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Cancellation of Harmonic Interference
by Baseline Shifting of Wavelet Packet

Decomposition Coefficients
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Abstract—Presented in this paper is a distortion-free filtering
approach for cancellation of sinusoidal harmonic interference
using wavelet packet decomposition (WPD). Under a special
sampling condition, the transform coefficients of the harmonic
interference in each subband become a constant, exhibiting as a
shift of the baseline of the WPD coefficients in that subband. The
harmonic interference is thus removed by shifting the baselines
back to zero. Unlike the use of a notch or a comb filter, the new
approach does not cause any distortion to the original signal in
principle. This advantage makes this approach especially suitable
for the removal of harmonic interference that is located within the
spectrum of the original signal. Evaluation of the new approach
has been conducted using a simulated piecewise smooth signal
and a real, irregularly pulsating signal. Results obtained from the
studies have demonstrated the effectiveness of the new approach.

Index Terms—Harmonic distortion, interference suppression,
multirate signal processing, noise, notch filters, spectral analysis,
wavelet packet decomposition.

I. INTRODUCTION

I F harmonics of a certain frequency component are coupled
into the circuit or the signal transmission line of an instru-

mentation system, the data acquired may suffer from harmonic
interference [1]–[3]. Once harmonic interference appears in the
observations of a sensor signal, subsequent data processing and
analysis can lead to erroneous results [4]–[6].

Research into cancellation of harmonic interference has been
reported by a number of authors in the past. The method that has
been widely studied is to use a notch (or a comb) filter. Zhang
et al. [7], for instance, presented a pole-zero design method to
obtain notch filters for eliminating power frequency interfer-
ence. Another design method for notch filters is based on an
adaptive noise canceller (ANC) adopting the least mean squares
(LMS) algorithm [8], [9]. Glover [10] is the first in the literature
who applied a linear sum of constituent sinusoids of the periodic
interference as the reference signal of the adaptive filter and im-
plemented a tunable notch filter, with a notch located at each
of the reference frequencies. The notch can be made very sharp
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to decrease the attenuation to other frequency components. El-
liott and Darlington [11] have also shown that the implemen-
tation of the adaptive canceller can be made more efficient and
can be represented by a linear time-invariant comb filter by ar-
ranging the sampling rate of the adaptive canceller to be an exact
multiple of the fundamental frequency of the interference. How-
ever, for a noisy periodic reference, which is inevitable in prac-
tice, the notch depth is a decreasing function of the reference
signal-to-noise ratio (SNR) [9], implying that some interference
components may be retained in the filter output. In this case,
Bershad and Bermudez [12] quantitatively analyzed the noise
constituents in the output. In addition, Goodwin et al. [13] for-
mulated sinusoidal disturbance rejection as a Kalman filtering
problem and led to an optimal filter. This filter is also shown
to be identical to the digital notch filter. All in all, if the spec-
trum of the sensor signal does not contain any of the interference
frequencies, the interference can be removed efficiently. If the
signal contains components at any of the interference frequen-
cies, however, such a filter will become ineffective.

Orthogonal wavelet decomposition (OWD) provides a pow-
erful tool for signal processing and analysis [14]. Provided
a suitable wavelet is selected, OWD can preserve the main
profile of the signal, of lower frequencies, in the approximate
coefficients and represent sharp transition details of the signal
together with harmonic interference and other noisy components
in the detail coefficients. The OWD should be deep enough
so that the cut-off frequency of the approximate subband is
smaller than the base frequency of the harmonics. In general,
the transform coefficients of each constituent sinusoid of the
harmonic interference remain sinusoidal in detail subbands [see
(9) and (10)]. Xu and Yan [15] deployed the wavelet shrinking
approach, i.e., detail coefficients thresholding, to cancel both
the sinusoidal interference and white noise simultaneously. As
long as the SNR is large enough, the sinusoidal interference
can be cancelled with only minor distortion to the sharp tran-
sition details of the signal. Similar to the cancellation of pure
white noise, the degree of the distortion depends on the SNR.
The lower the SNR, the higher the degree of the distortion.

If the baseline of the wavelet coefficients in a subband is de-
fined as the mean of these coefficients, it is commonly agreed
that the baseline of the wavelet coefficients in a detail subband is
zero if the boundary effect is ignored. However, nonzero base-
line may appear in a detail subband if the signal is contami-
nated by harmonic interference and a special constraint among
the interference base frequency, sampling rate and wavelet de-
composition level is limited (see Section II). Furthermore, the
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nonzero baseline stems from the contribution of the harmonic
interference only (see also Section II). If we shift the baseline
back to zero, the effect of the sinusoidal interference in the sub-
band can be removed. To cope with multiple sinusoids at the
harmonic frequencies, the orthogonal wavelet packet decompo-
sition is used. Because the shift of baseline does not change con-
tributions of the original signal to the wavelet coefficients, the
removal of harmonic interference through baseline shift causes
no distortion to the original signal in principle. This approach is
referred to as the baseline shift based filtering approach. In this
paper, the fundamentals, implementation, and evaluation of the
approach are presented.

II. FUNDAMENTALS

A. Denoising by Wavelet Packet Coefficients Thresholding

According to the orthogonal wavelet decomposition, a signal
of size in space can be decomposed into an approxi-

mate and a detail in spaces and , respectively [14]. The
approximate space can be further split into and , and
so on. According to the orthogonal wavelet packet decomposi-
tion (OWPD), not only the approximate spaces ( is
the set of integers) but also the detail spaces can be
further split. In this paper, the binary wavelet packet decompo-
sition is employed.

The binary wavelet packet decomposition can be represented
by a full binary tree as shown in Fig. 1. Each node of
the tree corresponds to a subspace , where denotes the
decomposition level is the deepest level
of the tree, and is the th node at level .
Subspace covers the th subband at level and admits an
orthonormal basis . At the root of the tree
is the original signal space (space for discrete
signals with finite energy), we set the basis as the canonical basis
of Diracs . Then, at each node

, the following splitting relations can be used to define the
two wavelet packet orthonormal bases at its two children nodes

and [16]:

(1)

where and are a pair of conjugate
mirror filters for the OWPD. The decomposition of signal in
space is calculated by

(2)

where denotes inner product. are the wavelet
packet decomposition coefficients in the th subband at level .
In general, we refer to as the approximate coefficients at level
, whereas are the detail coefficients in the th

detail subband at level .
Owing to the diverse behaviors of the signal and white noise

in the time-scale domain, the white noise can be cancelled by
thresholding the detail coefficients with a suitable threshold
[17]. To denoise the signal, coefficients thresholding is only

Fig. 1. Three level binary decomposition tree of wavelet packet spaces.

necessary at level : the deepest level of decomposition. The
original signal is then reconstructed from the approximate
coefficients and the thresholded details coefficients.

Supposing that Th is either a hard or soft thresholding
operator [17], [18] with a threshold , coefficient thresholding
is implemented at nodes by

Th (3)

The original signal can then be constructed by recursively
implementing the following reconstruction at each node until

is obtained

(4)

where stands for the data sequence obtained by inserting a
zero between each two samples of , and the symbol * stands
for discrete convolution.

If the SNR is large enough, the harmonic interference, if it ex-
ists, may also be cancelled by thresholding the wavelet packet
coefficients in detail subbands, as done in [15], using wavelet
decomposition. It is obvious that detail coefficients thresholding
may distort the sharp transition details of the signal. The de-
gree of such distortion depends on the SNR. If a special con-
straint is limited among the sampling rate, base frequency of
the harmonics, and wavelet packet decomposition level, a dis-
tortion-free approach can be obtained.

B. Signal Observation Model

An observation model of signal contaminated by harmonics
is described as

(5)

where denotes the sum of the harmonics, is the highest order
of the harmonics, and

(6)

, and are the amplitude, frequency, and initial phase of
the th harmonic, and , where is the base frequency
of the harmonics. If the observations are also contaminated by
zero-mean white noise , model (5) is revised as

(7)
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Fig. 2. Generation of nonzero baseline by the factor 2 subsampling at level
J .

In orthogonal wavelet packet decomposition, each coefficient
in (of ) at level is the summation of three items that are
the transform coefficients of , and , respectively, i.e.,

(8)

In this context, coefficients are referred to as the wavelet
packet coefficients, whereas , and are the transform
coefficients of , and , respectively. are also referred to
as the noisy coefficients.

In orthogonal wavelet packet decomposition, the wavelet
packet is often called the wavelet packet filterbank. Coefficients

are considered to be obtained by filtering the signal through
a bandpass filter followed by a factor subsampling [19]
[see (2)]. Filtering the th harmonic through results in

(9)

where stands for discrete convolution. If the frequency of
is within the passband of is retained into by , and

should be sinusoidal as well, as is a linear filter. After
the factor subsampling, only of the samples of are
retained. Owing to the spectral leakage of , other harmonic
components that are not within the passband of may also be
retained by . Without loss of generality, let

(10)

where and are the amplitude and initial phase of , and

(11)

is the discrete time, where is the sampling rate of signal .
The values of and depend on the frequency response of .
Equation (11) is the consequence of the factor subsampling.

C. Baseline of the Wavelet Packet Coefficients

In general, the baseline of wavelet packet coefficients in a
subband is defined as the mean of the coefficients. Because the
harmonic interference is to be removed at level , we will dis-
cuss the baseline of wavelet packet coefficients at level only.

Owing to the factor subsampling at level , only
of the samples of is retained by . Whether the retained
samples remain sinusoidal or not depends on the relationship

between the base frequency of the harmonics, the sampling
rate , and the decomposition level .

If , and satisfy

(12)

inserting (11), (12), , and into (10) leads to

(13)

which is a constant independent of index . This implies that
the transform coefficients of the harmonic interference in the th
subband at level appear as a constant if (12) is satisfied. This
is because there is only one sample every cycle of the th fre-
quency component that can be retained in after the factor-
subsampling. In addition, the subsampling to always takes
place at the same phase of the sinusoidal wave . The con-
sequence is that becomes a constant, and the baseline of
the coefficients is shifted upwards or downwards, depending on
the value of the constant. As demonstrated in Fig. 2, the base-
line is the summation of the levels of the dashed lines. Unless
all the initial phases of the constituent sinusoids are zero, (13)
will result in a nonzero baseline. As is well known, and

are zero-mean for if the boundary effect [16] is ig-
nored (we will discuss the case for in Section III). If we
move the nonzero baseline back to zero, is removed from
the right-hand side of (8) for without any influence on
the transform coefficients of the original signal.

Fig. 3 illustrates a compound signal composed of sinusoids
of 50, 100, and 150 Hz. The sampling rate is 400 Hz. Its power
spectral density (PSD) distribution is shown in Fig. 3(b). In re-
lation to model (5), the original signal is a zero-line, and the
harmonic interference is the composition of the harmonics of
50 Hz. In order for (12) to be satisfied, the wavelet packet de-
composition level should be 3. The wavelet packet obtained
from Daubechies wavelet “db4” [20] is used,1 and the wavelet
packet decomposition coefficients are depicted in Fig. 3(c). The
coefficients have been put in series in the order of frequency and
with the approximate coefficients at the extreme left-hand side.
It can be seen that the coefficients in each subband are a con-
stant, except for a few boundary coefficients being irregular due
to the boundary effect. This example has verified (13).

III. HARMONICS CANCELLATION BY BASELINE SHIFT

It has been proved that if (12) is satisfied, the harmonic
interference is represented as a nonzero baseline shift of the
coefficients in each subband. In the th detail subband ,
the nonzero baseline is solely contributed by because
and are all zero-mean. The harmonic interference can thus
be removed from that subband by shifting the nonzero baseline

1In general, if the original signal has few isolated singularities, a wavelet func-
tion with a vanishing moment greater than the degree of the polynomial fitting
the original signal is necessary when using wavelet shrinkage to cancel the white
noise. If the density of singularities increases, it might be better to reduce the
vanishing moment to decrease the size of the support of the wavelet. Indeed,
wavelets that overlap the discontinuities create high amplitude coefficients [16].
However, the selection of the wavelet is not critical here because the order of the
original signal is 0. To keep in accordance with the first example in Section IV,
we selected “db4” as an example.
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back to zero. In the approximate subband , as is a
lowpass filter, the DC component (i.e., the mean) of the original
signal is also represented by the approximate coefficients. It can
be proved that the base frequency of the harmonics is twice
the cut-off frequency of if (12) is satisfied (see Appendix A).
If the vanishing moment of the wavelet is large enough, i.e.,
its spectral support is sufficiently compact, there will be only
very less energy of the harmonics being collected by . It
is thus unnecessary to deal with the approximate coefficients.
Sometimes, however, the selection of a wavelet with a very
large vanishing moment is unsuitable or impractical. It is then
necessary to cancel the harmonic components collected by .
Here, we can first remove the DC component of the original
signal before OWPD so that the coming nonzero baseline in the
approximate subband will be due to the harmonic interference.
Then, the harmonic components in the approximate subband
can be cancelled by shifting the nonzero baseline back to zero.

In general, the sampling rate does not satisfy (12). There are
two ways we can select to satisfy (12). One is to change the
sampling rate to a value that satisfies (12) at the stage of data
acquisition. The other is to resample the discrete signal using
the multirate signal processing techniques [21] and change the
sampling rate to the nearest one that satisfies (12). In order to
keep signal details unlost, the new sampling rate needs to be
larger than the original.

To shift the nonzero baselines, they need to be estimated in
advance.

A. Baseline Estimation

The baseline of the coefficients in the th subband at
level can be obtained by calculating the mean of the coeffi-
cients

(14)

As the sharp transition details of the signal may be of irreg-
ular structures, the transform coefficients of the sharp transition
details are not definitely of zero-mean after subsampling (see
Fig. 4). In addition, the boundary coefficients due to boundary
effect may also affect the estimation of the baseline. In order to
decrease these influences, large coefficients related to both the
sharp transition details and boundary effect should be excluded
in estimation of the baseline. As an example, Fig. 4 shows the
coefficients of a signal in a detail subband. In this figure, de-
notes the baseline of the coefficients and the standard devia-
tion of the noisy coefficients. Donoho’s threshold [17]

(15)

is used to discriminate both the coefficients of the signal details
and the boundary coefficients from the noisy coefficients. The
coefficients not outreaching the range are used to
estimate the baseline.

The baseline is estimated in an iterative manner. We first esti-
mate and using all coefficients in a subband and calculate
from (15). Then, we exclude coefficients outreaching the range

Fig. 3. Compound signal composed of sinusoids of 50, 100, and 150 Hz.
(a) Compound signal of harmonics. (b) PSD distribution. (c) WPD coefficients.

Fig. 4. Estimation of the baseline of the coefficients in a subband.

and estimate and from the retained coefficients
again. Repeat the above steps until the relative error or the rel-
ative variation of the estimation of runs into a predetermined
tolerance. This will be further discussed using the first example
in Section IV. The experimental results show that the relative
error of the estimation of can approach very near 0 after four
to six iterations (see Tables I and II).

It should be noted that the above procedure for baseline esti-
mation is not suitable for the approximate subband as majority
of the signal components are preserved in this subband. Rather,
the baseline is directly calculated by averaging all coefficients
in this subband.

B. Implementation of Harmonics Cancellation

Cancellation of harmonic interference can be carried out by
implementing the following logical steps.

1) Determine and the sampling rate in terms of (12) and
the Nyquist sampling theorem.

2) Change the current sampling rate to the one determined
in Step 1).

3) If baseline shift is required in the approximate subband
, then calculate , where is the mean

of ; otherwise, go to Step 4).
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TABLE I
EXPECTED AND ESTIMATED BASELINES IN EACH DETAIL SUBBAND

4) Select a wavelet packet2 [16] to decompose the signal
down to level .

5) Estimate the baseline of coefficients in each subband at
level .

6) Shift the baseline of the coefficients in each subband back
to zero.

7) Reconstruct the signal .
8) If was calculated in Step 3), then ;

otherwise, .
9) Change the sampling rate back to its initial.
If necessary, a wavelet shrinkage procedure [22] can be fur-

ther implemented following the baseline shift to remove the re-
maining white noise. In this case, it is necessary to use a wavelet
with a vanishing moment greater than the degree of the poly-
nomial fitting any smooth and continuous part of the original
signal.

IV. RESULTS AND DISCUSSIONS

A. On a Simulated Piecewise Smooth Signal

A zero-mean piecewise smooth signal with three discontinu-
ities is simulated, as shown in Fig. 5(a). The sampling rate is
400 Hz, and the sample length is 4000. Fig. 5(b) shows its PSD
distribution. The harmonics of 50 Hz shown in Fig. 3 are added
to the signal, and the corrupted signal is given in Fig. 6. As the
sampling rate is eight times that of the base frequency of the
harmonics, the wavelet packet decomposition depth needs to be
three, according to (12). As the degree of the polynomial fitting
any continuous and smooth part of the signal is less than 4, a
wavelet with a vanishing moment of 4 is adequate. Daubechies
wavelet “db4” has a vanishing moment of 4 and is selected.
The wavelet packet decomposition coefficients of the signal are
shown in Fig. 6(c). The coefficients are also put in series in the
order of frequency with the approximate coefficients at the ex-
treme left-hand side. As the harmonics added here are the same
as that in Fig. 3, the expected level of the baseline in a detail
subband should be in accordance with that in Fig. 3(c).

In order to cancel the harmonic interference, the baseline of
the coefficients in each subband has been estimated. Table I lists
the expected baseline and the estimated baselines and

2Unlike wavelet shrinkage, baseline shift does not affect the transform co-
efficients of the signal details; therefore, it is not as critical in selection of the
wavelet as for the cancellation of white noise. However, it is still recommended
to select a wavelet with a vanishing moment greater than the degree of the poly-
nomial fitting the original signal if the signal has few singularities because too
many details of the signal involved in the detail subbands may degrade the esti-
mation of the baselines.

TABLE II
RELATIVE ERROR OF EACH ESTIMATED BASELINE IN DETAIL

SUBBANDS (IN PERCENT)

Fig. 5. Piecewise smooth signal with three incontinuous points. (a) Original
signal. (b) PSD distribution.

Fig. 6. Signal in Fig. 5 contaminated by harmonics of 50 Hz. (a) Signal
corrupted by harmonics of 50 Hz. (b) PSD distribution. (c) WPD coefficients.

in each detail subband, where stands
for the baseline estimated using all coefficients in the subband,
and stands for the one estimated in the th iteration using
the procedure proposed in this paper. The relative error of the
estimated baseline is defined as

std
(16)
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Fig. 7. Removal of harmonic interference by shifting the baseline of detail
coefficients to zero. (a) Coefficients with baseline shifted to zero. (b) Signal
with harmonics removed. (c) PSD distribution.

where is the relative error of , and std is the standard
deviation of the observed signal . Table II lists the relative error
of each estimated baseline in Table I. From the two tables, it can
be seen that the baseline estimated using all coefficients in a
subband has the largest error. By using the proposed procedure,
the relative error of the estimated baseline is of smaller value
and decreases with the iteration. After four to six iterations, the
relative error approaches very near zero, implying that four to
six iterations are generally enough to get a good enough estimate
of the baseline. In what follows, four iterations will be used.

The coefficients with the baseline shifted back to zero are
displayed in Fig. 7(a). The reconstructed signal and its spec-
trum are shown in Fig. 7(b) and (c), respectively. Comparing
the reconstructed signal with the original in Fig. 5, almost no
visible difference can be found. The SNR of the signal in Fig. 6
is 9.48 dB. After the removal of harmonic interference, the SNR
of the signal is 87.97 dB, which is an improvement of 78.49 dB.

For a direct comparison, a comb filter with notches at 50, 100,
and 150 Hz is used, and the result is shown in Fig. 8. It can be
seen that the original signal components at harmonic frequen-
cies have been significantly attenuated.

In order to evaluate the presented approach in existence of
white noise, a zero-mean white noise is further added to the
signal in addition to the harmonics, as shown in Fig. 9. The
SNR is 7.33 dB. The corresponding PSD is shown in Fig. 9(b).
Fig. 9(c) shows the decomposition coefficients of the signal at
level 3 obtained by using Daubechies wavelet “db4.” The coeffi-
cients in the first detail subband have also been shown in Fig. 4.
The harmonics are removed by shifting the baseline of coeffi-
cients in each subband to zero. The coefficients with baseline
shifted and the reconstructed signal are shown in Fig. 10. The
harmonic interference has been removed without any excessive
attenuation to the original signal at the harmonic frequencies.

Fig. 8. Signal filtered by using a comb filter with notches at 50, 100, and
150 Hz. (a) Filtered signal. (b) PSD distribution.

Fig. 9. Signal corrupted by both harmonics of 50 Hz and zero-mean white
noise. (a) Corrupted signal. (b) PSD distribution. (c) WPD coefficients.

As we are discussing the cancellation of harmonic interference
and if we view the sum of the original signal and the white noise
as the “expected” signal and leave the harmonic interference as
the “noise,” the “SNR” of the signal in Fig. 9, in this partic-
ular sense, is calculated to be 9.57 dB. After the removal of har-
monic interference, the “SNR” of the signal is 45.17 dB, with
an increase of 35.60 dB. If compared with the result obtained
in the case of pure harmonic interference (see Fig. 6), it can be
found that the filtering is degraded when white noise exists. The
degradation mainly stems from the uncertainty of the mean level
of the noisy coefficients , which is inevitable when a white
noise sequence have only a limited number of samples.

B. On a Real Pulsating Signal with Interference of 50 Hz
Harmonics

A real pulsating signal that was acquired by a flame monitor is
shown in Fig. 11. The sampling rate is 2000 Hz, and the sample
length is 4096. In order the mean of the signal not to affect the
baseline of the approximate coefficients, the mean of the signal
has been initially removed. It can be observed from its spectrum
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Fig. 10. Removal of harmonics by baseline shift of the coefficients in
each subband. (a) Coefficients with baseline shifted to zero. (b) Signal with
harmonics removed. (c) PSD distribution.

that the signal is corrupted with harmonics of 50 Hz. To satisfy
(12), a resampling procedure is deployed so that the sampling
rate is changed to 3200 Hz. The length of the sample sequence
is hence increased to 6554. The WPD level is 6. The coeffi-
cients of the wavelet packet decomposition obtained by using
Daubechies wavelet “db5”3 are shown in Fig. 11(c). The coeffi-
cients are also put in series with the approximate coefficients at
the extreme left-hand side.

With the baseline of coefficients in each subband shifted back
to zero, the new coefficients are demonstrated in Fig. 12(a). The
pulsating signal is then reconstructed from the new coefficients
followed by a resampling procedure that changes the sampling
rate back to 2000 Hz. The signal with the harmonic interfer-
ence removed and its spectrum are shown in Fig. 12(b) and (c)
separately. It can be seen that the interference of 50 Hz, and its
harmonics have been removed.

For a comparison purpose, the signal filtered by using a comb
filter with notches at the harmonic frequencies of 50 Hz is shown
in Fig. 13. Excessive attenuation to the signal at these harmonic
frequencies is the obvious drawback.

C. Discussion

Shifting the baseline of coefficients in each subband back to
zero only removes harmonic interference. Surely, the remaining
white noise in the signal can be further cancelled by, for in-
stance, wavelet shrinkage using detail coefficients thresholding
[22], although there are a number of other choices [23]–[25].

Although detail coefficients thresholding can be utilized to
cancel both the harmonics and white noise simultaneously [15],

3It was found that the signal was too irregular to be fitted using a polynomial
with a degree less than 10, implying that a wavelet with a vanishing moment
more than 10 is required. However, the number of coefficients that are affected
by the boundary effect also increases with the vanishing moment of the wavelet.
A large number of boundary coefficients may degrade the estimation of the base-
line when there are only a limited number of coefficients in a detail subband.
Here, we selected “db5” as a tradeoff.

Fig. 11. Pulsating signal corrupted by harmonics of 50 Hz. (a) Signal
corrupted by harmonics of 50 Hz. (b) PSD distribution. (c) WPD coefficients.

Fig. 12. Removal of harmonics by shifting the baselines of the detail
coefficients back to zero. (a) Coefficients with baseline shifted to zero.
(b) Signal with harmonics removed. (c) PSD distribution.

the approach based on baseline shift is more attractive. The har-
monic interference is removed in such a way that no distortion
takes place to any part of the original signal. With the harmonics
removed in advance, a smaller threshold can be selected for
wavelet shrinkage if the detail coefficient thresholding method
is further utilized to cancel the remaining white noise. A smaller
threshold predicates less distortion to the sharp transition details
of the signal.

It should be noted that (12) must be strictly satisfied so that the
transform coefficients of the harmonics are constant in each sub-
band. Therefore, the harmonic frequencies must be known in ad-
vance. If the harmonic frequencies are slowly varying, a regular
estimation of the harmonic frequencies is required. In addition,
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Fig. 13. Removal of harmonics by using a comb filter with notches at
harmonic frequencies of 50 Hz. (a) Signal filtered by using a comb filter.
(b) PSD distribution.

the harmonics may also vary in amplitude with time. Neverthe-
less, as long as the variations of the frequency and amplitude of
the harmonic interference are negligible for a data acquisition
period, the filtering approach is applicable. In most practical
cases, the variations are tolerable for the baseline shift-based
approach to be applied. In cases where the harmonics vary too
fast either in frequency or in amplitude, the filtering approach
based on detail coefficient thresholding [15] may be an alterna-
tive selection, which is immune to any change in amplitude and
frequency of the sinusoidal interference.

As a limitation of the proposed approach, the signal length has
to be increased when the change of the sampling rate is required.

V. CONCLUSION

A distortion-free filtering approach has been presented to re-
move the harmonic interference by shifting the baseline of the
wavelet packet coefficients in each subband to zero. Unlike the
use of the notch and comb filters, the new approach causes no
distortion to the original signal at any harmonic frequency. This
advantage makes the new approach particularly suitable for the
cancellation of harmonic interference that is within the spectrum
of the original signal.

APPENDIX A

In binary orthogonal wavelet packet decomposition, there are
subbands at the decomposition level . As the Nyquist fre-

quency is , the cutoff frequency of the approximate subband
is

(A1)

Inserting (12) into (A1) results in

(A2)
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