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Abstract
The Quality of Service (QoS) in real time communication services is the very
essential because the number of internet users are increased recent years. The
data transfer through the network much more increases in amount of data and
traffic simultaneously. Future generation Real Time Communication (RTC)
systems will require more flexibility and ability to react and change their
performance at runtime. To develop the communication network the main
concepts such as improve the routing algorithm, provide better switching
techniques and the congestion control in the network are the most important
things in the performance based on the requirements. To overcome this
problem certain level of Quality of Service (QoS) support is essential for Real
time data. This paper evaluated the performances measures such as delay
variation, packet drops for different types traffic which means voice, video
and data in their movement in a congested networks for conventional IP
network. The simulating tool OPNET modeler is used to simulate the
behavior and performance of the network and illustrate the benefits of real
time data transfer.
Keywords: Real Time Communication (RTC), delay, Jitter, packet loss,
Quality of Service (QoS), Performance Analysis.
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1. INTRODUCTION
Real-time Communication (RTC) services need some quality requirements in order to
effectively run an application. as the name implies, has timing constraints. Because of
their real-time nature, voice and video streaming typically have bandwidth, delay and
loss requirements. If the data do not reached in their destination in the estimated time
the play back process may be affect and the end user affecting also the process is not
complete successful. In Real-time traffic describes the real time data it will be useful
to transmitted only within estimated time or small delay [1]. Both reliability and
network performance have been affected by different network resources and
mechanisms used to forward data from senders to receivers. Such traffic often does
not benefit from retransmissions of lost packets since they would arrive too late.
Examples of applications that generate real-time traffic are voice over IP, video
conferences, and generally any application that requires small end-to-end delay. The
internet may not provide better to the time constraints required by such real-time
applications. It is the most important to developing an Internet that can contain realtime applications.
2. QUALITY OF SERVICE IN REAL TIME DATA TRANSFER
In real time communications delivering data to the end user within a stipulated time is
most essential through the network is very complex. It require timely delivery of data
often can tolerate some packet loss to achieve this goal. Some data like email, FTP,
telnet, HTTP transmitted and received with small delay there is no problem for the
receivers. But the real time data voice, video signal is transmitted within small delay
then only it is useful for the receivers, otherwise they received too late the receiver
does not benefited [2]. For example, the packet loss in voice application may result
in loss of a fraction of a second of voice data, which can be made without any
noticed. To ensure that voice packets are not delayed or loss reduce this issues in real
time data transfer over the network Quality of Service is the very important
requirement.

Fig.(1). Network on chip architecture
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A Network on Chip consist of IP core, Network Interface(NI), Router (R). Every IP
cores is connected to the network interface to router. So these devices are
communicate information from one to another. Data packets are transferred from
source to destination, decision made by each router. Real-time data which is voice,
video to deliver the receiver to give guarantee within the stipulated time period as
deadlines. Real-time responses are frequently understood to be in the order of
milliseconds, and sometimes microseconds. A system not specified as operating in
real time cannot usually guarantee a response within any time constraints,
although actual or expected response times may be given. Real Time Applications
(RTA) the data packets such as voice and video to transfer from source to destination
through the network in run time. The video conferencing and the Internet phone or
Voice over IP are examples of RTA. Jitter is introduced in real-time data by the delay
between packets. To prevent jitter, we can timestamp the packets and separate the
arrival time from the playback time. A playback buffer is required for real-time
traffic. A sequence number on each packet is required for real-time traffic.
A real-time system has been described as one which controls an network environment
by receiving the data, processing them, to deliver the sufficient data promptly to affect
the environment during the period. The term real-time is also used in simulation to
mean that the simulation's clock runs at the same speed as a real clock, and in
process and enterprise systems to mean without significant delay. Real-time software
may use one or more of the following synchronous programming languages, real-time
operating systems, and real-time networks, each of which provide essential
frameworks on which to build a real-time software application.
3. RELATED WORK:
So many research work has addressed the issue of making real-time embedded
systems more predictable and flexible. The aim of the work is to reduce the data
travel time, delay and jitter which affects the transmission of voice quality
and voice data. The Quality of Service performance evaluation in terms of real-time
data such as voice and video in the network based on simulation approaches. For
evaluating this we use OPNET Modeler. During real time data transmissions the
major issue of finding a suitable path becomes more complicated due to the
necessity of the complete system by the instantiation of a new application that has
to met its own end-to-end requirements [3].
3.1. Algorithm:
R - Router
Dp - Data Packet
Sn - Source Node
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Dn -Destination Node
Er - energy
Tr - Traffic
Step:1

Source Node send messages to Destination node
Sn sends to Dn
Node check on network

Step:2

If (status = S)
Check Router on network
S available free space
Sn move data packet to R
follow R - Dn

Step:3

If (N = Tr)
Neighboring node list to Router
else if

Step:4

Check Dn return to Sn

Step:5

Er = N
Neighboring node n

Step:6

Check R status
Sn transmit to Dn
else

Step:7

Data packet dropped (not send to destination)
L = loss
Dn sends return to Sn

Step:8

Er ≠ N (Low performance)
no energy to nodes
Er = N high level energy on network

Step:9

Better Performance on network
Sn
Dn
Stop
End
End
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3.2 OPNET Modeler:
OPNET is very large and powerful software with many possibilities. It is a high level
event based network level simulation tool. It consist of high level user interface
which is developed from C and C++ source code. It enables to simulate entire
communication network with different protocol for performance analysis. The
simulation process we use this tool is very flexible when compare to other simulation
tools. The various parameters of the largest network, large number of devices and
traffic flows is very difficult to change small modification. To avoiding such issues
we use this tool if needs any modification required the user to easily modify and
implement any small modifications is possible.
4. PERFORMANCE ANALYSIS
The performance evaluation of delay and jitter based on simulation approaches.
The evaluating simulation tool reads the necessary information related to data
transmission as well as injecting time from the source node and receiving time
from the destination node [4]. Thus the performance evaluating tool can easily
analyze and calculating delay and jitter of each data packet of the network.
Table.(1)
Features

Description

Topology

Mesh

Routing Algorithm

Deterministic, Adaptive

Traffic pattern

Uniform

Packet size

1 to 256 flits

Operating system

Windows 7

Hardware

Dell computer 3.4 GHz, Intel processor, 8GB RAM

HDL

SystemC 2.2.0

4.1. Delay and Jitter calculation:
Delay refers the time taken for a packet to be transmitted across a network from
source to destination. Delay needs to be controlled in order to maintain Quality of
Service in which case packets from source to destination should be monitored for
delay variation from source to destination. Therefore the delay for each
transmission was must be monitored in the case of the simulation. The various
delays such as processing delay (dproc), transmission delay(dtrans), propagation
delay(dprop) and Queuing delay dqueue). The calculation of the average delay (D) is
the sum of all delays (ds), divided by the total number of measurements (N).
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𝑑𝑠⁄
𝐷 = ∑𝑁
𝑖=1
𝑁

(1)

where ds = dproc+dtrans+ dprop+dqueue
Jitter refers to a delay in receiving a voice data packet. This delay affects the
transmission of voice quality and voice data. Voice data packets must be arrive at
regular intervals. During the transmission of voice data packets the degree of
fluctuation in data transmissions which can be caused by too much traffic on the
network. Transmitted signals are normally affected by jitter which is defined as
the deviation of a timing event of a signal from its intended occurrence in time.
Jitter measures the variability of delay of packets in given stream, which is an
important property for real time applications. The jitter accumulation at the
various nodes along a transmission path has a drastic effect on the links or
switches further down and will affect the QoS. The delay and jitter in a packet
based communications network can be attributed to a number of sources.
The delay and delay variation is evaluated accurately by knowing exactly the
time of transmission from the source and receiving at the destination. When the
exact delay of a packet is known the jitter can be calculated. Therefore the jitter
(J) which represents the variation in delay at the source and destination can be
expressed as

1

2
𝐽 = √𝑁−1 ∑𝑁
𝑖=1(𝑑𝑠 − 𝐷)

(2)
(2)

5. SIMULATION RESULTS
In this work during transmission to measure the Quality of Service parameters
such as voice delay (sec), voice jitter (sec), voice traffic sends and voice traffic
received (packet / sec) and the necessary information related to the transmitted
data packet and injecting time and receiving time. Therefore the simulating tool
can easily analyze and measure the delay and jitter of each data packet of the
network. The end to end delay of voice data and video traffic are shown in
Fig.(2). The delay variation of voice and video traffics are shown in Fig.(3).
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Fig.(4) Packet Loss characteristics
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6. CONCLUSION:

For communication systems that implement voice and video signals to work properly,
the Quality of Service must be as large as possible while the delay, jitter and packet
loss based on the simulation results should be minimized. when the network traffic
increases, shortest path from source node to destination node is heavily congested and
lead to loss of transmission data. In this paper the performance of real time data
transmission evaluated through the simulation approaches by using opnet modeler and
obtained better performance when compare to the previous approaches. There are
various important quality of service parameters can be allows to simplify using this
simulating tool.
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