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A DFT Based Filtering Technique to Eliminate Decaying dc and
Harmonics for Power System Phasor Estimation

Yong-Taek Oh T Balamourougan* and T.S. Sidhu*

Abstract - During faults, the voltage and current signals available to the relay are affected by
the decaying dc component and harmonics. In order to make appropriate and accurate decision
s, most of the relaying algorithms require the fundamental frequency phasor information that is
immune to decaying dc effect and harmonics. The conventional Fourier phasor estimation algor
ithm is affected by the presence of decaying-exponential transients in the fault signal. This pa
per presents a modified Fourier algorithm, which effectively eliminates the decaying dc compo
nent and the harmonics present in the fault signal. The decaying dc parameters are estimated
by means of an out-of-band filtering technique. The decaying dc offset and harmonics are rem
oved by means of a simple computational procedure that involves the design of two sets of o
rthogonal digital DFT filters tuned at different frequencies and by creating three off-line look-u
p tables. The technique was tested for different decay rates of the decaying dc component. It
was also compared with the conventional mimic plus the full cycle DFT algorithm. The result
s indicate that the proposed technique has a faster convergence to the desired value compared
to the conventional mimic plus DFT algorithms over a wide range of decay rates. In all cases,
the convergence to the desired value was achieved within one cycle of the power system freq
uency.
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1. Introduction

Modern digital relaying techniques are generally based
on phasor estimators for the protection of transmission
lines, generators, transformers and bus bars. These phasor
estimators approximate the current and voltage phasors of
each phase of the power system. These phasor estimators
must meet very stringent requirements. They should be of
high-speed (usually converging within one cycle of the
power system frequency), immune to frequency deviations,
and insensitive to harmonics, sub-harmonics, high
frequency oscillations, noise and decaying dc components.
During a fault, the current and voltage signals from the
power system contain some or all of the following
components: fundamental frequency component, harmonic
components that are multiples of the fundamental
frequency, decaying dc component and noise.

In digital relays these signals are passed through a low
pass anti-aliasing filter, which eliminates the high
frequency components in the signal. Since the fundamental
frequency (60 Hz) is generally the frequency of interest,
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the cut-off frequency of the low pass filter is usually
chosen well below half of the sampling frequency. For
example, if the sampling frequency is taken as 5760 Hz,
the cut-off frequency of the low pass filter according to
Nyquist criterion [1] should be equal to or less than half the
sampling frequency, which in this case would be 2880 Hz,
to prevent aliasing. This will substantially eliminate high
frequency noise present in the signal. Still, the anti-aliasing
filter does not remove the effect of decaying dc.

The time constant and amplitude of the decaying dc are
unknown and are associated with the fault resistance, fault
position and the fault incipient time. The time constant of
the decay is generally determined by the X/R ratio
(inductive reactance to the resistance ratio) of the system.
For high resistance earth faults the decay rates are very
high, sometimes less than half the power system frequency
cycle. Decaying dc is a non-periodic signal and its
frequency spectrum encompasses all the frequencies. The
decaying dc component therefore seriously affects the
accuracy and convergence of digital filter algorithms such
as Fourier, cosine, Walsh, Kalman and least-error-squares
(LES) filters [2-4]. Due to this factor, the estimated phasors
using these algorithms contain errors if decaying dc is
present in the input signal.

Benmouyal proposed a digital mimic filter to suppress
the effect of decaying dc over a broad range of time
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constants [5]. This filter requires the exact value of the
time constant for a solid performance, which is usually not
the case in real power system conditions. Sachdev et-al
proposed the least error squares method to eliminate the
effect of decaying dc by modeling the decaying dc
parameters by the first two components of the Taylor series
expansion of the decaying dc signal [3]. The recursive least
error squares was proposed later to reduce the
computational burden of conventional LES [7]. The
performance of Kalman filtering to decaying dc was
studied in [8-9]. It was concluded that the third order
Kalman filter is sensitive to decaying dc components. Also
in Kalman filtering, the time constant of the decaying dc
has to be modeled to obtain good performance from the
filter. Yong Guo et-al proposed a modified Fourier
algorithm immune to decaying dc [10]. However, it
demands extensive computations to remove the decaying
dec offsets. Compared to any other technique available in
the literature, the digital mimic filter is the most widely
used technique in commercial relays to eliminate decaying
dc, due to its simplicity in implementation.

Sidhu et al proposed a modified DFT based full cycle
phasor estimation algorithm that is immune to decaying dc
[11]. The algorithm effectively removes the decaying dc
effect from the phasor estimates by means of two
orthogonal digital DFT filters. However, the algorithm
requires a tremendous amount of computations to calculate
the decaying dc parameters and offsets its effect from the
phasor estimate. This may not be suitable for some existing
commercial relays because of their limited computing
capability. As well, the use of high sampling rates may not
be feasible because it reduces the inter-sampling time and
hence, the time available for computations. High sampling
rates may be desirable in a relay so that higher order
harmonics can be computed for monitoring and power
quality purposes. Furthermore, higher sampling rates will
allow higher cut-off frequency of the low pass anti-aliasing
filter, thereby reducing the order of the filter and its
associated delays.

In this paper, the phasor estimates, which are immune to
decaying dc and harmonics, are computed by extending the
concept proposed in [11] with minimal computational
requirements and which can be implemented in any
modern commercial relay hardware platform. The
performance of the proposed technique is compared with
the most popular, digital mimic filter plus the full cycle
DFT technique of phasor estimation.

2. The Proposed Technique

The proposed algorithm assumes that the input signal is
pre-processed by an analog anti-aliasing filter, which

effectively removes very high frequency components
present in the input signal. The proposed technique consists
of two sets of orthogonal digital filters (Set I and Set II).
Together they eliminate the decaying dc and harmonic
components and, extract only the fundamental frequency
component of the signal. It should be noted that each
orthogonal filter set has a sine filter, which estimates the
real part of the phasor, and a cosine filter, which estimates
the imaginary part of the phasor.

2.1 Orthogonal Filter Design

As mentioned above, the proposed technique requires
two sets of digital orthogonal filters. Filter Set I is tuned to
fundamental frequency. This filter set is designed to not
eliminate the decaying dc but to eliminate all other
harmonics. Therefore, when a decaying dc signal is passed
through this filter the output of this filter contains the
fundamental distorted by the decaying dc component.

The second orthogonal filter set is tuned at a higher
order harmonic. The order of this filter should be less than
half the sampling frequency but more than the cut-off
frequency of the low pass anti-aliasing filter. It is important
to note that the low pass anti-aliasing filter has already
eliminated this harmonic. Therefore, the output of this filter
contains only the decaying dc component.

The decaying dc component effect can be removed from
the output of the filter Set I by relating the outputs of the
two orthogonal filter sets. This is achieved by means of
creating three off-line look-up tables, which is explained in
the next section.

The two orthogonal digital filter sets can be designed
using LES or DFT techniques. The performance of the
proposed algorithm is presented in this paper by designing
the orthogonal filters using full cycle DFT, which provides
superior noise suppression capabilities.

2.2 Look-up Tables

Look-up Table I is created from the outputs of the
orthogonal filters of filter Set II. The orthogonal filters of
filter Set II are given an input of a pure decaying dc with
an initial magnitude of 1 pu and the time constants varying
from 0 ms to 100 ms in steps of 1 ms. The ratios of the real
part to imaginary part of these filters for each time constant
are stored in this look-up table. This ratio is fixed for a
given time constant, irrespective of the initial magnitude of
the decaying dc. This ratio can be expressed as,

k, (r) _ M eainc ("') )

ﬂlimagDC (T)

where, k; (7) is the ratio at a given time constantz, fIl.upc
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(7) is the output of the sine filter, which computes the real
part of the phasor defined at time constants, fllnagepc (7 1S
the output of the cosine filter, which computes the
imaginary part of the phasor defined at time constantz.

Look-up Tables II and I1I are created from the outputs of
the sine and cosine filters of Filter Set I and II. The sine
and cosine filters of the orthogonal Filter Set I are given an
input of a pure decaying dc with an initial magnitude of |
pu and the time constants varying from 0 ms to 100 ms in
steps of 1 ms. The outputs of these filters will provide the
real and imaginary parts due to the decaying dc alone for
each time constant. In Look-up Table II the ratio of the real
part of Filter I to the real part of Filter II is stored for each
time constant. This ratio can be expressed as,

)_ H veainc (T)

= 2
U eaine (T) @

kz (T

where, &, (7) is the ratio at a given time constantz, fI,..pc
(7) is the output of the sine filter of Filter Set I, which
computes the real part of the phasor defined at time
constantz, and fI1,..,;pc (7) is the output of the sine filter of
Filter Set II, which computes the real part of the phasor
defined at time constantz.

Similarly, Look-up Table III is created, but with the
imaginary parts of the two filter sets for different time
constants. This ratio can be expressed as,

ks (T) _ A imagDC (T)

3
ﬂlimagDC (T) ( )

where, k3(7) is the ratio at a given time constant 7 fI;0nc
(7)is the output of the cosine filter of Filter Set I, which
computes the imaginary part of the phasor defined at time
constant 7, and f1/;.epc(7)is the output of the sine filter of
Filter Set II, which computes the real part of the phasor
defined at time constant t. The ratios &, and k; are fixed for
a given time constant, irrespective of the initial magnitude
of the decaying dc. It is important to note that the
orthogonal filters of Filter Set 1I contain only the effect of
decaying dc offset in their outputs. Once the outputs of
these filters are known, the effect of the decaying dc offset
on the outputs of Filter Set I can be determined from
Equations 2 and 3 with the help of the three look-up tables.

The next step is to use the look-up tables and perform
error correction on the output of Filter Set I in order to
obtain the correct phasor estimate.

2.3 Error Correction

The stepwise error correction procedure is given below:

o The low pass anti aliasing filter first filters the input
signal.

The filtered signal is digitized and applied to the two sets
of orthogonal filters. One set of filters is tuned to the
fundamental and the other set is tuned to the m"
harmonic.

From the output of the orthogonal Filter Set 11, the ratio
of the real to imaginary part &; is determined during each
sampling interval.

The time constant %, corresponding to this ratio is
obtained from Look-up Table I.

The ratios k; and k; corresponding to this time constant t
are obtained from Lock-up Tables II and 111 respectively.
The real part of the decaying dc component can be
calculated now from Equation 2 since the ratio %, and
f..ipc are known for the time constant t.

The imaginary part of the decaying dc component
similarly can now be calculated from Equation 3 since
the ratio ks and fI/;.epc are known for the time constant
T.

The error correction is carried out by subtracting the real
and imaginary component values of the decaying dc
obtained from the above step, from the respective real
and imaginary parts of the outputs of the orthogonal
Filter Set I. This now leaves only the real and imaginary
components of the fundamental frequency phasor.

In this way the decaying dc offset can be eliminated
completely from the estimated phasors irrespective of the
time constant of the decaying dc component.

2.4 Computations

The technique needs the following computations

1. Design of two sets of orthogonal digital filters

2. Creation of three look-up tables

3. Processing of the input signal using the two filters

4. Determining the time constant and the correction

factors from the look-up table

5. Error correction

6. Estimation of the phasor

The first two are off-line computations and the rest are
on-line computations. With modemn microprocessor
technology, the above-mentioned computations will not
introduce significant computational burden. In the next
section the performance of the algorithm for different time
constants is shown.

3. Simulation Results

The sampling frequency of the input signal, the cut-off
frequency of the low pass anti-aliasing filter and the center
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frequency of the orthogonal Filter Set I are three very
important parameters whose selection
significant to this algorithm.

criterion is

3.1 Low Pass Filter Parameter Selection

A higher sampling rate allows for a higher cut-off
frequency of the low-pass anti-aliasing filter and a better
response. A higher cut-off frequency for the low pass anti-
aliasing filter means more harmonics are present in the
signal available to the digital filters. It is important to
realize that the low pass anti-aliasing filter is an essential
element for all digital relaying algorithms. Since the digital
orthogonal filters are designed using full cycle DFT, the
integer harmonics are eliminated. The frequency responses
of the combined filters are presented in the subsequent
section, which shows considerable improvement in noise
reduction compared to the mimic plus full cycle DFT filter.
A sampling rate of 5760 Hz was selected for testing this
algorithm. The cut-off frequency selected was 1800 Hz. A
Butterworth 2™ order filter with a cut-off frequency of
1800 Hz was designed to test the algorithm.

3.2 Center Frequency Selection Criteria

The selection of the center frequency for the orthogonal
digital Filter Set II depends on the cut-off frequency of the
low pass anti-aliasing filter. The center frequency should
be chosen well above the cut-off frequency of the low pass
anti-aliasing filter. The significant criterion is that the
center frequency signal should not be present in the filtered
input signal. A higher center frequency allows a selection
of higher cut-off frequency for the low pass filter and a
better response speed. In a way these parameters are
interdependent and their selection depends on the
compromise the designer is willing to make for a particular
application.

The centre frequency selected for designing the
orthogonal Filter Set I1 is 2400 Hz. The data window taken
for analysis is one complete cycle, which consists of 96
samples for the sampling frequency.

The orthogonal Filter Set I is tuned to extract the
fundamental frequency and Filter Set II is tuned for 40th
order harmonic, which is already eliminated by the low
pass anti-aliasing filter. It is important to note that the filter
Set II order can be anything greater than the cut-off
frequency of the low pass anti-aliasing filter but should be
less than half the sampling frequency.

In order to build the Look-up Table I, the orthogonal
filters of DFT Filter Set I are given an input of a decaying
dc signal of different time constants ranging from 0 ms to
100 ms in steps of 1 ms. The ratios of the real part to
imaginary part of these filters for each time constant are

stored in this Look-up Table. This ratio is fixed for a given
time constant, irrespective of the initial magnitude of the
decaying dc. Look-up Tables II and III are designed as
outlined in Section II.

3.3 Performance Evaluation

As mentioned before, the sampling rate is chosen at 96
samples per cycle. The input signal taken for analyzing the
performance contains 1p.u of decaying dc and fundamental
frequency component and 0.1p.u. of second, third and fifth
harmonic components.

The time domain response of the algorithm is analyzed
for the response speed and convergence. The time constant
1 of the decaying dc varies depending on the system
configuration at the fault moment, fault location and fault
resistance. Therefore, the sensitivity of the algorithm to
variations of t is studied. The time constants are
represented in terms of number of cycles. The time
constants considered for testing are, 0.5, 2 and 5 cycles of
the nominal frequency.

Fig. 1 (a), (b) and (c) show the phasors estimated by the
proposed full-cycle algorithm orthogonal filters that are
designed using DFT technique and the full-cycle mimic
plus DFT. It can be seen from Fig. 1 that the proposed
algorithm exhibits a faster convergence to the desired value
within one cycle compared to the other algorithm. For a
time constant of 0.5 cycles the proposed algorithm
converges to the final value within one cycle, whereas the
full-cycle mimic plus DFT exhibits oscillations even after 3
cycles. For rapid decaying rates it can be concluded that
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Fig. 1 Time domain responses of the algorithms

the proposed algorithm has enhanced convergence and
speed compared to the mimic plus DFT algorithm.

The performance index to compare both the phasor
estimation algorithms is given by the following expression,

Pl = Number of samples to converge — signal window size

signal window size

Table 1 gives the performance index of the proposed and
mimic plus DFT algorithms for different time constants.
From Table I it is evident that the accuracy and speed of
convergence of the proposed algorithm is much better than
the mimic plus DFT algorithms.

Table 1 Performance index of the algorithms

. Performance Index
Filters
1=0.5 =2 1=5
Proposed 0% 0% 0%
Mimic plus Full-cycle DFT large 35.2% 31%

3.4 Frequency Response of the Proposed Algorithm

Figs. 2 and 3 indicate the frequency responses of the
proposed algorithm and the mimic plus full cycle DFT
filters. Each filter has two parts, the sine filter and the
cosine filter. The sine filter of the proposed algorithm has
superior frequency response characteristics compared to
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the full-cycle mimic plus DFT. The noise suppression
capability of the proposed algorithm is much better than
the other algorithm, which is evident from the frequency
response characteristics shown in Fig. 2.

4. Conclusions

An algorithm for estimating power system phasors,
which are immune to decaying dc offset and harmonics, is
proposed in this paper. The proposed technique computes
the phasors within one full cycle of the power system
frequency. The technique needs three look-up tables and
two digital orthogonal filter sets that are built off-line to
remove the decaying dc offset effect from the input signal.
Unlike the full cycle DFT plus mimic filter, this algorithm
can dynamically estimate the decay time constant and
eliminate it from the input signal thereby producing an
accurate phasor estimate. The algorithm is computationally
very efficient and can be implemented in any modern
digital relay hardware.
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