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2.4.2 Injection of a Specific Harmonic Current 

Bird, et al. [27) were among the first to attempt to reduce harmonic distortion, as 

opposed to the use of conventional passive filters. They proposed that the harmonic 

currents produced by pulse converters could be eliminated or partially eliminated by 

injecting a third harmonic current to the rectangular waveform produced by the 

converter. Bird's experimental results proved that the method is effective in eliminating 

one harmonic of choice. However, Bird's work was costly and inefficient and its major 

drawback was that it was impossible to fully eliminate more than one harmonics. Later 

on, Bird's work was generalized and improved [28,29) to eliminate multiple harmonics. 

Both of the above methods are predetermined methods, namely, they inject fixed 

harmonic frequency currents. They have the same disadvantage as passive filters in that 

the harmonics must be known in advance. 

2.4.3 Active Harmonic Filtering Using PWM Converters 

In 1976 Gyugyi and Strycula presented the concept to compensate for harmonics by the 

applications of semiconductor switches in the form of PWM inverters. [30). They 

presented a switching system, which consisted of a simple bridge circuit of transistors 

switched in pairs to produce a two-level current waveform using the PWM technique. 

Two topologies based on CSC and VSC were proposed which were controlled to 

counteract the flow of harmonic currents from the nonlinear load to the utility system. 
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The correction of the distorted signal occurs in the time domain which is based on the 

principle of holding the instantaneous voltage or current within some tolerance of a sine 

wave. The timing of the switching needed was determined by a control unit which 

monitored the instantaneous load voltage. The work done by Gyugyi and Strycula was 

one of pioneering attempts to compensate for harmonic components using the PWM 

inverters. 

However, most of the proposals in active power conditioning presented during the 

l 970s were in a laboratory stage because the circuit technology was too poor to 

practically implement the compensation. 

In the 1980s, the remarkable progress in power electronic technology (specifically, 

fast switching devices) encouraged the interest in the study of active power line 

conditioners for reactive power and harmonic compensations. Akagi and others 

introduced p-q theory and developed a PWivI-voltage type converter topology for 

instantaneous reactive power compensation [31]. In this work, the authors decomposed 

the instantaneous voltages and currents into orthogonal components yielding, in the 

time domain, a component termed the instantaneous reactive power. The active filter is 

controlled to eliminate this instantaneous reactive power thus resulting in reactive 

power compensation in the time domain. The notion of "the instantaneous reactive 

power" is only applicable to 3-phase systems. Hayashi and others reported current­

source active filters for harmonic compensation [32]. In this application, the current 



Chapter 2: Background and Literature Review 30 

compensation control was done in the frequency domain in terms of closed loop control. 

A research group in Korea presented an active power filter that reduced the magnitude 

of harmonics by means of the injection of PWM currents made up of sine and cosine 

terms of a compensating current [33}. Enjeti [38] provides an evaluation of several 

PWM techniques to eliminate harmonics for single phase and three phase inverters. 

Guidelines to choose the appropriate topology for each application are also presented. 

The main problem with the schemes, which utilized the PWM switching technique, 

is the high switching losses involved due to the fast switching rates. 

2.4.4 Hybrid Filters 

In order to reduce the ratings of active power filters, designs that combine active filters 

and passive filters have been implemented by many researchers [36,43-47]. Peng et.al. 

[43] proposed the use of a small capacity series active filter to operate in parallel with a 

traditional bank of passive filters. This technique is different from the previous method 

in that it does not use the active filter for harmonic current compensation, but rather to 

improve the filtering characteristics of the passive filters. 

The objective of this series filter is to exhibit zero impedance at the fundamental 

frequency and a high impedance at the harmonic frequencies created due to a parallel 

resonant situation between the passive filters and the source impedance. The 
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determination of the hannonic currents to be injected by the active filter is based on p-q 

theory developed by Akagi[31]. 

The main drawback of this topology, in addition to the switching losses associated 

with the PWM control method, is the series transformer that would require a high basic 

insulation level to withstand the large switching transients and lightning surges. Another 

significant point is that the current carried by the active filter will also include the 

fundamental component of the load current and the fundamental leading power factor 

current of the shunt passive filter. 

In order to avoid the problems associated with the active filter in parallel with 

passive filters topology, another combined system of active filters and passive filters or 

LC circuits was proposed by Fujita and Akagi[44] and Tokuda et.al. [45]. Again, the 

aim is to reduce the required size of the active filter. In these schemes, the active filters 

are connected in series with either a shunt passive filter or an LC tuned filter. The 

difference between these topologies and the one presented in reference [ 43] is that the 

single-phase PWM inverters are replaced by one three-phase inverter and the DC-side 

voltage source is regulated by a feedback loop. In another work, VanZyle et al [46-47] 

proposed a relocatable converter to be used in series with a passive filter that is 

permanently installed on the line and is called the Power Quality Manager (PQM). The 

passive filter consists of tuned filters for fifth and seventh order harmonics. The PQM is 
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used to as SVC to improve the voltage regulation and has the capability to work as a 

harmonic isolator. 

The weakness of these schemes is that the active filter always carries the capacitive 

fundamental component of the current through the shunt passive filter or the LC tuned 

filter. 

2.4.5 Unified Power Quality Conditioner (UPQC) 

The unified power quality conditioners (UPQC) are a new family of active power 

filters, which consist of two 3-phase VSC, connected back to back with a common de 

coupling capacitor [48]. One inverter is shunt connected with the power line and the 

other is connected in series through a transformer. The main objective of the series 

active filter in the UPQC is harmonic isolation between a sub-transmission system and a 

distribution system. In addition, the series active filter has the capability of voltage­

flicker/imbalance compensation as well as voltage regulation and harmonic 

compensation at the point of common coupling (PCC). The main purpose of the shunt 

filter is to absorb harmonic currents, compensate for reactive power and negative 

sequence current and regulate the de-link between both active filters. 

Later, Fujita [ 49] provided experimental results obtained from the UPQC laboratory 

model and discussed the control strategy of the UPQC with the focus on the flow of the 

instantaneous active and reactive powers inside the UPQC. 
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Recently, a generalized and improved work has been introduced by Aredes et.al. 

[50], in which a generic control concept based on the instantaneous and imaginary 

power theory for UPFC (UPQC) is presented. They proposed a device, called Universal 

Active Power Line Conditioner (UPLC) that incorporates both a fundamental frequency 

compensation and active harmonic mitigation. 

The UPQC (UPLC) consists of two IGBT dc-ac power inverters and their switching 

strategies are based on a PWM control technique. The main limitation of the proposed 

UPQC (UPLC) besides the high switching losses and control complexity is the inability 

of the proposed device to perform simultaneous jobs. This is because of the limitations 

of the PWM to include all the functions within the same time window, which results in 

over modulation. 

2.4.6 Configuration for High Power Applications (Multi level 

converters) 

For low-power applications, such as industrial applications, the active power filter can 

be realized by one PWM converter [31,32,43,46]. The required voltage-withstand and 

current-carrying capabilities can be achieved by series and parallel connections of 

semiconductor switches. However, in high- power applications, the filtering job cannot 

be performed by one converter alone, due to the power rating and switching frequency 

limitations of semiconductor switches, as well as the problems associated with 
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connecting a large number of switches in series or in parallel to attain the necessary 

ratings. 

To overcome the above-mentioned restrictions, the concept of multi level and multi 

converter topologies has been introduced [51,56-60]. The general structure of the 

multilevel converters is to synthesize a staircase voltage waveform (sinusoidal wave for 

an infinite number of levels) from different levels voltages, typically obtained from 

capacitor voltage sources. 

Menard and Foch [51] propose a multi-level active current filter suitable for HV 

networks. They present a simulation of a case study for a 20 kV power system. In this 

study, the compensation of the current harmonics was up to 19th order. The main 

limitations of the multi-level configuration are the switching frequency and neutral 

voltage fluctuation. 

Cascade multi-converter active power filters based on VSC topology have been 

proposed recently [56-60]. They have neither the switching frequency and neutral 

voltage fluctuation limitations of multi-level configuration [56] nor the problems 

associated with the parallel and series connection of switches of the single-converter 

scheme. The main drawbacks of cascade multi-converter active power filters are low 

reliability and control circuit complexity. 

Another multi-converter active filtering approach is proposed by Huang and Wu 

[60]. This approach is an extension of the fundamental filtering concepts introduced by 
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the author of this thesis [59], but using 3-phase voltage source converters. In this work, 

a test result obtained from the laboratory prototype was provided. 

2.5 Concluding Remarks on Existing Active 

Power Filters 

Based on the literature survey on the subject of active power filters and active filtering 

techniques, one finds: 

• Almost all of the recently proposed active power filters utilize PWM switching 

control strategy. However, the conventional PWM inverter based active power 

filtering schemes suffer from high-switching losses incurred in the PWM 

switching technique. 

• Most of the recent existing active power filters are realized by one unit of single­

phase or three-phase bridge converter of voltage- or current-source topology 

[20,21]. However, there are some other attempts, which are based on multi­

converter and multi level topologies. The advantage of single-phase topology 

lies in its capability of capturing the unbalanced load conditions. The CSC 

based active power filtering receives more attention in power quality control 

applications due to the recent developments in semiconductor industry. 
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Therefore, it is expected to outperform VSC topology specifically in single­

phase applications. 

• Most of the existing active filter systems are suffering from low reliability. They 

mainly consist of a single unit with a high power rating to take care of all the 

harmonic components in the distorted signal. Any failure in any of the active 

filter devices will make the entire equipment ineffective. 

• The correction of the distorted waveform can be performed in the time domain 

or in the frequency domain. Correction in the time domain has the advantages of 

fast control response but it does not have dynamic information on the harmonic 

spectrum. Therefore, active power filters utilizing time domain control will be 

switched at high switching rate to cover the whole bandwidth of the harmonic to 

be filtered. Various time domain control techniques are proposed in the 

literature, but instantaneous reactive power based on p-q theory is the most 

common control method utilized in active power filters. However, it is only 

applicable to 3-phase systems and its performance is degraded if the source 

voltage is distorted. On the other hand, correction in the frequency domain, 

which is mainly implemented by the FFf, has the advantage of flexible control 

of individual harmonics (cancel selected harmonics) due to the availability of 

the information on the harmonic components. However, its main disadvantage is 

its high computational requirement. 
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Chapter 3 

Harmonic Estimation 

Techniques 

3.1 Overview 

One important issue that assesses and evaluates the quality of the delivered power is the 

estimation or extraction of harmonic components from distorted current or voltage 

waveforms. In order to provide high-quality electricity, it is essential to accurately 

estimate or extract time varying harmonic components, both the magnitude and the 

phase angle, to mitigate them using active power filters. 

There are several harmonic estimation techniques reported in the literature [62-78] 

among which the discrete Fourier transform (DFf), the Kalman filter (KF) and 

37 
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Artificial Neural Networks (ANN) are the most popular. Fig. 3.1 displays some of these 

estimation technique references. 

A comprehensive simulation analysis will be conducted in this chapter to select the 

most suitable estimation technique for the proposed active power filter. The final 

conclusion will be based on a performance analysis under different operating condition. 

Harmonic 
Estimation Methods 

l I 1 
Fourier Transform Kalman Filter Neural Network 

Cooly et al [62] Dash et al [67] Hartana et al [73] 

Harris [63) Girgis et al [68] Mori et al [74] 

Brigham [64] Haili Ma et al [69] 

Moreno Saiz et al [70] 

Fig. 3 .1: Some of harmonic estimation methods 

3.2 Discrete Fourier Transform (DFT) 

Pecharanin et al [75] 

Osowski (76) 

Dash et al [77] 

The DFf-based algorithm (fast Fourier transform (FFf)) for harmonic measurement 

and analysis is a well-known technique and is widely used due to its low computational 

requirement. In this approach [62-64], the coefficients of individual harmonics are 
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computed by implementing fast Fourier transform on digitized samples of a measured 

waveform in a time window. The description of the algorithm is well documented in 

many references [ 62-64] and the equations used for calculating the amplitude and phase 

angle of the harmonic using DFr are briefly described in Appendix (A). 

There are several performance limitations inherent in the FFf application. These 

limitations are [64]: 

l) the waveform is assumed to be of a constant magnitude during the window size 

considered (stationary), 

2) the sampling frequency must be greater than twice the highest frequency of the 

signal to be analyzed, and 

3) the window length of data must be an exact integer multiple of power-frequency 

cycles. 

It has been reported in [68] that failing to satisfy these conditions will result in 

leakage and picket fence effects and hence inaccurate waveform frequency analysis. 

Moreover, the DFf-based algorithm can cause computational error and may lead to 

inaccurate results if the signal is contaminated by noise and/or the de component is of a 

decaying nature [77]. 

As far as the active filters are concerned, and because the transformation process 

takes time, the harmonic compensation will be delayed by two cycles if the FFT is used 
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as an estimation tool (75]. This will influence the performance of active filtering in case 

that the load current is in fluctuated state. 

3.3 Harmonic Estimation Using Kalman Filter 

In the Kalman filter approach [67-70], a state variable mathematical model of the signal, 

including all possible harmonic components, is used. Dash and Sharaf [67] were among 

the first who utilized the Kalman filter technique to estimate the stationary harmonic 

components of known frequency from unknown measurement noise. Girgis et.al [68] 

generalized the work in reference [67] to predict time-varying harmonics too. However, 

it was pointed out in reference (68] that the Kalman filter scheme requires more 

computational process to update the state vector when estimating the time varying 

harmonics compared to the stationary. 

Later, Haili Ma and Girgis [69] utilized the Kalman filter approach to identify and 

track the harmonic sources in power systems. A hardware implementation of the 

Kalman filter to track power system harmonics based on the work done by Girgis (68] 

was presented by Moreno Saize et. al [10]. 

In the following sub-sections a state space model of a time varying signal and a brief 

description of the Kalman filter algorithm will be explained. 
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3.3.1 State-Space Model of a Time Varying Signal 

Consider the following time-varying sinusoidal signal 

y(t) = Z(t)sin(rot +cp(t)) 

or, 

y(t) = A(t) cos(cot) + B(t)sin(rot) 

where, 

and 

41 

(3.1) 

(3.2) 

Assume that we are interested in estimating the variables x 1 = A(t) and x2 = B(t) which 

represent the in-phase and quadrature-phase components of the signal given in equation 

(3.2). These variables represented by the vector X are often denoted by the term state 

variables and are governed by the state equations 

(3.3) 

where, w1 and w2 allow the state variables for random walk (time variation) and the 

subscripts on the vectors represent the time step. The measurement equation would 

include the signal and noise and can be represented as: 

(3.4) 

where Vk represents random measurement noise and t k = f!h sampling time 
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The state space mathematical model can be expanded to a time-varying signal that 

includes N-harmonics. Consider the distorted signal f(t) with the Fourier series 

expansion: 

N 

f(t) = L Z 1 (t)sin(lmt +</Jc(t)) (3.5) 
l=l 

where, Z 1 (t) and ¢1 (t) are the amplitude and the phase angle of the l th harmonic, 

respectively and N is the total number of harmonics. 

The discrete-time representation off (t) will be: 

N N 

f (tk) = L, A1 (tk) sinlro(tk) + L B1 (tk )coslro(tk) (3.6) 
l=l ~l 

where, A, (t k) = Z1 (t k) cos </Jc (t le) , B, (t 1c) = Zi (t le) sin </)1 (t 1c) . 

Each frequency component requires two state variables. These state variables are 

defined by equation (3.7) and represent the components in phase and quadrature of each 

harmonic. 

(3.7) 

The state variable equation (3.7) can be expressed as 

(3.8) 
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where, Xk+1 is the(2nxl) state vector at time tk+1' Xk is the(2nxl) state vector at time 

tk~ The(2n x2n) transition matrix <l>k in the equation (3.8) relates the state at time 

step t k to the state at step t k+r . The random variable Wk is a (2n x 1) vector assumed to 

be uncorrelated and of known covariance and represents the discrete variation of the 

state variables due to an input white noise sequence. 

In expanded form, equation (3.8), can be expressed as 

Xi 1 0 . . 0 X1 

Xi 0 1 . 0 X2 

= . . +Wk (3.9) 

X2n-l X2n-l 

X2n k+l 
0 1 X2n k 

The Measurements of this process are made at discrete instants of time according to the 

linear relation given by the equation: 

cos(o:>tk) 
T 

Xi 

sin(rot.e:) X2 

Z.e: =HkXk +Vk = +Vk (3.10) 

cos(ncotk) X2n-l 

sin(ncotk) X2n k 

where, zk is the measurement at time tk. The (lx2n) vector Hk in the measurement 

equation (3.10) relates the state vector X.e: to the measurement Z.e: at timet". The Vk is 

the measurement noise assumed to be a white sequence and not correlated with the 

sequence Wk • 
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3.3.2 Kalman Filter Algorithm 

The Kalman filter is a recursive data processing algorithm that combines all available 

measurement data, plus priori knowledge about the system and measuring device, to 

produce an estimate of the desired variables in such a manner that the error is 

minimized statistically. 

In the implementation of a Kalman filter, a mathematical model of signals in state 

space form is used. Consider the state space model given by equation (3.8) and (3.10). 

Both of the equations are repeated here for convenience 

State variable equation: 

xk+l = <r,kxk + wk 

Measurement equation: 

(3.11) 

(3.12) 

The variance of the measurement noise Vk is equal to R" and the covariance matrix for 

the W" vector is mathematically given by: 

Erw w!]= {Q", i = k 
L k i 0, i * k 

(3.13) 

where Elwk wt J is the expected value of (wk wr ). 
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The design objective of Kalman filter is to determine the optimal estimate Xk based 

on the {zi }c O ~ i ~ k) such that pk = Elek er j is minimum. The estimation error ek IS 

defined by the equation 

ek = xk -Xk (3.14) 

where, {zi }is a sequence of samples of Zt and Pk is the covariance matrix of the 

estimation error. 

The Kalman filter estimation process is perfonned in two stages: time update stage 

and measurement update stage. In the first stage, the Kalman filter projects forward in 

time the current state and error covariance estimates to obtain the a priori estimates for 

the next time step. The measurement update stage is responsible for incorporating a new 

measurement into a priori estimate to obtain an improved a posteriori estimate. 

Starting from initial estimate of the system X~ and associated covariance matrix P0-, 

we can use the measurements zk to improve this fust estimate. Therefore, using the 

state space model given by equations (3.11) and (3.12) the measurement update stage 

can be mathematically represented by: 

Kk = P;nr (Rk + HkP;ar t1 

xk =X; +Kk(zk -Hkx;) 

pk = (I - KkHk )P; 

(3.15) 

(3.16) 

(3.17) 
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where X k is the estimate updated at t 1c , K 1c is a Kalman filter gain at the instant t k , 

P; = ElcX1c -X;)CX1c -X;)r J is an a priori error covariance matrix, 

pk = Elcxk - xk )(Xk - xk )7 j is an a posteriori error covariance matrix, and I is a 

(2nx2n) identity matrix. 

Making use of the state transition matrix, we can project the filter ahead and use the 

measurement at instant t k+t • Therefore, the estimate for the instant t k+t and the error 

covariance matrix associated with this estimate will be: 

x;+l = <I> k xk 

p;:_l = <I> kpk <I>I + Qk 

(3.18) 

(3.19) 

3.4 Harmonic Estimation using Artificial Neural 

Networks 

There are many available algorithms for estimation of power system harmonic 

components based on learning principles. Some of ANN algorithms are based on the 

backpropagation learning rule [73-75] while others utilized the LMS (Widrow-Hoff) 

learning rule [76-78]. Hartana and Richards[73] were among the first who used 

backpropagation ANN to track harmonics in large power systems, where it is difficult to 

locate the magnitude of the unknown harmonic sources. In their method, an initial 

estimation of the harmonic source in a power system was made using neural networks. 
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They used a multiple two-layer feedfoiward neural network to estimate each harmonic 

amplitude and phase. The scheme was trained to identify the hannonic sources in a 14-

bus system. Mori et. al.[74] have provided a basic ANN model to estimate the voltage 

harmonics from real measured data. In their paper, a comparison between the 

conventional estimation methods for predicting the 5th harmonic is given. Pecharanin 

et.al [75] presented an ANN topology, based on the backpropagation learning rule, for 

harmonic estimation to be used in active power filters. They taught the neural network 

to map the amplitude of the 3rd as well as the 5th harmonic from a half cycle of a 

distorted current waveform. This method has a limited applicability in active filtering 

since it does not consider the detection of the harmonic phase angles in which it may 

increase the distortion and make the case worse if the injected signal is of the wrong 

phase. 

The main drawback of the backpropagation ANN is the requirement of the huge data 

set required for training. Also, the backpropagation ANN may lead to inaccurate results 

because of the random-like behavior and the large variations in the amplitude and the 

phase of the harmonic components and/or in the presence of random noise [78]. 

Osowski [76] provided an ANN that is based on the least mean square (LMS) 

learning principle to estimate the harmonic components in a power system. He built 

electronic circuitry that minimizes the error between the desired (measured) samples of 
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the line voltage and the output of the neural network in an adaptive way. The Osowski 

method makes the hardware implementation of harmonic estimation using ANN visible. 

Later, Dash et.al [77] utilized the ADALINE, a version of an ANN, as a new 

harmonic estimation technique. The learning rule of the method is based on the LMS 

introduced by Widrow-Hoff. ADALINE is an adaptive technique. Its main advantages 

are speed and noise rejection [77-78]. It proves to be superior to the Kalman Filter 

technique in finding the magnitudes and phases of the harmonics [77J. 

3.4.1 ADAptive Linear NEuron {ADALINE) 

The ADALINE is a two layered feed-forward perceptron, (see Appendix B), having N 

input units and a single output unit. The ADALINE is described as a combinatorial 

circuit that accepts several inputs and produces one output. Its output is a linear 

combination of these inputs. An ADALINE in block diagram form is depicted in Fig. 

3.2. 

The input to the ADALINE is X = (x0 ,xi,x2 ,···,xnf, where xo, is called a bias term or 

bias input, is set to 1. The ADALINE has a weighted vector W = (Wo, wl' w2,····, w,,/, and 

In a digital implementation, this element receives at time k an input signal vector or 

input pattern vector X(k)=[x0.t x1.t Xu: • •• • xn.tf and a desired response yd(k), 
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a special input used to affect learning. The components of the input vector are weighted 

by a set of coefficients, the weight vector W(k)=[Wot wt.t w2t • ·- • wnk(. The 

sum of the weighted inputs, i.e., y(k) = W(kfX(k) is then computed. The weights are 

essentially continuous variable, and can take on negative as well as positive values. 

+1 

Input 
Vector _x ..... z'---__..-< 

X 

Adaptation 
Algorithm 

Fig. 3.2. Adaptive linear neuron ( ADALINE) 

Output 

Error 
Desired 
Output 

yd 

During the training process, input patterns and corresponding desired responses are 

presented to the ADALINE. An adaptation algorithm, usually the Widrow-Hoff LMS 

algorithm, is used to adjust the weights so that the output responses of the input patterns 

become as close as possible to their respective desired responses. This algorithm 

minimizes the sum of squares of the linear errors over the training set. The linear error 

e(k) is defined to be the difference between the desired response yd(k) and the linear 

output y(k) , at time or sample k. 
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3.4.1.1 Widrow-Hoff learning rule 

The Widrow-Hoff learning delta rule calculates the changes to weights of 

ADALThiTE to minimize the mean square error between the desired signal output yd(k) 

and the actual ADALINE output y(k) over all k. The weight adjustment, or adaptation, 

equation can be written as (79] 

W(k+l) = W(k)+a e(k)X(k) 
X 7 (k)X(k) 

(3.20) 

where k = time index of iteration, W(k) = weight vector at time k, X(k) = input vector 

at time k, e(k) =yd (k)- y(k) = error at time k, and a.= reduction factor. 

3.4.2 ADALINE as Harmonic Estimator 

The ADALINE has been used to estimate the time-varying magnitudes and phases of 

the fundamental and harmonics in a distorted waveform (77-78], Fig 3.3. Consider a 

distorted signal /Ct) with the Fourier series expansion: 

N 

f(t) =Adee-Pr+ I,zl sin(lrot+<pl) (3.21) 
l=l 

where, Adce-fl1 is the decaying de component, ~ =decaying coefficient, Z1 and q,1 are the 

amplitude and the phase angle of the l'h hannonic, respectively, and N is the total 

number of harmonics. In the literature (77-78], ro is assumed to be known in advance. 

The discrete-time representation of f(t) will be: 
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N N 

f(t._) = A*(l-PkTs) +LA, ·sin lIDt._ +LB, ·cos lIDt._ (3.22) 
C=I C=I 

where, the term Aac(l-~kT.r), represents the first two terms of the Taylor series 

expansion of the decaying de component, T.r =21t!OlNs, Ns is the sampling 

rate, At = Zr coscpt, Br = Zr sin cp, , and t(k) = l<h sampling time. 

sin <llt(k) 

cos (l)t(k) 

+1 

-kT, 

Weight 
Vector 
W(k) 

Adaptation 
Algorithm 

Fig. 3.3 ADALINE as harmonic components estimator. 

Error 
e(k) 

Output 
y(k) 

Desired 
Output 

yd(k) 

To extract the fundamental and harmonic components from /(k), the ADALINE 

input vector, X(k), is chosen to be: 

X(k)"" [sinwt(k) coswr(k) sin 2wt(k) cos2rur(k) • (3.23) 
········, sin Nwt(k} cos N CL1 t(k) l -kT, f 

and its desired output YJ(k) is set to be equal to the actual signal,/ (k). 

Perfect tracking is attained when the tracking error e(k) is brought to zero ( or below a 

pre-specified value). Then 
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(3.24) 

where W
0 

, the weight vector after final convergence is attained, is: 

(3.25) 

The estimated magnitudes and phases of the harmonics (Z, and <p1 , l =I, .... , N) can be 

readily calculated from the elements of W
0 

, i.e., the Fourier coefficients. Therefore, 

Zl = ✓w;(2[-1) + w;(2[) 

3.5 Evaluation of The Estimation Techniques 

(3.26) 

(3.27) 

In this section, both of the harmonic estimation techniques (ADALINE and Kalman 

filter) are investigated and compared against each other from different points of view 

using computer simulations. FFT is used as a reference for this comparison. The 

diagonal elements of the process covariance matrix Q and the measurement noise 

variance R of the Kalman filter algorithm are chosen to be 0.01 and 0.001, respectively 

[77]. 

3.5.1 Speed and Convergence 

To test the speed and convergence of the estimation techniques (ADALINE and Kalman 

filter), a waveform of known harmonic contents is taken for estimation. The waveform 
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consisting of the fundamental, third, fifth, seventh, eleventh, thirteenth and nineteenth 

harmonics is simulated using MATLAB. The waveform is described as 

f (t} = l .0 sin( oot + 10 ° ) + 0.2 sin(3 cot+ 20 ° ) + 0.08 sin(S cot + 30 ° ) + 0.05 sin(7 rot + 40 ° ) 
+ 0.06 sin(l 1 oot + 50 ° ) + 0.05 sin(l3 IDt + 60 ° ) + 0.03 sin(l 9 cot + 70 ° ) 

The sampling frequency was selected to be 64x60 Hz. 

(3.28) 

Fig.3 .4 shows the estimation of the magnitude and phase of the fundamental, fifth 

and seventh harmonics, respectively. Both of the estimation algorithms estimate the 

harmonic parameters correctly in the time interval corresponding to approximately one 

period (T) of the fundamental frequency. 
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Fig. 3.4: Estimated magnitude and phase angle of the fundamental, fifth and seventh harmonics 
(a) using ADALINE (b) using Kalman filter 
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3.5.2 Harmonic Estimation in the Presence of Noise and 

Decaying de Components 

54 

Further investigations have been made to check the ability of the above-mentioned 

algorithms in tracking the waveform harmonic components in the presence of random 

noise and decaying de component. A random noise of variance 0.02 and an 

exponentially decaying de component represented as (0.lexp(-5t)) were added to the 

measured samples of the waveform given by equation (3.28). 

Fig 3.5(a), Fig. 3.5(b) and Fig. 3.S(c) display the results of estimation of the 

fundamental and the fifth harmonic using ADALINE, 12-state tuned Kalman filter and 

FFf, respectively. 

On comparison of Fig. 3.S(a), Fig. 3.5(b) and Fig. 3.S(c), one can observe that the 

ADALINE has a better performance in terms of convergence speed and noise rejection 

compared with the Kalman filter and FFf in the presence of random noise and decaying 

de component. 

3.5.3 High Sampling Rate 

In order to investigate the performance of the estimation algorithm signals with high 

sampling rate, the sampling points of the signal given by equation (3.28) are increased. 

Fig. 3.6(a), Fig. 3.6(b) and Fig. 3.6(c) present the influence of increasing the sampling 
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rate on the results of the estimation of the magnitudes and phases given in Fig. 3.5(a), 

Fig. 3.5(b) and Fig. 3.5(c). The figures show the performance of ADALINE is improved 

dramatically compared with the Kalman filter and that the error e(k) between the 

measured waveform and the output of ADALINE is reduced by increasing the number 

of samples. 

3.5.4 Simplicity and Practical Applicability 

The algorithm for ADALINE is simple and computationally efficient compared to 

Kalman filter algorithms that require high amounts of computation due to 

transcendental function evaluation and matrices inversion in real time. This makes 

ADALINE more suitable for on-line applications specifically when it is used for 

estimating time-varying signals. 

3.5.5 Frequency Tracking 

One of the common problems with FFr is the spectral leakage effect resulting from 

the deviation in the fundamental frequency. A fundamental frequency offset of 0.4 Hz 

produces an error of 10% in the amplitude of the fifth harmonic [80]. To overcome this 

problem, a variety of numerical algorithms have been developed for frequency 

measurement, such as the zero crossing technique. This technique is simple and reliable 



Chapter 3: Harmonic Estimation Techniques 

1.2,---------~ 

02 

0o'--------Cl.05--0.-1 --0.-,5----'0.2 

nm.cs, 

Q.2 

lnl.N11>1t.do 

Cl.05 a.1 0.15 
'IIIN(SJ 

57 

o.:z 

Q.2 Cl.05 0.1 0.15 o.:z 
llme(S) 

511'1rur.ncM1)1t.Oe 
0.14...-------~------ 0.14.------------, 

0.14 

0.12 0.12 

Q.Q2 O.Q2 a.oz 

Cl.05 0.1 0.15 Cl.2 OO'----Cl.05--,.....--0.-1 --.,_-,5-----'Q.2 o.a5 0.1 0.15 
'llmo(SJ 'IIIN(S) llnw(S} 

(a) (b) (c) 

Fig. 3 .6: The influence of high sampling rate on the estimation of fundamental and 5th 

harmonic amplitude 
(b) using ADALINE 
( c) using Kalman filter 
(d) using FFf 

but its performance has a cost: long measurement times (generally more than 3 cycles of 

the fundamental). Both the Kalman fiiter and FFf may use zero crossing as an external 

algorithm to measure the fundamental frequency. However, the ADALINE algorithm is 

modified by combining the fundamental frequency tracking with ADALINE-based 

harmonic analyzer as proposed in Chapter 5. 
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The fundamental frequency tracking capability is an important feature for successful 

active harmonic filtering. An unregulated de-side of the CSC module is expected if the 

fundamental frequency drifts from its nominal value. 

From the above comparison, one can observe the following: 

1. Both of the estimation algorithms (ADALINE, Kalman filter) have similar 

performance and the convergence achieved within one cycle of fundamental 

frequency when the analyzed signal is not contaminated with noise and decaying 

de component. 

2. The ADALINE produces faster convergence and noise rejection in the presence 

of noise and decaying de components compared with the Kalman filter and FFf. 

3. As the number of samples of a measured waveform corrupted by a de 

component, harmonic and noise is increased, the ADALINE exhibits better 

performance compared with the Kalman filter. As the value of the decaying de 

component increases, the performance of the Kalman filter and FFf got worse. 

Note that the results shown in Fig. 3.5 and Fig. 3.6 happen to be case dependent 

and the performance of the Kalman filter would be improved by the proper 

selection of the filter parameters Q and R. 

4. The Kalman filter technique estimates the harmonic components by utilizing a 

smaller number of samples and in relatively shorter time as compared to FFT 
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[77]. But, its main problem is the high computational demand due to 

transcendental function evaluations. This makes the Kalman filter approach unfit 

for on-line applications, specifically for extracting time-varying harmonics. 

3.6 Summary 

In this chapter, three different harmonic estimation approaches (ADALINE, Kalman 

filter and FFf) were discussed. The harmonic estimation methods presented throughout 

this work can be evaluated as follows: 

• The ADALINE and Kalman filter are recursive techniques, and they are faster 

than the FFf method and they have a noise rejection capability. However, the 

Kalman filter is computationally burdensome because of the evaluation of the 

transcendental functions and the involved matrices inversion. 

• The estimation algorithms exhibit similar performance when the analyzed signal 

is not corrupted with noise and decaying de component. 

• The ADALINE has better overall performance compared with the Kalman filter 

and FFf algorithms especially if the signal is corrupted by noise and a decaying 

de component. However, the performance could be improved by proper tuning 

of the Kalman filter parameters. 
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• The speed and accuracy in estimating the time-varying harmonic components in 

a noisy environment, automatic tuning to the system frequency, and the adaptive 

feature are the main advantages of ADALINE over the other estimation 

algorithms. 

The analytical expectation has been verified in this chapter by extensive simulation 

results using the MATLAB simulation package. 

Since ADALINE outperforms the other harmonic estimation techniques in terms of 

simplicity and practical applicability as well as noise rejection capability, it is well 

suited as an estimation tool for the modular harmonic filtering approach presented in 

this proposal. 
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Chapter 4 

Active Power Filtering 

4.1 Overview 

The objective of this chapter is to study the base configuration of the active source used 

in active filters and how the active sources behave as a linear amplifier using PWM 

switching strategy. Emphasis is given to the losses due to the PWM technique. 

The configuration of the active source is first given in section 4.2 to highlight the 

basic power converter topologies used in active power filters. Section 4.3 details the 

PWM switching technique and how high-power amplifiers are formed using PWM 

technique. The calculation of the conduction and switching losses in the active power 

61 
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filters are explained in details in section 4.4. Finally, the comparison between single­

phase CSC and VSC followed by the summary are given at the end of the chapter. 

4.2 Configuration of the Active Source 

As seen in Chapter 2, active power filtering based on the injection method is basically 

performed by replacing the portion of the sine wave that is missing in the current drawn 

by a nonlinear load. This can be accomplished in two stages. The first stage consists of 

detecting the amplitudes and phases of the AC harmonic currents ( or any system 

quantity associated with them) which are present in the AC line. The second stage is the 

injection of the appropriate harmonic currents (or insertion of appropriate harmonic 

voltages) at the appropriate frequency so as to supply the AC harmonic currents 

required by the nonlinear load. 

The active harmonic source within the filtering network is basically a static 

converter connected to a DC source. The converter must be controlled to provide the 

proper filtering harmonic currents or voltages. This is accomplished by shaping the DC 

input source into an output waveform of appropriate magnitude and frequency through 

modulation of semiconductor switches [20]. 

The harmonic converter can use either a DC voltage source or a DC current source. 

The DC source of a voltage converter consists of a capacitor that resists voltage 

changes, while that of a current converter consists of an inductor that resists current 
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changes. In both cases, the DC source receives its power from the AC power system. 

Converters are referred to as either voltage-fed or current-fed according to the type of 

DC-side source. The basic voltage and current source converter topologies are displayed 

in Fig. 4.1. In the current-source converter, a diode is placed in series with every switch 

to avoid reverse breakdown of the switch when the voltage across the switch during the 

OFF-period is negative. In voltage-source converter, an inverted diode is placed across 

each switch to provide a path for the current when the current cannot pass through the 

switch. 

The power electronic circuits and devices used in both types of converter are quite 

similar. Most of the existing active power filters utilize switching devices such as gate 

tum-off thyristor (GTO), bipolar junction transistor (BJT) and insulated gate bipolar 

transistor (IGBT) for switching speeds up to 50 kHz. However the most attractive 

device is the IGBT. It has the merit of fast switching capability and requires very little 

drive power at the gate. Recently, a new generation of the IGBTs family called Non­

Punch-Through (NPT) IGBT has emerged in the market. The distinct advantage of this 

device over its predecessor in IGBTs family is its ability to block the same voltage in 

both directions. 
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Fig. 4.1: (a) Single-phase and three-phase current-source converter (CSC) 
(b) Single-phase and three-phase voltage-source converter (VSC) 
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4.3 The Sinusoidal-Pulse-Width Modulation 

{SPWM) Switching Strategy 

65 

PWM is a simple switching technique to control power converters. It employs switching 

at a constant frequency (a constant switching time) to control the output voltage or 

current. It generates control-switching signals to control the state (on or oft) of the 

switch(s). This is achieved by comparing a control voltage signal ( v conrrot) with a 

repetition waveform of a frequency higher than the fundamental frequency. The output 

of the comparator controls the switches. The output voltage or current of the converter, 

Fig. 4.2, is in the form of pulse trains having the same frequency · as the generated 

switching signals. The pulse train is modulated so that the local average value of each 

pulse is equal to the instantaneous value of the required signal at the time of its 

occurrence. If the control signal is a sinusoidal waveform, the method is called the 

sinusoidal pulse width modulation (SPWM). 

In order to obtain a sinusoidal current waveform at a desired frequency, a sinusoidal 

control (modulating) signal at the desired frequency is compared with a repetitive 

switching frequency triangular (carrier) waveform, as shown in Fig. 4.3. Whenever the 

value of the modulating signal ( v conrrot) is higher than that of the carrier signal ( v1ri ), the 

power switches pair (S3, S4) is turned OFF and, immediately, the other pair (SL, S2) is 

turned ON. Contrarily, whenever vconrrol is lower than vtri, the pair of switches (S1, S2) 
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Fig. 4.2: The simplified version of CSC bridge 

..----•--__;;.. __ ~ ----- -

Fig. 4.3: Sinusoidal Pulse-Width Modulation 
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is switched on and hence the other pair is switched off. The converter output current 

( f 0 111 ) is a train of variable duration pulses that fluctuates between ± Lie, which will 

reproduce the modulated signal when averaged. 

The ratio of the peak of the amplitude of the modulating signal ( \/control ) to the 

amplitude of the triangular waveform ( ~ri) is defined as the "amplitude modulation 

index" 

v m = control 
a ~ri 

(4.1) 

The amplitude of the desired fundamental component of the output current Ct
0

) d, 

provided that ma ~ 1 and that the frequency of the triangular waveform ( fs ) is much 

larger than the frequency of the modulated signal ( f d ), is given by 

(4.2) 

Therefore, the PWM converter behaves like a linear amplifier, as long as the 

amplitude of the carrier signal is greater than that of the modulating signal and its 

frequency is much greater than the of that modulating signal. 

It should be noted that the frequency of the triangular waveform ( fs ) decides the 

frequency bandwidth of the converter and is generally kept constant along with its 

amplitude. 
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PWM converter can be considered as a linear power amplifier because it has the 

ability to generate compensating harmonic currents or voltages corresponding to a small 

control signal. Fig. 4.4 shows a block diagram of PWM converter operating as a linear 

amplifier. In this diagram, all the properties of the signal c(t) are maintained in the 

fundamental component of the output waveform, except for the magnitude which is 

multiplied by the gain of the amplifier {k). This is always true as long as the switching 

frequency is sufficiently high such that c(t) can be considered constant during one 

switching period [54]. 

The performance of the pulse width modulation (PWM) technique is very promising 

when it is applied to active power filtering. It is capable of obtaining harmonic 

suppression to less than 1 % of the fundamental [25]. Also this method can be 

programmed to eliminate specific harmonics. 

c(t) 

~ 
Small Control 

Signal 

.... 
Linear 

Amplifier 
with gain= k 

PWM + CSC or VSC 

Fig. 4.4: PWM converter as a linear amplifier 
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4.4 Tri-Logic PWM Current Source Converter 

In this section, CSC configuration under the tri-logic PWM switching technique which 

is used in the proposed modular active filter is presented. Fig. 4.5 shows the CSC bridge 

which consists of 6 IGBT switches, a de-side reactor and a 3-phase ac-side capacitive 

filter for filtering the switching harmonics. 

For the CSC to operate properly, one and only one of the upper switches and one and 

only one of the lower switches must operate at any moment of time. The dyna.rnic tri­

logic PWM technique [55] has been developed to satisfy the above requirement and to 

provide independent control on the ac-side currents of the CSC, based on three control 

signals sma, smb, and Smc, with the condition that Sma +Smb +Smc =0. The tri-logic 

PWM control block, shown in Fig.4.5, produces 3-level signals to control the three legs 

of the CSC independently. 

For the case of 3-phase 3-wire ac systems, the sum of the three phase currents is 

equal to zero. Therefore, the sum of the compensating currents to be injected in the lines 

will be equal to zero and as a result, Sma +Smb +Smc =0. It can be shown [55] that 

(4.3) 
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Fig. 4.5: Current Source converter with tri-logic PWM control 

where, k is a proportionality constant. From the above relation, one can observe that the 

CSC under the Tri-Logic PWM operates as three independent linear amplifiers, one 

amplifier for each phase. 

4.5 The Losses in the Switching Devices 

Two distinct types of power losses can be attributed to the switching devices. 

4.5.1 On-state (conduction) losses 

When the semiconductor switch is in the on-state, there is a finite voltage across the 

device. The current through the device ( isw) and the on-state voltage drop across the 

device ( V oN ), contribute to the conduction loss ( Pcond ). 
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(4.4) 

4.5.2 Switching losses 

During the tum-ON and the tum-OFF process of the semiconductor switch, some power 

is dissipated due to the presence of finite current through the switch and finite voltage 

across it at the same time. The duration of the simultaneous presence of the current and 

the voltage, i.e. the length of cross-over period, depends on the nature of the load being 

switched. The worst case happens when a pure inductive load is switched (Fig. 4.6). 

The turn-ON and tum-OFF processes of the switch in Fig. 4.6, can be explained 

using Fig. 4.7. When the switch is OFF, the load current is freewheeling through the 

diode. The voltage drop across the switch can be approximated by 

Also, 

When the switch receives an ON- command, after a short delay, its resistance starts 

to drop providing a path for a part of IL, and isw start rise to / L during the tr, the 

switch current rise-time. But as long as the diode is conducting, the voltage across the 

switch will be equal to Vd. When the load current is completely transferred to the 

switch, the voltage across the diode starts to rise until all Vd is placed across the reverse 
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biased diode. The switch will conduct the load current IL and the voltage across the 

switch will be V0 N . 

During ton , since there is a voltage across the switch and a current through it, some 

power will be lost. Assuming linear variations, the current through the switch inv is 

given by: 

(4.5) 

IL , the load current, is assumed to be constant during one switching period. 

The power loss is shown as a function of time in Fig. 4.6. The energy loss during 

t 0 n will be: 

(4.6) 

When the switch receives an OFF- command, after a short delay, its resistance starts 

to grow, increasing v nv. But as long as v nv has not reached Vd, the diode can not be 

forward biased and all the load current IL passes through the switch. When v sw = Vd , 

the diode become forward biased, and the current is transferred gradually from the 

switch to the diode, during t 1 , the switch current fall time, till all the load current starts 

freewheeling through the diode and isw = 0. 

From the graph of power loss vs. time, the energy loss during t off can be found as: 
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(4.7) 

Therefore, the total energy loss due to switching can be given by: 

[LVd(ton +toff) 
Esw =(Eon+ Eoff)= 2 (4.8) 

If the switch is turned ON and OFF at a rate f rw, E sw will be the energy loss due to 

switching in T sw = -
1
- seconds. The average power lost due to the switching, P sw , is 

fsw 

given by: 

E 1 
psw =_.!!!,_ = Eswf SW =-f LVd(ton +toff )f sw 

Tsw 2 
(4.9) 

As seen, as the t 0 n and t
0
ff (i.e, the switching times of the device) and f sw (the 

switching frequency of the device) are increased, the switching losses are increased as 

well. 

In a converter unit with a number of switches, the total losses ( conduction and 

switching) will be determined by the number of switches and the voltage and current 

levels that they are exposed to. 
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4.6 VSC Topology Versus CSC Topology 

For a long time, VSC topology was preferred to CSC topology due to the higher 

conduction losses in the latter. With the availability of (NPT) IGBT switches, capable 

of bi-directional blocking, the series diodes are no longer required in the CSC topology 

and high conduction losses and low efficiency will no longer be an issue [24]. In 

applications such as active power filtering, the CSC topology proves to be advantageous 

over the VSC topology on two counts: (1) In CSC, the output current is controlled 

directly, resulting in fast dynamic response, while in VSC, the control on the output 

current is indirect, resulting in a rather sluggish response. (2) In CSC, the DC-link 

current to be maintained depends on the output current demand, while in VSC, the DC­

link voltage to be maintained, depends on the line voltage level. As a result, the CSC is 

more likely to perform a specific filtering job with lower DC energy storage 

requirement [24]. Due to the above favorite characteristics, CSC topology is receiving 

more and more attention in power quality control applications. 

4.7 Summary 

In this chapter, the basic principles of active harmonic filtering have been presented. 

The device switching losses as well as the converter topologies used in active filtering 

were discussed. The advantages of using PWM control strategy for power converters 
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and how they work as a linear amplifier were presented. A comparison between the 

single-phase CSCs and VSCs showed the advantages of using CSC in active filters over 

its counterpart. 
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Chapter 5 

The Proposed Modular Active 

Power Filter System 

5.1 Motivation 

As seen in Chapter 2, the need for a better overall system performance than that 

provided by AC passive filters prompted power electronics and power system engineers 

to develop a new dynamic solution to the harmonic problem, namely, the active power 

filter. Almost all of the recently proposed active power filters utilize the PWM 

switching control strategy due to its simplicity and harmonic suppression efficiency. 

However, they suffer from one or more of the following shortcomings: 

• Active power filters that are based on PWM switching strategy are not welcome 

by utility companies because of the high switching losses produced by the PWM 

77 
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approach. The power converter used for this purpose is rated based on the 

magnitude of the distortion current and operated at the switching frequency 

dictated by the desired filter bandwidth. Fast switching at high power, even if 

technically possible, causes high switching losses and low efficiency. 

• A serious shortcoming for proposing active power filters in electric power 

systems is the large converter siz~ (rating). As seen in Chapter 2, the 

combinations of active and passive filters as well as employing multi-converter 

and multi level techniques are among the attempts in order to reduce the rating 

of converter. 

• Most of the active filters connected to distribution systems are mainly a single 

unit with a high rating adequate for handling all harmonic components in the 

distorted waveform. Any failure in any of the active filter devices will make the 

whole equipment ineffective. 

From the above discussion, the need for new equipment that can overcome all or 

some of the above drawbacks is evident. This equipment should have minimum 

switching losses, be highly reliable and flexible and have a low rating power converter. 

The proposed equipment should have fast response, adapt to the load variations and be 

appropriate for on-line applications. 
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5.2 A New Approach to Modular Active Power 

Filters 

79 

In low-voltage distribution system applications, almost all of the existing active power 

filters are realized by one unit of a single-phase or three-phase bridge converter [19-22]. 

The required voltage-withstand and current-carrying capabilities can be achieved by 

series and parallel connections of semiconductor switches. However, in high-power 

applications, the filtering job cannot be performed by one converter alone, due to the 

power rating and switching frequency limitations of semiconductor switches, as well as 

the problems associated with connecting a large number of switches in series or in 

parallel to attain the necessary ratings. 

To overcome the above-mentioned restrictions, different multi-converter (modular) 

topologies have been proposed [56-58]. In these modular approaches, the filtering job is 

split among a number of pulse width modulated (PWM) voltage source converters 

(VSC) or current source converters (CSC) connected in series or in parallel. In the 

modular approach, the filtering load is distributed equally among active filter modules 

of identical power circuit and control circuit design. The power rating and switching 

frequency of each module is equal to the power rating and switching frequency required 

for the filtering task, divided by the number of modules. This makes it possible to use 
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the present gate-tum-off switch technology to realize high-power active filters of 

desirable performance. 

In this thesis, a novel active filtering technique, based on CSC modules, which is 

appropriate for harmonic mitigation in electric distribution systems, is proposed. This 

active filter system is composed of the extraction, computation and mitigation stages. 

First, the information on the line current and the bus voltage are extracted very 

accurately by linear adaptive neurons (ADALINEs) from the power-line signals. Then, 

the required corrective signals are calculated and finally, the information is passed to 

the controller which activates the CSC modules to produce the compensating currents 

and inject them into the power line. Fig. 5.1 shows the block diagram of the operating 

stages of the proposed system. The proposed filter consists of several filter modules, 

each dedicated to eliminate a specific harmonic of choice. Low conduction and 

switching losses, high reliability and flexibility, fast response, self-synchronization and 

accuracy of ADALINE and fast response and high efficiency of CSC are the main 

advantages of the proposed system. The performance of the proposed active power filter 

is found to be excellent in eliminating the line harmonics. 
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Fig. 5 .1: The block diagram of the compensation principle of the proposed active filter 
system. 

5.3 The Principle Of The Proposed Filtering 

Technique 

The basic principle of the proposed filtering method is based on: 

1. the extraction of the fundamental and individual harmonic current components 

of interest using one ADALINE and estimating the fundamental component of 

the line voltage by another ADALINE and, 

2. injecting equal-but-opposite of each harmonic component of each phase into the 

corresponding phase using a CSC module dedicated to that specific harmonic 

(for eliminating the harmonics). 

As seen in Chapter 2, in distribution systems, the magnitudes of the harmonic 

currents decrease and their frequencies increase with harmonic order. Therefore, in this 

proposed filter, the power converters dedicated to lower-order harmonics have higher 

ratings but are switched at lower rates, while those dedicated to higher-order harmonics 
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are of lower ratings but are switched at higher rates. As a result, the overall switching 

losses are considerably reduced due to balanced "power rating"-"switching frequency'' 

product and selected harmonic elimination. The control system utilizes two 

(ADALINEs) to process the signals obtained from the power-line. The ADALINEs' 

outputs are used to construct the modulating signals of the filter modules. For each 

phase, the two ADALINEs continuously track the line current harmonics and line bus 

voltage as well as the system frequency and turn over this information to the controller 

of the CSC modules. The ADALINEs have the ability to predict accurately the 

fundamental and harmonics of the distorted signal in case of frequency drifting. In this 

method, a sophisticated software (the ADALINE-based controller) is developed to 

reduce the operating cost and increase the flexibility of the proposed filter system. The 

current and voltage ADALINEs are realized by calling a common subroutine, the 

ADALINE algorithm which is explained in section 5.8. 

5.4 System Configuration 

The basic blocks of the proposed modular active filter system connected to the electric 

distribution system are shown in Fig. 5 .2. The system consists of a number of single­

phase current-source converter (CSC) modules connected in parallel for each phase. 

Each filter module is dedicated to suppress a specific low-order harmonic of choice. 

The proposed active filter system uses two ADALINEs to process the signals obtained 
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from the power line. The method is based on estimating the discrete Fourier coefficient 

of a distorted current by one module of ADALINE (the current ADALINE) and 

predicting the phase bus voltage by another module (the voltage ADALINE). The 

output of the current ADALINE is used to generate the modulating signals for the CSC 

modules. The power rating of the modules will decrease and their switching frequency 

(bandwidth) will increase as the order of the harmonic to be filtered increases. As a 

result, the overall switching losses are reduced due to selected harmonic elimination and 

balanced power rating-switching frequency product. The information made available by 

the current ADALINE allows for selected harmonic elimination. The output of the 

second ADALINE (the voltage ADALINE) is the fundamental component of the line 

voltage signal. It is used as the synchronizing signal for the regulation of the Ide of the 

CSC modules. 

5.5 Compensation Principle 

The basic function of the proposed active filter is to suppress selected low-order 

harmonics. The method is based on extracting individual harmonic components using 

the current ADALINE and injecting equal, but opposite of the summation of these 

harmonic currents into the power line using the corresponding filter modules. With 

iL =i1 + ~>h (h being the harmonic order), i;nj = L,ih is injected by the active filter 

system so that is = i 1 , 011Jy (where i1 = fundamental current). 
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As shown in Fig. 5 .2, for each phase, the line current signal ( i L ) is obtained through 

a current transformer (CT) and fed to the current ADALINE which adaptively and 

continuously estimates the fundamental and harmonic components of the line current 

signal. The phase voltage signal is obtained by a potential transformer (PT) and 

processed by another ADALINE (voltage ADALINE) to extract the fundamental 

component of the phase voltage waveform. The output of the current ADALINE is used 

to generate the PWM switching signals for the CSC units which inject the 

corresponding distortion in order to suppress the harmonic components in the line 

current (iL). The output of the second ADALJNE is used as a synchronization signal in 

the control loop that maintains the de-side average current ( I ac ) of each CSC module at 

Controller 

Fig.5 .2: The proposed modular active power filter system. 
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Load 

Filter Module 
[CSC] 

AAF= Anti-Aliasing 
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a desired value. The output currents of all the CSCs are added at a junction point and 

injected into the power line. The total injected current, iinj' is equal, but opposite to the 

sum of the harmonic components to be eliminated ( I, ih ). 

5.6 Control Scheme 

Fig. 5.3 shows the control scheme for the proposed active filter. In this controller, the 

[1h - harmonic signal A1 sin(lror + q,1) is reconstructed from the output of the current 

ADALINE and compared to a triangular waveform to create the PWM switching 

pattern for the switches of the CSC module dedicated to that particular harmonic. Note 

that a CSC under the PWM strategy behaves as a linear amplifier. The gain of this 

amplifier is equal to Ide l\f1ri, where lde is the de-side current of the CSC and v,ri is the 

peak value of the triangular waveform. In order to achieve a linear amplifier, the ldcof 

each CSC must be regulated to a constant value. 

The converter losses and system disturbances, such as sudden load fluctuations, 

affect the de-side currents of the CSC modules. For successful operation of CSCs as 

linear power amplifiers, / de of each module must be regulated by means of a feedback 

control loop. The control loop adjusts the amplitude of a sinusoidal template, 

synchronized with the system voltage ( vs) obtained from the voltage ADALINE. The 

above signal will be used as a part of the modulating signal of the CSCs, as shown in 
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Fig.5.3. It results in drawing a small current component at fundamental frequency in 

phase with the system voltage (for charging up the Ldc or increasing Ide) or out of phase 

by 180° with respect to the system voltage (for discharging the Ldcor decreasing Ide). 

This action involves only real power transfer between the system and CSC modules in 

contrast with harmonic current injection that involves only reactive power transfer. 
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Fig. 5.3: The Control Scheme of the modular active filter (The Controller in Fig. 5.2) 

In contrast to the other de-regulation algorithms, the proposed filter controller 

regulates the value of the de-side current based on the present peak value of the 

harmonic current available from the Current ADALINE. In other words, Iser of each 

CSC is set to be equal to the amplitude of the corresponding harmonic to be filtered by 
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the CSC module. This will reduce the conduction and switching losses, which are 

proportional to de-side current, and enhance system performance thanks to the adaptive 

nature of the ADALINE. 

5. 7 Master Controller Logic 

The proposed active filter system suppresses selected low-order harmonics by 

connecting the corresponding CSC modules to the electric grid. The master controller 

connects the filter module(s) based on an automated decision-making algorithm, which 

is shown in Fig. 5.4. In this algorithm, the current total harmonic distortion (THD1) and 

the harmonic current factors (HF) are calculated from the magnitudes of the harmonic 

components obtained from the output of the current ADALINE. Then THDi and each 

HF are compared with reference values to create a switching signal for connecting the 

corresponding filter module to the grid. The intelligent controller activates the active 

filter module when both the THDi and the corresponding HF exceed the limits set by the 

IEEE 519-1992 standard. For harmonics of low magnitudes, a single CSC can be 

assigned to filter two or more harmonics. Also, a CSC which is not being used to its full 

capacity, can be assigned the responsibility of reactive power control, i.e., behaving as a 

static VAR compensator (SVC) while performing the filtering job. 
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Fig.5 .4: The proposed decision-making logic circuit controller 

The information available on individual harmonic components allows us not only to 

reduce the THD but also to suppress each harmonic component below the level set by 

the IEEE 519 standard. Also, the information available on the magnitude of each 

harmonic component allows us to select the active filter bandwidth (i.e., the highest 

harmonic to be suppressed). This will result in more efficiency and higher performance. 

Finally, the output currents of all the CSCs are added at a junction point and injected 

into the power line. The total injected current, iurj, is equal, but opposite to the sum of 

the harmonic components to be eliminated. The higher-order harmonics are taken care 

of by a passive low-pass filter. 

5.8 Improved Adaline-Based Harmonic Analyzer 

In the original ADALINE algorithm given m Chapter 3, it is assumed that the 

fundamental frequency of the distorted waveform is known in advance [77, 78]. In this 

research, the ADALINE algorithm has been modified to track the system frequency 
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variations to take care of the above problem. The frequency-tracking feature is essential 

specifically when ADALINE is used in conjunction with active power filtering. If the 

fundamental frequency drifts from its nominal value, then de-side of the active filter 

module cannot be maintained which will result in unsuccessful elimination of 

harmonics. Let's assume that the instantaneous mean square error is given by [76] 

e(k) = 0., t (A, • sin lcot(k) + B1 • cos lwt(k) )- y, (k) J (5.1) 

The derivative of mean square error with respect to the angular frequency (m ), i.e. the 

change in co, can be found as [ 67] 

am =-a., -e(_k) -( t.c l -t(k) • A, cost (J)t(k)-l • t(k) • B, cos l (J)t(k) )] 

where, aw is a reduction factor. 

(5.2) 

To find the change in the angular frequency, ro is initially set to the nominal value. 

To guarantee the convergence of the algorithm, the reduction factor for updating the 

frequency should be several times lower than the reduction factor for the adaptation of 

A1 and Be (the ratio aw: a was 1: 100). Fig.5.5 represents the ADALINE with the 

modified adaptive algorithm for estimating Ac, Be and ro. 
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Also, the algorithm given has been modified to estimate the 3-phase voltages or 

currents simultaneously using ADALINE consisting of 3 neurons in total (one neuron 

per phase), as shown in Fig. 5.6. The output from the neural estimator for phase-a is: 

(5.3) 

where wa denotes the weight vector for the a-phase voltage or current and X is the input 

vector given by equation (3.23). 

After final convergence is reached, the three phase Fourier coefficients for the 

estimated signals are computed as: 



Chapter 5: The Proposed Modular Active Power Filter System 

. . . 
... m Nm,c.tl -+--+-+--1 

i 
> 

j cm Nmt(k)-t---+--1 

+1 

for j=a.b,c 

Weight 
Updation 
Algorithm 

91 

(5.4) 

Fig. 5.6: Block diagram of the ADALINE for estimating 3-phase voltages or currents (3-Phase 
ADALINE) 

5.9 Application to 3-Phase 3-Wire Distribution 

Systems 

The proposed active power filter system explained is introduced to improve the electric 

power quality through harmonic mitigation in electric distribution systems. The 

proposed system is based on the per-phase treatment of the line current harmonics in 3-
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phase 4-wire AC distribution system. In such systems, three single-phase CSC filter 

modules will be required for filtering a specific harmonic in the three power lines. 

However, in 3-phase 3-wire distribution systems, instead of using three single-phase 

CSC modules, only one 3-phase module is required to suppress a specific harmonic of 

choice in the three lines. The proposed filter is based on 3-phase 6 switches PWM­

controlled current-source converter (CSC) modules, where each filter module is 

dedicated to eliminate a specific harmonic and/or balance the line currents. Based on the 

information extracted from the line by the ADALINE, each leg of every CSC module is 

independently controlled to perform the balancing or/and harmonic filtering in a 3-

phase 3-wire distribution system. The power ratings of the modules will decrease and 

their switching frequencies (bandwidth) will increase as the order of the harmonic to be 

filtered increases. As a result, the overall switching losses are reduced due to selected 

harmonic elimination and balanced power rating-switching frequency product. 

5.9.1 System Configuration And Control Scheme 

Fig. 5. 7, shows the block diagram of the proposed 3-phase modular active filter 

connected to the electric distribution system. It is composed of several parallel power 

converter modules, each dedicated to suppress a specific harmonic component of 

choice. One module is assigned to correct the current imbalances. Each module is a 

standard 3-phase CSC bridge. The basic function of the proposed 3-phase active filter is 
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to suppress selected low-order harmonics in the unbalanced 3-phase 3-wire distribution 

system. Each phase is controlled independently. The method is based on extracting 

individual harmonics and negative sequence components using the current ADALINE 

and injecting equal, but opposite of the summation of these harmonic and negative 

sequence currents into the power line using the corresponding filter modules. The 

controller generates tri-logic PWM switching patterns for controlling the filter modules 

to eliminate selected harmonics and to balance the unbalanced currents. With the line 

current, iL.i = itp,i + i1n.i + L ih.i (h being the harmonic order, i1 . and i1 . , the 
p.J n.J 

fundamental positive and negative sequence currents of phase j, and j = a, b, c ), 

i . .. = i1 . +" ih . is iniected by the active filter system so that the source current 
inJ.J n.J L.J .J '-' 

is,j = ilp,j' only. 
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Fig. 5.7: The proposed 3-phase modular active power filter system 
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The 3-phase line current signals ( iL,i, j = a,b,c) are obtained through three current 

transformers (CT) and are fed to the 3-phase current ADALINE which adaptively and 

continuously estimates the fundamental and harmonic components of the line current 

signals. The negative sequence components are constructed from the fundamental 

current components obtained from the current ADALINE. The line voltage signals 

( v s,J, j = a,b,c) are obtained by three potential transformers (PT) and processed by 

another 3-phase ADALINE (voltage ADALINE) to extract the fundamental 

components of the line voltage waveforms. The output of the current ADALINE is used 

to generate the tri-logic PWM switching signals for the CSC units which inject the 

corresponding distortion in order to suppress the harmonic components and correct the 

unbalanced current in the lines. The output of the second ADALINE is used as 

synchronization signal in the control loop that maintains the de-side average current 

(Ide) of each CSC module at a desired value. The compensated currents of all the CS Cs 

are added at a junction point and injected into the power line. The total injected current, 

~)nj.j, j = a,b,c, is equal, but opposite to the sum of the harmonic components to be 

eliminated plus the negative sequence currents ( itn.J + L ih,i ). 

Fig. 5.8 shows the control scheme for the proposed 3-phase modular active power 

filter. In this controller, the l'h harmonic signal A1.isin(lwt+<p1,i).j=a,b,c is 

reconstructed from the output of the current ADALINE and is used as control signal for 
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tri-logic PWM block, to create the PWM switching pattern for the switches of the CSC 

module dedicated to the l th harmonic. The control scheme also includes the control of 

one of the filter modules assigned for balancing the unbalanced currents. The 

instantaneous 3-phase negative sequence components are constructed from the 

fundamental components of the line currents and are used to control the CSC module to 

inject the desired negative sequence currents. Note that the output current of each phase 

of each filter module is independently controlled to eliminate harmonic currents or to 

correct the current imbalances provided that the instantaneous fundamental currents as 

well as their multiples in the three phases add up to zero. As seen in Chapter 4, the CSC 

under the tri-logic PWM strategy behaves as a linear amplifier. The gain of this 

amplifier is equal to I de I ./3 V,ri , where I de is the de-side current of the CSC and ½ri is 

the peak value of the triangular waveform. Note that in order to achieve a linear 

amplifier, the l de of each CSC must be constant. This can be accomplished by 

regulating the de-side current of each CSC by means of a feedback control loop. The 

converter losses and system disturbances such as sudden fluctuation of the load create a 

need for a de current regulator that is always active. In this feedback loop, the 

modulating signal for charging the de-side inductor is synchronized with the line 

voltages (vs) obtained from the voltage ADALINE. The above signal will be used as a 

part of the modulating signal of the CSCs, as shown in Fig.5.8. It results in drawing a 

small current at fundamental frequency contributing only to active power required for 
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the regulation of I de . The regulation of the de-side current is based on the present peak 

value of the harmonic current which will result in low conduction and switching losses . 
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5.10Digital Simulation Results 

Since the ADALINE constitutes the main part of the proposed active filter controller, its 

performance in tracking the harmonic components and the fundamental frequency 

variation will be checked and evaluated first. The steady state and the transient 

performances of the whole active power filter system will be investigated next. 

5.10.1 Tracking of the Harmonic Components and the 

Fundamental Frequency Variations 

This section illustrates the ability, verifies the validity and checks the performance of 

the ADALINE in estimating the time-varying harmonic components and fundamental 

frequency variations. This will be demonstrated through a practical example. 

A time-varying distorted voltage waveform of known harmonic contents and frequency 

variations is considered. The distorted waveform consists of the fundamental 

component and the 3rd harmonic with the fundamental frequency varying between 59.8 

and 60.2 Hz. Fig. 5 .9 displays the distorted voltage waveform, the fundamental 

frequency variations and the magnitudes of the fundamental and the 3rd harmonic 

embedded in the distorted waveform as detected by the ADALINE. 



Chapter 5: The Proposed Modular Active Power Filter System 98 

Distorted Waveform 150 C"""":""'"~--:--:--:--:-:--:--:"""T"'"':"--:--:-~-----=r,;.~..;.....:...::.::,....;.:.~;..:...::..,~-r-T"-..-T---~-----. 

100 
50 

> 0 
--50 

-100 
-150 ,_ ____ __,___...;._;_;;.__ _ __,L __ ----1,--L..L....L....L..LU.-IL..J....I...L..L---.l.---------1 

0 0.2 0.4 0.6 0.8 1 

Frequency Variation Tracking 
62 .--------.-------r------~--------.-------, 

. . .. .. 
61 -------··-····· .. ··· .. ~ .................................... ; ................................... ; .................. --- ............ ;- ........................... .. -~ 60 

: : : : 
• ~__.· _______ fl....--__,_· __ __, ......... -.• ~.-~--::-::.-=-.-:-:._:-,-.,_ ------,,..,._ ---_....,._ .-=el -59 ............. -- -.... -·· .... -·~ --- ........ - ......... ---· .; ...... --- ......... -.... --- .. --- .; ....... -- ... ---- - ---·· ........ -; .... - - - -- - .......... - -..... . . ,. .. . . . . . 

58 .__ ____ __._ __ -"'--'----'---------'------...L---------' 

0 0.2 0.4 0.6 0.8 1 

Waveform Amplitude Tracking 
160 r---------,-------,-----;:,.-:...-:_-_--+"T""--_-_-_-.....,-----.-------, 

120 1-...... --------··- ••• - - - - ~ • •••••••••• - ------ --{------ ---- - - -· • ~~-,-~~~~~~~- •• - -

> 80 -----------· -· · -· ---• --· · -· --· - - • --• -------; -· · --· · --· --------· --~ -----• --• -• -----• -• • 

- 40 ,:~=· · -· -• ----------• • -• '. ----------t~:.: · -----~ ----------/ .. :._ · -------i -• • ---• --• \ • ----1 ~rd- magnitue:le -• -
0 . . .... _____ _ 

0 0.2 0.4 0.6 0.8 
Time (S) 

Fig.: 5.9 Estimation of the frequency variations and the fundamental and the 3rd 

components using ADALINE. 

From the plots on Fig. 5.9, it appears that the ADALINE output is accurately tracking 

the fundamental and the 3rd harmonic magnitudes in an adaptive way. The ability of 

ADALINE to estimate accurately the new state of the fundamental frequency can also 

be seen. 

I 
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5.10.2 Performance of single-phase modular active power filter 

5.10.2.1 Steady-State Performance 

Case 1: 

To test the performance of the proposed modular active filter in steady-state, the system 

of Fig. 5.2 was simulated using the EMTDC simulation package. The parameters of the 

system under study are given in Appendix (C). The nonlinear load is a single-phase full 

bridge diode rectifier. This is the worst-case scenario, as 3-phase nonlinear loads cause 

much less harmonic distortion in the line current. The harmonics are extracted from the 

line current signal (iL) using the Current ADALINE. The ADALINE module 

subroutine has been written and interfaced with the EMIDC simulation package 

(shown as ADALINE block in Fig. 5.2). The first 6 dominant harmonics are selected to 

be suppressed. The harmonics are extracted from the line current signal ( i L) using the 

current ADALINE. The distorted signal is composed of fundamental component 

(127A), 3rd
, 5th

, 7th
, 9th

, 11th
, and 13th harmonics (33.3%, 20%, 14.3%, 11.1%, 9% and 

7.7% of the fundamental, respectively). Control signals for the 3rd
, 5th

, 7th
, 9th

, 11th
, and 

13th harmonics are obtained. Each is used to generate the PWM switching pattern for 

one CSC dedicated to suppress the corresponding harmonic. In this case, 6 CSC' s are 

used. 
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Fig.5.10 shows the waveforms of the phase-a distorted current, iL, the total injected 

current into the line by the active filter modules, imi, and the filtered current at the 

interface of the ac system, is . The waveforms clearly demonstrate an excellent 

performance in eliminating the selected harmonics from the line current. The total 

harmonic distortion (THD, up to 3 kHz) of the filtered current is 6.9%, down from 

44.5% in the distorted line current. 

Fig. 5.10 also shows how quickly the ADALINE estimates the magnitude and phase 

of one of the harmonics (5th
) embedded in the distorted waveform ( i1.. ). It appears that 

the proposed active filter system starts performing the filtering job within one cycle of 

the fundamental frequency in an adaptive way, compared to other systems that utilize 

the FFf technique and require almost two cycles to compensate for the harmonics [74]. 

This is the result of incorporating the ADALINE as a part of the control scheme. 

Case 2: 

In this section, the proposed modular active conditioner was tested with a realistic 

example of a three-phase distribution system, which is shown in Fig. 5 .11 and its feeder 

section data are listed in Table 3. This system supplied a mixture of non-linear and 

linear loads and it is loaded until it reaches its rated capacity. The load sharing 

percentage will be equal to [61]: 
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Fig. 5.10: Steady state simulation results of the proposed modular active filter 
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• Diode bridge rectifier (DBR)=40%, 

• Phase angle voltage controller (PA VC) = 20%, 

• Compact fluorescent lamp (CFL) =20%, 

• Three-phase star-connected linear loads =20% (pf=0.9 lag) 

The supply impedance that is equal to the secondary distribution transformer 

impedance plus the impedance of the line connecting the transformer to the distribution 

panel was equal to 0.032+j0.l 169 .Q, with the X/R ratio equal to 3.65. The THD of the 

distribution system load current was 30.18% and its dominant harmonic components are 

the 3rd and the 5th
. 

Two filter modules of the proposed modular active conditioner were designed for 

the 3rd and 5th harmonics. Inserting the modular active filter in parallel at the point of 

common coupling (PCC) and injecting the appropriate 3rd and 5th harmonic components 

succeeded in reducing the current THD from 30.18% to 3.06%. The injected current 

(iinj) from the proposed modular active filter as well as the filtered current (is) and the 

distorted load current ( i l) are shown in Fig. 5 .12. 
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Fig. 5 .11: Test secondary distribution system 

Table (5.1): Secondary distribution feeder data 

Sec. Section Length Cross R X 
# Type (m) 

sec. 
(Q/Km) (Q/Km) 

(mml) 

1 3-phase 100.0 L6.0 1.42 0.106 

2 3-phase 100.0 95.0 0.239 0.081 

3 L-core, 50.0 50.0 0.464 0.ll2 PVC 

4 2-core, 30.0 L6.0 1.38 0.08 PVC 

5 2-core, 20.0 L6.0 l.38 0.08 PVC 
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Fig. 5.12: Steady state simulation results of using two modules of the proposed modular 
active filter for the 3rd and 5th harmonic modules. 

5.10.2.2 Transient Performance 

This section illustrates the ability and evaluates the performance of the proposed 

modular active filter system in response to step changes in the magnitude and phase of 

the harmonic currents. A simple example system consisting of one module of the 
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proposed filter dedicated to the 5th harmonic with a non-linear load drawing 5th 

harmonic current of variable magnitude and phase angle is simulated using the EMTDC 

simulation package. 

Fig. 5.13 displays the de-side current Ude), the ADALINE output (5th harmonic 

component), the distorted current (i L ), and the filtered current (is) for step changes of 

+66% at t = 0 sec., +33% at t = 0.16 sec. and -55% at t = 0.33 sec. in the magnitude of 

the nonlinear load current. From the plots on Fig. 5. 13, it is obvious that the controller 

of the proposed active filter is responding quickly and accurately to the sudden increase 

or decrease in the nonlinear load in an adaptive way. It also shows that the filtered 

current waveform (is) settles to the steady state value within one cycle, demonstrating 

the excellent transient response of the proposed active filter system. 

Moreover, it shows that the value of the de-side current (Ide) follows the present peak 

value of the 5th harmonic magnitude adaptively and very quickly. This results in lower 

losses and higher efficiency since the conduction and switching losses are proportional 

to the de-side current. For harmonics of low magnitudes, a single CSC can be assigned 

to filter 2 or more harmonics. Also, a CSC which is not being used to its full capacity, 

can be assigned the responsibility of reactive power control, i.e., behaving as a static 

VAR compensator (SVC) while performing the filtering job. 
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Fig. 5.13: Transient simulation results of the proposed modular active filter. 
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To test the transient response of the proposed active power filter system to large 

sudden changes, the filter was subjected to step load changes from no-load to full-load 

at t = 0 sec. and back to no-load at t = 0.4 sec. As illustrated in Fig. 5.15, the system 

shows an excellent transient performance under large and sudden load changes. 

Distorted Current Waveform 150 ~-=----=---=----:---e---r-:--:--:--:---:-,.....-,--:--:--:--:--:-,.....-,-:----::----,---,-----,-----,----.--------, 

100 
50 c o 
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Fig. 5.15: Transient simulation results of the proposed modular active filter subjected to 
sudden full -load operation and full-load rejection 
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5.10.3 Performance of Three-Phase Modular Active Power Filter 

Case 1: 

The performance of the proposed 3-phase modular active filter was tested by simulating 

the distribution system of Fig. 5. 7. The nonlinear load in the test system is an 

unbalanced 3-phase delta connected load. The 3-phase harmonic currents are estimated 

from the line currents using the 3-phase Current ADALINE. The objective here is to 

mitigate the first 3 dominant harmonic currents (3rd
, 5th and 7th harmonics) and to 

balance the unbalanced currents. Therefore, 3 CSC filter modules are used, each one is 

dedicated to suppress one harmonic current, and one module is used to correct the 

current imbalance. The negative sequence and 3rd
, 5th and 7th harmonics control signals 

are obtained and used to generate the tri-Logic PWM switching pattern for CSC 

modules. 

Fig.5 .16 shows the waveforms of the 3-phase distorted currents, the total 3-phase 

injected currents into the line by the active filter modules, and the 3-phase compensated 

currents at the interface of the ac system. The waveforms illustrate the successful 

elimination of the selected harmonics from the line currents and the balancing of the 

line currents. The total harmonic distortion (THD, up to 3 kHz) of the 3-phase supply 

currents are reduced from 39.7%, 16.7% and 42.3% to 11.6%, 8.3% and 10.9% for 

phase a, band c, respectively. 
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Fig. 5.16: Steady state simulation results of the proposed 3-phase modular active filter 

Case 2: 

In this section, a realistic example of a three-phase distribution system was used to 

demonstrate the effectiveness of the proposed 3-phase modular active conditioner. This 

example, shown in Fig. 5.17, is composed of a mixture of non-linear and linear 
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unbalanced loads and was loaded up to its rated capacity. The distribution of the 

nonlinear loads on the three phases is shown in Table 5 .2. 

Table (5.2): The distribution of the noniinear loads on the three phases 
Phases Percentage of Non Linear Loads 

Diode bridge rectifier Phase angle voltage controller Compact fluorescent lamp 
(DBR) (PAVC) (CFL) 

Phase (a) 60% 40% 0% 

Phase (b) 50% 33% 17% 

Phase (c) 40% 40% 20% 

Three filter modules of the proposed 3-phase modular active conditioner were 

designed for the 3rd 
, 5th harmonics and current imbalance. Inserting the modular active 

filter in parallel at the point of common coupling (PCC) and injecting the appropriate 3rd 

and 5th harmonic components succeeded in reducing the current THD from 9.15% to 

4.19% and successfully balancing the line unbalanced currents. The injected current 

( iini ) from the proposed 3-phase modular active filter as well as the filtered current (is) 

and the distorted load current ( i L ) are shown in Fig. 5 .18. 

Note that since the 3rd filter module is switched at low frequency, it could be used 

for both eliminating the third harmonic and balancing the line currents provided that its 

rating can accommodate the two jobs. 
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Again, a single CSC filter module can be assigned to filter 2 or more low magnitude 

harmonic currents. Also, a CSC which is not being used to its full capacity, can be 

assigned the responsibility of reactive power control, i.e., behaving as a static VAR 

compensator (SVC) while performing the filtering job. 
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Fig. 5 .18: Steady state simulation results of the proposed 3-phase modular active filter 
with the distribution system shown in Fig. 5 .17. 

5.11 Summary 

0.1 

0.1 

0.1 

In this chapter, a novel modular single-phase active power filter system, based on 

current-source converter (CSC) modules is proposed which is capable of performing the 

harmonic filtering in 3-phase 4-wire distribution system. A topology which is suitable 

for balancing or/and harmonic mitigation in 3-phase 3-wire distribution systems is also 
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introduced. The improved ADALINE is equipped with frequency tracking capabilities 

which have the ability to estimate simultaneously the time-varying fundamental 

frequency and harmonic components within one cycle of the fundamental frequency. 

The proposed active filter system includes the extraction, computation and mitigation 

stages and offers the following advantageous features: 

• High efficiency due to low conduction and switching losses. 

• High reliability due to parallel connection of CSC modules and single harmonic 

treatment. 

• Fast and accurate tracking of harmonic components and system frequency due to 

ADALINE-based control. 

• Adaptation of de-side current of the converter modules to the changes in the 

magnitude of the harmonics, resulting in optimum l de value and minimal 

converter losses. 

• Additional savings in the running costs compared to the conventional one­

converter approach 

• Flexibility of selecting the harmonic order to be eliminated due to the 

availability of information on the individual harmonic components. 
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• The ability to extract the fundamental system voltage (the voltage at the 

common point of coupling) in case the line voltage is harmonic polluted. 

The proposed active filter system has the ability to extract information rather than data 

from the power system. This information on individual harmonic components allows us 

not only to reduce the THD but also to suppress each harmonic component to meet the 

strike requirements of the IEEE 519 standard which emphasizes that each harmonic 

component be below a certain level. The information available on the magnitude of 

each harmonic component allows us to select the active filter bandwidth (i.e., the 

highest harmonic to be suppressed). This increases the efficiency and improves the 

performance of the proposed active filter system. 

The analytical expectation has been verified by extensive simulation results using the 

EMTDC simulation package. 



Chapter 6: Power-Splitting Approach to Active Hannonic Filtering 

Chapter 6 

Power-Splitting Approach to 

Active Harmonic Filtering 

6.1 Overview 

The proposed modular active filter explained in Chapter 5 is based on splitting the 

filtering job among several active filter modules, each dedicated to take care of a 

specific harmonic. We will refer to this technique as Frequency Splitting. 

In this chapter, an alternative approach to frequency splitting active harmonic 

filtering which is based on splitting the filtering load equally among identical modules 

(Power-Splitting) is proposed. In this approach, the filtering job is distributed equally 

among CSC filter modules of identical power circuit and control circuit design. The 

power rating and switching frequency of each CSC module is equal to the power rating 

115 
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and switching frequency required for the filtering task, divided by the number of 

modules. This makes it possible to use the present gate-tum-off switch technology to 

realize high-power active filters for the desired performance. The control system of the 

power splitting approach utilizes two ADALINEs to process the signals obtained from 

the line. The first ADALINE (the Current ADALINE) extracts the harmonic 

components of the distorted line current signal., whereas the second ADALINE (the 

Voltage ADALINE) estimates the fundamental component of the line voltage signal. 

The outputs of both ADALINEs are used to construct the modulating signals of the 

identical CSC filter modules. 

In the following sections, the system configuration is presented, followed by a 

description of the system performance and control scheme of the proposed power 

splitting modular active filter. Some digital simulation results from EMTDC simulation 

package are presented at the end of this chapter to verify the theoretical expectations. 

6.2 System Configuration and Control Scheme 

The power splitting modular active power filter is illustrated in the block diagram of 

Fig. 6.1. The filtering job has been split among N identical active filter modules 

connected in parallel. Each filter module is a single-phase PWM- CSC comprised of a 

de reactor (for de-energy storage), a small capacitor (for filtering of switching 

harmonics) and four controllable (gate-tum-oft) semiconductor switches. 
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If the total power rating of s (VA) and switching frequency of f sw are required for 

successful performance, the power rating and switching frequency (bandwidth) of each 

module will be SIM and / sw/M, respectively. 
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For each phase, the line current signal ( i l) is obtained through a current transformer 

(CT) and fed to the current ADALINE which adaptively and continuously estimates the 

fundamental and harmonic components of the line current signal. The phase voltage 

signal is obtained by a potential transformer (PT) and processed by another ADALINE 

(voltage ADALINE) to extract the fundamental component of the phase voltage 

waveform. The output of the current ADALINE is used to generate the PWM switching 
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signals for the CSC units which inject the corresponding distortion in order to suppress 

the harmonic components in the line current (it.). The output of the second ADALINE 

is used as a synchronization signal in the control loop that maintains the de-side current 

(Ide) of each CSC module at a desired value. The output currents of all the CS Cs are 

added at a junction point and injected into the power line. The total injected current, iini' 

is equal, but opposite to the sum of the harmonic components to be eliminated ( L ih ). 

Fig. 6.2 shows the proposed control scheme for one CSC module of the proposed 

power splitting active filter. In this controller, the signal representing the sum of the 

current harmonics to be filtered ( I ih ) is reconstructed from the output of the current 

ADALINE and divided first by the number of modules (M) and then by the gain of each 

CSC module. Note that a CSC under the PWM strategy behaves as a linear amplifier. 

The gain of this amplifier is equal to Ide IV,ri, where Idr: is the de-side current of the 

CSC and v,ri is the peak value of the triangular waveform to which the modulating 

signal of each CSC module is compared to generate the PWM switching signals. The 

carrier frequencies of the active filter modules are the same and equal to the switching 

frequency required for successful performance, f sw, divided by the number of modules 

(M). The carrier signals of the modules are phase-shifted with respect to one another by 

JIM multiplied by the switching period. This results in the elimination of switching 

frequency hannonics in the total injected current. 
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Fig. 6.2 The Control Scheme of the proposed power splitting active filter (The 
Controller in Fig. 6.1) 

To achieve a linear amplification, and to withstand the system disturbance and to 

compensate for the system losses, the de-side current ( /de) of each filter module should 

always be active and has a constant value. This can be accomplished by regulating 

the/dcof each CSC by means of a feedback control loop. In this feedback loop, the 

modulating signal for charging the de-side inductor is synchronized with the system 

voltage ( v.r) obtained from the voltage ADALINE. This results in a small current at 

fundamental frequency contributing only to active power required for the regulation of 

s, 



Chapter 6: Power-Splitting Approach to Active Harmonic Filtering 120 

6.3 Simulation Results 

6.3.1 Steady-State Performance 

The steady-state performance of the proposed power splitting modular active filter has 

been verified and tested using the same test system given in Chapter 5 Section 5.10.2.1. 

The test system with the filter configuration shown in Fig. 6.1 was simulated using 

EMTDC simulation package. In this case, the number of active filter modules is chosen 

to be 4 so that the power splitting scheme has almost the same installation cost as the 

single converter scheme for doing the same job [70]. In this example, the active filter 

modules are used to eliminate up to the 13th current harmonic. From the summation of 

the harmonics (the 3rd
, 5th

, 7th
, 9th

, 11th
, and 13th

), a control signal is obtained which is 

used to generate the PWM switching pattern for each CSC module. Fig. 6.3 shows the 

waveforms of a distorted current, iL, the total injected current into the line by the active 

filter modules, iinj, and the supply current, is of the phase-a. 

The waveforms clearly illustrate the successful elimination of the selected 

harmonics from the line. The results prove the capabilities of the proposed power 

splitting active filter system in eliminating the selected harmonics from the line current. 

The total harmonic distortion (THD, up to 3 kHz) of the line current is reduced from 

44.5% to 6.9%. 
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Fig. 6.3: Steady state simulation results of the proposed power splitting modular active 
power filter. 

0.1 

The proposed power splitting active power filter system is quite capable of dealing with 

unbalanced nonlinear load conditions, as it is based on the per-phase treattnent of the 

line current harmonics. In a 3-phase 4-wire distribution system, three times as many 

CSC modules as necessary for each phase will be used. 
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6.3.2 Transient Performance 

The objective of this section is to test and evaluate the transient response of the power 

splitting modular active filter system to sudden variations in the magnitude and phase of 

the harmonic currents. A simple example system consisting of two filter modules of the 

proposed filter with a non-linear load having variable magnitude and phase angle of the 

5th harmonic is simulated using the EMTDC simulation package. Again, the Current 

ADALINE input is (il) and its output is the fundamental and the 5th harmonic. The 

modulating signal, Lih (in this case the 5th harmonic signal), is used to control the CSC 

modules, and the peak value of Lih is used to produce the reference signal to regulate 

the de-side current (Ide ) of each filter module. The input to the Voltage ADALINE is 

the system phase voltage. The output of the Voltage ADALINE is used to construct a 

sinusoidal control signal, which is in phase with the phase voltage. This signal will be 

used as a synchronization signal in the closed-loop control system for Ide regulation. 

Note that in order to keep Ide regulated, both the control signal and phase voltage should 

have the same frequency. This is taken care of by the voltage ADALTh.TE which is 

equipped with line frequency tracker. 

Fig. 6.4 displays the de-side current (Ide ) of one of the CSC modules, the 

ADALINE output (5th hannonic magnitude and phase), the distorted current (iL), and 
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Fig. 6.4: Transient simulation results of the proposed power splitting modular active 
power filter. 
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the filtered current (is) for sudden changes in the nonlinear load current. From Fig. 7 .4, 

it is obvious that the controller of the proposed active filter is responding quickly and 

accurately to the sudden increase or decrease in the nonlinear load in an adaptive way. It 

also shows that the filtered current waveform (is) settles to steady state within one 

cycle, and demonstrates the excellent response of the proposed active filter. The 

adaptation of I de to load changes is an outstanding feature of the controller used which 

results in optimum ldc value and minimal converter losses. 

6.4 Summary 

The proposed modular active filter offers the following advantage: 1) high efficiency 

due to low conduction and switching losses; 2) high reliability and 3) high 

serviceability. The proposed active power-line filter treats the ac system on a per-phase 

basis, has fast response and adapts to the load variations. Theoretical expectations are 

verified by digital simulation using EMTDC simulation package. 
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Chapter 7 

Power and Control Circuits 

Design 

7. 1 Overview 

The purpose of this chapter is to provide a detailed power and control circuits design of 

the proposed modular active power filter which is given in Chapter 5. Due to their 

similarity, the design and control aspect of only one single-phase CSC filter module is 

considered. 

The design of the active filter module is given in Section 7 .2. In this section, the 

design of the power circuit, the energy storage element and the output filter capacitor 

are discussed. Section 7.3 gives a design example of one of the CSC filter modules. The 
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control aspect of the proposed filter with an emphasis on a detail design of the closed 

loop control system of the single-phase CSC module is discussed in Section 7 .4. 

7.2 Design of Active Filter ·Module 

7.2.1 Power Circuit 

The power circuit of each filter module is a standard single-phase PWM- CSC bridge. 

It consists of a de reactor (for de-energy storage), a small capacitor (for filtering of 

switching harmonics on the ac-side) and four controllable (gate-tum-off) semiconductor 

switches. The current which must be supported by each switch is the maximum de-side 

current I de , that is the peak value of the corresponding harmonic current. The voltage, 

which must be supported by each switch, is the peak value of the system phase voltage. 

7.2.2 Energy Storage Element 

The energy element used in each CSC module is a de reactor ( Ldc ). The size of Ldc 

affects the peak-to-peak ripple of the de-side current of the CSC module. 

The de-side inductor Ldc of the CSC module is designed to limit the de current ripple to 

a specified value, typically between 3% and 5%. The procedure to design the inductor is 

as follows: 
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The de-side voltage of the CSC, which is placed across Ldc , is a pulse-width­

modulated signal as shown in Fig. 7.la. To consider the worse case condition for the 

peak-to-peak ripple in the de-side current ( I rippte.p-p ), one can assume that the supply 

voltage (vs) is at the peak and the duty cycle is equal to 0.5. With the help of Fig. 7. lb, 

which shows the ripple component of the de-side current, one can find 

+ V ,.pell 

-V •.pe•t 

(a) 

Fig. 7.1: (a) The de-side voltage of the CSC. (b) The de-side current ripple. 

(7.1) 

or, 

I % - lripple.p-p 100% - vs.peak 100% 
ripple,p-p o - Ide X o - 2fswldcldc X o (7.2) 

The minimum size of Ldc can be calculated from 
L - vs,pn,}.: xJOO 

de.min - 2fswldclrippk.p-p% 
(7.3) 

From the above equation, as the switching frequency increases, the size of the 

inductor that can limit the current ripple to a specified value decreases. But, increasing 

the switching frequency will increase the power loss in the switches. Therefore a 
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compromise between the switching frequency and the inductor size should be 

considered. 

7 .2.3 Output Filter Capacitor 

The ac-side filter capacitor is required to filter out the switching harmonics of the 

compensating current generated by the active filter modules. The filter capacitor and the 

line inductance form a second order low pass filter which may amplify low-order 

harmonics. Therefore, the size of the output capacitor must be selected carefully to 

make sure that no low-order harmonics are close to the resonant frequency of the LC 

tank circuit. The higher the switching frequency, the larger the resonant frequency, and 

the smaller the filter capacitor. 

7 .3 Design Example 

The design of the proposed active filter will be performed through a realistic numerical 

example. Assume a single-phase diode bridge rectifier is fed by a distribution feeder. It 

is intended to filter up to the 7th current harmonics. The magnitudes of the fundamental, 

3rd
, 5th and 7th harmonic currents are as follows: 
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f 1,pealc = 1 p.u. 

13,peax = 0.33 p.u. 

ls,peax = 0.2 p.u. 

The switching frequency is chosen to be 21 x highest harmonic order to be 

filteredx / 1 . The number of the proposed active filter modules is chosen to be 3 each is 

dedicated to filter one harmonic. Each module consists of 4 switches and 1 de reactor. 

Therefore, for 3rd harmonic active filter module, 

• the maximum value of the de-side current l,1c =0.33 p.u. ; 

• the supply voltage peak value vs.peaJc = 1 p.u.; 

• the switching frequency= f sw = 2lx3x60 = 3780Hz; 

the de-side reactor Ldc is designed to limit ripple current to 5%. 

From eqn. (7.3), one can easily find the de-side reactor Ldc, to be equal to 0.08 p.u. 

7.4 Modular Active Power Filter Control 

The control scheme for the l th CSC module of the proposed modular active filter is 

shown in Fig. 7 .2. The controller of each CSC module consists of an open-loop control 
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and a closed-loop control. In the open loop system, the l'h 
- harmonic signal 

Al sin(lrot +cpl) is reconstructed from the output of the current ADALINE is divided by 

the gain Ide l½ri of the filter module (the amplifier) and then compared to a triangular 

waveform to create the PWM switching pattern for the switches of the CSC module 

dedicated to that particular harmonic. 

The converter losses and system disturbances, such as sudden load fluctuations, 

affect the de-side currents of the CSC modules. For successful operation of CSCs as 

linear power amplifiers, I de of each module must be regulated by means of closed-loop 

control. The control loop adjusts the amplitude of a sinusoidal template, synchronized 

with the system voltage (vs) obtained from the voltage ADALINE. The above signal 

will be used as a part of the modulating signal of the CS Cs, as shown in Fig. 7 .2. It 

results in drawing a small current component at fundamental frequency in phase with 

the system voltage (for charging up theLdc or increasing Ide) or out of phase by 180° 

with respect to the system voltage (for discharging the Ldc or decreasing I de). This 

action involves only real power transfer between the system and CSC modules whereas 

harmonic current injection involves only reactive power transfer. 

The energy stored in Ldc is given by: 

1 2 L1W=-L~ Af., 2 uC uC 
(7.4) 
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Charging Ldc from ldc1 to ldci in a period of L1t is associated with a change in the stored 

energy: 

I 2 2 
L1W =2Ldc( ldc2 -ldcl) =( Pcsc -Ploss )M (7.5) 

where Pcsc and ?toss are the real power drawn from the system by one of the CSC 

modules and the power losses in that module, respectively. Pcsc can be written as: 

PcsI =+vs· Iese (7.6) 

where the positive and negative signs correspond to the cases where real power flow 

from the system to the CSC and from the CSC to the system, respectively. 

Substituting (7 .6) in (7 .5) yields 

1 2 2 
-Ldc ( I dc2 - [ dcl J = ( ±Vs[ CSC - f'toss JL1t 
2 

or: 

The above relation clearly state that in order to increase Ide, 

(+Vslcsc - ~oss) > 0 

(7.7) 

(7.8) 

(7.9) 

i.e., icsc must be in phase with vs (i.e., positive sign in(7 .8)) and the following must 

hold: 
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I > 'Ptoss csc --
vs 

(7.10) 

On the other hand, in order to decrease I de , 

(±Vslcsc - ~oss) < 0 (7.11) 

• I Pross &. • h "th I > Pross fi t f h b 180° 1.e., csc < --1or icsc 1n p ase w1 v57 or csc --- or icsc ou o p ase y 
½ ½ 

with respect to vs . 

A shown in Fig. 7 .2, the control loop adjusts the magnitude and the phase of 

icsc based on the magnitude and the sign of the error between the Ide.ref and Ide. Each 

CSC has an independent control loop for I c1c regulation. This adds to the reliability of 

the system. Note that the value of the de-side current is regulated based on the present 

peak value of the harmonic current available from the Current ADALINE. In other 

words, I de.ref of each CSC is set to be equal to the amplitude of the corresponding 

harmonic to be filtered by the CSC module. This will reduce the conduction and 

switching losses, which are proportional to the de-side current, and enhance the system 

performance thanks to the adaptive nature of the ADALINE. 

For successful regulation of the CSC de-side current, one should provide the 

appropriate compensation in the feedback loop for certain steady-state and transient 

response requirements using one of the conventional frequency-domain design methods 
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such as Bode plot. To design a proper controller, a linear mathematical model for each 

CSC, particularly the power stage, should be developed. The model is derived based on 

the state-space averaging technique. 

~--...,..._.--•S, 

~-.s, 

Voltage Ai,.. -------------------, 
V -+ c>, I I 
• ADALINE 1--......;.a.f-J I'• sin(OJl +~,) 1-----.... I 

I .__ __ _. I 
I ,---, I 
1 Ide ret+ Pl I ~I • X __ __. 

/ 1 Controller 1 
Ide regulation 1 - Ide .__ _ _. 1 

L--------------------J 

Fig. 7 .2: Control Scheme of the I th CSC module of the proposed active filter 

7.4.1 The System Equations 

A state space model is used to represent one of the CSC modules of the modular active 

power filter (the plant) which is shown in Fig. 7.3. The state variables have been chosen 

to be the voltage across the capacitor and the currents through inductors. According to 

the conventions of voltage polarities and current direction chosen in Fig. 7 .3, the 

differential equations that govern the CSC operation can be found as: 
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R L i i' 
s1 

+ 
C Ve 

s4 

Fig. 7 .3: Single-Phase Current Source Converter 

di 
v =e-Ri-L-

c dt 

134 

ide 

S3 

+ 
V de Lde 

Rde 

s2 

(7.12-a) 

(7.12-b) 

(7.12-c) 

The input current i' and the output de-voltage v de of the CSC in equation (7 .12) are 

giving by 

i'= Side 

vdc = Svc 
(7.13) 

where S represents the switching function that controls the converter switches in the 

CSC module, based on bipolar PWM. The CSC circuit, shown in Fig. 7.3, can be 

represented by the equivalent circuit shown in Fig. 7.4. 
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To find the mathematical model of the PWM-CSC module based on the state-space 

averaging technique, the switching function s has been replaced by its low-frequency 

content, i.e., the local average or instantaneous average which is the fundamental 

component. The high frequency components in the output current are eliminated 

because of the low-pass filter at the output of the converter. The switching function 

s can be replaced by the modulating signal ( m) which is used to control the switches in 

the CSC module. 

i' 
R L Ve {de 

Ldc 

C V de 

Rdc 

Fig. 7.4: Equivalent circuit for CSC module given in Fig. 7 .3 

Now, substitute equation (7.13) in (7.12) and use the modulating signal (m), equation 

(7.12) can be written as: 

R . Ldi 
V =e- i- -

C dt 
(7.14-a) 

. Cdvc . 
l = -+mi_, dt uC 

(7.14-b) 

(7.14-c) 
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or, 

di R. I I 
-=--i--v +-e 
dt L L C L 

dvc I . m. 
--=-z--zd 
dt C C C 

Let's assume that: 

e = Em cos OJ( , i = l m cos( wt+ ({J) , v c = vm cos( OJ(+ y) and m = M cos( wt+ 8) 

Then, 

136 

(7.15-a) 

(7.15-b) 

(7.15-c) 

i=( Im,({)), vc =(Vm,YJ and idcare the state variables, m =( M,8) is the input and idcis the 

output. 

Substituting for e, i, v c and m in equation set (7 .15), expanding and equating the 

coefficients of cosr»t and sinwt terms on both sides of each equation, the following set 

of 1st-order non-linear differential equations will be obtained: 

d:m = ~ [ / m cos( <p -y) - Midc cos( 0 -y) ]- aJ (7.16-a) 

di= C~ [Imsin(rp-y)-Midcsin(B-y) ]-co 
m 

(7.16-b) 
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(7.16-c) 

(7.16-d) 

(7.16-e) 

The equation set (7.16) can be written in the general form as: 

x.::=f(x,u) (7.17) 

where 

XI vm 

X2 y 

and u=[:J=[;J x= X3 = Im 

X4 rp 

X5 [de 

The above system can be linearized around a certain steady-state operating point and the 

linearized system can be expressed as: 

Ax= of j.Ax+~I.Au ax au (7.18) 

where !~I• and :: I• are the Jacobian matrices, evaluated at the steady state operating 

points. 



Chapter 7: Power and Control Circuits Design 138 

Thus., the general linearized system can be represented by: 

i=Ax+Bu (7.19-a) 

y=Cx+Du (7.19-b) 

where, 

af, I a1, I a11 I ar, I a,, I 
L1Vm ~- ax::--• iJxJ • d.¼. ax; * 

L1y a1i I ar; I a,2 I a12 I i,. ck,* ax::--* ax.1 • di;* 
x= Mm A= of; I ar; I o/J I ofJ I ab I ck,. -. OXJ * at. a.t"2 4 axs * 

L197 of"I a,.,, a1., I iJf.,, a1., I 
ck,* ~- di;* ar_,• ax;. 

Mdc of, I ar, I aJs I a1s I aJs I ~· ox2 • ax;. clx4 • di;* 

aJ, I au, * 
aJ, I 
OU2 * 

!!i..l a12 I 
• u=[~] au, * au2 * 

B= ab I a1J I au, "' au, "' 
a1., I ail au, * OU2 * 

a1s I au,* ofs I 
au2 * 

C=[O 0 0 0 1] , and D = [O] 

In order to find the steady state operating point, the right hand sides in equation set 

(7.16) are equated to zero (all the derivatives are equal to zero). Therefore, 

(7.20-a) 

0 
1 

[1· • ( • " J M • •• • co· • ] =--. m sm rp -y - idr:sm -y ) -ru 
cvm 

(7.20-b) 
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(7.20-c) 

(7.20-d) 

(7.20-e) 

Given the system parameters, i.e., R,L,C,Rdc•Ldt:andEm, as well as ,/and!~. one can 

solve for the 1:.v;.-,•.M•and 0· from the above equations. Thus, 

Em ±,JE; -8RRdclk 
2R 

• 1{-mu·} }' =sin- v~ m 

(7.21-a) 

(7.21-b) 

(7.21-c) 

(7.21-d) 

(7.21-e) 

The CSC closed loop control system for charging the de-side current will be as shown 

in Fig. 7.5. 
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Controller 
(Compensator) 

LP Filter 
i,fr./1,1.: 

Synch. 
Signal 

ro from e 

Cosine 
Function 

Generator 

Fig. 7 .5: Active power control loop for charging the de-side current 

7 .4.2 Control I er Design 

M co.r( Cllt +8) 

The performance and stability of the feedback control system for regulating the de-side 

current of the CSC, shown in Fig. 7 .2, can be determined from the open-loop 

characteristics. Let us assume that the overall open loop transfer function is 

Gods) = G c( s JGH ( s) 

where G( s J is the CSC transfer function between Af de and Mt obtained from state-space 

model, H( s Jis the transfer function of the low-pass filter ( see Appendix (C)). Ge( s) is 

the transfer function of the compensator. 

The parameters of Ge( s J should be designed such that G0 L( s Jmeets the following 

performance and desired characteristics: 
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1. The low frequency gain should be large so that the steady state error between the 

actual de-current and the reference signal is small. 

2. The gain at converter's switching frequency should be small. 

3. The cross over frequency (the frequency at which the open loop gain is unity) 

should be as high as possible but below the switching frequency for a fast 

transient response such as a sudden change of the load. 

4. The open loop phase at the cross over frequency (phase margin) should be at 

least 45°. 

Fig. 7.6 shows the Bode plot for the transfer function GH( s) using the numerical 

values given in the Appendix (C). It clearly shows that the transfer function has a fixed 

gain and minimal phase at low frequency. Beyond the resonant frequency w = _ 1 _, the 
0 JfE 

gain began to fall with slope of-40dB/decade and the phase tends toward-180°. 

The additional phase-lag should be considered in designing the compensation of 

such a system to provide enough gain and phase margins. To meet the above 

requirements simultaneously, a phase-lag compensator of the form Ge( s J = K ( 
1 
+-rs) is 

(l+ars) 

used. 
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Bode Diagrams 
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Fig. 7 .6: Bode Diagrams of the open loop transfer function 

The parameters of the compensator Ge( s) can be determined using the Bode plot 

technique. The design criteria and procedures are outlined in the Appendix (C). The 

controller parameters are derived to be: 

K=0.087 

r=0.2 

a=2.82 

The bode plots of the open loop transfer function including the controller are shown 

in Fig. 7.7. As seen, the gain margin of 55° has been achieved. 
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Bode Diagrams 

From:U(1) 
50,------,.----,.--,-.,.......,.......,-._.....,.....,.... ........ ..-rT"-~--.-............... ....-r--......-......-...... _..... 

-60 - •· -

-100L----------~~ ........... ____ .......... ......,._ ___ ~ __ ........ ___ ~ ........... 

Q,------,.---,---,-.,.......,.......,-........ _ ....... .......,....-rT"-~-.-................. ....-r--......-......-...... ......_.. 
. - . 

... . . - .. '... . .. 
-60 • -- .... + -· ................... ' ... _. - ........ - ·-- ... - • - • - . - ... . 

~ -100 ... 
-150 

-20QL--__.__.__ ................. _ __._ __ ......... ......,._ ______ ........ ___ ~ ........... 

1o" 

Frequency (rad/sec) 

Fig. 7. 7: Bode Diagrams of the open loop transfer function including the controller 
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Fig. 7 .8: Unit step response curves for the compensated and uncompensated systems 



Chapter 7: Power and Control Circuits Design 144 

The step response of the system is shown in Fig. 7 .8 and shows that the steady- state 

error of less than 5% has been achieved. 

7.5 Summary 

This chapter discussed the control system of the proposed modular active power filter 

and provided simplified design procedures of the CSC filter components. A design 

example was introduced to illustrate the design procedures. The filter control scheme is 

clearly described. A detailed mathematical model of the CSC filter module which is 

used in controller design is given. The design of the closed loop control system is also 

discussed. 
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Chapter 8 

Evaluation Of The Proposed 

Modular Approach 

8.1 Overview 

The objective of the chapter is to evaluate and compare the proposed modular active 

filtering approach (Frequency Splitting approach) against the conventional one­

converter and power-splitting approaches from the installation and operating costs, as 

well as performance points view. We will also draw some conclusions as to when and 

where each modular scheme should be used. 

Section 8.2 provides a comparison between the proposed modular active (frequency 

splitting) and the conventional I-converter schemes. The comparative evaluation of the 

145 
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two modular active filtering approaches from different points of view is discussed in 

Section 8.3. Finally, the summary of this chapter is given in Section 8.4. 

8.2 Frequency Splitting Versus Single Converter 

In this section, the proposed modular active filtering (frequency splitting) approach will 

be compared to the conventional I-converter approach from the economical, reliability, 

and flexibility points of view. Fig. 8.2 shows the block diagrams of the 2 schemes. 

V i1+ i 

1- Converter 
approach 

i, .. V 

f;3 

I I 
3rd 

V V i,-i; ih 

! i5 ti1 

I I I 
: : 

5th 7th ~ Nth ~ 
: : 
·---········· .. 

Frequency Splitting 
approach 

Fig. 8.2: Block diagram of the frequency splitting and I-converter schemes. 

8.2.1 Economical Comparison 

The installation cost of the modular scheme will be higher than that of the I-converter 

approach, but the operating cost will be lower. Therefore, as the operating time 

increases, there will be a break-even point at which the total costs of the two schemes 
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become equal. Beyond the break-even point, the modular approach offers more savings. 

This is illustrated in Fig. 8.3 . . 

Total Cost ($) 

0 

1- Converter approach '"),. 

break-even 
point 

Modular approac) 

Operating time (year) 

Fig. 8.3: Total cost comparison between the 1-converter scheme and frequency splitting 
converter scheme. 

The economic comparison will be performed through a realistic numerical example. 

Assume a single-phase diode bridge rectifier is fed by a 400 V feeder. It is intended to 

filter the 3r\ 5th
, and 7th current harmonics. The magnitudes of the fundamental, 3rd

, 5th 

and 7th harmonic currents, and the total distorted current (idis) are as follows: 

11 = 247.5 A, rms (350 A, peak) 

In= (l/n) l1; l3 = 117 A, peak; Is= 70 A, peak; l1 = 50 A, peak; lciis = 205 A, peak. 

The switching frequency is chosen to be 21 x highest frequency to be filtered. Each 

CSC has 4 switches and 1 de reactor. The cost of electricity is calculated based on the 

Canadian rates (see Appendix D). 
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To simplify the problem, the installation cost includes the cost of the components 

and the operating cost includes the cost of the conduction and switching losses. The 

costs are given in Canadian dollars. Table (8.1) and Table (8.2), summarize the 

installation cost and the operating losses of both schemes, respectively. 

Table (8.1): Installation costs of I-converter and frequency splitting schemes 

1 Modular 
Converter Converter 

C: Switches • $897"" $897 ... .2 .......... 
,:,;s c;,:i == 0 
;:! u •• en Reactors $1705"" $2018~ C: -

Total Cost $2602 $2915 
.. 

• • Based on the FUJI dual NPT IGBT modules, 600 V 
• •• Based on the Hammond 5 mH de reactors 
• .A. Sec Appendix E 

Table (8.2): Operating losses and cost per month of I-converter and frequency splitting 
schemes 

1 Modular 
Converter Converter 

Conduction· 
Losses 898 kWh/month 1038 kWh/month 

Switching· 
1426 kWh/month 1044 kWh/month Losses 

Total Losses 
2324 kWh/month 2082 kWh/month 

Cost of Total 
Losses 191.4 $/month 172.6 $/month 

• * See Appendix D 
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The yearly net saving in the operating losses using the modular scheme is $ 226 

(based on the Canadian tariff, see Appendix D). This means that the difference between 

the installation costs of the I-converter and the proposed frequency splitting approaches 

($313) will be compensated in less than 1½ years of operation. Since the de-side current 

of each CSC module in the proposed modular filter is regulated at the present peak 

value of the corresponding harmonic, it is expected that the total losses will be less and 

hence the savings will be more. Also, on a larger scale, the savings will be greater. 

8.2.2 Reliability 

Since the power converter units of the proposed frequency splitting active power filter 

are acting as standalone devices, a partial harmonic cancellation of a distorted 

waveform is expected even if one or more power converters fail to operate. This will 

still result in a better line current spectrum than in the uncompensated case. Note that, in 

the one converter scheme, the converter failure means no harmonic elimination at all. 

8.2.3 Flexibility 

Since each converter is independently connected to the AC system, selective harmonic 

elimination based on the dominant harmonic component is possible. Also, simultaneous 

multi-function strategies to take care of other disturbances, such as voltage or current 
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imbalance and voltage fluctuations are feasible. This will result in great flexibility and 

enhancement of the overall performance of the proposed active filter. 

8.3 Frequency-Splitting Approach Verses Power­
Splitting Approach 

In this section, the two modular active filtering approaches are compared. 

8.3.1 Power rating 

The total power rating in power splitting approach is determined by the peak of the total 

distortion, i.e., {!ih)peak, h being the harmonic order. In the frequency splitting scheme, 

the total power rating is determined by the sum of the peaks of the individual harmonics 

to be filtered, i.e., "2:ih.peak. Due to the diversity effect of harmonics, {!ih\eak <!Jh,peak. 

This implies that for the same filtering job, the installed VA is higher in frequency 

splitting approach than in power splitting scheme. This naturally results in higher initial 

(installation) cost for frequency splitting technique. 

8.3.2 DC term: I de 

In power splitting, the de term ( l de) of each converter is equal to {!ih ),eak IN , i.e., the 

peak of the sum of the harmonics to be filtered divided by the number of filter modules 
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in parallel. The information on (!ih)peak is necessary for sizing the individual converter 

modules and the regulation of I de of each module. The de term (Ide ) of each converter 

in frequency splitting is equal to ih.pea1c . This information is readily available in 

frequency splitting modular active filter. The information on the peak values of the 

individual harmonics allows for dynamic adjustment of I de of converter modules 

according to the present magnitude of the corresponding hannonic components. This 

feature can result in a reduction of conduction and switching losses through avoiding 

unnecessary high I de values. 

8.3.3 Identical modules 

In the power splitting approach, the converter modules are identical. This offers an 

advantage in terms of maintenance and serviceability. The operator of the equipment 

has to keep only one type of module in stock. In frequency splitting, converter modules 

are different and can be replaced only by a similar module. 

8.3.4 Conduction losses 

In the power splitting approach, the total conduction loss is proportional to the peak of 

the sum of harmonics to be filtered, ~ ih )peak • The total conduction losses in the 

frequency splitting approach is proportional to the sum of the peaks of the harmonics to 
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be filtered, Lih.peak. Since {Lth)peat <Lih.peak, the total conduction losses in the power 

splitting approach is less than those in the frequency splitting scheme. 

8.3.5 Switching losses 

In the power splitting approach, the switching losses in each converter module are 

proportional to (~th)pea/N)(rnJN). The total switching loss of N converter modules will be 

proportional to l(»h)peakxf nl N) . f sw is conventionally taken to be equal to 21 x highest 

order of harmonic to be filteredx fundamental frequency (Ji) [ 4]. In the frequency 

splitting scheme, the switching frequency of a converter module is proportional to 

Vh.peak )x(t sw,h). Here, f sw,h is assumed to be 21xhxf1. As h increases, ih,peak decreases 

and f sw.h increases. In typical non-linear loads such as diode rectifiers of a constant de-

side current, ih,peak 0C ~ , and fh oc: h. Since fsw,h 0C fh' therefore f sw.h oc:: h. As a result, the 

switching loss of a converter module is proportional to .!.xh or is a constant for all 
h 

converter modules. The total switching loss will be proportional to L V1i.pea.rf .rn(h). As 

seen, the total switching loss of the power splitting approach decreases as N (the 

number of modules) increases. For low N values, the total switching losses of the power 

splitting approach can be higher than those of the frequency splitting scheme. As N is 

increased, at a break even point, the switching losses of both schemes become equal and 
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for larger N, the switching losses of the power splitting approach will be lower than 

those of the frequency splitting scheme. 

8.3.6 Economical Comparison 

The economical comparison will be performed through a realistic numerical example. 

Assume a single-phase diode bridge rectifier is fed by a 400 V feeder. It is intended to 

filter the 3rd
, 5th

, and 7th current harmonics. Therefore, 3 modules of frequency splitting 

scheme will be used. The magnitudes of the fundamental, 3rd
, 5th and 7th harmonic 

currents, and the total distortion current ( idis = Lih ) are as follows: 
h=J.5.7 

11.rms = 247 .5 A ( Ii.pealc = 350 A) 

The switching frequency is chosen to be 21 x highest order of harmonic to be 

filteredx / 1 . To simplify the problem, the installation cost includes the cost of 4 

switches and I de reactor per CSC module and the operating cost is the sum of the costs 

of the conduction and switching losses. The cost of electricity is calculated based on the 

rates used by Waterloo North Hydro (see Appendix D) and is given in Canadian dollars. 

The number of active filter modules of power splitting scheme is chosen to be 4 so that 

both schemes have almost the same installation cost. Table (8.3) gives the installation 
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costs of the two schemes and Table (8.4) lists the conduction and switching losses as 

well as the operating costs of both schemes. 

Table (8.3): Install • anon costs o equency-sp 1ttm~ an power-sp 1 ffr r . d r tting schemes 
Power- Frequency-
splitting splitting 
aooroach approach 

i:: Switches • $ 897 $ 897 -~ - .... ct: Cr.I = 0 .s u •• en Reactors $2296 $2018 i:: ...... 

Total Cost $3193 $2915 

• * Based on the Fuji dual NPT IGBT modules, 600 V 
• .. Based on the Hammond 5 mH de reactors 

Table (8.4): Operating losses per month of frequency-splitting and power-splitting 
schemes 

Power-splitting Frequency-
approach splitting approach 

Conduction· 
Losses 590 kWh/month 683 kWh/month 

Switching· 
Losses 352 kWh/month 1030 kWh/month 

Total Losses 
942 kWh/month 1713 kWh/month 

Cost of Total 
losses 84.2 $/month 144.4 $/month 

• • See Appendix E 

From the data presented in Table (8.4), it can be concluded that in the power 

splitting approach, the operating costs are lower and thus, this scheme is more 

economical than the frequency splitting approach. 
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The results of the operating cost comparison happen to be strongly case dependent. 

Under different loading conditions, the power splitting scheme might be more 

economical than frequency splitting approach or vice versa. As the number of filter 

modules in power splitting approach (N) is increased, the conduction losses remain the 

same, but the switching losses will decrease. Generally speaking, if the initial 

(installation) cost can be justified, the power splitting approach offers a more 

economical solution to modular active power filtering. 

8.3. 7 Reliability 

The loss of one converter in the power splitting approach implies an increase of 

(11 N) x 100% in the magnitude of each filtered harmonic component. The loss of a filter 

unit reduces the effective switching frequency and causes waveform distortion due to 

the incorrect phase shift between the carrier signals of the remaining filter modules. 

These effects are expected to cause an increase in the total harmonic distortion (THD) 

beyond (1/ N) x100%. For the example given in the previous section, the THD (up to 3 

kHz) will increase from 5.9% to 48.7% if one active filter module is lost. The 

considerable increase in the THD beyond expectation is due to additional distortion 

resulting from the drop in the effective switching frequency and the incorrect phase 

shift superimposed on it. 
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In the frequency splitting scheme, the loss of one filter module adds a percentage to 

the THD depending on which converter is lost. If the failed filter module is the one 

responsible for filtering the harmonic of the largest magnitude, the effect will be the 

most dramatic. For the example given in the previous section, the THD (up to 3 kHz) 

will increase from 5.78% to 30.76% if the active filter module dedicated to the 3rd 

harmonic current is lost and to 19.3% and 14.88% if the 5th active filter module and the 

7th active filter module are lost, respectively. From the above discussion, it can be 

concluded that in frequency splitting scheme, even if the converter responsible for 

filtering the harmonic of the largest magnitude is lost, the resulting line current 

spectrum is better than that of losing a unit in power splitting approach. 

8.3.8 Flexibility 

In the power splitting approach, selective harmonic elimination is not accommodated. 

All the harmonics in the window defined by the bandwidth of the filter system will be 

filtered. The frequency splitting scheme allows for selective harmonic elimination 

thanks to the availability of information on individual harmonic components. By 

implementing a criterion in the control algorithm, the harmonics of magnitude higher 

than a specified value will be selected for elimination and the corresponding active filter 

modules will be activated and connected to the power line. This feature results in 

reduced overall losses. 
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8.3.9 Steady-State Performance 

To test the performance of the two modular active filter schemes in steady state, the 

example given in section 8.3.6 was simulated using the EMTDC simulation package. 

Fig. 8.4(a) shows the distorted current (i,_) waveform. Fig. 8.4(b) and Fig 8.4(c) display 

the filtered current (is) conditioned by frequency splitting and power splitting modular 

250 .... · ......... ····· = ......... ...... ·······••: ····· ................ : .............. · ······· ~~ 
So====== -250 ······· ....... ·········:······· ·········· ..... ·:········ ....... ·········: ...... ········· ..... . 

-500 • • • 
0.0 0.25 05 0.75 0.1 

~ 

250 ... ············ ... ·~·········· .... ··········~· ................... ·i·········· •·· ........ . 

5_~ 
-500 • • i 

M ~ ~ m m 

500 
(c) FilimlemeatWavefOIDl 

g_~ 
-500 • . • 

M ~ ~ m m 
Time(s) 

Fig 8.4: Steady state simulation results of the two modular active filter schemes 
(a) Distorted current ( il) waveform 
(b) The filtered current for frequency splitting scheme 
( c) The filtered current for power splitting scheme 
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active filter schemes, respectively. The waveforms clearly demonstrate the effectiveness 

and validity of both schemes in eliminating the selected harmonics from the line 

current. The THD (up to 3 kHz) of the filtered current of Fig. 8.4(b) is 5.78%, and that 

of Fig 8.4(c) is 5.9%, down from 37.34% in the distorted line current. 

8.4 Summary 

The comparison between the proposed modular active filter (frequency splitting 

approach) and the conventional 1-converter scheme shows that the proposed filter is 

more economical, reliable and flexible. 

The comparative evaluation of the power splitting and frequency splitting 

approaches for active power filtering shows that when the initial (installation) cost is 

not a limiting factor for the number of filter modules, the power splitting approach 

offers a more economical solution to modular active power filtering. In the power 

splitting scheme, the diversity effect of harmonics results in the reduction of the 

installed VA and operating costs. The frequency splitting approach, on the other hand, 

offers the following advantages thanks to the availability of full information on 

individual harmonic components: 1) reliability; 2) flexibility (selected harmonic 

elimination) and 3) dynamic adjustment of the de-terms of the CSC filter modules 

according to the present magnitudes of the individual harmonics to be filtered (resulting 

in reduced losses). Moreover, for harmonic current components that have high ratings, 
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the concept of the power splitting can be used to compensate a particular harmonic 

using the frequency splitting approach. 
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Chapter 9 

Conclusions and Future Work 

The main objective of this research is to develop an innovative harmonic mitigating 

technique using a modular active power filter. In this thesis, an efficient and reliable 

modular active harmonic filtering approach has been taken. Rather than trying to 

provide active filtering for the entire spectrum of harmonic components, the proposed 

modular active power system targets the low-order harmonics individually. 

Different active power filtering schemes and concepts have been introduced for the 

purpose of power quality improvement. The power converter used as an active filter is 

rated based on the magnitude of the injected current and is operated at the switching 

frequency required to perform the filtering job successfully. Almost all of the recently 

proposed active power filters are realized by one PWM voltage source or current source 

converter. If the converter's power rating and switching frequency are both high, 

excessive losses are expected 

160 



Chapter 9: Conclusions and Future Work 161 

The proposed modular active filter system consists of a number of parallel single­

phase CSC modules: each dedicated to suppress a specific low-order harmonic of 

choice (Frequency-Splitting Approach). The power rating of the modules will decrease 

and their switching frequency will increase as the order of the harmonic to be filtered is 

increased. As a result, the overall switching losses are considerably reduced due to a 

balanced "power rating"-"switching frequency" product and selected harmonic 

elimination. 

The reliability of the existing active filters is another major concern. Most of the 

existing active power filters connected to distribution systems consist mainly of a single 

power converter with a high rating which talces care of all the harmonic components in 

the distorted signal. A failure in any of the active filter devices will result in no 

compensation at all. Also, active power filters that are based on cascade multi-converter 

and multi level topologies suffer from low reliability. Since the power converter units of 

the proposed modular active power filter are acting as standalone devices, a partial 

compensation of harmonic distortion is expected even if one (or more) power converters 

fails to operate. This will still result in a better line current spectrum than in the 

uncompensated case. 

The proposed filter system exhibits great flexibility and superior overall 

performance due to the independent connection of the filter modules to the AC system 

and the possibility of the selected harmonic elimination based on the dominant 
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harmonic component. To take advantage of the diversity principle, the proposed filter 

system can filter a group of harmonics using one filter module or more by combining 

them and compensating them in groups. Also, simultaneous multi operation strategies to 

take care of other disturbances, such as voltage or current imbalance and voltage 

fluctuations are feasible. 

The control methodology of the active power-line filter is the key element for 

enhancing its performance in mitigating the harmonic current and voltage waveforms. 

Active power line filtering can be performed in the time domain or in the frequency 

domain. The control system processes the distorted line current and the voltage signals 

and forces the converter to inject the proper compensating current. At the same time it 

regulates the de-side current or voltage of the converter. One important factor which 

influences the performance of the active power filters in the frequency domain is the 

speed and accuracy of the detection tool for the power line harmonic currents. In this 

thesis, the ADALINE-based harmonic analyzer has been improved by modifying the 

original ADALINE algorithm to track the system frequency variations. The proposed 

estimation scheme is tested on simulated data and compared with the Kalman filter and 

FFf algorithms. The improved ADALINE scheme provides excellent accuracy and 

convergence speed in tracking the fundamental frequency and the harmonic 

components. It is highly adaptive and is capable of estimating the variations in the 
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fundamental frequency, amplitude and phase angle of the harmonic components. It 

exhibits better performance compared with the Kalman filter and FFf approaches. 

Another important factor, affecting the control of the active filters, is the derivation of 

the synchronizing signal, which is in phase with the bus voltage and is used to regulate 

the de-side current or voltage of the power converter. In this thesis, a new ADALINE­

based controller scheme for the proposed modular active filter is introduced. The 

proposed controller utilizes another ADALINE to track the system voltage and extract 

the fundamental component of the source voltage which is used as a synchronize signal 

for the l de regulation loop. This improves the filtering capability of the proposed 

modular active filter even if the source voltage is harmonic polluted. The controller 

adjusts the de-side current l de of the converter modules according to the magnitude of 

the harmonics to be filtered. This results in optimum de-side current value and minimal 

converter losses. 

The proposed controller is also responsible for invoking specific CSC filter 

module(s) to start the filtering job by connecting it to the electric grid. The automated 

connection of the corresponding filter module(s) is based on decision-making rules in 

such a way that the IEEE 519-1992 limits are not violated. The information available on 

the magnitude of each harmonic component allows us to select the active filter 

bandwidth (i.e., the highest harmonic to be suppressed). This will result in more 

efficiency and higher performance. 
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In this research, the comparative evaluation on practical use in industry shows that the 

proposed filter is more economical, reliable and flexible compared to the conventional 

approach of filtering all the harmonics using one converter. The comparison between 

the power splitting and frequency splitting approaches presented in Chapter 8 shows 

that the power splitting scheme offers a more economical solution to modular active 

power filtering when the installation cost is not a limiting factor. The frequency splitting 

approach, on the other hand, is more reliable, flexible and is capable of dynamic 

adjustment of the de-terms of the CSC filter modules according to the present 

magnitudes of the individual harmonics to be filtered. This results in reduced losses. 

Moreover, for harmonic current components that have high ratings, the concept of 

power splitting can be used to compensate a particular harmonic using the frequency 

splitting approach. 

The proposed active power filter system is quite capable of dealing with unbalanced 

nonlinear load conditions, as it is based on the per-phase treatment of the line current 

harmonics. In a three-phase 4-wire distribution system, three single-phase CSCs will be 

required for filtering a specific harmonic in the three lines. The frequency splitting 

concept is also applicable to three-phase 3-wire distribution systems. In this case, 

instead of using three single-phase CSC modules, only one three-phase module is 

required to suppress a specific harmonic of choice in the three lines. 
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In light of the drawbacks presented in previously proposed schemes and concepts, 

the active filtering topology and control scheme proposed in this thesis have been 

successfully demonstrated to be a valuable contribution to active power harmonic 

filtering. The concept and performance of the proposed filter system have been verified 

by extensive simulation experiments using the EMTDC and the MATLAB simulation 

packages. 

The followings are some specific conclusions which reflect the bold features of the 

proposed modular active filter system: 

1. The proposed frequency splitting modular design which is based on filtering 

specific harmonics results in high efficiency due to low conduction and 

switching losses. This results in more savings in the running costs compared to 

the conventional approach. 

2. The proposed filter exhibits high reliability due to the parallel connection of 

CSC modules and single hannonic treatment. 

3. The ADALINE based-harmonic analyzer has been utilized for the first time as a 

part of active power filtering. This enhances the performance response of the 

proposed filter due to the adaptability and the ADALINE's speed in tracking the 

harmonic components. 
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4. The ADALINE-based measurement scheme has been enhanced by modifying 

the original algorithm to track the fundamental frequency variations. This is 

important for successful charging of the de-side current of the CSCs and hence 

successful harmonic filtering. 

5. The controller of the proposed active filter has been improved by utilizing 

another ADALINE to track the system voltage to extract the fundamental 

component of the source voltage which is used as a synchronize signal for 

the I de regulation loop. This improves the filtering capability of the proposed 

modular active filter even if the source voltage is harmonic polluted. 

6. The controller is further enhanced by dynamically adjusting the de-side current 

I de of the CSC filter modules according to the present magnitudes of the 

individual harmonics to be filtered. This results in optimum de-side current 

value and minimal converter losses. 

7. The CSC topology has been chosen for its superior performance compared with 

VSC topology, in terms of direct control of the injected current (resulting in 

faster response in time-varying load environment) and lower de-energy storage 

requirement (resulting in lower reactive element rating and reduced losses). 

8. The proposed filter has the capability to select harmonic elimination due to the 

availability of information on the individual harmonic components. Also, a 
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single CSC filter module can be assigned to filter two or more harmonics that 

have low magnitudes. 

Suggestions for Future Work 

During the course of this research, the following issues have been detected and are 

Listed here as possibly topics for future work in this area. 

1. The application of the proposed active filter system to mitigate other power 

quality problems such as sags and swells. 

2. This work can be extended to investigate the possibility of balancing the 

unbalanced currents in 3-phase 4-wire distribution systems. 

3. The focus of this research is on the fundamental theoretical problems rather than 

the hardware implementation. The proposed active filter could be 

experimentally verified and compared to the theoretical work done in this thesis. 

4. Quantitive study on the savings due to dynamically adjusting the de-side current 

I de of the CSC could be conducted. 

5. Similar topology with higher voltage and current ratings may be designed to be 

used for other application such as AC and DC active harmonic filtering of 

HVDC systems. 
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APPENDIX (A) 

Discrete Fourier Transform (DFT) 

The frequency content of a periodic stationary discrete time signal x(n) with M samples 

can be expressed using the discrete Fourier transform as: 

(A.l) 

the inverse Fourier transform is 

M 

x(tn) = L, X (fk )ejk.Qn (A.2) 
k=l 

Both the time domain and the frequency domain are assumed periodic with a total of 

M samples per period. The direct and quadrature components of the nth harmonic of a 

distorted waveform V can be expressed as 

(A.3) 
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(A.4) 

where Vt is the sample of the distorted waveform at time tk ; k = 1, 2, ... , M . 

From equations (A.3 and A.4), one can calculate the amplitude and the phase angle 

of the nth hannonic using: 

V =.Jx2+y2 n n n (A.5) 

(A.6) 
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APPENDIX (B) 

Artificial Neural Network 

An artificial neural network (ANN) is a connection of many neurons that mimic the 

biological system with the help of electronic computational circuits or computer 

software. It is also defined as neuro-computer or connectionist system in the literature. 

An artificial neuron, called neuron or processing element (PE), is a concept of 

simulating the biological neuron. Fig. B. l shows the structure of an artificial neuron. 

The input signals X1, X2, X1, ....... , Xn are normally continuos variables, but can also be 

discrete values. Each input signal flows through a gain called weight or connection 

strength. The summing node accumulates all the input weighted signals (activation 

signal) and then passes it to the output through the transfer function. The transfer 

function can be step or threshold function (passes logical 1 if the input exceeds a 

threshold, else 0), signum function ( output is + 1 if the input exceeds a threshold, else -

1), or linear threshold (with output clamped at +l). The transfer function can also be a 

nonlinear continues type, such as sigmoid or hyperbolic tan. The most commonly used 

function is the sigmoid function and is given by 
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1 
g(u)=---

1 + e-au 
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where a is the coefficient that determines the slope of the function that changes between 

the two asymptotic values (0 and + 1). These transfer functions are also known as 

squashing functions, because they squash or limit the output between the two 

asymptotes. 

Neural networks can be classified as feedforward ( or layered) and feedback ( or 

recurrent) types, depending on the interconnections of neurons. A network can also be 

defined as static or dynamic, depending on whether it is simulating static or dynamical 

systems. Fig. B.2 shows the structure of a feedforward multilayer network with n-input 

and n output signals (the number of input and output signals may be different). In this 

network, one layer of neurons forms the input layer and a second forms the output layer, 

with one intermediate or hidden layers existing between them. It is assumed that no 

connections exist between the neurons in a particular layer. 

g;(.) 
Neuron 

Inputs x, -=f= output 
Y; 

Sigmoida! 
function 

Fig. B.l Basic artificial neuron model 
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The input and output layers have neurons equal to the respective number of signals. 

The input layer neurons do not have transfer functions, but there is a scale factor in each 

input to normalize the input signals. The number of hidden layers and the number of 

neurons in each hidden layer depend on the complexity of the problem being solved. 

The input layer transmits the computed signals to the first hidden layer, and 

subsequently the outputs from the first hidden layer are fed, as weighted inputs, to the 

second hidden layer. This construction process continues until the output layer is 

reached. Network input and output signals may be logical (0, 1), discrete bi-directional 

(±1) or continuos variables. The sigmoid output signal can be clamped to convert to 

logical variables. It is obvious that such structure (parallel input parallel output) makes 

the neural network a multidimensional computing system where computation is done in 

a distributed manner. 

For a feedforward neural network described earlier, weight learning is most 

commonly carried out by the method of backpropagation. Backpropagation learning 

rule alters the weight matrices between the output-hidden-input layers in a backward 

fashion. It carries out a minimization of the mean square error between the network 

outputs and a set of desired values for those outputs namely di (i = 1, • • ·, n). 
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Fig. B.2 Structure of feedforward neural network 

An appropriate error function is give by: 

1 n T 
E(W) = 2 ~(d; -y;) (di - Y;) 

and this error, on the output must first be minimized by a best selection of output layer 

weights. Once the output layer weights have been selected the weights in the hidden 

layer next to the output can be adjusted by employing a linear backpropagation of the 

error term from the output layer. This procedure is followed until the weights in the 

input layer are adjusted. 

Backpropagation rule uses out steepest descent corrections on the given weight 

matrices and its step-by-step procedure can be summarized as [B.1]: 

Consider a network with M layers (m = 1, 2, ... , M) and use y~ for the output of the i1
h 

unit in the mth layer. y~ will be synonym for X;, the ith input. Let m 
W,:; mean the 

connection from y;i-• to y;'. Then the backpropagation procedure is: 
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1) Initialize the weights to small random values. 

2) Choose an input pattern X; and apply it to the input layer (m=O) so that 

Y? =x. for all n 
l I 

3) Propagate the signal forwards through the network using 

y'; = g(ht) = g(~. w;y;n-L) 
j 

for each i and m until the final outputs y ;M have been calculated. 

4) Compute the deltas for the output layer 

by comparing the actual outputs with the desired ones d; for the corresponding input 

pattern. 

5) Compute the deltas for the proceeding layers by propagating the errors backwards 

form= M, M-1, .. . , 2 until a delta has been calculated for every unit. 

6) Use 
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( 11 = learning rate parameter) to update the connections according to w;~ = w;14 + Awij 

7) Go back to step 2 and repeat for the next pattern. 

References 

[B.lJ J. Hertz, A. krogh and G. P. Richard, "Introduction to the theory of neural 

computation,,, Addison-Wesley Publication Company, 1991. 
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APPENDIX (C) 

System Parameter and Controller Design Procedure 

Supply Voltage Em=170 V 
Line inductance =0.72 mH, 
Line resistance = 0.272 Q 

Output Capacitor= 2.65 µ F. 
de-side inductance=30 mH. 
de-side resistance=0.38 Q 
Fundamental frequency = 60 Hz. 
de-side current ( 1:C ) =ISA, 

cp· =0.0, 
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Using the above system parameters and equation set (7.19), the matrices A, B, C and D can be 

detennined as: 

0 63986. 7 377360 -6126 -25346 

-2.22 0 3.58 2240 24.89 

A= -1388.9 -379.83 -377.78 379.83 0 

222 -233974 -374.2 -377.78 0 

1.12 -31.67 0 0 -1267 

-5583340 -63374 

5483.5 -2240 

B= 0 0 

0 0 

2790.3 31.67 

C=[O 0 0 0 1] and D=[O] 
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G(s) = 2790s4 -4.316xl06 s3 +2.92lxl012 s2 -2.263xl0'5 s+7.648xla2° 
s5 + 768.2s4 + l.049xl09 s3 +4.094xl011 s2 +2.746xl017 s + 3.483xl018 

1 
H(s)=---

0.02s+l 

GH( ) 2790s4 -4.316xl06 s3 +2.92lxl012s2 -2.263xl015 s+7.648xla2° 
s 0.02s6 +16.63s5 +2.097xl07 s4 +9.237xl09 s3 +5.492xl015 s2 +3.442xla17 s+3.483xl018 

The objective is to design a controller that satisfy the following specifications: 

• Steady state error ( ess) to a unit step should be less than 5%. 

• Phase margin of the compensated system should be more than 50°. 

Procedure: 

1. Use the final value theorem to calculate the low frequency gam k 

required to achieve ess specifications. For a type O system and a unit step 

:. kp = 219.55k 

and 

e = 1 ~0.05 
ss 1+ 219.55 

=> k =0.087 

2. Make the Bode plot of kGH (s) 
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Bode Diagrams 

From: U(1) 
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Fig. C.l: Bode diagram of kGH(s) transfer function 

3. find the frequency w:at which the uncompensated phase margin is 

lkGH(jw:) = -180° +</)~ +8 

=-180° +50+5 = -125° 

Therefore, from Bode plot of kGH(s), shown in Fig. C.l, 

w: = 50 rad I sec and, 
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4. The gain reduction required to make w: (the new zero crossover 

frequency) is equal to 9 dB . 
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. l_!_I = -20 log10 (a) = -9 dB 
1.e. a dB • 

:. a = 10¼ = 2.82 

5. place the zero one decade below (JJ: 

.-. .!_ = (JJ: = 50 = 5 
-r 10 10 
⇒ -r =0.2 

:. Gc:(s) = 0.087( 1 + O.Zs ) 
1 + (2.82)(0.2)s 

0.0174s + 0.087 
0.564s+l 
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APPENDIX (D} 

Cost of electricity according to waterloo North Hydro: 

• The first 250 kWh/month, 

• The next 12,000 kWh/month, 

• The next 1,851,350 kWh/month, 

• Above 1,863,600 kWh/month, 

APPENDIX (E) 

• Conduction Losses: 

Pcond, Joss= 2 (switches) X Lie X Vr 

Vr = Fonvard voltage drop of an IGBT. 

• Switching Losses: 

$0.121/kWh, 

$0.078/k:Wh, 

$0.057/kWh, 

$0.078/k:Wh. 

Pswitch, loss= 4(switches) X [1/2 X VoFF X IoN X fsw X (toN + toFF)] 

V OFF= Half-cycle average of the voltage across IGBT during OFF-period 
= Half-Cycle average of line voltage 

IoN = Current through IGBT during ON-period 
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