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Abstract
The main objective of this work is to split the video into multiple 
parts and send each part over a different path based on the amount 
of traffic in each path. Traditionally UDP protocols were being used 
for the transmission since they do not have acknowledgements. 
ÚDP is used since real time traffic uses RTP protocol for multimedia 
transmission. TCP is a connection oriented protocol not suited for 
delay sensitive transmissions .In this paper, the TCP protocol has 
been modified with an efficient congestion control algorithm. In 
this algorithm, the congestion window limit is determined based on 
the four parameters like short term throughput, packet out of order 
arrival, inter-arrival time and packet loss ratio. The performance 
study has been done with these UDP and Modified TCP protocols 
by multipath multicasting video over MANETS.
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I.Introduction
In Ad-Hoc mobile [6], networks, routes are mainly multi hop 
because of limited radio propagation range and topology changes 
frequently and unpredictably since each network host moves 
randomly. Hence on-demand routing protocol [9] has been 
proposed for Ad-Hoc networks. Network host maintain route table 
entries only to destination that they communicate with. AODV is a 
efficient on demand routing protocol for mobile Ad-Hoc networks 
and other wireless Ad-Hoc networks. AODV is capable of both 
unicast and multicast routing. It is a reactive routing protocol, 
meaning that it establishes a route to a destination only on demand. 
It is an on demand algorithm meaning that it builds routes between 
nodes only as desired by source nodes. It maintains these routes 
as long as they are needed by the sources. Additionally, AODV 
forms trees which connect multicast group members. The trees 
are composed of the group members and the nodes needed to 
connect the members. AODV uses sequence numbers to ensure 
the freshness of routes [7]. It is loop-free, self-starting, and scales 
to large numbers of mobile nodes. AODV builds routes using a 
route request / route reply query cycle. When a source node desires 
a route to a destination for which it does not already have a route, 
it broadcasts a Route Request (RREQ) packet across the network. 
Nodes receiving this packet update their information for the source 
node and set up backwards pointers to the source node in the 
route tables. In addition to the source node’s IP address, current 
sequence number, and broadcast ID, the RREQ also contains the 
most recent sequence number for the destination of which the 
source node is aware. A node receiving the RREQ may send a route 
reply (RREP) if it is either the destination or if it has a route to the 
destination with corresponding sequence number greater than or 
equal to that contained in the RREQ. If this is the case, it unicasts 
a RREP back to the source. Otherwise, it rebroadcasts the RREQ. 
Nodes keep track of the RREQ’s source IP address and broadcast 
ID. If they receive a RREQ which they have already processed, 
they discard the RREQ and do not forward it. Once the source 
node receives the RREP, it may begin to forward data packets to 
the destination. If the source later receives a RREP containing a 

greater sequence number or contains the same sequence number 
with a smaller hop count, it may update its routing information 
for that destination and begin using the better route. As long as the 
route remains active, it will continue to be maintained [7].
AODV is used for routing the information from source to various 
destinations [6].
The AODV protocol work with three basic steps:

Discovery of the shortest route1. 
Maintenance of the Route2. 
Data Transmission3. 

II.Route Discovery in AODV
The first criterion in wireless medium is to discover the available 
routes and establish them before transmission. Consider 11 nodes 
for example in which two being source and destination others 
are used for data transmission. The selection of path for data 
transmission is done based on the availability of the nodes in 
the region using the Ad-Hoc on demand distance vector routing 
algorithm. Consider all the nodes to be in the position as shown 
in fig. 1. 
SR- Source Node
D- Destination Node

Fig. 1: Basic Ad-Hoc Architecture

The source should be continuously tracking their positions due to 
mobility. After few seconds the nodes move to new positions and 
the change in paths are shown in fig. 2 & fig. 3, respectively.

Fig. 2: Selection of First Path

Fig. 3: Selection of Second Path
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The path in fig.4, is allocated for the transmission of third part 
of the video.

Fig. 4: Selection of Third Path

III. Route Maintenance
The source has to continuously monitor the position of the nodes 
to make sure the data is being carried through the path to the 
destination without loss and resend the lost data again. 

IV. Data Transmission
Path selection, maintenance and data transmission are consecutive 
process which happen in split seconds in real-time transmission. 
Hence the paths allocated priory in fig 1,2 &3 are used for data 
transmission.

V. Multipath Multicasting

A. Multipath  Routing
Multipath routing [7], is the routing technique of leveraging 
multiple alternative paths through a network, which can yield a 
variety of benefits such as fault tolerance, increased bandwidth, 
improved delay, increased throughput or improved security. The 
ability of creating multiple routes from a source to a destination 
is used to provide a backup route. When the primary route fails 
to deliver the packets in some way, the backup is used. 

B. Multicast Routing
Multicast communication [9], is an efficient solution for group 
applications in the Internet. Multicast conserves the network 
bandwidth by constructing a spanning tree between sources and 
receivers. A single copy of the data is sent to all the receivers through 
the multicast tree. Applications such as videoconferencing, distant 
learning or network games use video, audio and data traffic.

VI. Video Multipath Multicasting  
In this paper the video is sent in multiple paths over wireless 
networks to multiple destination. It consists of two parts. The 
video input is split into multiple parts and transmit each part in 
a different multiple paths. In the latter part, we employ multicast 
method to transmit the video packets to all the nodes [8]. Mobility 
and poor channel condition are major reasons for packet drop. 
In the paper video multipath multicasting is done as shown 
below:
Multipath Multicasting is based on three aspects.

Multipath selections established.• 
Multipath route maintenance.• 
Load distribution for distributing traffic among multiple • 
paths.

A. Multipath Selection and Establishment
In AODV, when a node broadcasts a RREQ message, it is often 
likely to receive more than one response message since any node 
in the multicast tree can respond to the message. If the source 
node receives one or more RREP messages in this time, it queries 
the multicast table and check if the route is activated to confirm 
which one is the first arrival. The source node unicasts a MACT 
(Multicast Activation) to the node and RREP is the first arrival 
for activating the route and sends packets through the which has 
shortest latency. The intermediate nodes, which received MACT, 
activate the related entry in multicast table, and then forward the 
MACT to next hop until one group member receives MACT. 
Multiple paths are selected to reduce resource consumption and 
improve calculation efficiency.

B. Multipath Route Maintenance
The wireless link is easy to break because of nodes mobility or 
other reasons. When a node doesn’t receive any message from the 
adjacent node or can’t send any packet to the next hop, it thinks the 
link is broken. When the intermediate nodes in this path receive 
RERR, they delete the entry in the route table, and continue to 
forwarding RERR until the source node receives RERR message. 
When the source node receives the RERR, it deletes the related 
entry in the route table, searches backup route table [6] and checks 
whether both paths are invalid. If the two paths are broken at the 
same time, the source node broadcasts RREQ to initiate a new 
route discover.

C. Load Distribution
Once the path has been established using AODV, the source node 
starts to send packets [4], through multiple paths. It sends all 
packets through these paths in order to reduce latency caused by 
route discovery. This method can balance the network load and 
relieve the network congestion. 

VII. UDP vs TCP
TCP (Transmission Control Protocol) is the most commonly 
used transport protocol on the Internet. The reason for this is 
because TCP offers error correction. When the TCP protocol 
is used there is a “guaranteed delivery.” This is due largely in 
part to a method called “flow control.” Flow control determines 
when data needs to be re-sent, and stops the flow of data until 
previous packets are successfully transferred. This works 
because if a packet of data is sent, a collision may occur. When 
this happens, the client re-requests the packet from the server 
until the whole packet is complete and is identical to its original.  
UDP (User Datagram Protocol) is another commonly used 
protocol on the Internet. However, UDP is never used to send 
important data such as webpages, database information, etc; UDP 
is commonly used for streaming audio and video. Streaming media 
such as Windows Media audio files, Real Player and others use 
UDP because it offers speed. The reason UDP is faster than TCP 
is because there is no form of flow control or error correction. 
The data sent over the Internet is affected by collisions, and 
errors will be present. UDP is only concerned with speed. This 
is the main reason why streaming media is not high quality. 
In this work, multipath multicasting is done using UDP and 
Modified TCP algorithm for analysis and comparative study is 
analysed. 
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VIII. Modified TCP Algorithm
In traditional TCP congestion control algorithm, the congestion 
window is altered only when the congestion occurs. In the 
proposed algorithm, the congestion window is automatically 
updated according to the calculated network parameters.

A. Sender Side
For all the network states viz. Proper congestion identification, 
channel error due to high BER, route changes due to mobility 
and disconnections.

Whenever ACK is received set CWL to the value send by 1. 
the receiver.

B. Receiver Side
Upon packet arrival

Process data and generate ACK packet.1. 
Compute sample value for metrics: IDD, STT, POR, PLR2. 
Estimate RSD based HIGH/LOW for each metric.3. 
Identify network state from the metric values4. 
Set network state bits in option field of outgoing ACK 5. 
packet
Obtain the RTHC of the sender-receiver path from the counter 6. 
in IP header
IF RTHC <= 4 hops, Let CWL=27. 
If RTHC > 4 hops, Calculate CWL=1/5 RTHC8. 
If congestion threshold >0.55 then an incipient congestion 9. 
condition, Let CWL=CWL/2
Add CWL in the ACK packet.10. 
Transmit ACK.11. 

IX. Results

A. Simulation Scenario
The video dat file is given as the input during multipath multicasting 
in an ADHOC network and the scenario given below is considered 
for simulation using NS-2 tool.

Packet Size (Video dat  file) 2000 bytes
No of Nodes 100
Protocol Used AODV             
Dimension 1000x1000
Channel Type Wireless  Channel
Antenna Omni Antenna
Transmission Protocol UDP & ECCATCP
Mobility 10m/s

B. Simulation Graphs

Fig. 1: Throughput vs Time

Fig. 1, depicts the Time Vs Throughput graph. As the simulation 
progresses, the throughput gradually decreases. The average 
throughput for this method is 215.492 kbps.

Fig. 2: Packet Delivery Vs Time

The fig.  2, shows the plot of the number of Packets delivered with 
respect to the simulation time. In this method the total number of 
packets delivered is increasing as the simulation time is greater. 
The average number of packets delivered for this method is 
745.792.

Fig. 3: Packet Delay Vs Time

The fig. 3, depicts the plot of variations in delay with respect to 
time. The packet delay also increases slightly as the simulation 
time increases. The maximum delay over the entire simulation 
is 43.139ms.

Fig. 4: Throughput Vs Time

Fig. 4, shows the graph of throughput with respect to simulation 
time. The throughput increases as the simulation time increases. 
The throughput attains a maximum value of 328 kbps at the end 
of simulation.
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Fig. 5: Packet Delivery Vs Time

Fig. 5, shows the graph between the total number of packets 
delivered with respect to simulation time. The total number of 
packets delivered increases as the simulation time progresses. The 
average number of packets delivered for this method is 845.15.

Fig. 6: Packet Delay Vs Time

Fig. 6, shows the graph between the delay and the simulation 
time. As the simulation time increases, the time taken for the 
packets to reach the destination also increases. The average delay 
is 17.66ms.

C. Comparison Graphs
Fig. 7, shows the comparative graph of throughput with respect to 
time for the existing method and proposed method. The average 
throughput of the proposed method is 233.3 kbps which is higher 
than the existing method 215.492 kbps.

Fig. 7: Throughput Vs Time

Fig. 8: Packet Delivery Vs Time

Fig. 8, gives the comparative study of the total number of packets 
delivered at each instant of time. In the proposed method more 
number of packets is delivered than the existing method. The 
average number of packets delivered at each instant for the 
proposed method is 835.66.

Fig. 9: Delay Vs Time

Fig. 9, shows the comparative study of the delay with respect to 
time. The average delay for the existing method is 41.92 ms and for 
the proposed method is 17.66 ms. The results shows that the delay 
is reduced by nearly half compared to the existing method.

X. Conclusion
In this paper, the problem of video multipath multicasting 
communication over wireless Ad-Hoc networks has been analysed. 
The traditional congestion control algorithm of the TCP protocol 
has been replaced with  ECCA TCP. This ECCA TCP algorithm is 
tested for video transmission when used with multipath multicasting 
technique. The result of the proposed algorithm is compared with 
the traditional UDP protocol. The proposed algorithm gives 8.2% 
improvement throughput and 13.3% increase of packet delivery. 
The delay of the proposed algorithm is reduced by a factor of 2.
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