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Abstract The denoised signal with enhanced quality is utilized for correct analysis
of biomedical signal. In real-time applications, these signals are mostly affected
by distinct types of artefacts. The objective of this research paper is to design
the optimum digital filter for the elimination of noises lies in high- and low-
frequency bands. The proposed methodology is implemented using approximations
and windowing techniques. The results of frequency responses of both the designed
filters are evaluated and compared on the basis of pole–zero plot and gain. It is inter-
preted from the simulated results that the design technique with the help of Kaiser
window results in −61.75 and −56.89 dB for high-frequency and low-frequency
signals, respectively, while assuming shape parameter as 0.5. The proposed design
method can be used in different digital signal processing applications.

Keywords Digital filters · Low-frequency noise · High-frequency noise · Window
technique · Butterworth filter

1 Introduction

Signal processing is performed inmost of the systems for biosignal interpretation and
analysis [1]. Nowadays, biomedical signal processing has been close towards objec-
tive or the quantitative analysis of physiological systems and phenomena through
signal evaluation [2]. These signals contain valuable clinical information in real
time which is hampered by different noises such as electrode contact noise, instru-
mental noise, baseline noise,motion artefacts, power line interference and electrosur-
gical noise [3]. Different types of digital filters are used for the removal of artefacts
from signal components. It is very tedious to reduce random noises having fixed
coefficients.

S. Srivastava · S. Jain (B)
JUIT, Solan, Himachal Pradesh, India
e-mail: jain.shruti15@gmail.com

© The Editor(s) (if applicable) and The Author(s), under exclusive
license to Springer Nature Singapore Pte Ltd. 2021
N. Marriwala et al. (eds.), Mobile Radio Communications and 5G Networks,
Lecture Notes in Networks and Systems 140,
https://doi.org/10.1007/978-981-15-7130-5_30

389

http://crossmark.crossref.org/dialog/?doi=10.1007/978-981-15-7130-5_30&domain=pdf
mailto:jain.shruti15@gmail.com
https://doi.org/10.1007/978-981-15-7130-5_30


390 S. Srivastava and S. Jain

The situationswhich includemotion of the patient (runningorwalking), breathing,
interplay among the electrodes pores and skin are the reasons of occurrence of low-
frequency noises/baseline wandering [4]. The signal gets drifted with a high degree
from baseline and is known as baseline wander. The presence of muscle noise is
due to high-frequency noise/electromyography (EMG) noise that represents a fast
rate trouble in most of the applications, particularly in recordings acquired during
exercise, for the reason that low amplitude waveforms may turn out to be absolutely
obscured. EMG noise occurs due to the shrinkage of muscles other than the cardiac
muscular tissues [3, 4]. The degree of crosstalk is always in proportion to the amount
of muscular contraction that takes place either due to the probe quality or movement.
The frequency of the EMG noise lies in between 100 and 500 Hz or further taken to
the higher frequencies. Muscle noise, baseline wander and 50/60 Hz noise are not
always removed by using narrowband filtering. This affords a much extra filtering
trouble because of the spectral content of muscle activity.

To remove the artefacts from the biomedical signals, different techniques were
proposed in the last twenty years. To get the important data which is present in a
specific frequency range, digital filters may be used [5]. In general, these techniques
can be categorized into adaptive and non-adaptive filtering [6]. The non-adaptive
filtering consists of infinite impulse response (IIR) filter, finite impulse response
(FIR) filter and the notch filter. The FIR filters are considered for removing the noise
and spectral effectively from the biomedical signal.AnFIRfilter includesmultipliers,
delays and adders to get the output [7–9]. As the order of the filter increases, there
is an increase in the execution time and complexity. Theoretical and experimental
results using the windowing technique are almost similar due to the availability of a
well-structured equation [10].

In this paper, authors have studied distinct research papers on specific filtering
strategies [11]. Alarcon et al. implemented algorithms for high-pass and low-pass
three-pole recursive Butterworth filters at particular cut-off frequency [12]. Gaikwad
and Chavan suggested that digital IIR filtering approach is best suited for the removal
of high-frequency noise from ECG Signal [13]. Rahman et al. [14] remove the
baseline wandering by using the wandering path finding algorithm. Authors in [15]
worked on FPGA-based FIR low-pass filter for the removal of EMG noise from elec-
trocardiogram. Authors in [16] discussed the various noises present in biomedical
signals and different techniques to remove these noises.

The main utility of a filter is to discard unnecessary signal components [17, 18],
like baseline wander noise or EMG noise. The main aim of this research work is
to design an optimum digital filter for removal of noises lies in high- and low-
frequency bands. For the smoother transitions, better gain and ability to control the
ripple content, authors have implemented different digital filters using LabVIEW.
The main requirement of this method is to maintain physiological characteristics
after denoising. Gain (in dB) is calculated for different digital filters. The pole–zero
plot and frequency responses of both the filters were also analysed.

The rest of the paper is structured as follows: Sect. 2 explains the methodology
segment, Sect. 3 explains the results and discussion which are followed by the
conclusion and future scope in Sect. 4.
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2 Methodology

Various types of filters are categorized primarily based on signal processing, elements
type, construction filters, impulse response and frequency range. The transfer func-
tion for a time-invariant, linear digital filter known as the recursive filter can be
expressed in z- domain and is represented by Eq. (1).

H(z) = B(z)

A(z)
= b0 + b1z−1 + b2z−2 + . . . bN z−N

1 + a1z−1 + a2z−2 + . . . aMz−N
(1)

where a0, a1, . . . an and b0, b1, . . . bn are filter coefficients. If the denominator in
Eq. (1) is made equal to unity (no feedback), then the filter will act as an FIR filter
[6]. The impulse response is a measurement of how a filter will respond to the delta
function and is expressed by Eq. (2).

δi j =
{
1 i = j

0 i �= j
(2)

Window functions are a category of time-domain functions.Gibb’s oscillations are
decreased by using a suitable window function [1, 2]. Window functions [w(nTs)]
are used to restrict the impulse response [h(nTs)] with certain value. H(z) is the
z transform of [h(nTs)] expressed by Eq. (3), W (z) is the z transform of w(nTs)
expressed by Eq. (4), and Hw(z) is the z transform of [w(nTs)h(nTs)] expressed by
Eq. (5).

H(z) =
∞∑

n =−∞
h(n Ts) z

−n (3)

W (z) =
∞∑

n =−∞
w(n Ts) z

−n (4)

Hw(z) =
∞∑

n = −∞
[w(n Ts). h(n Ts)] z

−n (5)

Different filtering approaches are implemented for denoising of the different
noises from biomedical signals. Initial step is the identification of noises present
in the signal followed by the selection of the filter. Selection of optimal filter is a
challenging task as in literature there are two types of filter IIR and FIR, and both
have its benefits and downsides. In this paper, authors have stressed on FIR filter
using windowing technique and IIR using approximate filter. When a digital FIR
filter is designed using window techniques, it is essential to specify window function
and the order of the filter as shown in Fig. 1. Gain (in dB) is calculated for different



392 S. Srivastava and S. Jain

Fig. 1 Filter design steps

digital filters. The pole–zero plot and frequency responses of both filters were also
analysed.

The fallacious electrodes placing, patient’s motion and respiration (breathing) are
the foremost reason of baseline wandering. The baseline signal is a low-frequency
signal, with a cut-off frequency of 0.5 Hz FIR high-pass zero phase filters is used for
the removal of the low-frequency noise from the biomedical signal [4–6]. Likewise
for the removal of the high-frequency signal, low-pass filter with cut-off frequency
of 100 Hz is designed.
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3 Results and Discussion

There are some random noises such as high-frequency and low-frequency noises
present in the biomedical signal. To remove these noises, optimum digital filters were
designed usingFIR and IIRfiltering techniques. FIR and IIRfilters are designed using
different windowing techniques and approximate techniques, respectively. All the
simulation was carried out in Intel 2.4 GHz, 64-bit operating system using LabVIEW
and MATLAB software.

Removal of low-frequency noises: The high-pass FIR and IIR filter with cut-off
frequency 0.5 Hz are designed (as shown in Fig. 2) to eliminate the low-frequency
noises; this helps in removing the signal component of frequency beyond 0.5 Hz.

Table 1 tabulates the effect of order on gain using Butterworth approximate
filtering (for IIR).

The gain of−36.53 dB is evaluated for the designed filter of order 2. It is observed
that there is a sharp transition from stopband to passband. The pole–zero plot of the
designed filter is also studied which is shown in Fig. 3.

The pole and zero both lie on the unit circle (as shown in Fig. 3) that signifies
the filter is stable but the impulse response is infinite (as shown in Fig. 4) which is
difficult to handle.

To overcome the problem of infinite response of IIR filter, FIR filters using
different windows, namely Kaiser, Hamming, Hanning, Blackman, Rectangular and
Gaussian are considered [6, 18]. Among various filters, Kaiser window shows the
remarkable results. Kaiser window function is expressed by Eq. (6).

Fig. 2 Implementation of digital filter using LabVIEW

Table 1 Effect of order on
gain for Butterworth HPF

Order Gain (dB)

1 −18.33

2 −36.53
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Fig. 3 Pole–zero plot of Butterworth high-pass filter of order 2

Fig. 4 Impulse response of Butterworth high-pass filter

Wk (n Ts) =

⎧⎪⎨
⎪⎩

Fo (β)

Fo (α)
−

(
N − 1

2

)
≤ n ≤

(
N − 1

2

)
0 otherwise

(6)

where F0(β) and F0(α) are the zeroth-order Bessel function of the first kind which
is expressed by Eqs. (7) and (8), respectively. In Eqs, ∠k represents factorial of k.

Fo (β) = 1 +
∞∑

k = 1

[
1

∠k

(
β

2

)k
]2

(7)

Fo (α) = 1 +
∞∑

k = 1

[
1

∠k

(α

2

)k
]2

(8)

α is an independent parameter, and β is a dependent parameter which depends
upon α and is expressed by Eq. (9).

β = α

√
1 −

(
2 n

N − 1

)
(9)
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The ripples found in the window can be removed by varying the shape parameter
(β). The effect of β on Kaiser window is tabulated in Table 2.

The effect of odd and even order of filters using windowing technique (for FIR) on
gain has been studied, and the results are tabulated in Tables 3 and 4, respectively. If
the number of taps is odd, then the delay of the filter is an integer number of samples,
which is desirable for some applications while if the number is even, then it leads to
half-sample delay.

From Table 4, it is interpreted that for odd number order, the gain value decreases,
but the transition is sharper for a higher-order filter which is desirable for some
applications. From the results, it is interpreted that for linear phase FIR filter, the
order of the filter should be odd. Figures 5 and 6 represent the impulse response and
pole–zero plot of FIR high-pass filter, respectively, of order 11. It is interpreted that
if the length of the impulse response is even, anti-symmetric and has zero at z = 1,
it represents that the filter is of Type 4 and is best suited for the high-pass filtering.

From all the simulated results, it is analysed that Kaiser window (shown in Fig. 7)
yields better results in comparison with other methods because of its sharp transition
and better gain value.

The main reason for analysing any filter using windowing technique is its
simplicity of design, and the design method is very well understood with basic DSP
knowledge.

Removal of EMG/high-frequency noises:The low-pass IIR and FIR filter with cut-
off frequency 100 Hz are designed and simulated. For the Butterworth IIR filter of

Table 2 Effect of β on
Kaiser window HPF

β Gain (dB)

0.5 −2.98

1 −2.79

2 −2.33

3 −1.97

4 −1.72

5 −1.539

6 −1.4

Table 3 Effect of even order
on gain for HPF Kaiser
window

Order Gain (dB)

50 −0.45

100 −0.894

150 −1.39

200 −1.88

250 −2.409

300 −2.98
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Table 4 Effect of odd order
on gain for HPF Kaiser
window

Order Gain (dB)

11 −56.89

51 −44.13

101 −38.31

201 −32.48

251 −30.64

301 −29.16

Fig. 5 Impulse response of FIR HPF of order 11

Fig. 6 Pole–zero plot of FIR HPF of order 11

Fig. 7 FIR Filter design at 0.5 Hz using Kaiser window
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order 2, it is interpreted that the frequency response is not good because the transition
is very poor as shown in Fig. 8.

The pole–zero plot of the filter is also studied as shown in Fig. 9 which illustrates
that the pole and zero both lie inside the unit circle that signifies the filter is stable
but the impulse response is infinite which is difficult to handle. To overcome this
problem, FIR filters using different window techniques are realized, and the results
are tabulated in Table 5.

The choice of the window depends on the requirement like characteristics of
noise, region of transition and the number of coefficients required. For the different
windows, the Blackman windowing technique delivers significant results but have
some limitations like large passband width (frequency of 135 Hz), while for the

Fig. 8 Frequency response of Butterworth low-pass filter

Fig. 9 Pole–zero plot of Butterworth low-pass filter of order 2

Table 5 Effect of gain on
different window using LPF

Window Gain (dB)

Hamming −80

Hanning −79.59

Kaiser −61.75

Blackman −108.21

Rectangular −60.28
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Fig. 10 Frequency response of low-pass FIR filter using Kaiser window

Kaiser window it is observed that the passband width possesses better gain as shown
in Fig. 10.

From the frequency response of low-pass Kaiser window filter, it is observed that
the gain is more in comparison with other window method as no ripples are found
in the passband.

4 Conclusion

In this paper, optimum digital filtering techniques are designed to eliminate different
noises that are propagating in the biomedical signal. This research paper carried out
the analysis of various filtering methods and simulating in LabVIEW andMATLAB.
For IIR Butterworth HPF of order 2, the gain of−36.53 dB is evaluated which shows
a sharp transition but the main problem associated with the IIR filtering is its infinite
impulse response nature. To overcome this problem, the FIR filter is designed. It
is observed that on increasing the order of the filter from 50 to 300, the gain value
changes from−0.45 to−2.98 dB. For order eleven, FIR high-pass filter, the value of
gain is around −56.89 dB. The low-pass FIR filters are designed for the removal of
high-frequency noises that results in −61.75 dB of gain. It is analysed that the FIR
filters are best suited for the removal of noises from any biomedical signals because
of its finite impulse response and no recursion which is mainly found in the IIR
filtering. The Kaiser window is best suited with the appropriate value of β for the
removal of different noises because of its better magnitude value and sharp transition
from passband to stopband. In future, authors will try to filter the biomedical signals
with the help of field-programmable gate array (FPGA).
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