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Abstract 
A Mobile network is the open access network on which 
number of internal and external nodes.  As the communication 
is performed over such network, heavy traffic over the 
network is identified. In such case to provide the effective and 
reliable communication over the network there is requirement 
of some algorithmic approach that can elect the next best hop. 
In this present work, A Bandwidth Analysis approach is 
defined to identify the next hop over the network. The 
presented work will perform the analysis on neighboring 
nodes under different parameters such as throughput, 
communication delay, number of connectivity’s and the 
lossrate. Once the analysis is performed, some weight is 
assigned to all neighbors. The weight assignment is based on 
the individual analytical values as well its their aggregative 
values. After assigning the weights on each neighboring node, 
second level analysis will be performed on these weighted 
values. The neighbor node having the maximum weight value 
will be selected for as the next communicating hop in the 
communication path.  Now the communication will be 
performed on this identified hop. The works also include the 
bandwidth adjustment based on this analysis. The rate 
adjustment is here performed to control the congestion ratio 
on a particular so that the lossrate over the network will be 
reduced. The presented work is implemented in NS2 
environment. The obtained result shows effectiveness of work 
in terms of higher throughput and lesser lossrate. 
Keywords: AODV Protocol, Mobile nodes, Bandwidth 
Analysis video-streaming, Multipah Routes, MANETs.  

 

1. Introduction 

A Mobile ad hoc network is a group of wireless mobile 
computers (or nodes). In which nodes collaborate by 
forwarding packets for each other to allow them to 
communicate outside range of direct wireless 
transmission. Ad hoc networks require no centralized 
administration or fixed network infrastructure such as 
base stations or access points, and can be quickly and 
inexpensively set up as needed. A MANET is an 
autonomous group of mobile users that communicate 

over reasonably slow wireless links. The network 
topology may vary rapidly and unpredictably over time, 
because the nodes are mobile. The network is 
decentralized, where all network activity, including 
discovering the topology and delivering messages must 
be executed by the nodes themselves. Hence routing 
functionality will have to be incorporated into the 
mobile nodes. 

The inherently infrastructure less, inexpensive and 
quick to deploy nature of MANETs is providing a 
promise for its use in diverse domains. In recent years, 
multimedia applications over the internet have 
established well with numerous applications including 
audio/video streaming, online video gaming, TV on 
demand, voice over IP and surveillance systems. 

Due to increased developments in handheld devices and 
wire- less networks, it is possible to extend video 
streaming ser- vices over ad-hoc networks in order to 
increase the num- ber of mobile end users. Present day 
handheld devices are capable of efficiently capturing 
and playing video contents. But, wireless network 
characteristics and nature of multi- media content 
causes additional challenges that must be ad- dressed to 
provide sufficient quality of video streaming to end 
users over MANETs.These challenges are intro- duced 
by resource-constrained network and mobile devices, 
high bit error rate, dynamically changing topology, 
variability in consecutive data frames and high bit rate 
of video streams . 

Distortion in received video traffic occurs due to the 
physical and environmental characteristics of wireless 
networks. This distortion can be minimized by reducing 
the transmission errors in the network. Transmission 
errors are caused due to: a) packet loss (which largely 
depends on wireless channel availability and quality) 
and b) transmission delay (which depends on the 
waiting time in system). In case of real- time video 
applications, packet loss rate also depends on the 
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average coding rate of video traffic, transmitted over 
wireless networks. 

In this paper, work is being performed over AODV 
Protocol for which, A Bandwidth Analysis approach is 
defined to identify the next hop over the network in 
order to provide efficient transmission of video streams 
over MANETs. The characteristics of video data traffic 
that differentiates it from normal application traffic are 
as follows: a) large video frame size and b) low inter- 
packet transmission time or high frame bit rate. 

2. Related Work 

In Year 2002, L. N. Cai, D. Chui, M. McCutcheon, M. 
R. Ito, and G. W. Neufeld performed a work “Transport 
of mpeg-2 video in a routed ip network”.The proposed 
method uses formulations and methods to achieve 
efficient video transmission over network. 

In Year 2008, Dalei Wu, Song Ci, Haohong Wang, and 
A. Katsaggelos proposed an application-centric routing 
pro- tocol for video streaming over wireless networks. 
The pro- posed routing algorithm uses the expected 
video distortion as the routing metric that is calculated 
dynamically dur- ing route discovery process. To 
maximize the user-perceived video quality under a 
given playback delay-constraint, it also develops a 
cross-layer optimization technique by using the 
combined effect of routing path selection and 
application’s video coding information. 

In Year 2010, Zheng Wu and Jiankang Wu, performed 
a work to explain”A cross-layer design for delay-
constrained video ap- plications. It considers three 
metrics: available bandwidth, network congestion and 
channel quality during route discovery process. The 
protocol obtains the available link bandwidth and 
congestion information on a route from MAC layer. A 
multipath routing scheme based on DSR pro- tocol is 
used to minimize the congestion by sending video 
traffic over different routes. This increases the packet 
deliv- ery ratio at the cost of reduced overall network 
capacity. 

In Year 2011, Yong Ding, Yang Yang, and Li Xiao 
performed “Multipath routing scheme combined with a 
rate allocation method for efficient transmission of 
multi-source video on demand (VoD) streaming in 
wireless mesh net- works. The proposed method uses 
the real time video traces to simulate the video sources. 
To minimize congestion in the network, a joint rate 
allocation and routing algorithm is used which admits a 
new VoD session only if it does not degrade the 
performance of already existing sessions. 

 

3. Proposed Work 

In our proposed work, the main goal is twofold. First, 
reduce the congestion caused by large number of 
packets that are created (due to fragmentation of video 
frames, whose size is greater than the maximum 
transfer unit (MTU)) and transmitted into the network. 
Second, reduce the end-to- end delay of data packets by 
decreasing the large number of packets (created due to 
high video frame bit rate of trans- mitting video source 
which overwhelms the low transmission rate of 
underlying wireless channel) waiting in the output IP 
queue of a node. 

3.1. Algorithmic Description 

1. Define the congestion as the network 
limitation. 

2. Bandwidth adjustment definition as solution to 
congestion. 

3. Define the analysis approach under defined 
parameters. 

4. Weight assignment. 
5. Congestion Detection and rate adjustment. 
6. Analysis using graph. 

 
3.2. Methodological Equation used 
  
The application layer provides information about the 
video coding scheme used by the application to encode 
the video stream before its transmission. The 
information provided by the application layer about a 
traffic session consists of five parameters: a) number of 
frames generated while encoding the video in one 
second i.e., frames per second (FPS), b) the maximum 
(Fmax) and minimum (Fmin) frame size, c) the total 
number of frames (N), d) average frame size (Savg) and 
e) the transmission time between two consecutive 
frames i.e. inter-frame time (IFT). The information 
about current available bandwidth at any node is 
directly obtained from underlying MAC layer. The 
above provided information is used to calculate the BS, 
AR and PR parameters of DLB algorithm configured at 
network layer. 

The size of bucket used in DLB should be equal to the 
max- imum sized frame in the video stream. This is 
because; the bucket should be able to hold at-least one 
frame at any point of time during data transmission. So, 
BS can be calculated using Equation 1. 

BS = Fmax + x (1) 

Here, x is a constant value greater than or equal to zero. 
It depends on the raw bandwidth available at MAC 
layer (i.e. directly proportional to the channel 
bandwidth). It uses the fraction of idle channel time 
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during the past history as an indication of residual 
bandwidth at each node. 

The average frame size (Savg), together with the total 
net- work bandwidth (Tbw), is used to measure the 
value of av- erage rate (AR) of DLB [6] using Equation 
2. 

AR = Savg ∗ y (2) 

Here, y is a constant value greater than or equal to zero 
whose value depends on Tbw. If the network bandwidth 
is lower than the transmission rate of video stream, then 
y is set to zero. The value of y increases with increase 
in network bandwidth. 

4. Simulation and Results 

The work is performed in NS2. The obtained results 
show effectiveness of work in terms of higher 
throughput and lesser lossrate. 

4.1. NS2 Overview 

The Network Simulator-2 (NS-2) is a discrete event 
driven simulator developed at UC Berkeley. It is part of 
the VINT project. NS-2 was presented in 1999 as an 
alternative to other simulators like OPNET /OMNET 
and Qualnet/Glomosim. NS-2 stands for Network 
Simulator and is described as a discrete event simulator 
targeted at networking research. This means that time is 
based on events in NS-2: when calculations are done 
time stops. The goal of NS-2 is to support networking 
research and education. It is suitable for designing new 
protocols, comparing different protocols and traffic 
evaluations. NS-2 is developed as a collaborative 
environment. It is distributed freely and open 
source.NS2 is built using object oriented methods in 
C++ and OTcl (object oriented variant of Tcl) [40]. In 
figure 5..1, NS-2 interprets the simulation scripts 
written in OTcl. A user has to set the different 
components (e.g. event scheduler objects, network 
components libraries and setup module libraries) up in 
the simulation environment. The user writes his 
simulation as an OTcl script, plumbs the network 
components together to the complete simulation. 

4.2. Simulation Setup 

a)The source nodes in the network are simulated for 
transmis- sion of multimedia traffic in the form of video 
traces gener- ated by encoding real time video streams 
using H.264/SVC encoder.  

b) Constant bit rate (CBR) traffic is used to pro- duce 
the background traffic in the network.  

c)The chosen video stream to simulate the video 
sources is the well-known CIF Sony Demo, whose size 

may be adequate for current PDAs and other mobile 
device displays. 

4.3. Analysis Results 

 

Figure a: Packet Delay 

Here figure a, is showing the comparative analysis of 
Packet Delay over the network. Here x axis represents 
the time and y axis represents the Packet Delay of 
communication. As we can see after implementing the 
proposed approach the Packet Delay over the network is 
decreased. 

 

 

Figure b: Packet Transmitted 

Here figure b, is showing the comparative analysis of 
packet transmitted over the network. Here x axis 
represents the time and y axis represents the packet 
transmitted. As we can see after implementing the 
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proposed approach the successful packet transmission 
over the network is increased. 

 

 

Figure c: Packet Loss rate  

Here figure c, is showing the comparative analysis of 
Packet Loss rate over the network. Here x axis 
represents the time and y axis represents the Packet 
Loss rate of communication. As we can see after 
implementing the proposed approach the Packet Loss 
rate over the network is increased. 

 

 

Figure d: Bytes 

Here figure d, is showing the comparative analysis of 
bytes conveyed over the network. Here x axis 
represents the time and y axis represents the bitrate of 
communication. As we can see after implementing the 

proposed approach the bytes conveyed over the 

network is increased. 

    

Figure e: Bitrate 

 Here figure e is showing the comparative analysis of 
bitrate over the network. Here x axis represents the time 
and y axis represents the packet transmitted. As we can 
see after implementing the proposed approach the 
bitrate over the network is increased. 

 

5. Conclusion 

In our proposed work, we have achieved a reliable 
transmission of video service files by applying A 
Bandwidth Analysis approach to identify the next hop 
over the network in MANETs. The congestion caused 
due to the transmission of variable and high bit rate 
video streams over wireless networks are reduced by 
regulating the traffic flows using a dual leaky bucket 
algorithm. Furthermore, the transmission errors caused 
by transmission delays and packet losses are mitigated 
using an efficient and low routing overhead mul- tipath 
routing protocol. Simulation results show that the 
proposed approach is able to achieve optimal video 
quality at end users with less distortion in received 
video streams. 
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