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Abstract: Frequency is an important operating parameter in
electrical power system. The operating frequency is not always
constant as it varies due to sudden change in generation-load
mismatches. In case of load shedding, load- frequency controller
requires fast and accurate estimation of frequency. The
frequency also influences the functions of different relays. So here
the frequency estimation study was performed for the voltage or
current signal in presence of noise and disturbances. In this paper
Recursive Least Square (RLS) Filter is studied and its frequency
estimations are discussed.

Index Terms: Adaptive Filters, RLS, LMS, DFT, Frequency
Estimation.

I. INTRODUCTION

Frequency plays an important role in electrical power
system which is required to be remaining constant because it
changes according to the load conditions. Frequency can
balance the energy between generation and load. Therefore
in practical it is considered as an index parameter. Generally
the frequency should be remains constant but due to the
presence of noise and disturbances, sudden discrepancy of
load-generation and increasing use of non-linear loads it
varies. Therefore severe damage or reduction of reactive
power occurs due to sudden change in frequency from its
desired value. It also affects the functions of different relays
in power system. So it plays a vital role in operation and
control of any power system devices. Generally digitized
voltage signal are used for the estimation of frequency due
to less contort than line current. Therefore numbers of
techniques are available for estimation of frequency.

vik) dik) +
» P(z) —
disturbance signal
Optical Bench and K e(k)
Mirrors. y( )
r(k
) - W(z)
reference signal
LI FIR Filler
» RLS |=
errar signal

Fig.1. RMS filter with Signalling

Manuscript published on 30 September 2019.
*Correspondence Author(s)
Bibhu Prasad Ganthia, Assistant Professor, Department of Electrical
Engineering, IGIT, Sarang, Dhenkanal, Odisha, India.

Abha Pragati, M.Tech Research Scholar, Department of Electrical
Engineering, IGIT, Sarang, Dhenkanal, Odisha, India.

Sourava Sahoo, M.Tech Research Scholar, Department of Electrical
Engineering, IGIT, Sarang, Dhenkanal, Odisha, India.

Lipsa Ray, M.Tech Research Scholar, Department of Electrical
Engineering, IGIT, Sarang, Dhenkanal, Odisha, India.

© The Authors. Published by Blue Eyes Intelligence Engineering and
Sciences Publication (BEIESP). This is an open access article under the
CC-BY-NC-ND license http://creativecommons.org/licenses/by-nc-nd/4.0/

Retrieval Number: J11730881019/19©BEIESP
DOI: 10.35940/ijitee.J1173.0981119
Journal Website: www.ijitee.org

1074 © Copyright: All rights reserved.

Check for
updates

In this paper Recursive Least Square (RLS) filtering
technique is used for frequency estimation. The section 1l
describes the power system modeling, section Il describes
about the adaptive filter, section IV explains about the RLS
estimation techniques, section V includes the simulation
result and section VI concludes the research work.

Il. MODELLING OF POWER SYSTEM

The fundamental frequency is the most vital and sensitive
parameter in electrical power system. The frequency stability
depends on the values of the system frequency. It
dynamically varies due to the imbalance between the load
and generation. The change in values of the system frequency
leads to functional variation of relays. So it is necessary to
maintain the frequency in its nominal value. Any deviation in
the accuracy of frequency estimation could result in a major
grid collapse due to inadequate load shedding. Various
methods like time-domain based and frequency-domain
based methods have been proposed for estimation of
frequency. In this paper adaptive filter is implemented for
frequency estimation. A power system voltage or current in
discrete time signal can be expressed in the form of

Vg = .-‘qus{kml'; + qh:l + & (2.1)
Where,
¥, = instantaneous value of signal
A = Amplitude
k& = Sampling instant
T, = Time of sampling
e = angular frequency
@ = phase
g, = Additive noise
Eq.(2.1) can be written as

Ve = ¥ + 8 22

Where, 7, is the estimated signal
The sampled values of the above signal should satisfy the
following expression.

Fi — 2005w T,Fy + Fuoz = 0 (2.3)
Now, the problem is to accurately estimate ® from the signal
model described in (2.3).

I11. ADAPTIVE FILTER

An adaptive filter is a computational device that extracts
something desired between two signals having desired and
undesired component in real time in an iterative manner. Due
to the complexity in the algorithm most of the adaptive filters
considered as digital filters. The parameters within this filter
structure changes iteratively to alter the input-output
relationship. The algorithm associated with this filter
describes about adjustment of parameters from one instant to
the next.
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Fig.2. Open Loop Adaptive Filter Structure and Closed
Loop Adaptive Filter Structure
In figure no. 2 the adaptive filter block diagram has been
drawn which explains how the filter structure associated with
input and output signal with adapting the signal error
minimization using algorithms of RLS filter.

IV. RECURSIVE LEAST SQUARE (RLS) FILTER

RLS (Recursive Least Square) is an adaptive filter which
finds the co-efficient in a recursive manner for the
minimization of the weighted least square linear cost
functions related with the input signals. In the deviation of the
RLS, the deterministic approach is considered for input
signals, while in case of LMS and for other similar algorithms
they are considered to be stochastic.

A. Block Diagram of RLS Filter
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Fig.3. RLS Filter Structure
Compared to other computational techniques, the RLS
exhibits extremely fast convergence. The recursive least
squares (RLS) algorithm utilizes the input data by extending
the instant time at the time of initialization.
B. RLS Adaptation Algorithm
The correlation matrix ¢(n) should be considered as positive
definite and nonsingular. Therefore following identifications
should be assumed:

A= ¢(n) (4.1)
B l=idpn—1) (4.2)
C = uin) (4.3)
D=1 (4.4)
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The following recursive equation can be obtained from the
inverse of correlation matrix:
p7in) = it — 1) -2

“Za  Mn-Uulndu (nlg " tn-1
1+ 7y nlg~ Yn—-Duin

(4.2.5)
For convenience of computation, let
P(n) = ¢~'(n) (4.6)
And
A 'pn-Duin)
k) = 1+d twMinlpin - Duin .7
Pln) = 7'Pn — 1) — A7tk n) P(n — 1) (4.8)

The P(n) matrix is defined as the inverse of correlation
matrix.
We have

k(n) = A7tP(n — Duln) — 1 k(n)uP (n)P(n — Duln)
= [17*P(n — 1) — 17 k() u® () P(n — 1]u(n)

(4.9)
So, we get

k(n) = P(nlu(n) (4.10)
k(n) = o~ ndu(n) (4.11)

The gain vector k(n) is defined as input vector u(n)
transformed by the inverse of the correlation matrix ¢(n).

C. Complex RLS-Based Frequency Estimation Algorithm

A distorted noise signal of power system can be given as,

yit) = A, sinlapt + 0,0 + e(t) (4.12)

To estimate the distorted signal y(#}, the angular frequency
((Do)' amplitude (A and phase (¢,) the discretized form the
equation (4.3.1) can be expressed as follows:

y(k)} = A, sinlwykT) cos(@,) + 4, coslawykT) sinl, ) +
e(k)
= [sinwy kT  coswy kT][a
Where, @ = &, = A,cos0,
B =8y = A;sin®,
By simplifying equation (1.4.3.2) given in regression form
as,

BIT + (k) (4.13)

ylk) = HK) 8 + e(k) (4.14)
Here, ek is the noise signal
The following parameters can be obtained by applying the
RLS technique. So it can be written as
8(k) = 8(k — 1) + K(K)e(k)
Where, &(k)= Present estimated value
f(k — 1)= Previous estimated value
K (k)= Kalman Gain
Therefore measuring error can be obtained as
e(k) = y(k) —H(&)Td(k —1)  (4.16)
The gain K can be updated by using the following equation

(4.15)

Kk} =Pk — UH(K)I + HETPk — LDHF)]1(4.17)
P(k) is the covariance matrix and 5 (0 < 5 = 1] is the
forgetting factor. Covariance matrix can updated as
PK) = I —K({(K)H(KF1P(E-1)/q (4.18)
All the equations from (4.1) to (4.18) are initialized and
initial covariance matrix P(0) is taken as P = &I. Where, I is
the identity matrix and & has large value.
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V. COMPLEXRLSBASED FREQUENCY
ESTIMATION ALGORITHM

In power system the three phase voltage signal can be
expressed in discretized form as
Vo, =V cos{wk AT + @) +Ez, (5.1)

Vi, = Vncos (kAT + 0 -F) +&,, (5.2)

Wy = Vpeos (wkAT +0 +5) + ¢, (53)
Where ¥, is peak value of the voltage signal, ;. is the noise
component, 4T is the sampling time, k is the sampling
instant, @ is the phase of the signal, and w is the angular
frequency (w = 2Zmf, with f being the system frequency)
[1]. The complex form of signal originated from the
three-phase voltages is obtained by «f transform written as
follows

V 1 -
T sl -3 —:
[ﬂnlz B 7 | Pee Vo V1T (54

A complex voltage V;; can be obtained from above as
1” = 1_:r +_|l'1r:r (55)

Where 4 is amplitude of the cc_)mplex signal ¥, and £ is its
noise component and ¥, = Agl (WRAT+E),

VI. RESULTS AND DISCUSSION

This chapter discusses the MATLAB/Programming software
implementation of RLS filter for system identification and
frequency estimation.
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Fig.4. Simulation Diagram of RLS Filter Design
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Fig.6. Error waveform of RLS Filter for System

identification

For system identification the input x(n) was given as
x = sin{2xft) and the desired input d(n) was given as
d = cos(2mft). Here the RLS filter identified the system
after 0.0125 Sec.

Complex RLS Filter for Frequency Estimation
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Fig.7. Frequency estimation with the RLS algorithm
initialized at 50 Hz

Since here for the estimation of frequency only three samples
are used in the RLS Filter it is unable to track any of the
frequency i.e. 49.5 Hz and 50.5 H

For System Identification
Table.1. RLS Filter for System Identification

Sl Filter Type Time in sec. when

No. the error
becomes zero

1 RLS 0.0125

e An algorithm is applied to identify the signal in MATLAB
programming environment. At a sampling rate of 1 kHz,
systems are identified for RLS Filters. The influencing

parameters of the
algorithm:
=005, Pyiigs = 0,4 =097, y =001, and p =

0.99,

o For RLS Filters two signals are given to the Filters. They
are input signal i.e. x = sin{2rft} and the desired signal
i.e. d = cos(2mft) . Here f is the frequency and the value
of the frequency is 50 Hz.
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o Here RLS Filter identified the desired signal after 0.0125
sec. So the RLS Filter converges faster. Due to complexity
in RLS Filter we normally use LMS Filter. But for the
faster system identification we use RLS Filter.

For Frequency Estimation

e The fundamental frequency can be estimated from the
sampled voltage signals by using the algorithm. In the
MATLAB programming environment, the sampling rate is
found to be 5 kHz. The influencing parameters of the
algorithms are n{1} = 0,5 = 0.01, and A = 0.93. based
on [1].

The algorithm uses only three samples for estimation, which
is vulnerable to noise. Whenx{n) = 0, the frequency is

undefined and when x{n} is very small, estimation is

imprecise. Since here only three samples are used the
output shown in figure 4 is not converging.

VIl. CONCLUSION

The above algorithm draws the following conclusions of
frequency estimation. Here the Recursive least square (RLS)
algorithm is used for frequency estimation. The results
obtained from the simulation show better rate of convergence
than the least mean square approach and also it has good
accuracy. Here the system frequency is estimated by using
the three phase distorted signal.
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