OPEN 8ACCESS

International Journal of Soft Computing and Engineering (1JSCE)

I SSN: 2231-2307 (Online), Volume-9 I ssue-6, May 2020

A Virtual Switching Model for Improvemnent of
Call Quality in Integrated Communication System
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Abstract: Poor wvoice quality in VolP models during
communication has been a common occurrence which Vol P
users experience, this can be frustrating when users cannot
communicate efficiently. Most people find it difficult to think
straight when they make calls and thereis an echo. In addition to
this frustration, the caller’s money, time, effort, energy is all
wasted without compensation of any kind. Users are also
frustrated by not receiving, transmitting or misunderstanding
voice messages correctly. Given the need for voice quality in
calls, it is of no importance when there is no proper
communication. This study aims to reduce the threat of bad calls
and improve the quality of voice calls. Nonetheless, we need to
raise the filter duration to a high value in some real telecom’s
environments with long echo delays. But, because of high
computational complexity, it is not efficient in efficiency. In this
study, we suggest a solution that uses a computational formula to
compensate long echo, delay, packet loss, jitter and noise. The
model designed was developed using MATLAB 2019b. This
approach demonstrated productivity in terms of both voice quality
and system speed.
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I.INTRODUCTION

VolP was one of the ways in which the cost of calling over
long distances was reduced, particularly for international
calls. Also, the penetration rate of mobile broadband is
driving the shift to Internet Protocol (IP) services. Phones
have grown to be multidimensional devices that can be used
as other avenues of communicating and not just devices for
receiving and making calls. However, the issue of voice
clarity in communication, when receiving or making calls,
has remained a challenge and a concern to phone users. Call
quality is affected by challenges like echo, jitter, noise,
packet loss and delay[1]. Cal quality can be divided into
three: listening qualities, conversational characteristics and
transmission characteristics. Quality of hearing is related to
quality of sound, conversational quality refers to both
conversation and listening qualities which may include echo
or delay issues that can affect conversation, whereas,
transmission qualities include network connection that is
used to transmit the voice,
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in the area of network service quality. According to [2]
mobile devices have gained 94% penetration in Nigeria
With this high level of penetration, there is the need to solve
the problem of call quality for users to enjoy the utilities
provided by network operators. With increasing
globalization, communication has become a medium of
empowerment because information is power. According to
[2-3] Nigeria’s current population as at Thursday, February
21, is about 199,108,848. Due to this large population in
Nigeria, getting-in-touch with one another will be difficult
using the face to face method, hence the need for mobile
communication. Various social media have been used in
order to accomplish the quest to communicate with one
another. The quality of voice calls over the Internet is
extremely important for customers of integrated
communication technologies, and therefore it is vita to
examine the techniques to enhance it. Coding/Decoding
(Codecs) have been established in literature as the only way
for payload reduction which unfortunately results in the
reduction of voice quality.

II.REVIEW OF RELATED WORKS

[4] reviewed various scholarly articles to have a
comprehensive and concise report on VolP. Their opinions
include the conceptualization of the Next Generation
(NGN), a packet-based network capable of delivering
telecommunication services, athough VolP may make use
of existing structures. The features of service are dependent
on the underlying transport technology and can also make
use of various broadband as well as QoS enabled transport
systems. |P multimedia (IMS) Subsystems are the common
architecture in which NGN operates and works on all
networks using packet switching, whether fixed or wireless.
This paper did not give a precursor in the next generation
network (NGN) before its conclusion and was only
mentioned in vaguely.

[5] researched the effect of the codec and QoS technique
used on speech transmission quality in IP networks. Ten
samples were measured for the various methods of
controlling and preventing congestion. The intervals of
confidence were also caculated by a mathematical
technique. In comparison to high-bit rate codecs, low-bit
rate codecs yielded worse outcomes, however low-bitrates
could be helpful in low bandwidth. In this job, the
techniques were not addressed only the outcomes were
shown graphically. [4-5] The objective of carrying out this
research was to evaluate the voice quality in Long Tern
Evolution (LTE) through the use of various codec mode set.
This study has shown that all mode sets worked in the same
manner under distinct circumstances of track loss.
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It was found that the MOS readings were significantly
different for different mode-sets and that the highest mode-
set experienced the highest call quality. Cal quality was
consistent to a certain point when the device reached the
edge of cell after which a drop in audio quality was
experienced. Despite this, none of the codec mode-sets
showed a distinct advantage over the other. It was also
found that the controlled test and field test showed a marked
difference in Downlink (DL) Path loss greater than 130dBIn
field testing, the locking function of physical cell identity
(PCl) was aso used but this was not recorded during
controlled test, which equals data collection was not very
optimized for the study.

111.3.0 METHODOLOGY
The average time per message in a virtual Switching Circuit
expressed as

A
T=> 7K 2 M

Where M is the amount of network channels,

A :
| thetotal traffic on the It channdls,
y is the cumulative outside network traffic and

I isthe average time per ith channel message
Equation (1) can be reprogrammed as a balanced network

T=nK

where

2

- A
n=>2 3)
i-1 )

In equation (3)n is the average number of storage nodes
reached by a message from its source node. It relies on
routing approach, network topology. A tandem network of n
nodes can be formed for evaluation when recognized. The
threshold value rules formulation of non-noisy channels are
asfollows:

(8 where the service requirement is lower or equal to
the threshold value of an externdly arriving
message

(b) the message is not broken into packets and is passed on
as such to the network. (as shown in Equation (4)

(c) If a service requirement is higher than the threshold
value of the message that arrives externaly, the message
will be segmented in narrower packets with maximum
moment before mobility across the network begins. If an
exponential distribution follows the service times of noisy
channel for the VolP with an average of one message, then
the following relationships can be shown asreal:

p(A)=P[x:x< X, |=1-exp(-uX,,)
p(B)=P[x:x< X, |=exp(-uX,,)

(4)
®)
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Where:

P(A) . N
isthe transmitted voice signal

p(B) . o
isthe received voice signal

X
" jsthe threshold constant
H is the mean packet sent/received

E[N
Thus [ ] = Expected packet number per message
(illustrated in (8) Then

E[N|A]=1 .
(6) no segmentation
Where D is greater than the smallest
X Il E[N
integer 1 P, [ ] 7
I
Where P is the length of the transmitted or received
packet
B)D+ p(B
e g - 2B+ RB)
p(A)
)
For receiving packets, this condition holds
Threshold constant=  length of packets
Xth = I p

Substitute 3.4, 3.5 into 3.8

ep(—4Dl,)+ p(B) |

E[N |B] =
[NTB] l+expul,

(3.8) (Source: Authorswork)

exp[—x](DI, - Xy, )

[1_ exp(—4 p)]

E[N]=E[N|A]P(A)+E[N|B]P(B) ®)

E[N|B]=D+ (8)

Or

exp(—,uDIp)
1- eXp<_IU|p)
9)

E[N]:1+(D—1)exp(—,uXth)+

Now let Y be the length of arandomly selected packet (with

or without segmentation).

Packet length allocation is:
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P(\(<y):[-—li—eﬂiﬂ)—k+}fﬁﬂQ P, 0<
L-exp(-4X,) | * | 1-exp(-u,)
(10)

VB~ e[N] (15)

exp(— , ) —exp(-uy) - {E[N | B]_l} P(B)

1-exp(—pX,) A B E[N] (16)

p(l,<Y<y)=

(11)

p
p(Y=1,)=p, (13)
p(y<X,)=1 (14)

Where the likelihood of a hon-segmented message packet is
that a packet has a continuous length and a possibility its
packet belongs to segments and a distance lower than that of
apacket. The probability is [4]
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Fig 1 ANFIS Expanded System. (Source: AuthorsField work)
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As shown in Fig 1 the ANFIS system which is the
processing box, removes jitter, noise, minimizes delay and
suppresses noise and thereby facilitates sound quality of the
system.

IV.RESULT AND DISCUSSION
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Fig 2 Variation of Echo with Delay

Listeners perceive distinct echoes when the time delay is
relatively long (greater than ~30 milliseconds). When atime
delay is short, listeners do not perceive echoes. Instead, a
single “fused” sound is perceived. This makes it possible to
create other types of effects like: chorus, flanger, phaser,
and spectral filters.
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Fig 3 Effect of Jitter on Delay Minimization
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Fig4 Variation of Packet Losswith Delay Minimization

Packet lossoccurs when one or more packetsof data
travelling across a computer network fail to reach their
destination. Packet lossis either caused by errors in data
transmission, typically across wireless networks, or network
congestion
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Fig5 Variation of Noise Suppression on Delay
Minimization

V.CONCLUSION AND RECOMMENDATION

The result was able to increase packet size as the delay
variation reduces; the value of jitter was able to reduce noise
suppression based on the echo. Better qualities both on
voice quality and system performance was system. The
proposed model focusses only on voice quality and will
serve as an avenue to improve the ingtitutions intranet and
internet communication system Also, the results of this
study can be combined with the coding techniques for future
enhancement of voice quality signals.
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