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Abstract : A method is proposed that uses a filter bank and
an adaptive filter for the harmonic estimation in power
signals. Here the amplitudes and frequencies of each
harmonic is estimated. A fundamental filter bank (FB)
decomposes the input power signal into sub signals and
multistage FB is used for higher order harmonic
decomposition. An adaptive filter is used to estimate the
parameters more accurately. Parameters describing the
harmonic components are estimated from the output of the
adaptive filter which is self-tuning.
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1. Introduction
There has been much interest recently in the
operation of an electrical power system. Power
Quality (PQ) has to be maintained in electricity
transmission and distribution. Electrical power is
generated from remote areas and using several
transformers, overhead lines or sometimes
underground cables, power is transferred to load
points. But electromagnetic interferences like
lightning, undesirable effects propagate throughout
the network change the characteristics of voltage and
current waveforms in the power system. The
increasing use of nonlinear loads, including
electronic converters, renewable electric power
sources, and equipment that has tighter tolerances for
drive voltage disturbances, has placed growing
demands on the quality of the power supply [1].
Power should be distributed to necessary locations
with the fundamental frequency, 50 Hz, having a
constant voltage magnitude. But due to the presence
of harmonics, the voltage or current waveform get
distorted. Then signal becomes a non-sinusoidal
signal which it should not be. If power quality is not
maintained, it will affect our home appliances and

causes overheating of transformers, building wiring
etc. [2].
Harmonics are voltages or currents at frequencies
that are multiples of the fundamental frequency and
any signal component having a frequency which is
not an integer multiple of the fundamental frequency
is designated as an interharmonic component or
referred to more simply as an interharmonic. If 50 Hz
is the fundamental frequency, then second harmonic
is 100 Hz (50 x 2=100), third harmonic is 150 Hz (50
x 3=150) and so on. The even multiples of the
fundamental frequency are called as even-order
harmonics while the odd multiples are called as the
odd-order harmonics.
Here a technique based on filter banks (FBs) and
an adaptive filtering is used to characterize both
stationary and nonstationary power signal variations.
The proposed method consists of a multistage FB, an
adaptive filter and an amplitude and frequency
estimation algorithm. The input power signal is
decomposed by the fundamental FB which is used
successively in each stage to decompose higher order
harmonics. Then these harmonics are processed using
a self – tuning adaptive filter to estimate the
parameters, amplitude and frequency, more
accurately.

2. Description of the Method
2.1 FB Design
FBs are designed for decomposing a signal into sub
signals [3]. A fundamental FB consists of a low pass
filter, a high pass filter and a band pass filter and all
the filters are designed as a quadrature mirror filter
(QMF) bank to satisfy perfect reconstruction
conditions as shown in Fig. 1 [4].
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In Fig. 1, x (n) is the input power signal, yL (n) is
the low-pass decimated signal, yH (n) is the high-pass
decimated signal and yB(n) is the band pass signal.
HLP(z) is the low pass filter, HHP(z) is the high pass
filter and HBP(z) is the band pass filter. H LP(z) and
HHP(z) are designed with less overlap at the
frequency π/2. So the overall magnitude response of

(2)

(3)

(4)

Fig. 1 Fundamental FB

the upper path is effectively a notch filter. Thus even
order harmonics are rejected by the upper path and
are processed through the band pass filter.
If the input power signal whose harmonics to be
detected is applied to the fundamental FB shown in
Fig. 1, then the first harmonic is yL (n), second
harmonic is yB(n) and third harmonic is yH(n). The
frequency response of the filter under the
aforementioned condition is shown in Fig. 2 [4].
The fundamental FB shown in Fig. 1 can be used in
multistage for estimating higher order harmonics as
shown in Fig. 3 [4]. Here the fundamental FB is used
in three stages for detecting the harmonics h1 to h15.
If x(n) is the input power signal given to the FB in
stage 1, low pass filter produces low order harmonics
h1 to h7, band pass filter gives h8 and high pass filter
produces high order harmonics h9 to h15. h1 to h7 is
again given to the first FB at stage 2 where low order
harmonics h1 to h3 is produced by the low pass filter,
band pass filter gives h4 and h5 to h7 is produced by
the high pass filter. Like this way, three stage FB
decomposes the harmonics and h1 to h15 is detected
and its frequency and amplitude is estimated. The
relationship between the maximum harmonic order to
be decomposed i and the stage number M is i =
2M+1-1.

Fig. 2 Magnitude responses of (a) the HLP(z) and HHP(z) and (b) the
upper path and HBP(z) in Fig. 1.

where Ѱ2 (Ѱ2 < 1) is the forgetting factor. In (4) T i is
the sampling period in the ith sub band. If the ith
harmonic
is
represented
by
hi = ai sin (iω1nTi),where ai is the amplitude and ω1 is
the angular frequency of the fundamental, then
amplitude can be estimated as follows: [4]
Ai (n) =hi2 (n) −2hi2 (n−1)cos(2i iω1nTi)+hi2(n−2) (5)
Bi (n) =1 − cos (2iω1nTi)

2.2 Frequency and Amplitude Estimation
The frequency fi and amplitude ai (i = 1 to 15) is
estimated using the recursive algorithm [5] and [6].
For the frequency estimation of harmonic hi, three
consecutive samples of hi are considered and
frequency can be estimated as follows: [4]

(6)

(7)
The amplitude and frequency of each harmonic is
estimated from (4) and (12) respectively.

(1)
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Fig. 3 Multistage FB for higher order harmonic decomposition

(9)

2.3. Self - Tuning Adaptive Filtering for
Improved accuracy Harmonic Parameter
Estimation
Adaptive filtering is used to estimate the parameters
of time-varying power signals more accurately. In
Fig. 4 [3], hi (n) is the decomposed signal from the
FB, z−Δ is the delay element and w (z) is the
adaptive filter. Harmonic components are estimated
from the output of the adaptive filter y(n), which is
self-tuning [7].
Least Mean Square Algorithm is used in adaptive
filtering. The sinusoidal model used is

(8)

is the estimated value of voltage at kth
If
instant, equation (9) becomes
wk

)

(10)
(11)

where wk is the weight of the voltage signal and
is the angular frequency.
The error signal is
(12)
This algorithm minimizes the error signal by
calculating the weight vector each time using
(13)

The above equation can be rewritten in discretized
form as

322

IJISET - International Journal of Innovative Science, Engineering & Technology, Vol. 1 Issue 3, May 2014.
www.ijiset.com
ISSN 2348 - 7968

where * denotes the conjugate of the variable and
step size
is varied for achieving faster

convergence of the LMS algorithm.

Fig. 4 Adaptive filtering for time-varying frequency estimation

3. Simulations for Performance Evaluation

Table 1: Harmonic amplitude estimation without adaptive filtering

A signal consisting of harmonic components is
considered. The sinusoidal model used is

Fig.5 Magnitude response of low pass, high pass and band pass
filter

(14)
where ai is the magnitude and iω1 is the
harmonic/interharmonic frequency. The sampling
frequency and fundamental used are 1.92 kHz and 50
Hz respectively. Simulations are also done for 50±3
Hz. The results obtained are

Table 2: Harmonic frequency estimation without adaptive filtering

Table 3: Harmonic amplitude estimation with adaptive filtering
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4. Conclusion
A method is described for the parameter estimation
of harmonics using a FB and a self-tuning adaptive
filter. FB is used to decompose the signal into odd
and even harmonics. A fundamental FB is used
successively in each stage for higher order harmonic
decomposition. An adaptive filter is used to estimate
the parameters more accurately. The method can be
employed for both stationary and nonstationary
signals.
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