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Abstract

The objective of this thesis is to develop a computer algorithm for implementing a
frequency relay. The algorithm aims to track the frequency of power system more accurately
and faster than a conventional method. The modified Discrete Fourier Transform technique
has been tested with typical power system conditions on a Unix workstation, and it works
very well to signal undergoing frequency swing, corrupted with harmonics and random
noise, shifting phase, as well as sudden dropping its voltage magnitude. However, the input
signal for the new method has to be anti~aliased and limited to 10 Hz/sec forits rate of change

of frequency.
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Chapter 1. Introduction

1.1. Objective

With the increasing complexities of modern power systems, a more accurate and
faster protection scheme is needed. It is thus the objective of this thesis to present a computer

relaying algorithm to implement a frequency relay, which will accomplish the above goal.

1.2. Problems

Conventional electro-mechanical frequency relays are still in operation on many
power systems. However, due to the rapid development in computing processor technology,

digital frequency relays are gradually replacing the conventional ones.

Many algorithms have been used to detect the system frequency, among these,
zero—crossing and Discrete Fourier Transform (DFT) are the two most popular techniques
which engineers prefer. The zero—crossing method obtains the frequency by calculating the
inverse of the measured period. However multiple-crossings, caused by the presence of
noise and harmonics, affect its accuracy. Filtering alone cannot solve the problem without

significant time delay in the response.

Although many ideas have been published based on the DFT algorithm to obtain the
system frequency by measuring the voltage or current phasors, no single one seems to be
satisfactory. They either fail to substantially reduce the delay time, or do not test the
algorithm thoroughly with typical power system operating conditions. Consequently, a
rather simple algorithm will be developed for a frequency relay. The algorithmis to be tested

under typical system operating conditions as suggested by Manitoba Hydro.




1.3. Scope

In this thesis, we are going to investigate a computer algorithm for implementing a
frequency relay which will detect the system frequency. We first discuss the background of
the development of digital relaying. Secondly, the theory of the DFT algorithm and how the
system voltage inputs are sampled is explained. Thirdly, we will then deal with all of the
typical test signals and methods to create time—varying frequency signals. Fourthly, test
results and considerations on hardware and software implementation will be discussed. The

final chapter will be the conclusions.




Chapter 2. Béckground

2.1. A Power System Protection Scheme

A power protection system [1] [2] basically consists of three subsystems:
1. Transducers (T)
2. Relays (R)

3. Circuit Breakers (CB)

Transducers provide the inputs in the form of voltages and current signals to the
relays. Relays are the devices which sense a fault and energize the circuit breakers to open
the contacts in order to isolate the fault. Circuit breakers disconnect the appropriate lines
during the disturbances in order to prevent total collapse of the system. Fast and accurate

elimination of a fault requires correct operation of all of the three subsystems.

1 2
To | ' CB |  Transmission Line ' CB X To
Other™% i 5 L E (] ; | #>Qther
Buses X X ' ' Buses
0T : : TC] |
: R: ' R :

Figure 1.A Power Protection System




Figure (1.) shows a power protection system for the transmission line 1-2. Two
identical protection systems, enclosed by dotted lines, are located at both ends of the

transmission line.

According to Warrington’s summary [3] [4], the general requirements of a relay are:

1. The relay should operate and respond to the type of fault which it is intended

to protect against, and not for any other conditions.

2. The relay must be immune from transient effects, such as, a drop in voltage,

peak currents, direct current components, harmonic content and noise.

3. The relay should have a range of adjustment to permitit to operate selectively

with other relays.

4. The construction of the relay must be simple and accessible, so as to facilitate

testing and regular maintenance work.

5. The construction should allow easy modifications to meet unusual conditions

of temperature, humidity, vibration, mechanical shock, etc.

2.2. Development of Digital Relaying

The conventional electromagnetic relays have been used in the power system
schemes for decades. Despite the fact that the idea of the digital relay was introduced by
some experts in late 1960’s, it was not until several years ago that the implementation of
digital relays became cost effective as well as technologically feasible. Since the 1960’s, the
cost of hardware processors has been substantially reduced and many algorithms have been
proposed. The combination of rapid development in both computer hardware and software
makes it now possible to manufacture digital relays commercially. Computer relaying is

going to contribute to all aspects of real time monitoring and control of power systems.

Figure (2.) shows a simplified digital relay configuration [5]. Analog three—phase

voltage and current signals are acquired through transducers such as current transformers or




capacitor voltage transformers. The input signals are filtered with anti-aliasing filters.
Analog-to-digital converters are then used to sample those quantities simultaneously,
converting the analog signals to digital signals. The digital computer imports the samples
and makes decisions according to the algorithm, The results are sent out from the processor

to the control center and breaker are tripped if necessary,

Tripping

A
Vv
3¢ | Volage & anti— analog— digital

Current % aliasing [—® digital %4 signal —
—1_3;?" Transducers filter converter processor |
Y

feedback <€—{ control system

Figure 2. A Digital Relay Configuration

The microprocessor based devices, which are usually installed in substations, are
constantly processing data received from the power system. It has functions of monitoring
and control. The digital relay is considered to be a measuring system which computes the
input data and makes a decision according to pre-set criteria. Digital devices are also more

reliable because of the digital equipment’s self-diagnostic ability.




A conventional relay is usually designed to detect a specific fault in the power
system, and cannot dynamically switch to another type of relay. With a digital computer,
many types of relay algorithms are stored in the processor’s memory and hence,
multi-function parallel processing of adaptive algorithms on the digitized signals is

possible. However, this thesis will only deal with one algorithm for the frequency relay.

The normal operating frequency of a typical power system is 60 Hz (50 Hz in some
countries) and it deviates when there is a generation-load unbalance. Overfrequency occurs
if the system is underloaded and underfrequency if overloaded. Frequency relays detect any
frequency deviation and, if necessary, disconnect load blocks in order to restore the system

to a balanced condition and hence prevent the total collapse of the system.

A frequency relay is particularly more useful than an impedance relay during a power
swing.This is because the impedance seen by arelay may fall to a low value during the power

swing, even if no fault occurs, causing false tripping.

With an appropriate algorithm and design, a digital frequency relay has the following
advantages over a conventional relay: greater economy, better performance, and greater

reliability and flexibility.

Accuracy and speed are the two most important criteria for a relay algorithm. Since
the frequency information is to be used in a feedback control loop in the power system, the

delay time has to be minimized. Accuracy, however, cannot be compromised for security.

2.3. Mathematical Basis of The Fourier Series

The Fourier Series is one of the most commonly used algorithms in computer
relaying, because it provides a technique for extracting fundamental and harmonic
frequencies of incoming signals. The nature of these fundamental and non—fundamental

frequency signals has an important bearing on the performance of relaying algorithms.




The input signals of relays encountered in power systems, such as phase voltages,

are essentially periodic and the ideal frequency of the system in steady state is 60 Hz [6] [7].

A voltage signal ¥ is periodic if there exits a T such that

V() = We+1) ; for all ¢ (1.)

The fundamental period T, of the voltage signal is the smallest positive value of T such that

(1.) holds. The fundamental frequency w, is defined by

2

W, = — 2.)
To

Any finite sum of the form

V) = C,+C) e9+Cy 24y . +Cy d®-Dod (3)
k=N-1 ‘

V) = > Cp el (4.)
k=0

where Co, Cy, Gy, ... Cy are constant coefficients

will be periodic with fundamental frequency w,. A Fourier analysis aims to decompose an

arbitrary periodic signal into spectral components as in equation (4.). The Discrete—Time

Fourier Transform is represented by the following equation.

N-1
Ww) = Z v(iT) edoT (5.
i=0
where N is the number of samples taken over one period
T is the sampling period

11is the integer number ( NOT a complex constant here)

j is the complex constant of Y—1




2.4. Digitizéd Sample Signal

If we take N samples of a continuous signal v(s) at interval of T seconds to form a

finite duration discrete—time signal as shown in Figure (3.)

A @
v{n] v[3]
@ T ¢
V[N - 2]
v[l] v[z] ----------
V{O] . V[N— I]
@ 8. =
(N-DT  Time

Figure 3. Digitized Samples
with Vfn] = ¥nT) ; forO<n<N-1 (6.)

The finite description of the transform is a sampled version of the Discrete Fourier Transform

(DFT):

N-1

ThQsy = > v(T) edhQT (7.)

i=0

where Q, is the fundamental frequency of discrete samples.

k is the harmonic order,




We are interested here in the simplest form of the Fourier algorithm, which extracts
the fundamental frequency phasor from samples of a periodic signal over a period or less than
a period. The discrete correlation of samples of a reference sinusoid and cosinusoid with the

input signals is called Discrete Fourier Transform.
Consider an ideal sinusoidal voltage signal of frequency f
W) = sinQuft + ¢) (8.)

where f is the frequency in Hz

¢ is an arbitrary phase angle.

The signal is sampled at a rate of N times per cycle of 60 Hz (f) waveform. The

period of the sampling rate is

1
N
The sample set { * } at window & would be
k

Z sin(ZJQ’}—;V—i + @)

i=k-N+1

"

k

EEEDY sin(%i + @) 9.)

i=k-N+1

The DFT of { v * } containing a fundamental frequency component, at window  is;

k
- s N . o,
vk = Z vi e78' v is the sampled version of W)
i=k-N+1
k k
- . 27, : 27 .
it = Yy sin—-i + > v cos—i (10.)
i=k—-N+1 i=k-N+1




where subscript 1 indicates the fundamental component.

That is, equation (10.) identifies the fundamental frequency component of the
sample set { v }, which might contain some frequency components other than fundamental

under the real situation. One other important consideration is that the input signal has to be
band-limited to prevent aliasing, which causes error in the DFT algorithm, due to the

Nyquist Criterion.

2.5. Nyquist Criterion

The Nyquist criterion states that the minimum sampling rate, fo..m, , needed to

reconstruct a band-limited waveform, £, , without error is given by 2 X £, [7].

If fomoing < 2B, where B is the highest significant frequency component in the
sampled waveform, an aliasing error will occur. Aliasing is the distortion or interference
caused by the overlap between the lower lobe of the spectrum centered on f,,,, and the
baseband spectrum. The aliasing error can be reduced by either using a higher sampling

frequency or a presampling low—pass filter. It should also be noted that the highest frequency

component that can be evaluated with an N—point DFT is f = % = %qu , where f; is

the fundamental frequency.

2.6. Recursive Phasor Computation

As mentioned earlier, the output from the relay my be used for a control feedback
loop. Therefore, reducing the time delay is one of the important criteria in our algorithm. The
Recursive phasor calculation reduces computation time extensively. We use N=4 samples

per cycle to simplify the illustration of recursive phasor computation.

10




A
v e ——— — — -
C T
| v[1] . v[s]
| -
| o] | v2r | 4l v(6]
; ® { e : -1 g e : .
| | | [ : Time
| |
: Lo e _._,,{ —_
| v[3] | Window #2 v[7]
L i s o o i s o i i s s snn M|
Window #1 Moving Data Window
Reference Phasor for N=4
Ry =z
9= 4 2

Figure 4. Sampling Window and Reference Phasors

Referring to Figure (4.), v[0], v[1], v{2], v[3], are the data set obtained at window
#1, V1], v[2], v(3], vi4], atwindow #2,etc. R, R, R, R, are the four reference vectors

for the DFT correlation. Using equation (10.), the fundamental component of the incoming

signal at window k is

11




R _.Qx.
vi" = 2 Vi efTF‘
i=k-N+1
for N=4;
k -”.
ik = v; ed (11.)
I=k-3

for window k=1 and k=2, the DFT correlation vector are;

71 M = Y[01Ry + v[1IR; + V[2]R, + v[3]R3 (12.)
P12 = V[1IR; +v[2)R, + V[3]R3 + v[4]Rg (13)

It is noted that three out of four terms are common to equations (12.) and (13.) As

the window is progressing from window #1 to #2, only one sample, v[0], is discarded and
one sample, v{3], is added to the new data set. By retaining three common terms in memory

and adding the new term for the next phasor calculation, computation time is greatly reduced.

For a pure sinusoidal input signal of fundamental frequency,
vIN+r] = vir]; forail r,
and equation (11.) becomes;
o= (14.)

Equation (14.) [8] indicates that a stationary phasor in the complex plane is obtained
when the recursive computation is applied to the pure sine waveform of the fundamental

frequency signal.

12




2.7. The Relationship Between the Frequency Deviation
(Af) and the Rate of Change of Phase Angle

The frequency deviation of a voltage signal can be determined from the rate of

change of phase dngle of the voltage phasor using the following equations.

ay
— = 27 .
- Af (15.)
Ay e
or A 27t Af for a finite time interval At between samples.
Thus, Af = 2% = L ¥r—¥ral (16.)

2 At 2 (?éfv)

where Awy is the change of phase angle between successive measurement
At is the change of time
Af is the frequency deviation from 60 Hz
N is the number of samples taken every period.

Yr and Wr; are consecutive calculated values of y.

The following example illustrates the above concept, with N=1, thatis, just one phase

measurement per cycle;

13




v(® signal 1 signal 2
1 60Hz 60Hz + Af :
) Lo !
2 / :
w : = S ;f:-,:,-
eg. 30°: Y+ Ay
& : 1 period i cg. 320

Figure 5. Relationship between the Change of Frequency and the Phasor Angle

Signal 1 in Figure (5.) is the reference phasor with frequency of 60 Hz, while signal
2 changes its frequency from 60 to 60+Af at the end of the period. By applying equation

(15.), we get,

ap Ay 309-32°
d At 1/60

=—120 deg/sec = —%raa’/sec or Af= ~—§Hz =-0.33Hz

Hence, the frequency of signal 2 is 60-0.33 =59.67 Hz. Or, we can just obtain the frequency
of the signal 2 by taking the inverse of the period T».

362 1 1
T,=22, 1 = —=59.67H
27360760 fa=g z

The rate of change of the phasor angle is thus directly proportional to the input signal
frequency deviation. Figure (6.) shows the phasor rotates away from the reference phasor
when the signal frequency deviates from the fundamental. The frequency of a signal can thus

be calculated using equation (16.) and the equation fgigna= 60 + Af.

14




Imaginary A
Veo (reference phasor)

;;60+Af

B>  Real

Figure 6. Change in Phasor Angle when the Frequency Deviates from 60 Hz

2.8. FFT Versus DET

The Fast Fourier Transform (FFT) is a numerical technique which makes the
calculation of the DFT much faster if a large number of harmonics is required. Equation

(7.) can be expressed in a more compact form shown as follows,

N-1
V(kQy = Z v(iT) V48T (7.)
=0
let Vi = V(kgza)
vi = v(iT)
0 = eI
N-1 .
then Vi = Zng”" (17)
i=0

15 .




(18.)

ﬁN—-l < oy

If all the ¥, are calculated and N is relatively large, the FFT performs the calculation
faster than the DFT by a factor of orders of magnitude. The difference in the number of

computation is Nlog,N versus N* for FFT and DFT, respectively.

However, in protective relay applications, only a few ¥, are needed and N is
relatively small. In our investigation, N=32 samples per cycle is used and we are only
interested in the fundamental component 7, . As aresult, there will be no obvious differences
in the computation time between the DFT and FFT techniques. In addition, there is no
limitation on the number of samples taken per cycle for the DFT algorithm. In contrast, the
FFT requires N to be the integer power of 2. Hence, the DFT is chosen for our algorithm

because it is easier to implement and the choice of the number of samples is flexible.

16




Chapter 3. The New Algorithm

3.1. Using Half of the Window Data

The objective of our new algorithm is to provide reliable information of the power

system to the feedback control loop in a minimum possible time.

Based on the DFT theory, the new algorithm is modified to use only half of the
window data in calculating the fundamental frequency phasor in order to reduce the

computation time. That is, we use,

ik = S v e with N=32 (19.)

. ) - (28 ;
instead of ik = Z v; edwt (10.)
i=k-N+1
A time-varying frequency voltage signal can be represented as,

v(®) = Asin(Qaft +y() (20.)

where () is the phase angle of the signal in radians.

And Af = i‘%—:—fl 21

The instantaneous frequency of the signal is,
fsigm! = f}'w:damemal + Af

17




and the instantaneous phase of the phasor is estimated by,

-k -

> vicos| %]

1| =R

wﬁst = tan” k (22.)

Z Vi sin[-zﬁi}

; N
| i=k—+]

For a signal with a frequency deviation from 60 Hz (fundamental), the phase found
by equation (22.) oscillates with large amplitude about a mean value which is close to the
true phase. The magnitude of the oscillation is found to be double the fundamental frequency,
regardless of the number of samples per cycle taken. Therefore, the error can be eliminated
by averaging over one-half cycle. Another method is to average three calculations using

three phases as the input signals.

3.2. Three Phase Voltage Input Signals

Three phase voltages are used in order to make the individual phase voltages less
sensitive to variations than the method based on one phase. Three—phase voltages ¥, v,
and v, are 120°apart from each other. They can be used to calculate #, ¥, #. and

Veww Ve WYeu o DY using equations (19.) and (22.), respectively.

As mentioned above, the phase angle y., oscillates about the mean value. However,

it happens that y., ., ¥.., and y,, . are out of phase in such a way that an average of them

is quite close to the mean value. That is,

+ +
Ve g = | oot b ot ¥erc (23)

Three—phase voltages therefore provide more reliable phase sources than the single

input phase. However, the algorithm will still work properly if only one or two voltages
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sources are used as input data. For a one phase calculation, a running half cycle average is

taken of all the phase calculation over the half cycle ending at the current time data point.

3.3. Rate of Change of Frequency Limiter

The typical frequency swing of a power system is at a rate of 0.1 to I Hz per second
and, extreme cases may reach 10 Hz per second. Consequently, the new algorithm will limit
the rate of change of the estimated frequency to be a maximum of 10 Hz per second. Any
over-limit estimation will be considered an error due to a phase shift caused by a fault, and
therefore the calculated frequency is held at the previously estimated value. This maximum
expected value comes from the fact that the inertia constant H of typical generators is 2 to
9 [1]. Since H is half the time in seconds for a machine to go from zero speed (0 Hz) to full

speed (60 Hz) with one—per unit torque applied, it follows that a 100% load drop would result
in a frequency change rate of —2% Hz/sec . Manitoba Hydro’s lowest H is about 3, giving a

rate of 10 Hz/sec maximum.

3.4. Computer Software

All the programs in this investigation were written in the standard C computer
language, and all the simulations and tests were done on the Unix based Sun Workstation.

Moreover, Xuniplot is used to plot all the test results.

3.5. Program Flow-Chart

Figure (7.) and Figure (8.) on the following pages show the computer program flow

charts given in description and equations, respectively. The program performs the modified
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DFT calculation and frequency estimation every n samples and n can be set to any positive
integer. For our investigation, N is set to 32. The setting of n also depends on many factors
such as: how fast the clock is, what the memory size is on the board, and what the maximum

delay allowed, etc.

Starting from the top of the chart , a new set of data is gathered with new input and
the previous input stored in the memory. The digital filter is then applied to the voltage
signals. However, the digital filter is optional for our testing. Itis used to filter the test signals
with higher order harmonic and noise components in order to meet the Nyquist criterion as
discussed in a previous chapter. After the filtering, the modified DFT algorithm is used to
find the complex phasors and then the phase angles. Comparing the previous and present
phase angles, we can find the rate of change of frequency. If the rate of change of frequency
is not greater than 10 Hz/sec, as checked by the limiter, a new frequency is estimated. The

previous estimated frequency is kept if the limit is violated.
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Figure 7. Flow Chart in Description
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Chapter 4. Typical Test Signals

All the test signals are chosen to simulate typical situations for a power system. Qur
algorithm aims to track the system frequency when the systemisin a power swing condition,
as well as in the steady state. The program should not have any problem in dealing with
signals corrupted by, for example, harmonics and noise, provided that the signals are filtered
with an anti—aliasing filter. Furthermore, the algorithm should also be immune to distortion

caused by a sudden jump in the voltage magnitude and the phase change of the signals.

There are many advantages in choosing phase voltages, rather than currents, as the
input signals. One obvious advantage is that the voltages would not be cut off in case of the

open circuit of the power system.

Six different cases are investigated in this thesis:

Frequency swing signals.

2. Frequency swing signals with 3rd harmonics overlapping at
various phase angles.

3. Frequency swing signals with 3rd and 5th harmonics overlapping
signals in phase.

4. Frequency swing signals with high frequency noise.
5. Steady state (60 Hz) signals with 50% magnitude drop.

6. Steady state (60 Hz) signals with 90 degrees phase shift over one
cycle.

4.1. Frequency Swing Signal

A power system undergoes transient frequency swings when there is an unbalance
between the generation and the load. Control equipment must adjust accordingly, for

example load shedding, in order to protect the system from collapse.
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4.1.1. How to Define a Signal with Time~varying Frequency

A steady-—state sinusoidal voltage signal is defined as,

Variables

v
v(£) = sin[2x f, t+ @]

Constants

(24.)

where f. is the carrier frequency which is 60 Hz for our investigation,

and ¢ is a constant phase angle,

However, a signal with time—varying frequency, that is , a swing condition would be

defined by

W Variables

v(t) =sin[2m f, t+¢(0)]

Constant
(25.)
Note that it is NOT correct to use
— Variables
v(t) = sin[2w f(£) t+¢]
A
Constant
(26.)
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In other words, the variable phase has the effect of producing a variable frequency signal [9].
A =2 en

Manitoba Hydro requires that the relay must be able to track a frequency change at

a maximum of 10 Hz per second. Thus the variable frequency is represented by

£) = 60 — 0.8 sin(4vr) (28.)
g = (0.8(4s) cos(4r) (29.)
[S{]m = 0.8(4m) = 10.05Hz/sec (30.)
and Y =2 J fndt (31)
(1) = 0.4 cos(4ar) + constant | (32.)

The corresponding voltage signal is therefore given by;

v(t) = sin[2760f + 0.4cos(dat) + ¢ p] (33)

where ¢, is an arbitrary constant phase angle

The time span for each testing signal will last for 0.55 seconds and it is set from —0.05
to 0.5 seconds. For frequency swing signals, the frequency varies between the times 0.0 to
0.375 seconds, and is constant during the remaining time. A signal will be as follows with

respect to time,
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V() = sin2m60t + ¢ 4] t<0 (34.)

v(2) = sin(2r60t + 0.4 cos(4ar) + @) 0 = r =< 0.0375sec (35.)

v(2) = sin(r60t + 27(0.8)t + @) t > 0.0375 sec (36.)

¢, in equation(35.) and ¢, in equation (36.) are chosen such that the phase is continuous
at the transition between the three functions. Otherwise, a step phase change could occur and
resultin an instantimpulse frequency. The frequency of the signal after 0.375 seconds is kept
constant at about 60.8 Hz, in order to investigate if the algorithm still works at a non—60 Hz
signal. Figure (9.) shows a plot of frequency of the signal against the time. Figure (10.) shows

the rate of change of frequency of Figure (9.).

For three phase signals, ¢., ¢, and ¢. will have the same form as equations (34.),

(35.) and (36.) with 120 degrees difference between them. Figure (11.) shows the 3—phase
voltage used as the inputs over a period from —0.02 to 0.03 seconds. Per Unit (pu) is used

for all the voltage signals.
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Figure 9. Frequency Swing
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Figure 10. Rate of Change of Frequency
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3-Phase Voltages as Input
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Figure 11. Three-phase Voltage Signals

4.2. Frequency Swing Signals with 10% 3rd Harmonic
(in magnitude) at Various Overlapping Angles.

Harmonics are distortions to the voltage and current waveforms from their normal
sinusoidal shape. A 60 Hz sine wave is generated at the power generating stations and
distributed to a large number of residential and industrial loads. Certain types of loads distort
the fundamental (60 Hz) by injecting additional signals of various magnitudes and
frequencies. Harmonics are also sinusoidal in shape but their frequencies are integer
multiples of the fundamental signals. However, the magnitudes of the harmonics normally
decrease with increasing frequency. Hence, only the first few orders usually need to be
considered in examining the effects of harmonics on power system component or equipment.
The presence of harmonics creates a steady state problem which may lead to some serious

effects on computer systems, capacitor banks (overloaded), communications lines and
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protective relay performance. There are basically two sources of harmonics generated from
power system components namely, solid state devices such as thyristors and transformers

operating with non-linear voltage and current characteristics.

For this part of the testing, we will add 3rd harmonics to the fundamental wave. The

magnitude of the 3rd harmonics is chosen as 10% of the fundamental, and the overlapping

angles (y ) between two signals are as follows:
l.y=0
2. y=15°
3. y=45
4, y =60°
S.y=9%
Figures (12.) shows the resulting voltage waveforms at 90 degree overlapping angle

over the period of —0.02 to 0.03 seconds.
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Figure 12. Voltage Signals with 10% 3rd Harmonics at y=90°

4.3. Frequency Swing Signal with 10% 3rd and 1% 5th
Harmonics in Phase with the Fundamental

The fundamental voltage signals are injected with 10% 3rd and 1% 5th harmonics

at a angle y = 0°. The waveform of the corrupted signal will be as follows,
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Figure 13. Voltage Signals with 10% 3rd and 1% 5th Harmonics at y = (°

.
\

3-Phase Voltage Va,Vb,Vc

CT

-1.00

4.4. Frequency Swing Signal with Gaussian Distributed
High Frequency Random Noise

Random noise can be picked up by the voltage signals anywhere along the
transmission line and at the power system components. It can also be introduces
“quantization” noise in the A/D converter. As mentioned previously, all signals we are
testing have to meet the Nyquist Criterion to prevent aliasing. We assume all the test signals
have been filtered with anti—aliasing filters. Therefore, no anti-aliasing filtering is installed
in our simulations. Referring to Figure (14.), the simulation starts after the analog—digital
(A/D) converter. For this particular test, a random noise ( for example, quantization error
noise ) is added to signals coming out of the A/D converter. Also, a low pass filter is used
to eliminate the high frequency components in order to minimize its effect on the DFT

algorithm.
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Figure 14. Configuration of Computer Program Simulation

4.4.1. Gaussian Distributed Random Noises

One popular type of noise is the Gaussian distributed random noise, which has a
bell-shape probability distribution[10]. A typical Gaussian distributed probability graph is
shown in figure (15.). The variance o is chosen to be 0.01 meaning that 68% of the random
numbers generated are between —0.01 and 0.01, and 95% between —-0.02 and 0.02. The
random noise is thus about 1% to 2% of the fundamental signals in magnitude, and Figure

(16.) shows how a random noise waveform may appear;
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Figure 16. Computer Generated Gaussian Distributed Random Noise Waveform
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4.4.2. Low Pass Digital Filters

The digital filter [11] is constructed from software to eliminate undesired
quantization noise harmonics. [An analog filter is constructed from analog hardware, and
is usually installed before the analog—digital converter to eliminate higher harmonic
components according to the sampling theorem.] In our investigation, the digital filter is
used only to remove a quantization noise introduced by the A/D converter. We do not use

this filter for the purpose of anti-aliasing.
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Input
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p| M2 B ... .. — ]

v(nT) vinT-T) v(nT-2T)%

v(nT-1T)

Addition

;

Output

y(D=v(nT)+v(nT-2T)+. . . .. +v(nT-1T)

M1-Ml: Memory

Figure 17. Block Diagram of a Low-Pass (Integral) Filter.

The output of the integral filter is;

YTy =v(@al) +v(nT-T)+- - + - +v(nT-IT)
Taking the Z-Transform of equation (37.), we get,

WZ) = v(Z) (1+Z"1+. . e +Z—l)

1-z7
W2} = v(Z) l:t-z_—l']

The transfer function is,

35

(37)

(38.)



1-z7
= [T-z_l] (39.)
And the gain is {11],

.| Q+hoT
szn[—z—-—]

(40.)

According to equation (40.), the frequency response characteristics of the integral filter are

given by,

1.0

Gain (p.u)

1 i [ o o

60 120 180 240 - ---

Frequency (Hz)

Figure 18. Characteristics of a Low-Pass Integral Filter
This type of integral filter can eliminate higher harmonics of frequency given by,

ok
U+ DT

f (h=1,2,- - ) (41.)

where T is the period of the sampling frequency which is the inverse of 60xN Hz,

Using N=32 and =15, equation (40.) becomes;
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_ sin(% h)
Ga= [ Sin(E) :l (42.)
And equation (41.) is given by,

f=120h (h=1,2,- - ) (43.)

Specifically, the filter eliminates all the harmonics of integer multiplies of 120 Hz
and its attenuation is proportional to the inverse of the frequency. This filter is particularly

useful to our algorithm as the fundamental signal is preserved after the filtering.

4.5. Fundamental Voltage Signal (60 Hz) with 50 %
Sudden Drop in Magnitude

4.5.1. Voltage Signal Before and During the Fault

Fal
hd

Relay
Location

|
|
|
. |
I
|
|
|
|
|
I
|
|
|
|

Figure 19. Power System at Fault

Figure (19.) shows a simplified circuit diagram of a faulted power system. The

voltage signal before and during the fault are;
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1+/0.1

before the fault: V = 1/0° =0.98/-5.6°

1+/0.2
during the fault’ V—:i,-g%— 1/0° =0.5/0°

The magnitude and the phase angle of the voltage change during the fauit.

All the previous four cases dealt with frequency swing signals containing either
harmonics or noise. Now the algorithm is tested for its response to a sudden magnitude drop
in the fundamental voltage waveform (which is 60 Hz). Figure (19.) shows how a magnitude
drop may occur. The frequency of the signal is kept constant at 60 Hz and the magnitude of

the voltage is dropped to half of its original at time=0 seconds, as shown in the following

figure.
50% Magnitude Drop
o Va o Vb

5 , & Ye
nAAA
> o
LA A IO X K K
g’ 0.00 A N\
N NV VK
.é) -0.50 /\J /\/ -

-1.50

-0.02 -0.01 -0.01 -0.00 0.00 0.00 0.01 0.01 0.02 0.02 0.03
Time (sec)

Figure 20. Fundamental Voltage Signals with 50% Drop in Magnitude
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4.6. Fundamental Signal That Change Phase by -90
Degrees Over A Period of One Cycle

Figure (19.) illustrates how a sudden phase shift may occur, over say one cycle. A

more severe example is chosen here: a 900 phase shift over a period of one cycle.

(1) = sin(2m601) fort = 0 sec f=60Hz (44)
v(t) = sin(2n60t — 301) forQ <r < % sec  f=45Hz (45.)
. T 1
v(p) = sm(ZaréOt—E) fort > 0 5 f=60Hz (46.)
A
& %=—30ﬂ radfs=-15 Hz
Phase ’ ‘ /
Angle :
(radian) X
4 1
Pog pemmiene PreoosseeeesS £
: ! .
0 1 Time (sec.)
60

Figure 21. Phase Angle Characteristics of a Voltage Signal

A change in the phase angle shifts the frequency from the fundamental frequency (60

Hz) to 45 Hz for a period of one cycle. Figure (22.) illustrates the change in frequency
between time=0 to time= % seconds. The signal at time= 'élb' is 90 out of phase with the

original waveforms.
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Figure 22. Fundamental Voltage Signal that Shift —90 degrees over one cycle
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Chapter 5. Test Results

5.1. Frequency Swing Signal

Appendix (1) contains computer program which estimates the frequency of the input
signal under the power swing condition. We use N=32 samples per cycle as our sampling
rate for all of our testings. Figure (23.) shows the frequency response of the algorithm. The
Y-axis is the frequency of all of the 3—phase voltages. The X-axis is the program simulation
time from ~0.05 to 0.5 seconds. As observed from the graphs, the algorithm responds quite
accurately under the ideal power swing situation. The maximum delay time is only about 4
to 5 milliseconds, or a quarter of a cycle, during the period of the power swing. The response
is extremely accurate during the period of 60~Hz and non-60-Hz constant signals. The
frequency of the 3—phase voltage signals is constant at 60 Hz before time=0, and swings from
60 t0 59.2 Hz, then to 60.8 Hz where it stays at a constant. Figure (25.) shows the true and
estimated rate of change of frequency. It should also be noted that the delay would be bigger

if anti-aliasing filters are included.

5.1.1. Three~Phase Versus One-Phase

In order to show that using 3—phase inputs is better and faster than only 1-phase,
figure (24.) is included for comparison with figure (23.) . The result shows the delay time
would be about double if only the 1-phase voltage signal is used as the input. However, the

delay time of half of a cycle, is still quite small and acceptable.
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3 Phase Response
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Figure 23. Result: Frequency Response of Pure Power Swing Three—Phase Signals
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Figure 24. Results: One-phase Response
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Figure 25. Result: Rate of Change of Frequency

3.2. Frequency Swing Signal with 10% 3rd Harmonic
(in magnitude) at Various Overlapping Angles.

Figures (26.) to (35.) show the results of frequency responses for signals with 10%
3rd harmonics at different overlapping angles. The figures on the top of each page are the
3-phase voltages over the period of -0.02 to 0.03 seconds. The figures on the bottom of each

page are the frequency responses. The computer program of the frequency relay algorithm

is listed in Appendix (2).

By observing the voltages signals, it is obvious the waveform has been changed
significantly as the overlapping angle y=0" to y=90". However, the distorted input

waveforms have negligible effects on the frequency response. The algorithm is thus proven

to be insensitive to the low order harmonics.
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Figure 26. Voltage Signals with 10% 3rd Harmonic at v=0°
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Figure 27. Result: 10% 3rd Harmonic at y=0°




10% 3rd Harmonic at 15 Deg.
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Figure 28. Voltage Signals with 10% 3rd Harmonic at y=15°
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Figure 29. Result: 10% 3rd Harmonic at y=15°
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10% 3rd Harmonic at 45 Deg,
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Figure 30. Voltage Signals with 10% 3rd Harmonic at y=45°
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Figure 31. Result: 10% 3rd Harmonic at y=45°
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10% 3rd Harmonic at 60 Deg.
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Figure 32. Voltage Signals with 10% 3rd Harmonic at y=60°
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Figure 33. Result: 10% 3rd Harmonic at y=60°
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Figure 34. Voltage Signals with 10% 3rd Harmonic at y=90°
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Figure 35. Result: 10% 3rd Harmonic at y=90°
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3.3. Frequency Swing Signal with 10% 3rd and 1% 5th
Harmonics.

Figures (36.) and (37.) show the voltage signals and frequency response,
respectively. Appendix (2) lists the program. The phase difference between the fundamental

and the harmonics is kept at ¢°.

The estimated frequency in figure (37.) starts to ripple a bit. Fortunately, the
oscillations are confined to a small range about the true frequency. The result from this test
shows that the error becomes larger as higher harmonics are added. The algorithm is
apparently sensitive to a higher order of harmonics, even with a small magnitude. The
oscillations may be reduced and smoothed by averaging previous data without causing along

delay.
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Figure 37. Result: 10% 3rd and 1% 5th Harmonics at y=0°
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5.4. Frequency Swing Signal with Gaussian Distributed
High Frequency Random Noise

Figure (38.) shows the 3—phase voltage signals mixed with random noise, although
it is hard to see because of the relatively small magnitude. Appendix (3) includes three
computer programs: one to produce random noise, one to simulate Gaussian Distributed

random noise and one frequency relay algorithm with a digital low—pass filter integrated.

As mentioned earlier, a quantization error noise is added to the digitized signals for
this particular test. The results shown in figure (39.) support the conclusion drawn in section
(5.3.) that as the high frequency component increases, the oscillation becomes larger. In
order to solve this problem, a digital low—pass filter (NOT an anti—aliasing filter) is added 7
to the program. The digital filter used extracts mainly the fundamental, and eliminates the
odd order harmonics and attenuates high frequency components. After the input signals are
fed through the digital filter, figure (40.) shows the resulting output. There is less oscillations
in the frequency response. The output curve may be further improved by taking the average
of, for example, 32 data points, and figure (41.) shows the result if it is done. There is
significant time delay in frequency response after the filtering. The delay is about 8

milliseconds when compared to 4 milliseconds in the previous cases.

The testing of the algorithm under the above noise conditions is considered to be
relatively harsh, as under normal circumstances the input signals are usually filtered with

analog filters which are sometimes more effective.
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5.5. Fundamental Voltage Signal (60 Hz) with 50 %
Sudden Drop in Magnitude

Basically, there are not any frequency changes during the entire period of the test.
There is only a sudden drop in voltage magnitude at time=0 seconds. The magnitude of the
three—phase voltages after time=0 second is half of that before time=0 seconds, as shown in
figure (42.). Two horizontal lines in figure (43.) overlap at 60 Hz indicating both the input
and the output frequency are at a constant of 60 Hz. The algorithm reacts during the
transition period, but the rate of frequency change limiter prevents a sudden frequency jump.

Appendix (4) gives the list of the computer program.
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5.6. Fundamental Signal That Change Phase by =90
Degrees Over A Period of One Cycle

By looking at the voltage curves of figure (44.), the phase angles of the three signals
shift by 90 degrees over a period of one cycle beginning at time=0 seconds. The frequency
of the input signals during that period is only 45 Hz, and 60 Hz during rest of the time. Once
again, the rate of frequency change limiter prevents the sudden jump at the two transition

points. The computer program is listed in Appendix (5).
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Chapter 6. Considerations on the
Hardware and Software Implementation

6.1. Microprocessor Board Implementation
Consideration

Despite the fact that we do not test our method on a microprocessor based device,
the algorithm is relatively easy to implement with some modifications, However, since we
have been using the floating point arithmetic (workstation processor), the error resulted from
using the integer arithmetic microprocessor is expected to be larger. For a power protection
scheme, a digital signal processor (DSP) is usually included in the device to facilitate the
actual signal processing and floating—point based DSP is already available. Figure (46.)
shows the modified algorithm for the implementation. The digitized input signals are fed into
the DSP which perform a DFT and returns the fundamental component to the central
processing unit (CPU). Since it is difficult to perform trigonometrical calculations on a
microprocessor and it is very time consuming, an alternative is to look up the inverse tangent

values from a stored table.
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Figure 46. Modified Algorithm for Microprocessor Implementation
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6.2. Testing the Algorithm with A Larger Frequency
Swing Range.

Although our algorithm is based on a fixed sampling rate and a small deviation of
frequency, the algorithm will be tested for signals with a frequency swing of 20 Hz. The aim
is to resemble a more practical situation in which a protection relay must accommodate
power system changes. Figure (47.) shows that the result is still satisfactory under the above
conditions. The frequency varies from 60 to 50 Hz, then to 70 Hz. The scale is enlarged in

Figure (48.) to show the delay time.

Larger Range of Frequency Swing

0 True Frequency 0 Estimated Frequency
70.00 /r‘"
66.67
63.33
)
£
1y
60.00 4+—s
/
=2
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- \\ / /
-0.50 0.00 0.50 1.00 1.50 2.00 250 3.00 3.5 4.00 4.50 5.00
Time (sec)

Figure 47. Frequency Response with Range of Swing of 20 Hz.
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Figure 48. Frequency Response with Range of Swing of 20 Hz (Scale Eniarged)

6.3. Adaptive Relaying

”Adaptive protection is a protection philosophy which permits and seeks to make adjustment
to various protection functions in order to make them more attuned to prevailing power
system conditions” [12]. In other words, an ideal protecting relay should be able to adapt to
the ever changing power system conditions. Relays with fixed settings are insufficient
because not all conceivable network conditions can be anticipated. For a frequency relay
based on the Fourier Transform, the sampling rate is recommended to be updated after each
computation. The algorithm has been tested with modified feedback sampling rate and 4
samples per cycle. Figure (49.) and figure (50.) shows the results with feedback sampling

rate. The delay time is reduced when compared to the result without the feedback.,
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Chapter 7. Conclusions

. The Fourier Series is one of the most commonly used algorithms in computer relayin g. The
Discrete Fourier Transform (DFT) provide useful information to frequency relays by

extracting the fundamental frequency component of incoming signals.

. The new and modified DFT algorithm uses only half of the window data points in each

calculation, thus reducing the delay.
. Using the average of three single phase calculation further reduces the delay.
. Avarying frequency test signal must be defined by a corresponding varying phase function.

. The new algorithm works very well with the following test signals, which simulate a

typical situation for a power system:

i.) Pure frequency swing voltage signal.

ii.) Frequency swing signal with 10% 3rd harmonic at various overlapping angles.
iii.) Frequency swing signal with 10% 3rd and 1% 5th harmonics.

iv.) Frequency swing signal with Gaussian distributed high frequency random noises.
v.) Fundamental signal with 50% sudden drop in magnitude.

vi.) Fundamental signal that changes phase by —90 degrees over a period of one cycle.
Consequently, the algorithm is able to track a signal with constant frequency as well as a

swinging frequency, provided that the signal is anti-aliased (the algorithm is very sensitive

to the noise) and its rate of change of frequency is less than 10 Hz/sec.
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/*

#########################################################################
# #
# Purposa: This program estimates the signal frequency using modified #
# Discrete Fourier Transform technique. #
# . #
# Input: simulated 3-phases voltages #
# Output: estimated fraquency #
# #
# Signal component: Pura Fraquency Swing Signal #
# #
#########################################################################

*/

#include <stdio.h> /* header */
#include <math.h>

#define ND 32 /* no. of samples taken per cycla */
fidafine ND_OVER 2 ND/2 /* half window calculation
#dafine PI 3.141592

#define MAG 1.0 /* magnitude of the voltage */
#define PHI_A 0.5 /* arbitary angles choasan so that
##dafine PHEI B 0.1 /* curves ara continuocus at
#define PHI C -1.785 /* transition */

§defina THETA_A 0.0 /* phase angle diff. */
#dafine THETA B TEETA A+2.0%PI/3 /% for 3 phases x/
fidefine THETA C THETA A+4.0*PI/3

#define TIMELIMIT 0.5 /* simulation time */

#defina MAXDF 10.0/ND/60.0+0.01 /* 10 Hz/sac max.change */

/%

#############8############################################################

# #
# Purpose: This function calculata the trua frequency of the input #
# signal #
# #
# Input: time in seconds #
# Output: true fraequency #
# #
# true fregquenc = 60.0 Hz for £ < 0 #
# = time varying 0<= t <=0.375 sec. #
# =60.8 Hz 0.375 < ¢ #
# #

#

#########################################################################
*/

doubla Funq_trua_ﬁreq(t)
doublae t;
{

double true frag;

*/

*/
*/
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1£(t<0.0)

true freq=60.0;

elsa if (({t>=0.0})&& (£<0.375))
true_freq=60.0—0.8*sin(4*PI*t);
elsa

true freg=60.8;

return (true_ fraqg);

}

/*
##########################################################################

# #
# Purpose: These 3 functions simulates the input 3-phases voltagas #
# #
# Input: time in seconds #
# Output: 3-phase voltage signal #
# #
##########################################################################

*/

double In_signal_a(t)
double t;

{
double signal;

1f (t<0.0)
signa1=sin(2.0*PI*60.0*t+PEI_A);
else if ({t>=0.0)&&(t<0.375))
signal=sin{2.0*?1*60.0*t+0.4*cos(4*PI*t)+PHI_§);
alse
signal=sin(2.0*PI*60.0*t+2*PI*0.8*t+PHI_p);

return (signal) ;

}

double In_signal_b (t)
doubla t;

{
double signal;

if({t<0.0)
signal=sin(2.0*PI*S0.0*t+PEI_A&THETA_B);

alaa if ((t>=0.0)&&(£<0.375))
signal:sin(2.0*PI*60.0*t+0.4*cos(4*PI*t)+PHI_B+THETA;ﬁ);
else

signal=sin(2.0*PI*60.0*t+2*PI*O.B*t+PHI_C+THETA_B);

return{signal} ;

}

double In_signal c(t)
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double t;

{
doublae signal;

if (£<0.0)
signal:sin(2.0*PI*G0.0*t+PHI_A+THETA_p);

elsa if {(t>=0.0)4&& (£<0.375))
signal:sin(2.0*PI*60.0*t+0.4*cos(4*PI*t)+PHI_p+THETA;p);
else

signa1=sin(2.0*PI*S0.0*t+2*PI*0.8*t+PBI_C+THETA_C);

return (signal);

}

g;########################################################################
3 Main Program Starts ﬁ
z############################################################8###########§
*/

main ()

{

int n, M, count;

double Buffe;_Va{ND_OVER_2],Buffer_Vb[ND_OVER_Z],Euffe;_Vc[NQ_OVER_zl;
double Buffer_Va_cos[NQ_OVER_ZI,Buffar_Vg_sin{ND_OVER_2];

double Buffar_Vb_coa{ND_pVER;ﬁ],Buffer_Vh_sin{NQ_OVER~2};

deouble Buffer_Vc_pos[ND_pVER;g],Buffe;_Vq_sin[NQ_OVER_Z];

double Funq_truq‘fraq(),Iq_signal_a(),In_signal_b(),In_signal_c();'
doubla t,freq_ast_last,fraq_gst_current,fraq_truq_last,fraq_truq_current;
doublae Va, Vb, Vo, max_df;

doublae sum_Va_cos,sunLyh_sin,sum_Vb_cos,sum;Vb_sin,sunLyc_cos,sum_Vq_sin;
double angle_a, angle_p,angle_c,anglq_ave_last,anglq_avq_current;

double df_dt_true,df_dt_ast;

/*

##########################################################################
# #
# Initilization of variablas §
# #

############8###8#########################################################
*/

M=0;

t=-0.05;
fraq_est_last=60.0;
freq trua last=60.0;
angle ave last=0.0;

count=4;
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printf ("hello\n"};

/*

##########################################################################
# #
# Initilization of Buffers #
# #

##########################################################################
%/

for {n=0;n<ND_OVER_2:n++)
{

Buffa:_Vq_coa[n}=0.
Buffer Va_sin[n]=0.
Buffer Vb cosin]=0.
Buffer Vb _gin[n]=0.
Buffe;_Vq_cos[n}=0.
Buffe;_Vq_sin[n]:O.
}

OO0 o0oQCO
« Se te o we wa

. wa

/*

##########################################################################
# #
# Whilae Loop #

# #
##########################################################################
*/

while (t<TIMELIMIT)
{

freq_truq_current:Funq_true_freq(t);

/%
###############################8##############8###########################
# #
# Get 3-phase voltagas by calling functions #
#

#
############################8#############################################
*/

Va=In_signal a(t};

Vb=In_signa1_b(t);
Ve=In signal c(t);

/*
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##########################################################################

# #
# Shift the correlation product buffers {(or window) once #
# #

##########################################################################
*/

for (n=0;n<ND_OVER_2-1;n++)
{

Buffe;_Va_cos[n]=Buffe;;Vq_coa[n+1];
Buffer Va_sin{n]=Buffer Va_sin[n+l];
Buffe;_Vb_coa[n]=Euffer;Vb_cos[n+1};
Buffar_Vb_sin[n]=Buffer_Vb_sin{n+1];
Euffa;_Vq_cos[n]=Buffar;Vq_cos[n+l];
Buffa;;Vq_sin[n]=Buffe;;Vq_sin[n+l];

}

if (M==ND) M=0;

/*

##########################################################################
# #
# Calculate tha correlation product for the most racent input signals #
# by multiplying voltages and the referenca cosine and sina curves #
# #

##########################################################################
*/

Buffer_Vq_cos[ND_QVER_2—1]=Va*cos(2*PI*(M%ND)/ND);
Buffe:_Vq_sin{ND_pVER_2—1]=Va*sin(2*PI*(M%ND)/ND);
Buffaz;yb_cos[ND_QVER_2—1}=Vb*cos(2*PI*(M%ND)/ND);
Buffer_Vb_sin[ND_OVER_2—1]=Vb*sin(2*91*(M%ND)/ND);
Buffe;_Vc_cos{ND_OVER_2-1]=Vc*cos(2*PI*(M%ND)/ND);
Buffe;_Vq_ain[ND_pVER_2-1}=Vc*sin(2*PI*(M%ND)/ND);

=1,

sum Va cos=0.0;
sum_Va_sin=0,
sum Vb cos=0.
sum Vb sin=0.
saum Ve cos=0.
sum Ve gin=0.

’

’

’

z

OO o0 Oo

.
z

/*

#8########################################################################
# #
# Summation of all the corralation products #

# : #
##########################################################################
*/

for (n=0;n<Np_OVER_2;n++)



Feb 24 14:35 1991 purebl.c Page 6

{ .
aum_Va_cos+=Buffer_Va_cos[n];
aum_Vq_sin+=Buffer_ya_sin[n};
sum_Vb_cos+=Buffe;_Vb_cos{n];
3um_Vb_sin+=Buffer_Vb_sin[n];
sum_Vq_cos+=Buffer_Vc_cos{n];
sum_Vq_sin+=Buffa;_Vq_sin[n];

}

/x
###########################################8##############################
# #
# Calculate the phase angles of the 3 phasors #
#

#
############################8#############################################
®/

angla_a=atan(sum_Vq_cos/sum_Va*gin);
angla_b=atan(sum_Vb_cos/aum;Vb_sin):
angle_c:atan(sum_Vq_coa/sunLyc_sin);

/* :
##########################################################################
# #
# Find the averaga of 3 phasores’ angles #
#

#
##########################################################################
*/

angle_pvq_currant=(anglq_a+angla_b+anglq_c)/3;

/*

##########################################################################
# #
# Estimate the fraquency of input signal #
# #

##########################8###############################################
*/

freq_ast_purrent=60.0+(anglg_ava_current—anglq_ava_last)*G0.0*ND/Z‘O/PI;

/ir

#############s###s####s##s#s##s###########s#######s#######################
# #
# df/dt limitor #
# #

##########################################################################
*/

if(fabs((fraq_est_currént-freq_gst_last))>MAXDF)
freq_pst_current:freq_eat_last;

/%
#########################################################################
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# #
# Calculate the df/dt 4
#

#

#########################################################################
*/

dﬁ_dt_true=(fraq_true_current—freq_truq_last)*G0.0*ND;

dﬁ_dt_pst:(fraq_est_current—fraq_eat_last)*S0.0*ND;

if {count==4)

£

Printf (" $f %f %f %f 3f %f %f
%f\n",t,fraq_trua_current,fraq_eet

count=0; -

| IVAEE L

current,Va,Vb,Vc,df_dt_ﬁrua,df_dt_pst);

/* df_dt_true,df dt_est, */
fraq_trua_last=fraq_truq_currant;
freq_est_last=fraq_eat_purrant;
angle_avg_laat=anglq_ave_current;

t+=1.0/ND/60.0;

count+=1;
} /*whilex/

}
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/%
#########################################################################

Purpose: This program astimates the signal frequency using modified
Discrete Fourier Transform technique.

Input: simulated 3-phases voltagas
Output: estimated fraquency

Signal component: Pure Fraequency Swing Signal+
3rd {(+5th) harmonics

e o Sk S e M S e o
Rl Sl SR S o ]

#########################################################################
*/

ffinclude <atdio.h> /* headar */
#includa <math.h>

#dafine ND 32 /* no. of samples takan par cycle */
fidefine ND_OVER 2 ND/2 /* balf window calculation */
#define PI 3.141592

#dafine MAG 1.0 /* magnitude of the voltage */
#define THETA A 0.0 /* phasa angle diff. */
fidefine THETA B THETA A+2.0%PI/3 /* for 3 phases */
#define THETA C THETA_A+4.0*PI/3

f#dafine TIMELIMIT 0.5

#define MAXDF 10.0/ND/60.0+0.01 /* max fraq change */

#define THIRD H 10.0 /* % of third harmonics */

fidefine FIFTH H 6.0 /* % of fifth harmonics 1% max */
fidefine PHASE SHIFT PI /* phase diff. b/w fundamental */

/% and the 3rd harmonics */

/%
#########################################################################

# #
# Purpose: This function calculate the true fraquency of tha input #
# signal #
# #
# Input: time in saconds #
# Output: true frequency #
# #
# true frequenc = 60.0 Hz for £t < 0 #
# = tima varying 0<= t <=0.375 sac. #
# =60.8 Hz 0.375 < ¢ #
# #

#########################################################################
*/ '

doubla Func_true freq(t)
double t;

{
double true freq;
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1f (E<0.0)

true freg=60.0;

alsa if ((t>=0.0)4&& (t<0.375)})
true_freg=60.0-0.8%sin (4*PI*t);
elsa

true_freq=60.8;

return(true_fragq);

}

/%
#########################################################################
#

Purposae: These 3 functions simulates the input 3-phases voltages

#

#

# Input: time in saconds

# Output: 3-phasa voltage signal with harmoncis

£

#########################################################################
*/

double Iq_aignal_;(t)
double t;

{
doubla first_p,third_a,fifth_g,total_a;

if (£<0.0)

{

first_§=MhG*sin(2.0*?I*60.0*t);
third_a=THIRQ_E*MAG/100.0*ein(3.0*2.0*PI*60*t+PHASE_SEIFT);
fifth;§=PIFTE_E*MAG/100.0*sin(5.0*2.0*?1*60.0*t);

total a= firat_a+third_a+fifth_a:

}

else 1f ((t>=0.0)&& (£<0.375))

{
first_§=MAG*sin(2.0*PI*60.0*t+0.4*cos(4*PI*t)—0.4);
third_a=THIRQ_H*MAG/100.0*sin(3.0*2.0*PI*60.0*t+3.0*0.4
*cos(4*PI*t)—1.2+PRASE_$HIFT);
fifth;p=FIFTﬂ_H*MAG/100.0*sin(5.0*2.0*?1*60.0*t+5.0*0.4
#*cos (4*PI*t)-2.0 ); total_a:first_p+third;§+fifth_a;
}

alse

{

first_§=MnG*ain(2.0*PI*60.0*t+2.0*PI*0.8*t—2.285);

third_a=THIRQ_H*MAG/100.0*sin(3.0*2.0*PI*60.0*t+3.0*2.0
*PI*O.8*t~6.855+PEASE_SHIFT);

fifth;§=FIFTE_E*MAG/100.0*sin(5.0*2.0*?1*60.0*t+5.0*2.0

*PI%0,.8%t~11.425); total_a=first_g+thirq_a+fifth_a:

}

return (total_a};

}

B S SIS S
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deuble In_signal b(t}

double t;

{
doubla first_b,third_b,fifth_b,total_b;

1£(£<0.0)
{

first_b=MnG*sin(2.0*PI*60.0*t+THETA_B);
third_b:TEIRQ_H*MAG/lO0.0*sin(3.0*2.0*PI*60*t+PEASE_SHIFT);
fifth_p=FIFTH_B*MnG/100.O*Bin(S.G*2.0*PI*60.0*t—2.16);
total_ b= first_b+third_b+fifth_p;

}

alse if ((t>=0.0)&& (£<0.375))
{

fizst b=MAG*sin (2.0%PI*60.0%t+0.4%cos (4*PI*t) -0.4+THETA B);

third b=THIRD H*MAG/100.0%sin(3.0%2.0%PI*60.0%t+3.0%0.4
*cos (4%PI%t)-1.2+PHASE_SHIFT) ;

£ifth b=FIFTH H*MAG/100.0%sin (5.0%2.0*PI+60.0%t+5.0%0.4
*cos (4*PI*t)-2.0-2.16);

total b=first b+third b+fifth b;

}

alsea

{

first_p=MnG*sin(2.0*PI*G0.0*t+2.0*PI*0.8*t—2.285+THETA_B);

third_p:TEIRD_E*MAG/lO0.0*sin(3.0*2.0*PI*60.0*t+3.0*2.0
*PI*O.8*t—6.855+PEASE_SHIFT);

fifth_b=FIFT5_E*MAG/1OO.O*Bin(5.0*2.0*PI*60.O*t+5.0*2.0

*PI*0.8%t~-13.585); total b=first b+third btfifth b;

X - = .

raturn(total_b);
}

doubla Iq_signal_p(t)
double t;

{
doubla firat_c,third_c,fifth_p,total_c;

1£(t<0.0)

{

first_p=MAG*sin(2.0*PI*60.0*t+THETA;C);
thir¢_c=THIRQ_H*MAG/100.O*Sin(3.0*2.0*PI*60*t+PEASE_SHIFT);
fifth_c=FIFT3_ﬂ*MmG/100.0*sin(5.0*2.0*PI*60.0*t+2.16);
total c= first_c%third_c+fifth_c;

}

else if ((t>=0.0)&& (£<0.375))
{



first_c=MAG*sin(2.0*PI*60.0*t+0.4*cos(4*PI*t)—0.4+THETA_C);
thirq_c=THIRQ_E*MAG/100‘O*sin(3.0*2.0*PI*60.0*t+3.0*0.é
*cos(d*PI*t)—1.2+PEASE_SEIFT);
fifth_c=FIFTH_H*MAG/100.0*Bin(5.0*2.0*9I*60.0*t+5.0*0.4
*cos (4%PI*t)-2.042.16}; total~c=first_c+third_c+fifth_c;

Feb 25 12:48 1991 harmonic.c Page 4

}

elsa

{

first_g=MRG*Bin(2.0*PI*60.0*t+2.0*PI*0.8*t—2.285+TEETA_C);

third;p=TEIRQ_H*MAG/IO0.0*5in(3.0*2.0*PI*60.0*t+3.0*2.0
*PI*O.8*t—6.855+PHASE_SHIFT);

fifth_g=FIFTH_H*MAG/100.0*Sin(S.0*2.0*?1*60.0*t+5.0*2.0
*PI*0.8%£-9.265); tota;_c:firs;_c+thirq_c+fifth_c;

}

return(tctal_c);

}

/%
#############################################################8###########
# #
# Main Program Starts #
# #

############################8############################################
*/

main {}

{

int n,M;

doubla Buffe;_Va[ND_OVER_2},Buffe;_Vb[NQ_OVER_Z},Buffar;Yc[NQ_OVER_2};
doublae Buffe;;Vg_coa[ND_OVER;gl,Buffe;_Vq_sin[ND_OVER_2];

double Buffer_Vb_coa[ND_OVER_2},Buffe;_Vb_sin{ND_OVER_Z];

double Buffar_Yc_cos[ND_OVER_2],Buffe;_Vq_sin[ND_OVER_2];

doubla Funq_trug_fraq(),Iq_signal_a(),Iq_signal_b(),In_signal_c{);
doublae t,freq_ast_;ast,fraq_est_current,freq_trua,freq_pva,ma;_df;

doubla Va,Vb,Ve;

double aum;Vg_cos,sum_Va_sin,sum_Vb_cos,sum_Vb_sin,sum;Vq_cos,sunLYc_sin;
double angle a, anglg_b,anglg_c,angle_ave_last,angle_ava_current;

/* .
####################5##3###############################8#################
# #
4 Initilization of variables #



# #
#########################################################################
*/

M=0;
t=-0.05;
fraq_est_last=60.0;
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angle_ave last=0.0;
printf("hello\n"};

/%
#########################################################################
# #
# Initilization of Buffars #
# #
#########################################################################
*/ .

for (n=0;n<ND_OVER_2;n++)
{
Buffa;_Va_cosIn]:O.
Buffe;_Vq_sin[n]=0.
Buffer Vb_cos[n]=0.
Buffer Vb sin[n}=0.
Buffa;_Vq_cos[n]=0. ;
Buffer Vo _sin[n]=0.0;
}

.
s
’
’

’

(=== e]

Ik
##############8#####################S####################################
#

# :
###########8#3#####8####8################################################
*/

#
# While Loop #
#

while (t<TIMELIMIT)
{

fraq_true=Funq_truq_fraq(t);

/%
#########################################################################
# #

#

Va=In_signal a(t);
Vb=In_signal b(t};
Ve=In_signal_ c(t);



J*
#########################################################################
# #
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# Shift the correlation product buffers {or window) once #
# #
#########################################################################
*/

for (n=0; n<ND _OVER 2-1;n++)
{

Buffer Va cos[n] =Buffar Va_ cos[n+l];
Buffer Va sin [n]=Buffar_Va__sin [n+1];
Buffer Vb cos{n] =Buffer Vb cos[ntl};
Buffer Vb _sin([n] =Buffer Vb sin[n+l];
Buffer Vo cos[n] =Buffer Vc cos[n+l];
Buffer Ve _sinfn] =Buffer Vc sin[n+l];
}

if (M==ND) M=0;

/*
#########################################################################
#

# Calculate the correlation product for the most recant input signals

# by multiplying voltages and the reference cosinae and sine curves

£ e S I

#
#########################################################################
*/

Buffer Va cos {ND_OVER 2-1]=Va*cos (2*PI* (M3ND) /ND) ;
Buffer Va sin [ND_OVER 2-1}=Va*sin (2%PI*% {M%ND) /RD) ;
Buffer_Vb_cos [ND__OVER_Z—I] =Vb*cos (2*PI# (M%ND) /ND}) ;
Buffer Vb sin [ND_OVER_2-~1}=Vb%*sin (2*PI% (MIND) /ND) ;
Buffar_Vc__cos {ND_OVER_2—1]=Vc*cos (2*%PI* (M¥ND) /ND) ;
Buffer Ve sin [ND_OVER 2-1]=Vc#*gin (2%PI* (M&ND) /ND) ;

Mi=1;

sum Va cos=0.0;
sum_Va sin=0.0;
sum Vb _cos=0.0;
sum Vb sin=0.0;
sum Vc_cos=0.0;
sum Ve sin=0.0;

/*
##################################8######################################
# #
# Summation of all the corralation products #



. # #

##################################################ﬁ######################
*/

for (n=0;n<ND_OVER_2;n++)

{

sum__Va__coa+=Buffar__Va__cos {n}]:
sum_Vq_ein+=Buffer_Vq_sinEn];
sum_Vb_coa+=Buffer_Vb_coa[n};
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sum Vb_sin+=Buffer Vb sin{n];
sum;Vq_cos+=Buffer_Vc_cos[n];
sum_Vq_sin+=Buffar_Vq_sinEn];

}

I
#########################################################################
# #
# Calculate the phase angles of the 3 phasors #
# #
#########################################################################
k/

angle_g=atan(sum_Vg_cos/sum_Va_pin);
angla_b=atan(aum;Vb_pos/sum_Vb_sin);
angle_p=atan(sunLyc_pos/sum;Vq_sin);

/%
#########################################################################
# #
# Find the average of 3 phasores’ angles #
#

#
#########8#########################§#####################################
®/

angla_avq_current=(angla_;+anglq_b+angla_c)/3;
freq_eat_current=60.0+(anglq_avq_currant—angle_ava_last)*G0.0*ND/Z,O/PI;

/%
#########################################################################
# #
# df/dt limitor #
# #
#########################################################################
®/

if(faba((fraq_es;_currant—fraq_est_}ast))>MAXDF)
freq est_current=freq est_last;

printf (" £ %f %f $£ %Ff %£ \n",t,freq_true,freq_est_purrent,Va,Vb,Vc);

freq_est_}ast=freq_eat_current;



angle_ave__laat=angle__ava_current ;
t+=1.0/ND/60.0;

}

}
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;;#######################################################################
3 Purpose: This program generates random number

ﬁ Raference: Numerical Recipes in C

#
gﬁ#######################################################################

He N S 3 A e

#daefina M1 259200
#define IAl 7141
#dafine ICI 54773
f#dafine RM1 {(1.0/M1)
f#dafina M2 134456
#dafine IA2 8121
#define IC2 28411
#define RM2 (1.0/M2)
#dafine M3 243000
#dafine IA3 4561
#dafine IC3 51349

float ranl (idum)

int #*idum;

{

static long ix1,ix2,ix3;
static float x[98]:

float temp;
static int 1ff=0;
int j;

void printf();

if (*idum < 0 || iff == 0) {
iff=1;
ix1=(ICL1- (*idum)) % M1;
ixl=(IR1#%ix1+ICl) % M1;
ix2=ixl % M2;
ixl=(IAl1*ix1+IC1} % M1;
ix3=1ix1 % M3;
for (j=1;3<=97;73j++) {
ixl=(IAl*ix1+4+ICL) % Mi;
ix2=(IA2%ix2+IC2) % M2;
r{Jl=(ix1+ix2*%RM2) *RM1;
}
#ldum=1;
}
ixl={IA1#*ix14+ICLl) % M1;
ix2=(IA2#%ix2+IC2) & M2;
ix3=(IA3#%1ix3+IC3} % M3;
=1 + ((97%ix3)/M3);
if (3 > 97 || j < 1) printf("RAN1: This cannot happen.");
temp=r{i];
r[i]=(ix1+ix2#RM2) *RM1;
raturn temp;
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#undef
$undef
fundef
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Ml

IAal
Ici
RM1
M2

IA2
ICc2

M3
IA3
Ic3
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/¥
#########################################################################
#

#
# Purpose: This program generates the Gaussian Distributed Random No. #
# #
# Reference: Numerical Racipaes in C #
# #
# #

#########################################################################
*/

#include <math.h>

float gasdav {idum)
int *idum;
{
static int lset=0;
static flocat gsat;
float faec,r,vl,v2;
float ranl();

if (iset == 0) {
do {
v1=2.0%*ranl (idum} -1.0;
v2=2.0%ranl (idum}~-1.0;
r=vl*vliv2#ay2;
} while (r >= 1.0);
fac=sqrt(—2.0*log(r)/r);
gset=vl*fac;
isaet=1;
raturn v2¥fac;
} else {
isat=Q;
return gsat;
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/%
#########################################################################
# #
# Purpose: This program estimates the signal frequency using modifiaed #
# Discrete Fourier Transform tachniquae. #
# . #
# Input: simulated 3-phases voltages #
# Output: estimated frequancy #
# #
# Signal component: Pure 60 Hz #
# + Gausiaan Distributed random noisae #
# i

#########################################################################

*/

#include <stdio.h>
#include <math.h>
#tinclude "ar.h"

/* header */

fidefina ND 32 /* no. of samples taken per cycle
fdefina ND_OVER_2 ND/2 /* half window calculation
#dafine PI 3.141592

#define MAG 1.0 /* magnitude of the voltage */
#define PHI_A 0.5 /* arbitary angles chosen so that
#define PHI_B 0.1 /* curves are continuous at
#define PHI_C -1.785 /* transition */

fidefine THETA A 0.0 /* phase angle diff, #*/
#idefine THETA B THETA A+2.0%*PI/3 /* for 3 phases */
#dafine THETA_C TEETA A+4.0*PI/3

#dafine TIMELIMIT 0.8 /* simulation tima */
fdefine MAXDF 10.0/ND/60.0+0.01 /* 10 BEz/sec max.change */
/%
#########################################8###############################
# #
# Purposa: This function calculate tha trus fraquency of the input #
# signal #
# #
# Input: time in saconds #
# Output: true frequancy #
# #
# true frequenc = 60.0 Hz for t < 0 #
# = time varying 0<= t <=0.375 sec. #
# =60.8 Hz 0.375 < ¢ #
# #

#########################################################################

*/

double Func true freg(t)
deoubla t;
{

*/
*/

*/
*/
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double trua_freq;

if (£<0.0)

trua_freq=60.0;

elsa if ((t>=0.0)&& (£<0.375))
true_freq=60.0—0,B*Bin(d*PI*t);
elsa

true freq=60.8;

return(true freqg);

}

;;#######################################################################
i Purpose: These 3 functions simulates the input 3-phases voltages

3 Input: time in seconds, exteral random number generating function

# Output: 3-phase voltage signal + Gaussian random noise
gﬁ#######################################################################

W o e I e 2

double In_signal a(t)
doubla t;

{

double signal;

if (£<0.0)
signal=sin{2.0*PI*60.0*t+PEI_A);

else if ((t>=0.0)&& (£<0.375))
signal=sin(2.0*PI*60.0*t+0.4*cos(4*PI*t)+PBI_§);
alsa

signal=sin{2.0*PI*60.0*t+2*PI*0.B*t+PEI_p);

raeturn(signal);

}

double In_signal b({t)
double t;

{
double signal;

if (£<0.0)
signal=sin (2.0%PI*60.0*t+PHI_A+THETA B);

elsa if {((£>=0.0}&&(£<0.375))
signal=sin{2.0*?1*60.0*t+0.4*coa(4*PI*t)+PHI_B+TEETA;B);
else

signal=sin(2.0*PI*G0.0*t+2*PI*0.8*t+PHI_C+THETA_B);

return(signal) ;

}

doubla In signal c(t)
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doubla t;

{
double signal;

if (£<0.0}
signal=sin(2.0*PI*S0.0*t+PHI_A+THETA_C):

else if ((t>=0.0)&&(t<0.375))
signal:sin(2.0*PI*60.0*t+0.4*cos(4*PI*t)+PHI_B+TBETA;C);
aelse

aignal=sin(2.0*PI*G0.0*t+2*PI*0.8*t+PEI_C+THETA_C);

raturn (signal);

}

/*
#########################################################################
# #
# Main Program Starts #
# #
#########################################################################
*/

main ()

{

int n M;

double Buffer_ya[ND_OVER_2],Buffer_Vb{NQ_OVER_2],Buffer_Vc[NQ_OVER_2];
double Buffar_Va_cos[NQ_OVER;gl,Buffar_Vq_sin[NQ_OVER_Z];

double Buffer_Vb_cos[ND_QVER_?],Buffer_Vb_sin[ND_OVER_Z];

doublae Buffe;_Vq_cos[ND_OVER_2],Buffa;_Vq_sin{ND_OVER_Z];

double Funq_trua_fraq{),Iq_signa;_a(),Iq_signal_p(),In_signal_c();'
double t,freq_aat_last,freq_ast_purrant,freq_true;

double Va, Vb, Ve;

double sum_Vg_cos,aum;Vq_sin,sum;Vb_cos,sum;Vb_sin,aum_Vq_cos,sum_Vq_sin;
double angle_a, angla_b,anglq_c,anglq_ave_last,angla_ave_current;

int idum=(-16);

double noisa_a, noise_b,noise_c,noisa;

/*

############8###################################S########################
# #
# Initilization of variables #
# #

#########S####################8##########################################
*/

M=0;

t=-0.05;

freg est_last=60.0;
angle ava last=0.0;

printf("hello\n");
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/%
#########################################################################
#

#
# Initilization of Buffers #
# #
#########################################################################
*/

for (n=0;n<ND_OVER_2;n++)
{

Buffer Va coa[n]=0.0;
Buffer Va_sin[n]=0.0;
Buffer Vb cos[n]=0.0;
Buffer Vb sin[n]=0.0;
Buffer Ve _cos[n]=0.0;
Buffer Ve _sin[n}=0.0;

}

/%
#########################################################################
# #
# While Loop #
# #
#########################################################################
*/

while (t<TIMELIMIT)
{

freq_trua:Funq_truq_fraq(t);

/*
#########################################################################
#

# Generate Gaussian random noise by calling external functions,

# gasdev.c

#
#########################8###############################################
*/

St 3 O3t O

noise_a={gaadev (sidum)) /200.0;
noise b=(gaadev (&idum)) /200.0;
noise c=(gasdev (&§idum)) /200.0;

/*same noise for each phasa*/

/*
noise=(gasdev (&idum}) /20.0;
noise a=noilse;

noisa b=noise;

noise c=noise;
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*/

/%
#########################################################################

# #
# Get 3-phase voltages by calling functions 4
# #

#########################################################################
*/

Va=In_gigna1_§(t)+noisa_§;
Vb=In_signaL_b(t)+noise_b;
Vc=In_signal_g(t)+noiaa_c;

/%
#########################################################################
# . #
# Shift the correlation product bufferas {(or window)} once #
#
############################################################ﬁ############
*/

for (n=0;n<ND _OVER_2-1I;n++)
{

Buffa;_Vq_cos[n]=8uffer_Ya_cos{n+1];
Buffe;;Va_ainIn]=Buffer;Vg_sin[n+1];
Buffer~yb_cos[n]=Buffer;ﬁtLpos[n+1];
Buffe:;yb_sinfn}=Buffer_yb_sin[n+1];
Buffa;_Vq_cos[n]=Buffar;Vq_cos[n+1];
Buffar_Vq_sin[n]=Buffer_Vc_sin{n+1];
}

if (M==ND) M=0;

/*
#########################################################################
#

# Calculate the correlation product for the most racent input signals

# by multiplying voltages and the reference cosina and sine curves

#
#######8############################################################8####
*/

Buffar_Vg_cos[ND_OVE&_2—1]=Va*cos(2*PI*(M%ND)/ND);
Buffe;_Va_sin{ND_pVER_2~1]=Va*sin(2*PI*(M%ND)/ND):
Buffa;_Vb_cos[NQ_OVER_2-1]=Vb*coa(Z*PI*(M%ND)/ND);
Euffe;_Vb_sin{ND_QVER_2—1]=Vb*sin(2*PI*(M%ND)/ND);
Buffe:_Vq_cos[ND_pVER_2—1]=Vc*cos(2*PI*(M%ND)/ND);
Buffer_Vq_sin[ND_OVER_2—1]=Vc*sin(2*PI*(M%ND)/ND):

e e N I

M+=1;

sum_Va cos=0.0;
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sum Va sin=0,
sum_Vb cos=0.
sum Vb_sin=0.
sum Ve cos=0.
sum Ve sin=0,

z

OO0 00

Vi
#########################################################################
# #
# Summation of all the correlation products #
# #
#########################################################################
*/

for (n=0;n<ND_OVER_2;n++)

{
auq;Vq_cos+=Bu£fer_Va_cos{n};
sum_Vq_sin+=Buffe;_Vq_sin[n];
3um;Vb_cos+=Buffer_Vb_cos[n];
sum_Vb_sin+=Buffer_Vb_sin[n];
sum_Vq_cos+=Buffa;;Vq_cos[n};
sum;Vq_sin+=Buffe;_Vq_sin[n];

}

/* _
#########################################################################
# #
# Calculate the phase angles of the 3 phasors #
# #
#########################################################################
*/

angle_p=atan(sum;Va_cos/sum;Vq_sin);
angle_b:atan(sunLyb_pos/sunLyb_sin);
angla_c=atan(sum;Vc_cos/sum_Vq_ain);

/%
#########################################################################

# #
# Find the avarage of 3 phasores’ angles #
#

#
#########################################################################
*/

angla_pve_currant:(angle_a+angla_b+angla_c)/3;

freq_est_pur:ent:G0.0+(anglq_ave_currant—angle_ave_last)*60.0*ND/2.0/?I;

/*
##################S######################################################
# #
# df/dt limitor #
# #
########################8################################################
*/
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if(fabs((freq_ast_current—freq_est_}ast))>MAXDF)
freq_ast_current:freq_est_;ast;

printf (" %£ 3£ %f %f %f %f %f sf %f\n“,t,freq_true,freq_est_current,Va,Vb,Vc
,noise_a,noise_b,noisa_c);

freq_ast_}ast:freq_ast_current;
angla_qu_last:anglg_avq_current;
t+=1.0/ND/60.0;

}

}



Appendix 4
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/*

BEAHHHEARERRRABHBEHR BN RB AR R BB RY

ot M o o M gk S e S

BERREHEARHAR BB AR R RRA R R BRI LR RRRE S

*/

#includa <stdio.h>
#include <math.h>

f#define ND
#dafine ND_OVER_2
#defina PI
#dafine MAG

fidafina PHI_A
fidefine PHI B
#dafine PHI_C

#define THETA A
#define THETA B
#define THETA C

#daefine TIMELIMIT
fdefina MAXDF

/*

FHHARERBERHA MR RRA AR LR IS RRRIRRERESS

#

Purpose: Thia function calculate

#
# signal
#
#

Input: time in second
# Output: trua frequency
#
# true fragquenc = 60.0 H

#
BHREBHEARELAERARURRARERRRRIBRENRRRTHY

*/

double Func_true fraq(t)
double t;

{

double true_frag;

32

ND/2
3.141592
1.0

o 0 o
oo

0.0

Purposa: This program estimatas thae signal frequency using modified
Discrete Fourier Transform technique.

Input: simulated 3-phases voltages
Output: estimated frequency

Signal component: Pure 60 Hz signal with -90 degree
phase shift over one cycle

/%
/*

/*
/%

/*
/%

THETA_A+2.0*PI/3
THETA_A+4.0*PI/3

0.5

10.0/¥D/60.0+0.01

z

the true fraquency of the input

HREARASREREE AR B R BB BB R Ry

St 3k o3 9t 3k Ot o 2 O

BRERREROBRREARADRRUERBR ISR

no. of samples takan per cycle
half window calculation

magnitude of the voltage #/

arbitary angles chosen so that
curvas are continuous at
transition */

/* phase angla diff. */
/* for 3 phasas */

/% simulation time */

*/
*/

*/
*/

/* 10 Hz/sac max.change */

BHERRERRH AR BB BARR SR BB RRRE B8

B e o O e o e e

HEAERA RO RER IR R U R BB ABRR R R OB B0
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1£({t<0.0)

true fragq=60.0;

alsa if ((t>=0.0)&&(t<1.0/60.0))
true freq=45.0;

elsa

true fraq=60.0;

return{true_ freq};

}

/*
#########################################################################
#

# Purpose: Thase 3 functions simulates the input 3-phases voltagas
#

# Input: time in seconds

# Output: 3-phase voltage signal (90dag. phase shift over 1 cycle)
#
#########################################################################
*/

double Iq_signal_a(t)

double t;

{

double signal;

if (£<0.0)
signal=MAG*sin(2.0*PI*60.0*t+PEI_A);

else if ((t>=0.0}&&(t<1.0/60.0))
signal=M1G*sin(2.0*PI*60.0*t—30.0*PI*t+PEI_3);
alse
signal=MAG*sin(2.0*PI*G0.0*t-PI/2.0+PHI_p);

raeturn{signal):;

}

double In_signal b(t)
double t;

{
double signal;

i£(t<0.0)
signal:MhG*sin(2.0*PI*G0.0*t+PEI_A+THETA_;);

else if ((t>=0.0)&&(t<1.0/60.0))
signal=MhG*sin(2.0*PI*G0.0*t—B0.0*PI*t+PEI_B+TEETA_B);
alse
signal=MAG*ain{2.0*PI*G0.0*t—PI/2.0+PHI_C+THETA_B);

return (signal);

}

double In_signal_c(t)
double t;

{
double signal;

He A e o gk A



Daec 23 23:53 1990 phaseshift.c Page 3

1£(t<0.0)
signal=MAG*ain(2.0*PI*S0.0*t+PHI_A+THETA_C);

elsea if {((£>=0.0) &&(£t<1.0/60.0))
signal:MhG*ain(2.0*PI*60.0*t—30.0*PI*t+PHI_B+TEETA_C);
alsa
signa1=MAG*s§n(2.0*PI*G0.0*t—PI/Z.0+PHI_C+THETA_C);

return (signal};

}

;;#######################################################################
z Main Program Starts z
:#########################################################################
:':\in()

{

int n,M;

double Buffer_Va[ND_OVER_Z],Buffar_Vb[ND_pVER_Z],Buffar_Vc[NQ_OVER_2];
double Buffer_yh_cos[ND_OVER_2],Buffer_va_sin[ND_OVER_Z];

doubla Euffe;_Vb_cos[NQ_OVER_Z],Buffar_yb_sinINQ_OVER_Z];

double Buffer_Vc_cos[ND_pVER_2},Buffe;;Vq_sin[ND_OVER_2};

deuble Funq_true_freq(),Iq_signal_g(),In_signal_p(),In_signal_c();
double t,fraq_ast_last,fraq_est_current,freq_true;

double Va,Vb,Ve;

double sunLyh_cos,sum;Vq_sin,sumﬂvb_cos,sum;Vh_sin,sum;Vq_cos,sum_Vq_sin;
double angle a, angle_b,anglg_c,angle_;vq_last,angla_ave_current;

/%
#########################################################################
# #
# Initilization of variablas #
# #

#########################################################################
*/

M=0;

t=-0.05;
freq_est_last=60.0;
angle ave_last=0.0;

printf("hello\n"};

/%
#########################################################################
# #
# Initilization of Buffers #
& #
ki
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#8#######################################################################
*/

for (n=0;n<NQ_OVER_2;n++)

{
Buffer Va cos[n]=0.
Buffer Va sinin]=0.
Buffer Vb _cos[n]=0.
Buffer Vb sin[n]=0.
Buffer Vc cos[n}=0.
Buffe:_Vq_sin{n]=0.
}

’

'

OO 0o

/%
#########################################################################
# ¥
# While Loop #
# #
#########################################################################
*/

while (t<TIMELIMIT)
{

freq_true=Funq_trug_fraq(t);

/%
#############################ﬁ###########################################
# #
# Get 3-phase voltagas by calling functions #
# #
#########################################################################
*/

Va=In_eignal a(t):
Vb=In_signal b(t):
Ve=In_signal_c(t};

I/*®
#########################################################################
# #
# Shift the correlation product buffers (or window) onca ¥
# #
############################################8############################
*/

for (n=0;n<ND_OVER_2—1;n++)
{

Buffe;;Vq_cos[n]=Buffer_Va_cos[n+l];
Buffe;_Vq_sin[nI=Buf£ar_Va_sin[n+1]:
Buffa;_V&_cos[n]=Buffer_Vb_cos[n+1];
Buffa;_Vb_sin[n}=Euffar_Vb_sin[n+1];
Buffe;_Vq_cos[n1=Buffer_Yc_cos[n+l];
Buffe:_Vq_sin[n]=Buffa;;Vq_sin[n+1];
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}
if (M==ND) M=0;

/*
#########################################################################
#

# Calculate the correlation product for the most recent input signals

# by multiplying voltages and the raferance cosine and sine curvas

#
#########################################################################
*/

e s o

Buffer_Va_cos[ND_QVER_2—1}=Va*cos(Z*PI*(M%ND)/ND);
Buffe:_V;_sin[ND_OVER_2—1]=Va*ain(2*PI*(M%ND)/ND);
Buffer_Vb_cos[ND~OVER_2—1]=Vb*cos(2*PI*(M%ND)/ND);
Buffe;_Vb_ain[ND_OVER_2—1]=Vb*ain(2*PI*{M%ND)/ND);
Euffe:;Vq_cos{ND_pVER_2—1]=Vc*cos(2*PI*(M%ND)/ND);
Buffer_Vq_sin[ND_OVER_z—l]=Vc*ain(2*PI*(M%ND)/ND);

Mi=l;

sum Va cos=0.
sum Va sin=0.
sum Vb cos=0.
sum Vb sin=0.
sum Ve cos=0.
sum Vc_sin=0.

OO0 QOO0

a wa

/%
############################################################ﬁ############
#

#
# Summation of all the correlation products #
# #
#########################################################################
*/ :

for (n=0;n<ND_OVER_2;n++)

{
aum_Va_cos+=Bu£fe;_Vq_cos[n};
sum_Vg_sin+=Buffer_Vh_sin{n];
aum_Vb_cos+=Buf£ar_Vh_cos[n];
sum_Vb_sin+=Buffer_yb_sin[n};
sum_Vq_cos+=Buffeq;Vc_cos[n];
sum Ve sint=Buffer Vc_sin[nj;

}

e
#########################################################################
#

#
# Calculate the phase angles of tha 3 phasors #
# #
#########################################################################
*/

angle_§=atan{suq_Vq_cos/sunLya_ain):
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angle_b:atan(sum_Vb_cos/sum_Vb_ain);
angle_c=atan (sum_Vc_cos/sum Vc_sin);

/%

#########################################################################
# #
# Find the avarage of 3 phasores’ angles #
# #

#########################################################################
*/

angle_ave_current:(angle_a+angla_p+anglq_c)/3;

VL
#########################################################################
#

#
# Estimate the fraquency of input signal #
# #
#########################################################################
*/
fraq_pst_current=60.0+(anglq_avq_current~anglq_avg_last)*60.0*ND/Z.OIPI;

if (fabs((freq_eat_currant—freq_es@_last))>MAXDF)
freq_aat_purrent=freq~eat_last:

printf(" £ %$£ %£f £ %f &f \n",t,freq_trua,freq_est_purrent,Va,Vb,Vc);

freq_est_;ast=freq_ast~purrent;
anglq_avg_last:anglq_ave_currant;
t+=1.0/ND/60.0;

}

}



Appendix 5
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/¥

HERFAR A RAHEER AR SRR RO H B R SRR B SRR

#

o SR W W e o I e o

HEARRARU U ERRER R RO U D HO 0B BRI BIRESY

*/

#include <stdioc.h>
#include <math.h>

#define ND
#dafine ND_OVER_2
fidafine PI
#define MAG

#dafine PHI A
#define PHI B
#define PHI C

#define THETA A
$define THETA B
#defina THETA C

f#idaefine TIMELIMIT
#define MAXDF

/*

HARAARRHHRREBRRRRHRBURERBURHRERE SRS

#

Purpose: This function calculate

signal

32

ND/2
3.141592
i.0

0.0

Purpose: This program estimatas the signal frequency using modifiaed
Discrete Fourier Transform techniquae.

Input: gimulated 3-phases voltages
Output: estimated frequency

Signal component: Pure 60 Hz signal with 50% magnituda drop
at time =0

Vi

/*

/%
/%
/*

THETA A+2.0%PI1/3
THETA A+4.0%PI/3

0.5

10.0/ND/60.0+0.01

Output: true frequency

#
#
#
# Input: time in seconds
#
#
#

true frequenc = 60.0 Hz

#

BAGRRRRRRARBARBRRRRURABARNRARD IR RS

*/
double Func_true_ fragq(t)
double t;

{

the true frequancy of the input

BHEAREA AR BRBE R AR RB LRI BB SRS

e oS e o 3 o e o O 3k

HEARE R RBRBERESRH ARG RER R U IR0

/* header #*/

no. of samplas taken par cycle
half window calculation

magnitude of the voltage */

arbltary angles chosan sc that
curves are continucus at
transition */

/* phase angla diff, #*/
/* for 3 phases */

/* simulation tima L4

*/
*/

*/
*/

/* 10 Hz/sec max.change */

SRERHARERRRORERBHANURRIRER ISR BB

o3 3 O3t 8%t 9 2 e 3

BEHARHRARUBRABRURARBHAAER DRSS RS ES
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double true_fragq;

if (t<0.0)

true freq=60.0;

else if ((t>=0.0)&& (£<0.375))
true_freq=60.0;

elza

true_ freq=60.0;

return{true_ freq);

}

/%
#########################################################################
#

# Purpose: Thess 3 functions simulates the input 3-phases voltages

#

# Input: time in saeconds

# Output: 3-phase voltage signal (50% magnitude drop at t=0)

#
#########################################################################
k/

[ e M e S

double In_signal_ a(t)
double t;

{
double signal;

if (£<0.0)

slgnal=MAG*sin (2.0*PI*60. O%*t+PHI _A);
elasa 1f ((t>=0.0)&&(t<0, 375))
slgnal=MAG/2. O%gin (2.0*PI*60. 0% +PHT _B);
alse
signal=MAG/2.0*sin(2.0*PI*60.0*t+PEI_C);

return (signal);

}

double In_signal_b(t)
double t;

{
double signal;

if(£<0.0)

signal=MAG*sin (2.0*PI*§0.0*t+PHT _A+THETA B} ;
elsa if ((t>=0.0)&& (t<0. 375})

signal=MAG/2.0%sin (2.0%PI*60.0*%t+PHT _B+THETA_B) ;
else
signal=MnG/2.0*sin(2.0*PI*G0.0*t+PEI_C+THETA_B);

return (signal) ;

}

double In _signal c(t)
double t;
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{
double signal;

if (t<0.0)
signal=MAG*sin(2.0*PI*G0.0*t+PHI_A+THETA_C);
alsa if ((t>=0.0)&& (t<0.375))
aignal:MAG/Z.0*sin(2.0*PI*G0.0*t+PEI_B+THETA_C);
alsa
Bignal=MnG/2.0*sin(2.0*PI*G0.0*t+?HI_C+THETA_C);

return (signal) ;

}

/%
#########################################################################
# #
# Main Program Starts #
#

#
#########################################################################
*/

main ()

{

int n,M;

double Buffer_Va[ND_OVER_2],Buffar_yb[ND_OVER_Zl,Buffa;_Vc{ND_pVER_Z};
double Euffa;_V;_cos[ND_OVER_Z],Euffa;_Vq_sin[ND_OVER_2];

doubla Buffer_Vb_cos[ND_OVER_Z],Buffa;_Vb_sin[NQ_OVER_2];

doubla Buffar_Vq_cos[ND_pVER_?],Euffep_Vq_sinENQ_OVER_2];

double Func_true_fraq(),Iq_aignal_a(),Iq_signal_b(),Iq_signay_c();
double t,fraq_pst_}ast,freq_est_purrant,fraq_trua,max_df;

double Va,Vb,Ve;

double aum;Va_cos,sum;Vq_sin,sum_Vb_cos,aum;Vb_sin,sum_Vq_cos,sum_Vq_sin;
double angle a, angle_b,anglq_c,anglq_avq_laat,anglq_avq_current;

/%
#################S#######3###############################################
# #
# Initilization of variablas #
# #

#########################################################################
*/

M=0;

t=-0.05;
fraq_est_}ast:G0.0;
angle_ave_last=0.0;

printf ("hello\n");

/%
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#########################################################################
#

#
# Initilization of Buffers #
# #
#########################################################################
*/

for (n=0;n<NQ_OVER_2;n++)
{

Buffaer Va cos[n]=0.
Buffar Va sinln]=0,.
Buffe;_Vb_cos[n]:O.
Buffer Vb sin[n]=0.
Buffer Vc cos[n]=0.
Buffa;_Vq_sin[n]:O.

}

. ~a

oo oo oCQ

~a

/*

#########################################################################
# #
# While Loop #

#
#########################################################################
*/

while (t<TIMELIMIT)
{

freq_trua=Funq_true_freq(t);

/%
#########################################################################
#

#
# Get 3-phase voltages by calling functions #
# #
#########################################################################
*/

Va=In_signal a(t}:
Vb=In_signal b(t);
Ve=In signal c(t);

/%
#########################################################################
#

#
# Shift the corralation product buffars (or window) once #
# . #
############################8#############################ﬁ##############
*/

for (n=0;n<ND_0VER_2—1;n++)
{



Dac 23 23:47 1990 magdrop.c Page 5

Euffer_Va_cos [n} =Buffer__Va__cos [n+1];
Buffer_Va__sin {n] =Buffer Va sin[n+l];
Buffer_Vb_cos [n] =Buffer Vb _cos{n+l];
Buffer Vb_sin[n] =Buffer Vb sin[n+l];
Buffer Vc cos[n] =Buffer Vc cos[n+l};
Buffaer Vc_sin[n} =Buffer Ve sin[n+1];

}
if (M=<ND} M=0;

/%
#########################################################################
#

# calculate the correlation product for the most racent input signals

# by multiplying voltages and the reference cosine and sine curves

#
############################################8############################
®/

B I A A

Buffer Va cos [ND_OVER_2-1]=Va*cos (2#PI* (M%ND) /ND) ;
Buffer_Va_sin[ND_OVER_Z-l]=Va*sin (2%PI* (MND) /ND) ;
Buffar_Vb__cos [ND_OVER__2—1] =Vb*cos (2*PI* {M¥ND) /ND} ;
Buffer Vb sin [ND_OVER 2-1]=Vb#*ain (2*PI* (M%ND) /ND) ;
Buffar__Vc_cos {ND_OVER 2-1]=Vec*cos (2*PI* (M$ND} /ND) ;
Buffer Ve _sin [ND_OVER 2-1]=Vc*sin {2%PI% {M%ND) /ND) ;

M+=1;

sum Va cos=0.
sum Va sin=0.
sum Vb_cos=0.
sum Vb sin=0.
sum Ve cos=0.
sum Ve sin=0,

. e owa

(=A== 3y o = B o)

-

/*
#########################################################################
# #
# Summation of all tha correlation products #
#
#########################################################################
*/

for (n=0; n<KD_OVER_2;n++)

{

sum Va cos+=Buffer Va cos[n];
sum_Va_sin+=Buffer_Va_sin {n]:
au:n_Vb_ccs+=Bu£fer__Vb_cos [n];
sum Vb_s in+=Buf£ar_Vb_sin [n):
sm_Vc_cos+=Buffer_Vc_cos {n];
sum Ve sint=Buffer Vc_sin[n];

}

/*
RERERRRERRERERE SRR IAERRRERRRERORR RN ERERRRRTRRRIERRRRERR R RREERRH HOE 050
# o #
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# Calculate tha phase angles of the 3 phasors #

# #
#########################################################################
*/

angla_a:atan(sum_Va_pos/sum_Vq_sin);
angle_ﬁ:atan(sunLyb_cosfsum_Vb_sin);
angle_p:atan(sum;Vc_cos/sunLYc_sin);

/*
#########################################################################
# .

#
# Find the average of 3 phasores’ angles #
#

#
###############################################5#########################
®/

anglq_avq_current:(angle_a+angle_b+angle_c)/3;

/*

#########################################################################
# #
# Estimate the frequency of input signal #

# #
#########################################################################
*/

freq_est_pﬁrrent=60.0+(anglq_ava_current—anglq_ava_laat)*60.0*ND/2.0/PI;

/%
#########################################################################
#

#
####################################################S####ﬁ###############
*/

if(fabs{(fraq_asg_currant—freq_pst_;aat))>MAXDF)
freq_gst_purrent:fraq_est_last;

#
# df/dt limitor #
#

printg(" % %f£f %f %f &F %f\n",t,fraq_trua,freq_aat_purrent,Va,Vb,Vc);

fraq_est last=fraeq est_current;
angla_avq_last=angla_avq_currant;
t+=1.0/ND/60.0;

}

}



