
University ofSaskatchewan

An Iterative Technique for Real Time Tracking of
Power System Harmonics

A Thesis Submitted to the College of

Graduate Studies and Research

in Partial Fulfillment of the Requirements

for the Degree ofMaster of Science

in the Department ofElectrical Engineering

Saskatoon

By

Pathmakumar Jeffrey Pooranalingam

Fall 2002

© Copyright Pathmakumar Jeffrey Pooranalingam, 2002. All rights reserved.



Permission to Use

In presenting this thesis in partial fulfillment of the requirement for a Master of

Science degree from the University of Saskatchewan, the author agrees that the Libraries

of this University may make it freely available for inspection. The author further agrees

that permission for copying of this thesis in any manner, in whole or part, for scholarly

purpose may be granted by the professors who supervised the thesis work or, in their

absence, by the Head of the Department or the Dean of the College in which the thesis

work was done. It is understood that any copying or publication or use of this thesis or

parts thereof for financial gain shall not be allowed without the author's written

permission. It is also understood that due recognition shall be given to the author and to

the University of Saskatchewan in any scholarly use which may be made of any material

in this thesis.

Requests for permission to copy or to make other use of material in this thesis in

whole or part should be addressed to:

Head of the Department of Electrical Engineering,

University of Saskatchewan,

Saskatoon, Saskatchewan, Canada S7N SA9



Abstract

Since the power quality became a serious concern for the utilities and consumers,

harmonic monitoring has been of vital importance. A number of algorithms for

estimating harmonics have been proposed in the past. Due to various power system

conditions and number of computations involved, these algorithms are not suitable for

real-time harmonic estimation. A short study of pitfalls in these techniques and their

effect on harmonic estimates are presented.

The thesis describes an iterative technique based on orthogonal filters and frequency

tracking to estimate harmonic components in power systems. The technique use

frequency interpolation to estimate fundamental frequency and harmonics when the

nominal frequency of the signal is a non-integer value. Due to the number of

computations involved during the generation of filter coefficients, off-line computations
are suggested. The beneficial features of the proposed technique include fixed sampling
rate and fixed data window.

The performance of the proposed technique was studied by simulating different

power system operating conditions and data from these simulations were used for

evaluations. FFT based technique was also applied to estimate harmonic components for

all the simulated signals. These estimates were compared with those obtained from the

proposed technique. It has been shown that the proposed technique can converge to

accurate fundamental frequency and therefore, provide accurate harmonic estimates even

when the fundamental frequency is not equal to the nominal frequency.
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The proposed technique was implemented using general-purpose relay hardware. The
hardware and software constituents of the prototype are presented in this thesis. The

procedure for testing the implemented system by using a playback simulator is reported
and selected test results are included.
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1. Introduction

1.1 Background

The widespread applications of power electronic devices have increased the harmonic

distortion in power system voltage and current waveforms. Advances in semiconductor

device technology have fueled a revolution in power electronics over the past decade, and

there is every indication that this trend will continue. The distortion of concern is the non

fundamental periodic voltages and currents resulting from the steady state operation of

nonlinear elements connected to the system [2] and that during disturbances and faults.

Steady state harmonic distortions are caused by nonlinear devices in a power system.

A nonlinear device is one in which the current is not proportional to the applied voltage.

Figure 1.1 illustrates this concept by applying sinusoidal voltage to a simple nonlinear

resistor in which the voltage and current vary according to the curve shown. While the

applied voltage is perfectly sinusoidal, the resulting current is distorted. Increasing the

voltage by a few percent may cause the current to double and take on a different shape.

This, in essence, is the source of harmonic distortion in the power system.

In high voltage generating, transmission and distribution systems, there are many

possibilities to generate transient harmonics during faults and disturbances. Nonlinear

branches, such as magnetizing reactance in transformers can produce harmonics as a

consequence of saturation effects during faults and disturbances. The severity of transient

corruption depends on network type, fault type, fault location, fault sequence, switching

type, sequence impedance ratio( Zo /ZI)' fault incident angle etc. [38].

- 1 -



t Nonlinear Resistor

v

Figure 1.1 Current distortion caused by nonlinear resistance [1].

Distorted waveform can be expressed as a sum of sinusoids. That is, when the

waveform is identical from one cycle to the next, it can be represented as a sum of pure

sine waves in which the frequency of each sinusoid is an integer multiple of the

fundamental frequency of the distorted wave.

1.2 Nonlinear Loads

A nonlinear load is one in which the current through the load is not proportional to

the applied voltage. These loads can be divided in to the following categories:

1.2.1 Single-Phase Power Supplies

Electronic power converter loads with their capacity for producing harmonic currents

now constitute the most important class of nonlinear loads in a power system. A major
harmonics concern in commercial buildings is that power supplies for single-phase
electronic equipment will produce too much distortion for wiring. The percentage of load

which contains electronic power supplies is increasing at dramatic pace, with the

-2-



increased utilization of personal computers. These equipment include electronic power

supplies, de motor drives, battery charges and many other rectifier/inverter applications
[1 ].

1.2.2 Three-Phase Power Converter

Three-phase electronic power converters differ from single-phase converters mainly
because they do not generate third harmonic currents [1]. But, they can still be significant
sources of harmonics.

1.2.2.1 DC Drives

Rectification is the only step required for de drives. Therefore, they have the

advantage of relatively simple control systems. DC drives offers a wider speed range and

higher starting torque. Most de drives use the six-pulse rectifier. The two largest
harmonic currents for six-pulse drive are the 5th and 7th order harmonics[l].

1.2.2.2 AC Drives

In ac drives, the rectifier output is inverted to produce a variable-frequency ac voltage
for the motor. AC drives generally use standard squirrel cage induction motors. These

motors are relatively low in cost, and require little maintenance. Synchronous motors are

used where precise speed control is critical [1].

1.2.3 Arcing Devices

This category includes arc furnaces, arc welders, and discharge type lighting

(fluorescent, sodium vapor) with magnetic ballasts. The arc is basically a voltage clamp
in series with a reactance that limits current to a reasonable value. The main harmonic

- 3 -



distortion comes from the behavior of the arc. However, some magnetic ballasts, which

are used to limit currents in fluorescent lighting, are additional sources of harmonics.

1.2.4 Saturable Devices

Equipment in this category includes transformers and other electromagnetic devices

with a steel core, including motors. Harmonics are generated due to the nonlinear

magnetizing characteristics of the steel (Figure 1.2).

Voltage

1000/0
"Knee"

Current

Figure 1.2 Magnetizing characteristic [1].

Power transformers are designed to normally operate just below the "knee" point of

the magnetizing saturation characteristic. Although transformer exciting current is rich in

harmonics at normal operating voltage, it is typically less than 1 percent of rated full-load

current. But, it can be noticed that, distortion is significant when the load is low.

Motors also exhibit some distortion in the current when overexcited, although it is

generally of little consequence. However, some single-phase motors can have a nearly

triangular waveform with significant 3rd harmonic.
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1.3 Harmonics due to Faults and Disturbances

During the first few cycles following a power system fault, the current and voltage

signals are badly corrupted by existence of DC offset, low and high frequencies, apart
from the fundamental frequency component.

When a fault occurs in a transmission line, voltage and current signals get affected

due to travelling waves and resonance, [37]. Depending on network configuration, fault

location, transmission line length and fault type (phase-phase or phase-ground), dominant

non-fundamental frequencies varies in the faulted current and voltage signals. The worst

corrupted waveforms are produced when the fault is far out in the line. The dominant

non- fundamental frequencies for these types of signals are observed to be closer to

fundamental frequency, which could cause incorrect operation of the protective relays

[37]. Further, an arcing fault with high degree voltage-current non-linearity also could

produce harmonics.

During a fault, magnetizing reactance in transformers can generate harmonics before

steady state is reached. This possible condition occurs in a system when the transformer

with non-linear magnetizing reactance is operating in the saturation region during fault

transients.

1.4 Effects of Harmonic Distortion

The effect of current and voltage distortion may be divided into three general

categories:

1. Thermal stress due to current flow.

2. Insulation stress due to voltage and current effects.

3. Disruptions.

- 5 -



1.4.1 Thermal Stress

The flow of harmonic current will lead to excess heating in all equipment. This heat

can be expected to raise equipment temperature, and leads to reduced insulation life. A

significant portion of the system load has impedance characteristics consisting of passive
resistive or RL networks. These include, for example, incandescent lighting and

resistance type heating. It can be noted that distortion can shorten the bulb lifetime.

Motors can be significantly impacted by the harmonic voltage distortion. Harmonic

voltage distortion at the motor terminals is translated into harmonic fluxes within the

motor. Harmonic fluxes rotate at a frequency different than the rotor synchronous

frequency, basically inducing high-frequency currents in the motor. Additional flux not

only induces additional losses, but also decreases efficiency (heating, vibration, and high

pitched noises).

Harmonic distortion of the current as well as the voltage will contribute significantly
to additional heating in transformers. Harmonic currents may result in the transformer

rms current being higher than its capacity. Which leads to an increase in conductor losses.

Eddy-currents, which are induced by the magnetic flux, flow in the winding, in the core,

and other conducting bodies subjected to the magnetic field of the transformer and cause

additional heating.

The effect of the harmonic components on the capacitor bank is to cause additional

heating and losses.

- 6 -



1.4.2 Insulation Effect

Over voltage can be expected to lead to the interception of corona, insulation

degradation, and breakdown. Capacitors appear to be the most sensitive load equipment,
with steady state peak voltages limited to values less than 20% greater than the rated

values to prevent corona inception [2].

1.4.3 Disruption

Disruption is defined as the abnormal operation or failure of equipment due to voltage
or current distortion, other than thermal and insulation effects. Disruption effects can

generally be classified as resulting from equipment operation under distorted conditions

when the device is designed to operate from an undistorted waveform. Disruption effects

encompass a wide range of equipment.

Harmonic components can affect the current interruption capability of the switchgear

[2] and also, can attribute to the inability of the blowout coils to operate. A significant
level of harmonic current in a fuse causes excess heating, which cause shifts in the time

current characteristic of the device. This can be particularly noticeable during low

magnitude faults.

Metering and instrumentation are affected by harmonic currents particularly if

resonant conditions occur which cause high harmonic voltage on the circuit. Induction

disc devices watthour meters and overcurrent relays are designed to monitor only
fundamental current, but harmonic currents from non-linear loads and/or phase
unbalances caused by harmonic distortion can cause erroneous operation of these devices.

- 7 -



External distortion can lead to the disruption of the converter operation and disruption
of the converter load operation. Converter disruption can result from shifted firing angle
due to the control system error resulting from harmonics or from overheating effects.

Power system harmonics may affect relays in various ways leading to possible relay

misoperation. Relays that depend on crest voltages and/or currents or voltage zeroes for

their operation are obviously affected by harmonic distortion on the wave. The presence

of excessive zero sequence third harmonic current can cause ground relays to false trip

[2]. Studies have shown that relays exhibit a tendency to operate slower and/or with

higher pickup values rather than to operate faster and/or with lower pickup values.

Harmonics can impair the high speed operation of differential relays. Several tests

indicated that the relays could exhibit complete restraint. However, microprocessor-based

relays implement protection algorithms that can avoid the adverse effect of harmonics.

1.5 A Microprocessor-Based Relay

A microprocessor-based relay acquires samples of voltages and currents. It then uses

digital signal processing techniques to calculate the required parameters of the system by

using the appropriate algorithm.

The block diagram of a typical stand alone microprocessor-based relay is shown in

Figure 1.3. The major components are an analog input subsystem, a digital input

subsystem, a digital output subsystem, a microcomputer and a power supply.

The inputs to a microprocessor-based relay consist of analog and digital signals taken

from the power system. The system voltages and currents are applied to the analog input

subsystem. The outputs from the subsystem are fed to the analog interface of the

microcomputer. The digital input subsystem receives the status of circuit breakers and

isolators. The relay decisions or estimations are displayed or conveyed to the power

system through digital output subsystem.
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I Power System

� r � , � r

Analog Input Digital Input Digital Output
Subsystem Subsystem Subsystem

i
--------- ----------------------- t-----t-----------------------------------� , �

Analog Registers and
RAM ROM

Interface Chip Memory

I Control CPU I Communications I
,H,

-------- -------------------------------------------- -------------- ------

n
Micro-computer

"

Power Other Devices

Supply

r--

Figure 1.3 Block diagram of a microprocessor-based relay.
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The microcomputer consists of a central processmg unit, non-volatile memory

(ROM), random access memory (RAM), analog interface, communication hardware and

suitable software. The voltages and currents are sampled and quantized, and are fed into

the microcomputer. ROM is used for storing relay programs and settings. The relay

algorithm is executed in the central processing unit.

Communication facilities are provided to share information with other relays and

devices. Digital relays are usually powered from the station battery which is provided
with a battery charger. This ensures relay operation during outages of the station ac

supply.

A microprocessor-based relay can perform as well as or better than its

electromechanical and solid-state counterparts. The self-diagnosis routines implemented
in the relay software are repeatedly executed to detect failures to allow timely corrective

actions. This makes microprocessor-based relays more reliable than their

electromechanical and solid-state counterparts. The relay algorithm can be changed using
communication interface. Moreover, flow of input data in the relay hardware can be

controlled by relay software when trouble arises in normal input path. These make a

microprocessor-based relay more flexible and reliable in operation.

A microprocessor-based relay can store data, which can be used for analysis of events

and improved maintenance ofpower systems.

1.6 Objectives of the Research

Due to the increased presence of harmonics and its effects in the modem power

system, the necessity for real-time monitoring and analysis of variations of harmonics is

widely felt. A literature survey revealed that most of the work done in harmonic
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estimations have limitations particularly during frequency drift and presence transients.

Also some of the recently proposed algorithms demand large amounts of computations.

The objective of the proposed research is to develop a technique for real-time

estimation of power system harmonics and implement it using a general purpose relay
hardware. The technique should provide accurate estimations for distorted waveforms

and frequency drifts normally encountered in power systems.

1.7 Outline ofthe Thesis

This thesis is organized in six chapters and four appendices. The first chapter
introduces the subject of the thesis and describes its organization. It also presents a brief

introduction to power system harmonics, generation of harmonics, effects of harmonics

in power system loads, and an introduction to microprocessor-based relays.

Chapter 2 gives an overview of the previously proposed algorithms for harmonic

estimations. Limitations associated with these techniques are outlined and are briefly
discussed based on theoretical and practical aspects. The widely used DFT and FFT

based techniques are further emphasized by analyzing examples.

A new iterative technique for harmonic estimation is developed and described in

Chapter 3. Theoretical basis of the technique, design of orthogonal filters and their use

in frequency and harmonic estimations are described. An algorithm based on the

technique is presented and the procedural steps involved in the algorithm are described.

This chapter presents an iterative procedure for practical implementation of the

technique and also details the off-line and on-line computations.
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The technique was tested using the voltage and current waveforms obtained from

simulations in which various power system conditions were considered. Chapter 4

describes different power system conditions and their effect on waveforms. The proposed

technique was programmed using SUN workstation in MATLAB programming
environment. Distorted waveforms were generated for simulation purposes, and their

existence conditions in an actual power system are explained. Results obtained using the

simulated data for various case studies are illustrated and discussed in the chapter.
Estimates obtained from the proposed technique were compared with those obtained from

FFT based technique and error analyses are done.

The proposed technique was implemented in a general-purpose relay hardware.The

hardware and software used for the implementation are described in Chapter 5. The

testing procedure for the implemented system is also described in this chapter. Test

results are reported.

A brief summary of the thesis and conclusions drawn from the work reported in the

thesis are outlined in Chapter 6.

This thesis also contains four appendices. Appendix A presents the Least Error

Squares (LES) algorithm which was used for estimating phasors of the fundamental

frequency and magnitudes of the harmonic components. Appendix B illustrates and

explains the structure of the look-up table. The Look-up table contains filter coefficient

values of fundamental and harmonics components for the considered fundamental

frequency range. Appendix C illustrates orthogonal filter responses for the higher
harmonics discussed in Chapter 3. These filters are designed to extract the high order

harmonic real and imaginary component once the frequency is estimated. Real-time

application software testing is presented in Appendix D.
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The following contributions were made by this research project.

• An iterative technique for harmonic estimations in power systems was developed.
From the comparisons, it was proved that proposed technique is accurate than the

commonly-used FFT based technique.

• The performance of the technique was evaluated for a variety ofpower system

signals and is presented in Chapter 4.

• The proposed technique was implemented and tested using a general-purpose

relay hardware and a real-time play-back simulator. The details are reported in

Chapter 5.

1.8 Summary

This chapter has presented an introduction to harmonics in power systems. Effects

and effected loads are named, and are, briefly described. Block diagram of a typical relay
is illustrated and its basic components are explained. The organization of the thesis is

outlined and the specific contributions made by this research project are also included.
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2. Harmonic Estimation Techniques

2.1 Introduction

Since the power quality has become a serious concern for the utilities and

consumers, harmonic monitoring has been of vital importance. The necessity of

estimating harmonics was discussed in Chapter 1. As stated in Chapter 1, the objective
of this project is to develop a technique to estimate harmonics in real time. A number of

algorithms for estimating harmonics, have been proposed in the past. These algorithms
use a variety of approaches Discrete Fourier Transform and Fast Fourier Transform [16],
Kalman filtering [4] and Artificial Neural Networks [6]. This chapter briefly reviews

these techniques. A short study of pitfalls in these techniques and their effect on

harmonic estimates is also presented in this chapter.

2.2 Discrete and Fast Fourier Transform

Most harmonic analysis algorithms are based on Fast Fourier Transform (FFT) and

Discrete Fourier Transform (DFT) to obtain the voltage and current frequency spectrum

from discrete time samples.

If N samples are taken over a full period of the fundamental frequency, the sampling

frequency will be multiple of the fundamental frequency. Reference' waveforms are

selected by considering sine and cosine functions of the smallest frequency of interest. By

computing matrix multiplication for one data window samples with weights of the

reference waveforms and dividing them by half the number of samples in the data

window, real and imaginary parts of the phasor that represents the component (of the

reference waveform) in the signal can be derived. The reference waveforms can be

generated by assuming that the time is zero at the first sample. The reference waveforms

remain fixed for each data window.
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A continuous sinusoidal signal vet) which, contains N12-1 order harmonic

components can be described with the following equation:

N12-1

vet) = IAn.sin{nmot)
n=l

(2.1)

where,

mo is the fundamental frequency in rad/sec,

A is the peak value,

If sampling frequency is N times in a fundamental frequency period (T), then a

sample period is equal to TIN After sampling the signal v(t) (Equation 2.1), kth sample
can be described as:

(2.2)

Fundamental frequency and harmonic complex phasors contain real and imaginary

parts. Following equations describe the derivation of the fundamental frequency and

harmonic components of the k" sample using DFT.

2 k

(2;if; n)Vr(k) = - I v(n).cos _o_
N n=k-N+l N

(2.3)

2 k

(2;if; n)� (k) = - I v(n).sin _o_
N n=k-N+l N

(2.4)

2 k

(2;if; hn)Vr(hk) = - I v(n).cos °

N n=k-N+l N
(2.5)
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� (hk) =.3_ :t V(n).sin(2:ifohn)N n=k-N+! N
(2.6)

where

Vr(k) and Vr(hk) are the real parts of the fundamental frequency and hth harmonic

components of the signal at time t=k L1t , and

�(k) and �(hk) are the imaginary parts of the fundamental frequency and hth

harmonic components of signal at time t=k Llt .

Figures 2.1 and 2.2 show the frequency response of DFT filters for estimating the real
and imaginary parts of the fundamental and 5th harmonic components. Fundamental

frequency is considered as 60 Hz and sampled at 720 Hz.

(a) Frequency response of the real part.

r>.

/ \
(a) Frequency response of the imaginary part.
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Figure 2.1 Frequency responses of a DFT filter for estimating the fundamental

frequency components.

.>.
/ \

\

(a) Frequency response of the real part.

(b) Frequency response of the imaginary part.

Figure 2.2 Frequency responses of a DFT filter for estimating the 5th harmonic

components.

The fundamental frequency and 5th harmonic peak values and phase angles at t=kM

can be expressed as follows:

Vp (k) = �Vr 2 (k) + V/ (k)

O(k) = tan-1(V;(k)]Vr(k)

(2.7)

(2.8)

(2.9)
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B(5k) = tan-,(V,(5k))Vr(5k)
(2.10)

where

Vp(k) and Vp(5k) are the peak values of the fundamental frequency and 5th harmonic

B(k) andB(5k)

components,

are phase angles of the fundamental frequency and 5th harmonic

components.

FFT is a very efficient algorithm to evaluate the Fourier transform. This algorithm
becomes considerably more efficient when a large number of data in a discrete sequence

needs to be transformed into frequency domain. For example, total number of

calculations for N point DFT is N 2 and for FFT, it is Nlog 2 N. In FFT, the number of

sampled values in a cycle should be chosen to be a power of 2.

George and Bones [16] applied FFT based technique to determine harmonic power

flow. Their paper describes how data from typical data acquisition system may be

processed using the Fast Fourier Transform and discusses how to avoid errors by skewing
and windowing. As for the data acquisition system, they preferred using sequential

sampling over synchronous sampling due to the hardware cost. Then, they computed time

error between channels, which depends on the system sampling rate. A discrete

correction is done appropriately which adjusts the phase angle at individual harmonics.

To decrease the spectral leakage error windowing is used. Hanning window function was

suggested to pre-process the sampled values in the time record. This window function

yields filter characteristics and extends peak responses. It also rapidly attenuates the side

lobe amplitudes.

Hart, Novosel, Hu, Smith and Egolf [17] recently proposed a technique based on

Discrete Fourier Transform. The technique uses variable window length for tracking
fundamental frequency. Filter coefficients are stored in a look up table inside the DSP
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processor and appropriate values are taken for computations according to frequency
fluctuations. The final estimation is computed by averaging the estimations.

2.3 Kalman Filter

The DFT and FFT algorithms are essentially non recursive digital filters. These filters

use finite length windows. The Kalman filter [18] on the other hand is a recursive filter

whose output depends on the present input and as well as past inputs. The Kalman filter

differ from other filtering algorithms used in power systems in that its gain coefficients

vary with time.

The Kalman filtering technique is one of the methods, well known to control and

communication engineers, that can be used for conditioning data and estimating phasors
from noisy measurements. In most systems, the variables (also called states) may change
in predictable ways, although random events may cause unexpected changes in the values

ofthe states. The procedure of designing a Kalman filter consists of the following steps:

(i) Develop a state space model of the signal to be processed including the changes
which may occur in the system operating states. The model includes state

transition and output equations.

(ii) Identify the statistical properties of the signal. The design of a Kalman filter is
based on the statistical properties of the signal that is to be processed.

(iii) Evaluate the Kalman gains which minimize the square of the expected errors

between values of the actual and estimated system states.

(iv) Implement the filter using the calculated Kalman gains.

The Kalman filtering technique is applied to a state space model of the system.

The model includes state transition and output equations. The state transition equations
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for the estimate of a voltage phasor at time (n + l)M in terms of phasor at time nM are

as follows:

[V(n + 1)] = [P][V(n)] + [Q][L'1V(n)] (2.11)

[Vs (n)] = [C][V(n)] + [ben)] (2.12)

The terms used in Equations (2.11) and (2.12) are defined as follows:

is the state vector composed of the real and imaginary components of the

voltage phasor at the instant nM seconds.

is the value of the voltage sampled at the instant ntst .

is the change in the voltage phasor from time (n -l)M to time nca .

is the state transition matrix. It advances the phasor by one sampling interval.

is the driving function matrix which advances the changes [L'1V(n)] by one

sampling interval.

[C] defines the relationship between the instantaneous sampled voltage and its

[V(n)]

Vs(s)

[L'1V(n)]

[P]

[Q]

phasor representation.

ben) is the noise at time ntst .

The design of Kalman filter is based on the statistical property of the signal that is

to be processed. The time varying filter coefficients, called Kalman gains, are

calculated to minimize the square of the expected errors between the values of the actual

estimated systems states. The Kalman gains, K(n), can be calculated by recursively

solving the following equations.

[K(n)] = [M(n)][Cf[[C][M(n)][Cf + [B]r1 (2.13)
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(2.14)[Zen)] = [[J]-[K(n)][C]][M(n)]

[M(n + 1)] = [P][Z(n)][Pf + [Q][u][Qf (2.15)

where

is an identity matrix.

are the Kalman gains at time nM .

is the state estimation error of the covariance matrix.

is the covariance matrix of the single step transition errors.

is the covariance matrix of the noise inputs [ben)].
is the covariance matrix of the [�V] inputs.

[1]

[K(n)]

[Zen)]

[M(n)]

[B]

[U]

The Kalman filter equation which estimates new values of the state variables, is as

follows:

[V(n)] = [P][V(n -1)] + [K(n)][Vs (n) - [C][P][V(n -1)]] (2.16)

The symbol 1\ indicates that voltages are calculated estimates. This equation gives
the estimate for the state vector based upon the predicted values adjusted by the product
of the Kalman gains and the difference between the measured and estimated voltages.
The response of the filter depends on the values of the Kalman gains for the various

states.

Sachdev, Wood and Johnson [18] explained the Kalman filtering technique in

power system terminology and demonstrated its application for estimating phasors

representing voltages and currents. They also developed eleven state Kalman filter to

estimate first five harmonics and decaying DC. Initially, they decided the sampling rate

and the number of harmonics to be estimated and they used an eleven state model [18].
For this case, the Kalman filter design must include components of the fundamental
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frequency, the second through 5th harmonic components and a decaying DC. Reference

[18] estimated initial values for state vector by considering post fault expected values,

pre-fault values and estimates derived from pre faulted values. Girgis, Chang and

Markam [4] proposed a technique based on Kalman filter recursive algorithm for the

optimal tracking of harmonic components with time varying magnitudes.

2.4 Artificial Neural Networks

Lai, Tse, Chan, and So proposed a neural network based technique [4]. They used

Hopfield type feedback neural networks for real-time harmonic estimation.

Consider the following expansion of a voltage signal in power system with Nh order

harmonic components.

N

vet) = LAn sin(2nnft + On)
n;l

N

= �.::can sin(2nnft) + b; cos(2;mft))
n;l

(2.17)

where

vet) is the sampled data of the signal at time t.

An peak value of the nth harmonic component

an,bn real and imaginary components of the nth harmonic component.

Assume that there are m measuring samples, where i= 0 to m-l. The objective is to

estimate the values of an .b, andfin Equation (2.17) with minimized total squad error, E:

m-l N

E = L(v; -L(an sin(2nnft) +bn cos(2nnft)))2
;;0 n;l

(2.18)
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E can be minimized with respect to the amplitude vector, g, and frequency scalar f

along with the optimization time scale, t, by implementing a dynamic gradient system, as

shown below:

df
- = - fl/'\1E(f)dt

(2.19)

where,

flrn diagonal step size matrix

flf frequency step size.

Three typical elements of VE can be derived as shown below:

(2.20)

where

N

Io = I(an sin(2mzft)+bn cos(2mzft))
n=!

N

R = t,I k(-bn sin(2mzft) + an cos(2mzft))
n=!

The proposed neural network implementation determines simultaneously the supply

frequency variation, the fundamental amplitude/phase variation as well as the harmonics

amplitude/phase variation. The distinctive feature is that the supply frequency variation is

handled separately from the amplitude/phase variations. Optimization comes with two
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major blocks, (Equation 2.19) the first block handling g while the second block handling

f Initial fundamental frequency is assumed at the beginning in the first block to estimate

the amplitudes and the values were fed in to the second block to compute frequency. The

block diagram of the neural network is shown Figure 2.3.

sin(2;ift; )
cos(2;ift; ) al

ti sin(2nnfti)

a

sin(27rNft; )

f

Z-I

Z-I

Z-I

Z-I

sin(27rNfti) I----{

sin(2;ifti)
cos(2;ift; )

sin(2nnft; )

f

Figure 2.3 Neural network system for frequency and harmonic estimation.
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2.5 Study of Pitfalls

There are numerous pitfalls associated with FFT, Kalman filtering and Artificial

neural network based techniques. Although theses techniques are proposed in past and

DFT and FFT techniques are currently used in some power system applications, they
have limitations which could lead to errors in estimations

2.5.1 Discrete Fourier Transform and Fast Fourier Transform

Inappropriate application of FFT and DFT algorithm would lead to incorrect

estimations [4]. There are assumptions embodied in the application of DFT and FFT.

These assumptions are:

• The signal is stationary (constant fundamental frequency);

• The sampling rate is equal to number of samples multiplied by the assumed

fundamental frequency by the algorithm;

• The each frequency in the signal is an integer multiple of the fundamental frequency.

There are two major pitfalls in the application of FFT; namely, picket-fence effect

and spectral leakage [5]. The picket-fence effect occurs when the analyzed waveform

includes a frequency which, is not an integer times the fundamental frequency. During
fault or disturbances in the power systems, transients produce decaying DC component.

This could lead to estimation errors. Spectral leakage arises due to the truncation of the

sequence such that a fraction of a cycle exists in the analyzed waveform. Modem data

acquisition systems usually employ fixed sampling rate and data window. If the sampled
waveform does not contain an integer number of samples per integer number of cycles,
the results of the DFT and FFT will include errors. The resulting errors are known as

spectral leakage [5]. The two main errors caused by spectral leakage are:
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• A reduction in main lobe output, and

• Contributions from neighboring harmonics.

Since modem data acquisition system usually has fixed sampling rate, the window

length is constant and this leads to spectral leakage. The magnitude of spectral leakage
error in harmonic estimations depends on:

• The deviation from the actual to nominal fundamental frequency.
• The shape of the filter characteristic.

• The size of the neighboring harmonics.

• The desired harmonic number.

For example a 0.4 Hz deviation in the fundamental frequency will result in 4 Hz

deviation at the 10th harmonic. So the spectral leakage error will get worse as harmonic

number increase. Examples are given below to explain how incorrect results can be

obtained from FFT and DFT techniques due to spectral leakage.

Consider a voltage signal having only 60Hz component with a rising amplitude. This

signal is expressed in Equation (2.21) as:

(2.21)

where

Al = 1.0,

A2= 0.8,

a =60,

£Vo = 2.7r60 .

- 26-



The signal is shown graphically in Figure 2.4. The FFT algorithm was applied to the

samples of the above mentioned signal (Equation 2.21). The sampling rate is 32*60 Hz

and data window size is 32 samples (one cycle).

0.8

0.6

0.4

� 0.2
<I)

� 0

� -0.2

.0.4

-0.6

-0.8

-1
a 20 40 60 80 100 120 140

lime (msec)

Figure 2.4 A 60 Hz signal with changing magnitude.

Figure 2.5 shows the harmonic spectrum, when FFT was applied this signal. It

indicates that the signal includes harmonics of the 60Hz and a total harmonic distortion

(THD) of 33.2 percent. When a data window of 64 samples was applied in FFT

algorithm, THD was incorrectly indicated to be 31.8 percent. Figure 2.5 not only
indicates harmonic existence, but also gives error in fundamental frequency component

estimation. This effect occurs if the analyzed signal includes components which is not

one of the discrete frequencies (An integer times of the fundamental frequency). Since

these components cannot be resolved by FFT technique they leak in to other harmonic

components. A frequency lying between the nth and (n+ 1 )th harmonic components

affects primarily the phasors of the nth and (n+ 1 )th harmonic components and

secondarily the pahsors of all other harmonic components.
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Figure 2.5 FFT magnitude spectrum for a voltage signal shown in Figure 2.4(Sampling
rate of 32*60 Hz).

A second example is considered where sampling rate is kept at 1920Hz but the

fundamental frequency is decreased to 55Hz (Equation 2.22). Figure 2.6 shows the

spectral leakage in the harmonic spectrum for a unity amplitude signal with the

fundamental frequency of 55Hz. Spectral leakage refers to apparent spreading of energy

from one frequency in to adjacent ones. As mentioned before, it arises due to the

truncation of the time sequence such that a fraction of a cycle exists in the signal that is

subjected to the FFT.

Consider a voltage signal having only fundamental frequency of 55Hz component.

This signal is expressed by Equation (2.22) as:

vet) = Asin(mot) (2.22)

where

A = 1.0,

mo = 2.1r55.
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Figure 2.6 FFT magnitude spectrum for a voltage signal (Equation 2.22) with

fundamental frequency of 55Hz.

The FFT algorithm was applied to the samples of the signal (Equation 2.22). Similar

to picket-fence effect, spectral leakage causes errors in harmonic estimation. Estimation

error increases with fundamental frequency deviation from the nominal. Since the

harmonic frequency deviation depend on the order of the measured harmonic component,

higher the harmonic order more the estimation error.

Above-mentioned examples clearly indicate that blindly applying DFT and FFT may

lead to incorrect harmonic estimations. Furthermore, for FFT algorithm to be applied the

number of samples needs to be based on 2-radix or 4-radix. In the modem power systems

there will be frequency fluctuation and FFT algorithm will not yield correct estimates

during these conditions.

2.5.2 Kalman Filter

Modem day power systems are becoming complicated and constantly changed

according to different necessities. The design of Kalman filter is based on the statistical

properties of the signal that is to be processed [18]. The time varying filter coefficients,

called Kalman gains, are calculated to minimize the square of the expected error between
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the actual and the estimated system states. The Kalman filter performs optimally if the

statistical properties of the currents and voltages being processed are known, and are used

in designing the filter. Since the statistical properties are not known and are estimated, the

filter produces sub-optimal phasor estimates.

The Kalman filter theory requires that the change in the voltage phasor at successive

instants and the noise components have zero means, are white, and their amplitudes have

Gaussian distributions [18]. For inputs which satisfy these conditions, Kalman filter will

give an optimal filter design. In practical situations, the variables do not satisfy these

ideal conditions. For example, in real systems, the noise components are band limited and

are therefore, perfectly non-white. In addition, the signals often correlated signals and

therefore are not white. The random variables may not have strictly Gaussian distribution

but are assumed to be Gaussian when designing Kalman filter. This factor can also bring
in error to Kalman filter based estimations. Since the Kalman filter can not account for

the non 60 Hz components in the input signals, the filter provides an output that is not

acceptable for measurement. Selecting a larger value for the noise variance, to account

for all the non 60 Hz components, will slow the output [18].

Accuracy of the Kalman filter outputs will be seriously affected, if elements of the

system which are present but not been modeled. Fundamental Frequency variations in

power systems are common and their deviation is unpredictable. Since Kalman filter is

not modeled for frequency variations, during fundamental frequency variations,

fundamental frequency and harmonic component estimations will have errors similar to

the DFT technique (Section 2.6.1).
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2.5.3 Artificial Neural Networks

Although there were some techniques [4] proposed in the past, their accuracy and

dependability are still questionable. The main problem regarding these techniques are the

number of computations involved during optimization of fundamental frequency and

harmonic phase values.

Reference 4 proposes a double block neural network where first block is designed to

estimate fundamental and harmonic phasor values and the second is for fundamental

frequency estimation. Optimization for phasor and frequency is achieved by exchanging
estimated values. This procedure is repeated until the required optimization is achieved.

According to this technique, the two blocks will generate and update filter coefficients

corresponding to the estimated fundamental frequency, after each iteration. That means,

the number of computations involved in the technique is high. Effective online

implementation of the technique may be very expensive or even not possible by using

currently available DSP processor, due to the number of computations involved.

2.6 Summary

An overview of various techniques for harmonic estimations are discussed in this

chapter. Theories for DFT, Kalman filter and artificial neural network based techniques
are presented. The concept of spectral leakage and picket-fence effect are briefly
discussed. A study of pitfalls in the previously proposed techniques is presented in this

chapter. Examples are presented clearly to indicate that blindly applying DFT and FFT

may lead to incorrect harmonic estimations. Harmonic spectrums are given to explain the

behavior of DFT during spectral leakage and picket-fence effect conditions. A critical

analysis for Kalman filter and artificial neural networks based techniques and the

difficulties faced during implementation are also discussed in this chapter.
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3. The Proposed Technique

3.1 Introduction

The previously proposed techniques used for on-line estimation of harmonics and

their theoretical background are presented in Chapter 2. Limitations associated with these

techniques are outlined. It is shown that the commonly used technique, Fast Fourier

Transform does not provide accurate estimates when fundamental frequency of the signal
deviates from the nominal frequency. Other techniques, which do not suffer from the

above limitation, are complex and involve large number of computations. Therefore,

these techniques can not be economically implemented to perform calculations in real

time. An improved technique is needed for estimating power system harmonics.

This chapter describes a technique, which can provide accurate estimates of power

system harmonics and requires modest computations. Theoretical basis of the technique
is derived from an error analysis of the previous techniques that assume that frequency of

a power system is fixed. The proposed technique uses an iterative method to track the

fundamental frequency of a power system. It then uses the estimated frequency to select

the appropriate filters for computing various harmonics. On-line and off-line

computations involved in implementing the proposed technique are also described.

Practical issues in implementation of the proposed technique using a microprocessor -

based system, are discussed.

3.2 Error Analysis

Most previous techniques use real and imaginary parts of a harmonic component to

compute its peak value and phase angle. The orthogonal filters used for estimating the

real and imaginary parts of a harmonic component are designed by assuming the nominal

frequency as the fundamental frequency. But the use of digital filters, designed by
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assuming a specific fundamental frequency will cause error in harmonic estimates when

the fundamental frequency deviates from the assumed nominal frequency. This is

illustrated as follows:

A sin(mwt + B)

II
FI F2

Figure 3.1 Output of orthogonal digital filters.

Consider that two orthogonal digital filters, Fl and F2 designed for extracting the mth

harmonic component shown in Figure 3.1, provide output of KsAsin(mmt) and

KcAcos(mwt) for an input signal of Asin(mmt+B). K, and K, are gains of the filters

corresponding to the mth harmonic component.
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The outputs of the orthogonal filters can be combined as follows to determine the

estimated peak value, Ae.

(3.1)

This can be further reduced to

(3.2)

The peak value estimates are correct if K, = K, = 1 which provides, Ae = A. If

K, ::/:. K; ::/:.1, then the peak value estimates will not be equal to the actual value. In this

case, the outputs are time-variant. Estimates will be in the range of K,A and KcA, as

illustrated below:

Since

-1 � cos(2mwt) � +1,

when cos(2mmt) = +1,

and when cos(2mwt) = -1,

The orthogonal filters are designed to have gains equals to one at the mth harmonic of

the nominal frequency. Therefore, the estimates of the mth harmonic of signals having
non-nominal fundamental frequencies will be in error. This is illustrated in Figure 3.2

which shows the frequency responses of orthogonal filters designed for extracting the
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third harmonic component of a signal whose fundamental frequency is the nominal

frequency i.e 60 Hz. It can be observed that the gains of the orthogonal filters are equal to

one at 180 Hz i.e third harmonic component of 60 Hz.

This means that the peak value estimates of the third harmonic component will be

correct if the fundamental frequency of the signal is 60 Hz. However, if the fundamental

frequency deviates from the nominal frequency of 60 Hz, the frequency of the third

harmonic component will not be 180 Hz and the estimates will be in error. This is

because the gains of the orthogonal filter at frequencies other than 180 Hz are not equal
to 1. Figure 3.3 shows the range of peak value estimates of the third harmonic component

having a peak value of 1.0 and when the fundamental frequency varies from 40 to 70 Hz.
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0.8
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Figure 3.2 Frequency response oforthogonal filters for estimating the third

harmonic component.
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Figure 3.3 Peak value estimates of third harmonic component when the fundamental

frequency is in range from 40 to 70 Hz.

The outputs of the orthogonal filters can also be used to estimate the phase angle, Be

of the mth harmonic component, as follows:

(3.3)

It is clear from Equation 3.3 that phase angle estimate is correct when K, and K, are

equal. Therefore, at non-nominal frequencies, the phase angle estimates will be in error.

Presence of harmonics other than the harmonic component being extracted will cause

further errors because the filters are designed to eliminate nominal frequency component
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and the remaining harmonics of the nominal frequency. This can be seen from Figure 3.2

where filters are designed to extract third harmonic component of the nominal frequency
and eliminate the nominal frequency component and its remaining harmonic components.

However, when the frequency deviates from the nominal frequency the harmonics of the

non-nominal frequency are not eliminated and, therefore, it will introduce additional

errors in the estimates.

3.2.1 An Illustration

The error analysis shown in the previous section is further illustrated by estimating
the peak values of the harmonic components of a distorted signal having a fundamental

frequency of 57 Hz. The distorted signal is shown in Figure 3.4 and the values of its

various components are given in Table 3.1. In the first instance, the harmonic

components were estimated by using orthogonal filters designed by assuming a

fundamental frequency of 60 Hz. Figure 3.5 shows the actual values and the estimated

values for various harmonic components. Since the estimate starts only after the data

window is filled, 18 ms is considered as the start time. The estimates are in error because

the signal's fundamental frequency is different from that assumed while designing the

orthogonal filters. This will cause errors as discussed in Section 3.2.

Table 3.1 Harmonic component details of the signal shown in Figure 3.4.

Harmonic Component Frequency (Hz) Amplitude (V) Phase (Degree)
Fundamental 57 100 20

3ra 171 10 60

5tn 285 8 60

7tn 399 8 0

11 th 627 6 0

13th 741 5 0

19m 1083 3 0
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Figure 3.4 Distorted signal with a fundamental frequency of 57 Hz.
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Figure 3.5 Magnitude estimates of various harmonic components for a distorted signal
(Table 3.1) with a fundamental frequency of 57 Hz, by using orthogonal
filters designed assuming a fundamental frequency of 60 Hz.

However, when the harmonic components were estimated by using orthogonal filters

designed by assuming a fundamental frequency of 57 Hz, the estimates, as shown in

Figure 3.6, were correct. This is due to the fact that the gains of the orthogonal filters

designed for extracting the fundamental frequency component is equal to one at the

nominal frequency of the signal, i.e. 57Hz. These filters also eliminate the harmonic

components of 57 Hz.



Similarly, the gains of orthogonal filters designed for extracting the third harmonic

component are equal to one at 171 Hz. These filters also eliminate the fundamental

frequency (57Hz) component and the remaining harmonic components. This can be seen

from Figure 3.7. The filters designed for extracting the remaining harmonic components

also exhibit similar frequency responses.
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Figure 3.6. Magnitude estimates of various harmonic components for a distorted signal
(Table 3.1) with a fundamental frequency of 57 Hz, by using orthogonal
filters designed assuming a fundamental frequency of 57 Hz.

3.3 Basis

From the previous discussion, it is clear that accurate estimates will be obtained if

appropriate orthogonal filters are used as the frequency of a power system changes. The

filter designed by assuming the prevailing fundamental frequency should be used for

harmonic estimation. This would mean that the prevailing fundamental frequency must

also be estimated.
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Also, the window length should not change for ease of implementation. The

sampling rate should be kept constant allowing easy implementation and use of

synchronized sampling, if needed. A technique based on the above premise is developed
and described in the next section.

Real and Imaginary Responses of the Orthogonal Filter
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Figure 3.7 Third harmonic orthogonal filter response for a fundamental frequency of

57Hz.

3.4 The Proposed Technique

The technique consists of two parts. The first part is to track power system's

fundamental frequency and the second part is to determine power systems harmonics

based on the prevailing fundamental frequency. The method used for tracking power
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system frequency is based on an iterative procedure [3]. The technique considers that

samples of a signal having fundamental frequency of fa Hz are taken at a pre-specified

sampling rate. It is possible to design orthogonal filters for extracting the real and

imaginary parts of the fundamental frequency component of the signal.

The real and imaginary parts, Vrn and �n' computed using samples corresponding to

the nth data window can be used to estimate the phase angle, ()n of the fundamental

frequency phasor corresponding to the nth window by using Equation 3.4

()
n
= tan

- 1 (v in / V
m ) (3.4)

where

Vrn is the real part of the fundamental phasor and

�n is the imaginary part of the fundamental phasor.

As the next sample arrives, the data window is advanced by one sample as illustrated

in Figure 3.8. The phase angle, ()n+l' of the fundamental frequency phasor corresponding

to the (n+ J)th data window can be computed using the data from the (n+J)th window

and coefficients of the orthogonal filters. The phase angle difference, (()n - ()n+l ) ,

represents the rotation of the phasor in one sampling interval. The rotation for a phasor

having a fundamental frequency of fa' will equal to

(3.5)

where

Is is the sampling rate.
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Equation 3.5 is only true if phase angles, Bn+! and Bn, are computed by using the

orthogonal filters which are designed by assuming the fundamental frequency of the

signal being as 10' In spite of this, Equation 3.5 forms the basis for frequency estimation

A

and estimates of the frequency, I, can be obtained as follows:

A

1 = (Bn+!-Bn)/(2;rIIJ· (3.6)

where

A

1 is the estimated frequency.

One of the following two situations can exist:

(A) The estimated frequency is equal to the fundamental frequency assumed for

designing the orthogonal filters that are used to compute the phase angles, B
n
and

Bn+!' This means that the estimated frequency is also the fundamental frequency of

the signal.

(B) The estimated frequency is not equal to the fundamental frequency assumed for

designing the orthogonal filters. This means that the estimated frequency is not the

fundamental frequency of the signal. However, to achieve Situation A, the phase

angles need to be calculated using orthogonal filters designed by assuming
fundamental frequency being equal to the fundamental frequency of the signal.
This can be achieved by using an iterative procedure as follows:

1. Design new orthogonal filters by assuming fundamental frequency of the signal

being equal to the latest estimate of the frequency obtained from Equation 3.6.
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2. Compute the phase angles ()n+1 and ()n by using the orthogonal filters designed

in Step 1 and the samples corresponding to the data windows nand (n+1).

3. Estimate the frequency using Equation 3.6 and the phase angles computed in

Step 2.

4. Check if the estimated frequency from step 3 is equal to the fundamental

frequency assumed for designing the filters in Step 1. If it is, the estimated

frequency in Step 3, is the fundamental frequency of the signal. Otherwise, the

process reverts to Step 1.

It must be noted that an initial estimate of the frequency is assumed for starting the

procedure for the first time. It is recommended in Reference 3 that the initial estimate

should be equal to the nominal frequency, i.e. 60Hz. Once the prevailing fundamental

frequency is estimated, orthogonal filters are then designed to extract the desired

harmonic components of the estimated fundamental frequency.

3.5 Practical Issues

The technique for estimating power system harmonics is explained in the previous
section. Practical considerations for implementing the proposed technique are as follows:

1. As discussed previously, the estimation process may require design of new

orthogonal filters after every iteration. Design of filters requires considerable

amount of computations. These computations may not be completed within one

sampling interval, which is available for performing calculations. Therefore, the

filters should be designed off-line and their coefficients could be stored for use in

estimating the frequency and harmonics.
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2. The iterative procedure for estimating frequency is terminated when the estimated

frequency obtained from Equation 3.6 is equal to the fundamental frequency
assumed for designing orthogonal filters. However, in practice a margin should be

allowed to account for errors arising from truncations during calculations,

interpolations, data acquisition etc.

3. Number of iterations, which can be performed in one sampling interval and

number of harmonics that can be estimated will be limited by the capability of a

digital processor. It is shown in Reference 3 that the number of iterations should

be kept equal to five for achieving faster convergence during a step change in the

frequency. However, if a digital processor cannot perform five iterations in one

sampling interval, the number of iterations per sampling interval can be set at less

than five depending on the capability of the processor. This may result in one or

two additional sampling intervals for convergence in situations where there is a

step change in the frequency or initial estimate is not very close to the signal

frequency.

3.6 Computations

To implement the proposed technique, certain computations are performed off-line before

starting the on-line calculations.

3.6.1 Off-line Computations

Off-line calculations include the design of orthogonal filters for extracting the

fundamental frequency component and desired harmonic components. These filters are

designed by assuming a fundamental frequency of the signal being equal to 40Hz to

70Hz in steps of 1Hz.
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The coefficients of the resulting sine and cosine filters are stored in form of a look-up

table for use during on-line calculations. The arrangement of filter coefficients in a look

up table is illustrated in Figure 3.9.

This means that the coefficients of filters corresponding to the above mentioned

frequencies are directly available, however for filter coefficients corresponding to other

frequencies, interpolation must be performed. It was found that this arrangement

facilitates the estimation of frequencies that exist in a power system. However, it can be

extended by storing coefficients of filters covering a wider range.

3.6.2 On-line Computations

The digitized values of samples of the signal taken at a pre-specified rate are the

inputs. The following steps are performed to estimate the frequency and the

harmonics of the signal:

1. Obtain a new sample representing the signal and store it in the processor's

memory.

2. Check if all the samples representing the first two windows have been acquired.
If they are, proceed to Step 3; otherwise revert to Step 1.

3. Assume a value of the initial estimate of the signal's fundamental frequency and

assign this value to a variable, FL. Also, set the iteration counter IT to 1.

4. Obtain the coefficients of the filters corresponding to the frequency assigned to

the variable FL. For some values of the frequency, the coefficients are available

directly, and for other values of frequency, interpolation must be performed to

determine the coefficients.
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5. Compute the real and imaginary parts of the fundamental frequency component

corresponding to the latest two windows by using coefficients of the filters

determined in Step 4.

6. Calculate the phase angles corresponding to the latest two windows. Then,

estimate the signal's fundamental frequency using Equation 3.6 and update the

value of variable FL with the estimated frequency. However, if the estimated

frequency is outside the range for which filter coefficients are stored, the variable

FL, is assigned the same value as in Step 3, i.e. the initial estimate of the signal

frequency.

7. Check if the absolute value of the difference between the estimated frequency
obtained in Step 6 and the frequency used for obtaining the coefficients of the

filters in Step 4 is less than a pre-specified threshold. If it is, the signal's
fundamental frequency is the estimated frequency and proceed to Step 9;

otherwise, proceed to Step 8.

8. Increment the iteration counter by one. Check if the iteration counter is less than

a pre-specified value, ifit is, revert to Step 4, otherwise, proceed to Step 9.

9. Obtain the coefficients of the filters for extracting the desired harmonic

components of the signal. The latest estimate (from Step 7 or Step 8) is

considered as the fundamental frequency of the signal.

10. Compute the real and imaginary parts of the harmonic components by using the

coefficients obtained in Step 9 and the samples corresponding to the latest data

window.
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11. Reset the iteration counter to be 1. Wait for the next sample and revert to Step 4

after obtaining it.

3.7 Summary

A new technique for estimating harmonics in power systems has been presented in

this chapter. The technique estimates the fundamental frequency of the signal using an

iterative procedure. Appropriate filters, based on the prevailing fundamental frequency,
are chosen to eliminate the harmonic components. Therefore, the estimates are correct

even when the fundamental frequency of the signal deviates from the nominal frequency.
Due to a large number of computations involved in the generation of filter coefficients,
off-line computations are suggested. Theoretically, there is no restriction on the number

of harmonic components that can be estimated. However, there is a practical limit due to

number of computations. These increases as the number of harmonic components to be

estimated increases. The beneficial features of the proposed technique include fixed

sampling rate and fixed data window size. Fixed sampling rate makes this technique
attractive for synchronized measurement systems.
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4 Simulation Studies

4.1 Introduction

Details of the proposed technique for real time estimation of harmonic components

are presented in Chapter 3. The procedure for testing the proposed technique by using
simulations is described in this chapter. Various types of signals were synthesized and

discretized by using MATLAB [20] programs. These data were used to verify the validity
and accuracy of the technique. Harmonic estimates obtained from the proposed technique
are shown in this chapter. The results are also compared with those obtained from the

commonly used FFT based technique.

4.2 Simulation Programs

Three programs, as shown in Figure 4.1, were developed for testing the proposed

technique. The programs were developed using SUN workstation in MATLAB

programming environment. A program, the data generation module, was developed for

synthesizing and discretizing the test signals at a specified sampling rate. This program

accepts the user-supplied parameters of the signal to be synthesized. These parameters

include the fundamental frequency of the signal and, magnitudes and phase angles of

various harmonic components. The program stores the discretized data in a file for use by
other programs.

Another program, the FFT module, was developed for the estimating the harmonic

components of a signal. This module uses the well-known Fast Fourier Transform (FFT)

technique. Yet, another program, the proposed technique module, implements the

technique described in Chapter 3. The module performs off-line and on line computations

and, estimates the fundamental frequency and harmonic components of the signal.
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Figure 4.1 Computer programs developed for simulation studies.

4.3 Test Studies

A variety of signals that may be encountered in a power system were synthesized and

discretized by using the data generation module. The discretized data were given to the

FFT module and the proposed technique module for estimating the harmonic components

of the signals. Following parameters were chosen for this study (except for Section

4.3.7).

• Sampling rate of 3840 Hz.

• Data window for the proposed technique =129 samples.
• Data window for the FFT technique = 128 samples.
• Fundamental frequency range: 50 to 70 Hz.

• Number of harmonics: 25
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• Time reference coinciding with the middle of the window for the design of Least

Error Squares (LES) orthogonal filters. Procedures for designing LES filters is

given in Appendix A.

Some results from these studies are included in this section.

4.3.1 Distorted Signal with a Nominal Fundamental Frequency

Shunt capacitor banks, which are widely used in various power systems, produce

higher order harmonics [8]. This may prevail in a normal steady state condition, where

the power system frequency is 60Hz. This means that the power system is not

experiencing any disturbances, which can cause change to the system frequency. A

typical distorted current signal from a shunt capacitor with a fundamental frequency of

60Hz was synthesized and discretized. The signal is described by Equation 4.1 and was

considered for estimating harmonics using the FFT and the proposed technique.

i(t) = 100cos(mt + 30) + 4cos(3mt + 45) + 12cos(5mt + 65) + 4cos(7mt + 45) +
(4.1)

3 cos(11mt + 30) + 15 cos(13mt + 20) + 3 cos(19mt + (J19)

where

co = 2ff60 radians / seconds.
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Figure 4.2 Magnitude estimates of the harmonic components of a highly distorted

current signal (Equation 4.1) with a fundamental frequency of 60 Hz.
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Figures 4.2(a) to 4.2(g) show the harmonic components estimated by using the FFT

and the proposed technique. As it can be seen from the figures, the harmonic estimates by
both the techniques are accurate. This is due to the fact that the drift between the nominal

frequency and the fundamental frequency is zero. Because of this, FFT estimates are not

effected by spectrum leakage. The proposed technique also gives accurate estimates

because it first converges to the fundamental frequency and then estimates the harmonics

based on the estimated fundamental frequency.

4.3.2 Distorted Signal with a Off-Nominal Fundamental Frequency

Large industrial loads can cause highly distorted current signals having off-nominal

fundamental frequencies [9]. To demonstrate the effectiveness of the proposed technique
for harmonic estimation of such signals, a typical current signal caused by a DC drive

with 1250-HP DC motor was synthesized and discretized. The signal is described in

Equation 4.2.

i(t) = I OOcos(ax + :r / 6) + 1Ocos(3ax + :r / 7) + 8 cos(5ax + :r / 6) + 8 cos(7ax + 3:r / 2) +
(4.2)

6 cos(L lax + 5:r / 4) + 5 cos(L 3at + 2:r / 3) + 3 cos(L 9ax)

where

OJ = 2:r58.9 radians / seconds.

The discertized data were given to the FFT module and the proposed technique
module for estimating the harmonic components. To illustrate the accuracy of the

proposed technique, graphical comparisons are done between the traditionally used FFT

technique and the proposed technique. The results are shown in Figures 4.3(a) to 4.3(g).

Equation 4.2 is a steady state signal with an off-nominal fundamental frequency of

58.9Hz. The proposed technique initially performs the fundamental frequency

convergence and once the accurate fundamental frequency is estimated, then the
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algorithm starts estimating the harmonics based on the estimated fundamental frequency.
Since the filters that extract harmonics are based on the estimated fundamental frequency,
error due to spectrum leakage does not exist. The errors are due to frequency

interpolation and they are substantially lower when compared to the FFT based

estimation. Since, the FFT technique assumes the fundamental frequency as 60 Hz,

estimation error increases with the increase in the order of harmonic component and

fundamental frequency drift. This phenomena can be seen in Figures 4.3(a) to 4.3(g).
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Figure 4.3 Magnitude estimates of the harmonic components of a highly distorted
current signal (Equation 4.2) with a fundamental frequency of 58.9 Hz.

4.3.3 Distorted Signal with Dynamic Frequency Oscillation

The high cost of emergency reserve provision has forced some utilities to accept

limited load shedding following loss of a major infeed [10]. This situation leads to

frequency fluctuations and the measurement process requires the detection of frequency
deviation. To demonstrate fast detection and convergence of the proposed technique, a

current signal with a rising or decaying fundamental frequency was selected in which, the
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i(t) = 100 sin(27if(t)) + 5 sin(67if(t) + 7r / 3) + lOsin(l 07if(t) + 7r / 6) +
7 sin(147if(t)) + 5 sin(227if(t) + 7r / 4)

(4.4)

fundamental frequency of the current signal oscillates by ± 3 Hz and frequency of

oscillations is 1 Hz. The current signal was synthesized and discretized for the above

mentioned condition, and is described by Equation 4.4.

where

J(t) = f(60 + 3sin(2nt)dt .

The discretized data were given to the FFT module and the proposed technique module

for estimating harmonics. Figure 4.4 shows the results obtained from both modules.
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Figure 4.4 Magnitude estimates of the harmonic components of a distorted current signal
in which fundamental frequency oscillates at a frequency of 1 Hz.
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It can be seen from Figure 4.4(a) that the proposed technique can accurately and

efficiently trace the variations in fundamental frequency with a delay of 20ms. Due to

this, the proposed technique estimates harmonics accurately based on the estimated

fundamental frequency. The tests were repeated by using, other decay and rise rates and

similar results were obtained.

Figures 4.4(b) to 4.4(d) show the harmonic estimates using the FFT and the proposed

technique. Due to continuous drift in frequency, the FFT based estimation error change
and the accurate values are estimated only when the input fundamental frequency is equal
to the assumed frequency of 60 Hz. But the proposed technique gives accurate estimates

at all times because the proposed technique tracks the signal frequency extremely closely

(Figure 4.4(a)) and is not affected by frequency drift.

4.3.4 Distorted Signal with Decaying Magnitude of the Fundamental Frequency

Component

The applications of electronic devices and vanous disturbances including faults

introduce transients in the power system voltages and currents. Some of these transients

cause current signals having a decaying fundamental frequency phasor. A distorted

current signal was synthesized and discretized to reproduce the above condition and is

described in Equation 4.5. The distorted current signal has a fundamental frequency of 59

Hz and the peak value of the fundamental frequency component decays exponentially
from 100V.

i(t) = 100e-AI cos(mt + Jr) + IOcos(3m + Jr / 5) + 8cos(5mt + 4Jr /3) +
8 cos(7ox + Jr / 3) + 6 cos(11mt + 3Jr) + 5 cos(13mt + 2Jr / 3) + 3 cos(19mt+ )

(4.5)

where

A =-2

co = 2Jr59 radians/second.
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The discretized data were given to the FFT module and the proposed technique module for

estimating the harmonic components. Figure 4.5 shows the results.
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Figure 4.5 Magnitude estimates of the harmonic components of a highly distorted
current signal (Equation 4.5) with a decaying fundamental frequency
component.

Figure 4.5(a) shows that the proposed technique follows the actual value with a delay
of 23 ms. Although, the FFT based technique follows the decaying fundamental

frequency phasor fairly closely, the higher order harmonic estimates (Figure 4.5(c) to

4.5(e) are in error due to the fundamental frequency deviation from the nominal

frequency. By repeating the testing for various frequency drifts and decaying rates, it was

observed the proposed technique provides results, similar to those of Figure 4.5.

However, in the case of FFT based technique, the error increases with the frequency drift

and with the order of the harmonic component.

4.3.5 Abrupt Change in Harmonic Magnitude

Triplen harmonics deserve special consideration because the system response is often

considerably different for tripplens than for the rest of the harmonics. Two typical

problems are overloading the neutral and telephone interference. Occasionally, devices

misoperate because the line-to-neutral voltage is badly distorted by the triplen harmonic

voltage drop in the neutral conductor [1]. Triplen harmonic impacts emphasize the

necessity of accurate harmonic estimations, during abrupt changes in power system. A
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typical tripplen harmonic effected voltage signal was synthesized and discretized in

which a third harmonic changes abruptly. A voltage signal described by Equation 4.6 was

considered for simulation. Peak value of the 3rd harmonic component in this signal

changes abruptly from IOV to 8V.

vet) = IOOcos(mt + Jr) + A3 cos(3mt + Jr / 5) + 8cos(5mt + Jr /3) +
8 cos(7mt + 2Jr / 3) + +3 cos(19mt + 2Jr / 5)

(4.6)

where

ca = 2Jr59 radians/second.

A3 = 10 for 0 < t < 40ms

= 8 for t > 40ms.

The above mentioned signal was synthesized and discretized. The data were given to

the FFT module and the proposed technique module. Figure 4.6 shows the results.
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Figure 4.6 Magnitude estimates of the harmonic components of a signal where 3 rd

harmonic component changes abruptly.

Figures 4.6(a) to 4.6(e) show the response of the proposed technique and FFT

technique for an abrupt change in the 3rd harmonic. These figures illustrate that the

impact on other harmonic estimates by the proposed technique, due to abrupt change in

3rd harmonic is negligible. The proposed technique tracks the new 3rd harmonic value

within 33.59 msec (129/3840 sec). Although, the FFT based technique tracks the changed

value, however due to frequency drift, it gives an error in the estimates of the higher
order harmonics.

Performance of the proposed technique was further studied by estimating the

harmonics of the signals that contained abrupt triplen harmonic changes and varying

degree of noise. Varying degree of random white noise was added to the signals and the

maximum estimation error was analyzed. It was found that the estimation errors increase

with the amount of noise. However, the proposed technique provides accurate estimations

for noise levels normally expected in a power system [3].
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4.3.6 Abrupt Change in Harmonic Phase Angle

Switching of various power electronic devices not only changes the harmonic

component magnitudes but also changes the phase angles of the harmonics. To prove,

that the proposed technique performances are better compared to the FFT during abrupt

phase angle change, highly distorted current signal with a fundamental frequency of 60.9

Hz was synthesized and discretized. Equation 4.7 describes the current signal considered

for this case study in which phase angle of the 5th harmonic component was changed

abruptly from Jr / 3 to 1.2Jr / 3.

i(t) = 100cos(OJt + Jr) + 10cos(30J + Jr / 5) + 8cos(50Jt + 85) +
8 cos(7OJt + 2Jr /3) + 6 cosfl Iex + 3Jr) + 5 cos(13wt + 2Jr / 5) + 3 cos(190Jt+ )

(4.7)

where

OJ = 2Jr59 radians/second

85 = Jr /3 for 0 < t < 40ms

= 1.2Jr/3 fort> 40ms.

The dicretized data were given to the FFT module and the proposed technique
module for estimating harmonics. Figure 4.7 shows the results.
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Figure 4.7 Magnitude estimates of the harmonic components of a signal with an abrupt
change in the phase angle of the 5th harmonic component.
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Figures 4.7(a) to 4.7(e) show the harmonic estimates by the proposed technique and

FFT. Effects in the harmonic estimates by the proposed technique, due to abrupt Sth

harmonic phase angle change are negligible but FFT technique exibits errors because of

the drift between the actual fundamental frequency and the nominal frequency.

4.3.7 Distorted Signalwith Decaying DC

Decaying de components can be present in power system voltages and currents.

These are generated due to faults in the system. For simulation purposes, a distorted

current signal with a decaying DC and fundamental frequency of 60 Hz was synthesized
and discretized. The signal is described by Equation 4.8. The discretized data were given
to the FFT module and the proposed technique module for estimating the harmonic

components.

i(t) = 10e-1/3t + 100cos(wt + 01) + Scos(2w +03) + lScos(3wt +05) +
10 cos(7ax + 07) + 6 cos(11wt + 011)

(4.8)

where

ca = 27r60 radians/second.

Parameters for this study case were changed to find whether change of sampling rate,

data window or number harmonic components would have any significant effect in the

proposed technique. Following are the changed parameters:

• Sampling rate of 1920 Hz.

• Data window for the proposed technique =33 samples.
• Data window for the FFT technique = 32 samples.
• Number of harmonics: IS
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Figures 4.8(a) to 4.8(f) show the harmonic estimates by the proposed technique and

FFT.
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Figure 4.8 Magnitude estimates of the harmonic components for an input signal with a

decaying de.
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Estimation errors occur in the FFT based technique due to the presence of decaying
de component. However, the errors are small as the value of the de component with a

data window does not change significantly. Since the designed orthogonal filter in the

proposed technique is capable of filtering decaying de component, the estimates provided

by the proposed technique are not effected by the presence of a decaying de component.

In fact, it is possible to estimate the value of the decaying de component using the

proposed technique as shown in Figure 4.8(f). It was also noticed that change of

parameters did not have any significant effect in the estimates using the proposed

technique.

4.4 Summary

The simulation procedure and signals, suitable for evaluating the performance of the

proposed technique for estimating harmonic components in modem power systems has

been described in this chapter. Different power system operating conditions were

simulated and data from these simulations were used to evaluate the proposed technique

described in Chapter 3. FFT based technique was also used to estimate harmonic

components for all the simulated signals. These estimates were compared with those

obtained from the proposed technique. It has been shown that the proposed technique can

converge to the accurate fundamental frequency and therefore, provides accurate

harmonic components even when the fundamental frequency is not equal to the nominal

frequency. Eight cases are considered to show the appropriateness of the proposed

technique. The results of the FFT technique are as accurate as the proposed technique
when the fundamental frequency of the signal is equal to the assumed nominal frequency.

However, if the fundamental frequency drifts away from the nominal frequency, the

estimates provided by the FFT technique are in error, specially, for higher order

harmonics. On the other hand, the proposed technique provides accurate estimates for

off-norminal frequencies as it uses the prevailing system frequency to estimate the

harmonic components.

- 80-



5 Implementation and Testing

5.1 Introduction

A digital technique for estimating harmonics in a power system operating under

different conditions, have been presented in Chapter 3. The proposed technique was

evaluated in an off-line mode using simulated data. Test results have been presented in

Chapter 4. The results show that the proposed technique is suitable for estimating
harmonic components of voltage and current signals for various operating conditions.

Modem microprocessor-based relays require correct estimation of the fundamental

frequency phasors and harmonic components of the voltages and currents. These

estimates are then used for providing a variety of protection functions such as distance,

frequency, V1Hz and transformer differential protection. The ability of the proposed

technique for estimating the harmonic components in a microprocessor-based relay
environment was verified. This chapter describes the implementation of the proposed

technique in a general-purpose relay hardware. Performance of the implemented

technique was evaluated. The testing procedure and test results are included in this

chapter.

5.2 Implementation

This section describes the hardware and software components required for real

time implementation of the proposed technique. Verification of the proposed technique is

illustrated using sample test results.
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The proposed technique was implemented in the laboratory using a general-purpose

relay hardware [22]. Figure 5.1 shows the organization of the hardware. It has four

components: low-pass filter board, data acquisition system (DAS) card, a digital signal

processing (DSP) card and a host personal computer
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C C

A A

R DSP R

D Link D

5.2.1 Hardware

Inputs

Low-Pass

Filter

xpansion
Port
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Figure 5.1 Hardware configuration of the general-purpose relay hardware.
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The low-pass filter (anti-aliasing filter) is required to band-limit the analog voltage or

current signals to the data acquisition system and prevent aliasing in samples of voltage or

current signals. Cut-off frequency of the low-pass filter depends on the frequency at

which voltage and current signals are sampled by the data acquisition system. A cut-off

frequency of 300 Hz has been used in the test studies. Switched capacitor filters, designed

using MF6CN-100 [23] are used. The circuit diagram of one channel of the low-pass
filter is shown in Figure 5.2.

MF6CN-100 is a low cost, easy to use 6th order filter with 14-pin DIP packaging. It

provides a wide range of cut-off frequency obtainable by changing the external clock

frequency. The ratio of clock frequency to cut-off frequency is internally set to 100: 1. A

TTL logic compatible clock signal is provided to MF6CN-IOO from a signal generator for

cut-off frequency control. �
R4 1__

lOK

5.2.1.1 Low-Pass Filter
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Figure 5.2 Circuit diagram of one channel of the Butterworth low-pass filter.
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Two operational amplifiers available from a TL082 chip [24] are provided at the

input and output of the filter for the purpose of buffering the signals. As an additional

feature, gain of the operational amplifier at the input of the filter is set to 0.5 while the

operational amplifier at the output of the filter has a gain of 2.0. This feature extends the

range of signals that can be filtered to ± 5.0V from ± 2.5V. A filter board capable of

handling four channels is used. The filters on this board are powered from a ± 15V DC

power supply.

5.2.1.2 Data-Acquisition System Card

The data-acquisition system consists of hardware that samples and quantizes signals
at a specified rate (720 Hz used for the present work). It employs one 4-channel analog
interface card [25] to collect data from the input channels. The card provides facilities

that include four analog signal conditioning units, a quad sample/hold amplifier, an

analog-to-digital conversion (ADC), a sample rate timer, and the control and status

registers with the associated interrupt control.

Analog signal conditioning unit includes a unity gain low offset operational amplifier
that buffers the input signal from the on-card low-pass filter. A ± 2.5V analog input

signal provides full scale operation of the ADC and it is necessary to limit the input

signals below ± 3.0V to prevent damage to the quad sample/hold chip. The signal

conditioning block also has programmable 3rd order Butterworth low-pass analog filters

to suppress unwanted high frequencies. They are suitable as anti-aliasing filters only if

the sampling frequency is very much higher than the maximum input frequency

component. However, in the present project, the sampling frequency is not very much

higher than the input frequency component, an external low-pass filter, described in the

previous section, is used as an anti-aliasing filter.
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The output from analog signal conditioning unit is fed to the quad sample/hold chip.
It performs the sampling of input signals at a pre-defined sampling rate determined using
the sample rate timer. The quad sample/hold also performs the multiplexing of the input

signals to a single analog-to-digital converter (ADC). The conversion of a channel,

selected by the control register, presented to the ADC is initiated by a trigger signal to the

ADC. The ADC indicates the end-of-conversion by setting the EOC bit high which is

read by the DSP through the status register. The sample rate timer is a 16-bit up-counter

running at 8 MHz. The counter has a programmable input register from which the

counter is loaded every time the maximum count value of FFFF (hexadecimal) is

reached. The card occupies a short PC slot and is powered from the bus. All control and

data signals are transferred via 50-pin DSPLINK2 connector from the digital signal

processing card.

5.2.1.3 Digital Signal Processing Card

The PC/C31 card [26, 27], based around the 33.3 MHz TMS320C31 Digital Signal
Processor from Texas Instruments [28], is used as a digital signal processor card. It

occupies one 16 bit PC slot and draws power from the PC bus.

Communication between the PC and the DSP card takes place over two autonomous

interfaces. Memory-mapped interface, consisting of DPRAM, allows fast information

exchange between the PC and DSP without disrupting the process of either device. I10-

mapped interface provides access to various card facilities, such as reset and interrupts,

through software programmable control registers. The PC/C31 card is equipped with

Loughborough Sound Images Ltd.' s DSPLINK2 digital system expansion interface. It

has a bi-directional bus that allows input/output directly to/from the DSP, without using
the I/O bus on the PC. DSPLINK2 interface is used to communicate with the data

acquisition system cards, described in the previous section.
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There are four maskable interrupts to the TMS320C31 DSP driven by DSPLINK2, PC

and other optional peripheral devices. One such DSP card is used in the developed relay.

5.2.1.4 Host Personal Computer

The PC/C31 card and data-acquisition (DAS) card are placed into the expansion ports
of an IBM compatible personal computer. This host PC provides

(i) control of the operation of the DSP and DAS cards,

(ii) facilities for debugging the softwares and

(iii) access of various memory locations and registers in the DSP.

A personal computer based on Intel Corporation's 486 processor, running at 66 MHz

is used. The PC runs the Microsoft Windows for Workgroups Version 3.11 operating

system.

5.2.2 Software

Three software packages are needed for implementing the proposed technique in a

microprocessor-based relay environment, i.e. data-acquisition, estimation and user

interface software. Figure 5.3 shows the organisation of these software packages within

the microprocessor based system.

- 86-



R"� <X:arlDAS
r----------------------------�----------------
I
I

i ¢::J
I

: SampledData
I
I Real- Time Software
L _

Figure 5.3 Organization of software for implementing the proposed technique.

5.2.2.1 Real Time Software

Real-time software, written in ANSI C, runs on the DSP. ANSI C source program is

converted to the source code of the DSP. The conversion process involves compiling,

assembling and linking the source files to create an executable object file [12, 13].
Modular structure of the real- time software makes it easy to adapt the software for other

projects.

The real-time software consists of two components: data acquisition software and

estimation software. Estimation software consists of three software modules: frequency,
harmonic estimation and data management as shown in Figure 5.4.

Data acquisition software controls the operation of the data acquisition system for

acquiring voltage or current samples. The signals are taken at a specified rate and are

stored in specified memory locations. The sampled values of the signal, are processed by
the estimation software modules before the next sample is acquired by the data

acquisition system. The modules of the real- time software are briefly described in the
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following sections.

DATA
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Figure 5.4 Real time software modules.

5.2.2.1.1 Data-Acquisition Software

The data-acquisition software is used to initialise the data-acquisition system card,

control a sample rate-timer and acquire samples at successive sampling instants. It

consists of two routines, a main routine and an interrupt service routine. The main

routine initialises the system cards and loads the timer with the appropriate hexadecimal

number which is stored in a specified DSP memory location.

This number corresponds to the selected sampling rate, which is 720 Hz. The

main routine enables an interrupt after loading the timer which results in activation of the

interrupt service routine. Interrupt service routine executes the functions related to data

acquisition such as sample-and-hold, analog-to-digital conversion and intitiates the

execution of the estimation software after acquiring a set of samples.
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5.2.2.1.2 Estimation Software

This software module estimates the frequency and harmonics of voltage or current

signal from the samples acquired by the data acquisition software using the proposed

technique. The estimation module uses a circular buffer memory to store the quantized
values of the signal. The circular buffer memory facilitates easy manipulation of data

required for computations. The estimation module uses LES filters to estimate frequency
and harmonic components of the signals having fundamental frequency in the range of 58

to 62 Hz. The LES filters were designed in off-line, by using the following parameters:

• Window length = 13 samples.
• Sampling rate = 720 Hz.

• Signal composition = Decaying de component + fundamental frequency

component + 2nd, 3rd, 4th and 5th harmonic components.
• Time reference coinciding with the middle of the window.

• Fundamental frequency range = 58 to 62 Hz in steps at 1Hz.

The coefficients of the designed LES filters were stored in the form a look-up table.

Arrangement of the coefficients for extracting 60 Hz component is shown in Appendix B.

Appendix C shows sample frequency responses of the LES filters designed using a

fundamental frequencies of 60 Hz and 58.5 Hz.

The data management software module stores the estimated harmonic information in

the DPRAM memory location. During every sampling interval, after executing the

algorithm, estimated harmonic values are sent to the specific DPRAM memory locations.

Estimations are done for a limited number of samples and this depends on the amount

of DPRAM memory available. For testing purposes, 150 samples were considered, which

is large enough to demonstrate the efficiency of the proposed technique. Once all the
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information for harmonic estimations is written in the DPRAM, the GUI software can

read data from the DPRAM.

5.2.2.2 User-Interface Software

The user-interface software, developed in Visual Basic [14], is used to upload the

results from the memory of the digital signal processor (DSP). PC/C31 IlL (Intelligent
Interface Library) functions [30] are used in the development of this software. The

display of the developed user-interface is shown in Figure 5.5. User-interface software

has options to display the estimated values in graphical form. By selecting these options,
estimation windows will appear on the screen to show graphs of harmonic estimation

with respect to time. For information about the used hardware/software, "DETAILS"

should be clicked. "CANCEL" will cancel the user-interface software execution.

Figure 5.5 A view of the GUI for the harmonic measurement system.
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5.3 Testing

The proposed microprocessor-based system for estimating power system harmonics

was implemented and tested in the laboratory. This section describes the testing of the

individual hardware and software components of the harmonic measurement system. This

is followed by the laboratory set up for testing the developed system and presentation of

sample test results.

5.3.1 Hardware and Software Components

The hardware and software of the proposed system were tested individually for their

correct functionality before integrating them. This section explains the procedures

adopted for testing of these hardware and software components.

5.3.1.1 Low-Pass Filter

Low-pass filters were implemented in a circuit board with ICs and discrete

components. Cut-off frequency of 300 Hz was selected for the low-pass filters. The

selected cut-off frequency is less than the Nyquist frequency.

The filter was tested using a spectrum analyzer. The frequency response of one of the

filters is shown in Figure 5.6. The response indicates that the gain of the filter at 300 Hz

is 0.9. This would mean that the fifth harmonic component will be attenuated by a factor

of 0.9. A correction is, therefore needed to obtain the actual value of the fifth harmonic

component. This was achieved by multiplying the estimates of the fifth harmonic

component by (1/0.9). It was found out that the multiplying factor of (1/0.9) provided

right corrections for fundamental frequencies from 59 Hz to 61 Hz.
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Figure 5.6 Frequency response of the sixth order Butterworth filter.

5.3.1.2 Data-Acquisition Software

The data-acquisition software was tested by applying a sinusoidal test waveform from

a dynamic frequency source of the Doble Engineering Company. The level of the signal
was first checked with an oscilloscope and a spectrum analyzer to ensure that the peak-to

peak value is less than ± 2.0 volts so that the data acquisition card is not stressed. Initial

testing of the data acquisition software is done by using the MPC View C source

debugger [29] available from Spectrum Signal Processing, manufacturer of DSP and

DAS Card.

MPC View is a Windows based user-interface and it allows different functions like

load, display and execution of the DSP code. It also allows data management facility and

all data in the DSP including memory and registers can be viewed in a desired format:

floating-point, hexadecimal or decimal. MPC View can also be interfaced with an

Intelligent Interface Library (ilL).
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5.3.1.3 Estimation Software

The estimation software was tested by including data files, containing simulated

signals with harmonics, in the software. These data files were used earlier for off-line

testing of the proposed technique. The testing of the estimation software was done on

another PC equipped with a TMS320C30 Evaluation Module (EVM) [31]. Details are

given in Appendix D. The debugging of the program was done by using the TMS320C30

C Source Debugger [32].

This testing of the estimation software is required to confirm that the software can be

executed within the inter-sampling time. Benchmarking of the estimation software

indicates that the proposed technique can be executed within 1.1 millisecond for each

pass of the program. This is less than the available inter-sampling time of 1.38

millisecond for sampling frequency of 720 Hz. Even if the software overhead for data

acquisition system is added, it is expected to be much less than the inter-sampling time.

Results from these tests are also very much similar to those obtained from the simulations

on the UNIX workstation. This verifies the accuracy of the computations performed by
the DSP.

5.3.1.4 User-interface Software

The user-interface software, developed in Visual Basic, used to upload the results

from the dual-port RAM (DPRAM) of the DSP was tested by applying a Dynamic

Frequency Source of the Doble Engineering Company. The estimated values of the

fundamental frequency and harmonic components using the proposed technique, were

stored in the DPRAM. The user-interface software was executed to upload these

estimates to a data file. Other features of the user-interface such as graphical form of the

fundamental frequency and harmonic component estimates were also tested.
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5.3.2 The Harmonic Measurement System

The measurement system was tested to verify its performance. This section describes

the test set-up and results.

5.3.2.1 Test Set-up

Figure 5.7 shows the various blocks of the complete test set-up. Various steps

performed in testing of the proposed technique involve:

(a) generation of signals using simulations,

(b) playback of the simulated data and

(c) testing of the measurement system.

Generation of Signals

Performance of the proposed technique was verified using various signals that could

occur in power systems. These signals were simulated on a SUN SPARC workstation

using XYFUNC [36] routine in PSCAD. A recorder component, used in the simulations,

stores voltage or current samples as playback files, which were used by Real-Time

Playback Simulator [35] to generate analog signals.

Playback of the Simulated Data

Power System Analysis laboratory at the University of Saskatchewan, Canada has a

personal computer equipped with hardware and software for use as a Real-Time Playback
Simulator (RTPS) [35]. Data files containing data for various conditions, generated by
the PSCAD power system simulation software, were played back using the RTPS to

provide corresponding analog signals. These analog signals were used as input to the

proposed system for testing.
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rnSUNSPARC
�Workstation

Ethernet
Harmonic Monitor PC with
DSP and DAS Boards

Termination

Interface

Low-pass
Filter

Real-time Playback
Simulator PC

Figure 5.7 Test setup.

Testing

Tests were conducted using the voltage or current samples obtained from the PSCAD.

Test set-up, shown in Figure 5.7, was used for testing the implemented system. Testing
was performed extensively for various distorted waveforms in real time conditions.

Waveform data were generated by developing a program in MATLAB. Data files were

converted to playback files by using XYFUNC [36] in PSCAD. The waveforms are

further distorted by presence of noise generated by the RTPS, switched capacitor filters

and the data acquisition card.

5.3.2.2 Results

Tests were conducted for cases similar to the ones discussed in Chapter 4 and also for

signals generally observed in the field (Case 8 to 10). Results from ten cases are included

in this section.
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Case 1

To prove that the proposed technique can be accurate during frequency drift, two

voltage signals were generated having fundamental frequencies of 59Hz and 61Hz. Both

the waveforms had equal percentage (10% of the fundamental frequency component) of

the 3rd and 5th harmonics. Since the maximum peak value, the DSP card can handle was

± 2.5V, the peak value of the fundamental frequency component was set at 2V. The

generated signals were fed to the proposed harmonic measurement system and the

harmonic components were estimated. Since the estimate starts only after the data

window is filled, 0.018 sec is considered as the start time. Figures 5.8 and 5.9 show the

harmonic estimates of the distorted signals with fundamental frequencies of 59 Hz and 61

Hz respectively.
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.Figure 5.8 Real-time harmonic estimates of a distorted signal with a fundamental

frequency of 59 Hz.
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Figure 5.9 Real-time harmonic estimates of a distorted signal with a fundamental

frequency of 61 Hz.
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It can be seen from these figures that harmonic estimates are correct irrespective of

the off-nominal frequencies of the signals. The noise in the estimates mainly resulted

from the test system and the data acquisition system of the harmonic measurement

system. The estimates can be further improved if a moving average of the estimates is

taken to eliminate the high frequency noise.

ease 2

In this case a distorted signal with non-integer fundamental frequency of 59.2 Hz was

considered. The signal has equal percentage (10% of the fundamental frequency

component) of the 3rd and s" harmonics in which, the peak value of the fundamental

frequency component was set at 2V. The generated signals were fed to the proposed
harmonic measurement system and the harmonic components were estimated. Figure

5.10 shows the harmonic estimates of the distorted signal having the fundamental

frequency of 59.2 Hz.
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Figure 5.10 Real-time harmonic estimates of a distorted signal with a fundamental

frequency of 59.2 Hz.

For non-integer fundamental frequency, the proposed technique performs

interpolation to determine the filter coefficients. Since the filters that extract harmonics

are based on the estimated fundamental frequency, error due to spectrum leakage is not

existing. The errors are due to frequency interpolation and they are substantially low. It

can be seen from the Figure 5.1 0 that harmonic estimates are correct irrespective of the

non-integer fundamental frequency of the signal. The noise in the estimates mainly
resulted from the test system and the data acquisition system of the harmonic
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measurement system. The estimates can be further improved if a moving average of the

estimates is taken to eliminate the high frequency noise.

Case 3

To prove that the proposed technique can accurately converge to the final value when

there is an abrupt change in harmonic component magnitudes, three signals were

generated as follows:

(1) A distorted voltage signal with 2V of fundamental frequency component, O.2V of 3rd

harmonic and a Sth harmonic that changed abruptly from O.IV to O.3V.

(2) A distorted voltage signal with 2V of fundamental frequency component, O.2V of 3rd

harmonic, and a Sth harmonic that changed abruptly from O.IV to O.2V.

(3) A distorted voltage signal with 2V of fundamental frequency component, O.2V of Sth

harmonic and a 3rd harmonic that changed abruptly from O.1V to O.3V.

Figures S.l1, S.I2 and S.13 show the harmonic estimates of the distorted signals. The

generated signals were input to the proposed harmonic measurement system and the

harmonic components were estimated.
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Figure 5.11 Real-time harmonic estimates of a distorted signal with 5th harmonic abrupt

change(from 0.1V to 0.3V).
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Figure 5.12 Real-time harmonic estimate of a distorted signal, with 5th harmonic abrupt

change(from 0.1V to 0.2V).
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Figure 5.13 Real-time harmonic estimate of a distorted signal, with abrupt 3rd harmonic

change( from 0.1V to 0.3V).
Since the proposed technique is based on an iterative technique, whenever there is a

disturbance or an abrupt change in the harmonic magnitude, the proposed technique is

capable of converging towards the new values with a delay of 26.39 msec (191720 sec).

Convergence delay from the previous to the new values also depends on the number of

iterations considered within every sample. It was noticed that the delay of the proposed

technique does not vary with the type of harmonic component or the amount of change.
The noise in the estimates mainly resulted from the test system and the data acquisition

system of the harmonic measurement system.

Case 4

Certain disturbances in the power system can cause harmonic phase angle shifts. The

proposed technique was tested for its ability to provide accurate estimates during
harmonic phase angle shifts. This was done by abruptly changing 3rd harmonic phase

angle by 9 degrees and 5th harmonic phase angle by 12 degrees. The distorted signal has

equal percentage (10% of the fundamental frequency component) of the 3rd and 5th

harmonics in which, the peak value of the fundamental phase was set at 2V. The

generated signals were input to the proposed harmonic measurement system and the
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harmonic components were estimated. Figure 5.14 shows the estimate of the harmonics

using the proposed technique.
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Figure 5.14 Real-time harmonic estimates of a distorted signal, with an abrupt change in

harmonic phase angle ( 3rd harmonic by 9 degrees and 5th harmonic by 12

degrees).

The proposed technique tracks fundamental frequency based on fundamental

frequency phase angle difference between successive samples (Chapter 3). This means,

changes to the harmonic phase angles will not have any effect on fundamental frequency

tracking or harmonic estimates using the proposed technique. The estimates can be further

improved if a moving average of the estimates is taken to eliminate the high frequency
norse.
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CaseS

The proposed technique extracts real and imaginary components of the fundamental

frequency phasor to compute the fundamental frequency. This means that the

fundamental frequency phasor value should be constant throughout the data window to

compute accurate fundamental frequency value. But in actual power systems, tha peak
value of the fundamental frequency component may change due to different switchings in

the system.

The effectiveness of the proposed technique was tested by generating a distorted

signal with a decaying value of the fundamental frequency component. The signal also

has a percentage (10% of the fundamental frequency component) of the 3rd and 5th

harmonics in which, the peak value of the fundamental frequency component was set at

2V. The generated signals were input to the proposed harmonic measurement system and

the harmonic components were estimated. Figure 5.15 shows the decaying magnitude of

the fundamental frequency component and harmonic component estimates.
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Figure 5.15 Real-time harmonic estimate of a distorted signal with decaying
fundamental frequency magnitude.
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Although the frequency estimation for this case is not as accurate as in previous

cases, the harmonic estimates are very close to actual signal values.

Case 6

Real time testing was also done for determining the performance of the proposed

system when fundamental frequency oscillates. A distorted signal was generated, in

which the fundamental frequency oscillates by ± I Hz at a rate of 5 Hz starting from the

norminal frequency of 60 Hz. The signal has a 3rd harmonic component (5 percent of the

fundamental frequency component) and the peak value of the fundamental frequency

component was set at 2V. The generated signal was fed to the proposed harmonic

measurement system and the harmonic components were estimated. Figure 5.16 shows

the harmonic estimates.
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Figure 5.16 Real-time fundamental frequency and harmonic estimates of a distorted

signal whose fundamental frequency oscillates.

Due to the low frequency decay/rise rate, the proposed technique is capable of

following the signal's fundamental frequency extremely closely with a delay of26.38 ms.

Drift between the actual and estimated value of the fundamental frequency is low and

harmonic estimates using the proposed technique are fairly accurate. The tests were

repeated by using other decay and rise rates and similar results were obtained.

Case 7

Reasons for frequency fluctuation in power system were briefly discussed in Chapter
4. This case illustrates the performances of the proposed system when frequency of the

power system fluctuates from the nominal frequency. A distorted signal with equal

percentage (10% of the fundamental frequency component) of the 3rd and 5th harmonics

in which, the peak value of the fundamental frequency component was set at 2V, was

generated. The fundamental frequency for the distorted signal is abruptly changed from

61 Hz to 59 Hz.
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Figure 5.17 Real-time harmonic estimates of a distorted signal, during abrupt
fundamental frequency change from 61 Hz to 59 Hz.

The generated signal was fed to the proposed harmonic measurement system and the

harmonic components were estimated. Figure 5.17 shows the estimate of harmonics using
the proposed technique.

Design of the proposed technique assumes that the fundamental frequency of the

signal remains constant within a data window. However, this may not be the case during

- 114 -



frequency fluctuations. As mentioned before, the proposed technique for harmonic

estimations is based on accurate frequency measurement, and was achieved by
fundamental frequency iteration and interpolation (Chapter 3). Until the fundamental

frequency convergence is achieved, the estimated harmonic values will not be accurate.

Real time testing done with abrupt fundamental frequency changes further proves this

fact (Figure 5.17). Once the fundamental frequency convergence is achieved with a delay
of 26.39 ms., estimates become accurate.

Case 8

Reactive compensation, usually in the form of shunt capacitors is provided in

distribution systems to improve power factor [8]. A non-desirable aspect of shunt

capacitor banks is their contribution to circuit resonance. This could lead to potentially

dangerous amplification of harmonic frequencies, additional stress on equipment and

increased failures of capacitors.

Since shunt capacitor is a crucial component for existence of harmonics in power

systems, a signal taken from a shunt capacitor at an industrial site [8] was generated. The

composition of this signal is given in Table 5.1. The generated signals were fed to the

proposed harmonic measurement system and the harmonic components were estimated.

Real-time estimates of harmonic components using the proposed system are shown in

Figure 5.18.

Table 5.1 Composition of a signal taken at a shunt capacitor.

Harmonic Order Voltage! Percent

Fundamental 2V

3fd 4%

5th 12%
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Figure 5.18 Real time harmonic estimate of a distorted signal taken from an industrial

shunt capacitor.

The accuracy of the proposed technique is not compromised with the existence of a

high percentage of 5th harmonic. The noise in the estimates mainly resulted from the test

system and the data acquisition system of the harmonic measurement system. The

estimates can be further improved if a moving average of the estimates is taken to

eliminate the high frequency noise.

Case 9

The considered location is a circuit serving an underground coal mine [8]. The

circuit also serves a 1000 HP exhaust fan for the mine. The voltage distortion on this

circuit varies inversely with the mine load. Large increases in the voltage distortion may

be present during a light load. A signal representing this voltage was generated. The

composition of this signal is given in Table 5.2. The generated signals were fed to the

proposed harmonic measurement system and the harmonic components were estimated.

Figure 5.17 shows real time estimates of the harmonics using the proposed technique.

Table 5.2 Composition of a voltage signal measured in a coal mine.

Harmonic Order Voltage/ Percent

Fundamental 2V

3ra 0

5th 9.5%
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(c) 5th Harmonic

Figure 5.19 Real time harmonic estimate of a distorted signal in a coal mine.

Case 10

The considered location is a distribution substation feeder which, supplies to

commercial and industrial loads [8]. The largest level of current distortion was registered
on a feeder during weekend nights when the 5th harmonic reaches a level of 9.3% of the

fundamental frequency magnitude. A voltage signal representing the current signal was

generated using PSCADIEMTDC. Composition of this signal is given in Table 5.3. The

generated signals were fed to the proposed harmonic measurement system and the

harmonic components were estimated. Figure 5.18 shows the real time estimates of

harmonics using the proposed technique.

Table 5.3 Composition of the voltage signal measured at a distribution feeder.

Harmonic Order Voltage Measurement

Fundamental 2V

3ro 1.4%

Sill 9.3%

___Proposed technique ___ Actual
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Figure 5.20 Real time harmonic estimates of a distorted signal in a distribution station.

5.4 Summary

The technique for real time harmonic estimation in power systems has been

implemented using a general-purpose relay hardware. Software modules written for the

implementation of the proposed technique are described. The testing of hardware and

software components during different stages of development is described in this chapter. .
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A number of power system voltages and currents that may be encounter were

simulated. The simulated data were played back using a Real Time Playback Simulator

for testing the proposed system. Results show that the accuracy of the estimates is

encouraging and matches closely with the actual values.
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6 Summary and Conclusions

6.1 Summary

The widespread applications of power electronic devices have increased the

harmonic distortion in power system voltage and current waveforms. Advances in

semiconductor device technology have fueled a revolution in power electronics over the

past decade, and there is every indication that this trend will continue. Chapter 1

describes this phenomena by considering the theoretical basis for harmonic existence in

contemporary power systems. Equipment, which generate harmonics in single-phase and

three-phase systems, are identified and their effects on different power system

components are discussed. Harmonics due to faults and disturbances are described. A

general overview ofmicroprocessor-based relays is presented in Chapter 1. The objective
of research, outlined in this thesis, was to develop a technique to estimate harmonic

components in real-time in power systems.

A review of the previously published literature about various techniques for harmonic

estimations is discussed in Chapter 2. Theory for widely used discrete fourier transform is

presented. Chapter 2 also discusses Kalman filter and artificial neural networks based

techniques. A study of pitfalls in the previously proposed techniques is presented.

Examples are shown to indicate that blindly applying DFT and FFT may lead to incorrect

harmonic estimations. Limitations of the Kalman filter and artificial neural networks

based techniques and the difficulties faced during implementation are also discussed in

Chapter 2.
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A new technique for estimating harmonic components in power systems is presented
III Chapter 3. Errors due to the application of orthogonal filters to a non-nominal

frequency signal are briefly discussed and illustrated considering a distorted signal with a

fundamental frequency of 57 Hz. A new iterative technique based on orthogonal filters

and frequency tracking has been developed to estimate harmonic components in power

systems. This proposed technique uses frequency interpolation to estimate fundamental

frequency and harmonics when the nominal frequency of the signal is a non-integer
value. Due to the number of computations involved during the generation of filter

coefficients, off-line computations are suggested. The beneficial features of the proposed

technique include fixed sampling rate and fixed data window size.

The simulation procedure suitable for evaluating the performance of the proposed

technique for real-time harmonic estimation for modern power systems has been

described in Chapter 4. Different power system operating conditions were simulated and

data from these simulations were used to evaluate the proposed technique. To compare

the proposed technique with the FFT based technique, all the simulated operating
conditions were fed in to FFT module and the estimates are illustrated in Chapter 4. The

effect of various operating conditions on the performance of the proposed technique has

also been investigated.

The technique for real time harmonic estimation III power systems has been

implemented using a general-purpose relay hardware. the Chapter 5 describes the

hardware and the software designed for the harmonic monitoring system. The testing of

hardware and software components during different stages of development is also

described Chapter 5. The prototype harmonic monitor was tested by playing back

simulated data in a Real Time Playback simulator. Accuracy of the implemented
harmonic monitor system is encouraging and the estimates of the harmonic monitor

match closely with the actual values. Some results are reported in Chapter 5.
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6.2 Conclusions

The research work presented in this thesis indicates that the proposed technique is

simple and accurate. The technique provides accurate estimations without changing the

data window length and sampling rate. The results obtained during the simulation and

implementation studies indicate that the proposed technique has acceptable accuracy.

It has been shown that the proposed technique can be implemented using a typical

microprocessor based relay hardware. A harmonic measurement system can be designed
for the present industrial and power utility requirements based on the proposed technique

using a multi-processor data acquisition system.
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Appendices

Appendix A Least Error Squares Technique

The Least Error Squares (LES) approach for developing a digital filter takes

account of the decaying D.C. components in the system voltages and currents. This

curve-fitting technique is based on minimizing the mean-square error between the actual

and assumed waveforms. The technique uses the coefficients of the designed filter to

compute the real and imaginary components of the voltage and current phasors.

In designing the LES filter, it is assumed that the power system currents and voltages are

composed of an exponentially decaying de component, a fundamental frequency

component and components of a few harmonics.

Consider that the waveform of a voltage can be modeled as

N

vet) = Aoe-tlt + LAn sin(nffiot + en)·
n=I

(A.I)

where

vet) is the instantaneous value of the voltage at any time t,

r is the time constant of the decaying dc component,

N is the highest order harmonic component present in the voltage,

ffio is the fundamental frequency of system in radians/seconds,

Ao is the initial value of the de offset at time t=O,

An is the peak value of the nth harmonic component, and

en is the phase angle of the nth harmonic component.
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The Taylor series expansion for the decaying de component gives

Applying the trigonometric identity sin(A+B)=sinAcosB+cosAsinB and using the first

two terms of the Taylor series expansion of the decaying de component, Equation

(A.I) becomes

(A.2)

If the sixth and higher order harmonics are assumed to be removed by the anti-aliasing

filter, and t = t., Equation (A.2) becomes

(A2 cose2)sin(2(J)ot]) + (A2 sine2)cos(2(J)ot]) +

(A3 cosB3)sin(3aJot]) + (A3 sinB3)cos(3aJotJ +

(A4 cosB4)sin(4mot]) + (A4 sinB4)cos(4aJot]) +

(A5 cosB5) sin(SaJot]) + (A5 sinB5) cos(Smot]). (A.3)

This equation can be expressed as

(A.4)

where:

xi=Ao' X2 = -(�o) ,X3=A] coaO, , X4= A] sine], xs= A2 cose2, X6= A2 sine2,

and
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an=I, a12=t1 , aI3=sin(root1) , a14= cos(root1) , a15= sin(2root1) , a16= coS(2root1)'

a17= sin(3ro 0 t1) , a Ig= cos(3ro 0 t1 ) .

The voltage signal is sampled at intervals of �t s. Equation (A.4) can be rewritten in

the following form by substituting t, = M, 2M, , m�t as follows.

v (�t )=alixi+a12x2+a13x3+aI4X4+aI5x5+aI6x6+aI7x7+algXg+aI9x9+allOxlO+alIIXII
+al12x12

v (2 �t )=a2IxI+a22x2+a23x3+a24x4+a25x5+a26x6+a27x7+a2SxS+aI9x9+allOxlO +a) llXll
+ al12X12

v (m �t )=amIXl+am2X2+am3X3+am4X4+am5X5+am6X6+am7X7+amSXg+aI9x9+allOxlO+alllxll +

al12X12. (A.S)

The a-coefficients can be redefined as follows:

ami= 1, am2=mM , am3=sin( co o�t ), am4=cos( roo�t ), am5=sin(2 roo�t ),

am6=cos(2 roo�t ), am7=sin(3 roo�t ), amg=cos(3 roo�t ), am9=sin(4 too�t ),

amlo=cos(4roo�t), amll=sin(S roo�t), am12=cos(S roo�t).

If S voltage samples are expressed as equations and S> 12, the resulting equations can be

written in the matrix form as

[A] [x] = [v].
Sx12 12x1 Sx1

The unknowns, [x], can be calculated as follows

[x]=[At [v] .

where [At is the left pseudo-inverse of [A] and is given by

- 132 -



The elements of the rows of [At are the coefficients of the LES filter that can be used

for estimating the real and imaginary components. The coefficients of digital filters, in

conjunction with samples of the currents and voltages provide estimates of real and

imaginary component for fundamental phasor and harmonics. The peak value of the

fundamental and harmonic components can then be calculated by using the equations

given below.

V3= �x/ +x/

Vn = �X2n+12 + X2n+22
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Appendix B. Look - Up Table

As mentioned before off line calculations include the design of orthogonal filters and

filter coefficients of the resulting sine and cosine filters are stored in the form of a look

up table for use during on-line calculations. This means not only the filter coefficients for

fundamental frequency but also for the other harmonics. Frequency range and the number

of harmonics considered for estimations depend on the capability of the microprocessor.

Figure B.1 shows how the look-up table is arranged for the fundamental frequency of 60

Hz and its harmonics. This arrangement is identical for all the other frequencies
considered in the frequency range. On-line program is developed to fetch the filter

coefficients accordingly. During the iteration, if the derived value is a non integer then

linear interpolation is done between filter coefficients which belongs to the adjacent

integer frequencies to compute filter coefficients for the derived value.

Frequency Harmonic Cosine Filter Sine Filter
Number (Real) (Imaginary)

0.0833333333 -0.0902109796
0.0721687836 -0.0601851852
0.0416666667 -0.0180421959

Filter -0.0000000000 0.0462962963
Coefficients For -0.0416666667 0.1082531755
Fundamental -0.0721687836 0.1296296296

Frequency -0.0833333333 -0.0937500000
-0.1443375673 -0.0416666667
-0.0833333333 0.0312500000
0.0000000000 0.0833333333
-0.0000000000 0.0312500000
-0.0721687836 -0.0416666667

60Hz -0.0721687836 -0.0937500000
Filter 0.0000000000 -0.0833333333

Coefficients For 0.0721687836 0.0625000000
2nd Harmonic 0.0721687836 0.1666666667

-0.0000000000 0.0000000000
-0.1443375673 0.0925925926
-0.1443375673 -0.0000000000
0.0000000000 -0.0740740741
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Frequency Harmonic Cosine Filter Sine Filter
Number (Real) (Imaginary)

-0.0833333333 0.0000000000
0.0000000000 0.0925925926

60Hz 0.0833333333 -0.0000000000
Filter -0.0000000000 -0.1481481481

Coefficients For -0.0833333333 0.0000000000
3 rd Harmonic 0.0000000000 0.1851851852

0.0833333333 0.0937500000
0.0000000000 -0.0416666667
-0.1666666667 -0.0312500000
0.0000000000 0.0833333333
0.0000000000 -0.0312500000
0.0721687836 -0.0416666667
-0.0721687836 0.0937500000

Filter 0.0000000000 -0.0833333333
Coefficients For 0.0721687836 -0.0625000000
4th Harmonic -0.0721687836 0.1666666667

0.0000000000 0.0180421959
0.1443375673 -0.0601851852
-0.1443375673 0.0902109796
0.0000000000 -0.1018518519
0.0833333333 0.0902109796
-0.0721687836 -0.0601851852

0.0416666667 0.0180421959
Filter -0.0000000000 0.0462962963

Coefficients For -0.0416666667 -0.1 082531755
5th Harmonic 0.0721687836 0.1296296296

-0.0833333333 -0.0114235163
0.1443375673 -0.0559173117
-0.0833333333 -0.0888271096
0.0000000000 -0.1032471417

Table B.t Look - up table arrangement for fundamental frequency of 60 Hz.
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Appendix C. Frequency Responses

Frequency response of a filter is the plot of gain versus frequency. The real and

imaginary responses of the designed filters for real-time implementation of the proposed

technique are given below. These filters are designed based on least error squares

technique. Since the frequency can be an integer or a non integer value, fundamental and

harmonic responses are shown for fundamental frequency of 60 Hz and 56.5 Hz.

Imaginary and real filter responses were shown for DC to s" harmonic. It can be

observed from the figures that the gain equals to one at the estimated frequency and zero

gain for other harmonics irrespective of whether the fundamental frequency is equal to

the nominal frequency or not.

Figure C.l shows the designed filter responses for DC where the fundamental

frequency is considered as 60 Hz. The illustrated Figure C.l shows that the gains at zero

frequency equal one for real and zero for imaginary part.
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(a) Response for real part.
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Figure C.I Real and imaginary frequency responses for DC.
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Figure C.2 Real and imaginary frequency responses for the fundamental frequency of 60

Hz.
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Figure C.3 Real and imaginary frequency responses for the 2nd harmonic of 120 Hz.
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Figure C.4 Real and imaginary frequency responses for the 3rd harmonic of 180 Hz.
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Figure C.S Real and imaginary frequency responses for the 4th harmonic of 240 Hz.
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Figure C.6 Real and imaginary frequency responses for the 5th harmonic of 300 Hz.
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Figure C.7 Real and imaginary frequency responses for the DC.
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Figure C.S Real and imaginary frequency responses for the fundamental frequency of

58.5 Hz.
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Figure C.9 Real and imaginary frequency responses for the 3rd harmonic of 175.5 Hz.
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Figure C.IO Real and imaginary frequency responses for the s" harmonic of292.5 Hz.
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Appendix D Testing the Estimation Software

This section gives a brief overview of the TMS320C30-based system that was used

for testing the estimation software. An IBM-compatible PC was used as the host machine

in the system. The TMS320C30 Evaluation Module (EVM) is a development tool from

Texas Instruments and was used for executing and debugging applications program using
the TMS320C30 C source debugger. Floating-point DSP applications can be evaluated

and developed using the module. Each EVM includes a PC bus compatible card and

software package.

D.I Hardware

The hardware components of the EVM card include:

TMS320C30, a 33-MFLOPS, 32-bit floating-point DSP,
16K-word zero-wait-state SRAM, allowing on-board coding of the algorithms,
Port for host-PC communications and

Multiprocessor serial port providing connections to multiple EVMs.

Loading of the code is done through the emulation port. A shared bi-directional16-bit

register is used for communication between the host and TMS320C30 after the code has

been loaded since there is no direct host access into the TMS320C30 memory. The

TMS320C30 has direct interface to SRAM which supports zero wait-state memory

accesses on primary bus.

D.2 Software

The system has software tools to develop, debug, benchmark and run real-time

algorithms. These include the TMS320C3x assembler/linker, C source debugger and an

optimizing ANSI C compiler, a program loader and example applications software.
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The EVM provides a window-based mouse-driven user-interface that enables

downloading, execution and debugging of assembly code or C code.

D.3 Testing Procedure

Testing of the estimation software was performed usmg code generation and

execution steps. The ANSI C program written for the estimation software was converted

to the DSP code, which is executed after loading into the DSP.

The TMS320 floating-point C compiler consists of three different programs: the parser,

the optimizer (optional), and the code generator. C source file is an input to the parser

which checks for syntax and semantic errors, and produces an internal representation of

the program called an intermediate file. The optimizer is an optionalpass that is executed

before code generation.

The intermediate file provides input to the optimizer which produces a highly
efficient version of the code in the same format as the intermediate file. The intermediate

file from parser or optimizer (if used) provides input to the code generator. The code

generator produces an assembly language source file. This provides input to an

assembler which generates a Common Object File Format (COFF) file. The output file

from assembler provides an input to the linker which produces an executable COFF

object file <program_name.out>.

DSP Code Generation Process

1. Develop the estimation software in ANSI C programming language.

2. Include a data file from PSCAD simulation into the estimation software.
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3. Compile, assemble, and link the C source file using the single command: c130

<program_

name.c> -z <program_

name.cmd>

Three files are generated: <program_name.obj>, <program_name.map>, and

<program_name.out>. The map file, <program_name.map>, shows the memory

configuration, section composition and allocation, and various symbols used in the

program with their storage addresses in the memory. The file with extension 'obj' is an

executable object file. The output file, <program_name.out> is loaded into the memory of

the TMS320C30 DSP for execution.

Execution of the DSP code

1. The output file, <program_name.out>, from the linker is loaded into the evaluation

module (EVM) in TMS320C30-baed DSP board using the commands given below:

evm30

reset

load <program_

name.out>

2. The loaded file is executed by using the 'run' command and the execution can be

stopped by pressing the <escape> key.

3. The variables of interest can be displayed using following commands:

disp *(int *) OxOOOXXX, for integer variables or

disp *(float *) OxOOOXXX, for floating-point variables.

OxOOOXXX is the memory address at which the selected variable resides and is



known from the map file. Variable name can be used instead ofmemory address.

4. Time taken to run the program on nsp can be obtained by using the process of

benchmarking. Benchmarking involves creating breakpoints at the start and the end of

the program and is carried out using the following command steps:

evm30

reset

load <program_

name.out>

ba OxOOOXXX (OxOOOXXX is the program start memory location)
ba OxOOOYYY (OxOOOYYY is the program end memory location)
run

runb

?CLK

Complete program execution time including all passes through the program, in number of

clock cycles of the DS]', is displayed on the screen. Program execution time in

millisecond is calculated from the single-cycle instruction execution time which, is 60

nanosecond for TMS320C30. Time taken to execute '1- section of the program can also be

calculated by using a similar procedure.
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