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This research article pens down to measurement of noise using mathematical expressions
for its reduction using digital filter and its information analysis in next generation wireless
networks. A noise-corrupted signal in higher frequency ranges is subjected to a digital
filter with its characteristics to eliminate the noisy counterpart signal and transmit the
signal into a wireless channel in 5G systems. Digital filter design using input-output
difference equation is derived and its graphical results from matrix laboratory simulation
platform is presented for analysis where research challenges are significant. The recovered
information signal is modulated using digital modulation technique of binary phase shift
keying (BPSK) and its error rate analysis is depicted. From the simulation results further

extension could be done for next generation wireless networks for the upcoming 6G

systems.

1. INTRODUCTION

Measurement is vital in the field of electronics engineering
and its applications are essential for developing products
globally as that of next generation wireless networks.
Developments in the field of next generation wireless
networks [1] are marching at a faster pace where information
signals are in the form of audio signals, video signals and
digital data to cater to various multimedia applications. Audio
signal with a bandwidth [2] range of the order of 3 to 3.4 kHz
requires optimization in next generation wireless networks and
other parameters such as power and data content which are
vital for digital data pave a role for next generation wireless
networks moving towards millimeter wave concepts [3]. Next
generation wireless networks [4] can be projected by mobility
models [4] and to assess its metrics for evaluation such as
probability of error where the data signal has to be free from
noise which is a research challenge, so that information
analysis can be done significantly. For such next generation
wireless networks, measurement of noise and its reduction for
information signal transmission and reception is vital and
signal processing techniques such as filtering are needed since
an information signal gets corrupted by noise. Filtering of
information signal in digital form is done by digital filtering
from fundamental prospects such as finite impulse response
(FIR) filter or infinite impulse response (IIR) filter based on
its impulse response. FIR filters are considered to be more
stable and easily designed by window method [5] and IIR
filters [6] have a feedback due to the presence of poles.
Moreover, IIR filters require only minimal filter coefficients
and lesser memory aspects. Further, they are employed for
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filtering applications irrespective of multimedia signals for
processing in present-day 5G systems and forth coming 6G
systems.

Noise reduction in speech signal can be done by using
Kalman filter [7] which uses concepts of Bayesian state space
and prior probability distributions for signal and zero mean
Gaussian noise processes. By weighing neighbor pixel
locations, a median filter which is distance weighted [8] can
reduce noise by estimating local density of noise. Similarly, a
Wiener filter [9] having multiple channels can be used for
noise reduction and also to enhance the quality of speech
signal and also via a median filter for obtaining noise reduced
digital images [10]. Noise Reduction of weak current signals
by using several methods is presented in the research work
which is significant [11]. Also research work [12] proposes a
lower complexity recursive algorithm for computing filter
weights in a data signal employed in a linear filter and it
provides satisfactory performance for noise reduction. Noise
corrupted speech signal when subjected to wavelet threshold
noise reduction method provides quantitative improvement in
terms of error and recovers the speech signal effectively [13].
Filters realized in the form of algorithms such as Kalman
filtering algorithms, recursive least squares can be used to
reduce noise in displacement sensing signal as proposed in the
research [14]. A hybrid filter such as combination of bandpass
filter and Wiener filter can reduce noise in a speech signal and
provide an improvement in signal to noise ratio (SNR) [15].
Noise reduction performance in terms of mean square error
(MSE) is obtained using a Wiener filter [16] and also used for
enhancement in speech signal where it is distorted in noise. In
the literature [17], a moving average filter provides effective
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filtering for a noise-affected signal without increasing
consumption in power and complexity in contrast to its simple
operation standards. In this work measurement of noise and its
reduction is done using digital filter with minimal filter
coefficients which can contribute to research domain of
wireless networks where its information signal analysis is
done using binary phase shift keying (BPSK) digital
modulation technique.

2. MEASUREMENT OF NOISE AND ITS REDUCTION
USING DIGITAL FILTER

In order to measure noise and its reduction, considering the
scenario in next generation wireless networks where an
information carrying signal d(n) experiences a random noise
signal w(n) having statistics of Gaussian distribution zero
mean and unit variance, the noise corrupted information signal
p(n) is given as

p(n) = d(n) +w(n) (M
where, d(n) = cos (2nfn), f =0.5pi rad/sec is the digital
frequency which is the ratio of the analog frequency f,, =1 GHz
to the sampling frequency f;=2 GHz for various instants
n=0,1,2,...,N-1, and it is further represented as

p(n) = cos(2nfn) + w(n) 2)
The desired information signal which is transmitted is given

in Figure 1, is presented for n comprising of 400 samples and
its corresponding amplitude shows the signal of interest.
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Figure 3. Received noisy signal

The noise signal is graphically represented as in Figure 2,
where it is additive white Gaussian noise with mean zero and
variance 1 for similar 400 samples.

When a noise signal corrupts an information bearing signal
the received noisy signal is shown as in Figure 3.

From the received noisy signal, as given in Figure 3, the
information signal needs to be extracted by using a digital
filter with its transfer function H(z) needs to be derived. The
digital filter considers the noise corrupted signal as its input
p(n) and its impulse response is /(n). Correspondingly in the z
domain, it is corrupted information signal P(Z), H(Z) and the
output signal F(Z). The digital filter can be a resonator filter
with poles a; and a, resembling that of an infinite impulse
response (IIR) filter in the denominator and the numerator
N(Z) with a constant M. The input output difference equation
for obtaining the filter coefficients is given as

fM+af(n=1 +af(n—-2) =p(m)M 3)
Further the output signal f{n) is
f) =pmM —a;f(n—1) —ayf(n—2) 4)
Further proceeding it is given as
F(Z) = P(Z)M — ay 2" F (2) — a,z %F (Z) (5)
F(Z) + a,z"YF(Z) + a,z~2F(Z) = P(2)M (6)
F)[ + a,z™t + a,z72] = P(D)M 7
F(2) M
PZ) [1+aiz '+ ayz-2] ®)
The digital filter for noise reduction is given as
H2 =2 - . ©)

P(Z) [1+ a;z71 + a,z72]

where, a; and a; are the filter pole values since it is an infinite
impulse response filter (IIR) which has feedback. The values
of a1 and a, need to be determined and they are given as [18]
a1=-2Rcosfp and a,=R?. The pole magnitude of the filter ranges
between 0 < R < [. Similarly the value of gain factor can be

found out from M = (1 — R),/(1 — 2R cos (2f,) + R?. From

the above representations, the filter pole values are found to be
-1.8831 and 0.9801 based on the calculations for IIR digital




filters and the constant M, which is the gain parameter is
0.0061502. Also, on the other hand, if the filter happens to be
a finite impulse response (FIR) filter, it has the presence of
zeros in the numerator and the noise reduction digital filter
transfer function is

H(Z)= M(1+byz 7 +by272) (10)

z

with its zeros b1=-2rcosfy and by=r*; whereas the value of r is
0<r<1.
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Figure 4. Filtered signal using digital filter

Figure 4 shows the noise-removed signal at the output of the
digital filter where the amplitude gradually increases as the
number of samples increases. This is due to the presence of
poles of the filter which leads to region of convergence in the
unit circle so that the digital filter can produce output. The time
domain impulse response of the digital filter for the filtered
signal [18] can be obtained using partial fraction process and
it is:

h(l) =

M
cosfnR cos(fl+ fHHu() (11)
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Figure 5. Impulse response of digital filter for noise reduction

Figure 5 shows the impulse response of the digital filter for
noise reduction relating to information for transmission. The
time domain filter for observed samples is initially at higher
amplitude values and as the number of samples increases, it
gradually reduces which can be significant for noise reduction
and obtaining the transmitted signal data. Figure 6 shows the
frequency response of distorting noise following Gaussian
distribution. As the number of samples increases the amplitude

values decreases and the noise signal is filtered significantly
to obtain the desired information signal. The digital filter can
be realized through a structural arrangement as given in Figure
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Figure 6. Frequency response and phase response of noise
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Figure 7. Digital filter structure for noise reduction structure

The Noise Reduction Ratio (NRR) of the digital filter
provides the possible noise reduction which can be achieved
by using the noise removal digital filter which is considered
and it is measured using the impulse response 4(7).

2 [oe]
Of

NRR =L = Z (12)
p =0

Using the value of R, and the considered pole values, gain
as per (9), the NRR value can be found on expansion of (12).

NRR = h2+h2 + h% + h2 + -+ hZ, (13)
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Figure 8. Frequency response and phase response of noise
reduction filter



Substituting the values of impulse response coefficients
obtained from the digital filter the NRR value as per MATLAB
simulation reaches 0.02. Whenever NRR [18] value is less than
one, input noise gets attenuated by the considered digital filter.

Figure 8 shows the frequency response in radians/sample
for the considered digital filter and its phase values in degrees.
For the designed frequency of / GHz expressed in radians per
sample and the phase value in degrees it is also represented for
the digital filter which is taken into consideration for noise
reduction.

3. SIGNAL ANALYSIS IN NEXT GENERATION
WIRELESS COMMUNICATION SYSTEM

The filtered information signal is mapped using a digital
modulation scheme depending on the positive and negative
amplitude values obtained after noise removal. A noise-
corrupted signal is recovered through a digital filter and it is
further detected when it passed through a wireless channel. It
can be detected at the receiver in next generation wireless
networks. The next generation wireless system can be
mathematically represented as

Triterea(D) = ds(1) hyaq (D) +v(D) (14)
where, d¢(1) is the binary phase shift keying (BPSK) digital
modulation scheme which transmits binary 1s and Os using
phase shifts of 0 and 180 degrees where each digital data signal
is a symbol for transmission and detection. BPSK uses only a
single bit for a symbol so as the data rate also depends on the
considered bit symbol. Further variants of BPSK such as 4-
PSK which is also quadrature phase shift keying (QPSK)
which has two bits per symbol with four different phase
values. The recovered digital signal filter positive values are
mapped to +1 and negative values of the digital signal filter
are mapped to -1. As per BPSK scheme of digital modulation
+1 represents binary 1 and -1 represents binary 0 which forms
a possibility to map the filtered data as digital data for
transmission in next generation wireless network at the
baseband level.

Also, the fading channel represented as hrqq(l) is the
fading channel coefficients experiencing flat fading or
frequency selective fading and v(l) is the receiver noise
following Gaussian distribution. Flat fading channel has lesser
signal bandwidth and large channel bandwidth, whereas
frequency selective fading channel is its vice versa.

The flat fading channel following Rayleigh distribution can
be given as

haa(D) =%X0q Dexp®® (15)

The probability density function (PDF) for the channel
condition h4q considering a particular time instant, the noise
removed signal with digital data is

2
_hrad
202

h
p(hyad) =25 (16)

The probability density function (PDF) of receiver noise
follows Gaussian distribution given by
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_<(l—ﬂzl)2>
exp \ 9
2naf

v(l) = (17)

where mean y; and variance ;2. For a complex valued signal,
the variance is given as the noise power where the real part is
0.5 and the imaginary part is 0.5 so that noise power/variance
reaches towards unity where it resembles an additive white
Gaussian noise (AWGN) channel. Similarly, for frequency
selective fading channel obtained using a power delay profile
(PDP) which has a signal bandwidth greater than the channel
bandwidth, the channel impulse response is

hfad L) =
N-1
i2 o (18)
%fqar (L, D)exp?™ kD (T — 14 (1)
k=0

Further, flat fading time varying channel has signal duration
to change for a particular time instant depending on the speed
of which the transmission signal changes with doppler shift for
a particular velocity. The doppler shift is considered to be
relative movement between the transmission terminal and the
reception terminal which can be a mobile terminal or a base-
station representing signals for uplink and downlink
conditions. A shift in frequency gets added with the carrier
frequency when positive doppler is observed and gets reduced
when the doppler is negative. Based on this detection metric
the next generation wireless network can be assessed for its
probability of error. The probability of error of next generation
wireless network is given by graphical analysis after
measurement of noise and its reduction through the digital
filter. Table 1 gives the considered parameters for simulation
in matrix laboratory.

Table 1. Simulation data and its simulation values

Simulation Values
1 GigaHertz(GHz)
2 GigaHertz(GHz)
0.5pi rad/sec
Digital IIR filter
AWGN channel, Flat fading,

Simulation Data
Analog Signal
Sampling Signal
Digital Frequency
Noise Reduction Filter

Fading Channel Frequency Selective Fading, Time
Varying Channel
Signal to Noise Ratio 0to30dB
Probability of Error 10" to 1073
10°; - ; ;
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Figure 9. Probability of error analysis against signal to noise
ratio



Figure 9 graphically demonstrates the filtered signal
probability of error in various multipath fading channels. The
additive white Gaussian noise channel is not a physical
channel and it only represents the noise due to movement of
electrons in the receiver. To obtain a probability of error of 70
2 flat fading channel takes 13 dB, whereas a frequency
selective fading channel specified by a power delay profile
takes 12 dB and time varying channel takes beyond 15 dB for
each and every time instant. This is because of the time varying
nature of the channel which is highly degrading due to changes
in symbol parameters based on the impulse response of the
channel coefficients.

Impulse Response

|—e Time Varying Channel
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Figure 10. Impulse response of time time-varying channel

Figure 10 shows the impulse response of the time-varying
channel with a velocity of 10 km/hr observed for 400 samples.
This sort of channel categorizes itself in fast fading statistics
in which the impulse response coefficients changes in a
particular data signal duration for a symbol possibly
comprising of single bit in respect of BPSK. However, the
channel conditions will also tend to change when the doppler
shift changes with respect to velocity in which the transmitter
terminal exhibits mobility in comparison the receiver terminal
probably a base station in next generation wireless network.
Hence information signal detection needs data denoising [19]
or noise suppression [20] which can contribute towards noise
reduction, from a data signal perspective for wireless
networks.

4. CONCLUSIONS

This research work concludes with analysis that noise can
be measured graphically for various samples and can be
eliminated to significant extent where it is used for signal
transmission and reception in next generation wireless
communication systems. The designed digital IIR filter can
provide stable response depending on the poles selection
within the range of operation. Measurable noise as well as
noise removed signals can be employed for upcoming
electronic systems where many products are being introduced
for societal applications relevant to next generation wireless
networks for intended 6G systems. As a future work more
research findings can be explored for next generation wireless
networks taking into consideration of noise reduction
techniques employed at a system level.
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