corresponding eigenvalues and always 
equal to one. Therefore, the eigenvector 
corresponding to the largest eigenvalue of 
S1 has the smallest eigenvalue for S2 and 
vice versa. Therefore, the eigenvectors 
becomes useful in classifying two 
distributions. When the EEG data are 
whitened with P and projected onto a group 
of eigenvectors in B, it becomes optimal for 
separation of two populations in the least 
squares sense. With the projection matrix 

PBW '= , the EEG data are filtered using 
the following equation: 

WEZ =         (5) 

The final step is that we will deduct the 
property as follows: 

)
2

1 )var(

)var(
log(

∑ =
=

m
i Zi

pZ

pf        (6) 

where the feature vectors pf  are used to 
train or classify three states: motor imagery 
of the left hand, motor imagery of the right 
hand and the rest one. In this experiment, 
we have 3 pairs of the CSP analysis, in 
which pair-1 is motor imagery of the left 
hand and motor imagery of the right hand; 
pair-2 is motor imagery of the left hand and 
the rest; pair-3 is motor imagery of the right 
hand and the rest. The first pair gives 10 
vectors, named F1, F2, ...., F10. The 2nd pair 
represents 10 vectors F11, F12, ..., F20. In 
similarity, the 3rd pair of vectors gives ten 
vectors of F21, F22, ..., F30. 

 
Figure 6. Variance magnitude Vs. Eigenvector, 

in which each variance correspond to an 
eigenvector 

A Principal Component Analysis (PCA) 
algorithm [10] is the classical statistical 
method which is applied in this study to 
extract feature from PSD data. The PSD 
data are projected from the higher 
d-dimensional spaces to the lower 
k-dimensional spaces, which are composed 
of k eigenvectors, and retain the feature 
information. This reduction in dimensions 
may improve the performance and 
classification accuracy of the classifier used 
in the problem. 

Assume that { }dvvvx ,...,, 21=  represents 
the eigenvectors, and { }dλλλ ,...,, 21=λ  
describes the corresponding eigenvalues. 
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Data were presented in the k-dimensional 
subspace by performing the following 
projection operation: 

)(' mpB i
T −=f         (7) 

where { }kvvvB ,...,, 21=  has k vectors with 
highest eigenvalue from x. 

∑
=

=
nTr

i
ip

nTr
m

1

1  , (nTr) is the number of 

samples of population; n are the PSD values 
of each channel; },,{ 21 kffff =′  are 
vectors of feature of mental tasks. The ratio 
of the sum kλλλ ,,, 21   and the sum 

dλλλ ,,, 21   are called the PCA 
coefficients. Therefore, Based on PSD data 
of motor imagery, their features expressed 
are the sum of eigenvectors with their 
coefficients as in Figure 6. 

2.4 Classification using  the ANN 
In this paper, an Artificial Neural Network 
(ANN) algorithm with the multilayer feed 
forward network, including 3 input layers, 
one hidden layer and one output layer was 
employed for training and classification. In 
this ANN (see Figure 7), the double 
sigmoid function was utilized, while the 
sigmoid function was for the output layer. 
A standard back propagation is applied for 
training this 3-layers neural network. In 
practice, it is a gradient descent algorithm 
with the network weights moved along the 
gradient negative of the performance 
function. With this argument, the training is 
based on the minimization of the following 
error function: 

2
1

0
)( n

N

n
n dOE −= ∑

−

=

       (8) 

where N is the number of samples, O is 
denoted the network output and d is the 
desired output. 

In this research, the output layer is designed 
to produce three nodes for representing 
three tasks such as the left motor imagery, 
the right motor imagery and the rest. These 

tasks correspond to the desired values of [1; 
0; 0]; [0; 1; 0] and [0; 0; 1]. 

 

 
Figure 7. The network has 3 layers. The 

mental tasks are classified using three nodes 
ouput network 

 

3. RESULTS AND DISCUSSION 
In this project, each participant worked out 
200 runs of mental tasks. The feature set 
consists of 100 samples of the right hand 
movement, 100 samples of the left hand 
movement and 200 samples of the rest. The 
training set is equally divided into the 
testing set. This means that the set of 
samples was separated into 2 subsets, 
including the training set and the testing set, 
N1 and N2, respectively. In particular, N1 
has 50 samples of the left motor imagery, 
50 samples of the right imagery and 100 
samples of the rest. N2 contains the rest of 
the data set. From this separation, N1 is 
inserted the network for training, while the 
testing samples were taken from N2. 
Because of the difference in EEG signal 
regarding to each subject, the ANN training 
and classification were performed. 

In the CSP method, the accuracy is 
obtained by calculating the exact 
classification samples over the population 
of each mental task. The results of the 
mental task classification are shown in 
Table 1, in which the average accuracy of 
three mental tasks on two subjects deals 
with the CSP. In this case, the average 
accuracy of each subject using the ANN 
with 33 hidden nodes is higher. 
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Table 1. Average accuracy (%) of 3 mental tasks 
of participants from extracting CSP features 

Hidden nodes S1 S2 

15 65.95 57.15 

18 71.10 67.16 

21 76.68 73.62 

24 78.10 78.12 

27 80.95 78.87 

30 80.44 78.15 

33 80.10 77.68 

Table 2. Average accuracy (%) of three mental 
tasks from extracting PCA features with the 

different PCA coefficients (90% and 95%) on 
two subjects (S1 and S2) 

Hidden 
nodes 

PCA_e=90% PCA_e=95% 

S1 S2 S1 S2 

15 59.01 51.35 68.88 58.46 

18 62.73 57.23 69.22 60.27 

21 67.64 62.13 69.22 63.12 

24 68.66 63.31 72.15 69.28 

27 65.95 67.55 75.95 72.35 

30 63.74 68.17 78.69 75.61 

33 63.52 68.11 78.85 75.58 

In similarity, the ANN was applied for 
classification based on the PCA features 
and the obtained results are shown in Table 
2. According to the input nodes, the 
increasing PCA coefficients produce the 
greater accuracy. The best accuracy of 
Subject-1 is 83.89 % in the case of 33 
hidden nodes and 100 % PCA coefficient, 
while it is 81.33 % of Subject-2. Therefore, 
the result of the PCA algorithm is better 
than that of the CSP in this research. The 
main goal of this research is to show the 
performance of motor imagery using two 
methods of the CSP and PCA with different 

coefficients. While Acar et al. [9] focused 
on using the CAR filter for consideration of 
motor imagery. 
Table 3. Average accuracy (%) of three mental 

tasks from extracting PCA features with the 
different PCA coefficients (99% and 100%) on 

two subjects (S1 and S2) 

Hidden 
nodes 

PCA_e=99% PCA_e=100% 

S1 S2 S1 S2 

15 69.87 60.73 75.95 61.32 

18 73.63 67.65 78.69 68.40 

21 75.86 71.38 83.85 72.91 

24 84.26 75.57 85.53 77.93 

27 85.92 76.95 85.04 79.17 

30 87.65 76.61 83.47 80.64 

33 86.16 75.42 83.89 81.33 

4. CONCLUSION 
In this paper, the common average 
reference filter was used to enhance EEG 
signals obtained from human brain. For 
feature extraction of the EEG signal, the 
Common Spatial Pattern (CSP), and 
Principal Component Analysis (PCA) 
methods were employed to find out features 
of motor imagery. In addition, the ANN 
classification method was utilized to 
classify imagery status. Experiments were 
performed on two subjects with 200 runs 
per each subject to illustrate the 
effectiveness of the PCA proposed method 
compared with the CSP one. 
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ABSTRACT 
This paper proposes a Multilayer Feedforward Neural Network (MLFNN) for speech classification in a smart 
electric wheelchair, in which with extraction of speech commands is performed using a Mel Frequency Cepstral 
Coefficients (MMFC) method. Speech commands recognized here are Left, Right, Forward, Backward and Stop. 
In addition, a Hamming lowpass filter is applied to reduce noise before feature extraction. Therefore, the 
recognized signals will be used to control the electric wheelchair. Results of this study possibly support disabled 
people using the wheelchair to move easily and more convenient in everyday life and also show to illustrate the 
effectiveness of the proposed approach. 

Keywords: MMFC feature extraction, Speech classification, Hamming lowpass filter and Multiplayer Neural 
Networks. 

 

1. INTRODUCTION 
Many severely disabled people, who are 
increasing in the world, are difficult in 
community life. Assistive devices always 
encourage their movement in daily activity. 
Speech recognition is an active and popular 
method, used to translate human voice into 
commands. The model commonly used in 
identification as: Hidden Markov Model 
(HMM) [1], Vector Quantization (VQ), 
MFCC-DTW and neural networks. 
Identification used in wheelchair control, 
letter recognition [2], or number count [3]. 
Moreover other the HMM has high the 
accuracy, however it is very complex and 
the training time. The MFFC and DTW 
model is simple [4], do not take more 
training time, but lower accuracy than the 
HMM.  

The voice recognition system is used to 
detect the attendance of speech in a 
background of noise. The beginning and 
end point of a word should be detected for 
processing words. The main difficulty of 
speech recognition is the same word spoke 
by different speakers depending on 
speaking styles, tone, regional, gender and 

speech patterns. In addition, noise and 
change of signals over time are problems 
considered in speech recognition. 

Speech recognition plays an important role 
in an intelligent wheelchair system using 
microphone. MFCC and DTW algorithms 
are applied for feature extraction and 
identification [5]. Speech commands such as 
left, right, forward, backward and stop will 
be recognized for an electrical wheelchair 
control. Experiments with identified speech 
commands using the proposed method will 
be performed by users. 

In the word, the number of disable people 
about 15% of the population. Moreover 
people with disabilities feel isolated and do 
not have access to the same opportunities as 
other within their own communities. Those 
are reasons why an intelligent wheelchair 
was. For more convenient in modem life, 
electric wheelchair is improved day by day 
and a smart wheelchair is inevitable need. 
The smart wheelchair is designed to be used 
for indoor environment and user can easily 
control it by speech commands. In fact, 
when the user speech to the wheelchair to 
move using commands [6], microphone, in 
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which the microphone carries each 
command to computer through software for 
wheelchair control. 

Neural networks have been applied for 
identification of signals based on their 
features. In this research, authors used the 
neural networks for letter 
recognition[7] oridentification of count 
numbers[8]. In this paper, the ALFNN will 

be employed in an electrical wheelchair 
speech signals corresponding to control 
commands such as left, 
right, backward, forward and stop. 
Experimental results on the wheelchair will 
be shown to illustrate the effectiveness of 
the proposed method. 

2. MATERIAL AND METHODS 

 

 
Figure 1. Block Diagram of Methodology 

 

A user will perform an electronic intelligent 
wheelchair control using user commands 
such as: Left, Right, Backward, Forward 
and Stop. A speech signal of user is recoded 
in interval of 2.5 s and all signals are 
pre-processed with sampling frequency 16 
KHz and then feature extracted for 
identification. The voice signal uses a 
combination of features based on the 

MFCC and voice activity detection. The 
DTW algorithm is used to discriminate the 
speech into respective classes. 

2.1 Feature extraction 
As shown in Fig.2 of Feature extraction 
using the MFCC that consists of 
computational processes. 

 

 
Figure 2. Block Diagram of Feature Extraction 

 

• Pre-Emphasis 
This step processes with purpose of offset 
high frequency components. In particular 
speech signal is processed using a filter 
which emphasizes higher frequency. This 
process will increase the energy of signal at 
the higher frequency. The output signal of 
the Pr-emphasis is computed the following 
equation: 

H[n] u(n) a.u(n 1)= − −  (1) 

where H[n] is the signal output of the 
pre-emphasis process, u(n) is the voice 
signal, typical value of a = 0.95 (>20dB 
gain for high frequency). The result 
pre-emphasis process is shown in Fig.3 

• Framing and Windowing 
The signal after Pre-emphasis is segmented 
due to the voice signal is continuous with 
time. The voice reliability can be ensured 
for a short time. Process frame cannot wait 
for last sample, which split reduces the 
signal discontinuities at the beginning and 

Output 

Speech signal Pre-Emphasis Framing FFT 

Mel Filter Bank Discrete Cosine 
Transform Delta Spectrum 

Speech signal Preprocessing Feature Extraction Feature Matching 

Recognized speech Wheelchair control 
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end of each frame, in which the frame 
length from 10 to 30 msec. The speech 
signal is divided into frames of N samples. 
This process is important to retain short 
term features. Short time analysis is 
performed by windowing the signal. 
Normally the Hamming window with 
(W(n), 0 ≤ n ≥ N-1) is used and its equation 
is given as follows: 

Y(n) H(n)xW(n)=  (2) 
where N is the number of sample in each 
frame, Y(n) describes the output signal and 
H(n) is the input signal. In particular, the 
result Hamming function is slown as: 

2 nW(n) 0.54 0.46cos
N 1
π = −  −   (3) 

  

Figure 3. Pre-emphasis 
of signal 

Figure 4. The signal 
is framed 

• Mel Filter bank 
Human hearing is not equally sensitive to 
all frequency bands. It is less sensitive at 
higher frequency, roughly greater than 1000 
Hz, human perception of frequency is 
non-linear. The Mel spectrum is the total 
spectrum of the signal spectrum after 
discrete Fourier transform multiplied by the 
weight of the Mel filter. Mel filter bank is 
series of triangular filter of the form at the 
center frequency and then if decreases 
linearly to zero at the center frequency of 
two adjacent filters [10]. 

 

Figure 5. Mel Filter bank with frequency band 
from 50 to 5400 Hz, the number of filter bank 

is 20 

Each filter output is the sum of its filtered 
spectral components. The equation is used to 
compute the Mel for given frequency f in Hz: 

10
ff (mel) 2595log (1 )

100
= +

 (4) 

• Discrete Cosine Transform 
In this final step, the log Mel (mel) 
spectrum is converted to time. The result is 
called MFCC. Because the Mel spectrum 
coefficients are real numbers, we can 
convert them to the time domain using the 
DCT. The set of coefficient is called 
acoustic vectors. Therefore, each input 
utterance is transformed into a sequence of 
acoustic vector. 

• Delta Spectrum and Delta Energy 
The DCT is done on Mel spectral 
coefficients [9] of each frame, hence 
obtaining the MFCC. The first 2 
coefficients of the obtained MFCC are 
removed as they varied significantly 
between different utterances of the same 
word. Littering is done by replacing all 
MFCCs except the first 14 by zero. The 
first coefficient of the MFCC of each frame 
was replaced by the log energy of that 
frame. Delta and acceleration coefficients 
are found from the MFCC so as to increase 
the dimension of the feature vector of the 
frames, thereby increasing the accuracy. 
The energy in a frame for a signal in a 
window is stored in an array and the values 
are used to detect the threshold energy of 
speech signal and noise removal, the energy 
is represented using the equation following: 

1
2

0
( )

N

n
E x n

−

=

= ∑
 (5) 

  

Figure 6a. Energy of 
signal 

Figure 6b. Smooth 
energy of signal 

2.2 ALFNN algorithm 
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For recognition of speech commands, an 
ALFNN model is applied for training. The 
most neural networks are trained 
relationship between the output and input 
before use for recognition. 

The back-propagation network is to 
minimize the error function in the weight 
space using the reduced gradient method. 
Because this method of calculating the 
gradient of the error function at each 
iteration requires that the error function 
should be continuous and indivisible[11]. 

The back-propagation algorithm is applied 
to find the local minima of the error 
function. Therefore, the gradient of the 
error function is calculated to change the 
initial weight values for the network. The 
weights are the parameters changed to 
reduce errors. 

In this research, the number of hidden layer 
neurons is calculated dependent on many 
parameters such as the number of nodes of 
the input –output, the training sample set. 
Therefore, the number of the hidden layer 
neurons is determined using the following 
equation:  

( )
QH

5 I O
=

+
 (6) 

where I is the number of the input nodes, O 
describes the output size and Q is the length 
of the training set. 

3. RESULT AND DISCUSSION 
3.1 Signal processing 
After running the algorithm, the result 
obtained. A user speaks words: left, right, 
backward, forward and stop, and then the 
system saves them. The input words will be 
recognized corresponding to the template 
with the lowest matching score. The 
ALFNN algorithm is used for distance 
calculation between the tested speech and 
the reference word bank. The signal to 
band-pass filter with cutoff frequency 
interval [80, 1200] Hz. The signal has 
sample rate 11025 Hz [12] and voice is 
recorded interval 3 sec per word. 

  
Figure 7a.  

Signal input 
Figure 7b.  

Distributed frame 

  
Figure 7c.  

Energy signal 
Figure 7d.  

Identified signal 

Figure 7a is the original input signal and 
figure 7b represents the distributed frame of 
the signal, in which this frame is to split the 
discontinuous signal at the beginning and 
end of each frame having the length from 
10 to 30 ms. Fig. 7c shows the energy of 
signal smoothed using a threshold. In 
figure7d, the signal is identified. All of the 
identified signals of user are applied for the 
electrical wheelchair control to reach the 
desired target. 

3.2 Signal recognition 
After extracting speech 
features using the MFCC algorithm, 
oneobtained 13 feature coefficients, 13 
energy factors and 13 delta coefficients of 
phonetics, but the first two coefficients of 
features were removed due to the different 
pronunciations of the same word. 
The feature vector inputs to the neural 
network for recognition. 

Type of neural network used here is a 
multilayer feed forward algorithms trained 
with back-propagation, consisting of one 
input layer, one hidden layer and one output 
layer. The number of input neurons is set to 
35values of the feature vector, the number 
of output neurons is equal to five identifiers 
corresponding to commands such asleft, 
right, backward, forwardandstop. 

In this experiment, with five outputs, 5000 
training samplesfor each ward was 
employed. Therefore, thenumber 
ofthe maximum hidden layer neurons is 25 
and each neuron is a linear function. 
Moreover, the performance of the network 
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depends on the quality of the signal related 
to pre-processingand feature extraction.T he 
result of words recognition using the 
ALFNN is shown from figures 8a to 8e. 

  
Figure 8a. Classified 

“left” signal 
Figure 8b. Classified 

“right” signal 

  
Figure 8c. Classified 
“backward” signal  

Figure 8d. Classified 
“forward” signal 

 
Figure 8e. The signal of “stop” command 

3.3 Wheelchair control 
The signal recognition is the output to the 
wheelchair control through USB-6008 of 
NI Company, the output voltage level of 
USB-6008. The voltage signal output is 
taken down motors of the wheelchair to 
control electric wheelchair movements 
asleft, right, backward, forward and stop. 
The model of the electric wheelchair is 
shown in Figure 9, in which user is driving 
it using speech commands. 

 

Figure 9. The model of an electric wheelchair 
Speech words has been identified using the 
ALFNN algorithm for controlling an 
electric wheelchair. The accuracy of words 
classification for wheelchair control is 
shown in table 2, in which the test result 
wasperformed 40 times. 

Recognition results with the neural networks 
corresponding to changing hidden 
layers, hidden layer neurons of 10 and 15 
obtainthe different accurate identification 
results. With 10 hidden layer neurons, 
the recognition results are lower than the 
hidden layer neurons of 15, but the training 
time is faster. With this ALFNN, the 
accuracy of the wheelchair control is shown 
in table1. 

Table 1. The accuracy of wheelchair control 
using the ALFNN 

Words Hidden layer 
neurons Accuracy (%) 

Left 
10 86.25 

15 98.75 

Right 
10 88.25 

15 94.50 

Backward 
10 82.00 

15 95.50 

Forward 
10 89.00 

15 95.25 

Stop 
10 88.25 

15 94.50 

A comparison between two ALFNN and 
hidden Markovmodels was made to 
identifyindividual words in Arabic [13]. In 
this paper, the Nnmethod using 13 MFCC 
and delta coefficients, in which 
the 256-points FFT method was used to 
find the energy spectrum of the 
signal, using Melfilterbank with 24 banks. 
The accuracy is about 89% in 
a clearenvironment 

4. CONCLUSION 
In this paper, speech signals were filtered 
by the Hamming low-pass filter and 
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features were extracted for words 
classification using the Mel Frequency 
Cepstral Coefficients (MMFC) method. 
From the MMFC coefficients, the 
Multilayer Feedforward Neural Network 
(MLFNN) was utilized to classify speech 
words. Therefore, the words were used to 
control the electric wheelchair for disabled 
people in the indoor environment. The 

effective results were obtained after 
classification using the ALFNN. 
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ABSTRACT 
Circuit techniques reducing leakage power in circuits is a matter of concern of the majority of the current study. 
High leakage in low Vth CMOS circuits severely affects consumption of energy. Power gating technology has been 
used to design the low power consumption circuits. Power Gating is a technique developed to reduce the leakage 
current when the circuit sleep mode by turning off the PMOS or NMOS is configured with high threshold voltage. 
At wake-up time, the Header and Footer is open to start operating in normal mode. The switching energy where the 
circuit transits from sleep to normal mode or normal to sleep mode at the moment, becomes wasted in this power 
gating technique. In this paper, we use an innovative power gating technique to charge recycling the lost energy. 
We compare conventional circuits and circuit using dual-charge recycling power gating technique in term of the 
power consumption using the 45 nm Predictive Technology Model. Since we design circuits that it reduces the 
power consumption of the circuit in the sleep mode, saves energy and costs for the user. 

Keywords: Power gating, low power, leakage current, CMOS 

Classification: Integrated circuits 
 

1. INTRODUCTION  
Leakage current has become one of the most 
important factors for low power designs. 
Leakage current is the first concern when 
conductingthese IC design applications [1]. 
Power gating (PG) technology is used in 
many IC designs to reduce the leakage 
current [1]. Here, a NMOS switch which is 
high voltage threshold, is used to turn-off the 
low voltage threshold logic gate circuits[1] 
[2]. Among various power gating techniques, 
charge recycling has been considered as one 
of the most effective techniques to reduce 
the leakage current [3] [4]. By doing so, the 
switching power is recycled at the moment 
from active to sleep and sleep to 
active.Theoretically, the total power 
consumption can be saved to 50%  during 
the switching time [3] [4]. However, data 
output will be lost in long sleep time because 
the virtual VSS node will be charged to  
nearly VDD during sleep time. To maintain 
data without loss, the retention mode is 
configured during sleep time. 
ADiode-connected PMOS that is applied to 
clamp the virtual VSS node voltage is often 
used to keep data output in power gating 

techniques [5]. The researchers give efforts 
to not only recycle power in reducing total 
power consumption but also maintain data 
output without loss [6] [7]. A charge 
recycling technique which can save leakage 
consumption and retain data output is 
required for lower power consumption 
designs.  

In this paper, we are applying the concept 
of the charge recycling power gating to 
power gating circuit of 32- bit Carry Look 
Ahead (CLA) adder which is being widely 
used in various IP cores such as CPU, 
multiplier, DSP, etc. By using this charge 
recycling technique, we achieve low power 
consumption and preserve data in sleep 
mode. We power off the 32-bit CLA adder 
to reduce the leakage dissipation but still 
remain the data outputby this charge 
recycling PG technique. 

2. A COMPARISON IN TWODATA 
RETENTION  POWERGATING 
SCHEMES 

Figures 1 (a), (b) show 2 power gating 
schemes which are the conventional PG and 
charge recycling PG. Firstly, the 
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conventional PG shown in Figure 1 (a) has 
one 32-bit CLA block withMN0 and 
MP0.Here, MN0 switch plays a role as a 
power gating switch thatcan turn on and off 
the power supply. The PGN input signal 
controls logic block to normal operation 
mode at PGN of high logic level and sleep 
operation mode at PGN of low logic level. 
The PMOS switch, MP0, is inserted between 
virtual VSS1 and VSS that is operated as a 
diode.This diode-connected PMOS is used 
to maintain the data before the 32-bit CLA 
circuit enters sleep mode and lose data.  In 
active mode, the HLD/PGP is applied to 
lowlevel to turn on this PMOS. In sleep 
mode, the VVSS1node is charged and its 
node voltage will be clamped to threshold 
voltage level. Figure 1 (b)illustrates the 
charge recycling PG scheme.The VVSS2node 
is connected to source gate of MN1 while 
PGN signal is connected to NSW node. In 
active mode, PGN signal is high level which 
turns on MN2 to connect VVSS2 to VSS. 
Then, source gate of MN2 is connected to 
VSS as well. Thus, the 32-bit CLA is in 
normal operation. In other hand, PGN signal 
is low at sleep mode when NSW node is low. 
Before the circuit moves to sleep mode, 
NSW node voltage is high. A charge sharing 
phenomenon happens between NSW node 
and VVSS2 node when the circuit is going to 
the sleep mode at the moment. By doing so, 
the VVSS2 node will charge to voltage level 
where amount of the charge is balanced at 
both the NSW node and VVSS2 according to 
principle of charge sharing and charge 
balance. Amount of the recycled 
chargemakes VVSS2 node charge up quickly.  

Figure 1 (c) shows waveforms of critical 
path delay in active time. The critical delay 
path is illustrated to calculate the longest 
delay time of 32-bit CLA. Here, an input 
vector set of A<0:31>=”1s” and B 
<0:31>=”0s” is applied to the 32-bit CLA. 
The carry-out signal is generated based on 
carry-in signal as shown in the figure 1(c). 
A delta (∆) delay decides the longest path 
delay time of the 32-bit CLA circuit. 

Figure 1(d) shows timing waveforms of the 
conventional PG from active to sleep time 
and vice versa. Here, SLP signal is inverted 
to connect to gates of MN0, MN1, MP1 by a 
inverter. In active mode, signals of PGN 
and HLD are high and low respectively. In 
otherwise, PGN and HLD are low and high 
in sleep mode, respectively. When MN0 
switch is turned-off to disconnect the 
current from VVSS1 to VSS, the VVSS1 node 
is charged up. However, the increase at 
VVSS1 voltage node will be clamped by 
MP0 switch. Thus, the output state is 
retained during sleep mode. 

 
Figure 1. (a)The conventional power gating;   

(b) The charge recycling power gating; 
(c)Waveforms of critical path delay during active 

time; (d) Virtual ground waveforms of the 
conventional PG at active to sleep moment; 

(e)Virtual ground waveforms of charge 
recycling PG from active to sleep moment 

Figure 1(e) shows the timing waveforms of 
the charge recycling PG technique.In active 
mode, the SLP is low, MP0is high, then 
NSW node is pull up to high and its charge 
is stored at VDD. On the contrary,when the 
SLP is high, MN1 is turned-onin sleep 
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mode. Instantaneously, the stored charge is 
shared fromNSW node to VVSS2node 
through MN1 and makes VVSS2 go up 
quickly at active to sleep moment.  

3. SIMULATION RESULTS 
In this section we present the simulation 
results of the conventional 32-bit CLA circuit 
and the charge recycling 32-bit CLA circuit. 
We have implemented this simulation with 
45nm Predictive Technology Model and the 
supply voltage at 1.1V. 

Figure 2 shows comparison of critical path 
delay of 32-bit CLA at both the 
conventional PG and the charge recycling 
PG. Here, critical path delay is defined by 
time difference between carry-out signal 
compared to carry-in signal as analyzed in 
figure 1 (c). The critical path timing 
delay (∆)is simulated as figure 2.We assess 
the delay timing both the conventional PG 
and charge recycling PG to have a fair 
comparison in the leakage power 
consumption of various PG techniques. The 
channel width of NMOS switches is 
designed at 12% total channel width of 
32-bit CLA logic block. Based on the figure 
2, we can realize the timing delay relatively 
equal in both cases. 
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Figure 2. Comparison of critical path delay of 

32-bit CLA in the conventional PG and the 
charge power gating. 

After ensuring that delay timing is 
approximately equal in active time.  
Figure 3 shows amount of power 
consumption of analyzing the 32-bit CLA 

power according to various sleep time at 
temperature of 270C. At sleep time of 
0.01µs,the conventional PG consumes 
852µWwhile the charge recycling PG only 
consumes 555µW for average power. Here, 
active time is much shorter than sleep time. 
In detail, the active time is analyzed at 
pulse width of 0.005µs. The recycled 
charge is shared to VVSS2. This charge 
recycling PG realizes a 34.86% lower 
consumption than the conventional PG. 
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Figure 3. Power consumption of 32-bit CLA 

according to various sleep timeat Temperature 
of 27 0C 
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Figure 4. Power consumption of 32-bit CLA 

according to sleep timeat Temperature of 100 0C 

Similarly, figure 4 shows the advantage of 
the charge recycling PG power 
consumption of 32-bit CLA PGcompared to 
the conventional PG according to various 
sleep times at temperature of 1000C. In case 
of sleep time at0.01µs, the conventional PG 
consumes 771.6µA while the charge 
recycling PG consumes 523.8µA 
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foraverage power. It realizes a 32.12% 
lower consumption than the conventional 
PG at 100oC.  

Table 1. Comparisonresults of various 
temperatures at both the conventional PG and 

charge recycling PG. 

Temperature 
Sleep time (µs) 

0.01 0.1 1 10 

270C 34.86% 32.35% 25.77% 16.19% 

1000C 32.12% 29.76% 21.89% 18.67% 

A comparison ofpower consumptionis 
analyzed in different sleep times and 
temperatures as shown in table 1. The 
percentage of saving power is varied based 
on how long sleep time and how large 
temperature we apply to. At temperature 
of270C and the sleep time of 0.01µs, the 
average power consumptionof charge 
recycling PG is 34.86% lower than the 
conventional PG. Increasing the 
temperature and sleep time, the percentage 
of our advantage is up to 16.19%. This is 

because the subthresh-hold leakage power 
dissipation is added to total power 
consumption. The charge recycling PG is 
recycled just at the moment from active to 
sleep mode. When sleep time is short, 
temperature is low, the advantage 
percentage is large as much as 34.86% at 
270C and 0.01µs sleep time. Similarly, 
when sleep time is long, the percentage is 
less as small as 16.19% at 1000C and 10µs 
sleep time. 

4. CONCLUSION 
In this paper, we have applied a novel 
charge recycling power gating scheme tothe 
32-bit CLA block to keep the logical state 
during sleep periods. We have compared 
the two power gating schemes in terns 
of powerconsumption of 32-bit CLA in a 
fair comparison. A lower power 
consumption can be achieved up to 34.86% 
at short sleep time and 16.19% at long sleep 
time.The simulation results is implemented 
at 45nm PTM, 1.1VDD supply voltage. 
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ABSTRACT 
The three-phase inverter plays an important role in the solar energy systems. In this paper, we describe the 
process to design the experimental model of cascaded three-phase inverters using in solar cell systems. Solar cell 
receives energy from the sun and converts it to DC voltage, this voltage is to be put into three-phase inverter to 
create 380V AC output voltage. This process is simulated by PSim software. After that, we verified the 
experimental model by using Matlab and DSP Card to load program down to real model. The results were 
obtained three phases AC voltage from initial DC voltage source after inverted. This result can be used for 
demand of industry and home users. 

Keywords: Three - phase inverter, cascaded inverter, five-level inverter, multi-level inverter. 
 

1. INTRODUCTION 
In the recent decades, many science and 
technology fields develop very rapidly in 
which power industry is very important to 
promote other sectors. However, the energy 
resources are exploited mainly from 
hydropower, thermal power, nuclear power, 
…etc… In the process of exploiting these 
energy resources make the effect to 
environment. Therefore, the exploitation of 
new energy resources are solar energy and 
wind energy that are used popularly to serve 
demand of production and activity. The solar 
energy is one of the unlimited resources, but 
this energy is distributed scattered. Thus we 
have to collect them, solar cell is one of the 
devices for the synthesis of this energy 
resource. There have been articles [1], [2], 
[3] develop control methods and simulation 
on Matlab software of the cascaded three-
phase five-level inverter.  
However, in this paper emphasizes two 
main issues to consider are: 

Apply method is Pulse Width Modulation 
(PWM) by PSim simulation. 

Develop empirical models to compare 
actual results with the results obtained from 
simulations. 

With the idea of using 50Hz sine three-wave 
compared with triangular carrier frequency 

of 5kHz is proposed as a new point of PWM 
control method that modified the previous 
few articles mention. From the results of the 
experimental process allows us to apply a 
flexible algorithm to the three-phase 
cascaded five-level inverter to produce the 
best quality voltage can be used in the field 
of industry and civil.  

2. CONTENTS 
2.1 Theoretical basis 
Structure of the cascaded inverter form: 

+
-

+
-

+
-

A B C

+
-

+
-

+
-

Vd/2

Vd/2

Vd/2

Vd/2

Vd/2

Vd/2

 
Figure 1. Structure of the cascaded three-

phase five-level inverter 

Use separate DC sources, suitable for use 
cases available DC source, e.t solar cells. 
Cascade consists of multiple inverters for 
single-phase H paired with each other. By 
pulse the close of each component in one 
phase inverters initial voltage five level  (-
Vd; -Vd/2; 0; Vd/2; Vd). 

In a switching frequency components can 
be reduced n time, and dv/dt too. Voltage 
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applied to the components decreased by 
0.57 times, allowing the use of low voltage 
IGBT. There is also a transplant from the 
output format of three-phase inverters, this 
structure allows reducing dv/dt and 
switching frequency part three. Inverter 
circuits achieve the balance of DC voltage 
sources, balance line does not exist between 
modules. However, it should use the output 
transformer. 

2.1.1 Method of PWM 
Sin Pulse Width Modulation: To create the 
schematic shock switching components in a 
mixed load, we compare a triangular carrier 
wave and a sinusoidal control signal.  

Call Am and fm respectively, and peak 
amplitude - frequency of the wave peaks 
and control. 

Call Ac and fc respectively peak amplitude 
- peak and carrier frequency. 

 If greater control air carrier that the 
corresponding components that incitement 
is controlled corresponding reverse if 
smaller air carrier controls that are key 
components excited. 

Call ma index amplitude (amplitude 
modulation ratio):    

          
m

a
c

Am =
A  

 If ma ≤ 1, the smaller amplitude sine wave 
carrier, the relationship between the basic 
components of pressure and pressure 
control is linear. 

Call mf is the ratio of frequency modulation 
(frequency modulation ratio): 

c
f

m

fm =
f

 

The increase in the value of mf will lead to 
an increase in the frequency harmonics 
appear. The disadvantage of the carrier 
frequency is increased the problem by 
switching large losses. 

For 1- phase inverters, voltage amplitude 
fundamental harmonic phase: 

t(1)m aU = m × Vd  (Vd is the total voltage DC 
source) 

For 3-phase inverters, voltage amplitude 
fundamental harmonic phase: 

t(1)m a
VdU = m ×
2

 

 
Figure 2. Pulse width modulation 

2.1.2 Simulation results. 

We use PSim to build software models and 
the algorithms of the cascaded three-phase 
five-level inverter. The results of the output 
waveform inverters as follows: 

 
Figure 3.  Wave form of the inverter output 

when not using the filter circuit. 

 
Figure 4: FFT transform 

 
Figure 5. THD of wave form of the inverter 

output 
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Figure 6.  Wave form of the inverter output 

when using the filter circuit. 

 
Figure 7. FFT transform 

 
Figure 8. THD of wave form of the inverter 

output. 
From  Figure 5 and  Figure 8  we have 
wave form of the inverter output standards 
of harmonics enables (<5%).The simulation 
results response standards of voltage 
distortion in industry. 
2.2 Experimental results. 
2.2.1 Building on Matlab and Hardware 
Model SPWM control algorithm 
improvements are built on Matlab software 
consists of three blocks as shown in Figure 9: 

 
Figure 9.  Structure on Matlab model 

Block 1: Initialize wave control. 

Block 2: Pulse. 

Block 3: Input the leg of DSP Cad. 

A simulated model was builded on 
Matlab/Simulink software for 
calculating parameters and ensuring 
proposed algorithms. A experimental 
model, which using STGW40N120K IGBT 
and TI microprocessor DSP 
TMS320F28335, wasestablished for validat
ion.Control program was program on  
Simulink model then generate C-code and 
import to CCS software, 
microprocessor automatically but not 
required reprogramming. 

2.2.2 Method of control 
Applied the algorithm SPWM to initialize a 
control signal input legs of the IGBT, with 
three modified sine wave is generated and 
compared with 5kHz carrier frequency used 
in modulation. 

 
Figure 10. SPWM modulation technique 

modification. 

 
Figure 11. Pulse controller. 

 
Figure 12. Simulation output inverter. 
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2.2.3 Waveform of the inverter output. 
From empirical model with initial DC 
voltage source is obtained from solar cells 
we obtained three-phase AC source as 
shown below:   

 
Figure 13. Output voltage of phase A, B, C 

The output inverter of real model full five – 
level, we can be used for demand of 
industry and home users. 

  
Figure 14. Real model 

3. CONCLUSION 
This paper refers to a new form of control 
SPWM technical improvements. The 
program is optimized and verified on 
hardware made by Matlab software and 
DSP Card TMS320F28335. Results 
obtained form the output voltage signal of 
the cascaded three-phase five-level inverter 
similar to the simulation results. The model 
can be applied to experimental three-phase 
asynchronous motor or controlled PWM 
algorithm compared with simulation results.  
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ABSTRACT 
Distance measurement is one of the most essential task in most of the mobile robot systems. Recently, there are a 
variety of methods using to execute the task. The paper proposes the method of using image processing to 
determine the distances between autonomous vehicle, where stereo vision is installed, and the observed objects. 
Purposely, a stereo camera Minoruis used. The stereo camera uses two different 2D images, which are the two 
horizontally different views of the same object, to get the depth information.The complete process includes of 
three steps which are image acquisition, camera calibration and camera rectification. The accuracy of 
measurement depends on the image resolution, the distance between the two cameras, and the characteristics of 
the image. The result of paper will also be presented to prove the relationship between the accuracy and the 
resolution of stereo images. 

Keywords: Stereo camera, depth information from stereo images, stereo calibration, stereo rectification, SAD algorithm. 

 

1. INTRODUCTION 
Distance measurement is one of the most 
essential task in most of the mobile robot 
systems. Distances from robot to 
landmarks, obstacles and other kinds of 
objects are crucial to the issue of detecting 
robot’s location and some other navigating 
task [1]. There are a variety of methods for 
determining distance which are the method 
for applying ultrasonic in distance 
measurement, the method for utilizing laser 
range finder and many other kinds of 
modern techniques. Every method has its 
advantages and disadvantages depending on 
specific application in comparison with 
image processing utilization[2]. Using 
image processing in measuring distance 
archives numerous advantages. Object of 
interest can be easily chosen by applying 
image processing algorithms to measure 
distance. The object can be a landmark in 
SLAM algorithm [3] oran obstacle that 
robot have to avoid. 

The paper proposes the method of using 
image processing to determine the distances 
between autonomous vehicle, where stereo 
vision is installed, and the observed objects. 

Purposely, a stereo camera Minoru is used. 
The stereo camera uses two different 2D 
images, which are the two horizontally 
different views of the same object, to get 
the depth information. The complete 
process includes of three steps which are 
image acquisition, camera calibration and 
camera rectification. The accuracy of 
measurement depends on the image 
resolution, the distance between the two 
cameras, and the characteristics of the 
image. The result of paper will also be 
presented to prove the relationship between 
the accuracy and the resolution of stereo 
images. 

The key algorithm of this measuring 
method is the SAD (Sum of Absolute 
Difference) whose factor is to find the two 
corresponding points locating in stereo 
images. This process is called the template 
matching technique. According to the paper 
[4], there are many different methods for 
this techniques.The comparison between 
various template matching methods with 
clutter background is presented in [5], as 
shown in the following table. 
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Table 1. Comparison between various template 
Matching methods [5]. 

Template Matching Method Accuracy 
(%) 

Optimized Sum of Absolute 
Difference (OSAD) 

100 

Sum of Absolute Difference (SAD) 98 

Optimized Sum of Squared Difference 
(OSSD) 

98 

Sum of Square Difference (SSD) 95 

Normalized Cross Correlation (NCC) 80 

Zero Mean Normalized Cross 
Correlation (ZNCC) 

80 

Sum of Hamming Distance (SHD) 43 

From the table 1, the accuracy of the SAD 
method is 98% which is the second highest 
accuracy method in comparison with 
others. The computational complexity of 
SAD is less than the OSAD method so that 
it can be run on some low hardware 
configuration embedded systems. These are 
reasons why the paper chooses the SAD 
algorithm to determine the two 
corresponding points in stereo images. 

2. MATERIALS AND METHODS 
2.1. Stereo Camera 
Stereo camera is comprised of two 
horizontally different single cameras which 
ideally have the same characteristics. That 
configuration is similar to the structure of 
human’s eyes. The stereo camera model is 
shown in figure 3. 

Based line

Right 
camera

Left 
camera

b  

Figure 3. Stereo camera configuration 

Figure 3 is the configuration of a stereo 
camera. Stereo camera comprised of left 
camera and right camera which ideally have 
the same physical characteristics. Two 
cameras have to be stable at two 

horizontally separate positions. The line 
passing through two camera’s image 
centers is defined as based line. The 
distance between the two camerasis denoted 
by𝑏𝑏.The stereo camera features can be 
briefly analyzed by using triangulation 
which is shown in figure 4. 

P

Or Ol

xrxl

f

Z

 
𝑑𝑑 = 𝑥𝑥𝑙𝑙 − 𝑥𝑥𝑟𝑟 

Figure 4. The stereo camera triangulation 

More specifically, the stereo camera 
configuration shown in figure 4 consists of 
two cameras which coplanar with each 
other. An object point P is projected on the 
left camera’s image plane. This projected 
point has the coordinate of (𝑥𝑥𝑙𝑙 ,𝑦𝑦𝑙𝑙) and 
(𝑥𝑥𝑟𝑟 ,𝑦𝑦𝑟𝑟) respectively for the right projected 
point on the right camera’s image plane. 
Because two image planes are coplanar, the 
left and right projected points have the 
same 𝑦𝑦-coordination[6]. This means that 
𝑦𝑦𝑙𝑙 = 𝑦𝑦𝑟𝑟. But, the 𝑥𝑥-coordination is 
separating. The difference between the 
𝑥𝑥𝑙𝑙and 𝑥𝑥𝑟𝑟, 𝑑𝑑 = 𝑥𝑥𝑙𝑙 − 𝑥𝑥𝑟𝑟, called disparity, is 
inversely proportional to the distance from 
the cameras’ lens to the object point.The 
rule is represented by the formula (1). 

𝑇𝑇 − (𝑥𝑥𝑙𝑙 − 𝑥𝑥𝑟𝑟)
𝑍𝑍 − 𝑓𝑓

=
𝑇𝑇
𝑍𝑍
⇒ 𝑍𝑍 =

𝑓𝑓𝑇𝑇
𝑥𝑥𝑙𝑙 − 𝑥𝑥𝑟𝑟

 (1) 

In the formula (1), 𝑇𝑇representsthe distance 
between the two image centers; 𝑓𝑓 
represents the focal length of the left and 
right cameras; 𝑍𝑍 represents the distance 
from the object’s point to the camera’s lens. 
Know the 𝑥𝑥𝑙𝑙, 𝑥𝑥𝑟𝑟 ,𝑓𝑓, and 𝑇𝑇 the depth 
information 𝑍𝑍 can be computed. 
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2.2. Depth Information from Stereo Images 
The figure 4 is just the ideal configuration 
of the stereo camera model. Practically, the 
two image planes are not perfectively 
coplanar together. The two cameras are not 
located in the same flat surface. Each 
camera has the distortion coefficients which 
make the projection false. The result is that 
the formula (1) becomes inaccurate. To 
reconstruct the depth information correctly, 
the two cameras have to be calibrated. As 
shown in the Figure 5, the inputs of 
calibration is the left and right uncalibrated 
cameras. The outputs of this process are left 
camera parameters, right camera 
parameters, and stereo camera parameters. 

Left uncalibrated 
camera

Right uncalibrated 
camera

Calibrate

Left camera’s 
parameters

Right camera’s 
parameters

Stereo camera’s 
parameters

 
Figure 5. The inputs and outputs of 

calibration process 

By using the above parameters, the cameras 
are easily calibrated. The stereo camera 
configuration become computationally 
ideal. The process of transforming stereo 
camera into ideal configuration is called 
rectification. 

The rectification is followed by steps 
shown in figure 6. 

Left unrectified 
image

Right unrectified 
image

Stereo 
rectify

Right 
rectification

Left 
rectification

Left unrectified 
image

Right unrectified 
image

Left 
parameters

Right 
parameters

Stereo 
parameters

 
Figure 6. Rectification the stereo cameras 

In the first step, two images, which is 
shown in figure 7, are retrieved from two 
cameras. 

In figure 7, two distorted images are shown. 
The points pointed by two red arrows are 
not on the same line because the image 
planes are not coplanar. In the rectification 
step, two images are rectified. This makes 
each point in the left image locate on the 
same line on the right image. This means 
that these points have the same 𝑦𝑦-
coordination. The result of rectification step 
is shown in figure 8. 

After rectifying the images, as shown in 
this figure, all pixel positions on the left 
images have the same 𝑦𝑦-coordination with 
the right image’s points. So, finding 
matching points is easily and fast executed 
by only considering the pixels which are on 
the same horizontal line. The next stage is 
to find the matching points on the stereo 
images, calculate the disparity and 
reconstruct the depth information from 
disparity. 

Left unrectified 
image

Right unrectified 
image

Matching

Find disparity

Reconstruct the 
depth information

Depth 
information

 

Figure. 9 Finding the matching points and 
reconstructing the depth information from 

stereo images. 
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Figure 8. Two output rectified images 

 
Figure 7. Two input stereo images 

 

To find the corresponding points in two 
stereo images, SAD (Sum of Absolute 
Difference) window is applied. SAD is the 
algorithm of finding the similarity of the 
two considered pixels. The matching points 
is determined by finding the minimum 
difference between two windows. One is 
the window containing the neighboring 
pixels of the window’s anchor point in the 
left image. The other one is the window 
sliding horizontally according to the line 
passing through the left window’s anchor 
point. It contains the neighboring pixels of 
the window’s anchor point in the right 
image [7]. 

When the matching points are located, 
depth information can be calculated by 
comparing the coordination of the two 
points. The figure 10 shows the matching 
points in the stereo chessboard images and 
their corresponding disparities in the 
number of pixels. 

As shown in figure 10, the number of 
different pixels is increasing while the 
distance from object’s points to cameras is 
decreasing. After defining the disparity, 
depth information can be retrieve by 
applying the formula (2) 

𝑄𝑄 �

𝑥𝑥
𝑦𝑦
𝑑𝑑
1

� = �

𝑋𝑋
𝑌𝑌
𝑍𝑍
𝑊𝑊

� (2) 

In the equation (2), 𝑄𝑄 is the reprojection 
matrix whose function is to transform each 
image point to object’s points[8]. 

The depth information is calculated by (3). 

𝐷𝐷𝐷𝐷𝐷𝐷𝐷𝐷ℎ =
𝑍𝑍
𝑊𝑊

 (3) 

The depth information retrieved from 
matching points in Figure 10 is shown in 
Figure 11. 
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Disparity = 52 pixels

Disparity = 54 pixels

Disparity = 59 pixels
Disparity = 51 pixels

Disparity = 57 pixels

 
Figure 10. The disparities of stereo matching points on the left and right images 

Depth = 994.97 mm

Depth = 958.12 mm

Depth = 876.93 mm
Depth = 1014.48 mm

Depth = 994.97 mm

 
Figure 11. Depth information from disparity of stereo matching points 

 

3. RESULT AND DISCUSION 
In the paper, an object located in many 
different known distances is measured by 
stereo vision method. The error of each 

distance is calculated to evaluate method’s 
accuracy. The range of measurement is 
from 500mm to 10000m. 

 

  

Figure 12a. The disparity map measured at the 
image resolution of 240x320 

Figure 12b. Measured distances in the 
resolution of 240x320Figure 
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Figure 13a. The disparity map measured at the 
image’s resolution of 480x600 

Figure 13b. Measured distances in the 
resolution of 480x640 

 

From the formulation (1), relationship 
between the image resolution and the depth 
range resolution can be represented by the 
formula (4). 

∆𝑍𝑍 =
𝑍𝑍2

𝑓𝑓𝑇𝑇
∆𝑑𝑑 (4) 

According to (4), the depth resolution is 
strongly depended on ∆𝑑𝑑, which is the 
minimum value of disparity (d). The 
minimum disparity is approximately 
equaled to the size of pixel. This means that 
the higher is the image resolution, the more 
accurate is the depth information. There are 
two methods for increasing the 
measurement accuracy. The first method is 
to extend the distance (𝑇𝑇) between stereo 
cameras. The second one is to increase the 
resolution of sensor matrices located on the 
image planes. This makes the minimum 
value of disparity (∆𝑑𝑑) become smaller. 
Because of the fixed configuration of stereo 
camera, the first method is unfeasible. 
Practically, the second one is usually 
utilized. 

The results measured at two different 
resolutions are represented on Figure 12a-b 
and Figure 13b-b. Figure 12a and Figure 
13a are the disparity maps according to the 
variety of real distances. The minimum 
value of disparity in the resolution of 
240x320 is approximately 1 pixel. In the 
resolution of 480x600, this value is about 6 

pixels. The maximum value of disparity in 
the resolution of 480x600, which is 80 
pixels, is bigger than one in the resolution 
of 240x320, which is only 52 pixels. The 
larger is the range of disparity, the more 
accurate is the result of measurement. 
Figure 12b and Figure 13b represent the 
measured distances using two different 
resolution. The red line in both plot stand 
for real distances and the green one 
represents for measured distances. The total 
differences between the real distances and 
the measured one in Figure 12b is 
51,068mm while this number in the Figure 
13b is approximately five times smaller, 
about 11,835mm. The percentage of error in 
the first case is 15.47% while this 
percentage in the second one is only 5.32%. 
This give us the conclusion that the 
accuracy of measurement is strongly 
dependent on the resolution of images 
acquired by stereo camera. The higher 
resolution is used, the more accuracy is 
measured. 

4. CONCLUSION 
Measuring distance is one of the classic 
issues in robotic world. The method of 
applying stereo vision in getting depth 
information from 2D image is recently 
much considered. This reduces the 
complexity of robot’s system which uses 
only two cameras to detect all kinds of 
space information. The paper recommend 
the applying of this measuring method on 

495 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

SLAM algorithm where the information of 
the distance from mobile vehicle to 
landmarks is critical. 
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ABSTRACT 
It is said that switching power supplies can give higher efficiency than linear power ones. The aim of this paper 
is to control a switching power converter called the DC to DC Buck Converter using two approaches which are 
hysteresis band sliding mode and PID control. The performance of the two controllers is also compared in this 
paper by means of simulation using Matlab/Simulink and experiment using TMS320F28335DSP kit. 

Keyword: DC-DC converter, sliding mode (SM) control, hysteresis band. 

 

1. INTRODUCTION 
At the age of cutting edge technology, 
making converters with high quality, 
stability and right size suitable for all types 
of electrical devices is extremely important. 
Process of converting DC to other kinds of 
DC is called DC-DC converting process [1, 
2, 5]. DC-DC converters are usually used as 
intermediary of AC-AC power converters, 
especially, generating systems of recycle 
energy [9] such as solar energy, wind 
energy. Structure of converters is not 
complicated except controlling matter. The 
goal of many researches focuses on high 
performance and high stable level by 
improving controller of converters. In 
addition, converters are subject of 
complicated-controller due to non-linear 
model. 

DC–DC converter is one of crucial power 
converters in DC converting technique [1, 
5]. DC converting technique consists of 
various versions: DC linear regulator, 
switching regulator... However, the main 
drawbacks related to Output Voltage and 
Current to these versions are instability, low 
performance; power DC–DC converter, for 
instance, Busk, Boost and busk-boost is 
used as a right selection... 

Sliding control is well-known with feedback 
technique as referred in many papers and 
works [8]. The nature of this issue is to 
adjust systems by controlling the switching 
process of all power electronic devices in 
general and DC–DC converter in particular. 
Sliding control was initially studied long 
years ago by Utkin –a Russian author, and 
written in Emelyanov – and other authors 
[8]. Feedback Control with interruption is 
applied to all mechatronic systems and gets a 
good result. In this paper, sliding control for 
non-linear switching systems. 

The aim of Buck DC-DC converter in this 
paper uses hysteresis band sliding mode to 
determine switching frequency 

2. CONTENTS 
2.1 Mathematical Model of Buck 

Converter 
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Figure 1. Schematic diagram of a buck converter 
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Figure.1 shows the schematic diagram of a 
buck converter. A Buck converter is a step 
down DC-DC converter consisting mainly 
of inductor and  two switches (usually a 
transistor switch and a diode) for 
controlling inductor. It fluctuates between 
connection of inductor to source voltage to 
accumulate energy in inductor and then 
discharging the inductor’s energy to the 
load.  

To get the proper dynamic equation for 
buck converter, first define 

the two phase of switches and model  each. 
The states are defined as inductor current 
and capacitor voltage respectively. 

From previous studies, the discrete-time 
method is same with averaging method for 
buck converter. Thus, in this paper, for 
obtaining the mathemtical model of buck 
converter, the state space averaging method 
is used. 

The space averaging method is firstly 
preesented by Cuk and Middlebrook[6] in 
1976, 1977. This modeling is based on 
taking averaging of the two different 
mathematical models and produced only 
one model that has the same properrties of 
each model.  These two models are based 
on two different switch positions in the 
converter. In figure 2 swiching positions in 
the converter are given ‘ON’ and ‘OFF’ and 
position times as Td( or dT) and Td’ ( or 
d’T), where T is the period, d is the duty 
and d’ is equal to 1-d. 

 

 
Figure 2. Switch  positions 
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Figure 3. State-on of Buck DC-DC converter 

Set  � 𝑥𝑥1 = 𝑖𝑖𝐿𝐿
𝑥𝑥2 = 𝑣𝑣𝐶𝐶

 

State equation for this phase is given below 
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𝐿𝐿(𝑅𝑅 + 𝑅𝑅𝐶𝐶)� − �
1
𝐿𝐿
−

𝑅𝑅𝐶𝐶
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𝑅𝑅
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Figure 4. State-off of Buck DC-DC converter 
State equation for this phase is given below 
�̇�𝑥 =
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Equation (1) and (2) results in   

𝐴𝐴1 = 𝐴𝐴2 = ��
− �

𝑅𝑅𝐿𝐿
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0
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State space averaging techniques are 
employed to get a set of equations that 
describe the system over one switching 
period. After applying averaging technique 
to equations (1)and (2), we get the 
following expression: 

𝑥𝑥�̇ = 𝐴𝐴𝑥𝑥�+𝑏𝑏1𝑉𝑉𝑔𝑔�̂�𝑑         (3) 
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Where𝐴𝐴 = 𝐷𝐷𝐴𝐴1 + 𝐷𝐷′𝐴𝐴2 = 𝐴𝐴1(𝐷𝐷 + 𝐷𝐷′) = 𝐴𝐴1 = 𝐴𝐴2 
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(4) 
From (4) have transfer function 
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𝑅𝑅𝐿𝐿+𝑅𝑅

+ 𝐶𝐶 �𝑅𝑅𝐶𝐶+
𝑅𝑅𝑅𝑅𝐿𝐿
𝑅𝑅𝐿𝐿+𝑅𝑅

�� + 1
⎦
⎥
⎥
⎥
⎤
  

(5) 
2.2 PID controller design for Buck DC-

DC converter 
In the control of dynamic systems, no 
controller has enjoyed both the success and 
the failure of the PID control. Of all control 
design techniques, the PID controller is the 
most widely used. Over 85% of all dynamic 
controllers are of the PID variety. There is 
actually a great variety of types and design 
methods for the PID controller [12]. The 
principal problem in the selection of he 
three coefficents of the PID controller is 
that these coefficients do not readify 
translate into the desired performance and 
robustness characteristics that the control 
system designer has in mind. Several  rules  
and  methods  have  been  proposed  to 
solve this problem included: 
- Ziegler_Nichols method 
- Chien-Hrones-Reswic method 
- General T method of Kuhn  
In this paper, the robust control method 
using optimal adjustment of the PID based 
on standard optimal ITAE (Integral of time 
mutiplied by the Absolute Value of the 
Error) to optimize Transient response 

𝐽𝐽𝐼𝐼𝑇𝑇𝐼𝐼𝐼𝐼 = ∫ 𝑡𝑡+∞
0 |𝑒𝑒(𝑡𝑡)|𝑑𝑑𝑡𝑡 (6) 

In  this  case,  optimal  coefficients 
determined  for  the following general close 
loop transfer function [3,7]: 

𝑇𝑇(𝑆𝑆) =
𝐾𝐾0

𝑆𝑆𝑖𝑖 + 𝐾𝐾𝑖𝑖−1𝑆𝑆𝑖𝑖−1 + ⋯+ 𝐾𝐾1𝑆𝑆 + 𝐾𝐾0
 

were used. This transfer function has a 
steady-state equal to zero for a  step 
Funtion. The optimum coefficients for the 
ITAE criterion up to the fourth order are 
given in  Table 1. 

Table1. The Optimum Coefficients  of T(S) 
Based on The ITAE Criterion [6] 

Step Denominator 

1 𝑠𝑠 + 𝜔𝜔𝑖𝑖 

2 𝑠𝑠2 + 1.414𝜔𝜔𝑖𝑖𝑠𝑠 + 𝜔𝜔𝑖𝑖2 

3 𝑠𝑠3 + 1.75𝜔𝜔𝑖𝑖𝑠𝑠2 + 2.15𝜔𝜔𝑖𝑖2𝑠𝑠 + 𝜔𝜔𝑖𝑖3 

4 𝑠𝑠4 + 2.1𝜔𝜔𝑖𝑖𝑠𝑠3 + 3.4𝜔𝜔𝑖𝑖2𝑠𝑠2 + 2.7𝜔𝜔𝑖𝑖3𝑠𝑠 + 𝜔𝜔𝑖𝑖4 

The design procedure can be summarized as 
follows: First, the  natural frequency of the 
closed loop system must be specified to 
meet the performance requirements. This 
means, select w, to obtain a desired settling 
time. Second, the PID parameters are 
obtained using the appropriate optimum 
ITAE performance index  equation. The 
steps determined parameters PID. 

Step 1: Determined functions transfer 
systems, Assumed that functions transfer of 
your system as follows 

𝐺𝐺𝐶𝐶(𝑆𝑆) = 𝐾𝐾
𝑆𝑆2+𝛼𝛼𝑆𝑆+𝛽𝛽

  (7) 

Step 2: Established PID controller[3] 

𝐺𝐺𝑃𝑃𝐼𝐼𝑃𝑃(𝑆𝑆) = 𝐾𝐾𝑑𝑑𝑆𝑆2+𝐾𝐾𝑝𝑝𝑆𝑆+𝐾𝐾𝑖𝑖
𝑆𝑆

  (8) 

Step 3: Determined the closed loop transfer 
function 

𝑇𝑇(𝑆𝑆) = 𝐺𝐺𝐶𝐶(𝑆𝑆)𝐺𝐺𝑃𝑃𝑃𝑃𝑃𝑃(𝑆𝑆)
1+𝐺𝐺𝐶𝐶(𝑆𝑆)𝐺𝐺𝑃𝑃𝑃𝑃𝑃𝑃(𝑆𝑆)

  

𝑇𝑇(𝑆𝑆) =
�𝐾𝐾𝑑𝑑𝑆𝑆2 + 𝐾𝐾𝑝𝑝𝑆𝑆 + 𝐾𝐾𝑖𝑖�𝐾𝐾

𝑆𝑆3 + (∝ +𝐾𝐾𝐾𝐾𝑑𝑑)𝑆𝑆2 + �𝛽𝛽 + 𝐾𝐾𝐾𝐾𝑝𝑝�𝑆𝑆 + 𝐾𝐾𝐾𝐾𝑖𝑖
  

So, the optimum coefficients of the  
characteristic  equation for ITAE are obtain 
from Table 1 for n = 3 

Then, matching Coefficients for selected 
𝜔𝜔𝑖𝑖, the PID parameters are obtained 
Step 4: Determine the pre-transfer function, 
because the optimum coefficients are 
obtained for T(S) without zeros a prefilter 
Gp(S) must be included such that: 

499 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

𝑇𝑇(𝑆𝑆) =
𝐺𝐺𝑝𝑝(𝑆𝑆)𝐺𝐺𝐶𝐶(𝑆𝑆)𝐺𝐺𝑃𝑃𝐼𝐼𝑃𝑃(𝑆𝑆)
1 + 𝐺𝐺𝐶𝐶(𝑆𝑆)𝐺𝐺𝑃𝑃𝐼𝐼𝑃𝑃(𝑆𝑆)

 

That is 
𝑇𝑇(𝑆𝑆) =

𝐾𝐾𝑖𝑖𝐾𝐾
𝑆𝑆3 + (∝ +𝐾𝐾𝐾𝐾𝑑𝑑)𝑆𝑆2 + �𝛽𝛽 + 𝐾𝐾𝐾𝐾𝑝𝑝�𝑆𝑆 + 𝐾𝐾𝐾𝐾𝑖𝑖

 

 (10) 
therefore 

𝐺𝐺𝑃𝑃(𝑆𝑆) = 𝐾𝐾𝑖𝑖
�𝐾𝐾𝑑𝑑𝑆𝑆2+𝐾𝐾𝑝𝑝𝑆𝑆+𝐾𝐾𝑖𝑖�

 (11) 

So that the closed loop system has not zeros 
as required [6] 

Step 5: The overall control scheme can be 
represented by the following block diagram 

GPID(s)GP(s) GC(s)
+

-

R(s) C(s)

 
Figure 5. Control Schee Block Diagram 

 
Figure 6. Simulation citcuit PID for buck 

converter 

2.3 Designed SMC (sliding mode 
controller) for Buck DC-DC 

Vref

Vin

L

CD
RL

Sw

Vout

IL

Ic

-β /C

+

V0

x2

_x1

Sliding 
mode 

contrller

1

α

β 

 
Figure 7. Basic structure of SMVC Buck 

converter 

2.3.1 Mathematical Model of Buck 
Converter 

For the DC/DC Buck converter shown in 
Figure 7, it is more convenient to use a 
system description, which involves the 
output error and its derivative, i.e. 

𝒙𝒙 = �
𝑥𝑥1
𝑥𝑥2� = �

𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟 − 𝛽𝛽𝑉𝑉0
𝑑𝑑
𝑑𝑑𝑡𝑡

(𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟 − 𝛽𝛽𝑉𝑉0)
�               (12) 

Thus 

�
�̇�𝑥1 = 𝑥𝑥2

�̇�𝑥2 = −
𝛽𝛽
𝐶𝐶
𝑑𝑑𝑖𝑖𝑐𝑐
𝑑𝑑𝑡𝑡

                                           (13) 

Now considering the DC/DC Buck 
converter when the switch is on 

𝑖𝑖𝑐𝑐 = 𝑖𝑖𝐿𝐿 − 𝑖𝑖0                                                 (14) 
Substituting equation (13) into (14) results in   

�̇�𝑥2 = −𝛽𝛽
𝐶𝐶
� 𝑑𝑑
𝑑𝑑𝑑𝑑
𝑖𝑖𝐿𝐿 −

𝑑𝑑
𝑑𝑑𝑑𝑑
𝑖𝑖0�                           (15) 

For the DC/DC Buck converter when the 
switch is on  
𝑑𝑑
𝑑𝑑𝑡𝑡
𝑖𝑖𝐿𝐿 =

𝑉𝑉𝑖𝑖𝑖𝑖 − 𝑉𝑉0
𝐿𝐿

                                        (16) 

Substituting equation (16) and 𝑖𝑖0 = 𝑉𝑉0
𝑅𝑅

  into 
(15) results in   

�̇�𝑥2 = −
𝛽𝛽𝑉𝑉𝑖𝑖𝑖𝑖
𝐶𝐶𝐿𝐿

+
𝛽𝛽𝑉𝑉0
𝐶𝐶𝐿𝐿

+
𝛽𝛽
𝑅𝑅𝐶𝐶

𝑑𝑑𝑉𝑉0
𝑑𝑑𝑡𝑡

                (17) 

From equation (12) 

𝛽𝛽𝑉𝑉0 = 𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟 − 𝑥𝑥1                                         (18) 

Substituting equation (17) into (18) results in   

�̇�𝑥2 = −
𝑥𝑥1
𝐿𝐿𝐶𝐶

−
𝑥𝑥2
𝑅𝑅𝐶𝐶

−
𝛽𝛽𝑉𝑉𝑖𝑖𝑖𝑖
𝐿𝐿𝐶𝐶

+
𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟
𝐿𝐿𝐶𝐶

 

state space equation system is: 

�
�̇�𝑥1 = 𝑥𝑥2

�̇�𝑥2 = −
𝑥𝑥1
𝐿𝐿𝐶𝐶

−
𝑥𝑥2
𝑅𝑅𝐶𝐶

−
𝛽𝛽𝑉𝑉𝑖𝑖𝑖𝑖
𝐿𝐿𝐶𝐶

+
𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟
𝐿𝐿𝐶𝐶

           (19) 

Thus     �̇�𝒙 = 𝑨𝑨𝒙𝒙 + 𝑩𝑩𝑢𝑢 + 𝑫𝑫       

Where: 𝑨𝑨 = �
0 1
− 1

𝐿𝐿𝐶𝐶
− 1

𝑅𝑅𝐶𝐶
�; 𝑩𝑩 = �

0
−𝛽𝛽𝑉𝑉𝑖𝑖𝑖𝑖

𝐿𝐿𝐶𝐶
�; 

𝑫𝑫 = �
0
𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟
𝐿𝐿𝐶𝐶

� 
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Figure 8. Phase trajectories of the 

substructure corresponding to u=1 and u=0 
for different (x1 and x2) starting positions[20] 

The graphical representation of individual 
substructures of the system  with  u=1  and  
u=0  for  different  starting  (x1,  x2) 
conditions  are  shown  in  Fig.8. It  can  be  
seen  that  when  u=1, the  phase  trajectory  
for  any  arbitrary  starting  position  on  the 
phase  plane  will  converge  to  the  
equilibrium  point  (x1=Vref-βVi, x2=0) 
after some finite time period. Similarly, 
when u=0, all  the  trajectories  converge  to  
equilibrium  point(x1=Vref, x2=0). 

2.3.2 Design of an Ideal SM Voltage 
Controller 

In SM control, the controller employs a 
switching function to decide its input states 
to the system [11]. For SM voltage 
controller, the switching state can be 
determined from the control parameters and 
using the switching function 

𝑠𝑠 = 𝛼𝛼𝑥𝑥1 + 𝑥𝑥2 = 𝐽𝐽𝑇𝑇𝒙𝒙 = 0                         (20) 

Where 𝐽𝐽𝑇𝑇 = [𝛼𝛼, 1]is the vector of the 
sliding surface coefficient, 𝑥𝑥 = [𝑥𝑥1, 𝑥𝑥2]Is 
the state vector. Equation (24) describes a 
line in the phase plane passing through the 
origin, which represents a stable operating 
point for this converter (zero output voltage 
error and its zero derivative). The purpose 
of this sliding line is to serve as a boundary 
to split thephase plane into two regions. 
Each of this region is specified with a 
switching state to direct the phase trajectory 
toward the sliding line. It is only when the 
phase trajectory reaches and tracks the 
sliding line toward the origin that the 
system is con-sidered to be stable, i.e., 

𝑥𝑥1 = 0, 𝑥𝑥2 = �̇�𝑥1 = 0.  

Thus 𝑢𝑢 = �1 = 𝑂𝑂𝑂𝑂     𝑘𝑘ℎ𝑖𝑖 𝑠𝑠 > 0
0 = 𝑂𝑂𝑂𝑂𝑂𝑂   𝑘𝑘ℎ𝑖𝑖  𝑠𝑠 < 0    (21) 

S=0

u=1 (on)
S>0

u=0 (off)
S<0

x1

x2

0

 
Figure 9. Graphical representation of the 

sliding plane in (x1,x2). 

2.3.3 Existence Condition in Circuit 
Terms 

As in all other SM control schemes, the 
determination of the ranges of employable 
sliding coefficients for the SMVC converter 
must go through the process of analyzing 
the existence condition “Satisfaction of the 
existence condition ensures that the state 
trajectory at locations near the sliding 
surface will always be directed toward the 
sliding surface “  of the controller/converter 
system using the Lyapunov’s direct method 
[18] to determine asymptotic stability, must 
be obeyed:  

𝐿𝐿𝑖𝑖𝐿𝐿𝑆𝑆. �̇�𝑆 < 0 
which can be written as 

�̇�𝑠𝑠𝑠>0 = 𝑱𝑱𝑻𝑻�̇�𝒙
                                             = 𝑱𝑱𝑻𝑻(𝑨𝑨𝒙𝒙+ 𝑩𝑩𝑩𝑩 + 𝑫𝑫) < 0

�̇�𝑠𝑠𝑠<0 = 𝑱𝑱𝑻𝑻�̇�𝒙
                                 = 𝑱𝑱𝑻𝑻(𝑨𝑨𝒙𝒙+ 𝑫𝑫) > 0

 

thus 

Case 1: when 𝑠𝑠 → 0+, �̇�𝑠 < 0 

𝜆𝜆1 = �𝛼𝛼 −
1
𝑅𝑅𝐶𝐶

� 𝑥𝑥2 −
1
𝐿𝐿𝐶𝐶

𝑥𝑥1 +
𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟 − 𝛽𝛽𝑉𝑉𝑖𝑖𝑖𝑖

𝐿𝐿𝐶𝐶
< 0  (22) 

Case 2: when 𝑠𝑠 → 0−, �̇�𝑠 > 0 

𝜆𝜆2 = �𝛼𝛼 −
1
𝑅𝑅𝐶𝐶

�𝑥𝑥2 −
1
𝐿𝐿𝐶𝐶

𝑥𝑥1 +
𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟
𝐿𝐿𝐶𝐶

> 0                (23) 

The above conditions are depicted in Fig.10 
for the two respective situations: (a) 𝛼𝛼 > 1

𝑅𝑅𝐶𝐶
 

and (b) 𝛼𝛼 < 1
𝑅𝑅𝐶𝐶

. In both figures, Region 1 
represents 𝜆𝜆1 < 0 and Region 2 represents 
𝜆𝜆2 > 0. SM will only occur on the portion of 
the sliding line. It  can  be  seen  that  when  
u=1, the  phase  trajectory  for  any  arbitrary  
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starting  position  on  the phase  plane  will  
converge  to  the  equilibrium  point  
(𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟 − 𝛽𝛽𝑉𝑉𝑖𝑖𝑖𝑖,0) after some finite time 
period. Similarly, when u=0, all  the  
trajectories  converge  to  equilibrium  point 
(𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟,0). This results in an overshoot in the 
voltage response when 𝛼𝛼 > 1

𝑅𝑅𝐶𝐶
  . Hence, for 

the practical condition that , the system 
trajectory will be bounded within the region. 
Taking this into account, the maximum 
existence region will occur when 𝛼𝛼 = 1

𝑅𝑅𝐶𝐶
 

 

 a) 𝜶𝜶 > 𝟏𝟏
𝑹𝑹𝑹𝑹

 

 

b) 𝜶𝜶 < 𝟏𝟏
𝑹𝑹𝑹𝑹

 

Figure 10. Regions of existence of SM in 
phase phane 

2.3.4 Hysteresis Band (K)  
Sliding  mode  controllers  require  an  
infinitely  (in  the ideal  case)  fast  
switching  mechanism.  The  phenomenon  
of  non ideal but fast switching was labeled 
as chattering (actually the  word  stems  
from  the  noise  generated  by  the  
switching element). The  high  frequency  
components  of    the  chattering  are  
undesirable  because    they    may  excite  
unmodeled  high frequency  plant  
dynamics  which  ould  result  in  
unforeseen instabilities.  

The  discontinuity  in  the  feedback  
control  will produce  a  particular  dynamic  
behavior  in  the  vicinity  of  the surface 
trajectory known as chattering. If the 
chattering is left uncontrolled, the converter 
system will become self-oscillating  at  a  
very  high  switching  frequency  
corresponding  to  the chattering  dynamics.  
This  is  undesirable  as  high  switching 
frequency  will  result  in  excessive  
switching  losses,  inductor and transformer 
core losses, this effect is shown below. 

  
Figure 11. Phase trajectory for (a) ideal SM 

operation,(b) actual SMoperation. 

with chattering [20] 

This can be avoided by keeping u as follows 

𝑢𝑢 = � 1 = 𝑂𝑂𝑂𝑂     𝑘𝑘ℎ𝑖𝑖 𝑆𝑆 > 𝑘𝑘
0 = 𝑂𝑂𝑂𝑂𝑂𝑂   𝑘𝑘ℎ𝑖𝑖  𝑆𝑆 < −𝑘𝑘                  (24) 

where  k  is  an  arbitrarily  small  value.  
The  reason  for introducing  a  hysteresis  
band  with  the  boundary  conditions S=k 
and S= -k is to provide a form of control to 
the switching frequency of the converter.   

Calculation of Switching Frequency: To 
control the switching frequency of the 
converter, the relationship between the 
hysteresis band, and switching frequency, 
must be known. Fig. 14 shows the 
magnified view of the phase trajectory 
when it is operating in SM. and are the 
vectors of state variable velocity for u=0 
and u=1 , respectively. It was previously 
derived in [2] that  

�̇�𝑆(𝑥𝑥) = �
𝑓𝑓− 𝑤𝑤ℎ𝑒𝑒𝑒𝑒 𝑢𝑢 = 0
𝑓𝑓+𝑤𝑤ℎ𝑒𝑒𝑒𝑒 𝑢𝑢 = 1                          (25) 

∆𝑡𝑡1 =
2𝑘𝑘
𝑓𝑓−

 ,∆𝑡𝑡2 =
−2𝑘𝑘
𝑓𝑓+

 

We have 

∆𝑡𝑡1 = 2𝑘𝑘
�̇�𝑆𝑢𝑢=0

= 2𝑘𝑘
𝜆𝜆2

∆𝑡𝑡2 = −2𝑘𝑘
�̇�𝑆𝑢𝑢=1

= −2𝑘𝑘
𝜆𝜆1

                                      (26) 

Further substitution of (22), (23)  into (26) 
results in  

𝑇𝑇 = ∆𝑡𝑡1 + ∆𝑡𝑡2 

𝑇𝑇 =
2𝑘𝑘

�𝛼𝛼 − 1
𝑅𝑅𝐶𝐶
� 𝑥𝑥2 −

1
𝐿𝐿𝐶𝐶
𝑥𝑥1 + 𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟

𝐿𝐿𝐶𝐶

  

       +  
−2𝑘𝑘

�𝛼𝛼 − 1
𝑅𝑅𝐶𝐶
� 𝑥𝑥2 −

1
𝐿𝐿𝐶𝐶
𝑥𝑥1 + 𝑉𝑉𝑟𝑟𝑟𝑟𝑟𝑟−𝛽𝛽𝑉𝑉𝑖𝑖𝑖𝑖

𝐿𝐿𝐶𝐶
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u =1 (ON)  ( λ1<0, s>k>0)

u =0 (OFF) ( λ2>0, s<-k<0)

S=k

S=0 2k

f+

f -

Δt1 Δt2

 
Figure 12. Magnified view of the phase 

trajectory in SM operation 

 

Figure 13. Simlation circuit for the SMVC 
buck converter 

 
Figure 14. Circuit inside the block SMC in the 

main simulation circuit for SMVC 

2.4 Simulation and Experimental 
Results 

2.4.1 Simulation Results 
Simulation Results of PID controller and 
sliding controller using hysteresis band 
sliding mode are based on parameters on 
table 2 for the DC to DC Buck Converter, 
which are implemented  in Matlab/Simulink 
software. 

 

 

Table 2. Parametersfor the Buck Converter  

Parameters Value Unit 

Input Voltage  24 V 

Output Voltage  12 V 

Load resistance 6 Ω 

Inductive 274 µH 

Capacitive 220 µF 

Switching Frequency 100 KHz 

Figure 15 shows output responsesof three 
controller schemes.While Opened-Loop 
Output Voltage will change whenever input 
Voltage becomes different approximately 
78.88% and 12 ms in overshoot and transient 
time, respectively, transient time of VMC 
control and type VMC of PID control is 
about 5 ms and there is no overshoot with 
the former and 4.7% for the the latter. 

As shown in above results, SMC control is an 
ideal response for Buck DC-DC converter. 

With 25% source noise lasting 10 ms, SMC 
control is almost not to be affected by this 
kind of noise within transient time while 
PID control is 16% overshoot and 4 ms 
transient time that shown in figure 16. 

  

a) Opened-Loop b). Closed-Loop  

Figure 15. Output response of Buck converter 

  

a. Negative source  b. Positive source  

Figure 16. Response of affected-source noise 
Buck scheme 
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With 50% load noise, SMC control is 
almost not to be affected by this kind of 
noise within transient time while PID 
control is 3.6% overshoot and 4 ms 
transient time that shown in figure 17. 

  

a) Decreased load b) Increased Load 

Figure 17. Response of affected-load noise 
Buck scheme 

 
Figure 18. Current response iL of Buck scheme 

  

a) 𝑽𝑽𝟎𝟎 b) 𝑰𝑰𝑳𝑳 

Figure 19. Voltage and Current response 
while changing α 

Figure 18 shows current response of Buck 
scheme for Opened-Loop and PID is so 
high. However, there is no overshoot with 
SMC control and switching frequency 
reaches 200KHz. 

 

 

Table 3. Comparison of transient time and  
overshoot of two SMC method when changing α 

Parameters 
 
 
Coefficient α 

Voltage 𝑉𝑉0 Current 𝐼𝐼0 

Steady-
state time 

Over-
shoot 
(%) 

Steady-
state 
time 

Over-
shoot 
(%) 

1/RC 5,3 ms 0  0 

2/RC 2,6 ms 0 2 ms 100 

10/RC 0,5 ms 0 0,7ms 600 

20/RC 0,5 ms 16,6 0,7 ms 800 

Remark: When α = 1
RC

 , there are no 
overshoot for both Output Voltage and 
Output Current. Otherwise,α is double, 
there are no overshoot Output Voltage. 
Steady-state time decreasesto one-haft and 
Output Current overshoot reaches 100% as 
shown table 3. 

2.4.2 Experimental results implemented 
with DSP TMS230F28335KIT 

We have to eliminate all physical 
components, discrete all remaining ones 
from Simulink model to download this 
model to DSP TMS320F28335 as figure20 . 
All captured signal from output sensors 
must be digitalized before feeding into DSP 
TMS320F28335 by ADC converters. DSP 
TMS320F28335 receive, process 
controlling-signals, and then, drive the 
IGBT through a driver board. 

 

 
 

Figure 20. Schematic diagram of SMVC buck 
converter 
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Figure 21. Experimental model from 

Matlab/Simulink 

 

Obtained responses from simulation and 
experiment show that required frequency, 
responses based on simulation and 
experiment are almost identical, but 
experiment result with load in Figure 22 
indicate that experimental values are 
affected by noise in the switching process. 
This affection results in changing output 
from 2.4V to 2.8V comparing to constraint 
value 0.15V. 

 

 

 

Figure 22. Output Voltage and trigger pulse 
IGBT with R=6.6Ω and R=12.2Ω, respectively. 

 
 

2.4.3 Comparison of experiment 
andsimulation results 

 
a) Experimental 

 
b) Simulation 

Figure 23. Output response  

Figure 23 shows experiment and simulation 
results. This also indicate that experimental 
results are affected by noise during 
switching process. Consequently,output is 
changed from 2.4V to 2.8V comparing to 
constraint value 0.05V as designed. In table 
4 shows calculating, simulation and 
experimental response with frequency when 
changing k coefficient. 

 

 

 

 

0.0096 0.0098 0.01 0.0102 0.0104 0.0106 0.0108 0.011 0.0112
-2

0

2

4

6

8

10

12

14

Thoi gian (s)

D
ie

n
 a

p
 (

V
)

 

 

�Dien ap ngõ ra
Xung kích
Dong dien Ic

505 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

Table 4. Calculating, simulation and 
experimental response with frequency when 

changing k coefficient. 

k  Calculating Simulation Experiment 

10 ≈ 1𝑀𝑀𝑀𝑀𝑀𝑀 855KHZ  

100 103KHz 105KHz  

200 51.8KHz 50KHz 48.4KHz 

300 34.5KHz 33.3KHz 34.2KHz 

400 25.8KHz 27 KHz 28.6KHz 

500 20.7KHz 20.8KHz 22.5KHz 

800 13KHz 12.8KHz 13.2KHz 

1000 10.35KHz 9,7KHz 10 KHz 

3. CONCLUSIONS 
This paper mainly refers to sliding control 
rule using sliding function which bases on 
hysteresis band sliding mode. This 

algorithm can eliminate chattering 
phenomenon. It is ideal for Buck DC-DC 
converter.Simulation results using Matlab 
have proved that Output Voltage Response 
and Current iL identically get zero value in 
overshoot and steady-state error and 5 ms 
for steady-state time. If PID controller is 
used, overshoot reaches 4.7% for 
simulation results. Experimental results 
show that sliding control rule is a prime 
controller. Nevertheless, Noise still exists at 
the switching period. 

To get a better result when using sliding 
controller with sliding function, this paper 
is proposed to keep updatingthe changing 
of load parameters and Input Voltage. By 
doing this, the controller is more adaptive 
with load changing and more immune to 
types of noise interfering to systems. 
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ABSTRACT 
The complexity of converter-based LED IC drivers keeps the chip cost relatively high. This limits the population 
of LED for lighting systems although LED-based lighting systems own great advantages; especially, under the 
view of saving energy. In this paper, a minimal circuitry converter-less with flicker reduction for low current 
light-emitting diode (LED) which drives LEDs directly from the AC source is proposed.  The proposed circuit 
comprises with very few components by using a bridge, current regulation elements, and switches. The proposed 
LED driver totally removes electrolytic capacitors and inductor, no EMI filters, or power factor correction 
circuits are needed as conventional converter-based LED drivers thereby causing the integral circuit design to be 
easy to achieve, improves the lifetime of LED module and reduces the chip cost. Power factor (PF) and total 
harmonic distortion (THD) of the designed LED driver IC are improved as comparing with the traditional AC 
LED drivers. A 8-W LED driver module was implemented and tested to verify the characteristics of the 
suggested scheme. Measured results show a 40.25 mA of the input current, power factor is 0.972, total harmonic 
distortion is 24.62 % and an efficiency of 87.1 % at a 220 V AC supply. 

Keywords: LED, converter-less LED driver, AC LED driver, shunt regulator, flicker 
 

1. INTRODUCTION 
LED lighting has been concerned as an 
effective lighting generation for the last few 
years due to its advantages: compact, long 
lifetime, environmental friendliness, as 
compared to other lighting systems (bubs, 
HID) [1]. In the literature, a lot of AC-DC 
drivers have been proposed with high 
efficiency [2-3]. Most of them use a bulky 
transformer and electrolytic capacitors 
which reduce the lifetime of LED module 
and can’t be integrated inside the chip. 
Because of this problem, some researchers 
have been trying to design AC 
directly-controlled LED driver which 
eliminate totally transformer and 
electrolytic capacitors [4-6]. In the design 
presented in [4], the design gains a high PF 
and improves THD; however, it may results 
in a current glitch due to hard switching 
operation that degrade the THD due to 
severe current distortion which then 
degrade PF, shorten the LED lifetime. With 

the designs in [5-6], although the glitch 
phenomenon is eliminated due to the use of 
soft-switching mechanism, it owns another 
shortcoming in the change of reference 
voltage level if the input voltage changes. 
Furthermore, by using these designs, the 
chip cost keeps relative high because of the 
complexity of the circuit. 

Recently, the flicker phenomenon and its 
effects on the human health have been 
drawn much more concerns [8]. Especially, 
solid-state lighting LED is a direct current 
(DC) device, meaning that as long as 
constant current is supplied, the LED will 
illuminate without flicker. With the AC 
LED driver using multiple-string method, 
the flicker can be reduced by widening the 
input current as “step-like” current so that 
the period of LED in off state is reduced 
effectively.   

In this paper, we propose a new AC LED 
driver topology which own some dominant 
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advantages of circuit simplicity, high 
efficiency, low chip cost. Furthermore, by 
using new topology, the current is widened 
to improve flicker effect. 

2. PROPOSED MULTI-STRING AC 
LED DRIVER 

2.1 Circuit topology 
Fig. 1 and Fig. 2 show the bock diagram 
and the schematic of the proposed AC-LED 
driver, respectively. As shown in the Fig. 2, 
the proposed LED driver is composed of 
three simple sub-blocks: a bridge, a LED 

module, and bias circuit (comprised of a 
resistor RB, three zener diodes ZB1-ZB3, and 
a high voltage power MOSFET MB, a 
group of current regulation elements 
(CREs) and a switching system (which is 
not shown for simplicity). The core of 
proposed LED driver are current regulation 
elements which are compounded of two 
resistors, one power MOSFET and a shunt 
regulator as illustrated in Fig. 2.  The CRE 
is configured in a constant current sink 
topology with the sink current is expressed 
as: Isink = VREFi/Ri. 

 

 
Figure 1. Block diagram of proposed AC LED driver 

 
Figure 2. Schematic of proposed AC LED driver 

 
Figure 3. Operation modes of proposed circuit 
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2.2 Circuit operation of the proposed AC 
LED driver 
Assume that the forward voltage drop on 
the LED string is VLED. The operational 
principle of the proposed LED driver is 
described as follows: At a low voltage, VIN 
< VLED1, no current flows through the 
circuit since the forward voltage of LED1 
cannot be overcome by the input voltage. 
When VLED1< VIN < VLED1+VLED2, the 
LED1 turns on and the current regulation 
element CRE1 operates in constant current 
state while the other CREs turn off under 
the control of the switching system. This 
switching system is fed voltages from the 
reference voltage terminals of the shunt 
regulators. Then it decides to control which 
CRE will be turned off. The switching 
signals are generated by detecting the value 
on Rsi. The switching system detects when 
the reference voltage of each shunt 
regulator is close to 2.5V, and it generates a 
control signal to turn off the other power 
MOSFET. By using this method, the power 
drops on power MOSFETs and resistors Rsi 
can be reduced. This leads to a higher 
efficiency of the proposed driver. As VIN 
continues increasing, the remaining LEDs 
turn on in order until all of LEDs are on. 
This sequence repeats in the next periods 
according to the input voltage. 

Fig. 3 shows the current generated from 
CREs and LED current according to the 
input voltage. It can be seen that the current 
flowing through the LED is the sum of the 

current generated from CREs. This 
“step-like” current approximates to 
sinusoidal input voltage when we increase 
the number of LED strings, then result in 
lower THD and higher PF. The current 
flows from the section in which the input 
voltage is low and the input current wave 
shape widened. With this current shape, the 
section which LED does not operate is 
reduced and the flicker is reduced. Since the 
peak current is limited by, the size of the 
input current according to the input voltage 
is limited and the brightness variation of 
LED is reduced.  

3. SIMULATION AND 
EXPERIMENT RESULTS 

To demonstrate the high performance of the 
proposed scheme, only two-string driver 
was conducted. As aforementioned analysis 
in part 2, it can be seen that for the 
proposed topologies, the more the number 
of LED strings are, the lower THD, higher 
PF and more the efficiency can be 
gained. However, for a low cost goal we 
need to balance between the performance 
and the chip cost. Also, with only 
two-string driver, a control circuit is 
realized by using just only a resistor and 
MOS transistor. The testing circuit is 
present in Fig. 4. The eight of LEDs were 
used and divided into two strings, each 
string consists of 2 sub strings with 2 LEDs 
and connected in parallel. The LEDs has 20 
mA (rms) operating current, and 50Vrms 
forward voltage. 
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Figure 4. Two-string AC LED driver 

 
Figure 5. Operation modes of 2-string AC LED driver 

 

 
Figure 6. Simulation waveform of input current and input voltage 

 

The circuit was simulated via SPICE in 
XFAB using 1um technology to verify the 
feasibility of the proposed AC LED driver 
operating at rated conditions of 220Vrms - 
60Hz. Fig. 5 shows the operation modes of 
the 2-string driver while Fig. 6 shows the 
simulation waveforms of the input voltage 
and input current at the 220 Vrms and 265 
Vrms of input voltage, respectively. As 
shown in Fig. 5, the first LED string (LED 
STR1) conducts when the input voltage is 
over V1 = 100 Vrms, and the second LED 
string (LED STR2) conducts when the 
input voltage is higher than V2 = 200 Vrms, 
hence, demonstrating the proposed AC 
LED driver works as expected. It can be 
seen in Fig. 6 that the input current is nearly 
insensitive with the fluctuation of the input 
voltage. In the other hand, the input current 
is always in phase and kept at a relatively 

constant with respect to the input voltage. 
Furthermore, there are no current glitches 
due to a soft turn on mechanism of switch 
MOSFET Msw. This eliminates totally the 
disadvantages (such as decrease the quality 
of lighting due to blink, shortening of the 
lifetime of the LED, and degrading of the 
THD due to severe current distortion, which 
in turn degrade the PF) due to the hard 
switching operation as presented in [7]. The 
gained simulation waveform of the input 
current presents a widened shape at a lower 
input voltage as compared with 
conventional AC LED topology. As a result, 
the proposed driver reduces the THD, 
enhances PF and improves efficiency in 
order to fit for the international standard 
IEC-6200-3-2 for lighting system.  
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The performance of the proposed LED 
driver and conventional driver at different 
input voltages are summarized in the Table 
1. The PF of both topologies increases 
according to the input voltage. However, 
the proposed design shows a higher 
performance and can gain a PF of 0.98 at 
265 Vrms of the input voltage. 

Table 1. Summary of simulation data 

Subject 

Results 

Conventional Proposed 

220V 265V 220V 265V 

Input current 20mA 34.8mA 20 mA 22.4mA 

THD 53.7 41 26.8 20 

PF 0.88 0.93 0.96 0.98 

Current 
regulation 328.9 uA/V 54.2 uA/V 

 

The proposed off-line AC LED driver IC is 
designed using a 1-um 650V-BCDMOS 
process technology that provides lateral 
double-diffused power MOS transistors with 
350 V breakdown voltages (MP1 and MP2). 
The fabricated IC integrates all the circuits 
(except of a discrete bridge was used for 
convenience in testing) without any external 
supporting component and using the zener 
zap diodes for trimming to gain a high 
proper operation. The fabricated chip has 
1.72 mm2 of area. The eight of AC-LEDs are 
mounted on the board using the mounted 
LEDs of Seoul semiconductor’s AN4240 
which has 20 mA rms operating current, and 
50Vrms forward voltage. Fig. 7 and Fig. 8 
show the testing module with the chip on 
board (COB) IC and the measured input 
voltage-current waveforms at 220V-60Hz 
input voltage, respectively. As shown in Fig. 
8, the measurement result is matched as 
compare to the simulation result illustrated 
in Fig. 5 and Fig. 6.  

From the measured results, input current, 
PF, and input power versus its input voltage 
of the assembled lighting module are 
plotted in Fig. 8. Measured results show a 
40.25 mA of the input current, power factor 

is 0.973, and an efficiency of 87.1 % at a 
220 Vrms supply. At the rated voltage of 
220Vrms, the PF and efficiency showed the 
performance satisfied with the International 
standard IEC 61000-3-2 Class C for 
lighting systems.  

 
Figure 7. Testing module 

(a)  

(b)  
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(c)  

Figure 8. Measured waveforms: (a) Drain 
current of MP1. (b) Drain current of MP2. (c) 

Input current versus the input voltage. 

 

 

 
Figure 8. Measured performance 

4. CONCLUSION 
In this paper, we have proposed a simple 
and effective AC LED driver. For the 
evaluation, a two-string driver was 
fabricated to verify the performance of 
proposed topology using the 1-um 650V 
BCDMOS process. Both of simulated and 
experiment results demonstrates a higher 
performance as compared with the 
conventional designs. The proposed 
topology can be used as a compromise 
between efficiency and chip cost. 
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ABSTRACT 
In this paper, a method is proposed to increase processing speed and reduce image capacity in JPEG2000 image 
standard. The selected region of interest (ROI) is utilized to retain the important parts of the image and ignore 
the other regions. The advantages of this proposed method is: It can be performed 5 levels corresponding to the 
levels in FDWT. The bit width of image does not increase if it is compared with the size of image entrancing 
ROI block. The quality of the background can be reduced as requirement. The S + P method is chosen to divide 
the mask of ROI into many layers. The method selecting ROI in JPEG2000 standard is implemented on the 
hardware which supports many regions of interesting and different shapes. The experiment is carried out on the 
FPGA to demonstrate the effectiveness of this proposed method. 
Keywords: JPEG2000, ROI, S+P method, FDWT,Maxshift method 
 

1. INTRODUCTION STYLE AND 
FORMAT 

JPEG2000 image compression standard 
which provides an additional algorithm, 
allows compression adjustment process 
priority of an arbitrary sample without 
depending on each code-block limit. This 
algorithm enables that the ROI could be the 
small areas and arbitrary shapes. 

The photographer or user often selects ROI 
in the space of images. After selecting the 
ROI, itis encoded with higher quality than 
the rest of the image (background). The 
encoding process is implemented with the 
information related to ROI, which will be 
always encrypted before information 
concerning the background. 

The S+P method is choseto divide ROI mask 
and Shift up background method to push 
background down an area around shift 
distance named maxshiftconfig_in. This 
signal input the shift up background module. 
The structure of JPEG2000 encoder system 
is shown in Figure 1. 

MCT Tiling

ROI

FDWT

Shift up back groundRate Control

-

Quantization

Tier 1Tier 2Source 

Sink 

 
Figure 1. Block diagram of jpeg2000 system 

2. DESCRIPTIONROI ROI (REGION 
OF INTEREST) 

2.1 ROI mask principle 
There are three methods dive ROI mask 
presented in [1], such as: S, S+P, TT.The 
following table compares three methods for 
calculating the ROI mask. 

Table 1. Lossless bit-rate for the various 
images 

 S+P S TT 

Aerial2 1.91 1.96  1.92  

Bik 2.62 2.69  2.62  

Café  2.03 2.11  2.03  

Target  1.04  0.99   
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In the implementation of FPGA, S+P is 
chosen. Because this method result and 
memory small easily on hardware. 

The S+P method is utilizedin this paper. The 
key equation of this method is presented as 
follow: 

𝑀𝑀(𝑥𝑥,𝑦𝑦)

= �

1,𝑇𝑇ℎ𝑒𝑒 𝑤𝑤𝑤𝑤𝑤𝑤𝑒𝑒𝑤𝑤𝑒𝑒𝑤𝑤 𝑐𝑐𝑐𝑐𝑒𝑒𝑐𝑐𝑐𝑐𝑐𝑐𝑐𝑐𝑐𝑐𝑒𝑒𝑐𝑐𝑤𝑤 𝑥𝑥 𝑦𝑦 𝑠𝑠ℎ𝑐𝑐𝑜𝑜𝑤𝑤𝑜𝑜
 𝑏𝑏𝑒𝑒 𝑤𝑤𝑡𝑡𝑤𝑤𝑐𝑐𝑠𝑠𝑡𝑡𝑐𝑐𝑤𝑤𝑤𝑤𝑒𝑒𝑜𝑜 𝑒𝑒𝑥𝑥𝑤𝑤𝑐𝑐𝑤𝑤𝑤𝑤𝑦𝑦

0,𝐴𝐴𝑐𝑐𝑐𝑐𝑜𝑜𝑡𝑡𝑤𝑤𝑐𝑐𝑦𝑦 𝑐𝑐𝑐𝑐 𝑥𝑥 𝑦𝑦 𝑐𝑐𝑤𝑤𝑐𝑐 𝑏𝑏𝑒𝑒 𝑠𝑠𝑤𝑤𝑐𝑐𝑡𝑡𝑐𝑐𝑐𝑐𝑐𝑐𝑐𝑐𝑒𝑒𝑜𝑜
 𝑤𝑤𝑐𝑐𝑤𝑤ℎ𝑐𝑐𝑜𝑜𝑤𝑤 𝑤𝑤𝑐𝑐𝑐𝑐𝑒𝑒𝑐𝑐𝑤𝑤𝑐𝑐𝑐𝑐𝑎𝑎 𝑅𝑅𝑅𝑅𝑅𝑅

 

 (1) 
For all n in [0:N/2-1] 

( ) { (2 ), (2 1)}m mp n OR X n X n= +  (2) 

𝐻𝐻𝑛𝑛(𝑐𝑐) = �1                𝑐𝑐𝑐𝑐 𝑃𝑃(𝑐𝑐)
0           𝑐𝑐𝑤𝑤ℎ𝑒𝑒𝑡𝑡𝑤𝑤𝑐𝑐𝑠𝑠𝑒𝑒

 (3) 

𝐿𝐿𝑛𝑛(𝑐𝑐)

= �1          𝑐𝑐𝑐𝑐   𝑅𝑅𝑅𝑅{𝑃𝑃(𝑐𝑐 − 1),𝑃𝑃(𝑐𝑐),𝑃𝑃(+1𝑐𝑐)}
0                                                   𝑐𝑐𝑤𝑤ℎ𝑒𝑒𝑡𝑡𝑤𝑤𝑐𝑐𝑠𝑠𝑒𝑒

 

 (4) 

The algorithm of S + P method as follows: 

OR OR OR

OR

Ln(n)Hn(n)

Xm(2n-1)Xm(2n-2) Xm(2n) Xm(2n+1) Xm(2n+2) Xm(2n+3)

 
Figure 2. Lossless mask operation for S+P 

ROI mask area is divided in each sub-band 
which is similar to wavelet (Figure 2). 

To divide one level should be carried out as 
follows: 

Step 1: Dividing “tiling” into 2 parts 
vertically which are H (n) and L (n)  

Step 2: Getting two parts are broken above 
to divide horizontally.we will gain 1 level. 
We have fourparts that are the same size. If 
the level increases, LL area will turn back to 
step 1. The level 2 is illustrated in Figure 3. 

mask_in

Leve 1 Level 2

Figure 3. Calculating the lossless mask 

2.2 The proposed architecture ROI mask 
The hardware architecture of two methods:  

S + P method and Shift up background is 
shown in Figure 4. 
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Figure 4. Architectureof S+P method 

The pixel datais transmitted sequentially in 
each frame. Each data has one bit width. To 
reduce the storage, we include multiple data 
into one data, one data is included normally 
from16, 32 data to store on the FPGA. In this 
paper the author include 32 pixel data in to 
one 32 pixel datawhich is shown in Figure 5: 

valid_in

data_in

data_out
valid_out

1 1 1 0 1 1 1 0 1 1 1 0 1 1 11

32'hEEF7

clk

 
Figure 5. Shift 32 datas complete 1 data 

The architecture ROI mask have got include 
3 the module:ROI_Generate module, 
ROI_decode module, and 
ROI_subbandmodule. 

The structure of “ROI_generate”module as 
follows: 

Data is used by first applying 1-D row (to 
produce L and H sub-bands in each row) and 
then 1-D column as shown in Figure 6 
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h1_data

0 1 2 3 4 5 6 7 8 9 10

l2_data

1D_row

0 1 2 3 4 5 6 7 8 9 10

l1_data
h1_data

l2_data

1D_col

h l h l h l h l h l h
l 1 2 3 4 5 6 7 8 9 10
h
l
h
l
h
l
h

Image data matrix wow based 1D roi matrix
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Figure 6. Flow of transformed data in 1 level 

If we want to divide higher level, the data of 
LL part is reselected to continue dividing 
(see Figure 7). 

After dividing row part minimum 4 data 
rows, dividing the column is ready. In order 
to save data of 6 rows well, the idea given is 
grouping 32 data pixel into 1 data. Using 6 
rows to save data in RAM to avoid data lost, 
the size of RAM is (6xtiling_width/32), 
where 6 is the minimum number of lines to 
save data, tiling_width is the length of tiling, 
which is configured parameter value, and 32 
is the number of data which is shifted into 
one data. After reading data, we overwrite 
data which is read to save entire data. The 
structure of the generate_roi block is shown 
in Figure 7. 
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Figure 7. Architecture of OI_gereratemodule 

The Architecture of ROI_subbandmodule 

Based on the numbers of row and column in 
FDWT(Forward discrete wavelet 
transform)block, sub-band is encoded (see 
Figure 8). 
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Figure 8. Decoder row column sub-band 

TheArchitectureof ROI_Decodermodule: 
Pixel Dataafter saving in the FIFO while 
waiting to read. Reading should coincide 
with the data in the quantization module 
even the location of pixel. The structure of 
this module is shown in Figure 9. 

Hardware Architecture of the data 
way when performing ROI block
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Figure 9. Architecture of ROi_decoder module 

3. DESCRIPTIONROI SHIFT 
UP BACKGROUND 

3.1 TheoreticalShift upbackground 
method 

There are three methods to reduce data 
which areoutside the ROI and unchanged 
data in the ROI: Generic scaling based 
method,Maxshift method and Shift Up 
Background method 

Maxshift method 
Maxshift method has an advantage of simple 
calculation to perform but it has some 
weaknesses. The width of bit is shifted 
greater 2 times than bit width data. The 
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result of that is storage and computation of 
the after blocks are difficult in terms of 
speed and data stored in the RAM. RAM 
memory on the hardware is only good at 
32-bit size. To overcome this problem, 
Generic scaling based method is proposed. 

Generic Scaling method 
GenericScaling based method is proposed to 
decrease bit width of the output but s 
parameter appears. To find this value that 
means we find the maximum of meaningful 
bit width in each block. Then, shifting ROI 
area with s parameter which we identify 
above. It is really hard and complex job 
because we have to find a large of data in 
jpeg2000 standard with 32x32 and 64x64 
code block. In this processing, we have to 
save 1 code block image to find s. 

Shift Up Background method 
Shift UpBackground method solves easily in 
hardware to increase processing speed. In 
this method, the outside of the ROI is shifted 
a range maxconfig_in. The range 
maxconfig_in value is taken out for the user 
choose configuration to decrease data 
outside of ROI. 

Back_ground ROI Back_ground Back_ground
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Figure 10.Some method active ROI 

With this proposed method, we can make 
faster speed, less material of system. Some 
methods can be used to reduce the image in 
outside the ROI. Figure 10 is shown the idea 
of Shift up background method.This 
solution is small memory and resources 

when active FPGA(Field-programmable 
gate array). 

The table compares the bit width of some 
ROI methods in image processing 

Table 2.Comparison DATA WIDTH three 
method ROI 

No ROI method Length bit width data out 
the module ROI 

1 Generic scaling 
based method 

DATA _WIDTH+S 

2 Maxshift method ≥2 x DATA _WIDTH  

3 Shift upbackground 
method 

DATA_WIDTH 

Table 3. Thedata_bitwidth operations of 
proposed architecture 

Architecture Before ROI After ROI 

9/7 DWT filter 

Our 
architecture 

DATA_WIDTH DATA_WIDTH 

Zhou Wang[6] DATA_WIDTH DATA_WIDTH+S 

Osamu 
Watanabe [7] 

DATA_WIDTH 2*DATA_WIDTH 

3.2 Arithmetic Shift up background 
method 

Decoder is used to recognize exactly which 
are the ROI and the background to shift up a 
maxhift_config range. This value is selected 
by the user. If this value is selected larger, 
the greater part will be greatly reduced 
background and the greater the image 
compression is increased and vice versa. 
The given structure is shown in Figure 11: 
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Figure 11. Architecture of Shift upbackground 

method 
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The numeric results of ROI method are 
performedon FPGA. 

When data find out data in a round ROI 
mask,the image background will be shift up 
to an approximately maxconfig but keep 
first data pixel because this is the sign bit of 
the data quantization. 

Image orignal: 128x128

after using Shift up_background method

Image orignal: 256x256

Image orignal: 512x512

Image orignal: 1024x1024

after using Shift up_background method

after using Shift up_background method

after using Shift up_background method

 
Figure 12. Simulation results FPGA 

4. RESULT ANALYSIS 
The paper is a comparison Province 
compression ratio-using shift up 
background method. The table 3 some 
image size test used ROI.  

Table 4. Compression image after jpeg2000 
endcoder using ROI 

Size image Image 
Original 

Image 
encoder 

Compression 
ratio 

128x128 49206 10154 4.8 

256x256 196664 59197 3.3 

512x512 786486 166882 4.7 

1024x1024 3145784 563814 5.6 

2048x2048 12582968 1133991 11.1 

5. CONCLUSIONS 
Advantages:  
Data bit widths unchanged in the shift up 
background method. This method 
makesexpress computational and resources. 
Data go out easy for a small data blocks after 
implementation.  

Disadvantages:  
Designers need to add the code so that it can 
strip decoding method shift up background. 
This method pressing data input one pixel, 
the module computing competed quickly 
than FDWT should have saved a large 
amount of data in the FIFO and RAM. 

The method design module decoder row and 
column in the FDWF module completed 
sub-band. 
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ABSTRACT 
Orthogonal frequency division multiplexing (OFDM)system is the key technique for 4G mobile communications 
of WiMAX OFDM system. A lots of papers have been suggested for the performance evaluation of the 
conventional OFDM systems, but only some were implemented on the OFDM signal structure of IEEE standards 
and the high power amplifier (HPA). In this paper, we investigate the impact of distortion characteristic of HPA 
by evaluating the bit error rate (BER) and power spectral density (PSD) performances of the WiMAX OFDM 
system according to the IEEE standard of 802.16m. Two types of HPA are used in our simulation and analysis, 
TWTA (Traveling Wave Tube Amplifier) and SSPA (Solid State Power Amplifier).We draw some useful 
conclusions to deal with distortion of HPA for the WiMAX OFDM system of 802.16m. 

Keywords: Orthogonal Frequency Division Multiplexing; OFDM; AM/PM distortion; HPA; TWTA; SSPA; 
IEEE standard 802.16m; WiMAX. 
 

1. INTRODUCTION 
OFDM has been adopted in the next 
generation cellular radio communication 
systems including 4G LTE and WiMAX by 
the 802.16m standard [6]. In OFDM 
systems, the combination of different 
signals with different phase and amplitude 
give a large dynamic range that results in 
severe clipping effects and nonlinear 
distortion. Moreover, battery life has 
become much more critical issue with the 
requirement of portable devices. A HPA 
with a nonlinear transfer function degrades 
the performance of the OFDM signal on the 
transmit site. High linearity requirement for 
the HPA leads to low power efficiency and, 
therefore to high power consumption. A 
few papers have discussed about the impact 
of a HPA on the WiMAX OFDM system 
of 802.16 standard [5]. In this paper the 
main objective is to investigate the impact 
of nonlinearity for different types of HPA 
in WiMAX OFDM system of 802.16m 
IEEE standard and draw the best working 
point of HPA. The difference between the 
work presented in this paper and the work 
in [5] is that, in this paper, the OFDM 
signal structure is according to the 802.16m 

standard for the next generation cellular 
radio commu- nication systems; not to 
the 802.16.3c standard for MMDS fixed 
wireless application as in [5]. In addition, 
the nonlinear HPA is modeled as the widely 
accepted two kinds of HPA memoryless 
model of traveling wave tube amplifier 
(TWTA) and solid-state power amplifier 
(SSPA); not the shifted exponential 
function as in [5].  

This paper is organized as follows. Section 
2 deals with basic concepts of OFDM. 
Section 3 explains the different HPA 
models at the transmitter side for OFDM 
system. Section 4 shows the simulations of 
802.16m WiMAX OFDM system with two 
types of HPA. Computer simulations of the 
OFDM system using the MATLAB of 
version 7.9 show the nonlinearity charac- 
teristics of HPA. Finally conclusion has 
been drawn based on simulation results.  

2. SYSTEM MODEL 
2.1 OFDM Transmission System Model 
OFDM is a rather different format for 
modulation on multiple carrier frequencies. 
It utilises many carriers together to provide 
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many advantages over single modulation 
format. The transmitter and receiver block 
diagrams of an OFDM system with HPA 
are shown in Fig.1, where the quadrature 
amplitude modulation and demodulation 
processes are efficiently implemented 
through the fast Fourier transform (FFT) 
algorithm. After IFFT operation signal is 
passed through a non-fading channel with 
AWGN. 

 
Fig 1. OFDM-HPA System impaired by the 

AWGN noise. 

While doing our simulations we used IEEE 
802.16m OFDM symbols.Information about 
IEEE 802.16m OFDM symbol structure is 
provided in the following subsection. 

2.2 OFDM Signal Structure of the IEEE 
Standard of 802.16m 

The total number of sub-carriers used for an 
IEEE 802.16m OFDM frame is 512. Of 
these, 432 sub-carriers are used for data 
symbols. The ’0’ subcarrier related to the 
center frequency is skipped and filled 
with ’0’. The sub-carrier locations 1 to 40, 
and 472 to 512 are filled with zeros as well. 
If IFFT is used for transmission then the 
mapping of the coefficients to the IFFT 
inputs are depicted in Fig 2 [6]. 

Input of IFFT block 

 
Output of IFFT block 

Fig 2. Mapping of coefficient to IFFT inputs [6] 

3. HPA MODELS 
The OFDM system of Fig.1 encompasses 
the HPA, which may exhibit amplitude 
clipping and phase distortion. A widely 
accepted HPA model is a nonlinear 
memoryless transformation between the 
complex envelopes of the input and output 
signals. The output signal of HPA can be 
expressed as follows, 

𝑢𝑢(𝑡𝑡) = 𝑟𝑟(𝑡𝑡) ∙ 𝐺𝐺[|𝑟𝑟(𝑡𝑡)|]              (1) 
where the amplifier gain is 

𝐺𝐺[|𝑟𝑟(𝑡𝑡)|] = 𝐴𝐴[|𝑟𝑟(𝑡𝑡)|].exp {𝑗𝑗Φ[|𝑟𝑟(𝑡𝑡)|]}
|𝑟𝑟(𝑡𝑡)|         (2) 

The functions A[.] and Φ[.] represent 
AM/AM (amplitude modulation/amplitude 
modulation) and AM/PM (amplitude 
modulation/phase modulation) conversions, 
respectively. Several models have been 
developed for nonlinear power amplifiers, 
the most commonly used two kinds of HPA 
memoryless model are TWTA and SSPA.  

3.1 Traveling Wave Tube Amplifier 
(TWTA)  

TWTA is widely used in satellite 
communications. The Saleh model has been 
widely employed for modeling TWTA in 
class A and class AB in the literature for the 
study of HPA nonlinearities and its 
saturation [1]. The accuracy of the model 
deteriorates when highly nonlinear HPA 
such as class C is modeled [1]. The Saleh 
model was proposed in [2] to approximate 
the AM/AM and AM/PM characteristics of 
the TWTA using two equations A[.] and 
Φ[.] as follows [2][4] : 

𝐴𝐴[𝑟𝑟] = 𝑣𝑣𝑟𝑟
(1+𝛽𝛽𝑎𝑎𝑟𝑟2)

             (3)  

𝛷𝛷[𝑟𝑟] = 𝛼𝛼𝛷𝛷 𝑟𝑟2

(1+𝛽𝛽𝛷𝛷𝑟𝑟2)
              (4) 

where 𝑣𝑣 is the small-signal gain, and 

𝐴𝐴𝑆𝑆 = 1 �𝛽𝛽𝑎𝑎⁄ is the amplifier input 
saturation voltage. The amplifier maximum 
output amplitude is  

𝐴𝐴0 = 𝑚𝑚𝑚𝑚𝑚𝑚𝑟𝑟{𝐴𝐴[𝑟𝑟]} = 𝑣𝑣𝐴𝐴𝑆𝑆/2          (5) 
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Moreover,Φ∞ = 𝛼𝛼Φ/𝛽𝛽Φ is the maximum 
phase displacement that may be induced on 
the amplified signal. A plausible choice of 
the above parameters is as follows[4]: 

𝑣𝑣 = 1,𝛽𝛽𝑎𝑎 = 0.25,  𝛼𝛼Φ = 𝜋𝜋
12

 and 𝛽𝛽Φ = 0.25 

Then, the quations A[.] and Φ[.] as follows: 

𝐴𝐴[𝑟𝑟] = 𝐴𝐴𝑠𝑠2  𝑟𝑟
𝑟𝑟2 + 𝐴𝐴𝑠𝑠2

                  (6) 

𝛷𝛷[𝑟𝑟] = 𝜋𝜋
3

 𝑟𝑟2

𝑟𝑟2 + 𝐴𝐴𝑠𝑠2
  (rad)              (7) 

As denotes the amplifier input saturation 
voltage. 
3.2 Solid-State Power Amplifier (SSPA)  
The conversion characteristics of solid-state 
power amplifier are modeled by Rapp’s 
SSPA[3] with characteristic as follows[4]: 

𝐴𝐴[𝑟𝑟] = 𝑣𝑣𝑟𝑟
[1+(𝑣𝑣𝑟𝑟/𝐴𝐴0)2𝑝𝑝]1/2𝑝𝑝       (8) 

 Φ[𝑟𝑟] = 𝛼𝛼Φ �
 𝑣𝑣𝑟𝑟
𝐴𝐴0
�
4
               (9) 

Where 𝑣𝑣31T is the small-signal gain, 
𝐴𝐴0 = 𝑣𝑣𝐴𝐴𝑆𝑆 31T is the output saturation 
amplitude, p is “knee factor” which controls 
the smoothness of the transition from the 
linear region to the saturation region, and 
𝛼𝛼Φ 31T is typically set to zero due to its very 
small phase distortion.  
The nonlinear distortion induced by an HPA 
depends on the amplifier operating point. 
This is usually identified by two parameters 
known as input backoff (IBO) and output 
backoff (OBO), defined as follows: 

𝐼𝐼𝐼𝐼𝐼𝐼𝑑𝑑𝑑𝑑 = 10𝑙𝑙𝑙𝑙𝑙𝑙10 �
𝐴𝐴𝑆𝑆2

𝑃𝑃𝑖𝑖𝑖𝑖
�         (10) 

𝐼𝐼𝐼𝐼𝐼𝐼𝑑𝑑𝑑𝑑 = 10𝑙𝑙𝑙𝑙𝑙𝑙10 �
𝐴𝐴02

𝑃𝑃𝑜𝑜𝑜𝑜𝑜𝑜
�           (11) 

Where 𝐴𝐴0 and 𝐴𝐴𝑆𝑆 have been defined in 
Section 3.1 and 3.2. 𝑃𝑃𝑖𝑖𝑖𝑖 and 𝑃𝑃𝑜𝑜𝑜𝑜𝑡𝑡 are the 
mean power of the input and output signal, 
respectively. 
4. SIMULATION AND ANALYSIS 
In this section, computer simulations are 
carried out to evaluate the impact of the HPA 
on the performance of the 802.16m WiMAX 
OFDM system[8] and determine the best 

operation point of HPA. Since the parameters 
of IBO and OBO have the close relations 
from the equations (10), (11), we choose the 
OBO parameter to represent operation points 
of HPA in our simulations. The simulation 
parameters are listed in Table 1. 
Table 1: Simulation parameters for 802.16m 

WiMax OFDM system model 

Simulation parameters 

Parameter Description 

System bandwidth 20 MHz 

Modulation scheme 16-QAM 

CP ratio 1/8 

Cyclic prefix length 11.425 µs 

The number of IFFT coefficient 512 

Subcarriers spacing 10.94 KHz 

Channel estimation Perfect 

All real amplifiers have some maximum 
output power capacity. This is referred to as 
an saturated power of amplifier. Driving the 
amplifier with a greater input signal will not 
produce an output above this level. However, 
generally, the greatest efficiency of amplifier 
will occur at or near saturation. As an 
amplifier is driven closer to saturation, its 
deviation from a straight line response will 
increase, and HPA nonliearity appears. Thus, 
the closer an amplifier is driven to saturation, 
the greater the amount of distortion it 
produces. Distortion is also produced by 
phase nonlinearity. HPA nonlinearity may 
have bad influence on OFDM signals mainly 
on two aspects. The first, out-of-band 
distortion, which will cause the OFDM 
power spectral spreading of the amplified 
signal and introduce higher adjacent channel 
interference (ACI). Requirements on ACI 
for mobile systems are very strict especially 
for large number of subscribers as WiMAX 
OFDMA system. Secondly, in-band 
distortion impacts the OFDM constellations 
and results in BER performance degradation. 
Therefore, it is of great importance to 
decrease the nonliearity distortion. 

In our simulation, power spectral density 
(PSD), BER are utilized to evaluate the 
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effects of AM/AM and AM/PM distortions 
for the different OBO values on OFDM 
signals. From the analysis, we also 
recommend the applicable OBO thresholds 
for both TWTA and SSPA for the greatest 
operation point of HPA and BER 
performance of WiMAX OFDM system. 

4.1 PSD Performance 
HPA nonlinearity may lead to significant 
distortion and performance loss by the 
power spectral spreading of OFDM signals. 
The high input signals cause the peak 
regrowth to generate in-band distortion and 
out-band noise, by the distortion of the 
excessive output signals magnified after 
nonlinear process of HPA. We will make 
some simulations with the different values 
of OBO parameter to illustrate the 
out-of-band distortion caused mainly by 
AM/PM distortions.  

It is well-known that original OFDM signals 
have a very sharp, rectangular-like power 
spectrum density as shown in Fig. 3 (green 
line). This good property will be affected by 
the HPA nonlinearity, e.g. more spectrum 
side-lobes. The lower OBO threshold an 
amplifier is driven to saturation region, the 
higher spectrum side-lobes generation 
causes by the HPA. However, as seen in Fig. 
3, the OBO (at 5.07 dB) of TWTA is about 1 
dB higher than that (at 4.05dB) of SSPA, but 
the power levels of out-band noise (or 
spectrum side-lobes) of TWTA and SSPA 
fluctuate between -54 dB and -64dB and -57 
dB and -64dB, respecti-vely. When the OBO 
value is higher than 11.5 dB, both TWTA 
and SSPA have much less impacts on the 
original power spectrum (green line) of 
802.16m OFDM system. However, TWTA 
increases more the outband average noise 
power comparing to that of SSPA at the 
same OBO values of 11.37dB-11.50dB or 
8.2dB-8.5dB. 

Moreover, the average power level of 
in-band signal of TWTA is higher than that 
of SSPA at the same OBO values of 
11.37dB-11.50dB or 8.2dB-8.5dB, and 
therefore TWTA requires a larger linear 
dynamic operation range. 

 
(a) 

 
(b) 

Fig 3. PSD comparison for the different OBO 
values. (a) TWTA, AM/AM and AM/PM 

distortion, IBO = 12.96dB. (b) SSPA, only 
AM/AM distortion, IBO= 12.85 dB. 

So, power spectral density comparisons are 
made in Figs. 3(a) and (b) where it is seen 
that the SSPA has better psd than TWTA at 
the same OBO values and requires a lower 
dynamic range. It is the major reason that 
TWTA has both the AM/AM and the 
AM/PM distortion, but SSPA suffers only 
the AM/AM. From these analysis, we 
recommend that the reasonable OBO 
operation point of 11.5 dB is suitable for 
both psds of TWTA and SSPA. 

4.2 BER performance 
HPA nonlinearity also lead to significant 
in-band distortion and degrade the BER 
performance. Some simulations with 
different values of OBO parameter are 
executed to illustrate the in-band distortion 
caused by both AM/AM and AM/PM ones.  
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(a) 

 
(b) 

Fig 4. BER versus the OBO values with 
different SNR levels. (a) TWTA. (b) SSPA 

Figure 4 illustrates the variation of the BER 
for the 802.16m OFDM system without 
coding at different OBO values. We 
observe that the BER performance of HPA 
depends on both OBO and SNR. The OBO 
parameter much impacts on the BER 
performance from a OBO threshold, when 
SNR increases higher 15 dB. For TWTA, 
the threshold value of OBO is greater than 
7 dB. For SSPA, the threshold value of 
OBO is greater than 5 dB. The required 
OBO threshold of TWTA for the 802.16m 
OFDM system is greater than that for SSPA. 
This can be explained from the main reason 
that TWTA suffers both the AM/AM and 
the AM/PM distortion. 

Figure 5 shows the variation of the BER 
with SNR at the different OBO values for  
TWTA and SSPA, respectively. It shows 
that BER performance deteriorates signific- 

antly, when the OBO value decreases from 
11.5dB to 8.5dB for TWTA, and 8.05dB to 
5.78dB for SSPA. 

 
(a) 

(b) 

Fig 5. BER versus the SNR with different 
OBO values. (a) TWTA (b) SSPA. 

As a result, the BER performance is seen to 
be relatively robust with the nonlinear HPA, 
when OBO values of 11.5dB and 8dB for 
TWTA and SSPA, respectively. From Figs. 
3–5, we can conclude that the OBO 
threshold of HPA must be chosen carefully 
in order to provide an acceptable BER 
comparing to that of the original OFDM 
system without HPA. 

It is clear that there is no effect for the 
non-linearity on the system performance 
when OBO value of 11.5 dB for both 
TWTA and SSPA, because the amplifiers 
of TWTA and SSPA operate in the linear 
region. When the HPA operation point 
moves towards OBO of 0 dB, the HPA 
non-linearity effect becomes more serious. 
However, the OBO operation point of 11.5 
dB for SSPA will lead to the high dynamic 
range with high cost and also get a low 
power efficiency in terms of the net power 
saving. So, we recommend the OBO 
threshold of 8 dB for SSPA.  
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4.3 Constellation distortion 
In this section, we will demonstrate that the 
in-band distortion caused by both AM/AM 
and AM/PM, and AM/PM distortion has 
distinct effects on OFDM signal constellat- 

ions when comparing to that of AM/PM 
distortion. In Figs. 6-7 it is shown the trans-  

mitted signal constellation in red dot and 
the received one in a lots of green diffuse 
dots around the red dot.  

 
(a) OBO (dB) = 11.46  (b) OBO (dB) = 8.15dB 

Fig. 6. Constellation of OFDM-TWTA system 
with different OBO values. 

As shown in Fig. 6a and Fig 7a, TWTA and 
SSPA operate in linear region with the 
OBO values of 11 dB and 9.54dB, 
respectively.With the respective OBO 
values of 8.17 dB and 5.78 dB of TWTA 
and SSPA in Fig.6b and 7b, the constellati- 

ons are scaled by the dispersion due to the 
AM/AM distortion, and are rotated due to 

the AM/PM one. It is clear to see from 
simulations that the respective recommen- 

ded OBO values of 11.46 dB and 8.01 dB 
of TWTA and SSPA, all illustrate the 
perfect constellations. 

(a) OBO (dB) = 8.01dB (b) OBO (dB) = 5.79dB 
Fig 7. Constellation of OFDM-SSPA system 

with different OBO values. 

5. CONCLUSION 
Results have demonstrated that the best 
OBO operation point of the HPA in the 
802.16m WiMAX OFDM systems depends 
on the HPA kind of SSPA or TWTA. For 
the SSPA, it was found that the best choice 
of the OBO threshold is 8 dB. For the 
TWTA, it was shown that the best OBO 
operation point is 11.5 dB. The paper 
indicates that a HPA should be designed 
carefully for the location of OBO threshold 
on the dynamic range in order to provide a 
perfect performance in the terms of the net 
power saving and BER. 
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ABSTRACT 
When we perform the experiment research for analyzing and evaluating error of the result recorded, it's often 
difficult and complex due to The effect of interaction among the parameters of measuring system. To solve this 
problem the frequency characteristis method is often used [1], [2]. In this paper we used the frequency 
characteristics to survey measuring system described in IEC 60990:1999 [3] at the laboratory - Ho Chi Minh City 
Technical Center of Standards Metrology and Quality, and then evaluate the error of this system more accurately. 
Keywords: Frequency characteristics, Measuring System, IEC 60990:1999. 

 

1. INTRODUCTION 
Measurement is scientific - technical field 
which is familiar with the human life. 
Measurement created reliable basis for 
buying and saling, to ensuring the fairness 
and trust in the business, in the economic 
exchanges between people and nations. 

According to [2], [4], [5] we give methods to 
evaluate measuring system. Frequency 
characteristics method is a tool that helps us 
to analyze measuring system, through which 
evaluating error, giving more accurate 
results, as the basis for conclusions related to 
the quality, safety and human life. 

2. FREQUENCY 
CHARACTERISTICS METHOD 

The voltage pulse magnitude was recorded 
and measured by electronic oscillator, 
oscillator number, ... which were connected 
through cable to the division system voltage 
levels. So that we can conclude that a 
measuring system consists of three parts: 

+ The measuring signal conversion part: Its 
functions is to receive and convert signal 
which the meter can read and processed. 

+ The measuring signals transmission part: 
consist of cable or transfer signals devices 

from the measuring signal conversion to the 
devices. 

+ Signal processor part: is important 
component in measuring system. To record 
signal, we can use the oscilloscope or signal 
electrical recorder. 

pulse generator part Measuring part

VPG

Z2

Z3
Z1

Rb

Rz Os

Cable

 
Figure 1. Principle diagram of measuring 

system. 

Where: 

+ VPG - Voltage pulse generator. 

+ Cable – Cable connect to the voltage divider. 

+ Z1, Z2 and Z3 - Elements of the voltage 
divider. 

+ Rz - Adapted resistor. 

+ Rb - Damped resistor. 

+ Os – Oscilloscope. 

According to [1], two important problems 
usually appeare in voltage measurement: 
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+ The first problem: evaluating the 
distortion of the output signal was recorded 
on the deflection plate of the oscilloscope 
or pulse voltmeter when transfer signal with 
minimum time. 

+ The second problem: the parameters of 
the voltage pulse generator and measuring 
system effects on values and pulse voltage 
shape. 
In the measurement, the voltage pulse 
magnitude is  often variable. Therefore, 
pulse shape which was recorded is distorted. 
This request couldn’t be implemented 
because of the exist of resistance, 
capacitance and inductance in measuring 
system structure. It involves a relationship 
very complex between input voltage u1(t) 
and output voltage u2(t). 

In general, the relationship between the 
input voltage and output voltage can be 
described by the following equation: 

mumBuBuBuB

nunAuAuAuA

1...''
12

'
1110

1
21...''

22
'
2120

++++=

−
−++++

 
(1) 

To describe the work of the measuring 
system in dynamic mode, firstly we need to 
analyze and survey the characteristics of 
that mode, then research their affects on 
measurement quality. When measuring 
system is linear, the static characteristics is 
linear because the capacitance, the 
inductance and the resistance is constant. 

In fact, the differential equations which was 
used as similar as characteristics of 
measuring system isn’t advantageous, 
because their factors is difficult to 
determine experimentally. To evaluate the 
properties of measuring system, it used to 
use complex frequency characteristics or 
complex frequency phase - amplitude 
characteristics. It’s determined by giving 
sinusoidal voltage with frequency change to 
input of measuring system. Then, we 
determine module and phase angle from the 
ratio of voltage output u1(t) and voltage 
input u2(t), which means: 

)(

)(

21

1

2

ωϕϕϕ

ω

=−

=
m

m

u
uG

        (2) 

Where: 

G(ω) - amplitude - frequency characteristics 

φ(ω) - phase - frequency characteristics. 

The relations G(ω) and φ(ω) can combine 
together if we using the complex plane. 
Then we can write: 

)sin()( 111 tUeutu m
tj

m ωω ==       (3) 

And: 
)(

2
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22 sin)( ϕωϕω ++ == t
m

tj
m Ueutu       (4) 

Therefore, the complex frequency 
characteristics is: 
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Complex frequency characteristics can be 
received by equation (1). From (5) we 
rewrite : 
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(6)  

The function G(ω) is particular solution of 
differential equation (1), so when we give 
sinusoidal voltage to input of measuring 
system, it’s defined in stability mode and in 
transient mode which wasn’t defined. Then, 
to determine frequency characteristics by 
the experiment, we give sinusoidal voltage 
at the input measuring system, then we 
need to wait for transition to the end.  

If we replace p = s + jω, we will receive a 
transfer function: 

n
n

m
m
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++++
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10    (7) 
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Expression (7) allows us to identify not 
only the stability mode, but also the 
freedom mode. Then the input voltage has 
form: 

tjst
m

tsj
m eeUeUu ωω == + )(

1       (8) 

In electrical engineering, to find the 
frequency characteristics or transfer 
function, it often uses complex theory and 
complex function [6]: 

∫
∞

−=
0

)()( dttfeppG pt        (9) 

∫
+

−
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t

t
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j
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ωσp
)(

2
1)(       (10) 

Where:  

p - complex variables 

F(p) - the image function of the function 
f(t)  

From (9), we write: 

∫
∞

−=
0

)()( dttfeppF pt       (11) 

According to [7], we can transform the 
expression (11) into the Fourier series: 

∫
∞

−=
0

)()( dttfejF tjωω       (12) 

Complex frequency function F(jω) gives us 
the relationship of the complex amplitude 
in terms of frequency and it was called 
phase - amplitude characteristics of 
function f(t). The function F(jω) can be 
written as follows: 
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Reverse Fourier transform: 

∫
+∞

∞−

= ωω
p

ω dejFtf tj)(
2
1)(             (14) 

Equation (14) demonstrates that 
non-periodic function f(t) characterized by 
sum of the harmonic oscillation with small 
amplitude: 

ωω
p

djFdA )(1
=       (15) 

From (2.15), we rewrite: 

ω
pω

d
dAjF =)(        (16) 

Function (16) is often called frequency 
characteristic plane, and its module   |F(jω)| 
- called amplitude - frequency characteristics. 
When formulating the amplitude frequency 
characteristics, it used to use the vertical 
axis value of |F (jω)| which compared with 
the value of |F (jω)|ω = 0, that means: 

)0(
)()(0 F

jFF ωω =        (17) 

Factor K is a transformation factor  of 
measuring system, characteristic for 
properties of measuring system. Factor K is 
given by the formula: 

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

2

1
21 tu

tuxxxfK n ==       (18) 

Where: u1(t): input signal 
u2(t): output signal 

Error of factor K is given by the formula: 
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       (19) 

Where: 
K = f(x1, x2, … , xn) 
Δx i: means absolute error of xi 
After transform, (19) become: 
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      (20) 

Components ( ∂ K / K) / ( ∂ xi / xi) 
determine the effect level of each element 
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on factor K. They are called "functional 
effect". 

3. THE APPLICATION OF 
FREQUENCY CHARACTERISTICS 
METHOD IN EVALUATING 
ERROR OF MEASURING SYSTEM 

This experimental work is implemented in 
laboratory - Ho Chi Minh City Technical 
Center of Standards Metrology and Quality and 
measuring system is simulated according to 
IEC 60990:1999[3]. 

RS CS

RB U1

Test terminals
A

B
U2

R1

C1

 
Figure 2. Diagram of measuring system 

according to IEC 60990:1999. 

The values of measuring system elements 
in Figure 2 given as follows: 

+ RB = 500 Ω ± 5 % 

+ RS = 1 500 Ω ± 5 %; CS = 0.22 μF ± 5 % 

+ R1 = 10 000 Ω ± 5 %;  

+ C1 = 0.022 μF ± 5 % 

3.1 Frequency characteristics of 
measuring system 

We have transfered function: 
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(21) 

With frequency response: 
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From the equation (22) and in experiment, 
we draw the curves of amplitude spectrum 
and phase spectrum in theory and in 
experiment and they are shown in figure 3, 
figure 4. Amplitude error and phase error 
are shown in figure 5, figure 6.  

 
Figure 3. This chart shows the amplitude 
characteristics (|F(jω)|) in theory and in 

experiment. 

 
Figure 4. This chart shows the phase  
characteristic (φ(ω)) in theory and in 

experiment. 
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Figure 5. This chart shows amplitude error 
(δ|F(jω)|). 
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Figure 6. This chart shows phase error (δφ(ω)). 

At low frequency range, the amplitude error 
isn’t greater than 1.5 % and the phase error 
doesn’t exceed 10.0 % (see figure 5 and 
figure 6).

 
3.2 Factor K of measuring system 
We have fomula of factor K: 

22 ))(())(()( ωωω baK +=        (23) 

Where: 

22

22

2

)(

)(

BR
ABBRBRCRb

BR
CBARRRRa

B

BSB

B

BBBS

+
+−−

=

+
+−+

=

ωω

ωω

 
With:

 
A = C1R1RBRSCSω2 

B = RBRSCSω 

C = (RBRSC1 + RBCSRS + RSR1C1 + 
RBR1C1) 

From  formula (20), We have the effect of 
elements in measuring system on factor K 
(see table 1 and table 2). 

 

Table 1: Effect of elements in measuring 
system on factor K 

Frequency 
(Hz) 

( )
BB RR
KK

/
/1

∂
∂

 
( )

SS RR
KK

/
/1

∂
∂

 
( )

SS CC
KK

/
/1

∂
∂

 

10 -0.7500 0.7496 -4.01.10-4 

50 -0.7493 0.7396 -0.0099 

60 -0.7489 0.7351 -0.0142 

100 -0.7470 0.7097 -0.0384 

500 -0.6894 0.2516 -0.4533 

1 000 -0.5744 -0.0031 -0.6035 

5 000 -0.0992 -0.0239 -0.1297 

10 000 -0.0277 -0.0069 -0.0366 

 

 

 

 

 

Table 2: Effect of elements in measuring 
system on factor K 

Frequency 
(Hz) 

( )
11/

/1
RR

KK
∂

∂  ( )
11/

/1
CC

KK
∂

∂  ( )%
K
K∆

 
10 1.98.10-4 2.08.10-4 -0.0019 

50 0.0049 0.0052 -0.0473 

60 0.0071 0.0075 -0.0675 

100 0.0195 0.0204 -0.1792 

500 0.3248 0.3404 -1.1290 

1 000 0.6417 0.6677 0.6421 

5 000 0.9714 0.9781 8.4831 

10 000 0.9924 0.9943 9.5776 

From equation (23) and the experiment, we 
receive error factor K in experiment   
(table 3) 

Table 3: Error factor K in experiment 

Frequency 
(Hz) 

KTheory KExperiment δK (%) 

10 4.0000 4.0741 1.86 

50 3.9900 4.0447 1.36 

59.8 3.9860 4.0447 1.46 

100 3.9630 4.0447 2.06 

498.7 3.5430 3.5971 1.52 

1 000.2 3.4290 3.4965 1.97 

5 000 8.8240 8.9286 1.17 

10 000 14.1240 14.2856 1.12 

From data we draw the chart of the error of 
factor K in theory and in experiment (see 
figure 7). 
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Figure 7. This chart shows error of factor K 

(δk) in theory and in experiment. 

At low frequency range, the error of factor 
K isn't greater than 2.0 %, at the high 
frequency range, the error of factor K 
increase but it doesn’t exceed 10.0 % 

4. CONCLUSIONS 
After research, the paper received results 
following: 

1) At low frequency range, the amplitude 
error isn’t greater than 1.5 % and the phase 
error isn’t greater than 10.0 %. The error of 
factor K isn’t greater than 2.0 %. 

2) Frequency characteristics method is the 
good method. The use of frequency 
characteristics method gives  view  more 
comprehensive than measuring system. It 
helps us to evaluate measuring system error 
in theory and in experiment and is method  
verify measuring system error compared 
with theory.
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ABSTRACT 
The 4G mobile communications of the Long Term Evolution (LTE) systems are standardized with Single-
Carrier Frequency Division Multiple Access (SC-FDMA) in the uplink and Orthogonal Frequency Division 
Multiple Access (OFDMA) in the downlink. Although the high Peak-to-Average Power Ratio (PAPR) of SC-
FDMA is better than that of OFDMA, we further reduce it by using the distortionless PAPR reduction technique 
of the Partial Transmit Sequence (PTS) of OFDM systems. Alternatively, a few papers have discussed about the 
impact of a transmit High Power Amplifier (HPA) on the performance of SC-FDMA system by evaluating BER. 
Moreover, the PAPR significantly reduces the efficiency of the HPA of SC-FDMA system as well. In this paper, 
we also investigate the impact of the HPA on the PAPR parameter of the SC-FDMA system with PTS method 
through the different saturation rates of the HPA. Simulation results show that the PTS method improves 
significantly the PAPR and degrades the impact of saturation threshold of the HPA of the SC-FDMA system. 

Keywords: SC-FDMA; PAPR; PTS; HPA 

 

1. INTRODUCTION 
For wireless communication systems 
offering high data rates, OFDM has 
received a lot of attention in the last few 
years but it has several inherent 
disadvantages such  as  the  large PAPR and  
the sensitivity to  carrier frequency offsets 
[1]. The  large PAPR requires a linear  HPA 
of transmitter, which does not efficiently 
consume the battery. Wireless 
communication technologies are rapdily 
moving toward small and low cost devices. 
The issue of battery life represents a key 
concern in the next generation of wireless 
communication systems. A lot of methods 
are suggested to reduce the PAPR of 
OFDM systems [1].These techniques may 
be applicable for SC-FDMA system. The 
methods of  clipping [2] and µ-law 
companding [3] have been suggested to 
reduce the PAPR of SC-FDMA system. 
However, since the clipping and 
companding methods impact the BER 
performance of SC-FDMA systems, the 
authors of [2][3] have to design 
complicated receivers to compensate for the 
BER degradation. To the best of our 

knowledge, PAPR reduction of SC-FDMA 
system by using PTS technique has not 
been studied in the literature. Moreover, the 
overall structure of the SC-FDMA receiver 
does not be modified because of the 
characteristic  distortionless of PTS 
technique. 

The SC-FDMA system has been adopted by 
the third generation partnership project 
(3GPP) for uplink transmission in the 
technical standard for Long-Term Evolution 
(LTE) of cellular systems[4]. There are two 
techniques for the selection of subcarriers in 
the SC-FDMA system: the distributed 
subcarrier mapping denoted by the IFDMA, 
and the localized subcarrier mapping 
denoted by the LFDMA. In LFDMA 
system, each terminal uses a set of adjacent 
subcarriers to transmit its symbols. 
LFDMA system is more robust to multiple 
access interference, but it has a higher 
PAPR. On the other hand, the subcarriers of 
IFDMA system used by a terminal are 
spread over the entire bandwidth and are 
located equidistantly. The IFDMA system 
is more sensitive to the timing, frequency 
errors and lower PAPR than LFDMA. 
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Despite its high PAPR, the LFDMA system 
offers a PAPR, which is significantly lower 
than that of the OFDMA system [4][6]. 

The objectives of the paper are to reduce 
the PAPR of conventional SC-FDMA 
system and the impact of HPA on the 
PAPR performance by applying the PTS 
technique. This paper is organized as 
follows: Sec.2, we describe the 
conventional SC-FDMA system model with 
HPA (SC-FDMA-HPA). In Sec.3, the 
proposed model of PTS-SCFDMA-HPA is 
discussed. The analysis of simulation 
results are presented in Sec.4. The 
conclusion of this paper is given in Sec.5. 

2. THE CONVENTIONAL SC-FDMA 
-HPA 

2.1 The conventional SC-FDMA system 
Fig.1 illustrates the block diagram of 
conventional SC-FDMA systems [4][6] 
with HPA. 

 
Fig.1: the block diagram of transmitter and 

receiver in SC-FDMA system with HPA. 

The SC-FDMA transmissions from 
multiple users remain orthogonal as in 
OFDMA because each user is allowed to 
use a distinct set of the available N 
subcarriers. The signal after the DFT can be 
expressed as follows: 

𝑋𝑋𝑘𝑘 = � �𝑥𝑥𝑚𝑚𝑒𝑒−𝑗𝑗2𝜋𝜋𝑚𝑚𝑘𝑘/𝑀𝑀�𝑀𝑀−1
𝑚𝑚=0 , 𝑘𝑘 = 0,1, … , (𝑀𝑀 − 1) 

  (1) 

where xm is the modulated symbol and Xk  
is the frequency domain sample after the 
DFT process. M is the DFT length. After 

that, the inverse discrete Fourier transform 
(IDFT) is performed as follows: 

𝑌𝑌𝑛𝑛 =  1
𝑁𝑁
� �𝑌𝑌�𝑛𝑛𝑒𝑒𝑗𝑗2𝜋𝜋𝑛𝑛𝜋𝜋/𝑁𝑁�𝑁𝑁−1

𝜋𝜋=0      ,𝑛𝑛 = 0,1, … , (𝑁𝑁 − 1)  (2) 

where 𝑌𝑌�𝑛𝑛 is the data sample after the sub-
carriers mapping. N is the IDFT length (N > 
M, N = Q.M). Q is the maximum number of 
terminals that can simultaneously  transmit. 

Pulse shaping is the process of changing the 
waveform of the transmitted pulses to make 
them better suit to the communication 
channel by limiting the effective bandwidth 
of the transmission. By filtering the 
transmitted pulses in this way, the inter-
symbol interference caused by the channel 
that can be kept in control. In this paper, a 
root-raised cosine pulse-shaping filter is 
used. It is an implementation of a low-pass 
Nyquist filter which has the property of 
vestigial symmetry. The impulse response 
of such filter is given by [4][6]: 

ℎ𝑝𝑝(𝑡𝑡) =  
sin�𝜋𝜋𝑡𝑡𝑇𝑇(1−𝛼𝛼)�+4𝛼𝛼𝑡𝑡𝑇𝑇cos �𝜋𝜋𝑡𝑡𝑇𝑇(1+𝛼𝛼)�

𝜋𝜋𝑡𝑡𝑇𝑇�1−(4𝛼𝛼𝑡𝑡𝑇𝑇)2�
    (3) 

where α is the rolloff factor which ranges 
between 0 and 1. T is the symbol duration. 
Finally, the resulting signal  is  transmitted 
through  the  high power  amplifier.  

The peak-to-average power ratio (PAPR) is 
defined as follows for transmit signal x(t) 
[4][6]: 

𝑃𝑃𝑃𝑃𝑃𝑃𝑃𝑃 = 10 log10
max (|𝑥𝑥(𝑡𝑡)|2)
mean(|𝑥𝑥(𝑡𝑡)|2)

   (4) 

The Complementary Cumulative 
Distribution Function (CCDF) is a useful 
statistical  indication of the signal power 
distribution. It is defined as the probability 
that the signal is at  higher than a given 
amplitude. Using Monte Carlo simulation, 
we  can calculate the CCDF curves of 
PAPR which  is  the probability that PAPR 
is lower than a  certain PAPR value PAPR0 
(Pr{PAPR ≤ PAPR0}). 

2.2 The high power amplifier  
To evaluate the impact of the HPA on 
performance of the SC-FDMA system, 
Rapp’s solid state power amplifier (SSPA) 
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model is used in this paper. The input signal 
into the amplifier can be represented as 
follows: 

𝑥𝑥(𝑡𝑡) = |𝑥𝑥(𝑡𝑡)|𝑒𝑒𝑗𝑗𝑗𝑗(𝑡𝑡)  (5) 
where |x(t )| denotes the magnitude of the 
x(t). 𝜑𝜑(t) is the phase of x(t). The 
transmitted signal at the output of the SSPA 
can be expressed as follows [7]: 

𝑥𝑥𝑜𝑜𝜋𝜋𝑡𝑡(𝑡𝑡) = |𝑥𝑥(𝑡𝑡)|

�[1+�|𝑥𝑥(𝑡𝑡)|
𝑣𝑣𝑠𝑠𝑠𝑠𝑡𝑡

�
2𝑝𝑝

]
2𝑝𝑝

𝑒𝑒𝑗𝑗𝑗𝑗(𝑡𝑡) (6) 

where xout(t )is the complex output signal 
of the HPA, x(t ) is the complex input 
signal and vsat is the output saturation rate. 
p is the knee factor. The parameter p is used 
to control the smoothness of the HPA 
characteristics. The typical value of this 
parameter is p = 2, which will be used in 
this paper. Moreover, the value of p = 2 is 
a good approximation to the amplitude-to-
amplitude conversion characteristics of a 
typical low cost solid-state HPA. 

The HPA in radio transmitters has non-
linear characteristics, which may cause 
significant distortion in the signals whose 
instantaneous power fluctuations come too 
close to the HPA saturation level. The non-
linear characteristics of the HPA cause out-
of-band and in-band distortions, which 
usually degrade the transmission quality. 
When signals with high PAPR are passed 
through the transmitter signal amplifier, 
they may suffer significant nonlinear 
distortion. Conventionally, PAPR problems 
are solved using either a linear amplifier or 
back off the operating point of a nonlinear 
amplifier. The linear HPA is one of the high 
cost components of the user terminal. The 
nonlinear distortion induced by an HPA that 
depends on the amplifier operating point. 
Normally, the HPA is operated with a 
certain “power back-off” point, which can 
be defined as a ratio between the maximum 
saturation output power and the average 
output power. This is usually identified by 
two parameters known as input back-off 
(IBO) and output back-off (OBO), defined 
as follows: 

𝐼𝐼𝐼𝐼𝐼𝐼𝑑𝑑𝐵𝐵 ≜ 10𝑙𝑙𝑙𝑙𝑙𝑙10
𝑃𝑃𝑠𝑠𝑠𝑠𝑛𝑛2

𝑃𝑃𝑠𝑠𝑛𝑛
 

𝐼𝐼𝐼𝐼𝐼𝐼𝑑𝑑𝐵𝐵 ≜ 10𝑙𝑙𝑙𝑙𝑙𝑙10
𝐴𝐴𝑠𝑠𝑠𝑠𝑠𝑠𝑡𝑡2

𝑃𝑃𝑠𝑠𝑠𝑠𝑡𝑡
  (7) 

where 𝑃𝑃𝑠𝑠𝑠𝑠𝑛𝑛 and 𝑃𝑃𝑠𝑠𝑜𝑜𝜋𝜋𝑡𝑡 respectively are the 
saturation amplitudes at input and output of 
HPA. 𝑃𝑃𝑠𝑠𝑛𝑛 and  𝑃𝑃𝑜𝑜𝜋𝜋𝑡𝑡 are the mean power of 
the input and output signals, respectively. 
The larger the back-off is, the less the 
nonlinear distortion will be. However, the 
nonlinear distortion decreases the HPA 
efficiency and increases the overall power 
con-sumption and battery drain [8]. 

3. PROPOSED PTS-SCFDMA-HPA 
MODEL  

A  conventional SCFDMA system with 
PTS (PTS-SCFDMA) is proposed in Fig. 2. 
In the  PTS  approach, after IFFT transform 
the data stream X is partitioned into disjoint 
sub-blocks Xk, so that: 

𝑋𝑋 = � 𝑋𝑋𝑘𝑘𝑉𝑉
𝑘𝑘=1   (8) 

where V is the number of sub-blocks. And 
each sub-block is multiplied by weighting 
phase rotation factor bv, which is obtained  
by using the optimization  algorithm. The 
objective is to find sets of the optimum 
factors bv and combine them with Xk so 
that the resulting signals will have the 
lowest PAPR. This operation can be 
represented in time domain by the equation 
as follows: 

𝑥𝑥𝑜𝑜𝑝𝑝𝑡𝑡 = � �𝑏𝑏𝑘𝑘
𝑜𝑜𝑝𝑝𝑡𝑡𝐼𝐼𝐼𝐼𝐼𝐼𝐼𝐼{𝑋𝑋𝑘𝑘}�

𝑉𝑉

𝑘𝑘=1
= � �𝑏𝑏𝑘𝑘

𝑜𝑜𝑝𝑝𝑡𝑡𝑥𝑥𝑘𝑘�
𝑉𝑉

𝑘𝑘=1
  

  (9) 

𝑏𝑏𝑘𝑘 = 𝑒𝑒𝑥𝑥𝑒𝑒{j∅𝑘𝑘},                                        
where the vectors bk and xopt are the opti-
mized phase rotation factor and the 
resulting time-domain signals after an 
exhaustive search respectively. The details 
of the PTS exhaustive algorithm can be 
found in [9]. It is well known that the 
PAPR performance improvement as 
increasing the number of sub-blocks V. 
However, the computation complexity 
shows a corresponding exponential 
increase. 
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Fig. 2: proposed PTS-SCFDMA system. 

Fig.2 shows the block diagram of the 
proposed PTS-SCFDMA system. In this 
paper we use the Cimini’s suboptimal 
algorithm which is the iterative one to 
reduce the number of trials needed to find a 
suboptimal set of phase rotation factors [9]. 
Fig.2 also illustrates the Cimini’s 
assignment method of weighting phase 
rotation factors. Considering only 1 and -1, 
the input data is first divided into V sub-
blocks. Then b1 is initialized to 1 for all m, 
and compute the PAPR0 of the combined 
signal. Next, invert the first weighting 
factor (b1 = -1) and re-compute the 
resulting PAPR0. If the new PAPR0 is 
lower than that in the previous step, retain 
b1 as the part of the final weigh-ting 
sequence. Otherwise, b1 is reverted to its 
previous value. The procedure repeats for 
the next bit b1 until all bits have been 
explored for flipping the signs. The 
weighting factor bit in Cimini’s method is 
calculated only once in order to identify the 
suboptimal factor bits. The computational 
complexity is thus reduced to the number of 
sub-blocks V. As such, when the current 
weighting bit which is combined with a 
previous bit makes the low PAPR0, an 
optimum weighting factor can’t be found. 

4. SIMULATIONS   
In this section, the first objective of simula-
tion is to investigate the impact of the HPA 
on the PAPR performance of the proposed 
PTS-SC-FDMA-HPA system. The second 
one is to verify the distortionless of the 
proposed PTS-SC-FDMA-HPA system 
which is compared to the conventional SC-
FDMA system. The different subcarriers 

mapping techniques of SC-FDMA system 
and the 16QAM modulation are executed in 
our simulations. 

4.1 Simulation of the PAPR 
performance  of the SCFDMA-HPA 
without PTS  

 
(a) LFDMA-HPA-RRC(𝛼𝛼 = 0.22) 

 
(b) IFDMA-HPA-RRC(𝛼𝛼 = 0.22) 

Fig. 3: PAPR of SC-FDMA-HPA. 

According to [4][6], since the RRC pulse-
shaping does not impact strongly the PAPR 
of LFDMA as the PAPR of IFDMA does, 
we do not apply RRC in the simulations of 
Fig.3a. Normally the PAPR parameter is 
computed and compared at the input of 
HPA. To evaluate the impact of HPA on the 
efficiency of power consumption of SC-
FDMA system in this paper, we suggest 
that the PAPR parameter is also calculated 
at the HPA output with the same equation 
(4). The saturation threshold of HPA does 
not limit the peak power of HPA input as 
that of HPA output does. However, the 
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average power of HPA output is higher than 
that of HPA input in proportion to the gain 
parameter of HPA. We can evaluate the 
average efficiency of the power 
consumption of a system through the PAPR 
as shown in [8]. The larger the values of 
PAPR is at the HPA output, the smaller the 
average efficiency of the power 
consumption of transmitter is. Fig.3 
illustrates the variation of the PAPR with 
the different saturation rates. We observe 
that PAPR of the HPA output depends on 
the saturation rate. With the same level of 
the saturation rate of -1dB and CCDF of 
0.001, the PAPR value of HPA output is 
about 3.2dB for LFDMA in the Fig.3a, and 
2.9dB for IFDMA in the Fig.3b. Therefore 
the power consumption of IFDMA system 
is lower than that of LFDMA.  

4.2 Simulation of the PAPR 
performance  of the proposed PTS-
SCFDMA without HPA 

Fig. 4 shows the CCDFs of the  PAPR  for  
the SC-FDMA with and without PTS, and 
16QAM modulation format with M= 128, N 
= 512. For the LFDMA in Fig. 4a, the 
PAPR performance of the PTS-SCFDMA 
with various values of the number of  block 
V, is better than that of the SC-FDMA 
without PTS. The larger the values of  V are 
used, the smaller the PAPR can decrease. 
The maximum value of V is equal to the 
val-ue of the input DFT length (M). As a 
result, the reduction of PAPR can be 
achieved by increasing input DFT length M 
of the PTS-LFDMA system. However, PTS 
technique improve the PAPR of PTS-
IFDMA slowly  as shown in Fig.4b. These 
results of IFDMA (Fig.4b) are the same 
with those of [6]. 

 
(a) PTS-LFDMA  

 
(b) PTS-IFDMA 

Fig.4: PAPR of  proposed PTS-SC-FDMA. 

4.3 Simulation of the PAPR 
performance of the proposed PTS-
SCFDMA-HPA 

Fig.5 illustrates the comparison of the 
PAPR of LFDMA-HPA and IFDMA-HPA 
in two scenarios, with and without PTS. It 
is clear that the HPA output PAPR without 
PTS dep-ends on the vsat  rate of HPA. 
When vsat rate of -1dB the saturation 
threshold of HPA is high, the average input 
power can increase and the HPA output 
PAPR decreases, since the amplifier 
operates in the linear region. When the 
HPA operation point moves toward the vsat 
rates of -3dB and -5dB, the HPA eff-ect 
becomes more serious, the HPA output 
PAPR increases. It is also clear that, for 
LFDMA using PTS, the output PAPRs of 
HPA are significantly upgraded 2dB and 
3.4dB at CCDF 0.001 at the vsat rates of -
3dB and -5dB, respectively. To continue, 
for IFDMA-HPA using PTS, the output 
PAPRs of HPA is upgraded 1.8dB and 
3.2dB at the vsat rates of -3dB and -5dB, 
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respectively. As a result, in the PTS-
SCDMA-HPA system, we can use the 
lower vsat rates for the HPA, then the 
power consumption of HPA will decrease. 
In Fig.5a, the PAPR of PTS-LFDMA-HPA 
reduce about 1dB and 0.4dB at vsat rates of 
-3dB, -5dB, respectively. In Fig.5b, the 
PAPR of PTS-IFDMA-HPA reduce about 
0.2 dB and 0.3 dB at saturation rates of -
3dB, -5dB, respectively. 

 
(a) PTS-LFDMA-HPA-RRC(𝛼𝛼 = 0.22) 

 
(b) PTS-IFDMA-HPA-RRC(𝛼𝛼 = 0.22) 

Fig.5: PAPR of proposed PTS-SCFDMA-HPA 
with V=16. 

4.4 Simulation of BER performance of 
the proposed PTS-SCFDMA-HPA 

Fig.6a and 6b show the variation of the 
BER with the SNR at different saturation 
rates for proposed PTS-SCFDMA-HPA. 
These figures show that the BER 
performance is not impacted by using PTS, 
and it only deteriorates significantly as the 
saturation rate decreases from −1dB to 
−5dB, regardless of the subcarriers 
mapping technique. The BER performance 

only deteriorates slightly in localized sub-
carriers mapping at the low saturation rate 
of -5dB. Once more, it indicates that the 
PTS technique can be applied to LFDMA 
systems with lower saturation rates of HPA 
in order to improve the PAPR value and 
BER performance, toward the HPA with 
higher saturation rate. 

 
(a) PTS-LFDMA-HPA 

 
(b) PTS-IFDMA-HPA 

Fig. 6: BER of proposed PTS-SCFDMA-HPA. 

This also indicates that a HPA should be 
designed carefully for the SC-FDMA 
system in order to provide a good 
performance in the terms of PAPR and 
BER. The distortionless characteristic of 
PTS technique makes simplicity the design 
of receiver of SC-FDMA system. 

5. CONCLUSIONS 
In this paper, the effectiveness of the 
proposed PTS-SC-FDMA-HPA system is 
investigated through the evaluation of PAPR 
and BER. It is found that the proposed 
system is not complicated to achieve both 
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the PAPR reduction and the BER 
performance of conventional SC-FDMA 
system. The PAPR reduction of PTS-
IFDMA-HPA is about 0.2 dB and 0.3 dB at 
saturation rates of -3dB,-5dB, respectively. 
The PAPR reduction of PTS-LFDMA-HPA 
is about 1dB and 0.4dB at saturation rates of 
-3dB, -5dB, respe-ctively. The saturation 

threshold of the HPA has a significant 
impact on both HPA output PAPR and BER 
performance of SCFDMA. However, PTS 
technique can improve  PAPR value and 
provide the better BER perform-ance for 
both LFDMA-HPA and IFDMA-HPA with 
RRC in the scenarios of the low saturation 
rates of HPA. 
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ABSTRACT 
Convolutional codes are a kind of channel coding, used in numerous applications in order to achieve reliable 
data transfer, including digital video, radio, mobile communication, and satellite communication. In this paper, 
we review some basic concepts of convolutional codes with implementation in practical digital communication 
systems. Then, a convolutional decoder based on Viterbi algorithm is designed. The paper particularly describes 
main points of convolutional codes, how to carry out encoder and decoder. We evaluate performance of Viterbi 
decoding through simulation in case of Soft-Hard Decision and in comparison with uncoded cases. Simulation 
results show that the system with convolutional codes obtains better quality in Bit Error Rate (BER) than 
uncodedcodewords. 

Keywords: channel coding, convolutional code, Viterbi decoding, Bit Error Rate, Soft and Hard Decision. 
 

1. INTRODUCTION 
Error control coding plays an important role 
in protection of delivering information from 
a source to a destination with minimum 
errors. There are several general techniques 
for the control of errors, and which one is 
chosen depend on the nature of data and 
user's requirement as well as complexity for 
error-free reception [1]. 

 
Figure 1. Basic Elements of Digital 

Communication Systems 
The codes for error control are divided into 
two categories, namely block codes and 
trellis codes. Convolutional Codes belong 
to trellis codes [2]. Many applications in 
telecommunications have used 
convolutional codes because of their ability 
to deliver good coding gains on the AWGN 
channel [3]. In this paper, we review some 
features of convolutional codes and 
implement an example with encoder and 
decoder through Viterbi decoding algorithm. 
Furthermore, we analyze the differences 

between soft decision and hard decision in 
system model in comparison with uncoded 
case. Also, the paper presents the effect of 
coding model on system resource. 

The rest of this paper is organized as 
follows: In section 2, to describe 
convolutional code concept through an 
example, parameters from this example will 
be used in the latter chapter for decoder and 
simulation. Section 3 presents a method for 
convolutional decoding using Viterbi 
Algorithm. Section 4presents simulations 
for encoding and decoding. Section 5 
concludes the paper. 

2. CONVOLUTIONAL CODE 
IMPLEMENTATION 

 
Figure 2. Convolutional Encoder 

A linear trellis code is a convolutional code. 
We show up the encoder for convolutional 
codes through a simple example, then these 
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parameters will be used to implement the 
decoder. 

2.1 Encoder 
Some notations for convolutional encoder: 

• Input bits - k, the number of bits taken 
into the encoder at once. 

• Output bits - n, the number of bits output 
from the encoder at once. 

• Constraint length - K, the total number 
of shift register stages in the encoder. 

• Code rate - k/n, ratio input bits and output 
bits. 

• Generator polynomial - G(n), respectively 
input, relation between shift register and 
output. 

We choose parameters for convolutional 
encoder as follows: 

• Input : k =1 

• Output : n = 3 

• Constraint length: K = 4 

• Code rate: k/n = 1/3 

• Generator Polynomial:  

G(0) =  [1 1 1 1] =  1 + D + D2 + D3(1) 

G(1) = [1 0 1 1] = 1+D2 + D3       (2) 

G(2) = [1 1 0 1] = 1+ D + D3      (3) 
2.2 State Diagram 

 
Figure 3. State Diagram 

The states represent the possible contents of 
the right-most K-1 stages of the shift 
register ( in this case K-1 is D1-D2-D3). 
State diagram shows transitions from each 
state, corresponding to input bits. In this 
specific example, it contains 8 states which 
comes from K-1 = 3 bits.  

In figure 3, we see that each of input bit 0 
or 1, the state diagram changes from this 
value to other value, and an output 
codeword respectively. 

2.3 Input/Output for Current and Next 
State 

Fig. 4 describes relation between input bits 
and output bits through states of shift 
register. The outcome is combination from 
input bit and generator polynomial. We 
have 3-bit output from 1-bit input. 

 
Figure 4.Input/Output for Current and Next 

State 

2.4 Trellis Diagram 

 
Figure 5. Trellis Diagram 

In Fig. 5, the solid line denotes the output 
generated by an input of zero, and a dashed 
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line denotes the output generated by an 
input bit one. The trellis contains states 
through time. Each of the states can 
transition to one of two states. Of the two 
outgoing branches, one corresponds to an 
input bit zero and the other corresponds to 
an input bit one. So, one transition from 
current state to next state will produce one 
output bit with one corresponding input bit. 

Fig. 5 denotes trellis diagram for our example 
through t1 − 𝑡𝑡9. We refer to this time as the 
start time and labelt1 . Length of trellis is 
referred to decoding window to protect a 
converging point for decoding algorithm. 

2.5 Minimum Distance by Mason Equation 

 
Figure 6. State Diagram 

Minimum distance or free distance can be 
interpreted as the minimal length of an 
erroneous "burst" at the output of a 
convolutional decoder. Fig. 6 presents the 
computation of free distance by starting with 
state diagram. First, we label branches of 
state diagram with exponent, where 
exponent of D denotes the Hamming 
distance from the branch word of that branch 
to the all-zeros branch. Number of exponent 
for each of branch is number of bit 1 at 
output value. All paths originating at a=000 
and terminating at i=000 can be traced on 
the modified state diagram. The transfer 
function, T(D), called the generating 
function of the code expressed as ratio 
between X (at terminating transition) and 
X(at starting transition).The exponent of D 
represents the cumulative of the number of 
ones in the path. In evaluating distance 
properties, the transfer function, T(D), 
cannot be used for long constraint lengths 

since the complexity of T(D) increases 
exponentially with constraint length. 

2.6 Tail-biting Method 

• Zero-tailing method: append a "tail" of 
M zeros (memory depth of the encoder) 
to the message sequence, so that at the 
end the encoder memory contains only 
zeros and the encoder is at the all-zero 
state. The method is simple to implement, 
but, due to addition of the extra bits, the 
effective coding rate is reduced to 
𝑟𝑟𝑟𝑟/(𝑟𝑟 + 𝑀𝑀)42T  ( 𝑟𝑟42T is length of the actual 
message sequence). 

• Tail-biting method: initially set the 
encoder to a state that is identical to its 
final state rather than to the all-zero state. 
At the end of encoding, the same M bits 
terminate the encoder at the same initial 
state. The coding rate is retained. The 
price to pay is the increase of decoder 
complexity. 

3. VITERBI DECODING 
ALGORITHM 

Convolutional decoding is the process of 
searching for the path that an encoder has 
traversed. There are three main schemes for 
convolutional decoding: sequential 
decoding, majority-logic decoding and 
Viterbi decoding. Sequential decoding, as 
the first practical decoding technique for 
convolutional codes. It uses the Fano 
algorithm and the stack algorithm. The 
threshold-based majority-logic decoding 
scheme appears some time later. The 
Viterbi decoding algorithm is optimal in the 
maximum-likelihood sense, and has quickly 
become the most widely used convolutional 
decoding algorithm in practice for its 
reduced computational complexity and 
satisfactory performance [4]. In this paper, 
we utilize Viterbi's algorithm for 
convolutional decoding as the most popular 
ones in applications.  

3.1 Soft Decision and Hard Decision 
Decoding 

• For the hard-decision case, the BPSK 
demodulator produces hard decisions, at 
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the receiver, which are passed onto the 
decoder. (Binary Symmetric Channel - 
the received sequence is binary) 

• For the soft-decision case, the BPSK 
demodulator produces soft decisions, at 
the receiver, using the log-likelihood 
ratio. These soft outputs are 3-bit 
quantized and passed onto the decoder. 
(the received sequence is real valued) 

3.2 Viterbi Algorithm 
We can choose an arbitrary node (S,t) in the 
trellis diagram of a code and look at all of 
the paths going into it, we find that there 
always exists a path that has a smaller 
distance between the received sequence and 
the code sequence than all other paths. 
Relying on definition of maximum 
likelihood, the path is with at least difference, 
called the local survivor path or survivor. 

 
Figure 7. Metric Computation 

• BM: branch metric, based on the distance 
between theory codeword and received 
value depending on Soft/Hard Decision. 

• PM: path metric - the accumulation of 
branch metric on the path from the 
beginning of the trellis up to the current 
decoding point (Add Compare and 
Select) 

 
Figure 8. Block Diagram 

From Fig. 7, we can see that two metrics 
are used in Viterbi algorithm: a branch 

metric and a path metric. At state i, it may 
come from two previous state. Each of 
them has a metric to become state i, path 
metric at previous state and the distance 
between received codeword and theory 
codeword. At state i, path metric is 
minimum of branch metric from those two 
paths. The survivor path is path has totally 
smaller path metric at state i. 

4. SIMULATION AND RESULTS 
4.1 Block Diagram 
Some parameters need to be set up for 
simulation, including Number of Data Bits, 
Trace Back Window/ Queue Sizes, Shift 
Register, Generation Polynomial, Number 
of Output, Initial table, Path Metric.  

In decoding using Viterbi algorithm, an 
important issue needs to be taken care is the 
width of the sliding window or decoding 
depth. We cannot decide the outcome 
sequence of decoder after only one and 
some state's changes because result is not 
exact. The decoding error caused by 
insufficient decoding depth, called 
truncation error. An recommended value for 
this parameter should be equal or greater 
than 5 times the constraint length. In these 
simulations, we choose 5 times greater than 
constraint length for decoding depth. 

Simulation starts with setting one level for 
Signal-to-Noise Ratio (SNR) at transmitter. 
A large sequence of input bits are pushed 
into encoder, modulated by BPSK 
technique. The transmitted data is involved 
by channel noise before accessing the 
receiver. At the receiver side, we divide 
into two kinds of detection, one for Hard 
Decision Decoding and the other one is for 
Soft Decision Decoding. The concepts of 
Hard-Soft Decision are mentioned in the 
previous section. The main difference 
between them is the quantilization levels, 
the ways to solve code distance and 
complexity of receiver.After decoding 
(based on decoding depth), the decoded 
data is stored and compared with the 
original sequence at transmitter to calculate 
BER. Models are similar for C and Matlab. 
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The flow chart for implementation of 
Viterbi Decoding followed in Fig. 9 

• (1) Increase time by 1. 

• (2) Branch Metric Computation: 
Compute BM for each branch. 

• (3) Path Metric Update: Perform ACS 
for each current state, and store the 
survivor path together with its PM, 
discard the other(s). 

• (4) If the end of the track back or trellis 
is reached, map the global optimum path 
to the decode sequence and output. 
Otherwise go back to step 1. 

• With each of received bit, the algorithm 
calculates the branch metric and path 
metric for this step. After some steps - 
decoding depth (or track back), a 
decision will be done, then one output 
decoded sequence obtains. Similar 
processes repeat for other values of SNR. 
In these simulation, we set up 10 SNR 
level and the length of sequence is 
1,000,000 bits for each of SNR level. 

 
Figure 9. Flow chart 

4.2 Simulation in C 
In this paper, we set up two simulations to 
evaluate the performance of Viterbi 
Decoding and system cost. The first one is 
C Cygwin. This is a software Linux-based 
but run on Window, like virtual 
environment. It helps improve resource on 
computer and speed of simulation. 
In these simulations, we take into account 
on not only performance of decoding 
algorithm but also system resource and 
convergence speed for each of them when 
changing experiment conditions such as 
decoding depth and queue size. 

 
Figure 10. Track Back = 20, Queue Size = 300 

• Results of simulation showed that BER 
in case of soft Viterbi decoding has 
lower value than hard Viterbi decoding 
and uncoded case.  

• The size of track back window and queue 
size have effect on the performance of 
Convolutional Coding and Decoding. 
When the queue size increases, BER 
decreases but in other hand, it costs more 
memory and speed of simulation. 

 
Figure 11. Track Back = 50, Queue Size = 300 
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4.3 Simulation in Matlab 
The second simulation is implemented with 
Matlab. Targets of this simulation are similar 
to C, but also takes care of comparison with 
outcomes from C. The fact that simulation in 
Matlab requires a higher system resource 
and longer time for simulation. 

 
Figure 12. Track Back = 20, Queue Size = 100 

• Obtain result after 45 minutes (~10 
times longer than simulation by C) for 
case TB = 20, Queue Size = 50. 

• BER also decreases when SNR 
increases and BER in case of Soft 
Decision Decoding is smallest in 
comparison with Hard Decision and 
theory-uncoded. 

• In case of larger TB and Queue Size, 
time increases and error probability  
decreases. It takes more time for 
Simulation in Matlab than C.  

 

 

5. CONCLUSIONS 
In this paper, we presentthe performance 
evaluation for convolutional code with a 
sample encoder/decoder using Viterbi 
decoding algorithm. It really attains a 
higher performance for BER calculation. 
The performance of coding depends on kind 
of quantilization, Hard or Soft decoding. In 
order to increase performance of digital 
communication systems, we can utilize the 
encoder with longer constraint length but 
with higher complexity. Also, other 
modulation techniques replacing for BPSK 
modulation/demodulation such as QPSK, 
QAM, TCM modulation,... but under 
consideration between performance and 
system requirement. 

 
Figure 13. Track Back = 30, Queue Size = 100 
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ABSTRACT 
A tristable mechanism for broadband energy harvesting is investigated by the harmonic balance method.  
Analytical and numerical analyses of the bistable mechanism for broadband energy harvesting have been published 
by many researchers.  In the category of multistable mechanisms for energy harvesting, most works focus on the 
broadband energy harvesting of the bistable mechanisms.  The broadband energy harvesting of a tristable 
mechanism by an analytical approach is presented in this work.  The intrawell and interwell oscillations of the 
tristable energy harvester under harmonic loadings are studied.  The tristable energy harvester exhibits much 
higher bandwidth for vibration energy harvesting than the corresponding bistable energy harvester. 

Keywords: Tristable, energy harvesting, broadband. 

 

1. INTRODUCTION 
Traditionally, vibration energy harvesting 
devices are operated at their first resonance 
frequency for single-frequency ambient 
energy harvesting [1].  When the ambient 
vibration source has a wide frequency range, 
the design of the energy harvesting device 
should be tailored to harvest the available 
energy over the broad frequency band.  
Bandwidth of harvesters can be increased 
by incorporating nonliearities into the 
harvesters’ design [2].  Nguyen et al. [2] 
presented a broadband micro electrostatic 
energy harvester utilizing a strong softening 
spring effects.  A bias voltage input is 
necessary for their electrostatic harvester.  
A structure with multiple resonant 
frequencies can be considered for energy 
harvesting from random vibrations with 
multiple resonant peaks.  Arafa [3] 
reported a trapezoidal plate with 
closely-spaced vibration modes in order to 
harvest energy across a broader bandwidth. 

An evolving alternative to harvesting 
broadband vibrations is the development of 
bistable vibration energy harvesters [4].  
Andò et al. [5] presented a bistable device 
for broadband vibration energy harvesting.  
They reported that the nonlinear system 
exhibits a low pass filter behaviour suitable 
for harvesting ambient energy at low 
frequency range.  Cottone et al. [6] 
reported an electromagnetic bistable 
oscillator for energy harvesting from 
broadband vibrations.  Their bistable 
oscillator has higher power output than the 
corresponding linear oscillator in the low 
and high frequencies. 

In this paper, harmonic balance analysis of 
a tristable mechanism (TM) for broadband 
vibration energy harvesting is presented.  
Tristability of the device is exploited to 
enhance the bandwidth of vibration energy 
harvesting compared to the corresponding 
bistable mechanism (BM).  Analytical 
models are used to evaluate the 
performance of the device.   
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Figure 1. (a-c) Operational principle of the 

TM.  (d) A typical reaction force versus 
displacement curve of the TM. 

 

2. MODEL 
2.1 Principle 
A schematic a TM is shown in Fig. 1(a).  
A Cartesian coordinate system is also 
shown in the figure.  The TM has four 
springs, two rigid links and three sliders.  
The mechanism is symmetric with respect 
to the x axis.  The upper and lower springs 
are joined at one end to a slider, which 
mass is negligible, and the slider is 
connected to another slider, which mass is 
significant, by a rigid link.  The slider at 
the symmetry axis of the TM is termed as 
the shuttle mass.  The four springs have 
the same spring constants and original 
lengths.  The sliders are constrained by the 
guide rods.  Upon the application of a 
force F to the shuttle mass in the x direction, 
the springs are compressed.  The 
compression energy in the springs increases 
to a maximum at a certain displacement of 
the shuttle mass, but then decreases; the 
mechanism snaps towards its second stable 
position, as shown in Fig. 1(b).  As the 
TM deflects further, the compression 
energy in the springs increases.  While the 
compression energy in the springs increases 
to a maximum at a certain displacement of 
the shuttle mass; the mechanism snaps 
towards its third stable position, as shown 
in Fig. 1(c).  Fig. 1(d) shows a typical 
reaction force versus displacement (f-d) 
curve of the TM.  Three stable equilibrium 
positions are indicated as Pa, Pb and Pc in 
Fig. 1(d). 

2.2 Nonlinear model 
Electromagnetic induction is intended as 
the energy conversion mechanism for the 
tristable energy harvester to convert 
vibration energy into electrical energy.  A 
magnet can be attached to the top of the 
shuttle mass of the mechanism.  A copper 
coil can be fixed at a support frame for 
electromagnetic induction.  The relative 
movement of the magnet to the coil results 
in a varying amount of magnetic flux 
cutting through the coil.  According to the 
Faraday’s law of induction, a voltage is 
induced in the loop of the coil.  
Dimensionless equations of motion of the 
harvester are 

)cos()( tAixfxx a ωςµ =+++   (1a) 

0=−+ xii c 

 ςµ  (1b) 

where x  is the modal displacement, aµ  
is the mechanical damping, )(xf  is the 
reaction force, i  is the electrical current, 
ς  is the transducer constant, A and ω  are 
the amplitude and excitation frequency of 
the harmonic load, and cµ  is the electrical 
damping.  The overdot denotes a 
derivative with respect to dimensionless 
time t.  In the analyses, the original length 
of the spring, sL , and the length of the link, 

kL , are taken as 10.05 mm and 10 mm, 
respectively.  The inclination angles of the 
spring and the link, indicated as θ  and φ  
in Fig. 1(a), are taken as o5.71  and 

o36.87 , respectively.  Fig. 2(c) shows a 
normalized f-d curve of the TM 
characterize the response of the harvester.  
The force f and displacement d are 
normalized by a standard normalization 
procedure.  As seen in Fig. 2(c), 
normalized displacements x = 0, x = 4.63 
and x = 9.27 are the first, the second and the 
third stable equilibrium position of the TM, 
respectively.  The reaction force f can be 
expressed as 

xxx
xxxxxf

93.4798120.0490-55.7274 
12.6090-1.49990900.00.0021)(

23

4567

++

+−=  (2) 
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Figure 2. (a) The first; (b) the second stable 

equilibrium state of the BM.  (c) Normalized 
f-d curves of the TM and the BM. 

 

3. ANALYSIS 
3.1 Harmonic balance analysis 
The response of the harvester to a harmonic 
loading is investigated by the method of 
harmonic balance.  The analysis follows a 
procedure reported by Stanton et al. [7], 
where the dynamics of a BM is studied by 
the harmonic balance method.  Dissimilar 
to their analysis, however, we applied the 
method to analysis of a TM and 
demonstrate that the bandwidth of the TM 
is much higher than that of its 
corresponding BM.  A solution to Eq. 1 
can be assumed as  

ttbttatcx ωω cos)(sin)()( 11 ++=  (3a) 

ttbttai ωω cos)(sin)( 22 +=  (3b) 

Assuming slowly varying coefficients, i.e. 
011 === bac 

 , substituting the necessary 
derivatives of x , x  and i  into Eq. 1a 
and Eq. 1b, neglecting higher harmonics 
and balancing the constant terms and the 
coefficients of tωsin  and tωcos , we 
obtain five steady state equations in terms 
of variables: c , 1a , 1b , 2a , 2b  and 
parameters: aµ , ς , cµ , A and ω .  The 
frequency response can be determined by 
finding the real roots of the five steady state 
equations given the values of the 
parameters.  The steady state amplitude of 
current, I, is given as 

2
2

2
2 baI +=  (4) 

The average power through the electrical 
impedance can be written as 

c

IP
µ2

2

=  (5) 

 
Figure 3. Amplitude of the response of the TM 
for the excitation amplitude of (a) A = 0.41; (b) 

A = 0.83. 

 

4. RESULTS 
Depending on the level of the excitation 
amplitude A, the TM can exhibit intrawell, 
low-energy oscillations, or interwell, 
high-energy oscillations.  To determine 
the fundamental system response, the roots 
of the steady state equations were computed 
for the parameters 08.0=aµ , 01.0=cµ , 

9.0=ζ  and A = [0.41, 0.83].  At each 
excitation frequency ω , the real roots of 
the steady state equations were solved 
numerically.  The excitation levels A = 
0.41 and 0.83 correspond to mild interwell 
and enhanced interwell oscillations of the 
TM at the frequencies near its fundamental 
vibration mode, respectively.  Fig. 3 
shows the response amplitude of the TM for 
the excitation amplitudes considered.  

The response curves of c = Pb and c ≠ Pb 
correspond to the oscillations around the 
second stable equilibrium position and 
otherwise, respectively.  As seen in Fig. 3, 
the TM with A = 0.83 sustains a 
high-energy interwell oscillations in a much 
wider frequency range compared to that 
with A = 0.41.  Under enhanced level of 
excitations, the TM is capable of sustaining 
high-energy oscillations down to lower 
frequency, approximately  = 0.7 and u   
higher frequency, approximately  = 1.5 
with the response amplitude higher than 2.  
Broadband vibration energy harvesting can 
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be achieved by the interwell, high-energy 
oscillations of the TM.  As seen in Fig. 3, 
different dynamics is excited at a fixed 
excitation frequency and amplitude.  That 
is due to the sensitivity of the nonlinear 
system to initial conditions [8]. 

Due to the multiple snap-through 
behaviors, the TM may exhibit a lager 
bandwidth than the BM with nearly the 
same f-d curves.  Fig. 2(c) shows the 
normalized F-d curve of the investigated 
TM and BM.  For fair comparison with 
the TM, a BM should have nearly the same 
normalized displacement range and 
approximately the same normalized force 
as the TM’s.  Fig. 2(a) and (b) shows the 
first stable equilibrium state and the 
second stable equilibrium state of the BM, 
respectively.  Fig. 4 is the response 
amplitude of the BM for the excitation 
amplitude of 0.83.  The BM can sustain 
high-energy oscillations in the frequency 
range near its fundamental vibration mode.  
Compare the results of Figs. 3 and 4, the 
response of the BM with the excitation 
level A = 0.83 corresponds to mild 
interwell oscillations at the frequencies 
near its fundamental vibration mode, and 
the TM exhibits a significant increase in 
the frequency range of high-energy 
oscillations compared to the BM. 

5. CONCLUSIONS 

A novel TM for broadband ambient energy 
harvesting is investigated.  The 
performance of the tristable energy 
harvester is examined by harmonic balance 
analysis.  The TM has the excellent 
characteristics of large bandwidth for 
vibration energy harvesting.  With nearly 
the same force-displacement characteristics, 
the TM has a much wider frequency range 
of high-energy oscillations compared to the 
BM. 

 
Figure 4. Amplitude of the response of the BM 

for the excitation amplitude A = 0.83 
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ABSTRACT 
The article introduces a land mapping solution within indoor environment using a RGB-D camera mounted on a 
quadcopter. The core goal in the solution is to achieve rapid and robust image registration. Firstly, color images, 
detected by the camera, are initially employed to extract crucial visual features and establish pairs of matched 
image features between successive scanned images. Matched features are then incorporated with the 
corresponding calibrated depth information to generate 3-D keypoint cloud pairs. To remove potential noises in 
the acquired datasets, a novel geometric-based filtering algorithm is developed to reject incorrect keypoint pairs 
prior to ICP-based image registration. 

Keywords: RGB-D information; 3-D environment mapping; image registration; quadcopter; feature detection. 
 

1. INTRODUCTION 
The field of robotic mapping has been 
researched in long time ago, hence many 
techniques for mapping have been 
developed by many research groups in the 
world. As for human, maps are necessary for 
mobile robots to navigate in unknown 
environments, especially in inaccessible 
environments for human such as radiological 
contamination areas, underground, 
underwater, the surface of planets, etc. 

Building of a 3-D land map of an unknown 
environment is considered as a very 
important process in 3-D mapping task. 
Instance, a mobile robot is placed in an 
unknown environment, it can navigate there 
to incrementally construct a navigation map 
of its surroundings. Nowadays, there are 
various applications have been developed 
with employing approaches of mapping, 
such as in navigation, manipulation, 
semantic mapping, tele-presence, road, 
urban, factory and aerial topographic 
mapping, or for exploring environments that 
are dangerous for human operation [1-8]. 

To date, there are many approaches on 3-D 
mapping have been developed by many 
researchers. Essentially, building of a 3-D 
land map is a complicated and arduous 
process, it is affected significantly by the 
data acquisition processing. Nowadays, the 

acquiring 3-D range data has become easier 
with many kinds of sensors, such as LADAR 
scanner, SICK scanners, RIEGL laser range 
finder, Swiss Ranger cameras, Kinect 
cameras, Asus cameras, etc. The 
development of these devices has led to 
many research groups focused on the field of 
3-D mapping and its applications. Hähnel et 
al. [9], 2003, proposed an algorithm for full 
3-D environment reconstruction. The 
algorithm used flat surfaces to approximate 
environments, combined with the efficient 
scan matching routines for estimation the 
robot‘s pose. In 2005, Ohno et al. [10] 
introduced a novel approach for building a 
dense 3-D map, they also presented their 
trial results. Estimating robot motion is 
necessary for building a map, however, this 
is a very complicated process. 
Correspondingly, the simultaneous 
localization and mapping (SLAM) method 
were employed for deriving the rough 3-D 
map based on 3-D scan matching. The 
iterative closest point (ICP) algorithm 
[11]was also employed for matching. 

To easily build a 3-D textured model of an 
indoor environment without combination 
too many complicated algorithms together, 
in 2006, Jo et al. [12] presented a simple 
and easy method to deal with this problem. 
The algorithm was applied to two cases 
consisting of corridors in a room. The wall 
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plane was assumed to be orthogonal to the 
floor plane. However, due to the 3-D map is 
built based on 2-D metric map data, it 
seems a virtual map. To combine both color 
and 3-D information to reconstruct 3-D 
map of the environment, in 2009, Joung et 
al. [13] used color and depth information 
for 3-D environment reconstruction. The 
ICP algorithm was employed for data 
registration. The scale invariant feature 
transform (SIFT) algorithm [14] was also 
employed for the initial estimation. 

Nowadays, time-of-flight (ToF) cameras 
have been used increasingly in the 3-D field 
due to their fast and smart technology for 
3-D data acquisition. However, ToF cameras 
are normally lack in measurement precision 
and robustness. In 2009, May et al. [15] 
proposed a comprehensive method for 
building 3-D maps for indoor environments 
using ToF cameras. May et al. also 
developed an algorithm to overcome the 
impreciseness of depth measurements by 
calibration and application of several filters. 
For the data registration processing, a novel 
extension to the ICP algorithm has been 
introduced in this research. Since 2010, 
RGB-D (red, green, blue and depth) cameras 
have been introduced firstly for gaming. 
These cameras provide synchronously both 
color images and per-pixel depth estimates. 
The richness in collected data, the low-cost 
in recent development of sensors are 
decisive factors make RGB-D cameras have 
been increasingly used in the 3-D field. 
Huang et al. [16], 2011, developed a system 
for visual odometry and mapping cluttered 
environments. An onboard RGB-D camera 
was mounted on a micro air vehicle (UAV) 
for building the 3-D maps of indoor 
environments. To reduce the dependence on 
unreliable wireless links, all of computation 
and sensing required for local position 
control were performed onboard the vehicle. 
Nowadays, integrating color information 
into reconstructed 3-D maps using RGB-D 
cameras is considered as a key-frame style 
for the field of 3-D mapping. Recently, in 
2012, Henry et al. [17] presented a full 3-D 
mapping system, called RGB-D Mapping. 

This method utilized the integration of shape 
and appearance information. Frames were 
aligned by optimizing jointly over both of 
appearance and shape matches. Sparse 
features were extracted from color images, 
they were then matched by using the random 
sample consensus (RANSAC) procedure 
[18]. The best alignment between frames 
were determined by combining the resulting 
feature matches with dense ICP matching. 
Also in 2012, Stückler et al. [19] introduced 
models by local surface elements (surfels) at 
multiple spatial resolutions. Each surfel 
contains the joint spatial and color 
distribution in its volume of interest. In this 
research, an accurate registration method 
that aligns multi-resolution surfel maps in 
real-time were also proposed. The approach 
made use of all available data in the image 
and registered maps at the finest resolution 
possible. 

Fundamentally, a 3-D mapping processing 
consists of major sub-processes: data 
acquisition; pre-processing for the acquired 
data; data registration for consecutive 
datasets; incremental 3-D map building. 
Data registration plays a decisive role 
leading to success or failure of mapping.  
Most researches for 3-D mapping have been 
employing the iterative closest point (ICP) 
algorithm for measurements registering, it 
was first introduced by Besl et al. in 1992 
[11]. In the work, the authors proposed a 
method to minimize the Euclidean distance 
between corresponding points to estimate 
the relative rigid transformation between 
two consecutive datasets. ICP algorithm has 
been applied successfully for numerous 
applications, not only in 3-D mapping (Sáez 
et al. 2004 [4]; Nüchter et al. 2005 [20]; 
Rusu et al. 2007 [21]; Chen et al. 2012 
[22]) but also in many others, such as 
recognition (Amor et al. 2006 [23]; Mian et 
al. 2007 [24]; Chen et al. 2007 [25]), 
segmentation (Masuda et al. 1995 [26]; 
Newcombe et al. 2012 [27]), etc. 

In this work, 3-D data, as colored point 
clouds, are acquired by using RGB-D camera 
that provide both of color and calibrated 
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depth information per-pixel. To produce 
accurate sensory information, a calibration 
process is performed so that every pixel in 
the color image is aligned in the depth image. 
To reduce the computational time and 
improve the convergence and robustness of 
alignment iterations in automatic 3-D data 
registration, feature points that best represent 
the scene in consecutive clouds are extracted. 
To do this, color images are firstly exploited 
to detect visual features and establish pairs of 
matched features between consecutive color 
images by employing the speeded-up robust 
features (SURF) algorithm [28]. However, 
because of potential sensing noises, there are 
some of pairs having not enough of accuracy 
in matching. Obligatorily, these false 
matches must be rejected using a process 
called angle-based filtering. Sparse feature 
points are then incorporated with their 
corresponding calibrated depth information 
to generate correspondence pairs in 3-D 
space. Unfortunately, not all of 
correspondences are valid due to distortions 
in calibration between color and depth 
information, they are considered as invalid 
correspondences that lead to negative for the 
registration processing. Therefore, to 
guarantee the convergence and robustness in 
the registration process, these invalid 
correspondences must be rejected and the 
processed data only retain good 
correspondences. To solve this problem, a 
correspondence refinement algorithm has 
been proposed. This procedure consists of 
three major processes, distance-based, 
area-based, and curvature-based filtering, 
hence most of invalid correspondences have 
been rejected. A procedure of ICP-based 
transformation estimate is then performed 
using filtered feature points as an initial 
transformation. 

2. STRATEGIES FOR 3-D LAND 
MAPPING 

2.1 Data Acquisition 
An RGB_D camera is mounted on a 
quadcopter to acquire 3-D point cloud 
datasets of its surrounding when the 
quadcopter flying in the environment. The 

RGB-D camera provides both color and 
depth information for each data frame. Fig. 
1 shows the quadcopter system using for 
data acquisition in this research. 

 
Fig. 1 The data acquisition system developed 

for land mapping. 

2.2 Establishment of correspondences in 
3-D space 

Firstly, visual features are detected by the 
SURF-based algorithm, thence establish 
pairs of matched features for consecutive 
images taken from the RGB-D camera. 
SURF-based features fundamentally are 
local, invariant to image scale and rotation, 
robust to changes in illumination and noise. 
However, some pairs having insufficient 
imaging accuracy in matching may exist 
because of potential sensing noises in the 
field. False matches are rejected with an 
angle-based filtering algorithm. Fig. 2 
shows the flowchart of the algorithm for 
generating sparse 3-D features and filtering 
invalid correspondences. 
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Fig. 2 Flowchart of the algorithm for 

generating sparse 3-D features and filtering 
invalid correspondences. 
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The angle-based filtering algorithm is based on 
calculating the mean angle for all of matched 
pairs with respect to the x-axis, given by 

 ∑
=

=
N

i
iN 1

1 ααµ  (2)  

where N denotes number of matched pairs 
between two consecutive images, meanwhile 

iα denotes the ith absolute angle between 
x-axis and the vector formed by two ith target 
and source features, 

it
p and 

isp , respectively. 

With a standard deviation and a mean, pairs 
having angle outside a certain interval will 
be rejected. Fig. 3 illustrates the result of 
use of the angle-based filtering algorithm 
for refining false matched SURF pairs. 

 

 
Fig. 3 Pairs of matched SURF features 

between two consecutive images for 
manufactory environment: (upper) number of 
pairs before refining is 189 matches; (lower) 
number of pairs after refining is 171 matches 

at the standard deviation of 2.5 degrees. 

Once false matches have been rejected, 
retained matches are then incorporated with 
their corresponding depths to generate 
sub-sets of matched pairs in 3-D space, 
named (3-D) correspondences. However, 
not all of correspondences are valid due to 
distortions in calibration between color and 
depth information, they are considered as 
(invalid) bad correspondences that lead to 
negative of the data registration processing. 
Consequently, to ensure the convergence in 
registration, invalid correspondences should 
be rejected so that the processed data only 

retains (valid) good correspondences. Fig. 4 
demonstrates an illustration for bad 
correspondences in 3-D space. The 
procedure to reject invalid correspondences 
is elaborated in the next section. 

 

 
Fig. 4 Invalid correspondences that contribute 
negatively to the registration process must be 
rejected, only retain valid correspondences so 

that can guarantee the convergence and 
robustness in the data registration processing. 

2.3 Filtering of invalid correspondences 

Calculate mean length (ML) for all of 
pairs of 3-D correspondences:

∑
=

-=
N

i
stl ii

pp
N 1

1µ

Collate length, li, of each pair with ML

Yes

No

1sµ <=- lil

Unfiltered Correspondences 

This pair is invalid, reject it

Distance-based 
filtering algorithm

Extract two matched triangles 
between target and source clouds

Calculate areas,      and      , for 
these trianglesit

A
isA

Yes
No

2s<=-
ii st AA

This pair is invalid, reject it

Area-based 
filtering algorithm

Search neighbors for query point in 
target and source clouds

Calculate curvature C1 & C2 for 
surfaces formed by neighbors

Yes

No

321 s<=- CC

This pair is valid, reject it
Valid Correspondences

Curvature-based filtering algorithm

 

Fig. 5 Flowchart of the algorithm for filtering 
correspondences. 

Fig. 5 represents the flowchart of the 
algorithm for filtering correspondences. 
Fundamentally, the algorithm includes three 
main filters, the distance-based, area-based 
and curvature-based filters. The potential 
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invalid correspondences can be rejected 
effectively by sequentially processing three 
filters, hence the outcomes contain only 
very good correspondences. 

a. Algorithm of distance-based filtering 
The algorithm of distance-based filtering is 
developed based on an important property 
for true 3-D data points, is that the distance 
between two correspondences is invariant. 
Instance, Ps and Pt are the source and target 
clouds, respectively. Each cloud contains 
10 points, they are paired with others as 
shown in Fig. 6. Physically, each edge of 
correspondences should be equal in length 
if the object is remained rigid without 
deformation. 

 

Fig. 6 An example of a sub-set of paired points 
between two clouds. 

Computing the mean length for all 
correspondences is given by 

 ∑
=

-=
N

i
sptp

Nl ii
1

1µ  (3)  

where N denotes number of 
correspondences, while 

ii st pp -  
represents the Euclidean distance between 
two points, 

it
p  and 

isp .  

With a standard deviation and a mean lµ , 
any pair having length exceeding a preset 
threshold is then eliminated. 

b. Algorithm of area-based filtering 
Another property for true 3-D data points 
also very useful is that the invariance of 
triangle areas formed by each three points 
in the target and the corresponding triangle 
in the source, this means the areas of two 
matching triangles should be equal. The 
algorithm of area-based filtering compares 
each triangle   in the target with the 
corresponding triangle   in the source. 
Fig. 7 demonstrates the principle for 
filtering invalid correspondences according 
to the property of triangle areas. 

 

Fig. 7 Illustration of the algorithm for 
filtering invalid correspondence based on the 

property of triangle areas. 

c. Algorithm of curvature-based filtering 
Although correspondences have been 
filtered by several of filters, but still exist a 
few of bads in the outcomes. Strictly, 
according to distribution of neighbors 
around a query point, remaining bads 
certainly are rejected. 

Pseudo-code of the algorithm for filtering 
invalid correspondences using 
curvature-based refiner as follows: 
1. Assuming that (ps - pt) is an established 

correspondence. 

2. set value of the search radius r. 

3. Based on Euclidean distance method to: 

4. Calculate closest points at the point ps in the 
source cloud within the search radius r. 
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5. Calculate closest points at the point pt in the 
target cloud within the search radius r. 

6. Calculate total number of neighbors, Ns, at ps. 

7. Calculate total number of neighbors, Nt, at pt. 

8. if (|Ns – Nt|<= thresholdN) then 

9. Calculate the curvature, C1, of the surface 
which is formed by neighbors at Ps. 

10. Calculate the curvature, C2, of the surface 
which is formed by neighbors at Pt. 

11. if (|C1 – C2|<= thresholdC) then 

12. this correspondence is good, retain it. 

13. else 

14. this correspondence is bad, reject it. 

15. end_if 

3. EXPERIMENTAL RESULTS 
To acquire coloured point clouds in this 
work, a Kinect camera developed by 
PrimeSense is employed. It acquires 
640x480 registered colour images and 
depth data at 30 frames per second. Clouds 
are then generated based on depth values 
and colourpixels, every colour pixel is 
incorporated with its corresponding depth 
value. Experimentally, Kinect can measure 
a range up to 6 ~ 6.5 meters although 
practically its operational range is only 
within 3.5 meters due to insufficient signal 
to noise ratio data. To guarantee the 
accuracy in registration, in this work, range 
of measures is set within 3 meters. 

 
Fig. 8 3-D environment maps reconstructed by 

the proposed 3-D mapping algorithm for a 
large-scale indoor environment: The 

mechanical workshop. 

 

Fig.9 The 3-D map reconstructed for the AOI 
lab, National Taipei Unviersity of Technology, 

Taiwan. 

 

Fig.10 The 3-D map reconstructed for the 
mechanical workshop , National Taipei 

Unviersity of Technology, Taiwan. 

4. CONCLUSION 
In this research, we proposed an algorithm 
for 3-D land mapping for large-scale indoor 
environments ignore the lack of information, 
the restricted accuracy of depth and field of 
view in data acquisition using RGB-D 
camera mounted on a quadcopter for rapid 
data acquisition. RGB-D cameras provide 
clouds containing numerous points. 
However, clouds also contains many noises. 
To reject these noises, we developed a 
four-stage algorithm based on the 
distribution of points in the cloud. In the 
next process, the SURF-based algorithm 
has been developed to extract sparse 2-D 
features and establish matched pairs 
between two consecutive images. Although 
SURF-based features are invariant to image 
scale and rotation, robust to changes in 
illumination and noise, but due to potential 
sensing noises, thus not all of matched pairs 
are correct. To reject false pairs, we 
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proposed the filtering algorithm based on 
deviation of mean angle (angle-based 
filtering), mean distance (distance-based 
filtering), triangle areas (area-based 

filtering), and surface curvatures 
(curvature-based filtering) between two 
datasets. 
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ABSTRACT 
The fluctuation of the payload in 3D crane’s operating is a highly important factor, it causes many economic 
problems such as lengthening the operating time, damaging the mechanical structure of crane and even payload. 
The crane’s ability to handle cargo much faster depends on the anti-fluctuation system employed. To overcome 
this problem, in this paper, we design an anti-fluctuation system using a Sugeno Fuzzy Controller. With fuzzy 
logic, a nonlinear MIMO system can controlled without knowledge of dynamic equation. The simulation results 
show that the system with fuzzy controlled system proposed in this paper works well and fluctuations are 
reduced. The proposed fuzzy controller has been applied to an experimental model in laboratory and results 
show that fluctuations are significantly decreased. 

Keywords: anti-fluctuation control, 3D crane, fuzzy controller. 
 

1. INTRODUCTION 
3D crane is a nonlinear multi input – multi 
output (MIMO) object which has been used 
in laboratory for testing control theories. 
Moreover, 3D crane system has been 
applied in practice, especially in industrial 
transport and lift cargo. 

In transporting using crane, fluctuation 
reducing is a significant challenge. In [2], 
Antic employed fuzzy logic theory, solved 
only the cart position problem, anti-
fluctuation were not. Petrehus [3] dealt with 
using fuzzy logic for model identification 
and 3D crane control with observer. Fuzzy 
logic controller had been simulated 
successfully for this system [4], but the 
result showed that variation is un- 
exterminated. Apply fuzzy logic theory to 
stabilize the load in practice for this MIMO 
system is still a problem. 

The character of 3D plant is hard to control, 
which is also the feature of MIMO system. 
With only two motors, we have to not only 
control both vertical and horizontal 
positions but also ensure the stability of 
plant at a determined location on x and y 
axes. The swing of the plant has to be the 
smallest and be eliminated instantly. It 

means that this system includes two inputs 
and four outputs. This article proposes a 
solution for 3D crane control problem: 
using two separate fuzzy logic controllers 
for two axes for crane anti-fluctuation and 
stability of load lifting. 

2. THEORETICAL BASIS 
2.1. 3D crane model 
3D crane model includes a Cart which can 
move on both vertical and horizontal axis 
along two rails. 

 
Fig. 1: 3D crane scheme 
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In [6], mathematical equations described 3D 
crane system can be expressed as follows:

 
𝑀𝑀(𝑞𝑞)�̈�𝑞 + 𝐶𝐶(𝑞𝑞, �̇�𝑞)�̇�𝑞 + 𝐺𝐺(𝑞𝑞) = 𝐹𝐹 (1) 
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2.2. Fuzzy algorithm 
The considered crane is MIMO system, 
which includes of two inputs (supply voltage 
for two x and y rail motor drives) and four 
outputs (α  angle, x position, β  angle and y 

position). It is difficult to build a single 
fuzzy controller to control a MIMO system. 
For this reason, this work proposes two 
separate fuzzy logic controller to control two 
individual axes as scheme follows: 

 

d t
d u

alpha

X

X setpoint

X axis fuzzy 
controller

Crane in x 
axis

Crane in y 
axis

3D crane system

alpha

x

y

d t
d u

d t
d u

beta

Y

Y setpoint

X axis fuzzy 
controller

d t
d u

 
Fig. 2: The control scheme of 3D crane 
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Fig. 3: Block of a fuzzy controller 

 
Fig. 4: Fuzzy logic controller scheme of 3D crane 

 

Fuzzy inputs α , β , x, y to degree of 
membership: 

-1       0            1

NEµ Zµ POµ

 
Fig. 5: Membership function of each input 

-1    -0.66    -0.33  0      0.33     0.66 1

PBPMPSZENSNMNB

u

Fig. 6: Membership function of output 
With preprocessor (Gain 1, Gain 2, Gain 3 
and Gain 4) and postprocessor (Gain 5) 
shown in Fig. 4, inputs and outputs of fuzzy 
logic controller are standardized in their 
operation range. 

Because each input variable of fuzzy 
controller consists of three membership 
values (Fig. 5) and our fuzzy controller has 
four inputs (Fig. 4), therefore the number of 
rule using in each controller is 81. Some of 
used rules are as example:  

If 𝛼𝛼 < 0 and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

< 0 and 𝑒𝑒 < 0 and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

< 0 
then u is NB. 

If 𝛼𝛼 < 0  and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

< 0 and 𝑒𝑒 < 0 and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

> 0 
then u is NM. 

…………………….. 

If 𝛼𝛼 = 0   and dα
dt

= 0  and 𝑒𝑒 = 0 and 
𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

< 0 then u is NS. 

…………………….. 

If 𝛼𝛼 > 0 and dα
dt

> 0  and 𝑒𝑒 > 0 and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

= 0 
then u is PM. 

If 𝛼𝛼 > 0 and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

> 0 and 𝑒𝑒 > 0 and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

> 0 
then u is PB. 

……………………. 

562 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

III. SIMULATION RESULTS 
With the system parameters as in [5] and 
length of lift-line is chosen to be 0.3 m. 

The initial values of 
[ 𝑥𝑥 𝑦𝑦 𝛼𝛼 𝛽𝛽 �̇�𝑥 �̇�𝑦 �̇�𝛼 �̇�𝛽] are 
[ 0.1 0.1 0.1 −0.1 0 0 0 0] 

 
Fig. 7: Position in x-direction with Fuzzy 

Controller 

 
Fig. 8: Position in y-direction with Fuzzy 

Controller 

 
Fig. 9: Alpha angle with Fuzzy Controller 

 
Fig. 10: Beta angle with Fuzzy Controller 

With Fuzzy Controller presented in section 
2.2, the simulation results show that system 
is stable around zero-point and  fluctuations 
are reduced but not destroyed completedly. 

IV. EXPERIMENTAL RESULTS 
4.1 3D crane model in practice 
Experimental 3D Crane model is shown in 
Fig. 11. It includes encoders which 
determinate cart’s position in x and y axes. 
Error in angle is measured by resistors 
installed as Fig. 12. 

 
Fig. 11: 3D crane model in practice 

 
Fig. 12: Error in angle converted into resistor 

value. 

Control scheme for 3D crane in practice is 
illustrated in Fig. 13. 
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Fig. 13: Control scheme for 3D crane in practice 

4.2 Experimental control results 

 
Fig. 14: Angle in x axis without controller 

 
Fig. 15: Angle in y axis without controller 

Fig. 14 shows that the angle in x axis takes 
20 seconds to stabilize. Besides, angle in y 
axis takes 17s to stabilize in balance 
position (Fig. 15). 

 
Fig. 16: Angle in x axis with fuzzy controller 

 
Fig. 17: Angle in y axis with fuzzy controller 

 
Fig. 18: Cart position in x axis with fuzzy 

controller 

 
Fig. 19: Cart position in y axis with fuzzy 

controller 

With fuzzy controller, angle in x and y axes 
reduces rapidly (7 seconds compare with 20 
seconds in Fig. 14 and 3 seconds compare 
with 17 seconds in Fig. 15). 
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Furthermore, cart position in x and y axes 
is stable at balance location (Fig. 18 and 
Fig. 19). 

V. CONCLUSION 
This paper introduces a fuzzy controller for 
3D crane anti-fluctuation. The simulation 
results show that the Fuzzy Controller can 

reduce the fluctuations of payload through 
angle of lift-line. Moreover, the 
experimental results shows that the fuzzy 
controller makes the swing of load 
connected to 3D crane reduce quickly. In 
addition, cart position in x axis and y axis 
are not influenced by anti-fluctuation 
control action. 
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ABSTRACT 
Two-link robot arm is a typical MIMO system in testing control algorithm. Using PID controller for non-delay 
systems has been successfully researched. In reality, delay process always happens, such as delay of network, delay 
of slow processing feedback of sensor. Because of that, PID controller does not respond well anymore. A solution 
suggested in this paper is application of a Smith Predictor using neural network to ensure that PID controller 
responds well even-though delay process is remarkable. The result is proved doing well over experiment. 

Keywords: two-link robot arm, Smith predictor, neural network, PID controller. 
 

1. INTRODUCTION 
Two-link robot arm is a typical multi input 
– multi output (MIMO) system which has 
been the usual one for testing control 
theories in laboratory and industry. Several 
control theories have been tested 
successfully for two-link robot arm such as 
PID, fuzzy logic, adaptive, etc [6], [7], [8], 
[9]. However, these controllers only can 
control system well in no-delay conditions. 
Delays are quite common in this kind of 
system, it can occur in sensor processing, 
data transmission via network. These delays 
make controller respond unpunctual to 
system’s changes. As a result, control 
signal is not suitable for current system’s 
conditions. It is difficult to obtain 
satisfactory performance of control systems 
in delay conditions. 

To overcome the influence of delay in 
feedback signal transmission, a proposed 
solution is using Smith predictor. Smith 
predictor aims to establish a simulative 
object corresponded with the real one 
(transfer function, neural network, 
predictive mathematical equation of object). 
Some research on linear systems [1], [2] 
had established simulative object through 
transfer-function. However, that is Single 
Input – Single Output (SISO) system and 
transfer-function is mainly formed by 

model parameters system’s measurement 
which is influenced by many factors (such 
as un-measurable system’s parameters, 
incorrect mathematical equation of system 
because of complex computation) to be 
inaccurate. It is impossible to measure 
exactly with a complicated MIMO system. 

Neural network have been researched [4], 
[5] and successfully applied in real objects 
identification [3]. Using neural network to 
form a simulative object in Smith predictor 
was successful in this article. 
Communication lags do not influence 
quality of control. Results had been 
demonstrated by experimental models 
which is a two-link robot arm system. 

2. THEORETICAL BASIS 
2.1 Two-link robot arm model 

 
Fig. 1: The two-link robot arm model 
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Figure 1 shows the schematic drawing of 
two-link arm which consist of two flexible 
links: link 1 and link 2. By controlling of 
two links above, load location can be 
controlled to reach to the desired position in 
space. 

Two-link robot arm is MIMO system with 
two inputs – two outputs. Two SISO 
controller can be used to control according 
to separation principle, each one will 
control operation of a link in arm. 

Set value 
of link 1

Set value 
of link 2

        -
+

+
      -

Controller 
of link 2

Controller 
of link 1

Control signal 
to motor 1

Control signal to 
motor 2 Link 2 angle

Link 1 angleTwo-link 
robot 
arm 

system

 

Fig. 2: The control scheme of two-link robot arm 
2.2 Smith Predictor 
The Smith predictor, invented by O. J. M. 
Smith in 1975, is a type of predictive 
controller for systems with pure time delay. 
The usage can be summarized as follows: 

Suppose the plant consists of G(z) followed 
by a pure time delay z-k. 

As a first step, suppose we only consider 
G(z) (the plant without a delay) and design 
a controller C(z) with negative feedback 
control as follows: 

 
Fig. 3: The control scheme with discretized 

Smith predictor 

Then, a closed-loop transfer function is: 

𝐻𝐻(𝑧𝑧) =
𝐶𝐶(𝑧𝑧)𝐺𝐺(𝑧𝑧)

1 + 𝐶𝐶(𝑧𝑧)𝐺𝐺(𝑧𝑧)
 

When the system delayed, our objective is 
to design a controller 𝐶𝐶̅(𝑧𝑧) which satisfy 
control demands for the plant 𝐺𝐺(𝑧𝑧)𝑧𝑧−𝑘𝑘. So 
that the new closed loop transfer function 
𝐻𝐻�(𝑧𝑧) equals to 𝐻𝐻(𝑧𝑧)𝑧𝑧−𝑘𝑘. Then, transfer 
function of system controller is: 

𝐶𝐶̅ =
𝐶𝐶

1 + 𝐶𝐶𝐺𝐺(1 − 𝑧𝑧−𝑘𝑘)
 

If 𝐺𝐺�(𝑧𝑧)𝑧𝑧−𝑘𝑘 approximates to 𝐺𝐺(𝑧𝑧)𝑧𝑧−𝑘𝑘, then 
the controller C(z) generates the correct 
control action, despite time delay. 

According to the control scheme in Fig. 3, 
𝐺𝐺� can be represented by a trained neuron 
which is equivalent to using system. In that 
case, delay must be define and C(z) is the 
used controller. Therefore, C(z) block is the 
discrete-time PID controller. 

Consequently, the building Smith predictor 
problem turns into the identifying problem 
using neural networks. 

 

 
Fig. 4: Hardware control scheme 
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2.3 Object recognition using neural 
network 

The two-link robot arm model in practical: 

 
Fig. 5: The two-link robot arm model in practical 

 

Supposed form of input signals are shown 
in Figure 6 and Figure 7. 

 

 
Fig. 6: Control signals to identify of link 1 

 
Fig. 7: Control signals to identify of link 2 

 
From the input signals u1(k) and u2(k) 
above, we collected the signals y1(k-1), 
y1(k-2), y1(k-3), y2(k-1), y2(k-2), y2(k-3) 
according to the signal recognition scheme 
as follows: 

 
Fig. 8: Diagram of collecting signal to identify 

Since then, we continue to train the neural 
network described system with the selected 
input as follows: 

 

Fig. 9: Block diagram describes the 
identification neurons 

Neural network training results: 

 
Fig. 10: Predicted identification signal and 

real signal of link 1 

 
Fig. 11: Predicted identification signal and 

real signal of link 2 

1: link 1 arm 

2: link 2 arm 

3: gripper 
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3. EXPERIMENTAL RESULTS 
The identified neural network, applied 
Smith control scheme in Fig. 4, with sample 
time Ts = 0.1s and selected PID control 
parameters 𝐾𝐾𝑝𝑝1 = 0.2; 𝐾𝐾𝑖𝑖1 = 0; 𝐾𝐾𝑑𝑑1 =
0.001; 𝐾𝐾𝑝𝑝2 = 0.5; 𝐾𝐾𝑖𝑖2 = 0; 𝐾𝐾𝑑𝑑2 = 0.0001 
produced results as follows: 

 
Fig. 12: Angle of link 1 with PID controller 

without Smith predictor 

 
Fig. 13: Angle of link 2 with PID controller 

without Smith predictor 

 
Fig. 14: Angle of link 1 with PID controller 

with Smith predictor 

 
Fig. 15: Angle of link 2 with PID controller 

with Smith predictor 

 
4. CONCLUSION 
From the experimental results, we find that 
with common PID controller, the greater of 
system delay, the less effective of the 
control action because of longer rise-time, 
higher overshoot and bigger state error (Fig. 
12 and Fig. 13). If delay time increase to a 
certain level (approximately 1 second), 
system will not stable with PID controller. 
But with the delay time up to 1.5 second, 
system is still well controlled by PID 
controller with Smith predictor, control 
quality is a little influenced (Fig. 14 and 
Fig. 15). 

In summary, this paper presents how to 
apply neural network in object recognition 
and in two-link robot arm control using 
Smith predictor. The experimental results 
show that using Smith predictor applied 
neural network for any controller (PID 
controller in this case) ensure the anti-lag 
and control ability of the system even if 
feedback signal is significantly delayed. 
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ABSTRACT 
The purpose of this paper is to conduct a performance analysis of an inertial stabilization system where 
complementary filter and Kalman filter are used to process measured data from an inertial sensor. This system 
has a 2-DOF Gimbal which is attached to an aviation vehicle. The camera is mounted at the center of the 
Gimbal’s inner joint.  The motion control of Gimbal is a challenging task, mainly because of its nonlinearities, 
dynamics modeling errors, friction and disturbances from the outside environment. A gimbaled stabilization 
system must stabilize the line of sight toward a target against the external motion included by aerodynamic 
forces and aviation vehicle maneuvering. This paper proposes a simple control method that keeps this system 
stable on the line of sight. The experimental results confirm the validity of the used filters and the control design 
procedures for the two-axis gimbaled stabilization system.  

Keywords: Inertial Stabilization System, Gimbal, PID, Complementary filter, Kalman Filter. 

 

1. INTRODUCTION: 
The stabilizing inertial systems have been 
actively researched in recent years. There 
are many important applications which 
relate to these systems including image 
processing, missile, radar, satellite, tracking 
and navigating systems. In image 
processing, to obtain a stable image from a 
camera mounted on a stabilizing inertial 
system, it is essential to decouple the 
movement of the system. The system 
maintains a constant pointing reference in 
inertial space. This is achieved through a 
system of sensors which measures the 
orientation of the system with regard to 
inertial space, and actuators, which rotate 
the system to compensate for external 
disturbances. Sensors such as accelerometer 
and gyroscope are commonly used in these 
systems. Some algorithms are used to 
combine signals from two kinds of sensors 
such as Kalman filter [1], complementary 
filter [1][2][3],…. There have been several 
control algorithms which are used to 
stabilize this system such as PID [4], Fuzzy 

[4], sliding mode control [5], Robust 
control [6] and amongst others. 

The goal of this paper is to compare 
performance responses of the system when 
two filters, Kalman filter and 
complementary filter, are used to produce 
the orientation of this system. Proportional 
– Integral - Derivative (PID) controllers are 
used to control roll and pitch angles of the 
system. 

The paper is organized as follow: Section 2 
shows the two-axis Gimbal. Section 3 
presents Kalman filter and complementary 
filter. The control algorithms are developed 
in section 4. Section 5 shows experimental 
results. Conclusion and future work are 
discussed in section 6.  

2. THE TWO-AXIS GIMBAL:  
The two-axis gimbal consists  of  two 
joints: an outer  joint  attached  to the  
horizon  axis  and an inner  joint  attached  
to  the elevation  axis as shown  in  Fig.  1.  
Both joints are controlled by brushless 3-
phase motors.  The camera is mounted at 
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the center of the inner joint. It can move 
freely in two degrees of freedom within a 
limited small angle.  This system  and  the  
camera  are  kept  at  the center  position  of 
a magnetic  field, so  that  shock vibrations  
will  be  damped  out  effectively. 

 
(a) 

                 
   (b) 

Figure 1: 2-axis gimbal sytem: (a) Real model 
(b) Designed Model in Autocad 

3. KALMAN FILTER AND 
COMPLEMENTARY FILTER: 

Tilt angles of the system are based on 
Inertial Measurement Units (IMU) 
embedded in the Kit ARM cortex 3. 
Nowadays, IMU are available at low cost 
and can be used to measure angular velocity 
(gyroscope) and acceleration (accelerometer) 
at sufficiently high sampling rate.  

Accelerometer measures a value that 
contains two components: a “dynamic” 
acceleration corresponding to 2nd derivative 

of position relative to a given axis, and a 
“static” acceleration which depends on the 
orientation of the sensors to the gravity. 
The proper acceleration may thus differ 
from the coordinate acceleration, which is 
calculated by derivative on spatial 
coordinates and displacement. A gyroscope 
is a device that measures the angular 
velocity around a rotation axis. Three-axis 
gyroscope delivers angular velocities 
around x, y and z axis. 

 
Figure 2: Three Euler angles 

The tilt angle can be achieved by 
processing signal of accelerometers or 
gyroscopes. But it’s more accurate to obtain 
the tilt angle when accelerometers are used 
in stationary status or when gyroscope is 
deployed in dynamic status. Using filters to 
combination of accelerometers and 
gyroscopes will improve the quality of 
angles after processing. 

3.1 Complementary filter: 
 Complementary filter for attitude 
estimation performs low-pass filtering on a 
low-frequency attitude estimate, obtained 
from accelerometer data, and high-pass 
filtering on a biased high-frequency attitude 
estimate, obtained by direct integration of 
gyroscope output, and combined these 
estimates together to obtain an all-pass 
estimate of attitude. 

The basic complementary filter is shown in 
fig. 3 where x and y are noisy 
measurements of some signal z and z is the 
estimation of z produced by the filter. X is 
angular tilt produced by processing 

572 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

accelerometers and y is angular tilt 
produced by processing gyroscopes. The 
noise in x is mostly high frequency, and the 
noise in y is mostly low frequency. Then 
G(s) can be made a low-pass filter to filter 
out the high-frequency noise in x and [1-
G(s)] is the complement high-pass filter 
which filters out the low-frequency noise in 
y axis. 

When x is filtered by the low-pass filter  

1
1)(
+

=
s

sG
τ  

(1) 

Then y is filtered by the high-pass filter  

1
)(1

+
=−

s
ssG

τ
τ

 
 

(2) 

  

 
Figure 3: The complementary filter 

The time constant τ is actually between 2 and 
6 seconds and is adjusted during experiment. 

3.2  Kalman filter 
 The method of least-squares has been used 
to fit a model to data in a wide range of 
applications. The concept of using a least 
squares analysis on noisy data to find 
optimal coefficients for a model of a 
system. Kalman filter estimates states based 
on a mathematical model represented by 
linear difference equations; essentially, 
these state estimations are made by 
computing a model-based estimate and 
adding to it a scaled “residual” representing 
the difference between the predicted and 
actual measurements. The scaling factor, 
which is calculated for each time step, is 
referred to as the Kalman gain and reflects 
how much “trust” is placed on the 

measurements as compared to the model. A 
small Kalman gain indicates low 
confidence in the measurements, while a 
high Kalman gain places priority on 
measurements when estimating the state. 

The Kalman filter may be thought of as a 
two step process consisting of a prediction 
step and a correction step. In the prediction 
step, the anticipated state x* based on the 
linear mathematical model of the system is 
represented as 

11
*

−−
∧

+= kkk BuxAx  (3) 

Where 1−

∧

kx  is the current state estimation 
and u  represents system inputs. The 
anticipated error covariance matrix ∗P  can 
then be estimated as a function of the model 
matrix A, the current error covariance 1−kP , 
and the process noise covariance Q 
reflecting random noise at the control input: 

QAAPP T
kk += −

∗
1  (4) 

In the correction step, Kalman gain is 
computed at time step k as 

[ ] 1−∗∗ += RHHPHPK T
k

T
kk  (5) 

Where H is a matrix relating the state to the 
measurements and R is measurement noise 
covariance reflecting noise added at the 
sensors. The estimate of the states may then 
be calculated as a function of the model 
prediction, measurement, and Kalman gain: 

( )**
kkkkk HxzKxx −+=

∧

 (6) 

The error covariance P is also corrected 
based on the Kalman gain as 

( ) *
kkk PHKIP −=  (7) 

This process of predicting and correcting the 
states repeats for all k. This description of the 
Kalman filter assumes white Gaussian noise 
and a linear model of the system. 

G(s) 

1-G(s) 

z 

x 

y 
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4. DESIGN CONTROLLER 
The control system is designed to have two 
separate controllers. They are inclined angle 
controllers which calculates the voltages 
applied to the motor so that the system’s 
angles compensate disturbance. The block 
diagram of the developed control system is 
show in the fig. 4. 

 
Figure 4: Scheme of Controller  

In the study, the problem of stabilizing the 
system around balanced point is focused, so 
PID controller can be employed to perform 
the angle controllers. The general discrete 
PID controller is given by: 
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where 𝐾𝐾𝑃𝑃, 𝐾𝐾𝐼𝐼, and 𝐾𝐾𝐷𝐷 are proportional gain, 
integral gain and derivative gain, 
respectively 𝑇𝑇𝑠𝑠 is the sample time; 𝑈𝑈(𝑧𝑧) and 
𝐸𝐸(𝑧𝑧)are the Z-transform of the control 
signal u(k) and the error e(k). Totally, two 
discrete PID controllers are used. The 
control signals of the PID controllers are 
listed in the Table. 

Table 1. Input and output signal of PID 
controllers 

Controller Error Control signal 

Pitch angle control -α v1(k) 

Roll angle control -β v2(k) 

The parameters of PID controller are adjusted 
by experiments. PID controllers are tuned to 
have good performance in control the angles 
of the system. The signal 𝑣𝑣1(𝑘𝑘) and 𝑣𝑣2(𝑘𝑘) 
are the voltages fed to the motors.  

5. EXPERIMENT: 
Experiment is implemented in kit Arm 
Cortex 3. Control and processing data 
algorithms is embedded in it. Parameters of 
pitch angle control are Kp= 2, Ki= 0.045, 
and Kd= 0.06 and parameters of roll angle 
control are Kp= 2, Ki= 0.045 and Kd=0.45.  

In kalman filter, parameters are: 

03.0,
005.00
0009.0

,
0
01.0

,
10

01.01

=







=









=







 −
=

RQ

BA

  

They are adjusted during practical period. 

In compensation filter, parameters are 
gyroaccel θθθ *02.0*98.0 +=  

Where  

θ is an angle produced by 
complementary filter. 

θaccel is an angle produced by  
processing accelerometer. 

θgyro is an angle produced by 
processing gyroscope. 

To analyze the responses of controller and 
filters, a graphic user interface has also 
been developed to set control parameters, 
transmit them to the controller, and display 
the control results. 

 
Figure 5: Acquisition and control interface 

The fig. 6 and fig. 7 show the responses of 
roll and pitch which are created by 
processing accelerometers, using Kalman 
filter and complementary filter.  
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Figure 6: the response of the roll processed by 

filters   

 
Figure 7: the response of the pitch processed 

by filters   

The responses of the two-axis gimbal 
system are fig 8, 9, 10, 11 when PID 
control is used to stabilize the system with 
angles produced by Kalman filter and 
complementary filter. With the same 
parameters of PID controller, the responses 
of PID and Kalman filter is more stable 
than PID and complementary filter. 

 
Figure 8: the response of PID control for roll 

processed by Kalman Filter 

 
Figure 9: the response of PID control for 

pitch processed by Kalman Filter 
 

 
Figure 10: the response of PID control for roll 

processed by complementary Filter 
 

 
Figure 11: the response of PID control for 
pitch processed by complementary Filter 
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6. CONCLUSION 
In this paper, we have designed PID 
controllers to stabilize the two-axis Gimbal 
system, compared responses of this system 
when Kalman filter and complementary 
filter are used to calculate angles from the 
IMU, and embedded algorithms into the Kit 

ARM CORTEX 3. The controllers using 
Kalman filter perform better than the 
controllers using complementary filter for 
this system. In the future work, the problem 
of balancing and tracking control of the 
two-axis Gimbal will be focused 
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ABSTRACT 
This paper focuses on voltage stability study of an isolated hybrid diesel and wind generators system by 
increasing the penetration of the wind power in order to reduce the number of diesel generators in Phu Qui Island, 
BinhThuan province, Vietnam. The system includes 6 x 0.5-MW diesel synchronous generators (SG) and 3 x 
2-MW wind turbine-based doubly fed induction generators (DFIG) interconnected to the local 22-kV isolated 
grid. Simulation results are also performed in PSAT software to test the stability of the voltage system with 
different wind energy penetration levels. It can be seen from simulation results that the voltage system can be 
maintained stable with the different wind speed conditions. 

Keywords: Diesel synchronous generators, wind turbine-based doubly fed induction generator (DFIG), voltage stability. 
 

1. INTRODUCTION 
The 6-MW wind farm including 3 x 2-MW 
wind turbine doubly fed induction generator 
(DFIG) in Phu Qui Island is the first plant 
in Vietnam to use both wind energy and 
diesel oil to generate power. This wind 

power plant is expected to provide an 
average of 25.4 million kWh of electricity a 
year, enough to ensure daily demand on the 
Phu Qui Island. The configuration of power 
grid in Phu Qui Island is depicted in 
Figure1. In which, there are 36 buses 

 
Figure 1. One line diagram of the isolated grid in Phu Qui Island 
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including two main power supplies 3 x 
2-MW Vestas V80 wind turbine generators 
and 6 x 0.5-MW Cummin diesel generators 
connected to 22-kV isolated grid and 34 
load buses. Each wind turbine generator 
includes a DFIG 2000 kW with terminal 
voltage is 0.69-kV; a 2100-kVA 
22/0.69-kV transformer, a 0.69-kV circuit 
breaker; rectifiers, protection controls and 
communication [1]. 

Besides, in an isolated power system, diesel 
generators are usually used to generate 
electricity since they can meet the basic 
requirements from power system standards 
such as frequency demand, voltage control, 
as well as quickly response with the load 
change. However, the main disadvantage of 
diesel generators is that it has to run with at 
least 30% nominal power.  

In facts, the total capacity of wind generators 
is higher than the total capacity of diesel 
generators. Due to wind generators are 
DFIGs, thus in an isolated system the diesel 
generators must be operated together with the 
wind generators. From power demand shown 
in Fig. 2 with the peak load is about 2.4-MW 
smaller than the installed  capacity thus the 
operating modes are set as follow [2]:  

 50% power from wind and 50% power 
from diesel in case of load is greater and 
equal than 1.1-MW. 

 When the load is smaller than 1.1-MW 
and the wind speed is greater than 7.2 m/s 
the generated power ratio between wind 
generators and diesel generators is 70% 
and 30%, respectively. 

This paper focuses on increasing the 
penetration levels of wind power to the 
system to reduce the generated power from 
the diesel generators in order to reduce 
electricity tariff. 

2. CASE STUDIES 
With the operating modes mentioned above, 
when the load is greater than 1.1-MW the 
power sharing between diesel and wind 
generators is 50% and 50%, respectively. It 
can be seen that the generated power of 
wind farm is very small compare to the 
6-MW installed capacity. Thus, this paper 
studies about increasing the penetration 
level of wind energy in the isolated power 
grid in Phu Qui Island. The simulation 
results are performed in PSAT toolbox to 
test the response of the system with 
different wind speed conditions based on 
the values of wind speed in Table 1. 

According to the values of power demand 
shown in Figure 2, the load demand in June, 
for example, is around 2.2-MW which is 
selected to perform with different wind 
energy penetration levels. 

Figure 3 shows the voltage at all buses (a) 
and active power of the generators(bus 1 for 
wind turbine generators and bus 7 for diesel 
generators) and the loads (b) with the 
generating power of diesel generator is 50% 
and wind turbine generatoris 50%. It 
canbeseenthat the voltage ateach bus is met 
barriervolatgerequirement (± 5%). 

 
Figure 2. Power demand in Phu Qui Island 

 

P (kW) 

 

P (kW) 

Month 
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For testing the penetration levels of wind 
energy to power system, in these cases 
studies electric power from wind turbine 
generators is increased from 1.1-MW to 
1.8-MW and electric power from diesel 
generator is decreased from 1.1-MW to 
0.4-MW respectively with the step change 
is 0.1-MW. The simulation results are 
plotted in Figure 4 by using PSAT software 
[3, 4]. In which, voltage at each bus in 8 
study cases are shown. However, in the last 
case when wind energy increases up to 

1.8-MW the voltages at bus 26 and bus 27 
drop under 0.95 p.u. For solving this 
situation, fixed capacitor bank or FACTS 
devices such as SVC or STATCOM [5] can 
be used to compensate at these buses to 
improve the voltage magnitude. From the 
simulation results we can see that when the 
load demand is higher than 1.1-MW, the 
penetration level of wind energy can be 
improved up to 77% (i.e. 1.7-MW of 
2.2-MW). 

Table 1. Wind speeds in Phu Qui Island (m/s) 

Month 
Height 

1 2 3 4 5 6 7 8 9 10 11 12 AVE 

60m 7,7 7,0 7,7 5,5 5,7 7,5 6,7 6,9 6,1 4,7 6,2 8,9 6,7 

40m 7,0 6,5 7,1 5,1 4,9 6,0 5,4 5,3 4,9 4,2 5,5 7,9 5,8 

12m 5,5 4,9 5,4 4,0 4,2 5,4 4,6 4,6 4,0 3,2 4,2 6,2 4,7 

 

 
(a) Voltage at 36 buses

 
(b) Active power of Generators (positive) and Loads (negative) 

Figure 3. Voltage and Active power profiles 
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Figure 4. Voltage profile at 36 buses with different penetration levels of wind energy 

 

3. CONCLUSION 
This paper has presented the voltage 
stability study of an isolated hybrid diesel 
and wind generators system by increasing 
thepenetration of the wind power into 
system. It can be seen from the simulation 

results that for all operation situations, the 
penetration of wind power can be improved 
up to 70% to supply power to grid. It can be 
concluded that the voltage system can be 
maintained stable with the different wind 
speed conditions. 
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ABSTRACT 
Double-link Inverted Pendulum is a typical nonlinear, unstable and fast reaction system. It’s a Single Input-Multi 
Output (SIMO) system so that it’s hard to control using traditional fuzzy controller. This paper proposes a 
solution which is three separate fuzzy logic controller for stabilizing a double–link inverted pendulum’s motion. 
Further, an approach is presented for optimizing this fuzzy logic controller by Genetic Algorithm (GA) in order 
to get better control. Performance of the optimized fuzzy controllers has been simulated and compared. The 
entire system has been modeled and tested by Matlab/Simulink toolbox. 

Keywords: double–link inverted pendulum, fuzzy controller, genetic algorithm. 

 

1. INTRODUCTION 
Inverted pendulum system is a highly 
unsteady, multi-variable, and nonlinear 
object which is usual experiment plant for 
control theory testing. Inverted pendulum 
systems have several types, e.g., a single 
pendulum, a parallel double pendulum, a 
serial double pendulum and a two 
dimensional pendulum, etc [1]. The 
pendulum can be mounted on a cart, which 
is called traditional inverted pendulum, or 
on a rotary link - rotary inverted pendulum. 

The serial double inverted pendulum on cart 
is strongly nonlinear and highly unsteady 
than a single inverted pendulum, so 
controlling of the serial double pendulum is 
still a very difficult problem. In this system, 
there are a cart which can move on a rail, a 
lower pendulum hinged on the cart, and an 
upper pendulum connected with the end of 
the lower pendulum. Since the upright state 
of the two pendulums is an unstable 
equilibrium point, the two pendulums will 
fall down without control if one of the 
pendulums does not stand up [2]. Control of 
double inverted pendulum on cart is not 
only to stabilize two pendulums at the 
upright position, but also to set the location 
of cart to the determined position because 
rail has limit. 

Many control theories have been successful 
applied to control inverted pendulum, such 
as classical PID theory for single inverted 
pendulum [3] [4] [5], LQR controller for 
optimal control of double inverted 
pendulum [6], SIRMs (Single Input Rule 
Modules) dynamically connected fuzzy 
inference model [2]. With these theories, a 
challenger is system’s parameters have to 
be exactly known, especially when using 
LQR. If not, controller will not control real 
system efficiently because of the difference 
between real parameters and simulative 
ones. Using fuzzy logic can be a solution 
for this problem because this theory based 
on experience can control without exactly 
parameters. But the double inverted 
pendulum is a Single Input – Multi Output 
(SIMO) system, so if a single fuzzy 
controller is used, it must be a Multi Input – 
Single Output controller. Assumed that a 
fuzzy controller consists of n inputs, and 
each input variable has m membership 
values, then there is mn rules used in this 
controller. This is a big problem for 
applying fuzzy controller to control double 
inverted pendulum which consists of sis 
variables – the upper pendulum angle and 
its angular velocity, the lower pendulum 
angle and its angular velocity, the cart 
position and its velocity. In this paper, a 
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solution for controlling double inverted 
pendulum problem is proposed used three 
separate fuzzy logic controller: one for the 
upper pendulum, one for the lower 
pendulum and the last for the cart position. 
Each output controller is multiplied by a 
“priority factor” which is the biggest for the 
upper pendulum controller, the smallest for 
the cart position controller. These priority 
factors are optimized by Genetic 
Algorithms (GA). Simulate results of the 
conventional fuzzy controller and optimized 
fuzzy controller will be presented and 
compared. 

In section II, double inverted pendulum’s 
dynamic equations are listed. 

Section III is for designing a control 
structure which stabilizes double inverted 
pendulum. Three separate fuzzy logic 
controllers with their priority factors are 
suggested. 

In section IV, priority factors are optimized 
by GA. Control result of optimized fuzzy 
controller which is shown in Simulink tool 
of Matlab is better. 

2. DOUBLE-LINK INVERTED 
PENDULUM SYSTEM 

The double inverted pendulum on cart 
system, shown in Fig. 1, consists of two 
pendulums connected to each other, and 
mounted on a cart that can be controlled 
and stabilized through applying the F force. 

2m g

1m g

0m

2θ

1θ

F(t)

 
Fig. 1: Double inverted pendulum on cart 

In [1], mathematical equations described 
double inverted pendulum on cart system 
can be expressed as follows: 

(𝑚𝑚0 + 𝑚𝑚1 + 𝑚𝑚2)�̈�𝑥 +
𝑚𝑚2𝐿𝐿1)�̈�𝜃1𝑐𝑐𝑐𝑐𝑐𝑐𝜃𝜃1 + 𝑚𝑚2𝑙𝑙2�̈�𝜃2𝑐𝑐𝑐𝑐𝑐𝑐𝜃𝜃2 −
(𝑚𝑚1𝑙𝑙1 + 𝑚𝑚2𝐿𝐿1)�̇�𝜃1

2𝑐𝑐𝑠𝑠𝑠𝑠𝜃𝜃1 −
𝑚𝑚2𝑙𝑙2�̇�𝜃2

2𝑐𝑐𝑠𝑠𝑠𝑠𝜃𝜃2 = 𝐹𝐹 (1) 

�𝑚𝑚1𝑙𝑙1
2 + 𝑚𝑚2𝐿𝐿12 + 𝐽𝐽1��̈�𝜃1 + (𝑚𝑚1𝑙𝑙1 +

𝑚𝑚2𝐿𝐿1)�̈�𝑥𝑐𝑐𝑐𝑐𝑐𝑐𝜃𝜃1 + 𝑚𝑚2𝐿𝐿1𝑙𝑙2 cos(𝜃𝜃1 − 𝜃𝜃2) �̈�𝜃2 +
𝑚𝑚2𝐿𝐿1𝑙𝑙2 sin(𝜃𝜃1 − 𝜃𝜃2) �̇�𝜃1

2 − (𝑚𝑚1𝑙𝑙1 +
𝑚𝑚2𝐿𝐿1)𝑔𝑔𝑐𝑐𝑠𝑠𝑠𝑠𝜃𝜃1 = 0 (2) 

�𝑚𝑚2𝑙𝑙2
2 + 𝐽𝐽2��̈�𝜃2 + 𝑚𝑚2𝑙𝑙2�̈�𝑥 cos 𝜃𝜃2 +

𝑚𝑚2𝐿𝐿1𝑙𝑙2 cos(𝜃𝜃1 − 𝜃𝜃2) �̈�𝜃1 − 𝑚𝑚2𝐿𝐿1𝑙𝑙2 sin(𝜃𝜃1 −
𝜃𝜃2) �̇�𝜃1

2 − 𝑚𝑚2𝑙𝑙2𝑔𝑔𝑐𝑐𝑠𝑠𝑠𝑠𝜃𝜃2 = 0 (3) 

Suppose the parameters of double inverted 
pendulum system as shown in Table 1 below. 

Table 1. Parameters of the system 

Symbol Parameter Value Unit 

𝑚𝑚0 Mass of the cart 1.037 Kg 

𝑚𝑚1 Mass of the lower 
pendulum 

0.088 Kg 

𝑚𝑚2 Mass of the upper 
pendulum 

0.11 Kg 

𝐿𝐿1 Length of the lower 
pendulum 

0.2 m 

𝐿𝐿2 Length of the upper 
pendulum 

0.4 m 

𝑙𝑙1 Length from the gravity 
center to the pivot of 
the lower pendulum 

0.102 m 

𝑙𝑙2 Length from the gravity 
center to the pivot of 
the upper pendulum 

0.2 m 

𝐽𝐽1 Inertia of the lower 
pendulum 

0.0017 Kg m2 

𝐽𝐽2 Inertia of the upper 
pendulum 

0.059 Kg m2 

g Gravity acceleration 9.81 m/s2 

𝜃𝜃1 Angle of the lower 
pendulum 

 rad 

𝜃𝜃2 Angle of the upper 
pendulum 

 rad 

x Position of the cart  m 

F Driving force  N 
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The position x and its velocity �̇�𝑥 of the 
cart, the angle 𝜃𝜃1  and its velocity �̇�𝜃1  of 
the lower pendulum, the angle 𝜃𝜃2 and its 
velocity �̇�𝜃2 of the lower pendulum are the 
state variables. 

3. FUZZY LOGIC CONTROLLER 
FOR INVERTED PENDUMLUM 

The considered double inverted pendulum 
is a SIMO system, which includes of one 
input (F force) and three outputs (the 
position of the cart, the lower pendulum 
angle, and the upper pendulum angle). 
Stabilizing double inverted pendulum is 
controlling two pendulums at the upright 
position concurrent with ensuring the 
location of cart to the determined position. 
It is difficult to build a single fuzzy 
controller to control this system because of 
the number of rule. 

In this work, three separate fuzzy logic 
controller are proposes to control three 
objects: cart position, lower pendulum and 
upper pendulum. The control scheme is 
shown in Fig. 2. 
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controller
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d t
d u
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D
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x

d t
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d t
d u
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K3

K4

K5

K6

1θ

2θ
2θ

1θ

 
Fig. 2: The control scheme of double inverted 

pendulum 

Each fuzzy controller has two inputs and 
one output. Each input has a preprocessing 
value K1, K2, K3, K4, K5 and K6 which 
illustrated in Fig. 2 

The membership functions of each input 
variable are defined in Fig. 3. 

PBµN Sµ PSµ
ZEµ

-1      -0.5  0   0.5          1

NBµ

 
Fig. 3: Membership function of each input 

-1    -0.66    -0.33  0      0.33     0.66 1

PBPMPSZENSNMNB

u

 
Fig. 4: Membership function of output 

The number of rule using in each controller 
is 25. All of used rules are listed in Table 2. 

Table 2: Rule matrix of each fuzzy controller 

Angel/Position error (teta/x) 

A
ng

el
/P

os
iti

on
 v

el
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ity
 

(te
ta

/x
_d

ot
) 

 NB NS ZE PS PB 

NB NB NB NM NS ZE 

NS NB NM NS ZE PS 

ZE NM NS ZE PS PM 

PS NS ZE PS PM PB 

PB ZE PS PM PB PB 

In control the double inverted pendulum, 
the upper pendulum is the most important. 
Therefore, the upper pendulum must be 
stabilized first, then, the lower pendulum, 
and the cart position is the last object 
adjusted. “Priority factor” for each fuzzy 
controller is proposed, they are priority 
factor 1, 2 and 3 (K7, K8 and K9) for upper 
pendulum, lower pendulum and cart 
position fuzzy controller. The priority factor 
1 is the biggest, and the smallest is priority 
factor 3. 

The initial values of 
� 𝑥𝑥 𝜃𝜃1 𝜃𝜃2 �̇�𝑥 �̇�𝜃1 �̇�𝜃2�  are 
[  0.05 0.02 −0.03 0 0 0.05]. 

4. OPTIMIZE CONTROLLER BY GA 
Genetic Algorithm (GA) which is used to 
find optimized solution based on the 
survival-of-the-fittest strategy was proposed 
firstly by Holland in 1975. This algorithm 
will eliminate unfit components to select 
the fittest component by Man-made fitness 
functions generation by generation [3]. GA 
simulates three basic process of natural 
evolvement: selection, crossover, and 
mutation. 
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Initial Populations
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EndDecisions
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No

 
Fig. 5: The block structure of the controller 

optimizing process with GA 

Fuzzy 
controller

Priority 
factor Plant

GA

Setpoint
Preprocessing

 
Fig. 6: Turning of the priority of fuzzy 

controller process with GA 

The preprocessing values and priority 
factors optimized by GA are listed in Table 
3 below. 

Table 3: Priority factors optimized by GA 

 Parameters 1 
(At 

generation 
718) 

Parameters 2 
(At generation 

1257) 

Parameters 3 
(At 

generation 
3277) 

K1 
K2 
K3 
K4 
K5 
K6 
K7 
K8 
K9 

3.7520 
5.0810 
4.8100 
1.1790 
7.4870 
3.8830 
6.8400 

35.7600 
87.1500 

0.3540 
3.5290 
5.4130 
0.6480 
9.2890 
7.5500 

34.0300 
35.8700 
92.5200 

4.3540 
5.0200 
8.2890 
0.6210 
9.9120 
2.9460 
7.0800 

35.2200 
98.5500 

The simulation of system is shown as 
follow: 

 
Fig. 7: Cart position with optimized fuzzy 

controller 

 
Fig. 8: Angle of lower pendulum with 

optimized fuzzy controller 

 
Fig. 9: Angle of upper pendulum with 

optimized fuzzy controller 

With fuzzy controllers and priority factors 
above, the simulation results show that 
system is stable around zero-point. 
Optimized fuzzy controllers with priority 
factor found by GA control the system 
stable quickly with parameters 3. Fuzzy 
logic with parameters 1 takes a long time to 
stabilize – 20 seconds with with upper and 
lower pendulum (Fig. 8 and Fig. 9). The 
inverted pendulum stabilizes rapidly – only 
less than 10 seconds with upper and lower 
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pendulum (Fig. 8 and Fig. 9) and just 
around 15 seconds with cart position. This 
simulation results show that the optimized 
fuzzy controller with parameters found by 
GA controls the system is better. 

 

 

 

5. CONCLUTION 
Double inverted pendulum is a high 
unsteady system. This article proposed a 
solution for controlling double inverted 
pendulum using fuzzy logic algorithm, GA 
is used to optimize this fuzzy controller 
with priority factors. The control results 
show that optimized fuzzy controller is 
better. 
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ABSTRACT 
In this paper, a Near Infra-Red Spectroscopy (NIRS) feature extraction algorithm using fast-ICA (Independent 
Component Analysis) is proposed. In addition, a study of recognition whether one taps the left hand or right 
hand will be discussed. Data with noise and artifacts collected from a multi-channel system was pre-processed 
using a Savitzky-Golay filter for getting more smoothly data. Characteristics of the filtered signals during left 
hand tapping and right hand tapping can be extracted using a fast-ICA algorithm based on the model of cocktail 
party – multi-channel. Fast Fourier Transform was applied to validate the obtained features for hand tapping 
recognition. Experimental results have been done many trials on a subject to illustrate the effectiveness of the 
proposed method. 

Keywords: feature extraction, fast-ICA, functional Near Infrared Spectroscopy 

 

1. INTRODUCTION 
Neuroimaging technologies have been 
attracting many researchers for the purpose 
of understanding human brain. In recent 
years, functional Near Infra-Red 
Spectroscopy (NIRS) has become the 
convenient technique for brain imaging 
studies. This non-invasive technique emits 
near infrared light into the brain to measure 
cerebral hemodynamics as well as to detect 
localized blood volume and oxygenation 
changes. In addition, fNIRS technique has 
been appeared as an alternative brain-based 
experimental technique [1] to measure 
human thoughts and activities for 
rehabilitation. For evaluating behaviors 
related to human brain during experiments, 
subjects feel free for performing his or her 
brain activities. In particular, this technique 
has been successfully used to study brain 
functions such as assessment of motor task 
from everyday living, athletic performance, 
recovery from neurological illness [2], 
assessment of verbal fluency [3] and 
quantification of brain function during 
finger tapping [4]. 

The time courses and active regions of 
event-related ICA components were 

consistent across trials. Practical BMI 
system has been designed [5]. This proposal 
discussed a design method by considering 
improving the performance of learning 
vector quantization classifiers by using 
ICA. Furthermore, ICA can be used for 
removing motion artifact from NIRS 
signals [6]. 

In this study, we proposed an algorithm for 
extracting features from hand tapping data. 
First of all, Savitzky- Golay filter is used to 
reduce noises as well as artifacts. After that, 
features of Oxy- Hb are found by fast-ICA 
algorithm. Finally, Fast Fourier Transform 
is used to determine whether left hand or 
right hand is tapped. 

2. MATERIALS AND METHODS 
2.1 Data Acquisition 
We used a multichannel fNIRS instrument, 
FOIRE- 3000 in order to acquire oxygen 
hemoglobin. This machine is made by 
Shimadzu Corporation in Japan and located 
at Room 104 of Biomedical Engineering 
Department, International University, 
Vietnam. 

Oxy-Hb alters in motor control area of 
human brain was captured from a set of the 
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holder with 20 channels for both 
hemispheres using the fNIRS technique as 
shown in Figure 1. This system operates at 
three different wavelengths of 780 nm, 805 
nm and 830 nm. Moreover, the distance 
between pairs of emitter and detector 
probes was set at 3 cm and all probes were 
attached with holders arranged on different 
sides of human brain hemispheres which 
depend on users. 

 
Figure 1. Probes allocation on participant’s 

head using FOIRE-3000 system. 

A subject (male, 25 years old, 62 kg 
weights, right-handed) was participated into 
this study. After reading and understanding 
the experiment protocol and the fNIRS 
technique, he will start doing hand tapping. 
The subject was required to perform hand 
tapping motions, both left and right sides as 
motor activities. In these hand tapping 
motions, a protocol includes 20s (Rest) – 
20s (Task) – 20s (Rest). It means that the 
subject relaxed in 20s, tapped his hand 
up/down about 10 times in 20s, and then 
rested 20s, as shown in Figure 2. 

 
Figure 2. Time protocol with 20 seconds rest, 

20 seconds tapping, 20 seconds rest and 
repeat. 

Data were collected from 20 channels. 10 
channels are of the left brain side and that 
of the opposite side will be obtained for 
hand tapping recognition. 

However, we just chose 4 channels of each 
side which had reliable information to 
analyze and to estimate features. More 
clearly, the left brain channels are 2, 5, 6, 9 
and the 12, 15, 16, 19 channels are of the 
right brain side predicted on the motor 
control area of the hemispheres as in 
Figure 3. 

 
Figure 3. Red transmitters, blue detectors and 
corresponding channels on both hemispheres 

2.2 Data Pre-processing 
Brain data of a subject acquired from the 
channels has noises and artifacts. In order to 
obtain brain data with less annoyance, a 
filter as the Savitzk-Golay filter was applied 
in this paper. Savitzky-Golay filters [7] are 
also known as polynomial smoothing. The 
idea of polynomial smoothing is replacing 
samples of signal by the values that lie on 
the smoothing curve. The results of 
smoothing four channels are shown in 
Figure 4. 
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Figure 4. Typical smooth signals of selected 
channels on left hemispheres. The filter has 

length of 11 and 5th order polynomial. 

2.3 Fast Independent Component Analysis 
To define ICA [8], a statistical latent 
variables model can be used. Assume that 
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we observe n linear mixtures nxxx ,, 21 of 
n independent components sj: 

xi = ai1s1 + ai2s2 +…+ ainsn (1) 
Equation 1 can be written in the matrix form: 

Asx =  (2) 
The inverse so-called W of A can be 
computed to obtain the independent 
components. The process of decomposing 
observed signals without prior knowledge is 
known as blind source separation problem. 
This can be done very efficient by fastICA 
algorithm. 
The observed signals have to had zero mean 
by subtract to its mean. 

}{- = xxx ′′ E  (3) 

The second step in fastICA is to whiten 
observe variables by using eigenvalue 
decomposition (EVD) of the covariance 
matrix. 

TTE EDExx =}{  (4) 

In which, E is the orthogonal matrix of 
eigenvectors of }{ TE xx and D is the 
diagonal matrix of its eigenvalues. 
Whitening matrix can be obtained: 

VxxEEDz == − T2/1  (5) 

Where, TEEDV 2/1−= . 
Rewrite z in Equation 5, we have 

sAVAsz ~
==  (6) 

The independent components are 

zws T=  (7) 

in which, 1Aw −=
~T . 

The gradient of the absolute value of 
kurtosis of zwT can be simply computed as 

]3})({))[((4
)( 23 wwzwzw

w
zw

−=
∂

∂
TT

T

zEkurtsign
kurt

 (8) 
Equating the gradient of kurtosis in 
Equation 8 with w , the new value of w is 

wzwzw 3})({ 3 −← TE  (9) 

The smooth signal from filter step will be 
accompanied with ICA algorithm to extract 
feature. Extracted NIRS signal then will be 
analyzed for further information. 

3. RESULTS AND DISCUSSION 
From the probes allocation, the ICA 
cocktail party model was shown in Figure 
5. In this paper, the left hemisphere was 
explored. The receiving probe 1 acquires 
signal from channel 2 and 5 while channel 
6 and 9 were collected by receiving probe 
4. The selection of this probes and channels 
is due to the active channel observed from 
fusion software [9].  

 
Figure 5. Cocktail party model for NIRS 
signal. Receiver 1 acquires signal from 

transmitter 3 while receiver 4 acquires signal 
from transmitter 2. The signals are combined 

at receiver linearly. 

Signal from transmitting probe 2 and 3 after 
applying ICA was then analyzed by 128 
points Fast Fourier Transform. After that, 
the amplitude spectrum was evaluated. 
Figure 6 and Figure 7 show these results. 

 
Figure 6. Frequency analysis in the case of 

left hand tapping. 
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High frequencies of extracted signals have 
information for the purpose of classifying 
hand side tapping. The high frequency 
components in the case of left hand tapping 
are different from those of right hand 
tapping. The sampling period is set up of 
0.07 seconds [9]. Due to Nyquist sampling 
theory, all frequency components less than 
7 Hz can be caught. Average energy of the 
components from 6 to 7 Hz of two probes 
was evaluated. The values of average 
energy in the case of left hand tapping and 
right hand tapping are shown in Figure 8 
with blue bar and red bar, respectively. 

 
Figure 7. Frequency analysis in the case of 

right hand tapping. 

Figure 8 provides that there is different 
value as doing left hand and right hand 
tapping. The observation of 40 trials shows 
that with the threshold value of 3.8 – dotted 
line, left hand and right hand can be 
distinguished. More clearly, the population 
is composed of 20 trials of left hand tapping 
and the same quantity of right hand tapping. 
In the case of left hand tapping, fourteen 
trials have the value greater than threshold 
while there are 12 trials of right hand 
tapping less than this. 

The chosen threshold here is to maximize 
the number of trials of hand tapping 
classification in the sample population. 
Human brain is a very complex 
architecture. Base on different excitation, 
emotion during hand tapping, the threshold 

can be changed. Moreover, it can be 
different from participants.  

 
Figure 8. Average energy comparison between 

left and right hand tapping over 20 trials. 

A mean threshold algorithm was applied to 
determine case of open eyes, blinking and 
glance [10]. The detection of eye state 
based on of amplitude of signals with its 
frequency range from 0.5 to 3.5 Hz. In this 
paper, the higher frequencies are used and 
these are from 6 to 7 Hz. When the 
excitations are different, the frequency 
components should be chosen carefully. 

4. CONCLUSION  
In this paper, original brain signals of hand 
tapping tasks were filtered by the Savitzky 
– Golay filter to produce the smooth 
signals. Moreover, the smoothed signals of 
the left and right hand tapping tasks 
corresponding to Oxy-Hb concentration 
changes in human brain were analyzed 
using ICA model. Classification of hand 
side tapping can be done using average 
energy of the high frequency components of 
6 to 7 Hz. Based on the proposed 
algorithms, future work is that experiments 
will be developed on many subjects to 
investigate more accuracy and to apply for 
treatment and rehabilitation. 
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ABSTRACT 
In this paper, a robust method based on vision system and applied mathematics is employed to recover the positions of a 
mobile robot in outdoor environments. The method include three distinct steps: in the first step, the robust features of 
images are extracted by SIFT algorithm. The correspondence of image pairs are calculated using RANSAC algorithm to 
reject the outliers. In the second step, The resemble constituents of the image data will be thoroughly analyzed to locate 
their pair-wise camera motion constraint and estimate the global camera rotation; finally, value minimum is optimized 
for the cost function of the projection. This result is the robot positions in the environments. The accuracy and the 
stability of this approach are verified by experiments in different environments, and lighting condition. 

Keywords: SIFT, features matching, localization and mapping, convex optimization, outdoor mobile robot  

 

1. INTRODUCTION  
The advancement of the state-of-the-art 
technology, one of the prevailing 
worldwide trend solely appearing at the 
advent of the 21st century, has made great 
contributions to human being’s comfort and 
convenience. Among the big steps forward 
in the betterment of robotics, in the world 
of science and discovery, unmanned 
autonomous vehicles, at the zenith of its 
popularity today, have been better utilized 
in virtually every aspect of human life. It is 
often said that necessity is the mother of 
invention. What has most likely concerned 
the perfect-seeking scientists, therefore, to 
date is how to effectively upgrade the 
robotic mapping and navigation systems. 
Without breaking stride in the search for 
significant contributions to the 
improvement of people’s life both socially 
and scientifically, computer vision has been 
recently enhanced its best features. 

In the framework of this paper, a 
well-balanced combination of a camera and 
the multiple view geometry is employed to 
navigate the positions and orientations of a 
mobile robot in outdoor environments. 

 

2. MULTIPLE VIEW GEOMETRY 
PRINCIPLE  

Multiple view geometry is the effective 
method to extract the 3D information of the 
real word and the camera positions. The 
general idea is that the camera captures the 
sequence images of the world from 
different positions or angle of view, then 
computer will compute the 3D structure of 
world and recover the camera poses. 

3. ALGORITHM DESCRIPTION 
Without using any addition electro-magnetic 
device out of monocular camera, this 
proposed method overcomes some 
disadvantages mentioned above. The flow 
chart of the proposed method is described in 
Fig.1. Using perspective camera, images are 
acquired from objects of the scene with 
complicated objects and structure. The 
problem of reconstruction from scene 
images is how to detect and remove outliers 
as well as optimize the results with highest 
accuracy. One of the outlier problems causes 
by un-necessary objects appear in image and 
distortion. The robust method for global 
camera rotation estimation based on 
pair-wise constraint will be performed. In 
order to find the robust constrains of images, 
Scale Invariant Feature Transform algorithm 
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(SIFT) [12] is applied to find invariant 
feature and matching for each pair of views 
in combinatorial form. The global camera 
rotation is computed according to 
graph-based sampling scheme [13]. After 
obtaining camera rotation matrix in global 
coordinate, high accuracy point clouds will 
be generate by applying known-rotation 
frame work [14]. Instead of using only 
canonical BA which may gain unstable 
structure of critical geometry configuration 
and trapped in local minima, the result of 
known-rotation framework is treat as initial 
guess for BA process. This idea is inspired 
from the original approach as proposed in 
[15]. However, the model is has not created 
completely. The dense upgrading process is 
needed. Here, the patch based multiple view 
stereopsis method (PMVS) [16] is applied to 
create the final dense scene model. 

 
Figure 1. General proposed scheme for scene 

modeling 

3.1 Global camera rotation estimation 
In order to compute the global camera 
rotation, first, we find the essential matrix 
which describes the relative position and 
orientation of image pair-wise. This matrix 
is estimated using correspondences point 
with outlier removal and intrinsic 
parameters of camera. Second, the global 
rotation constraints will be computed based 
on these local pair-wise constraints by 
averaging motion method. 

The result of correspondence point in 
previous step will be used to compute 
fundamental matrix (Fig.2). The epipolar 
constraint represented by a 3x3 matrix is 
called the fundamental matrix. Also, this 
method based on two-view geometry 
theory which was studied completely in 
[17]. According to theory, once the intrinsic 
parameters of the cameras are known, the 
fundamental epipolar constraint above can 
be represented algebraically by a 3x3 
matrix, called the essential matrix. We can 
form the matrix E : 

TE K FK′=        (1) 
Here E is essential matrix, K ′ and K are 
intrinsic parameters of camera 1 and 2. In 
the case of using monocular camera, we 
have K K′ = . The projection matrix of the 
first camera P is set follow this equation: 

[ | 0]P K I=        (2) 

 
Figure 2. SIFT feature extraction and 

matching 

The second projection matrix is found from 
four possible choices: 

3( | )TP UWV u= + or

3( | )TP UWV u= − or
3( | )T TP UW V u= + or
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3( | )T TP UW V u= − , where U and V are found 
from SVD decomposition of E . The u3 is 
the last column of U and W. 

0 1 0
1 0 0
0 0 1

W
− 

 =  
  

                   (3) 

Only one of these four choices is possible 
for the second camera. We can find it by 
testing whether a reconstructed point lies in 
front of both cameras. To enhance the 
accuracy of rotation constraint, the 
RANSAC algorithm is combined in the 
epipolar geometry to remove the outlier. 

Some common approaches for camera 
registration were proposed by several 
author groups. As in [18], authors used 
cycles in the camera graph and Bayesian 
framework for incorrect pair-wise detection. 
Another linear solution based on least 
square method was presented in [19]. 
Whereas in [20] branch-and-bound search 
over rotation space was used to determine 
camera orientation. In this paper, we apply 
a robust rotation averaging method as 
proposed in [13]. The results proclaim that 
graph-based sampling scheme efficiently 
removes outliers in the individual relative 
motions based on RANSAC scheme. A 
short description for this method is 
presented as follow: given the relative 
rotation Rij, how to find a robust method to 
compute a set of all camera rotations kR in 
the global coordinate, e. g,  

i ij jR R R=                         (4)                                

3.2 Structure and motion recovery 
In this section, triangulation with known 
rotation consistency will be recast as 
quasi-convex optimization problem. Some 
author groups proposed methods using 
L∞-norm [21] or L1-norm [22] instead of 
L2-norm in minimizing the residual error of 
measured feature and back-projection of 
3D points. It is easy to figure out that 
solving the L2-norm for more than two 
cameras is a hard non-convex problem. It 

can yield local minima instead of single 
global minimum if error is minimized in 
L∞-norm. Here, the solution which is 
similar in [14] is applied. However, the BA 
should be performed afterwards to improve 
the final structure and motion result. The 
next section will formulate and solve the 
triangulation problem by using bisection 
convex optimization method. 

Let , 1, 2,...,iP i m= are the m known 
cameras and ui are the projection of point U 
in 3D space (both are expressed in 
homogeneous coordinates). The problem of 
finding U given the camera matrices and 
image points is triangulation. In the ideal 
case (absence of noise), the triangulation is 
ordinary. In the noise case, the 
back-projection of point U to image plane 
doesn’t coincide with ui. Thus, we must 
find point U that its projection is nearest ui , 
i.e., minimizes the cost function:  

2

1
( , )

m

i i
i

d u PU
=
∑         (5)                                   

here ( , )d ⋅ ⋅ represents the geometric distance 
between two points in the image. Arguments 
which are presented in [14] point out that the 
L2-norm error of this cost function in three 
view triangulation creates three local 
minima whereas the L∞-norm create single 
minimum. The known-rotation problem will 
be described in detail as follow: consider the 
camera matrix P we try to solve the 
minimization problem: 

min max ( , ( ))i i id u PU x                                                                                 

Subject to ( ) 0, 1,2,...,i x i mλ > =       (6)               

here ( )i xλ is the depth of the point in image 
i. It is easy to realize that the square image 
distance is a rational function of x: 

2 2
2 1 2

2

( ) ( )( , ( ))
( )

f x f xd u PU x
xλ
+

=        (7)                                                                    

where 2
1( )f x , 2

2 ( )f x and 2( )xλ are affine 
functions in x and with coefficients 
determined by u and P. 
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Suppose that γ is an upper bound of the 
objective function in problem (7). 
According to theory in [23], this problem 
can be formulated again with form: 
min γ                                         
Subject to 1 2( ), ( ) ( )i i if x f x xγλ≤   

( ) 0, 1, 2,...,i x i mλ > =               (8)                                                                                   

if γ is consider unknown, equation (8) can 
be rewritten in second order cone programs 
(SOCP) feasibility problem form: 

find x                                                                                    
Subject to 1 2( ), ( ) ( )i i if x f x xγλ≤  

( ) 0, 1, 2,...,i x i mλ > =               (9)                                                                                

Assume that the optimal γ ∗ is lower than 

some threshold of uγ pixels, then evidently 
* [0, ]uγ γ∈ . Until now, the typical convex 

feasibility problem solving is applied. 

4. EXPERIMENTS 
In this section, some simulations are 
presented to evaluate effectiveness of 
proposed method. The main objects are 
large scale scenes in outdoor environment. 
The dataset images are acquired by digital 
perspective camera (Fujifilm FX-JX680) 
which may causes distortion in large view. 
In the experiment, we try to reconstruct a 
medium scale scene which has three statues 
stand in front of three pillars located on 
campus square. This data has 38 images of 
size [4000x3000] were used. 

 
Figure 3. (a) is one of views of dataset. (b) is 
back-projection of point clouds into image 

(marked in red color “o”) and original image 
points (marked in blue(*))   

 
Figure 4. The zoomed views of 

back-projection error. Background 
rectangular are image pixels 

 

 
Figure 5. Model’s sparse point cloud and 

camera pose 

5. CONCLUSION 
Outdoor scene reconstruction from multiple 
views based on context analysis and 
known-rotation frame work combined with 
BA method is presented on this paper. 
Some advantage points were pointed out 
through our experiments. First, the 
pre-process was performed to remove 
unnecessary objects which often generate 
outliers. Second, the method avoids only 
using BA which often causes unstable 
structures in critical geometry configuration. 
Moreover, BA algorithm used L2-norm 
which may trap in local minima. Instead, 
the convex optimization combined with BA 
utilizing known-rotation frame work 
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creates robust initial guess for next 
structure generation process. Third, in the 
global camera rotation estimation, 
graph-based sampling scheme according to 
RANSAC yields robust estimation results. 
Our future woks focus on the comparison 

of this method with L1 combined L∞-norm. 
It is expected to improve this method for 
Omni-directional camera in outdoor scene. 
The lasting target of this method is real 
time and accuracy visual SLAM. 
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ABSTRACT 
This paper concerns with a threshold algorithm for classification of eye movement signals using EEG technology. A 
Hamming band-pass filter will be applied to eliminate noise of the EEG signal. In this research, signals such as eye 
blinks and glances will be investigated and then processed to extract features of the signals for classification. Ten 
subjects are invited to attend this research. In addition, a quality testing program is built in LabVIEW environment for 
data collection. Finally, experimental results are shown to illustrate the effectiveness of the proposed method. 

Keywords: Threshold algorithm, EEG technology, Hamming lowpass filter and Eye movements 
 

1. INTRODUCTION 
There are the large number of disabled 
people in the total population of the world. 
Therefore, assistive devices always 
encourage them to enhance their daily 
activity. To improve integration to society 
for handicaps, many researchers have 
developed electrical wheelchairs with the 
joystick control to produce intelligent 
wheelchairs using the user’s face direction 
[1], the wheelchair can be driven using voice 
commands [2] or the wheelchair using a 
special camera system mounted on glasses 
can be moved to detect the movement of 
pupil and direction control [3].  

A direct communication pathway between 
thebrainand an external device, is an 
interesting topic. However, human brain is 
a complex and important structure so that 
researchers can explore and diagnose. In 
recent years, many methods have been 
applied into brain researches such as 
concentrations of blood oxygenation, 
Oxy-Hb, Deoxy-Hb and etc. in brain when 
subjects do different tasks using fNIRS [4]. 
One can use fMRI to find specific areas of 
the brain that respond to some tasks or 
stimulus [5] and then it is evaluated using 
neural networks[6]. 

In another method, electroencephalogram 
(EEG) provides a unique chance in terms of 

temporal resolution and cost compared to 
other neuro-imaging techniques; therefore, 
the EEG is used in Brain Computer 
Interface (BCI) researches such as motor 
imagery, steady state visual evoked 
potentials and what is known as P300 for 
control of computer software based on the 
real-time analysis of EEG signals [7].  

On the background, electrical wheelchairs 
have developed using EEG technology 
for Amyotrophic Lateral Sclerosis (ALS) 
patient [8]. Therefore, the 
EEG-controlledwheelchair with cognitive 
data oreyes movements was designed for 
movement of disabled people [9]. EEG 
signals were obtained from“Neuro-sky 
Mind wave ‟ E E G  sensor and FFT 
algorithm was utilized to process artifacts 
for signal smooth, in which EEG 
commands are correspond to controls such 
as “Left, Right, Start and Forward” [10]. 

In the project, threshold algorithms are used 
to analyze, classify and create standards 
thresholds of EEG signals using eyes 
movements. Moreover, a wheelchair control 
program is built in LabVIEW environment, 
the program not only connects to EEG 
device mounted on subject head during use 
of electric wheelchair, but also processes 
EEG online signals to control the 
wheelchair in real time. Furthermore, a 
calculation of blink-times and a detection of 
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confusion between left-glance and 
right-glance signals are supplemented to 
increase the accuracy of control. In addition, 
a testing program is built to improve the 
effectiveness of EEG data for any subject 
for determination of standard thresholds of 
different EEG commands. 

2. MATERIALS AND METHODS 
2.1 Data Collection 
EEG data are collected on 10 subjects with 
137 samples at Fp1, F7, F8, CMS and DRL 
channels by using a Biosemi Active Two 
system show as figures 1 and 2. 

 

Figure 1. Positions of electrodes for 
wheelchair control 

 

Figure 2. Subject is doing experiments 

The subject took 4 independent tasks such 
as opening, blink, left-glance, and 
right-glance in 8 seconds. The eyes 
movements are performed at 2 moments: 
from 2nd to 4th second and from 6th to 8th 
second show in figure 3. 

 

Figure 3. Protocol of data acquisition 

2.2 Signal Pre-processing 
EEG signal has much noise, so a Hamming 
band-pass filter (from 0.5Hz to 4Hz) is used. 
The impulse response of the Hamming 
band-pass filter 𝐻𝐻(𝑛𝑛)  is calculated as 
follows: 

𝐻𝐻(𝑛𝑛) =  ℎ𝑑𝑑(𝑛𝑛) × 𝑊𝑊(𝑛𝑛) (1) 

where ℎ𝑑𝑑(𝑛𝑛) is the impulse response an ideal 
filter and 𝑊𝑊(𝑛𝑛)is the Hamming window. 

The theory output of Hamming band-pass 
filter 𝑦𝑦′(𝑛𝑛) is convolution operation of the 
original EEG signal 𝑥𝑥(𝑛𝑛)   and the 
impulse response of designed filter is 
described as follows: 

𝑦𝑦′(𝑛𝑛) = 𝑥𝑥(𝑛𝑛) ∗ 𝐻𝐻(𝑛𝑛) 

           = ∑ 𝑥𝑥(𝑘𝑘) ∗ 𝐻𝐻(𝑛𝑛 − 𝑘𝑘)𝑁𝑁
𝑘𝑘=1  (2) 

where, N is the order of the filter, 
n=1,2,3,…,N. 

To reject influence by voltage drift, the real 
output of the designed filter 𝑦𝑦(𝑛𝑛)  is 
calculated as follows: 

𝑦𝑦(𝑛𝑛) = 𝑦𝑦′(𝑛𝑛) − ∑ 𝑦𝑦′(𝑛𝑛)𝑁𝑁
𝑛𝑛=1

𝑁𝑁
 (3) 

The signal is divided into 8 milliseconds(𝑡𝑡𝑠𝑠), 
the sample rate (𝐹𝐹𝑠𝑠) is 128 Hz. The number 
of the EEG signal samples is: 

𝑆𝑆 = 𝐹𝐹𝑠𝑠 ∗ 𝑡𝑡𝑠𝑠 = 128 ∗ 8 

                     = 1024 𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠 (4) 

 
Figure 4. Representation of EEG signals after 

the Hamming filter with different window 
length L=11 
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Figure 4 represents the result corresponding 
to the length (L=11). This results indicates 
that the quality of the filter is directly 
proportional to the length of the window. 

2.3 Feature extraction 
Threshold algorithm is applied to extract 
features of EEG signal using eyes 
movements. The values of a threshold are 
determined by statistics on the obtained 
EEG data. The threshold value using 
standard deviation is expressed follow as: 

𝑇𝑇𝐻𝐻𝑇𝑇 = 𝑀𝑀 ± 𝑠𝑠 ∗ 𝑆𝑆𝑆𝑆 (5) 

where 𝑀𝑀  is the mean value, 𝑆𝑆𝑆𝑆  is the 
standard deviation, and 𝑠𝑠 is the coefficient 
of standard deviation of EEG signal. These 
parameters are described in equations (6), 
(7), and (8). 

𝑀𝑀 = ∑ 𝑦𝑦(𝑛𝑛)𝑆𝑆
𝑛𝑛=1

𝑆𝑆
 (6) 

𝑆𝑆𝑆𝑆 = �∑ (𝑌𝑌𝑛𝑛−𝑀𝑀)2𝑆𝑆
𝑛𝑛=1

𝑆𝑆
 (7) 

𝑠𝑠 = 𝑆𝑆𝑆𝑆
𝑀𝑀

 (8) 

where 𝑦𝑦(𝑛𝑛) is the EEG filtered signal, 𝑆𝑆 is 
the number of samples. Because the eyes 
movements are worked out in 2 seconds 
(from 2nd to 4th second), the samples 𝑆𝑆for 
calculating thresholds are described as 
follows: 

𝑆𝑆 = 𝐹𝐹𝑠𝑠 ∗ 𝑡𝑡𝑠𝑠 = 128 ∗ 2 

    = 256 𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠 (9) 

From Equations (6), (7), and (9), the mean 
values of EEG signal for 4 eyes movements 
are calculated as shown in table 1. 

Table 1. Mean values of four EEG signals onten subjects 

Channel 
Open Blink Glance to left Glance to right 

Mo SDo Mb SDb ML SDL MR SDR 

Fp1 1 0.03 0.7 0.14 1 0.03 1 0.03 

F7 2 0.05 2 0.05 1.9 0.27 2.1 0.29 

F8 3 0.05 3.2 0.09 3.1 0.31 2.9 0.30 
 

where, Mo, Mb, ML, MR are the mean 
values of opening, blinking, left-glance, and 
right-glance signals. SD is the standard 
deviation of the corresponding mean values.  

From table 1, relationships between eyes 
movements and channels are recognized. 
Concretely, blink affects the mean value of 
Fp1 and F8 channels, left-right glance 
affects the mean values of F7 and F8 
channels. From that point, thresholds of 
eyes movements are calculated at 
corresponding channels. Then, EEG signals 
of blink, left-glance, and right-glance are 
classified. 

2.4 Classification of EEG signals 
Eyes movements are classified in 3 types: 
blink, left glance, and right-glance. 
However, controlling wheelchair requires at 
the least 5 commands: forward, backward, 

right, left, and stop. Therefore, movements 
of eyes should be divided into five types 
which corresponds to fivecommands of the 
wheelchair control as shown table 2. 

Table 2. Eyes movements and commands for 
wheelchair control. 

EYES MOVEMENTS COMMAND  

Two-times blink STOP 

Three-times blink FORWARD 

Four-times blink BACKWARD 

Left-glance TURN LEFT 

Right-glance TURN RIGHT 

To count the times of blink, blink signals 
are obtained from subjects, in which the 
signals are counted from 2 to 4 seconds. In 
similarity, the glance signals are executed 
corresponding to control commands. 
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Figure 5a. Left glance movement confused by 
right glance 

 

Figure 5b. Right-glance movement by 
confused by left glance 

In experiments, a confusion between left 
glance and right glance is recognized. In 
particular, when a subject glances to left, 
the signal sometimes obtained is uncertain 
as shown figures 5a and 5b.  

For classification, one can examine around 
last 100 samples; if the right glance signal 
is not found, this is leftglance 
movement.Conversely, the leftglance signal 
is a confused signal. In similarity, detecting 
the rightglance one is processed in the same 
way. 

3. RESULTS AND DISCUSSION 
3.1 Signal processing 

Table 3. Standard thresholds of EEG signals 

Channel 
MIN MAX 

Mean Standard 
Deviation Mean Standard 

Deviation 

Fp1 0.9 0.03 1.1 0.04 

F7 1.9 0.04 2.1 0.03 

F8 2.9 0.03 3.1 0.03 

The filtered signals were calculated to 
produce the signals with standard 
thresholds. Thus, the standard thresholds of 
the EEG good signals arechosenas shown in 
table 3. These EEG signals are obtained 
from three channels Fp1, F7 and F8. 

Table 4. Thresholds of eye movements. 
Channel Opening Blink Left-Glance Right-Glance 

Fp1 0.9 – 1.1 <0.8   

F7 1.9 – 3.1  <1.7 >2.5 

F8 2.9 – 3.1 >3.2 >3.2 <2.7 

From the standard threshold, the statistical 
calculation was applied to obtain threshold 
values as shown table 4. 

Figures 6 to 10 show EEG signals 
corresponding to control commands such as 
“forward”, “backward”, “left” and “right”. 
Based on the threshold values of these 
commands (see table 4), one can calculate and 
then produce different commands as shown in 
figures 6 to 10, in which the commands with 
blinking have different peaks, while the left 
and right signals are phase inverse. 

 
Figure 6. Blink signal with three times and 

the wheelchair is going straight. 

 
Figure 7. Blink signal with four times and 

the wheelchair is going back. 

 
Figure 8. Glancing left signal and the 

wheelchair is turning left. 
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Figure 9. Glancing right signal and the 

wheelchair is moving to the right. 

 
Figure 10. Blink signal with two times and 

the wheelchair starts stopping. 

3.2 Wheelchair control 
A program an EEG-controlled wheelchair 
using eye movements is built, when subject 
moves his/her eyes, the LED which 
represents a corresponding command, turns 
on as shown figure 11. If no command or 
an unavailable movement is recognized, the 
wheelchair stops to avoid collision.Figures 
11 and 12 show the interface of user with 
EEG signals and the wheelchair is driven 
by user. 

 
Figure 11. User interface of wheelchair 

control program. 

 
Figure 12. User is controlling the 

wheelchair 

Moreover, a subprogram for detecting the 
confusion between two left-glance and 
rightglance signal is supplemented to 
improve the accuracy of the wheelchair 
control. Table 5 show eyes movements, 
corresponding commands, the accuracy of 
the wheelchair control without detection 
subprogram (accuracy 1), and the accuracy 
with the detection subprogram (accuracy 2). 

Table 5. Accuracy of commands of wheelchair 
control after 10 users control 50 times in 

indoor environments 
Eyes 

movements Commands Accuracy 1 Accuracy 2 

Three-times 
blink FORWARD 86% 87% 

Four-times 
blink BACK 85% 84% 

Left-glance LEFT 65% 77% 

Right-glance RIGHT 68% 75% 

Two-times 
blink STOP 92% 90% 

Total 79.2% 82.6% 

By using the detection subprogram, the 
accuracy of left-glance is increased from 
65% to 77%, the accuracy of right-glance is 
improved from 68% to 75%. The great 
differences demonstrate the effectiveness of 
this subprogram.  

With eye movement commands, the 
EEG-controlled wheelchair was designed to 
move in the indoor environment. In this 
research, the detection of the quality signal 
before use of the signal for control is 
necessary to increase the accuracy of 
control commands (see table 5). 
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4. CONCLUSION 
This paper proposed threshold algorithms in 
an EEG-controlled wheelchair for disabled 
people. The original EEG signals are filtered 
by a Hamming band-pass filter. After that, 
extracting features, and creating standard 
thresholds of EEG signal using eyes 
movements are performed by surveys and 
statistics on 10 subjects with 137 samples. 
Then, the signals are classified into 
commands for wheelchair control. 
Moreover, a wheelchair control program, 
using eyes movements, is built in LabVIEW 
environment; the program not only connects 
an EEG device and an electric wheelchair to 
subject but also processes EEG online 
signals. Therefore, a blink-signals program 
and a detecting confusion of left-glance and 

right-glance signals are supplemented to 
improve the accuracy of wheelchair control. 
Finally, experimental results showed an 
electric wheelchair using blink, left-glance 
and right-glance with accuracy 82.6% in 
indoor environment. 
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ABSTRACT 
The viability of speech coder with good voice quality will be demonstrated. Hence, research and improvement of 
speech coding methods are to promote the needs of the market. In this paper, we developed a real-time speech 
coder of the LPC-10e algorithm, which compresses speech sampled at 8 kHz to 2400 bits per second. The speech 
coder is implemented on Texas Instruments TMS320C6713 Digital Signal Processor (DSP) according to 
LPC-10e Federal Standard 1015. Finally, Perceptual Evaluation of Speech Quality (PESQ) algorithm is used for 
measuring the voice quality 

Keywords: Algorithm, LPC-10e, quality evaluation, and TMS320C6713 

 

1. INTRODUCTION 
Speech coding is fundamental to the 
operation of the public switched telephone 
network (PSTN), video-conferencing 
systems, digital cellular communications, 
and emerging voice over Internet protocol 
(VoIP) applications. The goal of speech 
coding is to represent speech in digital form 
with as few bits as possible while 
maintaining the intelligibility and quality 
required for the particular application. 
Interest in speech coding is motivated by the 
evolution to digital communications and the 
requirement to minimize bit rate, and hence, 
conserve bandwidth. There is always a trade 
off between lowering the bit rate and 
maintaining the delivered voice quality and 
intelligibility; however, depending on the 
application, many other constraints also 
must be considered, such as complexity, 
delay, and performance with bit errors or 
packet losses [1], [2]. 

PESQ is the new ITU-T standard for 
measuring the voice quality of 
communications networks. Quality in 
networks will remain an issue as long as 
bandwidth and processing power are 
limited.In mobile networks, bandwidth to 

the customer is expensive. Quality 
measurement means that the network can be 
engineered to deliver the right quality at the 
right cost. The traditional method of 
determining voice quality is to conduct 
subjective tests with panels of human 
listeners. Extensive guidelines are given in 
ITU-T recommendations P.800/P.830. The 
results of these tests are averaged to give 
mean opinion scores (MOS) but such tests 
are expensive and are impractical for testing 
in the field. 

Some decades ago, there were various 
speech coding methods that given. The 
speech doing methods is divided into two 
classes: waveform code and source code 
method. The waveform code operates 
high-bit rate and high speech quality [3]. 
However it's typically more robust against 
background noise and channel errors and 
perform much better in multi-voice 
environments. Meanwhile, the another 
operate in the  very low bit rate  region  
by estimating, digitizing, and 
communicating  a model of the speech 
production process to the receiver. Then the 
receiver reconstructs the model and  drives 
it by a locally produced noise or periodic 
waveform to synthesize the speech. In this 
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paper, the best quality real-time vocoder of 
rates  of 2400 bits/s. Standardization has 
mainly been organized by the Department of 
Defense (DoD) in the USA. The DoD 
released Federal Standard-1015 
(FS-1015).The DoD also standardized a 
more recent 2.4 kb/s speech coder [4]. 

The Federal Standard-1015 (FS-1015) are 
based on the principle of linear predictive 
coding (LPC) which is presented in the 
following sections. 

2. LPC MODELING 
2.1 Physical 

 
Fig. 1 Pronunciation model 

The pronunciation system of human consists 
of the lung, trachea, larynx, oral cavity and 
nasal cavity as shown in Figure 1. Larynx 
contain folds is called the vocal cords 
(acoustic tube) approximately 17 cm for men. 
The oral cavity acts as a resonant cavity, in 
which its volume can be controlled by parts 
pronounced (lip, tongue, jaw and palate). The 
oral cavity has a long tube about 12 cm for 
men and in the end of nose and palate. Soft 
palate controls air through oral or nasal route. 
For non-voice sound nasal palate closes the 
nasal cavity and emits only steam orally. For 
sound nasal, palate shifts downwards slightly 
closed mouth and nose emit. 

The process of pronounce can be described 
as the following: 

-Air is pushed from the lung through the vocal 
tract and out of the mouth comes speech. 

-For certain voiced sound, the vocal cords 
vibrate (open and close). The rate at which 
the vocal cords vibrate determines the pitch 
of the voice. Women and young children 
tend to have high pitch (fast vibration) while 
adult males tend to have low pitch (slow 
vibration). 

-For unvoiced sound, the vocal cords do not 
vibrate but remain constantly opened. 

-The shape of the vocal tract determines the 
sound that we make. 

-As we speak, the vocal tract changes its 
shape producing different sound. 

-The shape of the vocal tract changes 
relatively slowly (on the scale of 10 ms to 
100 ms). 

-The amount of air coming from the lung 
determines the loudness of voice. 

2.2 Mathematical model 
The classical LPC vocoder schematic, where 
either a periodic pulse train or a Gaussian 
noise source is connected to the synthesis 
filter as shown in Figure 2. The spectral 
shaping arrangement is an all-pole filter that 
fully parameter. The shape of the vocal tract, 
albeit with the velum raised excluding the 
nasal cavity of Figure 1 [5]. 

 
Fig. 2 Schematic of the LPC 

The relationship between the physical and 
the mathematical models is given: 

( )( )
( )( )

( )
( )

( )

Vocal Tract H z LPC Filter

Air u n Innovations

Vocal Cord Vibration V Voiced

Vocal Cord Vibration Period T Pitch Period

Air Volume G Gain

⇔

⇔

⇔

⇔

⇔
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The LPC filter is given by: 

( ) 1 2 10
1 2 10

1
1 ...

H z
a z a z a z− − −=

+ + + +  

which is equivalent to saying that the 
input-output relationship of the filter is 
given by the linear difference equation: 

( ) ( ) ( )
10

1
i

i
s n a s n i u n

=

+ − =∑
 

The LPC model can be represented in vector 
form as: 

( )1 2 3 4 5 6 7 8 9 10, , , , , , , , , , , / ,A a a a a a a a a a a G V UV T=
A changes every 22.5 ms. At a sampling rate 
of 8000 samples/s, 22.5 ms is equivalent to 
180 samples. 

The digital speech signal is divided into 
frames of size 22.5 ms. 

The model says that: 

( )1 2 3 4 5 6 7 8 9 10, , , , , , , , , , , / ,A a a a a a a a a a a G V UV T=
is equivalent to 

( ) ( ) ( ) ( )( )0 , 1 ,..., 179S n s s s=
 

There's almost no perceptual difference in if: 

For Voiced Sounds (V): the impulse train is 
shifted (insensitive to phase change). 

For Unvoiced Sounds (UV): a different 
white noise sequence is used. 

Then make a decision U/V, V, T based on 
the autocorrelation. 

3. IMPLEMENTATION ON DSP 
The hardware used for this paper was the 
TMS320C6713 shown in Figure 3. Sitting at 
the heart of the DSK is TMS320C6713 DSP. 
It is a 32 Bit Floating Point DSP with a clock 
rate range of 167 - 225 MHz. When we 
configured to run at the highest clock rate, 
the DSP can deliver 1800 Million 
Instructions Per Second (MIPS) [6], [7]. 
With the given specifications, the mentioned 
DSP proves to be extremely powerful for an 
audio/speech processing algorithm. 

 
Fig. 3 Kit TMS320C6713 block diagram [6] 

3.1 Speech coder characteristics 
We have Mean Opinion Score (MOS) is 
show in table 1. 

Table 1. Mean opinion score (MOS)[4] 

Grade 
(MOS) 

Subjective Opinion Quality 

5 imperceptible Transparent 

4 Perceptible, but not 
annoying 

Toll 

3 Slightly annoying Communication 

2 Annoying Synthetic 

1 Very annoying Bad 

The parameters of speech coder is given in 
the table 2 : 

Table 2. Speech coder parameter 

Parameter Quantity 

Sampling rate 8KHz 

LPC Filter 10 order 

Data rate 2400bits/s 

Length of frame 22.5ms 

Bit per frame 54bits 

Table 3. Total bit in each speech segment 

Parameter Bits 

Voiced/unvoiced 1 bit 

Pitch period 6 bits 

a1 and a2 10 bits 

a3 and a4 10 bits 

a5, a6, a7 and a8 16 bits 

a9 3 bits 

a10 2 bits 

Gain G 5 bits 

Synchronization 1 bit 

Total bits per frame 54 bits 
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Table 4. Verification for bit rate of lpc speech 
segment 

Parameters Calculation 

Sample rate 8000 samples/s 

Samples per 
segment 

180 samples/segment 

Segment 
rate 

 

=rate/samples per segment 
=(8000samples/s)/(180samples/s) 
=segment size * segment rate 

Bit rate =(54bits/segment) *(44.44segment/s) 
=2400bits/s 

The  total  number  of bits required for 
each  segment  or  frame  is 54 bits. This 
total is explained in table 3.  Recall  that  
the  input speech  is  sampled  at  a  rate  
of  8000  samples  per second  and the 
8000 samples in each second  of  speech  
signal  are broken into 180 sample  
segments. This means that there are 
approximately  44.4  frames  or  
segments per second. So, the  bit  rate  is 
2400 bits/second as show in table 4 [8]. 

3.2 Encoding algorithm 
A block diagram of the above algorithm is 
shown in Fig 4. All that is left to do is 
decode the data. 

 
Fig. 4 Speech Encoder Block Diagram 

 
1. The input speech data is windowed by a 
hamming window at 50% overlap. 

2. Filter the speech data through a 
pre-emphasis filter. 

3. Using with the autocorrelation of the 
windowed data is calculated. The LPC 
coefficients are found by the 
Levinson-Durbin Recursion algorithm. This 
method also produces an energy gain 
constant. 

4. The speech frame is filtered by the LPC 
coefficients to obtain the residue. 

5. It is determined whether the windowed 
data is voiced or unvoiced. This process is 
done by analyzing two parameters. First, the 
energy of the speech data is compared to a 
threshold. Then, the autocorrelation of the 
residue is calculated and the ratio of the 
"after lag zero peak" value to the "lag zero 
peak" is compared to a threshold. 

6. The autocorrelation of the residue is used 
to determine the pitch by detecting the After 
Lag Zero Peak detection. 

7. The pitch, gain constant, voiced/unvoiced 
parameter, and LPC coefficients, combined, 
constitute a complete characterization of the 
speech frame. Thus, the windowed speech 
frame is completely encoded. 

3.3 Decoding algorithm 
Once the speech has been fully encoded, the 
necessary algorithms can be implemented 
to reconstruct the speech. The end result 
will be a synthetic speech that can be 
transmitted with as little bandwidth as 
possible if necessary. The hope is that the 
reproduced speech is an intelligible 
approximation to the original speech. The 
block diagram for the speech decoder is 
shown figure 5. The following steps explain 
the logical flow of the decoding algorithm. 

1. Create the glottal excitation model - The 
LPC coefficients that characterize the frame 
will act as a vocal tract filter. That which is 
input to the filter is the excitation. 

2. For voiced speech, the excitation will be a 
periodic signal of all zeros with impulses 
every pitch period. This is a simplified 
model of the glottal excitation. For unvoiced 
speech, the excitation is white noise. 
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3. Inverse filter the excitation through the 
LPC coefficient filter. 

4. The output of the vocal tract filter is 
further filtered through a de-emphasis filter. 

5. The output of the de-emphasis filter is 
appropriately scaled as per the Energy Gain 
of the frame. 

 
Fig. 5 Speech Decoder Block Diagram 

4. QUALITY MEASURING 
After implementation on TMS320C6713, 
we evaluate quality through PESQ 
algorithm  and the result as shown in table 5 

Table 5. The result on TMS320C6713 

MOS 

Adult male 2.0918 

Adult female 2.2643 

The table 5 is suitable for scale MOS in the 
table 1 . The speech for an adult male 
sounded slightly distorted and unnatural, 
whereas the speech for an adult female 
sounded heavily distorted and artificial. The 
fact that female speech has a higher pitch is 
not even discernible when listening to the 
sound samples above. This may be evidence 
of the irreversible loss of quality associated 
with LPC analysis. 

5. CONCLUSION 
The voice compression algorithm is a simple 
and efficient way to compress speech. The 
data rate is lower than any other speech 
coder that exists today, but this is at the cost 
of significant speech quality losses. In the 
end, this paper proved that a very low 
bandwidth speech coder can be 
implemented using relatively simple 
algorithms. This paper really revealed the 
true power of a DSP and it's relevancy in 
real-world applications. 
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ABSTRACT 
In multi-loop control systems, closed-loop interaction ( β ) can be used to enhance the stable and robust 
performance, but it is difficult to obtain exactly because there are several uncertain factors which make system 
more and more complicatedly. Consequently, the new design method is aimed to specify closed-loop interaction 
and propose new multi-loop PI controller structure. The proposed design method can connect the closed-loop 
interactions and  the Relative Gain Array ( λ ) for reducing the interaction successfully. It is shown that λ  can be 
applied to the integral control mode which will be significant at low frequencies and decreases at high frequency, 
and β can be compensated for proportional gain which is predominant at high frequencies.  Based on the 
property of dynamic interaction, the trade-off between λ  and β is useful to bring the loop interaction into 
account and make multi-loop control system perform more perfectly. The proposed design method issimple, 
straightforward and easily implemented procedure. Several well-known process models are studied to 
demonstrate how simplicity and effectiveness of the proposed design method.  

Keywords: Closed-loop Interaction Factor, Relative Gain Array (RGA), Integral of Absolute Error (IAE), 
Internal Model Control (IMC), Peak Magnitude ratio (Mp) 

 

1. INRODUCTION 
In theprocess systems, the multi-input, 
multi- output (MIMO) systems are very 
difficult to control because of the 
interactions among loops. These 
interactions are really complicated to make 
the proper tuning in the control systems. 
The well-known techniques to handle this 
problem are such as the RGA which 
presented by E. Bristol [1], in 1966; 
Interaction Measure Method published by J. 
Rynsdord [2], in 1965. Especially, T.J. 
McAvoy [3] is found out the correlation 
between the RGA and the Stability of 
control systems in 1981. Both of those 
methods can be specified the interactions 
among control loops. Recently, there are 
many multi-loop PID controllers design 
methods in literature [4-6], which is 
considered to extend the single input, single 
output (SISO) to MIMO systems by 
introducing some detuning factor. This 
factor can be brought the interactions into 

account. However, it is not still enough to 
make the systems enhanced the robust 
performance and robust stability. 

The proposed method for the multi-loop 
PID controllers is purposed to bring all the 
interactions into consideration as much as 
possible. Based onthe Generalized IMC-
PID approach [7], the integral term of PID 
controllers is dominating at low frequencies 
when the interaction is considering. 
Besides, the proportionalterms are 
predominant at high frequencies. This 
information is showing a good direction to 
us. A good combination between diagonal 
and off-diagonal term in the closed-loop 
frequency responses that make the 
interaction effects of the control loop can be 
adjusted asthe detuning factor. Here, the 
proposed PI controller structure included 
tuning factor forms can be specified 
depending on the dynamic model 
parameters and process gain of 
multivariable systems. 
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Figure 1. Closed-loop multivariable control 

system 

The feasibility of proposed method is 
verified by several illustrated examples on 
purposeto demonstrate the effective of 
proposed design method. 

2. PROPOSED DESIGN METHOD 
2.1 The design of multi-loop PI controller 
Consider the multi-loop feedback system with 
n×n open loop stable process G(s)and multi-
loop controller 

C (s)G  as shown in Fig. 1. 

The sensitivity and complementary 
sensitivity function matrices S(s) and H(s) 
for the multi-loop system can be presented 
as follows: 

1

c( ) ( ) ( )s s s
−

= +  S G GI   (1) 

1

c c( ) ( ) ( ) ( ) ( ) ( )s s s s s s
−

= − = +  H S G G G G I I   
(2) 

The process G(s) also can be presented in 
Maclaurin series as 

2 3
0 1 2( ) O( )s s s s= + + +G G G G   (3) 

The multi-loop controller 
C (s)G with 

integral term can be written in Maclaurin 
series  

2 3
C 0 1 2

1( ) ( )C C Cs s s O s
s

 = + + + + G G G G   



  
(4) 

wherethe diagonal matrix 0 1 2, ,C C CG G G  

corresponds to the integral, proportional, 
and derivative term of the multi-loop PID 
controller, respectively.  

Substituting equation (3) and (4) into 
equation (2), we get the Maclaurin series in 
s for the closed-loop transfer function 
matrixH(s): 

( )
( ) ( )( )
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0 0

1 1 2 3
0 0 1 0 0 1 0 0
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        ( )
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C C C C
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− −

= − +

+ + +

H G G

G G G G G G G G



   

I

I O

  (5) 

The desired closed loop response Ri of the 
ith loop is chosen by 
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ii
i r

i

G sR
sλ

+=
+

  (6) 

whereGii+(s) is the non-invertible (i.e., non-
minimum phase) part of Gii and is chosen 
to be the all pass form as 

sT

kkk

kkk

j

j
kjii

iie
ss
ss

s
s

sG −
+ 








++
+−












+

+−
∏=

12
12

1
1

)( 22

22

, ζττ
ζττ

τ
τ

  
(7) 

The desired closed-loop response of the 
diagonal elements is given by 

],,,[)(~
21 nRRRdiags =R   (8) 

Expanding R~ (s) in Maclaurin series gives 
2 3

0 1 2( ) ( )s s s s= + + +R R R R    O   (9) 

Compared Eq. 5 and Eq. 9, it is given that 

0 =R I  (10) 

1
1 0 0( )C

−= −R G G  (11) 

( ) ( )( )1 1

2 0 0 1 0 0 1 0 0C C C C

− −
= + +R G G G G G G G G    I

 
 (12) 

It can be obtained the integral term of 
multi-loop PID controller by rearranging 
the Eq. 11  

( ) 1

0 1 0

−
= = −G R G 

IK  
(13) 

For SISO systems, it can be expressed as 

( ) 1 1 1
1 0 1 0k

− − −= − = −R G R G   

I  
(14) 

Thus, 
1

1 0k
− = −R G 

I  (15) 

Substituting Eq.15 into Eq.13, it can be 
obtained the correlation equation of integral 
mode between MIMO and SISO systems 

1
0 Ik−= 0G G 

IK  (16) 

For each element of integral mode, Eq.16 
can be presented as 

1
0 ii

(0)  Iii Ii ii IiK k kλ−  = = 0G G  

 
(17) 

where iiλ is each element of RGA matrix below 

[ ] 1
0(0) { }ii iiii

RGA diag λ−= ⊗ =G G  (18) 
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The ⊗ symbol denotes element by element 
multiplication (Hadamard product). 

The proportional term of multi-loop PI 
controller can be also obtained by Eq. 12 

( )1 1 1
1 0 1 2 1 1 0 1C C

− − −= = − +G G R R R G G R    K  
(19) 

For SISO systems, it can be expressed as 

( )1 1 1
1 0 1 2 1 1 0 1C C ii

k − − − = = − + G G R R R G G R       

 
(20) 

Thus, 

( ) 11 1
1 1 2 1 1 0 0 Ck

−− −= − +R R R R G G G      

 
(21) 

Substituting Eq. 21 into Eq. 19, the related 
of proportional gain between MIMO and 
SISO can be represented as 

( )
( )

1 1
0 1 2 1 1 0

1
1 2 1 1 0 0      

C

C ii Ck kβ

− −

−

= − + ×

− + =
-1

G R R R G G

R R R G G G

   

   

K

 

(22) 

where iiβ is the closed-loop interaction of 
control system  

( )( )1 1 1
0 1 2 1 1 0 1 2 1 1 0 0[ ]ii diagβ − − −= − + − +

-1
G R R R G G R R R G G G       

 
(23) 

2.2 The single-loop controller design 
method 

By following the process control literature, 
the controllers for MIMO systems can be 
designed by modified the single-loop 
controllers. The single-loop controllers 
based on loop interaction can be 
implemented in the multi-loop control 
system because of good stability and 
performance. From the Eqs. 17 and 22, it is  
indicated that one can extend the closed-
loop controllers to the multi-loop 
controllers by using some factor like 
proposed closed-loop interaction factor, and 
RGA. For design of single-loop PI 
controllers, the IMC-PID controller 
structure is selected in this paper and Lee et 
al. [8] design method is chosen. The design 
procedure can be summed up by follows 

According to the ideal single-loop 
controller,Gc(s) can be presented as 

1( ) ( ( ))( )
( 1) ( )i

i ii
C n

i ii

f s G sG s
s s G sλ

−
−

+

= =
+ −  

(24) 

where Gii+,Gii- , is the minimum part and 
non-minimum part of G(s) 

In order to approximate the above ideal 
controller to a PID controller, expanding 
GC in a Maclaurin series in s gives 

2(0)1( ) ( (0) (0) )
2

i
Ci i i

fG s f f s s
s

′′
′= + + +  (25) 

Comparing Eq. 25 with the standard PID 
controller, the proportional gain and 
integral gain can be found as 

( )C ik f s′=  (26) 

'(0)
(0)I

f
f

τ =
 

(27) 

(0)c
I

I

kk f
τ

= =
 

(28) 

2.3 Design Strategy for PI controller 
structure  

In n x nsystems, the effect of the inputs 
(m1, m2,…,mn) on the outputs (y1, y2,…, 
yn) can be expressed by the following 
quantity function model: 

it im irE E E∆ = ∆ + ∆  (29) 

where imE∆ is the direct influence of mi on 
yi; irE∆ is indirect influence of mi on yj; 

itE∆ is a sum of the main effect of loop ith, 
mi, on yi and the interactive effect 
provoked by mi interacting with the other 
loop. 

According tothe closed-loop interaction 
factor iiβ , it can be selected the proposed PI 
controller structure which is shown in Fig. 1 

Case I 

When ii 1β > , it is indicated that the 
proportional gain in single-loop is smaller 
than it isin multi-loop. That means the 
open-loop gain between yi and mj is larger 
than the closed-loop gain. Thus, the effect 
from the other loops acts in opposition to 
the main effect of mj on yi, so it is reducing 
the loop gain when the other loops are 
closed. So the controller tuning methods 
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only based on the information of model 
parameters in main loop will be aggressive, 
it is needed more power in the proportional 
gain. In this case, the multi-loop PI 
controller is proposed as Fig.1. 

1 1( )   
s sC I C ii Ii ii Cis k kλ β= + = +G  K K  (30) 

Case II 
Whenβii< 1, it is indicated that the 
proportional gain in single-loop is larger 
than its in multi-loop, that mean open-loop 
gain is smaller than the closed-loop gain 
and the retaliatory effect from the other 
loops is in same direction as main loop 
effect, this mean that the effective process 
gain of the main loop will be increased if 
the other loops are closed. Based on that 
information, it is essential to design the 
multi-loop PI controller as follows: 

1 1( )   
s sC I C ii Ii Cis k kλ= + = +G K K    (31) 

Case III 

When 1 iiβ ≅ , the Eq. 30 is equivalent to 
Eq. 31. It means that the loop interactions 
do not effect too much to control system, so 
one can design controller considering ever 
Case I or II.  

2.4 Detuning multi-loop control system 
for enhanced robustness and stability 

The IMC design method is used in this 
paper, so it includes one detuning factor, 
which is the closed-loop time constant λ , it 
is necessary to find the optimal values of λ
to make control system satisfy both the 
stability and robustness. 

Ms tuning is the frequency-domain method 
which relates to the resonant peak Ms. 
TheMs values are related to the resonant 
peak of the sensitivity function. The relative 
stability and robustness of a stable closed-
loop system can be suggested by the 
magnitude of Ms. In 1996, Skogestad and 
Postlethwaite[9] employed Ms as a tool for 
measuring system robustness. In 1998, 
Astromet. al[10] proposed that the desirable 

values of Ms for SISO systems are in the 
range of 1.2 to 2. Ms tuning provides a limit 
for the closed-loop time constant for a 
model, and it allows the optimal controller 
parameters to be found. 

The sensitivity frequency response can be 
found by setting s = jω  and Eq. 1 is given 
by the formula of ω  and λ as following, 

[ ]-1
c( jω,λ) + (jω,λ) (jω,λ)  =S I G G   (32) 

The maximum sensitivity Ms is obtained as 
the maximum value of the sensitivity 
function over frequencies 

0
=  max (jω,λ)

ω≤ ≤∞
Ms   S  (33) 

Ms can be expressed by the matrix form as 

{ }
11 12 1n

21 22 2n
ij

n1 n2 nn

Ms Ms Ms
Ms Ms Ms

Ms

Ms Ms Ms

 
 
 = =
 
 
 

Ms





  



 (34) 

The proposed Ms tuning method aims to 
improve the performance and robustness of 
closed-loop frequency responses in the 
multi-loop control system by finding an 
optimal λ . The multi-loop control system 
can also be made to meet the stability 
bounds and all the multi-loop PID 
parameters can be expressed by a single 
design parameter iλ . This optimization 
problem in the frequency domain is 

λ,ω  0 i
min ( )

s.t.  
ij

ii low

Ms

Ms  Ms   
≥

≥
∑

 (35) 

whereMslow is a given value, the lower 
bound of the diagonal Ms.Figure 2 and 3 
show good lower bound is in the range of 
1.5 to 2.1.  
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Table 1.Tuning results by the proposed PI 

method and various methods 

  Proposed BLT SAT 

WB Kc 0.85, -0.01 0.38, -0.08 0.87, -0.09 

 Iτ  10.15, 8.11 3.25, 23.60 3.25, 10.4 

 IAE1 3.29, 6.30 5.11, 16.80 4.00, 6.67 

 

IAE2 1.84, 8.64 3.38, 32.70 0.81, 11.83 

IAEt 20.07 57.99 23.31 

VL Kc -2.24, 4.59 -1.07, 1.97 -1.35, 3.36 

 Iτ  6.57, 8.63 7.1, 2.58 3.0, 1.33 

 

IAE1 2.19, 0.9 4.9, 0.79 3.51, 0.67 

IAE2 1.05, 2.15 1.59, 1.33 1.47, 1.53 

IAEt 6.29 8.61 7.18 

WW Kc 51.7, -17.96 27.4, -13.30 48.10, -25.4 

 Iτ  31.41, 21.02 41.40, 52.90 18.99, 26.30 

IAE1 20.8, 36.84 31.95, 65.68 25.17, 50.61 

IAE2 10.93, 30.79 26.60, 87.92 7.27, 31.34 

IAEt 99.36 212.16 114.39 

 

IAE i: IAE for the step change in loop i.IAEt   : sum of each IAE i . 

 

According to (35), it is easy to find the 
optimal value of λ  which makes multi-loop 
control systems stable and robust. 

 
Figure 2. Effect of Mslow on the IAE: WB 

column 

 
Figure 3. Effect of Mslow on the IAE: VL 

column 

2.5 Measure of performance and 
stability robustness 

Performance measure is usually considering 
the lagerest/smallest singular values of the 
sensitivity function and complementary 
sensitivity function 

 -1
max c[ ( )]  =  [I +G(s)G (s)]S js ω s  (36) 

 -1
min c[ ( )]  =  [I +G(s)G (s)]S js ω s  (37) 

( ) -1
max c c[ ( )]  =  I +G(s)G (s) G(s)G (s)H js ω s  

  (38) 

( ) -1
min c c[ ( )]  =  I +G(s)G (s) G(s)G (s)H js ω s  

  (39) 

where ( )s •  means the maximum singular 
value; ( )s •  means the minimum singular 
value. 

In multi-loop control systems, the 
uncertainties in each parameter of process is 
varying and it makes process is very 
difficult to control. There are many design 
method which can implement in nominal 
case well but it becomes worst in 
uncertainty case. So it is necessary to 
measure the stability robustness. The 
analysis of robustness is the standard in 
process control and there are several 
uncertainty models are considered. In this 
paper, the input uncertainty as 

[ ]( ) ( )IG s I s+ ∆  is selected, where ( )I s∆ is 
stable. 

The closed-loop multi-loop system is stable if 

( ) 1/ [ ( )]I j jω s ω∆ < H  (40) 
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Figure 4. Closed-loop responses in set-point 

for WB column 

3. CASE STUDIES 
In this section, the proposed method is 
applied to three common models and it is 
also compared favour with the well-known 
design methods, such as the biggestlog 
modulus tuning (BLT) method [6], and 
thesequential auto tuning (SAT) method 
[11], for demonstrating the effective of 
proposed method.   

 
Figure 5. Closed-loop responses in set-point 

for VL column 

Example 1.Consider the Wood and Berry 
(WB) distillation column model [12]. 
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(41) 

According to Eqs. 23 and 31, the closed-loop 
time constant 1,2clλ  and the closed-loop 

interaction factor 1,2β can be found as {0.85, 
5.47} and {1.197, 1.085} respectively. 

Because 1,2β = {1.197, 1.085} > 1, so Case 
I is considered. Fig. 3 shows the 
comparison between the Case I and II 
which applied to WB column, it implies 

that when ii 1β > , and the controller which 
is designed based on Case I made the multi-
loop system better IAE values than Case II 
in range of Mslow. Fig. 4 shows the closed-
loop time response for a set-point change in 
sequential control loop and it also indicates 
that the proposed method is superior to 
other existing methods.The integral 
absolute error (IAE) is calculated for all of 
tuning method; and it is listed in table 
1.This result is shown that the proposed 
method is better than the others. 

Example 2.Consider the Vinante and 
Luyben (VL) columnwhich was studied by 
W. Luyben [6] in 1986 and can be 
represented as 

- s -0.3 s

-1.8 s -0.35 s

-2.2 e 1.3 e
7s + 1 7s + 1G(s)=

-2.8e 4.3e
9.5s + 1 9.2s + 1

 
 
 
 
    

 (42) 

Fig.3 shows that at Mslow = 2.1, the values 
of IAE will be minimum and Case I is 
better than Case II. For the first two loops, 
optimal clλ  values were calculated to be 
1.17 and 0.36. The RGA ( λ ) is 1.63 and 

1,2β is 1.48, 1.51. Fig.5 shows the frequency 
responses with a step change in set-
pointSequential step changes of magnitude 
1 and 1were made to the 1st and 2nd loops. 

From Fig.5, it indicates that the Case I 
methodprovides the multi-loop control 
systems with more fast and balanced 
responses than Case II. Besides, the 
proposed method can give very small IAE 
values which are shown in Fig.3. 

4. CONCLUSIONS  
The proposed method has shown that the 
closed-loop interaction factor can be used 
for the integral and proportional modes of 
the structure of proposed PID control 
system. This factor can reduce the 
interaction at both low and high 
frequencies. The simulation results show 
that the proposed PID control systems is 
more robust and stability than others.
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ABSTRACT 
A new analytical method for a proportional-integral-derivative (PID)controller cascaded with a lead/lag filter 
based on the basis of the renowned internal model control (IMC) theory is proposed for the first-order plus dead 
time (FOPDT), the integrator plus dead time (IPDT), and the unstable FOPDT processes. Analytical tuning rules 
for the PID filter controller are derived in the transparent way for enhancingthe disturbance rejection. A two 
degree of freedom (2DOF) control scheme is utilized to cope with both the regulatory and servo problems in a 
simple manner. Several illustrative examples are conducted for a broad class of time-delay processesand the 
simulation results demonstrate that the proposed method affords better performances for both the disturbance 
rejection and set-point tracking in compared with those of recently well-known design methods, since the 
controllers in the simulation study are all tuned to have the same degree of robustness in terms of the maximum 
sensitivity.To demonstrate the robustness of the controllers, the worst-case model mismatch is introduced by 
inserting perturbation uncertainty in all process parameters simultaneously. The resulting PID characteristics 
confirm that the proposed controllershold greater robustness against perturbation uncertainty. 

Keywords: IMC-PID controller, Lead/lag filter, Disturbance rejection, Set-point tracking, Two degree of 
freedom (2DOF) control scheme. 

 

1. INTRODUCTION 
The IMC structure, the control structure 
containing the internal model of controlled 
plant that was spread mainly by Garcia and 
Morari1, is still one of the most widely used 
control schemes in the process 
industriesdue toitssimplicity, flexibility, 
and apprehensibility. Therefore, several 
academic and control engineers2-13have 
utilized the IMC principle to design the 
PID-type controller, which is usually called 
as the IMC-PID controller.    

The most important advantage of the IMC-
PID tuning rules is that the tradeoffs 
between the closed-loop performance and 
robustness can be directly obtained by 
using only a single tuning parameter2, 
which is related to the closed-loop time 
constant.Moreover, the IMC-PID tuning 
ruleshave been proved to be good set-point 
tracking but sluggish disturbance rejection, 
which becomes severely for the process 

with a small time-delay/time 
constantratio3,4,7-13.However, it should be 
note that the disturbance rejection is more 
important than the set-point tracking for 
many process control applications, and thus 
it has recently becomean imperativeissue 
for many researchers.  

Chen and Seborg14 demonstrated that the 
direct synthesis can adequately achieve the 
disturbance rejection. Moreover, the control 
performance can be significantly enhanced 
by using the PID controller cascaded with 
theconventional filter, whichis easily 
implemented in modern control hardware.  

In general, the IMC-PID controller design 
has been frequently discussed in the huge 
literature, but the design of a simple and 
effective controller with the perfect 
improvement of performance has not been 
fully achieved for a variety of time-delay 
processes. Moreover, some controllers can 
provide good set-point response but poor 
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disturbance response or inversely. 
Therefore, the present study is focused on 
the design of the PID controller cascaded 
with the lead/lag filter to fulfill the various 
control purposes: tuning rules should be 
simple, analytical form, model-based, and 
easy to implement in the practice with the 
excellent performance for both the 
regulatory and servo problems. 

The simulation results confirm that the 
proposed method can afford the robust PID 
controller for both the disturbance rejection 
and set-point tracking.   

2. GENERALIZED IMC-PID 
APPROACH FOR PID FILTER 
CONTROLLER DESIGN 

According to thestandard block diagram of 
the feedback control strategies as shown in 
Fig.1,where ( )PG s , ( )PG s , ( )cG s , ( )q s , and 

( )rf s denote the process, the process model,  
the equivalent feedback controller,the IMC 
controller, and the set-point filter, 
respectively. Assume that ( )y s , ( )r s , ( )d s , 
and ( )u s  correspond to the controlled 
output, set-point input, disturbance input, 
and manipulated variables. If there is no 
model error (i.e., ( ) ( )P PG Gs s=  ), then the 
set-point and disturbance responses in the 
IMC control structure can besimplified as:  
𝑦𝑦(𝑠𝑠) = 𝐺𝐺𝑃𝑃(𝑠𝑠)𝑞𝑞(𝑠𝑠)𝑓𝑓𝑟𝑟(𝑠𝑠)𝑟𝑟(𝑠𝑠)  

+ �1 − 𝐺𝐺�𝑃𝑃𝑞𝑞(𝑠𝑠)�𝐺𝐺𝑑𝑑(𝑠𝑠)𝑑𝑑(𝑠𝑠)  (1) 

 
Figure 1. Block diagram of feedback 

control strategies. (a) Classical feedback 
control. (b) Internal model control 

The process model ( )PG s  is factored into 
two parts:  

( ) ( ) ( )P m AG p ps s s=  (2) 

where ( )mp s  is the portion of the model 
inverted by the controller (minimum phase),

( )Ap s is the portion of the model not 
inverted by the controller (it is the non-
minimum phase that may be included the 
dead time and/or right half plane zeros and 
chosen to be all-pass),and the requirement 
that ( )Ap 0  1=  is necessary for the 
controlled variable to track its set-point. 

The IMC controller q(s)can be designed as:  

( ) ( ) ( )1
mq s p f ss−=  (3) 

For the 2DOF control structure,the IMC 
filter ( )f s is chosen for enhanced 
performance as follows: 

( ) 1 1f
( 1)

m i
i i

n

ss
s
β

λ
=∑ +

=
+

 (4) 

whereλ is an adjustable parameter, which can 
be utilized for the tradeoffs between the 
performance and robustness.The integer nis 
selected to be large enough for the IMC 
controller proper. The parameter iβ is 
determined to cancel the poles near zero in

( )dG s . 

1 − 𝐺𝐺𝑃𝑃(𝑠𝑠)𝑞𝑞(𝑠𝑠)|𝑠𝑠=𝑧𝑧𝑑𝑑1,𝑧𝑧𝑑𝑑2,…,𝑧𝑧𝑑𝑑𝑑𝑑 =

�1 − 𝑝𝑝𝐴𝐴(𝑠𝑠)�∑ 𝛽𝛽𝑖𝑖𝑠𝑠𝑖𝑖+1𝑑𝑑
𝑖𝑖=1 �

(𝜆𝜆𝑠𝑠+1)𝑛𝑛 �
𝑠𝑠=𝑧𝑧𝑑𝑑1,𝑧𝑧𝑑𝑑2,…,𝑧𝑧𝑑𝑑𝑑𝑑

= 0 (5) 

Substituting eq 4 into eq 3, the IMC 
controller is obtained by 

( ) ( )( )
( )

11
m

1
q p

1

m i
i i

n

s
s s

s

β

λ
=−

∑ +
=

+
 (6) 

Substituting eq 6 into eq 1, the closed-loop 
transfer functions for the desired set-point 
and disturbance responses are respectively 
simplified as follows: 

( )
( )

( )( )
( )

A 1p 1y s
r s 1

m i
i i

n

s s

s

β

λ
=∑ +

=
+

 (7)(8) 

(1) 

617 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

The ideal feedback controller ( )cG s that 
yields the desired loop responses given by 
eqs 7 and 8can be constituted by 

( ) ( )
( ) ( )c

P

q
G

1 G q
s

s
s s

=
− 

 (9) 

Therefore, the ideal feedback controller for 
achieving the desired loop response can be 
easily obtained by 

( )
( )( )

( ) ( )( )
1

m 1
c

A 1

p 1
G

1 p 1

m i
i i

n m i
i i

s s
s

s s s

β

λ β

−
=

=

∑ +
=

+ − ∑ +
 (10) 

It is indicated from eq10 that the numerator 
expression ( )1 1m i

i isβ=∑ + maycause an 
unreasonable overshoot in the servo 
response. To overcome this problem, we 
can design thesuitable set-point 
filter.Moreover, the resulting controller 
given by eq 10 does not have the standard 
PID-type controller form despite that it is 
physically realizable. Consequently, it is 
necessary to convert it into the suitable 
PID-type controller form more closely by 
using the clever approximation techniques, 
such as the expression of the time-delay 
part with the low-order Padé approximation 
using by a number of authors1-14.  

 

3. IMC-PID TUNING RULES 
The FOPDT process model is one of the 
most widely used models in the process 
industries, which is usually considered to 
design the PID controller. The process 
transfer function is given as: 

𝐺𝐺𝑃𝑃(𝑠𝑠) = 𝐾𝐾𝑒𝑒−𝜃𝜃𝜃𝜃

𝜏𝜏𝑠𝑠+1
 (11) 

where K , τ , and θ represent the process 
gain, the time constant, and the time delay, 
respectively. 

For the 2DOF control structure, the IMC 
filter is reasonably designed as following 
form: 

( )
( )2

1f
1

ss
s
β
λ

+
=

+
 (12) 

Accordingly, theideal feedback controller is 
found as 

( ) ( )( )
( ) ( )

c 2 θ

τ 1 β 1
G

K 1 β 1s

s s
s

s e sλ −

+ +
=

 + − + 

 (13) 

Approximating the delay term θse− in the 
denominator by a ½ Padéexpansion yields  

θ
2 2

θ1
3

2θ θ1
3 6

s

s

e
s s

−

 − 
 =

 
+ + 

 

 (14) 

Substituting eq 14 into eq 13, 
rearrangingand comparing it with the 
standard PID with the lead/lag filter as 
shown in eq 15, 

𝐺𝐺𝑐𝑐(𝑠𝑠) = 𝐾𝐾𝑐𝑐 �1 + 1
𝜏𝜏𝐼𝐼𝑠𝑠

+ 𝜏𝜏𝐷𝐷𝑠𝑠�
1+𝑎𝑎𝑠𝑠
1+𝑏𝑏𝑠𝑠

 (15) 

Finally, the analytical tuning rules of the 
proportional, integral, and derivative terms 
of the proposed PID controller can be 
compactly obtained as 

( )c
2θK

3K 2λ β θ
=

− +
 (16a) 

I
2θτ
3

=  (16b) 

D
θτ =
4

 (16c) 

The value of the extra degree of freedom β  
is determined forneglectingthe open-loop 
pole at 1 τs = − . According to eq 5, the value 
of β can be found as 

2
θ τλβ τ 1 1

τ
e−

  = − −  
   

 (17) 

The filter parameter a in eq 15 can be easily 
found as 

βa =  (18) 

The compact form of b is found as follows: 

( )

( )

2
2 θ θλ 4λ β

3 6
τ

2λ β θ
b

 
+ + + 

 = −
− +

 (19)  
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As mentioned from eq 10, the lead term
( )1sβ + can causeexcessive overshoot in the 
set-point response, which can be eradicated 
by adding the set-point filter rf  as: 

( )r
γβ 1f
β 1

ss
s
+

=
+

where 0 1γ≤ ≤ .  (20) 

Some important remarks can be described as: 

• 0γ = . For this extreme case, there isno 
lead term in the set-point filter, which 
can cause a slow servo response.  

• 1γ = . For this case, there is no set-point 
filter.  

• 0 1γ< < . That means we adjustγ online 
to obtain the desired speed of the set-
point response.   

The above procedure can be applied for the 
other process models. (29b) 

4. PERFORMANCE AND 
ROBUSTNESS MEASURE 

4.1 Integral absolute error(IAE) criteria 
To evaluate the closed-loop performance, 
the IAE criterionis considered here for both 
the disturbance rejection and the set-point 
tracking. The IAE is defined as11 

( )
0

IAE e t dt
∞

= ∫  (21) 

The IAE value should be as small as possible. 

4.2 Overshoot 
The overshoot is a good measure for the 
evaluating the response that exceeds the 
ultimate value following a step change in 
the disturbance or the set-point. 

4.3 Maximum sensitivity(Ms)criterion 
To evaluate the robustness of the control 
system, the peak value of the sensitivity 
functionMs, which has many useful 
physical interpretations3, has been widely 
used by manyresearchers12-15. The Ms is 
defined as the inverse of the shortest 
distance from the Nyquist curve of the loop 
transfer function to the critical point (-1, 0). 

( ) ( )( )0
p c

1max
1 G j G j

Ms
ω ω ω≤ ≤∞

=
+

 (22) 

4.4 Total variation (TV) 
To evaluate the required control effort,the 
TV is a good measure of the smoothness of a 
signal, which is computed the total variation 
of the manipulated variable by considering 
the sum of all its moves up and down. 

1
1

TV u ui i
i

∞

+
=

= −∑  (23) 

The TV should be as small as possible.10-14 

4.5  Simulation Study 
The following FOPDT processmodel has 
been introduced as follows: 

( ) ( )p d
100G G
100 1

ses s
s

−

= =
+

 (24) 

To estimate how closely the proposed 
controller approximates the ideal controller, 
theBode diagram was drawn for the 
proposed PID controller and the ideal 
feedback controller. It is indicated from Fig. 
2 that the proposed PID controller is 
perfectly matched the ideal feedback 
controller over the low and middle 
frequency ranges,which demonstrates the 
validity of our approach to use the ½ 
Padéapproximation.This close 
approximation essentially leads to 
satisfactory control performance. Our 
extensive studies for various process 
models have also confirmed the above-
mentioned conclusion. 

 
Figure 2. Simulation results of PID 

controllers for FOPDT process model 
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For this lag time dominant process, 
Shamsuzzoha and Lee12 previously 
confirmed the superiority of their method 
over the methods of Lee et al.8, Rivera et 
al.2,and Horn et al.7with the conventional 
filter.In this simulation study, the proposed 
controllerwas compared with these 
controllers.In order to guarantee a fair 
comparison, all controllers were tuned to 

have the same robustness level by 
measuring the Msvalue. For this example, 
the closed-loop time constant iλ were 
adjusted to obtainMs = 1.90 for all of 
comparative design methods.The resulting 
controller parameters together with the 
performance and robustness indices 
calculated by the above-mentioned 
methodsare tabulated in Table 1.  

 

Table 1.PID controller parameters and performance matrix for the FOPDT model 

Tuning methods      Set-point Disturbance 

 Kc Iτ  Dτ  λ  Ms IAE Overshoot TV IAE Overshoot TV 

Proposed methoda 0.175 0.667 0.25 1.081 1.90 1.82 0.019 3.463 3.80 1.186 2.377 

Lee et al.8b 0.784 4.055 0.301 1.389 1.90 3.78 0 0.573 5.18 1.330 1.877 

Shamsuzzoha and Lee12c 0.116 0.5 0.167 1.196 1.90 1.89 0.003 4.609 4.29 1.247 2.292 

Rivera et al.2d 0.697 100.5 0.498 0.442 1.90 2.04 0.010 1.583 144.9 1.433 2.934 

Horn et al.7e 14.242 100.5 0.498 1.758 1.90 4.52 0 0.446 7.06 1.497 1.680 

c c D
I

1 1G K 1 τ
τ 1

a ass
s bs

  +
= + +   + 

, where 3.124a = , 0.299b = , ( ) ( )rf 1 1.406 / 1 3.124s s= + +  

( )b
rf 1/ 3.726 1s= +  

c
c c D

I

1 1G K 1 τ
τ 1

ass
s bs

  +
= + +   + 

, where 3.349a = , 0.148b = , ( ) ( )rf 1.507 1 / 3.349 1s s= + +  

d
c c D

I

1 1G K 1 τ
τ 1

s
s bs

 
= + +   + 

, where 0.153b =  

e
c c D 2

I

1 1G K 1 τ
τ 1

ass
s bs cs

  +
= + +   + + 

, where 4.446a = ,  100.22b = ,  21.902c = ,  ( )rf 1/ 4.446 1s= +  

 

Table 2.  Robustness analysis for the FOPDT model 

 +20% -20% 

 Set-point Disturbance Set-point Disturbance 

Tuning methods IAE Overshoot IAE Overshoot IAE Overshoot IAE Overshoot 

Proposed methoda 2.23 0.149 3.81 1.386 1.87 0.014 3.83 0.989 

Lee et al.8b 3.77 0 5.18 1.530 3.81 0.002 5.20 1.142 

Shamsuzzoha and Lee12c 2.21 0.110 4.29 1.443 1.98 0.011 4.31 1.050 

Rivera et al.2d 3.04 0.149 144.9 1.632 2.02 0.001 144.9 1.368 

Horn et al.7e 4.51 0 7.06 1.695 4.54 0 7.06 1.307 
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To demonstrate the robust performance of 
the proposed method, the simulation study 
is also doneby inserting a perturbation 
uncertainty of ±20% in the process gain, 
time constant, and time delay in the worst 
direction simultaneously, whereas the 
controller settings are those provided for 
the nominal process.The simulation results 
for the plant-model mismatch arelisted in 
Table 2. It is obvious that the proposed 
method consistently affords theadvanced 
robust performance both for the disturbance 
and set-point changes. 

5. CONCLUSION 
A systematic methodology for designing 
PID controllers in series with a filter is 
proposed for a variety of processes with 
timedelays. IMC theory provides the basis 
of the proposed controllersthat perform 
strongly with respect to disturbance 
rejection.  

The proposed method could cover a broad 
range of stable, integrating,and unstable 
processes with time delays using a unified 
technique. 

The simulation results indicate that the 
proposed method consistentlyaffords more 
advanced performance. Faster and better-
balancedclosed-loop time responses for 
both disturbance rejection andset-point 
tracking result when compared with the 
other methods. 

Robustness was also studied by 
simultaneously introducing 
perturbationuncertainties in each of the 
process parameters. The results show that 
the proposed controlsystems maintained 
robust stability in both nominal and plant-
modelmismatch cases. 
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ABSTRACT 
In this paper, a decoupler is first introduced into the multivariable Smith predictor control system by a 
well-known approach of simplified decoupling, which is compactly extended for general nxn multivariable 
processes. Accordingly, the transfer functions of the decoupled apparent processes are derived as a ratio of the 
original open-loop transfer function to the diagonal element of the dynamic relative gain array (DRGA) for 
reducing the interaction between different control loops. In addition, the multivariable Smith predictor controller 
is obtained in terms of the multiple single-loop Smith predictor controllers. Many multivariable industrial 
processes are employed to demonstrate the simplicity and effectiveness of the proposed method. 

Keywords: Decoupling control, Simplified decoupling, PI/PID controller, Smith predictor 

 

1. INTRODUCTION  
The intricate coupling between many 
measurement and control signals leads to 
complex interactions between input and 
output variables, which complicate the 
design of multi-loop PI/PID controllers for 
multivariable processes with multiple time 
delays. Since the controllers interact with 
each other, each loop cannot be tuned 
independently (i.e., adjusting the controller 
of one loop significantly affects the 
performance of the other loops and can 
destabilize the entire control system). 
Decentralized (multi-loop) or centralized 
control schemes are usually adopted to 
address these interactions. For controlling 
multivariable process with modest 
interaction that closely decoupled, 
multi-loop PI/PID controllers are usually 
employed because of their effectiveness, 
simplicity, failure-tolerant structure, and 
adequate performance [1-7]. However, they 
often perform poorly when the interactions 
are significant. In such cases, centralized 
(fully cross-coupled multivariable) PID 
controllers are advisable.  Centralized 
control approach can be classified into two 
approaches: a pure centralized strategy [8, 9] 
and a decoupling network combined with 

multi-loop controllers. Due to their 
attractive features, decoupling networks 
with multi-loop PI/PID controllers have 
been of significant interest in both academia 
and industry. Numerous decoupling 
schemes have been developed and explored 
[10-26], though most only consider 
two-input, two-output (TITO) systems with 
dynamic decoupling. However, many 
multivariable processes studied in control 
theory and employed in industry consist of 
more than two inputs and outputs. 

Dynamic decoupling control methodologies 
are available for ideal decoupling, 
simplified decoupling, and inverted 
decoupling, with the choice of decoupling 
method depending largely on each 
method’s advantages and restrictions [15, 
26-29]. Ideal decoupling provides 
convenient controller design, since 
decoupled apparent processes are 
systematically obtained as a diagonal 
matrix of processes, but it is rarely used in 
practice due to its complicated decoupling 
elements, realizability problems, and 
sensitivity to modeling errors. Inverted 
decoupling - also known as feed-forward 
decoupling - is rarely implemented, even 
though it can take into account the 
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saturation of manipulated variables. Similar 
to ideal decoupling, it is sensitive to 
modeling errors. Simplified decoupling is 
most widely used in industrial practice 
because of its robustness and simple 
decoupling network (i.e., its diagonal 
elements are set as unity). However, the 
decoupled apparent processes are intricate, 
which hinders controller tuning. Recently, 
there is no concrete formulation of general 
simplified decoupling for n n×  processes 
beyond a case-study that was restrictively 
extended to 3 3×  processes using an 
interaction compensator as a static 
compensator (i.e., static decoupler) [21]. 

This work aims to derive a general, 
compact structure for simplified dynamic 
decoupling by considering the properties of 
both simplified decoupling and the inverted 
matrix. Decoupled apparent processes can 
be exactly determined from the ratio of the 
original open-loop transfer functions and 
the diagonal elements of the dynamic 
relative gain arrays (DRGAs); with an 
essential reduction technique introduced to 
obtain realizable decoupler elements. An 
effective method of PI/PID controller 
design is then suggested for simplified 
decoupling control systems, where the 
controllers can be directly obtained without 
any approximation of the decoupled 
apparent processes. 

The proposed method’s effectiveness was 
demonstrated through several examples of 
interacting multivariable processes. 
Simulation results showed that the proposed 
method consistently performed better than 
other existing methods, especially for 
diagonal dominance processes.   

2. METHODOLOGY 
2.1 Multivariable Smith predictor 

 
Figure 1. Multivariable Smith predictor control 

Consider a multivariable process with the 
transfer matrix. 

G(s) = �
𝑔𝑔11 ⋯ 𝑔𝑔1𝑛𝑛
⋮ ⋱ ⋮
𝑔𝑔𝑛𝑛1 ⋯ 𝑔𝑔𝑛𝑛𝑛𝑛

� (1) 

Where gij(s)= gij0(s)e-Lijs and gij0(s) are 
strictly proper, stable scalar rational 
functions, and nonnegative Lij are the time 
delay associated with gij(s). Let the 
delay-free part of the process be denoted by 
G0 = [gij0]. 

The multivariable Smith predictor control 
scheme is shown in Fig. 1, where G(s) and 
Ĝ are the process and its model, 
respectively. 0Ĝ is the same as Ĝ  except 
that all the delays have been removed. C(s) 
is the primary controller. When the model 
is perfect, i.e., Ĝ  = G and 0Ĝ = G0, the 
closed-loop transfer function from r to y 
becomes: 

( ) 1
0

−= +H GC I G C  (2) 

It can be seen that I + G0C contains no 
delays provided that C is so and it suggests 
that the primary controller C can be 
designed with respect to the delay free part 
G0(s). This is the main attractiveness of the 
scheme. However, unlike SISO case, even 
though C is designed such that  H0(s) = 
G0C[I + G0(s)C(s)]-1 has desired 
performance, the actual system 
performance cannot be guaranteed. This can 
be seen from the closed-loop transfer 
function. 

( ) 1
0

−= + =-1 -1
0 0 0 0H GG G C I G C GG H  (3) 

The actual system performance could be 
quite poor due to the existence of -1

0GG . 
For the special case where the delays of all 
the elements in each row of the transfer 
matrix are identical, the finite poles and 
zeros in -1

0GG  will all be cancelled. In this 

case, { }iiL sdiag e−=-1
0GG  and the system 

output is the delayed output of H0(s). 
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However, in general this desired property is 
not preserved. 

In order to overcome this problem and 
improve the performance of the 
multivariable Smith predictor control 
system, a decoupling Smith predictor 
control scheme depicted in Fig.2 is 
introduced, where D(s) is a decoupler for G, 
Q the decoupled process GD, Q0 is the 
same as 

Q except that all the delays are removed. 
Suppose that GD is decoupled, it is obvious 
that the Q and Q0 will be diagonal matrices. 
The multivariable smith predictor design is 
then simplified to multiple single-loop 
smith predictor designs for which various 
methods can be applied. This decoupling 
Smith scheme involves three parts, 
decoupler D, the decoupled process Q and 
the primary controller C. 

 
Figure 2. Decoupling Smith control scheme 

 

2.2 Simplified decoupling Smith control 
scheme 

For GD to be decoupled, it is clear that the 
(j, i)th element of a decoupler can be 
expressed generally as: 

ij
ji ii

ii

C
d d ,    i, j 1, 2, ,m;  j i

C
= ≠=   (4) 

The decoupled process should be 

ii ii
ii

q  d
C

=
G

 (5) (5) 

In order to design simplified decoupling for 
a stable and square process with n 
input/outputs, all diagonal elements of the 
decoupling matrix, dii, are commonly set to 
unity. This allows the following general 
forms of the simplified decoupler and the 

decoupled apparent processes to be 
respectively given as: 

ij
ji

ii

C
d ,    i, j 1, 2, , n;  j i

C
= ≠=   (6) 

ii
ii

ii

gq  =
Λ

 (7) 

3. SIMPLIFIED DECOUPLING DESIGN 
FOR TYPICAL PROCESSES 

This section analytically develops 
simplified decoupling for 2 2×  processes 
using (6) and (7) by considering a given 
2 2× system as follows:  

11 12

21 22

g g
g g
 

=  
 

G  (8) 

The following decoupler matrix results 
from (6):  

21

22

12

11

C1
C

C 1
C

 
 
 
 
 
 

D =  (9) 

The cofactor of G  is easily given by:  

( ) 11 12 22 21

21 22 12 11

C C g g
adj

C C g g
T −   
= =   −   

C = G (10) 

and the decoupler elements follow: 

12 21
21

11 22

C gd
C g

= −=  (11)  

21 12
12

22 11

C gd
C g

= −=  (12) 

The decoupled apparent processes are 
obtained from (7): 

11 12 21
11 11

11 22

g g gq g
g

= = −
Λ

 (13)  

22 12 21
22 22

22 11

g g gq g
g

= = −
Λ

 (14) 

The aforementioned procedure can also be 
simply applied to derive analytical forms of 
decoupling elements for other 
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high-dimensional multivariable processes 
with multiple time delays.  

The above equations show that as the order 
of the process increases, the resulting 
transfer functions of the decoupler elements 
become too complicated to be directly used 
in the design of the decoupling system. 
Therefore, it is necessary to approximate 
them suitably in reduced-order models. It 
should be noted that any reduction 
technique can be applied to fitting them into 
the lower-order models. 

4. PID CONTROLLER DESIGN FOR 
SIMPLIFIED DECOUPLING 

The multivariable smith predictor design 
for Fig. 2 is now simplified to multiple 
single-loop smith predictor control designs. 
Let the primary controller be 

( ) ( ) ( ) ( ){ }11 22C , , mms diag c s c s c s=  (15) 

Each individual cii(s) is designed with 
respect to the delay free part qii0 of qii such 
that closed-loop system formed by cii(s) 
and qii0 has the desired performance.  

Example: Wood and Berry (WB) column 
A pilot-scale distillation column consisting 
of an eight-tray plus re-boiler is considered 
for the separation of methanol and water 
[38]. The open-loop transfer function 
matrix is given by: 

( )

3 

7  -3 

12.8 18.9
16.7  + 1 21  + 1=
6.6 19.4

10.9  + 1 14.4  + 1

s s

s s

e e
s ss
e e
s s

− −

−

 −
 
 

− 
  

G  (16) 

The simplified decoupling matrix can easily 
be obtained using the CM method. 

( )

( )

( )

2

4

1.477 16.70  + 1
1

21  + 1=
0.34 14.4  + 1

1
10.9  + 1

s

s

s e
ss

s e
s

−

−

 
 
 
 
 
 

D  (17)  

( )

0.3075

4.2653

6.3701 0
10.5287  + 1=

-9.65470
6.2708  + 1

s

s

e
ss

e
s

−

−

 
 
 
 
  

Q  (18) (18) 

( )
6.3701 0

10.5287  + 1=
-9.65470

6.2708  + 1

ss

s

 
 
 
 
  

0Q  (19)  

 
Figure 3. Closed-loop responses in the 

set-points for the WB column 

The primary controller is designed by any 
simple PI/PID controllers for the SISO 
process with delay-free. 

Using DS synthesis approach for delay-free 
process, the PI controller ( 1,2λ 6;5= ) can be 
simply obtained as: 

( )

10.276 1 0
10.529

=
10 0.130 1

6.271

s
s

s

  +    
  − +  

  

C
 (20) 

5. CONCLUSION 
A generalized approach for simplified 
decoupling is proposed for improving the 
overall performance of multivariable 
control systems. Simplified decoupler 
elements can be compactly formulated as 
ratios of the ( )i,j th cofactors of the 
open-loop transfer function matrix of a 
multivariable process to its ( )i,i th  
diagonal element. Decoupled apparent 
processes can also easily be expressed as 
the ratio of the (i,i)th original open-loop 
transfer function to the (i,i)th diagonal 
element of the DRGA. Therefore, resulting 
PI/PID controllers can be directly used for 
simplified decoupling systems without any 
approximations. 

Simulation studies were carried out to 
evaluate the proposed approach. In order to 
guarantee robustness and ensure a fair 
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comparison, µ-syntheses in the presence of 
multiplicative output uncertainty were used 
to measure the degree of robustness.  

Simulations were conducted by tuning 
various controllers of the multivariate 

processes with multiple time delays. The 
results indicate that the proposed method 
consistently performs well with fast and 
well-balanced closed-loop time responses.
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ABSTRACT 
The purpose of this paper is the design of neural network-based adaptive sliding mode controller for uncertain 
unknown nonlinear systems. Neural network is used to emulate the signal control of the classic sliding mode control 
(SMC). Lyapunov stability theory is used to guarantee a uniform ultimate boundedness property for the tracking error, 
as well as of all other signals in the closed loop. In addition to keeping the stability and robustness properties of the 
SMC, the neural network-based adaptive sliding mode controller exhibits perfect rejection of uncertain unknown 
parameters. Using on a 3-axis manipulator demonstrate the effectiveness of the proposed control scheme. 

Keywords: Nonlinear system, neural network, sliding mode control (SMC), adaptive control, stability, robustness. 
 

1.  INTRODUCTION 
Sliding mode control (SMC) is a powerful 
scheme for nonlinear systems with 
uncertainties [1−3]. However, this control 
scheme suffers from some problems. The 
first problem is the chattering phenomenon 
caused by the finite switching frequency on 
the sliding surface, and therefore deteriorates 
the system performance. The second problem 
is that, in order to guarantee the stability of 
the sliding mode system, the uncertainties 
bounds are to be known, which is not the 
case for the uncertainties untaken into 
consideration, such as unmodeled dynamic 
or faults arising during the system operating. 
Several approaches for reducing the 
chattering have been proposed, among which 
the well known one is to apply a saturation 
function or continuous signum function to 
the control gain when the sliding surface is 
within a boundary of the sliding hyper-plane 
[2,3]. An alternative way to solve the 
chattering problem is the application of the 
fuzzy logic in the construction the control 
input (fuzzy SMC) [4,5]. To solve the 
problem of the unknown uncertainties 
estimation, intelligent techniques such as 
neural networks or fuzzy systems are 
combined with the basic SMC, where the 
former is used as nonlinear approximators of 

the nonlinearities, and the latter is used to 
ensure stability and robustness properties (for 
an early survey, see [6−8] and references 
therein).In [9] neural networks are used to 
estimate the uncertainties bounds. The 
outputs of the neural networks adaptively 
adjust the gain of the sliding mode controller 
so that the effects of system uncertainties can 
be eliminated. In [10,11] the SMC and the 
fuzzy neural networks (FNN) are integrated 
by a smooth transformation. It is proposed to 
let the SMC force the state tracking error to 
slide into the boundary layer, then to use the 
FNN in the boundary layer to let the tracking 
error converge asymptotically to the 
neighbor of zero. In [12] a single auto-tuning 
neuron is activated to replace the SMC when 
the state trajectory of system goes into the 
boundary layer in order to eliminate the 
chattering effect. In [13] the SMC is used to 
control the system nominal part, while the 
neural network compensates for the 
uncertainties terms. In [14], a neural network 
is used to minimize the cost function that is 
selected to depend on the distance from the 
sliding-mode manifold, thus providing that 
the neural network controller enforces 
sliding-mode motion in the closed-loop 
system. In [15,16], wavelets and radial basis 
function (RBF) networks are used to estimate 
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the bound of uncertainties terms on line. But 
number hidden neural is very large and speed 
of this algorithm is slow . In [17] the 
cerebellar model articulation controller 
(CMAC) network is used to reproduce the 
equivalent control term, and an H∞ 
supervisory term is used to attenuate the 
approximation error effect. In [18,19] 
experimental implementations are proposed 
to validate SMC-neural network hybrid 
approaches. In this paper, we propose a new 
neural network-based adaptive SMC 
(NASMC) scheme for a class of nonlinear 
systems. It is shown that, unlike other neural 
network based control schemes, neural 
network is not directly used to learn the 
system nonlinearities, but it is used to 
adaptively learn the SMC dynamic in a 
compact set of the system space. The output 
of the neural network then adaptively the 
SMC so that the effects of system 
uncertainties can be eliminated and the 
output tracking error between the plant 
output and the desired reference signal can 
asymptotically converge to bounded value. 
The proposed neural control scheme behaves 
with the strong robustness with respect to 
unknown dynamics and nonlinearities. 
Unlike previous neural network-SMC hybrid 
works, this is not a combination of neural 
networks and SMC approaches, but a new 
implementation of adaptive SMC using 
couple neural network, with feedforward 
architecture to reduce number hidden neural 
than RBF architecture, whose parameters are 
trained on line using the sliding surface 
information. The NASMC demonstrates that, 
in addition to keeping the stability and 
robustness properties of classical SMC, it is 
robust against unmodeled dynamics and 
faults arising during the system operating. 
Using on a 3-axis manipulator demonstrate 
the effectiveness of the proposed control 
scheme. 

2. SMC 
In this section, we introduce the design of 
SMC for a class of MIMO uncertain 
nonlinear systems whose dynamic equations 
can be expressed in the following form: 

( ) ( ) ( ) ( , )nx f x g x u w x t= ) )  (1) 

Where [ ]1 2, ,..., T m
mx x x x R= Î is the state 

vector, x  is defined as  
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( ) mf x RÎ , ( ) mxmg x RÎ are unknown smooth 
functions. For the system to be universally 
controllable, we add the some hypothesis: 

( )( )min 0g xl >  (i.e., the smallest eigenvalue 
of ( )g x  is greater than zero) and there exist 

,L Mg g > 0 such that ( )L Mg g x g< < <¥ . The 
control objective is to force the state vector 
x to follow a desired trajectory 

( 1)...
Tn

d d d dx x x x -é ù= ê úë û . ( , )w x t  is a bounded 
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The control objective is to force the state 
vector x to follow a desired trajectory.  
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Define the tracking error e and an error 
functions as: 

de x x= -       (4) 

In general, SMC design follows two 
standard steps: (i) a sliding surface is 
designed such that the closed-loop system 
exhibits desired dynamic behavior during 
sliding mode; and (ii) a robust control law 
is employed to force the system states to 
remain on the sliding surface. This results 
in a surface-dependent sliding motion 
insensitive to perturbations or matched 
uncertainties. As first step, define the 
sliding surface as: 

( 1) ( 2)
1 1( ) ...n n

ns e e e el l- -
-= ) ) )         (5) 

Where ( 1,2,..., 1)mxm
k R v nl Î = -  is a positive-

definite diagonal matrix. s = 0 is called the 
switching plane variable 
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and the sliding mode in sliding mode 
control literature.Thus the error dynamic 
can be described by:  

( )

( ) ( 1)
1 1

( ) ( ) ( 1)
1 1

....
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n n
n

n n n
d n

s e e e
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l l

l l
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( ) ( ) ( , )s f x g x u w x t vÞ = ) ) )   (6) 

Where ( ) ( 1)
1 1....n n

d nv x e el l-
-=- ) ) )   

To derive the control input u(t) and verify 
the closed loop stability, we define the 
Lyapunov function 

( )( )11 0  ,
2

TV s g x s s x-= ³ "
 

       (7) 

Then, the differentiation of  (7)  along (6) 
yields: 
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Further, define the SMC control input as: 

1 2u u u Ks= ) )            (9) 

With the equivalent control term defined as: 
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Then, introducing (9) in (8) becomes 
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Finally, introducing (13) in (12) yields: 
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The Lyapunov stability theorem confirms 
that this ideal controller (9) will produce 
stable control. Moreover, the conservative 
selective of a high control / gh   gain  
relative to the magnitude of uncertainties 
can induce a large amount of chattering. 
3. NASMC DESIGN 
In this section, we consider the design of 
NASMC for the class of systems defined by 
(1). For the NASMC design, the 
assumptions required about the nonlinear 
system (1) are sensibly different. The 
structure of the proposed NASMC is 
depicted in Fig. 1, where we distinguish 
couple neural network, which will emulate 
adaptively the SMC dynamic. The update 
algorithm uses principally the sliding 
surface s information to adjust the neural 
network parameters. 

 
Fig. 1: The structure of NASMC 

The NFN with adaptive update laws then 
learns the behavior of the uncertain terms 

1u   and 2u  in (9), and expressed as: 

( )1 1 1 1ˆ ˆ ˆT Tu w v yf= , ( )2 2 2ˆ ˆu s wf= . 

Where    1
TT T Ty x s vé ù= ê úë û  , 1 2 1ˆ ˆ ˆ, ,w w v are optimal 

parameter estimates; The optimal 
parameters  are * * *

1 2 1, ,w w v . Define the 
parameter errors as 

* * *
1 1 1 2 2 2 1 1 1ˆ ˆ ˆ, ,w w w w w w v v v= - = - = -  

 

( )
( )

2 1
1 x

x
e l

f
-

= -
)  . 

Accordingly, the law control rewrites as 

1 2ˆ ˆ ˆ ru u u Ks u= ) ) )                          (15) 

Where ru  is a sliding control term to 
overcome system uncertainties.Taylor 
formula, we have: 
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Consider the Lyapunov function candidate 
as follows: 
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Where 1 2 3, ,k k k > 0 are adaptation rates. 

The derivative 1V  with respect to time and 
using leads to: 
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Then, introducing (17) and (18) in (20) 
becomes 

( ) ( )

( ) ( )( ) ( )( )

( ) ( ) ( )

1 1 1 1 1 1 1 1 2
01

1
3 2 2 2

1 1 2 2 1 1
1 2 3

ˆ ˆ ˆ

,

1 1 1ˆ ˆ ˆ       

m
T T T T T T

i iT
i

T
r

T T T

w v y w A v y B v
V s

w s Ks u u g x w x t

tr w w tr w w tr v v
k k k

f f e e

e f

=

-

æ öæ ö ÷ç ÷ç ÷÷ç ) ) )ç ÷÷ç ç ÷÷çç è ø ÷= ç ÷ç ÷÷ç ÷ç) ) - - - - ÷çè ø

- - -

å 

 





  

  

 

We have: 

( ) ( )( )1 1 1 1 1 1ˆ ˆT T T T T Ts w v y tr s w v yf f=   

( )( ) ( )( )1 1 1 1 1 1ˆ ˆT T T T T Ttr s w v y tr w v y sf f= 

 
( ) ( )1 1 1 1 1 1 1 1

0 0

ˆ ˆ ˆ ˆ
m m

T T T T T T T T T T
i i i i

i i
s w A v y B v y tr s w A v y B v yf f

= =

æ öæ ö æ ö ÷ç÷ ÷ç ç ÷÷ ÷ç=ç ç ÷÷ ÷çç ç ÷÷ ÷ç ç ÷çè ø è øè ø
å å 

   

( ) ( )1 1 1 1 1 1 1 1
0 0

ˆ ˆ ˆ ˆ
m m

T T T T T T T T T T
i i i i

i i
tr s w A v y B v y tr v ys w A v y Bf f

= =

æ ö æ öæ ö æ ö÷ ÷ç ç÷ ÷ç ç÷ ÷÷ ÷ç ç=ç ç÷ ÷÷ ÷ç çç ç÷ ÷÷ ÷ç ç÷ ÷ç çè ø è øè ø è ø
å å 

   

( ) ( )( )2 2 2 2
T T T Ts w s tr s w sf f=   

( )( ) ( )( )2 2 2 2
T T T Ttr s w s tr w s sf f=   

We rewrite: 

( )( ) ( )( )( )

( ) ( )

1
1 1 2 3 2

1 1 1 1 2 2 2
1 2

,

1 1ˆ ˆ ˆ

T
r

T T T T T

V s Ks u u g x w x t

tr w v y s w tr w s s w
k k

e e e

f f

-= ) ) - - - -

æ ö æ öæ ö æ ö÷ ÷ç ç÷ ÷ç ç÷ ÷÷ ÷ç ç) - ) -ç ç÷ ÷÷ ÷ç çç ç÷ ÷÷ ÷ç çç ç÷ ÷è ø è øè ø è ø



 

 

 

( )1 1 1 1 1
0 3

1ˆ ˆ ˆ
m

T T T T T
i i

i
tr v ys w A v y B v

k
f

=

æ öæ öæ öç ÷ç ÷ç ÷ç ÷ç) -ç ÷ç ÷ç ç ÷÷çç ÷çç è øè øè ø
å 





÷÷÷÷÷   
(21)

 
Let: 

( )1 1 1 1 1
1

1ˆ ˆT T TH tr w v y s w
k

f
æ öæ ö÷ç ÷ç ÷÷ç= -ç ÷÷ç ç ÷÷çç ÷è øè ø





 

( )2 2 2 2
2

1 ˆT TH tr w s s w
k

f
æ öæ ö÷ç ÷ç ÷÷ç= -ç ÷÷ç ç ÷÷çç ÷è øè ø



   

( )3 1 1 1 1 1
0 3

1ˆ ˆ ˆ
m

T T T T T
i i

i
H tr v ys w A v y B v

k
f

=

æ öæ öæ ö ÷ç ÷ç ÷ç ÷÷ç ÷ç= -ç ÷÷ç ÷ç ÷ç ÷÷çç ÷ç ÷ç è øè øè ø
å 





 

( )( ) ( )( )( ){ }1 1 1 1 1 1 1 1ˆ ˆ ˆ ˆ ˆ| & 0m n T T T Tw R tr w w M tr w v y sf´G = Î ³ >  

( )( ) ( )( )( ){ }2 2 2 2 2 2 2ˆ ˆ ˆ ˆ| & 0m n T T Tw R tr w w M tr w s sf´G = Î ³ >  

( )( )

( )

1 1 1 3

3

1 1 1 1
0

ˆ ˆ ˆ|

ˆ ˆ ˆ& 0

m n T

m
T T T T T

i i
i

v R tr v v M

tr v ys w A v y Bf

´

=

ì üï ïÎ ³ï ïï ïï ïï ïG = æ öí ýæ öæ ö ÷ç ÷ï ïç ÷ç ÷÷ç ÷ï ïç >ç ÷÷ç ÷ï ç ï÷ç ÷÷çç ÷çï ï÷ç è øè øè øï ïî þ
å 

 

632 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

( )ru sign sh= , 1 2 3h e e e³ ) )       (22) 

The adaptive laws of the parameter 
estimates 1 2 1ˆ ˆ ˆ, ,w w v  are designed: 
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This leads to the following lemma  

Lemma 1. Let X and Y be real vectors or 
matrices of appropriate dimensions. 
If X Y³ , then: 

( ) 0TX Y X- ³   

Proof. Since 

( ) ( )2 2 21
2

TX Y X X Y X Y- = - ) -  

And using X Y³ , see that 

( ) ( )2 21 0
2

TX Y X X Y- ³ - ³  

Theorem 1. Consider an nonlinear system 
(1). If the adaptive control law is designed 
as (15), the adaptive laws of the 1 2 1ˆ ˆ ˆ, ,w w v  are 
given by (23) and (24), and is given by 
(25), then the convergence of all network 
parameters and the tracking error of the 
proposed NASMC system can be assured. 
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• By 2 2ŵ Ï G  
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Then, introducing (22), (26), (27), (28), 
(29), (30), (31) in (21)  becomes: 

( )( ) ( )( )( )1
1 1 2 3 2 ,T

rV s Ks u u g x w x te e e -£ ) ) - - - -

 

( )( ) ( )( )( )1
1 1 2 3 2 ,T T

rV s Ks s u u g x w x te e e -Þ £- ) ) ) - - -

 

1 0VÞ £       (32) 

The tracking error converges to the surface 
( ) 0s t = . In turn, this implies that the 

tracking error ( )e t   toward zero as t toward 
infinity. Therefore, the adaptive control law  
guarantees both system stability and 
tracking reference signal. 

4. SIMULATION 
This study presents a three axis robot 
manipulator example to verify the validity 
of the proposed NASMC. The parameters 
of robot are showed in Tablet 1. Robot has 
many uncertain unknown parameter 
because we make it. 

Tablet 1- The parameters of robot. 

Name Parameter
l1 0.065 m
l2 0.26m
l3 0.225m

Volt of motor 1 24V
Volt of motor 2 24V
Volt of motor 3 24V

Gearbox of motor 1 1:30
Gearbox of motor 2 1:20
Gearbox of motor 3 1:10
Encoder of angle 1 4x100 PPR
Encoder of angle 2 4x100 PPR
Encoder of angle 3 4x100 PPR  

 

 
Fig. 2: Three axis robot manipulator 

We use the controller has 16 neural in the 
hidden layer neural network to estimate 1u  
and 3 neural to estimate 2u . The other 
parameters of the controller: 

10 0 0
0 10 0
0 0 10

K
é ù
ê ú
ê ú= ê ú
ê ú
ë û

, 
10 0 0
0 10 0
0 0 10

l

é ù
ê ú
ê ú= ê ú
ê ú
ë û

, 

1 4k = , 2 4k = , 3 0.1k = ,  0.1h =  

And vector [ ]1 2 3
Tx q q q= . 

According to this theory, the reference signals 
must be continuous signal and  derivate. This 
case we choose reference signals, are sin 
signals. With 1 0.8sin(0.05 t)rθ = ,  

2 0.8sin(0.05 t / 3)rθ π= − ,

3 0.8sin(0.05 t / 3)rθ π= +  
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Result: 

 
Fig. 3: Theta 1 and theta 1 reference 

 

 
 

Fig. 4: Theta 2 and theta 2 reference 

 
Fig. 5: Theta 3 and theta 3 reference 

 
Fig. 6: Error angles 

 

 
Fig. 7: Volt of motors 

We find after about 60 seconds, the system 
errors reduced to zero. These results 
illustrate clearly the NASMC tracking 
performance, the transient learning phase is 
short and the tracking errors are rapidly 
reduced. The second test results indicate 
perfect rejection of the uncertainties 
parameter of robot. In addition, the level of 
complexity isn’t high and speed of 
algorithm is fast. NASMC is able to apply 
the system which has fast sampling time. 

5. CONCLUSION 
In this paper, we propose that adaptive 
SMC strategy can be emulated by a couple 
neural network, with a special structure. 
The stability and convergence properties of 
the NASMC are carried out using the 
Lyapunov stability tools. Unlike other 
neural-based strategies, in the NASMC 
only the adaptive neural network is used as 
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a feedback tool, and no combination with 
other kind of controllers is needed to ensure 
the stability or to enhance the control 

performance. Simulation results show the 
NASMC is shown to be applicable to 
uncertain unknown nonlinear systems. 
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ABSTRACT 
Gantry crane (2D crane), one of the most typical systems in testing control algorithm, had been applied in 
practice. Fuzzy and PID algorithm are popularly used in industry and had been applied successful for controlling 
2D crane. This paper verifies again both Fuzzy and PID algorithms in controlling a 2D crane system. This article 
also proposes a Sugeno Fuzzy Controller with four inputs and one output used to control 2D crane system. 
System has been modeled and tested by Matlab/Simulink toolbox, the simulation results show that both 
algorithm are proved to work well. An experimental model in laboratory is used to analyse the quality of these 
controller in reality. The system is controlled better than with Fuzzy controller. 

Keywords: Fuzzy controller, PID controller, gantry crane. 

 
1. INTRODUCTION 
Gantry crane system which is the typical 
system in testing control algorithm had 
been applied in practice. Many control 
theories have been applied successful for 
controlling gantry crane such as PID in [2], 
[3], but the results were just shown in 
simulation. Fuzzy algorithm had been used 
to control successfully this system in 
simulation and reality [4], but the structure 
of this controller was two separate MISO 
fuzzy logic controllers, each controller had 
two inputs and one output. This structure 
was used to reduce the number of rule for 
fuzzy controller. But with this arrangement, 
the accuracy of fuzzy controller which is 
formed to apply the experiment of the 
expert for MIMO – SIMO system was 
decreased. This paper verifies again both 
PID and Fuzzy algorithm for controlling 
gantry crane in simulation and reality. The 
structure of the controller is different to the 
one in [2], [3] and [4], it is a MISO fuzzy 
controller with four inputs and one output. 

 

 

2. THEORETICAL BASIS 
2.1 Gantry crane model 

 
Fig. 1: 2D crane scheme 

 

In [1], mathematical equations described 
2D crane system can be expressed as 
follows: 
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2.2 PID algorithm 
PID controller includes two PID controller: 
PID1 controlled x positon (with setpoint 1) 
and PID2 controlled alpha angle. The 
scheme of PID controller is shown in Fig. 2. 

 

PID1 2D crane

alpha

xSetpoint 1

PID2
Setpoint 2

Fig. 2: The PID control scheme of 2D crane 
 

PID1 and PID2 control parameters are: 
Kp1, Ki1, Kd1 và Kp2, Ki2, Kd2 

 
Fig. 3: The scheme of each PID controller 

2.3 Fuzzy algorithm 
The selected fuzzy controller includes four 
inputs: the α  angle and its velocity �̇�𝛼, the 
position x and its velocity �̇�𝑥. The output is 
voltage supplied to motor or motor’s 
moment. 

-1       0            1

NE ZE PO1

 
Fig. 4: Membership functions of four 

standardized input 

-1    -0.66    -0.33  0      0.33     0.66 1

PBPMPSZENSNMNB

u

 
Fig. 5: Membership functions of standardized 

output 

 
Fig. 6: The fuzzy control scheme of 2D crane 
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The number of rule using in fuzzy 
controller is 81. Some of used rules are 
listed below: 

If 𝛼𝛼 is ZE and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

 is ZE and 𝑥𝑥 is ZE and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

 
is ZE then u is ZE. 

If 𝛼𝛼 is NE and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

 is ZE and 𝑥𝑥 is ZE and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

 
is ZE then u is NS. 

If 𝛼𝛼 is PO and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

 is ZE and 𝑥𝑥 is ZE and 𝑑𝑑𝑑𝑑
𝑑𝑑𝑑𝑑

 
is ZE then u is PS. 
3. SIMULATION RESULTS 
The PID controller parameters are selected as 
follow: Kp1=21.43; Ki1=8.35; Kd1=15.06; 
Kp2=9.64; Ki2=51.92; Kd2=33.16. 
And Fuzzy controller parameters are: 
K1=0.112; K2=1.974; K3=4.318; K4=2.621; 
K5=3.46. 
The initial values of [ 𝑥𝑥 �̇�𝑥 𝛼𝛼 �̇�𝛼] are: 

_ 0.1( )x init m= ; _ 0.07( )x init m= − ; 

_ 0.04( )init radα = ; _ 0.1( )init radα = −  

The simulation of system is shown as follow: 

 
Fig. 7: The cart position 

 
Fig. 8: The alpha angle 

If the setpoint of 𝑥𝑥 are 0.5m, then the output 
of system is as follow: 

 
Fig. 9: The cart position with x_setpoint is 0.5m 

 
Fig. 10: The alpha angle with x_setpoint is 0.5m 

The results show that the Fuzzy controller 
control system better than PID controller. 
The system with Fuzzy controller respond 
fastter and fluctuate less than with PID 
controller. The system takes about 4 
seconds to stabilize with Fuzzy controller 
and 8 seconds with PID controller. 

4. EXPERIMENTAL RESULTS 
The PID controller parameters are: 
Kp1=0.8; Ki1=0.001; Kd1=0.5; Kp2=1.2; 
Ki2=0.001; Kd2=0.005. 

And Fuzzy controller parameters are: 
K1=1/2; K2=1/6; K3=1/10; K4=1/4; K5=90. 

Experimental 2D Crane model is shown in 
Fig. 11. 

 
Fig. 11: 2D crane model in practice 

1: Control panel; 2: Rail for the movement of 
crane in x axis; 3: Pendulum presented for cargo; 

4: 24VDC motor. 
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At the 2s moment, forced a constant force 
to pendulum, the fluctuation of the 
pendulum and the cart are: 

 
Fig. 12: The alpha angle without control 

 
Fig. 13: The alpha angle with PID controller 

 
Fig. 14: The alpha angle with Fuzzy controller 

 

 
Fig. 15: The cart position with PID controller 

 
Fig. 16: The cart position with Fuzzy controller 

The experimental results show that both 
algorithms are proved to work well with 
crane model in reality. The angle of 
pendulum takes more than 60 seconds to 
stabilize without control (Fig. 12), but only 
approximately 3 seconds with control.   

5. CONCLUSION 
The entire simulation and reality results 
show that PID controller and Fuzzy 
controller can control 2D crane well, it 
takes much less time for system to stabilize 
with controller. With PID controller, the 
system is less fluctuant and more stabile 
than with Fuzzy controller. Fuzzy controller 
makes the system respond fastter but 
fluctuate easier. 
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ABSTRACT 
Asynchronous motor control plays a major role in the technical method for controlling electrical machine. Many 
existing methods have been used to control machines such as scalar method, space vector modulation. However, 
those methods still some challenges about the low transmission characteristic, high harmonic generation, low 
efficiency and poor adaptability. In this paper, we propose the field orientation control method combining with 
three neural network and fuzzy logic to overcome these challenges. Field orientation control (FOC) is optimization 
the moment and flux of asynchronous motor in both unstable and stable conditions. This paper propose the 
multilayer feedforward neural network to estimate rotor flux and replace three conventional PI modules by fuzzy PI 
modules to control flux, moment and speed of rotor. The simulation results show that this method produce stable 
speed with load controlling at 1.5 sec. and lower starter current than normal control. The artificial intelligent 
application in motor control will present a framework in future motor control and industry application. 

Keywords: asynchronous motor, field orientation control, neural network, fuzzy logic, rotor flux... 
 

1. INTRODUCTION 
Asynchronous motor control is a control 
field challenging because of highly 
non-linear characteristics and many 
parameters, mainly the rotor resistance, 
vary with the operating conditions. 
Currently, many existing control methods 
have been widely used in industry are scalar 
control, space vector modulation. However, 
those methods still encounter on a number 
of problems such as the variation of 
machine parameters (especially in vector 
control), by load disturbance, motor 
saturation, or thermal variations cause low 
expectation performance. It is basis on a 
mathematical accurate model of system that 
usual it is not known. 

Therefore, this paper proposes a method to 
combine the field orientation control with 
fuzzy logic and neural network-based 
controllers to overcome the above 
disadvantages. 

Field orientation control [1] is the method 
to optimize torque and achieve decoupled 
torque and flux dynamics leading to 
independent control of the torque and flux 
as for a separately excited DC motor in the 

operating conditions of the asynchronous 
motor. This approach seems to be effective, 
simple but requiring feedback from the 
rotor flux of induction motor. In that 
purpose, this paper focuses on 
multilayer-feed forward neural network to 
estimate the flux to stabilize and control 
asynchronous motor with field orientation. 
In addition, three logic fuzzy PI modules is 
used to replace three conventional PI 
modules to control the flux, torque and 
motor speed. In section 2, we propose the 
induction motor model used in this paper. 
In section 3, we present the field orientation 
control method. Flux estimation based on 
multi-layer feed forward neural network is 
showed in section 4. Finally, section 5 
shows the results and discusses future 
research directions. 

2. INDUCTION MOTOR MODEL 
2.1 Mathematical model: 
For construction and design of the regulator 
need to have state space models of the object. 
Obtained mathematical model have to 
demonstrate a clear time characteristics of the 
object and serve for adjustment algorithms. 
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2.2 Mathematical model of the motor in 
the stator reference frame: 

Equation describes the status of the motor 
in the stator reference frame [2]: 
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magnetization current vector 
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m−=σ total dissipation coefficient 

Lm: magnetizing inductance 
Ls: stator inductance 
Lr; rotor inductance 
isα, isβ: α-β axis stator current 
usα, usβ: α-β axis stator voltage 
2.3 Mathematical model of the motor in 

the rotor reference frame: 
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3. FIELD ORIENTATION CONTROL 
In order to calculate the orientation of the 
rotor's flux rψ exactly, we have component 

/
rqψ =0 in equation (7) and (8) on the 

coordinate system become: 
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From the equation (9), it is clear that rotor's 
flux /

rdψ is controlled directly through the 
stator's current isd with the first-order delay 
Tr. The equation (10) indicates that the 
motor's speed is directly controlled through 
isq . The separate control of flux and speed 
is advantages of field orientation. 

By describing the three-phase asynchronous 
motor on d-q coordinate system, it is no 
longer interested in each individual phase 
current, instead the whole stator space 
vector current of the motor. 

Therefore, the system includes a motor fed 
by a voltage source inverter via space 
vector modulation and a PWM. If the 
voltage is setup in the form usd, usq, and  
then voltage conversion block (CTDu)  is 
used to transfer the α-β stationary frame 
and then from the α-β stationary frame to  
the space vector modulation [2]. 

In addition, the need to use the current 
conversion blocks (DCD) to set up two 
currents isd, isq to control the rotor's flux and 
torque. Authors [2] use two individual 
current controller id and iq (DCid and DCiq) , 
PID type, which the required value and real 
value is the sinusoidal quantities. The output 
of DCid and DCiq is called yd and yq [2] 

ĐCid

ĐCiq

dy

qy

*
sdi

*
sqi

sdi∆

sqi∆

sdi sqi
 

Figure 1: Current controller (DCi) 
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To connect  two control schemes, the MTU 
voltage network is used with the network's 
input value is yd and yq. From that idea, it 
forms the structure of the drive systems of 
asynchronous motor fed by a voltage source 
inverter via the rotor's flux [2]. 

 
Figure 2: Drive system of asynchronous motor 

via field orientation control. 
 

4. ROTOR'S FLUX ESTIMATION OF 
THE ASYNCHRONOUS MOTOR 
USING NEURAL NETWORK 
COMBINED FUZZY PI 

4.1 Application of multi-layer feed 
forward neural network to estimate 
the rotor's flux: 

The inputs of multi-layer feed forward 
neural network are the currents value and 
the delays value of stator current and 
voltage in d-q axes. The neural network has 
the hidden layers through trial and error, the 
function is a tansigmod. The output is 
rotor's flux, the impact function is a linear 
function [3].  

The collected input voltage and current are 
at the moment and at one period delay. The 
number of samples can be up to several 
thousands samples in training. 

 
Figure 3: Feed forward neural network 

Neural network is selected as three layers 
network with nine inputs usd (k), usd (k-1), 
usq(k), usq (k-1), isd (k), isd (k-1), isq (k), isq 
(k-1),𝜑𝜑𝑟𝑟(k-1) and 1 output is 𝜑𝜑𝑟𝑟(k). The 
impact function of the hidden layer is  
tansigmoid function, The impact fuction of 
the output layer is linear and trained under 
back-propagation algorithm.  

The neural network is trained for 200 
epochs. Hidden layer contain 20 nodes, 
chosen by trial and error method. Output 
layer contains one single button for results 
output is the rotor flux at present value. 
Activating function of the output layer is a 
linear function. As a result, the neural 
network structure is selected (9-20-1). 
Deviation of the training network reaches 
2.44158 .10 -7. 

 
Figure 4: Deviation of the training network 

reaches 2.44158 .10 -7. 

4.2  PI fuzzy controller: 
Three logic fuzzy PI controller are designed 
to replace three conventional PI controller 
to regulate speed, torque and flux of 
three-phase asynchronous electric motor in 
the field orientation control.  

Based on the trial and correction, we refine 
the fuzzy controller to improve quality. 
Fuzzy controllers is acted like PI controller 
with Kp, KI proportional coefficient. The 
parameters KP, KI are adjusted by the fuzzy 
controller according to the laws of the If ... 
then [4], [5]:  

• If error (speed, isd, isq) Small (S) then KP 
is small (S).  

• If significant errors (speed, isd, isq) be 
negative (NL) then KP is big (NL)  
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• If significant errors (speed, isd, isq) 
positive, (PL) then KP is big (PL) 

The PI fuzzy models can be seen in Fig.5, 
Fig.6 and Fig.7 at Appendix. 

5. RESULTS AND DISCUSSION 
5.1 The parameters of motor: 
Asynchronous motor have the parameters of 
motor: 

Stator Resistance:  Rs = 1,177 Ω,  

Rotor Resistance: Rr = 1,382 Ω,  

Stator Inductance: Ls = 0,119 H,  

Rotor Inductance:  Lr = 0,118 H,  

Mutual Inductance:  Lm = 0,113 H,  

Number of pole pairs:  p = 2,  

Inertia moment of rotor:  J = 0,00126 Kgm².  

Rated Moment:   3,5 Nm 

Set flux:   ψr* = 1 Wb. 

5.2  The simulation results: 
Performing simulation in the case of rotor 
inertia torque increased 5 times. 

 
 

 
Figure 8: Comparing flux from the fuzzy PI 

controller and conventional PI  

 
 

 
Figure 9: Comparing speed from the fuzzy PI 

controller and conventional PI 

 

 
 

 
Figure 10: Comparing moment from the fuzzy 

PI controller and conventional PI 

 

Flux with PI fuzzy and 
ANN 

Flux with conventional 
fuzzy 

Speed with conventional 
fuzzy 

 

Momen with PI fuzzy 
and ANN 

 

Momen with 
conventional fuzzy 

 

Speed with PI fuzzy 
and ANN 
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Figure 11: Comparing current from the fuzzy 

PI controller and conventional PI 

The simulation results in Matlab show that 
the magnetic flux of the motor using neural 

network and PI fuzzy at 1.5 seconds is 
oscillated by load but then lead to stable 
and remain around the value of 1 (Wb). The 
speed characteristic achieved smooth and 
stable, the starting torque have large enough 
value accordingly. The significant result is 
the starting current reduced to 10 (A) 
compared with normal controls at 20 (A). 
This shows that the system meets the 
sustainability of the model changes. 

This paper introduces the application of the 
multi-layer feed forward neural network to 
estimate the rotor flux taking into feedback 
in the  field orientation control together 
with 3 fuzzy PI controllers. Intelligent 
control method helps artificial intelligence 
applications in the field of the three phase 
AC electric drives  to improve and enhance 
the quality of the control subjects and the 
control system in industry applications.

 

APPENDIX 

 
Figure 5: Speed control with Pi fuzzy 

 
Figure 6: Flux control with Pi fuzzy 

 
Figure 7: Moment control with Pi fuzzy 
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ABSTRACT  

This paper investigates the payload anti-swing controlling methods for an automatic gantry crane system in 
which the swinging sensor based on the PID controls are used. However, difficulties in assembling and 
maintaining the swinging sensor of such systems, which are often costly, do exist. Therefore, a swinging 
sensorless anti-swing control is proposed in this research. The method uses the anti-swing PID control together 
with the soft sensor or the neural network based on the measured position to estimate the payload motion. Both 
simulated and real-time experimental results have indicated that the swinging sensorless anti-swing control 
method can work as stably and reliably as the one with swinging sensor. 

Keywords: anti-swing control, gantry crane, sensorless control, neural network 
 

1.  INTRODUCTION 
Gantry cranes are used to move heavy 
objects that require short time movement 
with small oscillation. The crane oscillation 
may cause danger to people of equipment 
surrounding. There have been a few 
researches on crane oscillation reduction. 
Singhose, W.E., et. al, proposed an input 
shape technique with open loop control was 
introduced where the oscillation was 
reduced by shaping the input signal to 
control the velocity of the crane. This 
method was simple but did not give a very 
good result [1]. Park, B.J, et.al, suggested a 
time-efficient feedforward control of input 
shaping which gave a better result 
compared to that of Singhose [2]. However, 
these two techniques both used open loop 
control that were susceptible to noise and 
could not adapt to the parameter changes of 
the system such as the load mass, the length 
of the ropes. 

PID control to reduce the swing angle of an 
overhead crane was introduced by Gupta [3]. 
The simple PID controller could move the 
load to the desired location with significant 
reduction of the swing of the load. Fuzzy 
logic control and sliding mode fuzzy logic 
control were also utilized to reduce the load 

swing [4-6]. These closed loop control 
consisted of two controllers, one to control 
the position of the load and the other to 
reduce the swing angle of the load. 
However, these techniques relied solely on 
the feedback signal from an angle sensor. 
This reduces the reliable of the control 
system due to sensor noise. As a solution for 
this sensor problem, sensorless control 
techniques were proposed to reduce the load 
swing without using the angle sensor [7,8].  

In this work, the method used by Wahyudi 
has been adopted and integrated with a 
Kalman filter to better estimate the current 
of the motor to reduce the load swing. A 
methamatical model of the overhead crane 
used has been developed in this research. A 
swing reduction control using an angle 
sensor with and without a Kalman filter for 
motor current estimation has been 
investigated and then compared with the 
proposed sensorless control. 

2. MATHEMATICAL MODEL OF A 
GANTRY CRANE 

The crane model:  Figure 1 shows the 
crane used in this work. The model consists 
of a cabin moving horizontally which is 
driven by separate excitation DC motor 
through a gear and belt system and a load 
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with mass m� hooked to the cabin by a 
cable with length l�. 

 
Figure 1. The gantry crane model 

The motor model: The relationship between 
the motor angle speed ω (rad/s) and the 
motor amature voltage is as in Eq.(1):  
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where 𝑅𝑅, L, Kb, Km are amature resistance, 
inductuance, and the back electromotive 
force (𝑒𝑒𝑒𝑒𝑒𝑒) coefficient factor, and torque 
constant coefficient factor of the motor, Kf 
is the friction coefficient factor, and J is the 
load moment of inertia. 

The cabin model: It can be proved 
straightforward that relationship between 
the force appling to the cabin 𝐹𝐹 [N] and the 
speed of the cabin ω (rad/s) is as in E q.(2): 
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where puliEff  is the pulli efficient factor, 

pulir [m] is the pulli radius. 

The load model: The horizontal movement 
of the load 𝑥𝑥 [m] and the load swing angle 
θ [rad/s] are described in Eqs. (3) and (4):

 ( ) ( ) FsincosmlxMm 2 =−++ θθθθ 

  (3) 

0singlcosx =++ θθθ 

  (4)
 

3.  SWING REDUCTION CONTROL 
SCHEME WITH ANGLE SENSOR 

Figure 2 shows a control scheme for the 
gantry crane. The system consisted of two 

controllers that were position controller and 
swing reduction controller. This control 
scheme was able to move the load to the 
desired position while reduce the load swing 
significantly. The control signal to change 
the voltage applied to the motor amature was 
a combination of the control signals from the 
position and swing reduction controllers. A 
simple PID control was used to design these 
two controllers. While this simple control 
scheme with the simple but efficient PID 
control produced significant swing reduction 
of the load when moving it to the desired 
position, the current of the motor was not 
controlled. Hence, it gained a big value at 
the start up phase, which could be dangerous 
for the motor itself and other electrical 
equipments due to the voltage drop. To 
overcome this drawback, a PI current 
controller was added to the system as shown 
in Figure 3. Table 1 shows the gain value of 
the PID and PI controllers selected by "trial 
and error" for the gantry crane system with 
parameters as in Table 2. 

 
Figure 2. The simple swing reduction control 

using PID control 

 
Figure 3. The swing reduction control skeme 

with current controller and Kalman filter 
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Table 1. The controller gain 

Gain 
Controllers 

Position Swing angle  Current  

KP 20 25 0.875 

KI 0.0005 0 0.005 

KD 3 2 0 

The current measurement was susceptible 
to noise and thus affected the control 
quality. The measured current was 
estimated with a Kalman filter as shown in 
Figure 3. Figure 4 shows the noisy 
measured current and current estimation 
when using the Kalman filter.  

 
Figure 4. Noisy measured current and its 

estimation with a Kalman filter 

Table 2. Parameters of the gantry crane model 

Parameters 

𝑅𝑅 1.8 Ω Motor amature resistance 

𝐿𝐿 0.005 H Motor amature inductance 

𝐾𝐾𝑏𝑏  0.306 V.s/rad Back emf coefficient constant 

𝐾𝐾𝑚𝑚  0.306 Nm/A Torque coefficient factor of 
the motor 

𝐽𝐽𝑚𝑚  1e-4 kg.m/s2 Motor moment of inertia 

𝑏𝑏𝑚𝑚  1.41e-4 Friction coefficient factor of 
the the motor 

𝐽𝐽𝐿𝐿  1e-3 kg.m/s2 Load moment of inertia 

𝑏𝑏𝐿𝐿  1.41e-3 Friction coefficient factor of 
the the motor 

𝐸𝐸𝑒𝑒𝑒𝑒 0.98  Pulli efficient factor 

𝑟𝑟𝑝𝑝  0.015 m Pulli radius 

𝑒𝑒1 1kg Cabin mass 

𝑒𝑒2 3 kg Load mass 

𝑙𝑙 0.88m Cable length  

𝑔𝑔 9.81 m/s2 Acceleration of gravity 

Figure 5 and Figure 6 show the position and 
the load swing angle of the gantry crane 
with and without current control, 
respectively. The motor current in the two 
cases is also shown in Figure 7. The 
simulation result showed that with the 
current controller, the position of the gantry 
reached to the desired position more slowly 
(1 second) but the load swing angle was 
reduced significantly. The starting motor 
current was also limited to 1.5A with the 
current controller whereas it reached 7.5A 
with no current control.  

 
Figure 5. Comparision of crane position 

response with and without current control  

 
Figure 6. Comparision of load swing angle 

 
Figure 7. Comparsion of the motor current  
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4. ANTI-SWING REDUCTION 
SENSORLESS CONTROL 

With relatively small swing angle of the 
load 𝜃𝜃, i.e., 𝑐𝑐𝑐𝑐𝑐𝑐 𝜃𝜃 ≈ 1, 𝑐𝑐𝑠𝑠𝑠𝑠𝜃𝜃 ≈ 𝜃𝜃, Eq.(4) 
can be rewritten in Laplace domain as 
follows: 

𝜃𝜃�(𝑐𝑐) = 𝑠𝑠2

𝑔𝑔+𝑙𝑙𝑠𝑠2
𝑋𝑋(𝑐𝑐) (5) 

From (5), it can be reasoned that the load 
swing angle is generated due to the 
movement 𝑥𝑥 of the load. Any accelartion or 
decelaration of the load movement would 
affect the swing angle. To avoid using the 
angle sensor, a feed-forward neural network 
was used to estimate the swing angle of the 
load from the position of the load as shown 
in Figure 8.  

 
Figure 8. Swing angle estimation using a 

feedforward neural network 

 

 
Figure 9. Anti-swing sensorless control using 

feedforward neural network 

 

 
Figure 10. Comparision of load position with 

and without angle sensor 

 
Figure 11. Comparision of load swing angle 

with and without angle sensor 

 
Figure 12. Comparision of current response 

with and without angle sensor  

 
Figure 13. The gantry crane platform for 

experiment 
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Figure 14. Position response with angle sensor 

Figure 10 to Figure 12 show the position, 
load swing angle and current responses 
with sensorless control, respectively. It can 
be seen that the responses with and without 
an angle sensor are very much similar. In 
other word, one may reduce the load swing 
angle of the crane significantly without the 
need of an unreliable angle sensor.  
 

5. EXPERIMENT RESULT 
The gantry crane platform used for 
experiment is shown in Figure 13. It 
consists of a moving cabin (1), a load (2), a 
cable (3), a DC motor (4), two encoders to 
measure the position of the load (5) and the 
load swing angle (6), control board (7) and 
an controlling interface. 

The control board included a DSP 
TMS320F28335 of Texas Instrument. It 
was coded using Matlab & Simulink and 
CCS v3.1 to set up the control interface. 
The load used was 5kg and the sensorless 
control result was compared with that of the 
control scheme using an angle sensor. 

Figure 14 to Figure 16 show the position, 
load swing angle of the gantry crane and the 
motor current with control using an angle 
sensor and a Kalman filter to estimate the 
motor current. The results were also 
compared with control without using 
Kalman filter. It can be seen that with a 
Kalman filter to estimate the current of the 
motor, the gantry crane position response 
was a bit slower than that of control without 
a Kalman filter but the load swing angle 
and the motor current were improved 
significantly. 

Figure 17 to Figure 19 show the position, 
load swing angle of the gantry crane and the 
motor current with sensorless control 
scheme proposed in this paper. The 
experiment result shows that the load swing 
angle with sensorless control was 
comparable with that of control scheme 
using angle sensor, which was also similar 
to simulation result. 
 

 
Figure 15. Load swing angle with angle 

sensor 

 

 
Figure 16. Current response with angle sensor 

 

 
Figure 17. Comparision of load position  
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Figure 18. Comparision of load swing angle  

 
Figure 19. Comparision of motor current 

6. CONCLUSION 
This paper presented a sensorless control 
scheme to reduce the load swing angle of a 
gantry crane. A feedforward neural network 
with back-propagation learning rule was 
used to estimate the load swing angle. A 
current Kalman filter was used to better 
estimate the measured current of the motor. 
A PI current controller was also applied to 
limit the motor current at the starting point. 
The simulation as well as the experiment 
results showed that sensorless control could 
reduce the load swing angle as an alternative 
solution to the control scheme using an angle 
sensor. Obviously, this sensorless control 
could help reduce the cost as well as 
increase the reliability of the system.  
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DISCOVERING MOTIFS IN TIME SERIES: A SURVEY  
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ABSTRACT  
Time series motifs are frequently occurring but unknown sequences in a time series database or subsequences of a 
longer time series. Discovering time series motifs is a crucial task in time series data mining. A number of new 
algorithms have been proposed for discovering time series motifs. While some of methods are proposed for 
discovering online time series data, many different methods are proposed for discovering offline time series data. 
In methods for discovering offline time series data, many of algorithms use a multitude of different techniques 
which have a common factor: they require some high level representation of the data as a feature extraction step. 
Some of other algorithms for discovering time series motifs use techniques which calculating directly on the 
original raw data. This paper presents a survey of methods for motif discovery in time series with an emphasis on 
offline time series data.  

Keywords: Time series, time series motif, motif discovery, time series similarity measures. 
 

1. INTRODUCTION 

A time series is a sequence of real numbers 
where each number represents a value at a 
given point in time. Time series motifs are 
pairs of previously unknown sequences in a 
time series database or subsequences of a 
longer time series which are very similar to 
each other.  

According to the data being reduced or not, 
methods proposed for discovering motif can 
be categorized into two groups: methods for 
finding exact time series motifs and 
approximate motifs.  

• Techniques for finding exact motifs 
analyze directly original data.   

• Techniques for finding approximate 
motifs analyze data in feature spaces. 
They often use symbolic sequence 
mining techniques which cannot be 
directly applied to analyze numerical 
time series data.   

Discovering motifs have been used to solve 
problems in several application areas ([2], 
[6], [8], [15]), and also used as a 
preprocessing step in several higher level 
data mining tasks such as time series 
clustering, time series classification, rule 
discovery and summarization. 

Since their formalization in 2002, many 
approximate algorithms have been proposed 
for discovering approximate motifs.  
Techniques for finding approximate motifs 
are usually based on symbolic sequence 
mining techniques. Therefore many 
researchers investigate various symbolization 
methods to convert time series data into 
symbols so that existing symbolic sequence 
mining techniques can be applied. 
Unfortunately, all symbolization techniques 
get worse from quantization errors and hence 
may not be robust [17]. In 2002, Lin et al., 
proposed a symbolization technique called 
symbolic aggregation approximation (SAX) 
[12]. This technique addressed the above 
issue and was reported to be successful in 
converting univariate time series into 
symbolic representation for mining.  

However, the symbolic sequence mining 
techniques cannot be directly applied to 
analyze numerical time series data. 

Recently, some techniques which do not use 
symbolization methods have been 
introduced. Some of these techniques 
analyze directly original data, such as MK 
algorithm proposed by Mueen et al., [16]. 
Others use multi-dimensional index 
structure such as R-tree and its variants for 
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discovering time series motif such as the 
method proposed by Lin et al., [13]. 

This paper gives the concepts of time series 
motifs and methods for discovering time 
series motifs with an emphasis on offline 
time series data.  

2.  BASIC CONCEPTS. 

2.1 Similarity measures. 

Time series motif discovery problem is 
based on similarity search which use 
similarity measures. In this subsection, we 
represent two similarity measures which are 
commonly used in time series. 

• Euclidean Distance. 

Euclidean distance is the simplest method 
to measure the similarity of time series. 
Given two time series Q = {q1, …, qn} and 
C = {c1, …, cn}, their Euclidean distance 
between Q and C is defined as 

 

Figure 1 illustrates the intuition behind the 
Euclidean distance metric. 

 
Figure 1. the intuition behind the Euclidean 

distance metric. 

This measure is simple and easy to 
compute. So it is the most widely used 
distance measure for similarity search 
[1][7]. However its weakness is sensitive to 
distortion in time axis. For example, in the 
case of the pattern and a candidate time 
series have an overall similar shape but they 
are not aligned in the time axis, Euclidean 
distance will produce a pessimistic 
dissimilarity measure. This problem can 
generally be handled by Dynamic Time 
Warping distance measure, which will be 
discussed in the next subsection. Figure 2 
illustrates this case. 

 
Figure 2. An example illustrates the Euclidean 

distance and the DTW distance ([9]). 

• Dynamic time warping distance. 

In 1994, the Dynamic Time Warping 
(DTW) technique is introduced to the 
database community by Berndt and Clifford 
[3]. This technique is widely used in 
various fields such as bioinformatics,  
chemical engineering, robotics, and so on.  

Given two time series Q of length n, Q = 
{q1, …, qn}, and C of length m, C = {c1, 
…, cm}, the DTW distance between Q and 
C is calculated as follows: First, an n-by-m 
matrix is constructed where the value of the 
(ith, jth) element of the matrix is the squared 
distance d(qi, cj) = (qi - cj)2. To find the 
best distance between the two sequences Q 
and C, a path through the matrix that 
minimizes the total cumulative distance 
between them is retrieved. A warping path, 
W= w1,w2, …, wL with max(m, n) ≤ L ≤ 
m+n-1, is an adjacent set of matrix elements 
that defines a mapping between Q and C. 
The optimal warping path is the path which 
has the minimum warping cost. It is defined 
as. 


= ∑ =

L

k kwCQDTW
1

min),(  

Where wk is the kth element of a warping 
path W which is defined as wk = (i, j)k. 

Although the bottom up dynamic 
programming approach for computing the 
dynamic time warping distance is 
impressive in its ability to discover the 
optimal of an exponential number 
alignments, a basic implementation runs in 
O(mn) time. A recent improvement of DTW 
that considerably speeds up the DTW 
calculation is a lower bounding technique 
based on the warping window [10].  

2.2 Time series motif definitions. 
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In 2002, Lin et al., formalized the time 
series motif discovery problem by 
introduced the basic definition of time 
series motif as follows [12]:  

Definition 1. Given a time series T, a 
subsequence of length n and a threshold R, 
the most significant motif in T (called 1-
motif) is the subsequence C1 that has the 
highest count of non-trivial matches. The kth 
most significant motif in T (call k-motif) is 
the subsequence Ck has the highest count of 
non-trivial matches and satisfies 
Distance(Ci, Ck) > 2R, for all 1≤ i < k.  

Note that in the definition 1, we force the 
set of subsequences in each motif must be 
mutually exclusive. It is important because 
otherwise the two motifs can share the same 
objects. Figure 3 illustrates the importance 
of this case. 

 
Figure 3. An example of two motifs share 
some of the same objects (figure 2A) and 
figure 2B illustrates the two motifs which 
have the centers to be at least 2R ([12]). 

in 2009, Mueen et al., was proposed the 
simplest “core” time series motif definition 
as follows: 

Definition 2.  A time series database D is a 
set of |D| unordered time series possibly of 
different lengths . 

For simplicity, it is supposed that all time 
series in the database have the same length.   

Definition 3. The time series motif in a time 
series database D is a pair of different time 
series {Ti, Tj}, i ≠ j, in the database D 
which has the smallest distance. i.e. ∀x, y, x 
≠ y, i ≠ j, Distance(Ti, Tj) ≤ Distance(Tx, 
Ty) 

Definition 3 can be generalized by defining 
top k motifs and expanded by using the 
concept of range motif which is a set of 
very similar time series. 

Definition 4. A top k-motif is the k-th most 
similar pair in the database D. The pair is the 
k-th motif iff there exists an ordered set S = 
{M1, M2, …, Mk} of k disjoint pairs of 
different time series in database, i.e Mi = 
{Ti1, Ti2}, i1 ≠ i2, M1 ∩ M2 ∩ …∩ Mk = ∅, 
in which Distance(M1) ≤ Distance(M2) ≤ … 
≤ Distance(Mk) and ∀x, y, x ≠ y, Tx,Ty ∈ D, 
{Tx,Ty} ∉ S, Distance(Mk) ≤ 
Distance(Tx,Ty). 

3. TIME SERIES MOTIF DISCOVERY 

In this section we just review some typical 
time series discovery methods because the 
number of paper is limited. 

Many algorithms have been introduced to 
solve the time series motif discovery 
problem since it was formalized in 2002 
[12]. They are usually based on the feature 
extraction method, PAA [11] and the 
symbolization technique, SAX  [14] in 
order to convert time series data into 
symbols. Then, existing symbolic sequence 
mining techniques can be applied for 
discovering motifs. 

In [12] Lin et al., defined the time series 
motif discovery problem regarding to a 
threshold R and a motif length m specified 
by user. It means that two subsequences of 
length m match and form a non-trivial 
match if they are disjoint and their 
similarity distance is less than R. This 
match concept is used to define the k-motifs 
problem, where the top k-motifs are 
returned. The 1-motif, or the most 
significant motif in the time series, is the 
subsequence that has most non-trivial 
subsequence matches. 

In 2003, Chiu et al., proposed Random 
Projection algorithm for discovering time 
series motifs [5]. This technique uses SAX 
discretization method to represent time 
series subsequences and a collision matrix. 
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For each iteration the algorithm randomly 
selects some positions in each SAX 
representation to act as a mask and traverses 
the SAX representation list. If two SAX 
representations corresponding to 
subsequences i, j are matched, cell(i, j) in 
the collision matrix is incremented. After 
the process is repeated an appropriate 
number of times the largest entries in the 
collision matrix are selected as candidate 
motifs. At last the original data 
corresponding to each candidate motif is 
checked to verify the result. The complexity 
of this algorithm is linear in terms of the 
SAX word length, number of subsequences, 
number of iterations, and number of 
collisions. This algorithm can be used to 
find all the motifs with high probability 
after an appropriate number of iterations 
even in the presence of noise. However, its 
complexity becomes quadratic if the 
distribution of the projections is not wide 
enough, i.e. if there are a large number of 
subsequences having the same projection.  

In 2005, Tanaka et al., proposed a new 
method for discovering time series motif 
based on Minimum Description Length 
(MDL) principle [20]. First, this method 
transforms time series into a sequence of 
symbols based on SAX representation. 
Then patterns are extracted based on MDL 
principle. Finally, motif is discovered based 
on patterns extracted. 

In 2006, Ferreira et al., proposed another 
approach for discovering approximation 
motifs from time series [6]. First, this 
algorithm transforms subsequences from 
time series of Proteins into SAX 
representation, then finds clusters of 
subsequences and expands the length of 
each retrieved motif until the similarity 
drops below a user defined threshold. It can 
be used to discover motifs in multivariate 
time series or motifs of different sizes. Its 
complexity is quadratic and the whole 
dataset must be load into main memory [6]. 

In 2007, Yankov et al. introduced an 
algorithm to deal with uniform scaling time 

series [23]. This approach uses the 
improved random projection to discover 
motifs under uniform scaling. The concept 
of time series motif is redefined in term of 
nearest neighbor: the subsequence motif is 
a pair of subsequences of a long time series 
that are nearest to each other. This approach 
has the same drawbacks as the random 
projection algorithm and its overhead 
increases because of the need to find the 
best scaling factors. 

In 2008, Tang and Liao proposed a method 
for discovering time series motifs with 
different lengths [21]. This method includes 
three main steps: (1) Choosing a relatively 
small value, w and discovering time series 
motif of length w using the random 
projection algorithm. (2) Joining motifs 
which have neighboring position in order to 
form longer motif candidates. (3) 
Discovering motif which originate in the 
same sample. This method overcame the 
difficult issue in discovering time series 
motif that is the motif length must be 
determined. However, its weakness is the 
same as the weakness of random projection 
method. 

In 2009, Mueen et al. proposed a tractable 
algorithm for discovering exact time series 
motif under the new nearest-neighbor motif 
definition, called MK algorithm, which can 
work directly on original time series [16]. 
This MK algorithm is an improvement of 
the Brute-Force algorithm by using some 
techniques to speed up the algorithm. 
Mueen et al. showed that while this exact 
algorithm is still quadratic in the worst case, 
it can be up to three orders of magnitude 
faster than the brute-force algorithm. 
However, the use of the Euclidean Distance 
directly in the raw data can give rise to 
robustness problems when dealing with 
noisy data. Euclidean Distance can be 
highly affected by noise. Also, when data 
does not fit in main memory it need to 
perform a large number of random disk 
accesses, which may prevent the algorithm 
from scaling. 
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In 2010, Castro and Azevedo proposed a 
new method for discovering approximate 
time series motif, called MrMotifs (Multi-
resolution Motif) [4].approach is based on 
the state of art time series representation – 
iSAX [19], exploiting its multiresolution 
property to derive motifs at different 
resolutions. Further, they also apply the 
Top-K space saving algorithm [18] to their 
frequent subsequences approach in order to 
achieve memory efficiency. The main idea 
of this method is as follows: Starting at low 
resolution level of iSAX representation of 
time series and then gradually expanding to 
higher resolution level of iSAX 
representation. At each resolution level, the 
algorithm clusters iSAX representations of 
time series. The number of sequences in 
each cluster will be decreased when each 
cluster at low resolution level is divided 
into clusters at higher resolution level. At 
the highest resolution level, sequences in 
each cluster are the most similarity. This 
method can discover time series motif at 
different resolutions and can be applied to 
streaming time series data. However, at 
each resolution level the motif found will 
be different.  

Also in 2010, Lin et al., proposed a new 
method for both the motif discovery 
problem and the anomaly detection 
problem. This method is based on a feature 
representation and a subseries join 
operation to obtain the similarity 
relationships among subseries of the time 
series data and then the motif discovery and 
anomaly detection problems can be 
converted to graph-theoretic problems. So 

we can use existing graph-theoretic 
algorithms to solve the motif discovery and 
anomaly detection problems. 

In 2013, Truong et al., proposed a new 
method for discovering motifs in large time 
series [22]. This method is called EP-
BIRCH which is consists of steps as 
follows: (1) Extracting all significant 
extreme points of a time series; (2) 
Computing all motif candidates. If these 
motif candidates have different length then 
bringing them to the same length using 
homothetic transformation; (3) Clustering 
the motif candidates using BIRCH 
algorithm associated with k-Means; (4) 
Finding sub-cluster with the largest number 
of objects.  

4. CONCLUSIONS 

In this paper, we review some typical 
techniques proposed in the literature for 
finding approximate motifs in time series 
data. Despite the recent research in exact 
algorithms, we believe that approximate 
algorithms will continue to be the best 
choice in many application domains due to 
its time/space efficiency. 

Since time series data are typically very 
large, discovering motif from these massive 
data becomes a challenge, which leads to 
the enormous research interests in 
discretizing the time series data into 
segments and converting segment to a 
symbol, then motif can be discovered in the 
transformed symbolic domain. However, 
symbolic sequence mining techniques 
cannot be directly applied to analyze 
numerical time series data 
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ABSTRACT 
As a crucial step in a metagenomic project, the binning of metagenomic sequences aims to classify sequences 
into groups of individual genomes or closely related organisms. Although most recent binning approaches are 
based on genomic signatures, finding an efficient signature for the binning is still being investigated by recent 
theoretical and empirical studies. In this paper, we propose a combination of two genomic signatures (i.e., 
GC-content and First-order Markov chain-based signature) for the binning of metagenomic sequences. 
Experimental results show that the combined signature can improve the classification in many aspects. 

Keywords: metagenomic, binning, genomic signature, GC-content, Markov chain-based signature. 
 

1. INTRODUCTION 
Metagenomics is the study of genetic 
materials derived directly from complex 
microbial samples, instead of isolating and 
culturing single organism in laboratory. The 
study contributes to advances in many fields, 
e.g., human health, food production, and 
earth sciences [1]. The binning of DNA 
sequences is a crucial step in a metagenomic 
project, which aims to separate the 
sequences into groups of individual 
genomes or closely related organisms. In the 
aspect of the usage of features for 
classification processes, binning approaches 
can be roughly classified into three main 
categories: homology-based methods, 
abundance - based methods and 
composition - based methods. 

Homology-based approaches classify reads 
by using alignment tools (e.g., BLAST) to 
directly align DNA sequences to reference 
genomes. Among the approaches, MEGAN 
[2] maps sequences with the NR database 
of NCBI (National Center for 
Biotechnology Information) database, and 
assigns label for the reads by using a 
technique of lowest common ancestor. 
CARMA [3] classifies sequences by 
aligning them with a protein database Pfam. 

Abundance-based approaches are based on 
the abundances of genomes to classify 
sequences. AbundanceBin [4] and Olga et 
al [5] are two recent approaches for DNA 
sequence binning which reply on the feature 
of genome abundances. Those approaches 
aim to group sequences which belong to 
genomes of similar abundance levels. This 
means that by using the approaches, 
sequences from species of different 
abundances can be classified into different 
groups. Besides, they can be used as a 
preprocessing task in other binning 
approaches for the improvement of 
classification performance. In 
AbundanceBin, the occurrences of l-mers 
(with a sufficient value of l) are assumed to 
follow Poisson distribution. An expectation 
maximization algorithm is used to estimate 
abundance levels and sizes of genomes. 
Olga's approach uses the similar method 
with AbundanceBin, but the method 
improves the task of l-mer counting by 
applying the idea from a Balls and Bins 
problem to deal with sequencing errors. 

Many binning approaches are known as 
composition-based methods, which use 
compositional features (called genomic 
signature) for the classification. Most of the 
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approaches use only a single signature for 
the classification. MetaCluster ([6][7][8]) is 
a series of approaches which aim to classify 
reads using a feature of oligonucleotide 
frequency. Some unsupervised methods, e.g., 
LikelyBin [9], Scimm [10], apply signatures 
based on a Markov chain model to classify 
sequences. LikelyBin, a method for binning 
long sequences, was implemented by using a 
Markov Chain Monte Carlo approach in an 
l-mer feature space. The approach models a 
collection of sequences from multiple 
genomes as multiple stochastic processes. 
Not using fixed-order Markov chains as 
LikelyBin, Scimm used interpolated Markov 
models, so-called variable-order Markov 
chains, to cluster sequences.  

TAC-ELM [11] is a supervised method 
which uses a combination of two genomic 
signatures including GC-content and 
oligonucleotide frequency for the 
classification. The approach is shown to be 
able to classify efficiently for both long and 
short sequences. 

This paper proposed a combined genomic 
signature from a combination of two 
signatures GC-content and a first-order 
Markov chain-based signature. A binning 
approach is developed for evaluating the 
effectiveness of the combined signature. 

The following sections of this paper are 
organized as follows. Section II firstly 
presents the fundamentals of two genomic 
signatures GC-content and first-order 
Markov model chain based signature, and a 
combination of them. Then, a binning 
method used for evaluating the signatures is 
presented. Section III shows experimental 
results, and the last section provides 
conclusions and future works. 

2. METHODS 
2.1 Genomic signature 
It is concluded that biology sequences 
reserve species specific features which are 
often described by the term genomic 
signature [12]. Previous studies have 
revealed that genomic signatures within 
genomes are more similar than between 

closely related genomes. In addition, 
genomic signatures of closely related 
genomes are more similar than that of 
genomes which belong to larger 
phylogenetic distances [13]. 

There are many genomic signatures used in 
previous studies such as GC-content, 
oligonucleotide frequency (or l-mer 
frequency), chaos game representation 
(CGR), or signatures based on Markov 
model (First-order Markov chain model – 
FOM, second-order Markov chain model – 
SOM, or variable-order Markov chain 
model). This study focuses on the two 
following genomic signatures. 

- GC-content:  

This signature measures the ratio of 
guanine + cytosine base in a DNA sequence. 
It can be calculated as follows (as defined 
in [14]). 

GC-content =  𝑛𝑛𝐺𝐺+𝑛𝑛𝐶𝐶
𝑛𝑛𝐴𝐴+𝑛𝑛𝐶𝐶+𝑛𝑛𝐶𝐶+𝑛𝑛𝑇𝑇

100% 

In which, 𝑛𝑛𝐴𝐴,𝑛𝑛𝐶𝐶 ,𝑛𝑛𝐶𝐶 ,𝑛𝑛𝑇𝑇  are the number of 
adenine (A), thymine (T), cytosine (C), and 
guanine (G) base respectively. Many studies 
show that GC-contents in sequences of 
different species are different. The ratio is 
usually in the range of from 25% to 72%. 
([15][16]).  

- Markov model-based signatures 
Those signatures are based on an assumption 
that each DNA sequence is a random 
process, which the probability of a base 
depends on previous bases. Markov 
chain-based genomic signatures with 
different orders are shown to have the ability 
to differentiate between genomic DNA 
sequences of different species ([13][17]). 
This study only considers a signature based 
on the first order Markov chain model (FOM 
for short). The signature can be calculated as 
follows (as defined in [18]). 

𝜌𝜌𝑋𝑋𝑋𝑋𝑋𝑋𝑋𝑋(𝑠𝑠) =
𝑓𝑓𝑋𝑋𝑓𝑓𝑋𝑋𝑓𝑓𝑋𝑋𝑋𝑋𝑋𝑋𝑋𝑋
𝑓𝑓𝑋𝑋𝑋𝑋𝑓𝑓𝑋𝑋𝑋𝑋𝑓𝑓𝑋𝑋𝑋𝑋

 

In which, s is a DNA sequence, while 
𝑓𝑓𝑋𝑋 ,𝑓𝑓𝑋𝑋𝑋𝑋𝑓𝑓𝑋𝑋𝑋𝑋𝑋𝑋𝑋𝑋 represent the frequency of 
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mononucleotide X, dinucleotide XY, and 
tetraonucleotide XYZW in s, respectively. 

2.2 A combination of genomic signatures 
This study considers the combination of 
GC-content and FOM for the binning of 
metagenomic sequences. The difference of 
characteristics of the two signatures 
motivates us to propose the combination. 
While GC-content only represents the 
quantity of nucleotide (Guanine and 
Cytosine), FOM focuses on the relationship 
between neighboring nucleotides in a DNA 
sequence. We expect that the combination 
can utilize the strength of the signatures.  
Because an oligonucleotide (or l-mer) is 
composed of 4 kinds of nucleotides (A, T, 
G, C), FOM is presented as a 
4l-dimenational vector (with l is the length 
of considered oligonucleotides), and 
denoted by 𝐹𝐹𝐹𝐹𝐹𝐹 = [𝐹𝐹𝐹𝐹𝐹𝐹0,𝐹𝐹𝐹𝐹𝐹𝐹1, … ,𝐹𝐹𝐹𝐹𝐹𝐹4𝑙𝑙]. 
Let vGC is the GC-content of a DNA 
sequence. A genomic signature built from 
the combination of FOM and GC-content is 
presented by a feature vector f: 

𝐟𝐟 = [𝑓𝑓0, 𝑓𝑓1, … , 𝑓𝑓4𝑙𝑙]. 

In which, 𝑓𝑓𝑖𝑖 = 𝑣𝑣𝐺𝐺𝐶𝐶 ∗ 𝐹𝐹𝐹𝐹𝐹𝐹𝑖𝑖
𝑤𝑤, 0 ≤ i≤ 4l, and , 

0 < w ≤ 1. We denote by f(x) feature vector 
f of a sequence x. 
2.3 An unsupervised binning method 
Given a set of metagenomic sequences 
R={r1, …, rn}. In this study, we apply the 
k-means method [19] to classify 
metagenomic sequences. The algorithm 
aims to partition the sequences into k 
clusters C={C1, …, Ck}, (k ≤ n), to 
minimize the within-cluster sum of squares 
as the following formulation: 

𝑚𝑚𝑚𝑚𝑛𝑛𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚 � � ||𝐟𝐟(𝑟𝑟𝑖𝑖) −  𝐟𝐟�̅�𝐶𝑗𝑗||
𝑟𝑟𝑖𝑖∈ 𝐶𝐶𝑗𝑗

𝑘𝑘

𝑗𝑗=1

. 

In which, 𝐟𝐟�̅�𝐶𝑗𝑗 =
∑ 𝒇𝒇(𝑟𝑟𝑣𝑣)𝑟𝑟𝑣𝑣 ∈ 𝐶𝐶𝑗𝑗

|𝐶𝐶𝑗𝑗|
 is the mean of 

cluster 𝐶𝐶𝑗𝑗  (|𝐶𝐶𝑗𝑗| is denoted the number of 
sequences in cluster 𝐶𝐶𝑗𝑗 ), and ||𝐟𝐟(𝑟𝑟𝑖𝑖) −
 𝐟𝐟�̅�𝐶𝑗𝑗|| is the Euclidean distance between 
features 𝐟𝐟(𝑟𝑟𝑖𝑖) and 𝐟𝐟�̅�𝐶𝑗𝑗. 

The method is presented by pseudocode in 
Algorithm 1. Firstly, the means of clusters 
�̅�𝐟𝐶𝐶𝑗𝑗
𝑛𝑛𝑚𝑚𝑛𝑛  are randomly chosen from feature 

vector 𝐟𝐟(𝑟𝑟𝑖𝑖). Then, two following steps are 
repeated:  

+ Assignment step: compute the distances 
between each f(ri) and the means of clusters 
�̅�𝐟𝐶𝐶𝑗𝑗
𝑛𝑛𝑚𝑚𝑛𝑛 , and assign ri to the cluster of the 

nearest mean Cz.  

+ Update step: store the current means into 
𝐟𝐟�̅�𝐶𝑗𝑗
𝑜𝑜𝑜𝑜𝑜𝑜, and recompute the means of recreated 

clusters 𝐟𝐟�̅�𝐶𝑗𝑗
𝑛𝑛𝑛𝑛𝑤𝑤. 

The iteration stops when the algorithm 
converges (there is no change on mean of 
clusters) or a predefined number of 
iterations is exceeded. 

2.4 Performance evaluation 
Three commonly used performance metrics, 
namely precision, recall, and F-measure 
are used to evaluate the binning approach. 
Let m be the number of species in a 
metagenomic dataset, and k be the number 
of clusters returned by the binning approach. 
Let Aij be the number of sequences from 
species j assigned to cluster i. The precision 
and recall are defined as follows (same as 
used in [7]). 

𝑝𝑝𝑟𝑟𝑚𝑚𝑝𝑝𝑚𝑚𝑠𝑠𝑚𝑚𝑝𝑝𝑛𝑛 =
∑ max

𝑗𝑗
𝐴𝐴𝑖𝑖𝑗𝑗𝑘𝑘

𝑖𝑖=1

∑ ∑ 𝐴𝐴𝑖𝑖𝑗𝑗𝑚𝑚
𝑗𝑗=1

𝑘𝑘
𝑖𝑖=1

 

𝑟𝑟𝑚𝑚𝑝𝑝𝑟𝑟𝑟𝑟𝑟𝑟

=
∑ max

𝑖𝑖
𝐴𝐴𝑖𝑖𝑗𝑗𝑚𝑚

𝑗𝑗=1

∑ ∑ 𝐴𝐴𝑖𝑖𝑗𝑗 + # 𝑢𝑢𝑛𝑛𝑟𝑟𝑠𝑠𝑠𝑠𝑚𝑚𝑢𝑢𝑛𝑛𝑚𝑚𝑢𝑢 𝑠𝑠𝑚𝑚𝑠𝑠𝑢𝑢𝑚𝑚𝑛𝑛𝑝𝑝𝑚𝑚𝑠𝑠𝑚𝑚
𝑗𝑗=1

𝑘𝑘
𝑖𝑖=1

 

 

In which, recall presents the ratio of 
sequences from the same species that are 
assigned in the same cluster, precision 
shows the ratio of sequences assigned in a 
cluster that belong to the same species. The 
two metrics need to be considered together 
because each of them itself does not reflect 
the performance of a binning approach. 
Besides, we also use F-measure which 
emphasizes comprehensively on both 
precision and sensitivity. It is defined as in 
[20]: 𝐹𝐹 −𝑚𝑚𝑚𝑚𝑟𝑟𝑠𝑠𝑢𝑢𝑟𝑟𝑚𝑚 = 2

( 1
𝑝𝑝𝑟𝑟𝑝𝑝𝑝𝑝𝑖𝑖𝑝𝑝𝑖𝑖𝑝𝑝𝑝𝑝+

1
𝑟𝑟𝑝𝑝𝑝𝑝𝑟𝑟𝑙𝑙𝑙𝑙)
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3. EXPERIMENTAL RESULTS 
3.1 Dataset  
Due to the lack of standard metagenomic 
datasets, simulated datasets are widely used 
to evaluate the performance of binning 
algorithms. A tool used for generating 
metagenomic sequences is MetaSim [20] 
which allows us to select a sequencing 
model and control considered parameters 
(e.g., read length, genome coverage, error 
rate). We simulate metagenomic datasets 
based on the bacterial genomes which are 
downloaded from the NCBI (National 
Center for Biotechnology Information) 
database.  

There are 18 datasets with different number 
of species and phylogenetic distances used 
in our experiments. Each dataset consists of 
50.000 error-free DNA sequences with 
length of approximately 1000 bps.  

3.2 Results 

In this experiment, we compare the 
performance of the binning approach in 
cases of only using GC-content, FOM, and 
the combination of them with different 
values of weight w: 0.2, 0.4, 0.6, and 0.8. 
Because the approach initiates randomly the 

cluster means, it may return different results 
for the same datasets corresponding to 
different initiation. Therefore, we run the 
algorithm 10 times for each dataset and get 
average results. 

Table 1 presents the F-measure of the 
approach for the cases. As we can see in the 
table, the case of using combined signature 
achieves better results than the case of only 
using one signature (GC-content or FOM) 
for most of the tests. For instances, the 
using of the combined signature with a 
weight of 0.6 returns higher F-measure than 
that of the using only GC-content for 13/18 
datasets, and the using only FOM for 15/18 
datasets. Besides, comparing with both the 
cases of using GC-content and FOM, the 
approach using the combined signature gets 
higher F-measure for 11/18 datasets. 

We consider the performance of the 
approach respecting to different 
phylogenetic distances. The 18 datasets are 
grouped into 6 groups of phylogenetic 
distances as follows: Genus group (sample 
1, 7, 13), Family group (sample 2, 8, 14), 
Order group (sample 3, 9, 15), Class group 
(sample 4, 10, 16), Phylum group (sample 5, 
11, 17), Kingdom group (sample 6, 12, 18). 

Algorithm 1: Binning of sequences 
 
Input:  List of sequences R= {r1, …,rn} , number of species k. 
Output: Clusters Cj, 𝑗𝑗 ∈ {1, …, k}. 
1. ∀𝑗𝑗 ∈ {1, …, k}, randomly choose 𝐟𝐟�̅�𝐶𝑗𝑗

𝑛𝑛𝑛𝑛𝑤𝑤 from f(ri); 
2. repeat 
3.  //Assignment step 
4.  ∀𝑗𝑗 ∈ {1, …, k}, Cj= ∅; 
5.  for i=1 to n do 
6.   z=arg min1 ≤𝑗𝑗 ≤𝑘𝑘 ||𝐟𝐟(𝑟𝑟𝑚𝑚)−  𝐟𝐟�𝐶𝐶𝑗𝑗||

2
; 

7.   Cz=Cz ∪ ri; 
8.  end for 
9.  //Update step 
10. ∀𝑗𝑗 ∈ {1, …, k}, 𝐟𝐟�̅�𝐶𝑗𝑗

𝑜𝑜𝑜𝑜𝑜𝑜= 𝐟𝐟�̅�𝐶𝑗𝑗
𝑛𝑛𝑛𝑛𝑤𝑤; 

11. ∀𝑗𝑗 ∈ {1, …, k}, compute 𝐟𝐟�̅�𝐶𝑗𝑗
𝑛𝑛𝑛𝑛𝑤𝑤; 

12. until �̅�𝐟𝐶𝐶𝑗𝑗
𝑝𝑝𝑟𝑟𝑢𝑢= �̅�𝐟𝐶𝐶𝑗𝑗

𝑛𝑛𝑚𝑚𝑛𝑛, ∀𝑗𝑗 ∈ {1, …, k}, or a predefined number of iterations is exceeded; 
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Graphs in Figure 1 and Figure 2 present the 
precision and recall of the approaches for 
the different cases of using genomic 
signatures. It can be seen from the graphs 
that the using of combined signatures with 

high values of weight (0.4, 0.6, 0.8) achieve 
precision considerably better than that of 
the remainning cases, and return recall 
slightly better than that of cases. 

 

Table 1: Performance of binning approach with different cases of the usages genomic signature 

Samples # 
species 

Phylo. 
distance 

GC FOM 
GC-content + FOM 

𝑛𝑛 = 0.2 𝑛𝑛 = 0.4 𝑛𝑛 = 0.6 𝑛𝑛 = 0.8 

1 2 Genus 0.90814 0.532109 0.92738 0.941464 0.94644 0.94812 

2 2 Family 0.97334 0.884496 0.98364 0.98402 0.983736 0.98292 

3 2 Order 0.9786 0.921053 0.96622 0.965904 0.964584 0.96186 

4 2 Class 0.783836 0.958464 0.877714 0.964636 0.971968 0.972352 

5 2 Phylum 0.781656 0.868116 0.795408 0.81088 0.837552 0.86322 

6 2 Kingdom 0.637024 0.559356 0.610058 0.622166 0.560736 0.560098 

7 3 Genus 0.470386 0.396941 0.457451 0.392444 0.401485 0.3830398 

8 3 Family 0.431251 0.440496 0.448114 0.480054 0.528769 0.575522 

9 3 Order 0.473749 0.628414 0.519671 0.737208 0.618437 0.6237478 

10 3 Class 0.575719 0.498752 0.602745 0.725128 0.703407 0.6387668 

11 3 Phylum 0.91856 0.790845 0.825388 0.86254 0.90352 0.8199906 

12 3 Kingdom 0.65936 0.615409 0.699636 0.753788 0.82992 0.864744 

13 4 Genus 0.432262 0.337936 0.350168 0.347132 0.337571 0.3341908 

14 4 Family 0.611607 0.516069 0.614886 0.640815 0.683 0.715916 

15 4 Order 0.671545 0.618003 0.698648 0.779031 0.728539 0.653833 

16 4 Class 0.680224 0.714777 0.641253 0.683551 0.69507 0.72719 

17 4 Phylum 0.680945 0.715966 0.74859 0.740344 0.752383 0.7487704 

18 4 Kingdom 0.795521 0.856927 0.820823 0.831362 0.881447 0.8905212 

 

4. CONCLUSION  
The complexity of microbial communities 
requires efficient tools to classify 
metagenomic sequences. The usage of 
suitable genomic signatures can increase 
classification performance. This paper 
proposes a genomic signature based on the 
combination of GC-content and first-order 
Markov chain based signature. 
Computational experiments show that a 
binning approach using the combined 

signature can outperform the case of only 
using one of the signatures. This study 
focuses on the binning of long sequences. 
However, because, some current 
sequencing technologies only support 
generating short sequences, applying of the 
proposed signature for the binning of short 
sequences could be a potential future 
research. 
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Figure 1:The precision of the binning approach 

 
Figure 2: The recall of the binning approach 
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ABSTRACT 
Web pages contain a large amount of useful information for users. Information extraction (IE) from web pages is to 
use techniques to transform unstructured web data into structured items. Building a web information extraction 
system (called Web IE system) offering those techniques is a big challenge for researching community. A recent 
survey of Web IE systems was carried out to have a clearer view on techniques used to build the systems. On the 
basis of those techniques, the survey categorized Web IE systems into four parts, i.e. manually-constructed IE 
systems, supervised IE systems, semi-supervised IE systems, and unsupervised IE systems. In this paper, we paid 
an attention to a different point of view to summarize the state of the art of Web IE systems. We classified domains 
of data from where structured objects are extracted and separated Web IE systems into two types, i.e. open and 
specific domain IE systems. In this phase, we only concentrate on the open Web IE systems to survey approaches 
and techniques used to build them as well as the results and comparisons of these systems. 

Keywords: Web Information Extraction, Web Mining, Information Extraction 
 

1. INTRODUCTION 
Web information extraction is a system using 
techniques or algorithms to transfer 
unstructured data into structured data that can 
be understood and processed by computers 
[2], [6]. The fact that web data becomes 
larger and larger makes more difficult for 
researching community. Web corpora 
contain a huge amount of useful information 
for users [1]. Therefore, building systems 
that are able to process and extract the 
knowledge from the heterogeneous corpora 
is a big challenge for researchers. 

Recently, there are some Web IE systems 
are researched and built such as TextRunner 
[2] and WOE [22] systems. These systems 
have got significant achievement. However, 
there are some outstanding problems that 
need to be solved. Therefore, a survey of 
Web IE systems is necessary and should be 
done frequently. It will helps researchers 
who are in this field later or at the first time 
have state-of-the-art Web IE systems. 
Methods and corpora used to research and 
build Web IE systems are divided into two 
approaches, i.e. specified Web IE and open 
Web IE. The essential difference between 
approaches is one uses corpora in specified 
domain (called SWIE) and the other uses 

corpora in open domain (called OWIE) [2]. 
The difference in the data input leads to the 
differences in techniques used to build the 
systems. For instance, while SWIE systems 
trend to apply supervised or semi- 
supervised machine learning algorithms, 
OWIE systems use unsupervised algorithms. 
Moreover, most of the traditional Web IE 
systems also use hand-crafted extractions to 
extract relations [14], [21]. 

In SWIE systems, hand-tagger templates are 
usually created at first. They are then applied 
for processing of machine learning [14]. As 
using domain-dependence corpora, the 
systems can also be added natural language 
processing (NLP) tools to improve their 
quality. Techniques of the NLP tools are 
used such as Named Entity Recognizer, 
shallow parser, full parser [3], [14]. 
However, we must pay for the cost of those 
processing, which is one of the reasons that 
make the systems lower in operation. 

Unlike SWIE systems, OWIE systems create 
classifiers by using unsupervised algorithms 
without any hand-tagger templates or 
patterns created manually [2], [22]. However, 
in OWIE approach, some papers integrated 
some NLP techniques in processes as 
preprocessing [17]. Thank to lower cost of 
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NLP, the speed of the OWIE systems is 
improved significantly. The recall rate is 
usually better, but not at the precision rate. 
Most OWIE systems use self-supervised or 
unsupervised learning, in which automatic 
heuristics generate labeled data for the 
process of training the extractor [22]. 

We have surveyed techniques, algorithms, 
and corpora that are used to build Web IE 
systems. In this paper, we concentrate on 
OWIE systems in composition and 
comparison between their results. 
Following are some reasons: 

- Machine learning does not consider 
human’s activities. 

- In reality, there are many kinds of data in 
different domains. An OWIE can be 
applied for most of them. 

- The approach that has received more 
attention in research community. 

The rest of this paper is organized as 
follows: Related Work presents the state-of-
the-art approaches in making surveys. Full 
OWIE Systems shows approaches that 
build extracting systems to extract all 
relations between objects whereas Partial 
OWIE Systems only shows in parties. The 
remains of this paper are Conclusion, 
Acknowledgements, and References. 

2. RELATED WORK 
Some surveys of IE systems made by [11], 
[20] showed techniques used, and features 
related to them. They focused on general 
corpora, not on a specific Web corpus. 

The previous papers examined Web IE 
systems in approaches using techniques to 
build Web IE systems. [4] classified 
techniques into two kinds, i.e. supervised 
and unsupervised learning. Accordingly, for 
each technique, [4] composited results of 
Web IE systems and compared the 
effectiveness between them. The previous 
surveys did not focus on domain of input 
data, an essential element affects results of 
Web IE systems. The input data are usually 
divided into two types, i.e. specified domain 
and open domain. For each category, 

suitable techniques are applied typically. 
Therefore, we consider Web IE systems in 
an approach that partitions them into specific 
and open domain. In this paper, we 
concentrate on open domain systems. 

3. FULL OPEN WEB IE SYSTEMS 
OWIE is a web information extraction 
system which extracts relations from a 
corpus without considering human’s 
activities [2]. Full OWIE systems extract all 
related objects. Extractions’ form is defined 
as a tuple t=(ei, ri,j, ej), where ei and ej are 
entities such as noun phases; ri,j presents a 
relation between ei and ej. 

3.1 TextRunner System 
One of the first OWIE systems built is 
TextRunner. It includes three modules 
(Figure 1) called Self-Supervised Learner, 
Single-Pass Extractor, and Redundancy-
Based Assessor [2]. 

 
Figure 1. The model of TextRunner 

System [2] 
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Self-Supervised Learner creates a classifier 
from a corpus for labeling candidate tuples 
that are extracted by Single-Pass Extractor 
from the corpus. Labels used to assign are 
“trustworthy” or not. The Learner requires no 
hand-tagged data and uses a set of tuples 
created by Single-Pass Extractor as input and 
the NaviBayes technique to train a classifier. 

Single-Pass Extractor extracts noun phrases 
from each sentence of corpus. Relations are 
identified by considering words between 
noun phrases. The output of this process is a 
set of noun phrases and their relations called 
tuples. They are then sent to Classifier. 

Redundancy-Based Assessor uses a 
probabilistic model of redundancy. This 
model assigns a probability value to each 
tuples extracted from sentences. 

To compare with the KnowItAll system, 
TextRunner only selects a set of relations in 
advance. Table 1 showed that in the same 
relations, the average error rate of 
TextRunner is lower than KnowItAll while 
both of them get approximately as many 
correct Extractions as the other. 
Table 1. Comparison between TextRunner and 

KnowItAll [2] 

 Average Error 
Rate 

Correct 
Extractions 

TextRunner 12% 11,476 

KnowItAll 18% 11,631 

3.2 WOE System 
Another system is WOE which was 
researched and built by [22]. The system 
uses Wikipedia as a typical input data. 
WOE defined an item called “infobox” to 
present attributes of the subject. For 
example, the infobox in the article on 
“Sweden” contains attributes like Capital, 
Population and GDP [22]. 

The system includes three phases as 
demonstrated in Figure 2: Preprocessing 
(Parse/Synonym), Building Infobox, and 
Learning. At the first phase, WOE uses 
OpenNLP to separate HTML Wiki pages 
into sentences. It then parses the sentences in 

shallow parser (called WOEpos) and full 
parser (call WOEparse). The final processing 
of first phase is to build sets of synonyms in 
order to help the Building Infobox phase find 
sentences corresponding to infobox relations. 

The next phase, Building Infobox, creates a 
training data for the Learning phase. For 
sentences in each Wiki page, Building 
Infobox matches them with sets of infobox 
by identifying if each sentence contains 
references to both the subject of the article 
and the attribute value. Noun phrase ei and 
ej matching with an infobox is chosen for 
the training set. 

 
Figure 2. The model of WOE system [22] 
The last phase, Learning, creates a classifier 
according to the kind of parsing process. As 
for WOEpos, WOE uses a two-order 
conditional random field (CRF) chain 
model [12] for leaning machine algorithm. 
As for WOEparse, more complex, WOE 
builds a database of patterns (called DBp) 
to apply for the Learner to create a 
classifier. For each sentence, a pattern is 
created as a corepath (the shortest 
connecting path to represent the possible 
relation between ei, ej) between ei and ej. It 
denotes the subject and the infobox 
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attribute value. WOEparse only focuses on 
“subject, relation, object” triples and rejects 
others. 

With the same corpora, WOEpos achieves 
better results than TextRunner does (Figure 
3). Therefore, when integrating a shallow 
parser, OWIE systems point out F-measure 
more correctly. 

 
Figure 3. WOEpos’s F-measure is better 
TextRunner’s [22] 
WOE also considers the length of 
sentences. The experiments showed that the 
longer sentences are used the more speedily 
F-measure decrease (Figure 4). They also 
indicated that with long sentences, F-
measure of WOEparse decreases more slowly 
than WOEpos and TextRunner because the 
NLP of WOEparse is better. 

 Figure 4. WOEparse’s F-measure 
decreases more slowly with sentence 
length[22] 
WOE confirmed that integrating some 
techniques of NLP is able to improve the 
precision and recall score of OWIE systems. 
Recently, [17] also identified again and went 
further in NLP in performing semantic and 
deep syntactic analysis. 

Similarity to WEO, [17] also uses wiki 
pages as an input corpus. However, [17] 
only creates a data set as one of training sets 

for the machine learning of OWIE systems. 
The process includes three stages, i.e. 
relation extraction, relation ontologization 
and relation disambiguation. The first stage 
extracts relations formed (ei, ri,j, ej ) from 
the corpus. The relation ontologization stage 
creates ontology of relations. The final stage 
disambiguates relations built earlier. The 
significant result of [17] compares with 
WiSeNet, [16], PATTY [18]. 

4. FARTIAL OPEN WEB IE SYSTEMS 
Partial OWIE systems concentrate on 
extracting specific objects from corpora. 
[5], [9], [10], and [23] only focus on 
extracting named entities, entity facts and 
their relations, tables etc. 

4.1 LODIE system 
A recent approach considered Web-scale 
and based on Linked Open Data (LOD) [6], 
[13] to extract results that adapt to user 
information needs. A recent project (called 
LODIE) [6] started this approach and 
proposed a new architecture to build a Web 
IE system. 

[6] defined Web-scale as a tuple: <T, O, C, I, 
A> where T is the formalization of the user 
information needs; O is the set of ontologies 
on the LOD. C is a large web corpus; I 
indicates a collection of instances defined 
according to O; A is a set of annotations. 

The architecture of the LODIE system can 
be explained in the following summary 
(Figure 5). At first, on the basis of ontology 
patterns, LODIE allows users to define their 
information needs. To avoid overfitting and 
overloading, in the second phase, the 
system selects suitable seeds to supply the 
learning process with the optimal variety. 
After that, the IE process extracts RDF 
(Resource Description Framework) triples 
by using a semi-supervised approach on the 
Annotated Web Pages and WWW corpora. 
RDF triples are checked by the data 
filtering process before the Publication and 
user feedback process extract LOD. Finally, 
LOD is used as background knowledge for 
next learning [1]. However, LODIE just 
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comes at the end in planning to do tests for 
effectiveness of the system.  

4.2 Other Systems 
Some systems use statistical approaches 
[23], [19], [5], [7], some use NLP 
approaches [6], [22] and others combine 
approaches [6], [22]. In general, OWIE 
systems integrated NLP are usually better, 
but they require higher cost. So, increasing 
effectiveness and decreasing cost is a 
current challenge for researchers.  

 
Figure 5. The model of LODIE system 

5. CONCLUSION 
Building an effective OWIE system is still a 
large challenge [2], [6], especially, 
extracting processes consider users’ 
behaviors. Approaches intend to focus on 
increasing suitability of extraction results 
and decreasing the costs of building 
systems. These approaches try to integrate 
more deeply in NLP as much as possible 
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while keeping F-measure from 
inconsiderable change [22]. In addition, the 
plan of experiments of LODIE should be 
set up to measure LODIE’s effectiveness. 
Finally, building OWIE systems in other 
languages except English engages many 
new approaches in near future. 
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ABSTRACT 
Privacy Preserving is a term that refers to a method preventing the exposition and abuse of personal information. 
There are various models proposed to preserve data privacy efficiently such as k-anonymity, ℓ-diversity… These 
models can be achieved by the Generalization and Suppression techniques. In general, these techniques modify 
data too much so the data utilities for data mining, especially the association rule set, have been affected a lot. 
The Migrate Member (MM) technique, which has been developed and applied to these models, not only protects 
the privacy of the data but also maintains its utility for a specific data mining algorithm, namely association rule 
mining. In this paper, we also follow the approach of preserving privacy and association rules in data mining. 
Because of some k-anonymity weaknesses, we will concretize this approach by proposing a new model, called 
ℓS – diversity, to fight against the possibility of re-identifying individuals and protect sensitive data. We also 
propose an algorithm PPARM to change the original data for the new ℓ-diversity model while still maintaining 
as many association rules of the original data as possible. After that, we will carry out experiments on some real-
world datasets to assess the advantages and disadvantages of the new algorithm. 

Keywords: Migrate Member technique, ℓS – diversity, PPARM (Privacy Preserving Association Rules Mining) 

 

1. INTRODUCTION 
In the data mining process, the possibility of 
leaking private information of individuals 
and organizations seriously affects personal 
benefits and organizations’ activities. It 
gives rise to a new research direction of 
protecting the privacy in data mining 
(Privacy Preserving Data Mining – PPDM). 

Methods of protecting privacy in data 
mining are divided into three categories: 

- Protecting the privacy of data before 
mining: the original data will be 
transformed before being used for the 
purpose of data mining. This group 
consists of methods: randomization 
method with techniques such  as 
additional perturbation, multiplicative 
perturbation and data swapping; 
anonymous methods with techniques 
such as k-anonymity, ℓ-diversity, t-
closeness ... 

- Protecting privacy in data mining: 
applying such techniques as 
perturbation, k – anonymity … cage with 
each step in the data mining process. 

- Protecting privacy by changing the data 
mining results: including some 
techniques: association rule hiding, 
reducing the effectiveness of the 
classification, query auditing, query 
inference control. 

Almost all these methods are only 
concerned with protecting privacy and do 
not count to the fact that when data is 
brought to mining, how much knowledge is 
recouped?  Recently some researchers have 
succeeded in protecting the privacy of data 
by using the k-anonymity model and 
maintaining the maximum data quality 
(association rule set of the original data). 
Because k-anonymity model has many 
weaknesses, we propose a new model based 
on ℓ-diversity model and developed a data 
transformation algorithm to achieve the 
proposed model. The algorithm is also 
driven to mining association rules algorithm 
in order to maintain the rule set of the 
original data. 

2. K-ANONYMITY MODEL 
Attributes of an individual are divided into 
three types: 
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- Key Identifier: attributes identifying a 
specific individual such as name, social 
insurance number. 

- Quasi-Identifier   (QI):   attributes   when 
combined together identifying a specific 
individual, such as age, zip-code, and 
gender. 

- Sensitive: attributes such as disease, 
salary, criminal history. 

In many applications, in order to protect 
data privacy, attributes that specify specific 
individual are removed. However, QI 
attributes can be used to identify exactly 
individuals or narrow the searching range. 

K-anonymity requires that if a combination 
of values of quasi-identifying attributes 
appears in the table, it appears with at least 
k occurrences. 

 
Table 2.1: Patient Data [1] 

 

 
Table 2.2: 4-anonymous Patient Data 

There are two techniques used to transform 
a table to achieve k-anonymity: 

- Generalization: based on a domain 
generalization hierarchy and a 

corresponding value generalization 
hierarchy on the values in the domains. 

- Suppression: protecting sensitive 
information by removing it. Suppression 
can be applied at the level of single cell, 
entire tuple, or entire column. 

Homogeneous Attack 
For example: Alice knows information 
about Bob: 31 years old, a U.S. citizen, zip 
code = 13053. Information about Bob just 
appears in tuples 9, 10, 11, 12 of Table 2.2. 
Moreover, all patients had cancer so Alice 
can conclude that Bob also had cancer. 

Attack based on knowledge background 
For example: Alice knows information 
about Umeko: 21 years old, Japanese, Zip 
code = 13086. Umeko’s information just 
appears in tuples 1, 2, 3, 4 of Table 2.2. 
Without more support information, Alice 
does not know Umeko had virus infection 
or heart disease. However, "The rate of 
heart disease in Japan is very low", Alice 
can conclude that Umeko is almost 
certainly infected with a virus. 

3. ℓ-DIVERSITY MODEL 
Let q* - block is a set of tuples in T* whose 
non sensitive values are generalized to q*. 
Each q*-block forms an equivalence class. 
A q*-block is called ℓ-diversity if there is at 
least ℓ values "well-represented" (ℓ most 
frequent values have the same appearance 
frequency) for sensitive attributes.  One 
table is called ℓ-diversity if every q*-block 
of the table are satisfied ℓ-diversity. 

 

Table 3.1: 3-diverse of Table 2.1 
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Many different ℓ-diversity model can be 
built based on ℓ-diversity definition: 

Distinct ℓ-diversity [15] 
Each q*-block contains at least ℓ different 
values. 

Unique Distinct ℓ-diversity [15] 
An anonymized table is said to be satisfying 
Unique Distinct ℓ-diversity if every q*-
block contains exactly ℓ different 
sensitivity values. 

Unique distinct ℓ-diversity against attacks 
uses probabilistic inference because 
sensitive values have been uniformly 
distributed so the risk to disclose sensitive 
values does not exceed 1 / ℓ. 

Distinct (ℓ, α)-diversity [14] 
Similarity Attack: when the values of 
sensitive attributes in an equivalent class are 
different but the sensitivity is similar, 
attackers can identify important information. 

 
Table 3.2: Patient Data 

 

 
Table 3.3: 2-diverse Patient Data 

In the first equivalent class of Table 3.2 
(tuples 1, 2, 3, 4), the attacker does not 
know exactly what disease these patient 
have but sure they are certainly suffering 
from severe diseases. 

The values of sensitive attributes are 
classified into k categories depending on 
the sensitivity level.  Each category has a 
weight. The weight of an equivalence 
classes is equal to total weight of each 
sensitive value contained in this class. To 
avoid similarity attack, an equivalence class 
can not only contains the values of the type 
have the most sensitivity. 

A table satisfies Distinct (ℓ, α)-diversity if 
satisfied ℓ-diversity principle and the total 
weight of the sensitive values   in   each 
equivalence class are at least equal to α. 

Unique Distinct ℓ-SR diversity [16] 
Sensitivity Attack occurs when the 
sensitivity of the sensitive values in an 
equivalence class falls into a very narrow 
range, so that an attacker can determine 
important information. 

 
Table 3.4: Patient Data [16] 

 

 
Table 3.5: 3-diverse Patient Data 

In the first equivalent class of Table 3.5 
(tuples 1, 2, 3), the attacker does not know 
exactly what disease these patient have but 
sure they are certainly suffering from severe 
diseases. 

678 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

Unique Distinct ℓ-SR diversity can resist 
Sensitivity Attack but cannot resist a 
similarity attack. The idea is to rank for 
different values of sensitive attributes. The 
higher the degree of sensitivity ranks, the 
bigger data disclose. 
4. THE PROPOSED SOLUTION 
Not all of the values of an attribute have 
the same sensitivity. For the Disease 
Attribute, values such as HIV and cancer 
are more sensitive than cold, flu and 
headache. Therefore, we just focus on 
protecting the higher sensitive values such 
as HIV or cancer. 
In this study, we use the concept of Migrate 
Member Technique, Risk, Budget, and Cost 
were mention in [1] to propose new ℓ-SR 
Diversity Model and PPARM Algorithm to 
change data in order to get this model. 
ℓS-Diversity Model 
A group is a subset of tuples (the number of 
tuples greater than zero (0)) of a table that 
has same values considering on a quasi-
identify attribute set. A group can fall into 
one of the four following types: 
- ℓ-safe: if the group does not contain 

sensitive values on the A Attribute and the 
number of members (tuples) greater than 
or equal to ℓ, with ℓ is given diversity. 

- ℓ-unsafe: if the group does not contain 
sensitive values on the A Attribute and 
the number of members (tuples) smaller 
than ℓ, with ℓ is given diversity. 

- ℓS-safe: if the group contains one 
sensitive value and the at least (ℓ - 1) 
different non sensitive values on the A 
Attribute so that the number of 
occurrences of the sensitivity value is 
less than or equal the number of 
occurrences of the most often non 
sensitive values. 

- ℓ S-unsafe: 
o If  the  group  contains  one  sensitive 

value on the A Attribute and: 

 Number of different non sensitive 
value are less than ℓ - 1. 

 Number of different non sensitive 
value are greater than or equal to ℓ-1 
and the number of occurrences of 
sensitive values is greater than the 
number of occurrences of the most 
frequent non sensitive value. 

o Group contains more than one 
sensitive value on the A Attribute. 

Policy to Migrate Member 
1. Groups are classified into four types: 

- ℓ-safe 

o Receive members from ℓ-unsafe groups,
 receive members getting sensitive 
value from the ℓS-unsafe group. 

o Give members for ℓ-unsafe, ℓS-
unsafe groups. 

- ℓ-unsafe 

o Receive members from ℓ-unsafe, ℓ-
safe groups, receive members 
getting sensitive value from the ℓ S-
unsafe group. 

o Give members for ℓ-unsafe, ℓ-safe, 
ℓS-unsafe groups. 

- ℓS-safe 

o Receive members from ℓ S-unsafe 
group. 

- ℓS-unsafe 

o If containing a sensitive value: 
receive members from ℓ-unsafe, ℓ-
safe group. 

o In contrast: give members getting 
sensitive values to ℓ-unsafe, ℓ-safe, 
ℓS-safe groups. 

2. Groups   can   only   give   the   original 
members of its inherence. 

3. A member of the group gi can move to 
gj group if it does not negative "budget" 
of any rule that it supports as it moves to 
group gj. 

4. Determining the number of members 
moving in each case at least. 

- Suppose that gi is a ℓS_unsafe group. 
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o gj is a ℓ-unsafe group 

 gi  → gj 
mgrtN = |type of sensitive 
values redundant in gi|. 

 gi  ← gj 

 If the number of non- sensitive values 
of gi >= ℓ. Let ma be the number of 
occurrences of non-sensitive values in 
gj which are the same as the most 
frequent non-sensitive value in gi, nS 
be the number of occurrences of 
sensitive values in gi, nMax be the 
number of occurrences of the most 
frequent non sensitive value in gi. 

mgrtN = min (ma, nS - nMax) 

 In contrast.  Let  nType  be  the number 
of non-sensitive values of gj different 
from gi, nNormalType be the number 
of non-sensitive value of gi 

mgrtN = min (nType, ℓ  - 1 - 
nNormalType) 

o gj is ℓ-safe group 

 gi  → gj 
mgrtN = |type of sensitive 
values redundant in gi|. 

 gi ← gj. Let OrgNormal be the 
number of members that do not 
contain sensitive values inherent 
initial of gj, InNormal be a list of 
members that does not contain 
sensitive values migrated to gj. 

mgrtN = min (OrgNormal, 
OrgNormal + InNormal - ℓ) 

- Suppose that gi be the ℓ _unsafe group 
o gj is ℓ-safe group 

 gi  → gj.  Let OrgNormal be the 
number of members that do not 
contain sensitive value inherent initial 
of gi. 

mgrtN = OrgNormal 

 gi ← gj. Let OrgNormali be the 
number of members do not contain 
sensitive value initial inherent of gi, 

OrgNormalj be the number of 
members that do not contain sensitive 
value initial inherent of gj, InNormali      
be   the    number    of members that 
do not contain sensitive value 
migrated to gi, InNormalj be the 
number of members that do not 
contain sensitive value migrated to gj. 

n = min (OrgNormalj, OrgNormalj 
+ InNormalj-ℓ) 

mgrtN = min (n, ℓ - OrgNormali+ 
InNormali) 

o gj is ℓS_safe group 

 gi  → gj.  Let OrgNormal be the 
number of members that do not 
contain sensitive value initial 
inherent of gi. 

mgrtN = OrgNormal 

5. Choosing member migration that more 
benefit in order of descending priority of 
quantity: less cost, less number of 
migrated members, more number of safe 
groups. 

6. If the number of members that can 
migrate between gi and gj are greater 
than mgrtCount, choose mgrtCount 
members that have least cost as 
migration candidates. 

PPARM Algorithm 
Input: The original data D; 
association rule set mined from D R 
at min_sup and min_conf, ℓ. 

Output:  D’ achieved ℓS-diversity 
model. 

Variable: G, ℓ_SG, ℓ_UG, ℓS_SG, ℓ 
S_UG set of groups; Rcare; SelG = 
null; UM = Ø set of groups that 
cannot migrate members with other 
groups; TotalSafeGroup total safety 
group of D. 

Begin 

Prepare Data: 

1. G = the group is calculated from 
D; 

2. Calculate TotalRisk. 

3. Divide G into set of groups ℓ_SG, 
ℓ_UG, ℓS_SG, ℓS_UG. 
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4. Construct Rcare and calculate 
budget for all these rules. 

Process: 

1. While (have groups in ℓS_UG) 

2. { 

3. If (null == SelG) 

4. SelG = randomly select a group in 
ℓS_UG. 

5. Find in ℓ_UG a group that can 
migrate members to SelG for 
the most beneficial. 

6. If cannot find in ℓ_UG then find 
in ℓ_SG a group that can 
migrate member to SelG for the 
most beneficial. 

7. If cannot find g 

8. { 

9. Remove SelG from the ℓS_UG group 

10. Add SelG to UM group 

11. } 

12. Else 

13. { 

14. Perform migration                                                                                                                             
between SelG and g. 

15. Update Budget for the 
affected rules. 

16. } 

17. } 

18. SelG = null 

19. While (have group in ℓ_UG) 

20. { 

21. If (null == SelG) 

22. SelG = select randomly a 
group in ℓ_UG. 

23. Find in ℓ_SG a group that 
can migrate members to 
SelG for the most 
beneficial. 

24. If cannot find in ℓ_SG 
then find in ℓS_SG a 
group that can migrate 
members to SelG members 
for the most beneficial. 

25. If cannot find g 

26. { 

27. Remove SelG from the 
ℓ_UG group 

28. Adding SelG to UM 
group 

29. SelG = null 

30. } 

31. Else 

32. { 

33. Perform migration 
members between SelG 
and G 

34. Update Budget for the 
affected rules 

35. } 

36. } 

37. While (have group in UM) 

38. { 

39. For each group g in UM 

40. { 

41. Remove g from UM 

42. Disperse (g) 

43. } 

44. } 

End 

Disperse (SelG) 

Begin 

1. With each member t does not 
contain the original sensitive 
value remaining SelG 

2. { 

3. Migrate t to g ϵ ℓ-SG group for 
the most beneficial. 

4. Update Budget for the affected 
Rules. 

5. } 

6. With each member t does not 
contain Sensitive values 
migrated to SelG 

7. { 

8. Migrate t to g ϵ ℓ-SG group for 
the most beneficial. 

9. Update Budget for the affected 
Rules. 

10. } 

11. If (SelG is ℓS_UG group) 

12. { 
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13. With each member t 
containing Original 
sensitive values Remaining 
of SelG 

14. { 

15. Migrate t to g ϵ ℓ-SG 
group for the most 
beneficial. 

16. Update Budget for the 
affected rules. 

17. } 

18. With each member t does not 
contain sensitive migrated 
to SelG 

19. { 

20. Migrate t to g ϵ ℓ-SG 
group for the most 
beneficial. 

21. Update Budget for the 
affected Rules. 

22. } 

23. } 

5. EXPERIMENTS 
This section presents some experiments 
using the real world databases Adult (30162 
tuples of data) [13] on 9 attributes {Age, 
Gender, Marital, country, race, edu, h_p_w, 
income, workclass}, in which {age, gender, 
Marital, country, race, income} are the QI 
attributes. Edu Attribute was selected as the 
attribute that need to be protected, sensitive 
values are 1st - 4th (151 tuples) and 
Masters (1627 tuples). 

The rules sets mined on D and D ' with 
min_conf min_sup = 0:03 and = 0.5. The 
result is the average of 3 times per 
execution algorithm M3AR [1] and 
PPARM for the values k = 2, 3, 4, 5, 6, 7, 8 
or ℓ = 2, 3, 4, 5, 6, 7, 8. The program was 
implemented using Microsoft VB.Net 2010 
and Microsoft SQL Server 2008 database, 
running on a machine with Core (TM) i5   
CPU   2.27   GHz,   3GB   RAM, using 
Microsoft Windows 7 OS. 

The percentage of lost rules LRP (Lost Rule 
Percentage) of algorithm M3AR is equivalent 
to PPARM of 0%. When k, ℓ = 6 M3AR 
causes lost rules with the rate of 0:07%. 

With NRP (New Rule Percentage), PPARM 
creates more new rules than M3AR but the 
rate does not exceed 7%. 

About processing time, M3AR is faster than 
PPARM but when k, ℓ large (experimental 
k, ℓ = 16), PPARM tends to run faster 
M3AR because PPARM processes ℓS-
unsafe and ℓ-unsafe groups beforehand so 
that it reduces the search time and the 
processing time of ℓ-unsafe groups in the 
second While loop, and therefore it reduces 
the execution time of the program. 

 

 

 

Figure 6.1: Experiment with Edu = 1st – 4th 
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Because of the large proportion of the 
values of Masters Attribute, many rules 
have been lost but not exceed 0.2%. 
With the NRP measure, PPARM creates 
more new rules than M3AR but not more 
than 7%. 
PPARM processes ℓ S-unsafe group first, 
PPARM has to convert multiple tuples of 
data in the groups different from ℓS-unsafe 
groups  reduce program execution time. 

 

 

 
Figure 6.2: Experiment with Edu = Masters 

All unsafe groups are changed to safe 
groups. Figure 6.3 Chart showing types of 

groups before and after applying the 
PPARM algorithm. Each group will fall 
into one of four types: 1, 2, 3, 4 
corresponding ℓS-unsafe, ℓS-safe, ℓ-unsafe, 
ℓ-safe. Due to the very large number of 
groups, we just selected some groups 
randomly with parameters ℓ = 2, sensitive 
value Edu = 1st-4th, Edu = Masters. In case 
a group does not have column headings 
display type after changing due to the fact 
that it gave all its members to other groups 
in the process of migrating members, it 
should be removed. 

 

 

Figure 6.3: Group types before and after 
changing. 

6. CONCLUSION 
In this study, we created a ℓS-diversity 
model and develop a PPARM algorithm to 
protect the privacy of data while maintaining 
data quality (association rules) according to 
association rules mining technique. 

This PPARM algorithm only focuses on 
limiting the number of association rules 
being lost. It does not consider new rules 
being born. In [3], the authors propose to 
use two thresholds α and β to monitor these 
weak rules. However, this proposal costs 
much more due to the complexity in 
processing. Therefore this issue needs to be 
studied further. 
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In addition to the combination model k-
anonymity, ℓ-diversity  and migrate 
member technique, we can combine 

different models such as k-anonymity, t-
closeness and migrate member technique in 
order to protect data better. 
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ABSTRACT 
We present a real-time face recognition system that identifies subjects while they are using a laptop with 
webcam. This system can be used to improve smart human-computer interactions (HCI): once the user has been 
identified, an HCI system can customize the preferences accordingly, or grant or deny access to the controlled 
resources. To handle challenges such as continuous, uncontrolled variations of facial appearance due to 
illumination, pose, and expression, we first detect the face for proper registration, using Viola-Jones algorithm. 
The registered faces are then normalized in term of illumination, size, etc. After that, discrete wavelet transform 
is applied on normalized faces to find their representing features, which are inputted to a multi-class SVM 
classifier for user identification. A closed-set experiment with 20 subjects shows that this system can reach high 
recognition rate and can recognize users in real-time. 

Keywords: Face recognition, SVM, Wavelet, Face detection, HCI 

 

1. INTRODUCTION 
In recent years, face recognition (FR) is 
always an active topic in the field of 
biometrics, which is defined as an intrinsic 
physical or behavioral trait of human 
beings. It is because a wide range of 
possible application areas, such as access 
control, surveillance, criminal 
identification, automatic photo tagging etc., 
have fueled significant amount of research 
efforts on this problem. Due to its 
unobtrusive nature, face recognition is 
naturally the most suitable method for 
human identification. Conventional ID card 
and password based identification methods, 
although very popular, are no more reliable 
as before because of the use of several 
advanced techniques of forgery and 
password-hacking. As an alternative, 
biometric is being used for identity access 
management [7]. The main advantage of 
biometric features is that these are not 
prone to theft and loss, and do not rely on 
the memory of their users. Among 
physiological biometrics, face is getting 
more popularity because of its non-
intrusiveness and high degree of security. 
Moreover, unlike iris or fingerprint 

recognition, face recognition do not require 
high precision equipment and user 
agreement, when doing image acquisition, 
which make face recognition even more 
popular for video surveillance. However, 
most of the studies on face recognition have 
been conducted on still images and on the 
data that was collected under controlled 
conditions [4]. Compared to traditional face 
recognition in still images, video based face 
recognition has following advantages. 
Firstly, videos contain more abundant 
information than a single image, resulting 
in more chance to build robust and stable 
recognition by using information of multi 
frames. Secondly, temporal information 
becomes available to be exploited in videos 
to improve the accuracy of face 
recognition. Finally, multi poses of faces in 
videos make it possible to explore shape 
information of face and combined into the 
framework of face recognition. However, 
video based face recognition is also a very 
challenging problem because of low quality 
facial images, illumination changes, pose 
variations, occlusions, etc. Accessories and 
facial hair can cause partial occlusions. 
Daylight leads to very different 
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illumination depending on the time of day, 
time of year and weather conditions. The 
persons to be recognized, are not supposed 
to be restrained by the system, they are free 
to switch on and off any light sources that 
might be available. This leads to a wide 
variety of illumination configurations in 
terms of light intensity, direction and even 
color. The benefit from video based face 
recognition is that it allows users to work in 
the background without the need of specific 
user interaction. The people to be 
recognized are not to be disturbed or 
interrupted in their actions by the presence 
of the computer vision system. This is 
essential to grant users the freedom to 
behave naturally. In this paper, we present a 
robust real-time videobased face 
recognition system that identifies the 
individuals while they are using a laptop. 
The main motivation to build this system is 
to improve smart human-computer 
interaction and aid implementing security 
software. Once identified its users, a system 
can customize the preferences accordingly, 
or grant or deny access to the system’s 
resources. 

2. BACKGROUND 
The goal of FR is to automatically identify 
one or more persons from still images or 
video frames. The FR problem can be 
categorized into two approaches: still image 
based FR and video based FR. Still image 
based FR often deals with controlled static 
images taken under fixed illumination 
conditions. Unlike FR from still images, FR 
from video processes uncontrolled video 
frames for automatic FR in real time, which 
poses a large scope of technical challenges. 
These challenges include illumination and 
pose variations, motion and occlusion, high 
dimensionality of image data, and low 
quality of the video material. We can divide 
video based FR methods into two categories: 
video-image based methods and video-video 
based methods. The first category can be 
seen as an extension of still image based 
face recognition. The second category is 
more complicated with more abundant 

solutions proposed. In this paper, we follow 
the first one. Generally still image based FR 
methods are composed of a feature extractor 
(like Principal Component Analysis, 
Wavelet decomposer) to reduce the size of 
input and a classifier like Neural Networks, 
Support Vector Machines, Nearest Distance 
Classifiers, etc. to find the features which are 
most likely to be looked for. Eigenfaces 
method which is based on Principal 
Component Analysis (PCA) is a great 
technique for data reduction and feature 
extraction. PCA is an efficient and long term 
studied method to extract feature sets by 
creating a feature space. PCA also has low 
computation time which is an important 
advantage. On the other hand because of 
being a linear feature extraction method, 
PCA is inefficient especially when 
nonlinearities are presented in the underlying 
relationships [8]. Wavelet decomposition is 
a multilevel dimension reduction process 
that makes space/time-frequency analysis. 
Unlike Fourier transform, which provides 
only frequency analysis of signals, wavelet 
transforms provide space/time-frequency 
analysis, which is particularly useful for 
pattern recognition [2]. Although face 
images are affected by different conditions 
such as non-uniform illumination, 
expressions and partial occlusions, facial 
variations are confined mostly to local 
regions of face images. Thus, a feature that 
captures these localized variations of images 
would result in a better recognition accuracy 
[3]. Wavelet analysis possesses good 
characteristics of spatial-frequency 
localization and therefore can be used to 
detect the local variations in facial geometric 
structure [9]. 

3. OUR SCHEME FOR BUILDING 
THE SYSTEM 
3.1 Face detection 
The first step in recognizing the user from 
webcam is to extract the face from the 
video frames. Because until now there is no 
face detection algorithm that can 
automatically detect face in frames captured 
from webcam with the correct rate of 100%, 
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we use the semi-automatic approach: using 
the algorithm by [11] to suggest a biggest 
face region and then the user will approve 
this region if it is correct. The system will 
draw a rectangle around the detected face 
region. If the detection is correct, the user 
presses the key ’a’ to approve the detected 
face region. Once the face region has been 
approved, it will be used for training the 
classification model or for testing the 
model. We implemented face detection 
using the OpenCV library in our project. 
The function cvHaarDetectObjects() in 
OpenCV supports objects detection using 
the Viola-Jones algorithm. It will return a 
sequence of detected objects in one image. 
We use the Haarclassifier 
”haarcascadefrontalface alt.xml” for frontal 
face detection, which comes with the 
library. The classifier computes Haar-like 
features which includes edge features, line 
features and center-surround features. After 
some classifying stages, it decides if the 
region is likely to show the object. To 
search for the object in the whole image one 
can move the search window across the 

image and check every location using the 
classifier. We set scale factor as 1.1 so that 
the window will increase by 10% after each 
scan and set min size as 80 × 80. Moreover, 
we use flag CV HAAR DO CANNY 
PRUNING to allow that canny edge 
detector to reject some image regions that 
contain too few or too much edges and thus 
cannot contain the face. Since Haar-like 
features consider the shape of the image 
region, it can get higher accuracy than most 
color-based classifiers. 

3.2 Pre-processing detected face image 
Before recognition, the detected face image 
is processed to deal with scale, illumination 
and hair etc. All images had undergone a 
preprocessing program including following 
steps: 

1. Normalizing size to 112 × 92 

2. Apply affine transformation on the 
imageoutputted from step 1 to produce 
uniform left-eye position at (26, 50). 

3. The image outputted from step 2 was 
imposed on a face mask. 

 

 
Fig.1. Homomorphic Filter 

4. The image outputted from step 3 was 
processed by histogram equalization. 

5. In order to further weaken illumination 
influence, we applied homomorphic 
filter (see Figure 1) on the image 
outputted from step 4. An image f(x,y) 
can be thought as a product of 
illumination and reflection:               
f(x,y) = i(x,y)· r(x,y), [5]. Homomorphic 
filter can separate multiplicative-
combined signals. Let  

z(x,y) = ln[f(x,y)] = ln[i(x,y)] + ln[r(x,y)] (1) 

 

After Fourier transform: 

={z(x,y)} = {ln[f(x,y)]} = 

 

={ln[i(x,y)]} + {ln[r(x,y)]}. 
That is 

(2) 

Z(u,v) = Fi(u,v) + Fr(u,v) (3) 

Process Z(u,v) using filter function H(u,v): 

S(u,v) = H(u,v) · Z(u,v) 

 = H(u,v)·Fi(u,v) + H(u,v)·Fr(u,v)   (4) 

Return to spatial domain: 

s(x,y) = −1{S(u,v)} 

=−1{H(u,v)·Fi(u,v)} + −1{H(u,v)·Fr(u,v)} (5) 
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The output image of step 5 is: 

g(x,y) = es(x,y) (6) 

By function H(u,v) in homomorphic filter, 
the effect of illumination were depressed 
and less interference to recognition. 

3.3 Face recognition  
Feature extraction using wavelet 
transform: Wavelet decomposition has 
been applied in many studies for image 
processing successfully. In our study, we 
use 4-level Daub2 DWT (Discrete Wavelet 
Transform) type wavelet decomposition to 
extract the feature representing for a face 
image. By application of wavelet transform 
on an image we obtain four sub-bands 
including the approximation (low frequency 
component which is low-low) and the 
details (high frequency components like 
low-high, high-low and high-high). 
Approximation (a) is a smaller scaled form 
of input image and details are horizontal 
(h), vertical (v) and diagonal (d). After 1-
level DWT, an image (I) can be represented 
with its sub-bands like, 

 (7) 
To reduce the dimension of data we work 
on, we can apply DWT on Ia

1 N times to 
have an N-level decomposition. In our 
study with 4-level DWT, an image is 
represented like, 

 (8) 
After four decomposition levels, we obtain 
Y/16×Z/16 sized approximation from Y ×Z 
sized input image. For our image set 
approximation is a feature set with 48 
elements. 

Classifying features using multi-class 
SVM: In order to build a multi-class SVM, 
we combine many binary SVMs according 
to [6]. A binary SVM, proposed by [10], is 
a classification method that aims to separate 
two data sets with maximum distance 
between them. It search for an optimal 
separating hyperplane (OSH) between the 

two data sets to form a boundary between 
them. Bounds between the two data sets and 
OSH are called ”support vectors”. Each 
point in total data set is referred as xi ∈ Rn, i 
= 1, 2, ..., n and belongs to a class yi∈ 
{−1,1}. For linear classification, we can 
identify the OSH separating two classes 
like, w · xi + b ≥ 1 

for xi  of the first class (yi= 1) (9) 

w· xi + b ≤ −1 

for xi  of the second class (yi= -1)  (10) 

We can generalize (9) and (10) with the 
form, yi[(w · xi) + b] ≥ 1, i= 1,...,l. (11) The 
distance between support vectors are pre-
defined as: 

  (12) 
The bigger d is, a better separation between 
the two classes can be achieved. For this 
reason to maximize d we need to minimize 
norm of w. The problem of 

  (13) 

subjecting to (11) can be expressed as 

 (14) 
with αi≥ 0 represents Lagrange multipliers. 
All the points which can be separated as 
yi(w · xi + b) −1 >0 do not matter since we 
must set the corresponding αi to zero. 
Problem (14) can be solved by standard 
quadratic programming techniques and 
programs. The solution can be expressed by 
terms of linear combination of the training 
vectors as 

l 
w = Xαi· yi· xi,αi≥ 0,i = 1,...,l 

           i=1 (15) 

Distance of any data point x to OSH is 
defined as: 
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 (16) 
We can get a more generalized form of (16) 
by replacing w with its value shown in (15), 

 (17) 

Sign of distance calculated in (17) shows us 
to which class point x belongs and |d| shows 
distance of x to OSH. As |d| increases a 
better classification result can be obtained. 
There are cases that linear separation of 
data sets cannot be achieved successfully. 
In such cases a simple conversion of feature 
space is done. Point x in the original data 
space is expanded to a feature space with 
higher dimension and linear separation is 
retried. This expansion process is realized 
with operator Φ(·) which turns the OSH 
function into the form: 

f(x) = w · Φ(x) + b  (18) 

By replacing w with its value in (18) we can 
get a more generalized form as: 

 (19) 

In a high dimensional space realization of 
(Φ(xi)·Φ(x)) multiplication is intractable. 
For this reason “Kernel Functions” in 
K(xi,x) = (Φ(xi)·Φ(x)) form are used. In 
such processes there are two widely used 
kernel functions: (i) Polynomial Kernel 
Function: 

K(xi,x) = (xi · x + 1)p  (20) 

(ii) RBF Kernel Function: 

K(xi,x) = exp(−γkx−xik2),γ ≥ 0 (21) 

Here p,γ are kernel parameters. In this 
study, we use the RBF kernel function. 

4. EXPERIMENTAL RESULTS 
In order to evaluate the performance of the 
system, an image database was originally 
from video streams so that they were 
captured in different lighting conditions and 
backgrounds. This database consists of 600 
images from 20 subjects from which 400 

images were manually chosen for training 
and the rest were used as test images. In the 
training set, there were 20 images from 
each subject. Furthermore, the test images 
were divided into two sets: the normal test 
set where frontal faces appear in most of 
the images and the difficult test set in which 
the faces in the images are terribly tilted or 
rotated. In online face recognition, only a 
portion of all the images in the database are 
selected for training. Therefore a tradeoff is 
introduced when selecting the number of 
the training images. As we know, the more 
training images, the better performance a 
method might achieve, but the method 
might not generalize to other test sets. Thus 
66% of the images in the database were 
used for training. We use a Daub2 type 
level-4 wavelet decomposition to obtain 
feature vectors with the size of 1×48. The 
face images are normalized with size of 92 
× 112 (the same size as the images in the 
ORL database). Our multi-class SVM is 
built based on the LibSVM [1], we chose 
parameter ”C” as 1.0 (”C” is the penalty 
parameter of the error term). While using 
RBF kernel we chose gamma as 0.1. The 
recognition rate is calculated as the ratio of 
the number of successful recognition and 
the total number of test samples. The results 
show that the recognition rate of this 
system is 96.7%. 

5. CONCLUSION 
This paper presents a framework to build a 
real-time face recognition system that can 
recognize face in webcam. The proposed 
framework takes advantages of the features 
of spatial-frequency localization and 
multiresolution of wavelet transform to find 
the feature that captures the local variations 
of face images. The wavelet feature can 
tolerate the variations in illumination, pose, 
and expression of face images. A multi-
class SVM was trained on the wavelet 
feature to form a classification model. The 
experimental results show that this 
framework is quite reliable for online face 
recognition. However, online face 
recognition poses a great challenge to 
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researchers and still offers substantial 
potential for further research. One approach 
in further work could be the integration of 
human interaction. It requires the user to 
give feedback whenever the identity of a 
person is recognized by the online face 
recognition system. The feedback could be 
an answer whether the person was correctly 
recognized and further the selection of the 
correct identity based on a candidate list 

provided by the system. Human interaction 
undoubtedly would help to substantially 
improve the recognition result. Another 
issue that we can take into account in 
further research is the recognition of 
unknown faces, which would allow that the 
images of the unknown face could be 
automatically stored in the training set for 
the purpose of subsequent recognition of 
the unknown face. 
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ABSTRACT 
Currently, in Vietnam, due to the lack of observation devices, there is a shortage of dynamic ground information 
such as predominant period, amplification factor, and shear wave velocity. The estimations of those play an 
important role in researches of the effects of long-period ground motion earthquakes on high-rise buildings in 
big cities. Then, the results of applying the Nakamura Method to data processing of microtremor observations 
conducted in Hanoi and HoChiMinh cities of Vietnam are presented in this paper. Utilize this method, the 
predominant period of the ground at the sites could be estimated from the horizontal to vertical (H/V) spectral 
ratios of microtremors. Next, some borehole data have been collected from many constructional sites for the 
verification in determining the ground predominant, the better corresponding in the case of HoChiMinh city than 
in the case of Hanoi city is stated. The final results show that the grounds of the mentioned two cities are 
vulnerable to the resonance with long-period ground motions. 

Keywords: ground predominant period, microtremor observation, spectral ratio, long-period ground motion, 
high-rise building 

 

1. INTRODUCTION 
Earthquakes have occurred in some localities 
of Vietnam (Table1), among which several 
significant earthquakes can be mentioned 
such as four earthquakes happened in the 
northwest and middle of Vietnam from 1935 
to 2006 with intensity varied from 4.9 to 6.8 
Richter scale.Recently, three earthquakes 
have happened in the southern areas of 
Vietnam, however, most of them were 
offshore earthquakes. Thus, with only a few 
earthquakes happened in the past, Vietnam 
was considered as a country with low seismic 
activity [1]. However, the Government of 
Vietnam has paid more attention to 
earthquake engineeringin recent years [2]. 

In Vietnam, there were several researches 
conducted microtremor measurements in a 
few cities such as Hanoi [3], DienBien ...etc, 
and at some construction sites of important 
projects. However, due to the lack of 
observation devices, there is a shortage of 
information of dynamic ground 
characteristics in this country. 

Consequently, the results of applying the 
Nakamura method [4] to data processing of 
microtremor observations in Hanoi and 
HoChiMinh cities of Vietnam are firstly 
presentedin this paper.By using this method, 
the predominant period of the ground at the 
sites could be estimated from the horizontal 
to vertical (H/V) spectral ratios of 
microtremors. 

Table1. Historical Earthquakes in Vietnam 

No. Year Location Domain 
of 

Vietnam 

Magnitude 
in Richter 

Scale 

1 1935 DienBien Northwest 6.8 

2 1983 TuanGiao 
LaiChau 

Northwest 6.7 

3 2001 NamOun Northwest 5.3 

4 2006 DoLuong 
NgheAn 

Middle 4.9 

5 2007 VungTau South 5.1 

6 2010 VungTau South 4.7 

7 2011 Myanmar Border 7.0 
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2. MICROTREMOR OBSERVATION  
2.1 Observation sites 
Microtremor measurements were carried 
out twice in HoChiMinh city in March and 
September 2011 with 5 sites. Moreover, 2 
sites in Hanoi city were chosen to do the 
microtremor measurement in September 
2011. The parks or natural lands at the 
central area of the two cities that have the 
low activities of traffic were chosen to be 
observation sites in order to reduce the 
noise effects on the measurements (Tables 
2, 3 and Figures 1, 2). 

Table 2. Sites in HoChiMinh city 

Site 1 Le Van Tam Park (LVT) 

Site 2 Tao Dan Park (TD) 

Site 3 Ky Hoa Travel Area (KH) 

Site 4 Le Thi Rieng Park (LTR) 

Site 5 Hoang Van Thu Park (HVT) 

Table 3. Sites in Hanoi city 

Site 1 National University of Civil 
Engineering (NUCE) 

Site 2 Youth Park (YP) 

 

 
Figure 1. Microtremor observation sites in 

HoChiMinh city 
(http://www.vietnamtravels.vn/Vietnam-travel-informatio
n/Vietnam-map.htm) 

 
Figure 2. Microtremor observation sites in 

Hanoi city 
(Source: Map data ©2013 Google) 

2.2 Observation description 
Microtremor observations were carried out 
by using portable microtremor equipment. 
The model of microtremor device is 
GPL-6A3P that was manufactured by 
Mitsutoyo Company. For each site, 
microtremor measurements were done 3 
times. The time duration for each 
measurement was 3 minutes (for 
measurements in March 2011) and 10 
minutes (for measurements in September 
2011); the directions were 3 channels 
(Up-Down (UD), North-South (NS), and 
East-West (EW)).  

Figures 3 show the example of recorded 
data of point 1 at Site 5: Hoang Van Thu 
Park in HoChiMinh city in September 
2011. 

692 



 
 

Proceedings of The 2nd International Conference on Green Technology and Sustainable Development, 2014 

 
Figure 3. An example of recorded data 
 

3. RESULTS OF DATA PROCESSING 
3.1 Data processing 
In this section, a technique is described to 
process data obtained from the microtremor 
observations. 

Each observation was recorded in 3 minutes 
(18,000 data points) and 10 minutes 
(60,000 data points) in March and 
September 2011 respectively. Each 
observation data was divided into 8 (or 28 
in the case of September) stable parts of 
2,048 points tremor (20.48 seconds) and 
processed to 8 (or 28) data files.Next, these 
8 (or 28) time-domain data will be 
processed by the Fourier transform to 
obtain the 8 (or 28) frequency-domain data. 
Then, they will be done the averaging to 
obtain further smooth data. 

Geometric mean of the amplitude Fourier 
spectrum of two horizontal components was 
obtained for determining the average 

horizontal spectral amplitude SH(f). Finally, 
the microtremor H/V spectral ratio SH/V(f) 
are determined by SH/V(f) = SH(f) / SV(f).  

Here, SV(f) is the amplitude Fourier 
spectrum of vertical component. 

3.2 Obtained results 
The microtremor observations were carried 
out in three timesfor each site and the 
average was obtained. Figures4 show 
spectral ratio of microtremors in 
HoChiMinh city and the predominant 
periods of 5 sites can be estimated and 
listed in Table 4.Thespectral ratios of 2 
sites in Hanoi city are shown in 
Figures5then the predominant periodscan 
be estimated and shown in Table 5.From 
the obtained results, HoChiMinh city has 
the predominant periods could reach the 
values of 1.14 to 2.28 seconds. Besides that, 
in Hanoi city, the predominant periods in 
some locations could reach the values of 
0.82 to 0.93 seconds. 

 

Table 4. Predominant frequencies and periods 

Site Predominant 
Period (s) 

Predominant 
Frequency (Hz) 

1.Le Van Tam 
Park 

1.46 0.68 

2.Tao Dan Park 1.14 0.88 

3.Ky Hoa 
Travel Area 

1.71 0.59 

4.Le Thi Rieng 
Park 

1.71 0.59 

5.Hoang Van 
Thu Park 

2.28 0.44 

 

Table 5. Predominant frequencies and periods 

Site Predominant 
Period (s) 

Predominant 
Frequency (Hz) 

1. NUCE 0.93 1.07 

2. Youth Park 0.82 1.22 
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Figure 4. Spectral ratio in HoChiMinh City 

 

 
Figure 5. Spectral ratio in Hanoi City 

 

4. COMPARISON THE RESULTS OF 
MICROTREMOR DATA WITH 
BOREHOLE DATA 

4.1 Outline 
In this section, the results of predominant 
periods estimated in part3 will be compared 
with the period of the ground that was 
estimated by using a borehole datain 
utilizing the unidimentional wave 
propagation theory for shear waves in 
viscoelastic medium (Bowles, 1979)[5]. 
According to this method, the natural 
period of ground is: 

T = 4  Σ(Hi / βi)      (1) 

Where: 

Hi = thickness ofi-stratum (m) 

βi = Shear wave velocity ofi-stratum (m/s) 

i = number of stratum  

Several borehole data have been collected 
from big constructional projects that 
belonged to 8 buildings in HoChiMinh city 
and 4 buildings in Hanoi city.Figure 6 
show an example of boring log: Borehole 1 
of PhuHoangAnh Apartment Building 
(Project 2). All of borehole data have 
SPT-N value, however, some of them do 
not have enough information such as shear 
wave velocity,shear modulus, etc. Shear 
wave velocity, therefore, can be estimated 
from SPT-N value of each stratum by the 
following formulas [6]: 

β = 80 x N1/3for sand     (2) 

β = 100 x N1/3 for clay       (3) 

Then the period of the ground in those two 
cities will be estimated by using Eq.(1). 

 
Figure 6. An example of boring log 
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4.2 Borehole data in HoChiMinh city 
The borehole data of 8 building sites in 
HoChiMinh city had been collected. The 
SPT-N value, the soil type and the depth of 
each soil layers were available in these data.  
The natural period of the ground could be 
estimated and shown in Tables 6 - 13. 

Figure7 illustrates the project sites where 
the borehole data obtained and the 
microtremor observation sites in 
HoChiMinh city. According to this figure, 
the microtremor observation sites 1 and 2 
are close to the construction sites of project 
4, 6, 7, 8. The predominant periods of 
construction sites of project 4, 6, 7, 8vary 
from 0.99 to 1.43 seconds and thoseof the 
microtremor observation sites 1 and 2 vary 
from 1.14 to 1.46 seconds. Thus the results 
agree with each other. Moreover, the 
assumption that the ground in HoChiMinh 
city has the potential to resonate with 
long-period ground motion is reasonable. 

Table 6. PhuocBinh Apartment Building 
(Project 1) 

Borehole Period (s) Depth (m) 

1 0.88 66.00 

2 0.92 66.00 

3 0.83 66.00 

Table 7. PhuHoangAnh Apartment Building 
(Project 2) 

Borehole Period (s) Depth (m) 

1 0.91 70.00 

2 0.92 70.00 

3 0.97 70.00 

4 0.89 70.00 

5 1.25 70.00 

6 1.16 70.00 

7 0.92 70.00 

8 0.96 70.00 

9 0.76 70.00 

10 0.92 70.00 

11 0.92 70.00 

12 0.89 70.00 

13 0.90 70.00 

Table 8.18th Floor Apartment Building 
(Project 3) 

Borehole Period (s) Depth (m) 

1 1.01 90.00 

2 0.87 70.00 

3 0.93 90.00 

4 0.85 70.00 

 

Table 9. High Building for Rent (Project 4) 

Borehole Period (s) Depth (m) 

1 1.43 80.00 

2 1.15 70.00 

3 1.16 70.00 

4 1.13 80.00 

 

Table 10. Apartment of HoangAnhGiaLai 
(Project 5) 

Borehole Period (s) Depth (m) 

1 0.98 70.00 

2 0.95 70.00 

3 1.01 70.00 

4 0.99 70.00 

5 0.92 70.00 

6 0.92 70.00 

7 0.85 70.00 

8 0.89 70.00 

 

Table 11. PullMan Saigon Centre (Project 6) 

Borehole Period (s) Depth (m) 

3 1.26 80.00 

4 1.35 80.00 

 

Table 12. Extension of Continental Hotel 
(Project 7) 

Borehole Period (s) Depth (m) 

1 0.99 60.00 

2 1.00 60.00 

3 1.03 60.00 
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Table 13. Savico Twin Towers (Project 8) 

Borehole Period (s) Depth (m) 

1 1.02 60.00 

2 1.12 60.00 

3 1.01 60.00 

4 1.00 60.00 

5 1.11 60.00 

 

 
Figure 7. Project sites of borehole(orange 

squares) andmicrotremor sites (green 
circles)in HoChiMinh city 

 

4.3 Borehole data in Hanoicity 
Tables 14-17 list the borehole data of 4 
building sites in Hanoi city. The same 
procedure as borehole data in HoChiMinh 
city was done and the predominant periods 
were evaluated. Figure 8 illustrates the 
project sites where the borehole data 
obtained and the microtremor observation 
sites in Hanoi city. According to this figure, 
the microtremor observation sites 1 and 2 
are close to the construction sites of project 
3 and 4. The predominant period of 
construction sites 3 and 4 vary from 0.81 to 
0.95 seconds and the predominant periods 
of sites 1 and 2 of microtremor observation 
vary from 0.82 to 0.93 seconds. Thus the 
results fit with each other. 

 

 

Table 14. Mandarin Garden Residential 
(Project 1) 

Borehole Period (s) Depth (m) 

4 0.90 69.80 

5 0.91 70.15 

13 0.93 69.50 

14 0.92 70.05 

 

Table 15. Golden Palace (Project 2) 

Borehole Period (s) Depth (m) 

1 0.70 55.00 

2 0.70 55.00 

3 0.71 70.00 

4 0.69 55.00 

5 0.69 55.00 

6 0.75 55.00 

7 0.71 70.00 

8 0.66 55.00 

9 0.70 55.00 
 

Table 16. VinhTuy Complex (Project 3) 

Borehole Period (s) Depth (m) 

2 0.95 55.00 

3 0.88 55.00 

4 0.81 55.00 

5 0.86 55.00 
 

Table 17. Crystal Tower (Project 4) 

Borehole Period (s) Depth (m) 

1 0.84 60.00 

2 0.84 60.00 

3 0.83 60.00 
 

 
Figure 8. Project sites of borehole (orange 

squares) and microtremor sites (green 
circles)in Hanoi city 
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5 CONCLUSION 
In this paper, the predominant periods of 
the ground in Hanoi and HoChiMinh cities 
were estimated by using the microtremor 
observations. The comparison of 
predominant periods of the ground with 
microtremor observation could be made by 
using borehole data. The result showed 
good agreements in both cases of Hanoi and 
HoChiMinh cities. 

More observation of microtremor and 
borehole data in other cities should be 
collected in future researches in order to 
fully examine the effects of long period 
ground motions to high-rise buildings in 
Vietnam. 
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ABSTRACT 
Recently, the appearance of many new and sophisticated attacks makesthe development of oriented flexible 
network security is a major challenge. Anomaly-basedintrusion detection techniques were used against this risk. 
Modeling normal system/network behaviors enables it to be extremely effective technique in detecting both 
known as well as unknown/new attacks. There are anomaly detection techniques have described in many papers 
in recent years. However, several important problems remain to be solved.This paper begins with a review of the 
most well-known anomaly-based intrusion detection techniques of the recent past and present. We also discuss 
open problems in this area and introduce an idea that combines algorithms of machine learning and 
computational power of hardware. This makes anomaly IDS get high performance in accuracy and speed. 
Keywords: Network security, IDS, anomaly-based IDS 

 

1. INTRODUCTION  
Intrusion detection system(IDS) is used to 
discover illegitimate and unnecessary 
behavior at accessing or manipulating 
computer systems.Based on analysis 
strategy criteria, there are two IDS types 
[1].Signature-based and anomaly-based.  

The signature-based IDS oftensdepend 
onmatching patterns that are collected from 
known attacks. Therefore, it can detect 
reliably with a low false positive rate. It 
begins protecting the network and system 
immediately when they are 
installed.However, it could not detect novel 
attacks or variant attacks. 
Besides,attackerscanpenetrate to know 
signatures, then they will use other methods 
to attack. Finally, it is maintaining state 
information of signatures in which an 
intrusive activity spans multiple discrete 
events - that is, the complete attack 
signature spans multiple packets. 

In anomaly-based IDS, through continuous 
observation andmodelingof normal 
behavior, the system finds possible threats 
via deviation from the normal model 
without knowing signatures. Itis capability 
to detect insider attacks by tracing system 

activities. Thus, ithas the ability to 
detectpreviously unknown attacks. Lastly, 
It is very difficult for an attacker to know 
which certainty activity can be executed 
without generate an alarm. However, the 
system must go through a training period in 
which appropriate user profiles are created 
by defining normal traffic profiles, that is a 
difficult task. It will generate false alarms 
when there is an anomalous behavior but 
not an attackbecause it is looking for 
anomalous events rather than attacks. 

The increasing number of security threats 
with new and sophisticated types of attacks 
appearing frequently, anomaly based IDSs 
have been extremely effective in detecting 
that attacks.This approachis currently a 
principal focus of research inthe field of 
intrusion detection.There are anomaly 
detection techniqueshavedescribed in many 
papers in recent years. However, several 
important problems continue to be solved. 

Designing an anomaly-based IDS to get 
high performance in accuracy and speed is 
a challenge. This paper will introduce an 
ideal about combining learning algorithms 
of machinelearning and computational 
power of hardware that is desired to 
improve performance of system. 
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2. OVERVIEW OF ANOMALY-BASE IDS  
There are different anomaly-based IDS 
approaches exist, but in general terms all of 
them consist ofthe following basic modules 
or stages as shown in Figure 1. 
 

 
 

- Feature Construction: Datastream is 
collected from network traffic or host 
activities. In this stage, the observed 
instances of thetarget system are 
represented in a pre-established form that 
has on specific features.  

- Training: Data is trained with different 
anomaly-based IDS techniques. The normal 
or abnormal) behavior of thesystem is 
characterized and a corresponding model is 
built in this stage. 

-Anomaly Detection: When the model for 
the system is accessible, itis compared with 
the observed traffic. If thedeviation found 
exceeds (or is below, in the case of 
abnormality models) or a classification 
executed, a given threshold alarm will be 
generated. 

An IDS is measured regarding to detection 
rate and false alarm rate. In anomaly-based 
IDS, false alarm often is false positive - no 
attack but IDS detects attack, it should be 
low.Evaluation of IDSs is also performed 
using ROC (Receiver Operating 
Characteristics) analysis[2]. 

3. ANOMALY IDS TECHNIQUES 
According to the type of processing related 
to the behavior model of the target system, 
anomalydetection techniques can be 
classified into three main categories[1]: 

statistical-based, knowledge-based, and 
machine learning-based. 

3.1 Statistical based 
In anomaly-based IDS, the network traffic 
activity is captured and a profile is 
generated to represent its behavior based on 
statistical normal behavior model. The 
profile is based on metrics such as the 
traffic rate, the number of packets for each 
protocol, the rate of connections, the 
number of different IP addresses, etc. Then 
an unseen instance is defined whether 
belongs to this model or not. 

Using statistical techniques in anomaly 
detection have many advantages: do 
notrequireprior knowledge about normal 
activity; provide accurate 
notificationofmalicious activities that 
typicallyoccur over extendedperiods of time 
and are good indicators 
ofcomingattacks.However, it alsohas 
drawbacks: it is susceptible to be trained by 
anattacker in such a way that the network 
traffic createdduring the attack is 
considered as normal; it is difficult to 
definethresholds for balancing the false 
positives with false negatives; statistical 
method need accurate statistical 
distributions, but, notall behaviors can be 
modeled usingpurely statistical methods. 

The earliest statistical approaches, Denning 
[3] used Histogram Basedto maintain a 
profile of the normal data and built 
univariatemodelsfor both network-basedand 
host-based IDS, thusdefining an acceptable 
range of values for every variable. Using 
univariate modelsmake statistical profile is 
built for only one measure of the activities 
in a system.However, intrusions 
oftenaffectmultiple measures of activities 
collectively.If data on a measure are not 
normally distributed, the techniques would 
be a high false alarm rate. So,multivariate 
models that consider the correlations 
betweentwo or more metrics were proposed 
by Ye et al. [4].Yepresented a technique 
that used the Hotellings T2testto analyze the 
system log of events inan information 
system and detect intrusions in hosts. The 

Figure 1. Anomaly-based IDS architecture 
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advantage of using the Hotellings T2test is 
that it aids in the detection of bothcounter 
relationship anomalies as well as mean-shift 
anomalies. In SPADE[5], theauthors used a 
simplefrequency based approach, to 
calculate the anomaly score of a packet, 
instead of using the traditional approach of 
looking at x attempts overy 
seconds.However, SPADE gets high false 
alarm ratedue to thefact that SPADE 
classifies all unseen packets as attacks 
regardless of whether they are actually 
intrusionsor not. Bahrololum et al. 
[6]proposed Hierarchical Gaussian Mixture 
Model (HGMM) a novel type of Gaussian 
Mixture which detects network based 
attacks as anomalies using statistical 
preprocessing classification with a set of 
Gaussian probability distribution functions. 
The experimental results shows 
highdetection rateas shown in Table 1. 
However, HGMM is trained and tested 
using KDD Cup's 99 dataset[7], so it does 
not use statistical analyses for real-time 
intrusiondetection. 
Table 1. Detection rate (DR) and false alarm 

rate (FAR) of HGMM 

 Normal Probe DOS U2R R2L 

DR 88.14 99.33 99.78 96.01 82.66 

FAR 4.7 10.78 0.03 2.09 37.91 

3.2 Knowledge-based 
Expert system approach is one of the 
mostwidely used in knowledge-based 
technique. They are intended to classify the 
nature of analyzed traffic according to a set 
of rules. Anomaly-based IDS incorporating 
this technique requires a training phase able 
to identify the most representative 
parameter sets legitimate and malicious 
traffic that is intended train. Then, a set of 
classification rules, parameters are gathered, 
and the traffics are classified accordingly. 
In this technique, modelof anomaly 
detection system ismanually constructed by 
a human expert, in terms of a set ofrules 
that seek to determine 
legitimatesystembehavior. If the rules are 
complete enough,themodel will be able to 

detect illegitimate behavioral patterns with 
false positives rate is reduced. Rules are 
developed by some methods, example finite 
state machine (FSM) method. M.Esteet al. 
[8]used FSM to estimate models for 
different services over TCP (SSH, FTP, 
HTTP). Sekar et al.[9]proposed model with 
excellent detection performance. It consists 
ofdevelopingprotocolspecifications by 
using Extended Finite State 
Automata(EFSA) -a finite-state 
automatonextended to support two added 
functions: transitions onevents that may 
have arguments; and state variables inwhich 
values can be stored.T.Tran et al. [10]  
proposed a multiframe expert classification  
for detectingdifferenttypes of anomalies  
network through detection techniques are 
selected in which different attributes and 
learning algorithms. 

The most significant advantages of current 
approaches are strength and flexibility. The 
main drawback is that the development of 
high-qualityknowledge is often difficult and 
time-consumingfor high-quality knowledge. 
In addition, sure designs may require too 
much prior knowledge of thethreats it may 
be very close to signature-based IDS. 

3.3 Machine learning - based 
Machine learning techniqueenables to 
analysis patterns based on explicit or 
implicit model, then classify that patterns. 
Use of these techniques allows the IDS to 
learn of behaviors known to implement 
classifications on unknown behaviors, 
specifying knowledge obtained.ML 
techniques can be categorized into:Bayesian 
networks, Genetic Algorithms, Fuzzy Logic, 
Neural Networks, and Support Vector 
Machine – SVM. 

3.3.1 Bayesian network  
A Bayesian network is a model that encodes 
probabilistic relationships among the 
variables of interest. Thistechnique is  
generally used in anomaly-based IDS, 
andgets several advantages[11], including  
the capability of encoding interdependencies 
between variables and ofguessing events, as 
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well as the ability to combine both prior 
knowledge and data. Tymal [12]presented 
system, extends functionality of Snortby 
incorporating Bayesian networks as 
additional processing stages to detect 
anomaly in the network. Ability to alter its 
behavior based on historical data is also an 
important feature of the described system. 
However,a serious drawback of using 
Bayesian networks [13]is that their resultsare 
similar to those derived from 
threshold-based systems,while considerably 
higher computational effort is required. 

Later, Dewan et al. [14]proposed algorithm 
Improved self-adaptive Bayesian algorithm 
(ISABA)is to generate a minimal rule set 
for network intrusion detection. Authors 
developed of the performance of naïve 
Bayesian classifier, which adjusts the 
weights of training examples until either all 
the test examples are correctly classified 
(Table 2). The trained classifier is tested 
using KDD dataset and result is so good. 
Table 2. Detection rate (DR) and false alarm 

rate (FAR) of ISABA 

 Normal Probe DOS U2R R2L 

DR 99.82 99.72 99.49 99.47 99.35 

FAR 0.05 0.36 0.03 0.10 6.91 

3.3.2 Genetic Algorithms 
Genetic Algorithms (GA)are capable 
ofderiving classification rules and selecting 
optimal parameters for detection 
process.The main advantage of GA is the 
use of a flexible and robust global search 
methodthat converges to a solution from 
multiple directions, whileno prior 
knowledge about the system behavior is 
assumed.Its main weakness is the high 
resource consumptioninvolved.Wei et al. 
[15] gave approach based on Genetic 
Programming (GP) for detecting novel 
attacks on networks is presented and 
genetic operatorsare used to evolve new 
rules.The DR is close to 100% when the 
FPR isin the range between 1.4% and 1.8%. 
There are many techniques combined with 
GA, for example Fuzzy[16]. Jongsuebsuk et 

al. [17]applied the fuzzy genetic algorithm 
approach to their real-time anomaly-based 
IDS. In their experiments, various 
DoSattacks and Probe attacks are 
considered, obtained the average detection 
rate approximately over 97%. 

3.3.3 Fuzzy Logic 
In many anomaly-based IDS, Fuzzy 
techniques are used to consider features as 
fuzzy variables. Dickerson et al.[18], 
developed the Fuzzy IntrusionRecognition 
Engine (FIRE) using fuzzy sets and fuzzy 
rules. FIRE creates and applies fuzzy logic 
rules to the audit data to classify itas normal 
oranomalous.The approach cope with 
attacks: port scans and probes. One major 
drawback of this approach is that the 
intensive rule generation process.Ondrej et 
al. [19]presented a novel fuzzy logic based 
anomalydetection algorithm for embedded 
network security cyber sensors. The 
algorithm extracts fuzzy rules using an 
adapted version of the online nearest 
neighbor clustering algorithm directly to the 
stream of packets. The experimental 
analysis based on their dataset, result is: 
99.36% correct classification rate, 0.0% 
false positive rate, 0.9% false negative 
rates. 

Although fuzzy logic has proved to be 
effective, especially against port scans and 
probes, its main disadvantage is the high 
resource consumption and large time 
consumed during the training. 

3.3.4 Neural Networks 
A neural network (NN) is the ability to 
generalize from incomplete data, for that 
reason, it provides the potential to 
recognize unseen patterns, i.e., not exactly 
matched patterns that are different from the 
predefined  structures of the previous 
input pattern.NNs have been approved in 
the field ofanomaly intrusion detection, 
mainly because of their flexibility to 
environmental changes. IDS designers 
realizeNN for classification and prediction. 
They are implemented using self-organizing 
maps (SOM) [20] to construct the 
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mathematical model describing normal 
network traffic and anomaly detection.M. 
Bahrololum et al. [21]used both 
theunsupervised NN based on SOM to 
classify attack into smaller categories 
considering their similar features, and 
supervised NN based onBack propagation 
for clustering.  Experimental resultsin 
standard dataset KDD99 prove that this 
method is able to achieve accuracy better 
than SOM.Damiano et al. [22]present 
POSEIDON, a new anomaly-based IDS, is 
payload-based,and has a two-tier 
architecture: the first stage consists ofa 
SOM while the second one is a 
modifiedPAYL system. Their benchmarks 
on the 1999 DARPA dataset show a higher 
detection rate and lower number of 
falsepositives than PAYL and PHAD. 
There are some advantages of using NN in 
IDS[23]. It provides more accurate 
statistical distribution than statistical 
models; itgenerally make less assumptions 
and normally modify them through learning 
process. It has low cost for development;It 
is highly scalable compared to other 
techniques; Good in reducing both false 
positive error and false negative error rate. 

3.3.5 Support Vector Machine 
Support vector machines (SVM) is 
proposed by Vapnik (1998). A SVM 
classifier is designed for binary 
classification. SVM is used in many 
anomaly IDS.Srinivas et al. [24]used five 
SVMs for the 5 classification in intrusion 
detection. Authorsdivide the data into the 
two classes of “Normal” and “Rest” (Probe, 
DoS, U2R, R2L) patterns. SVMs 
outperform ANNs in the important respects 
of scalability; training time and running 
time; and estimate accuracy.Chen[25]used 
RST (Rough Set Theory) and SVM to 
detect intrusions: RST is used to preprocess 
the data and reduce the dimensions, SVM 
model receive features to learn and test 
respectively. The method is effective to 
decrease the space density of data.SVM is 
one of the best ML techniques, so it is 
applied in many fields. 

4. DISCUSSION AND CONCLUSION 
In anomaly-based IDS implementation, 
good training is vital in system 
effectiveness. Training may be defined as 
large enough that builds up a complete 
model of the application environment. Over 
past years, the most well-known 
anomaly-based intrusion detection 
techniques are classified in 3 types as were 
started above.Recently, ML based 
techniques have been shown to be accurate 
and strong for classifying in many 
anomalyIDSs[11-25]. Among that, SVM 
and NN are the most widely used baseline 
technique. In addition, they have also been 
considered recently for model comparisons 
due to their precision and stability 
detection.Despite the encouraging nature of 
anomaly-based IDS, as well as its relatively 
long existence, there still exist several open 
issues regarding. 

The first, nowadays, there are new 
networking prototypes like wireless and 
mobile networks, so anomaly IDS have not 
adapted adequately to them and not meet the 
requirements posed by high-speed networks. 
Issues like constantly changing traffic 
profiles, and the large amount of network 
traffic make it difficult to build a normal 
traffic profile of a network for the purpose of 
intrusion detection. Therefore, the design 
approach of IDSs needs to closely follow the 
changes in networksystems. 

The second, there are authors used KDD99 
[7] to tested their intrusion detection 
algorithms. However, this dataset is offline 
and become outdated, as the captured traffic 
was out of date compared with that of 
current networks.Besides that, some authors 
used a testing methodology in real network 
environments as in [12], [19].An advantage 
of assessment in real network environments 
is the traffic is sufficiently realistic; 
however, this approach focuson the risk of 
possible attacks, the possible interruption of 
the system operation caused by simulated 
attack, and the difficulty in generation of 
synthetic traffic as well as background all 
traffic representing for legitimate users. 
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The third, for a general application the 
system must be designed without the need 
of a payload evaluation as far as possible. 
Even more, the increasing use of encryption 
denies the use of payload data for detecting 
intrusion. Therefore, anomaly-based IDS 
cannot rely on only the availability of the 
packet payload.A fast and accurate method 
which has been introducedrecently is ML 
classification of flows based onstatistical 
traffic features. This method can deal with 
encrypted packet and process with huge 
number of data. 

On other hand, almost the above proposed 
methods focus on building behavior model 
for accuracy classification, and they were 
implemented based on software. Some 
limitations in almost the software-based 
methods are not able to keep up the 
high-link speed for online traffic 
classification and high 
computation.Therefore, in order to make 
classifiers suitable for online traffic 
classification, the advantage of hardware 
implementation is used to improve the 
performance of the classifiers. In anomaly 
IDS, the process of detecting threats and 
attacks consumes more computational 
power to analyze the data. There is a huge 
number of network parameters to monitor 
in real-time at many different sensor 
locations to get a detailed overview.So, the 
combination of statistical network data, 
learning algorithms of the best machine 
learning techniques and computational 
power of hardware causes the system to 
adapt independently to different 

environments and enables it detects attacks 
quickly and exactly. Many hardware 
supports parallelism for anomaly IDS, such 
as FPGA, Multicore CPU, GPU. 

A GPU architecture for anomaly IDS 
is proposed in Figure 2: Data stream is 
collected from network traffic or host 
activities. The observed instances of the 
target system are represented in a 
preprocessing form (feature construction) 
and be executed on CPU. Input data in 
vector form is loaded to GPU and is trained 
with the best machine learning technique: 
SVM or neural network. The normal (or 
abnormal) behavior of the system is 
characterized and a corresponding model is 
built in this stage. When the model for the 
system is accessible, it is compared with the 
observed traffic in detection phase. These 
process are executed on GPU with parallel 
processing. Finally, result is copied back 
and summarized on CPU memory. 

 
Figure 2. Our achitecture of anomaly IDS on 

GPU 
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