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Abstract: We examine the performance of the TCP protocol. In addition, work on using TCP (Transmission Control 
Protocol) to provide reliable data transmission has been performed for the purpose of smooth integration with the wired 
Internet. In the wired Internet, TCP-Vegas is a well-known transport protocol which takes into account existing network 
conditions. However, TCP-Vegas cannot be directly applied to MANETs because a route change can make the BaseRTT 
used over a previous path obsolete. It has been shown in the literature that the congestion control mechanism of TCP reacts 
adversely to packet losses due to temporarily broken routes in wireless networks. Through simulations using ns-2, we 
observed that TCP-Vegas-Adhoc outperforms the standard TCP-Vegas protocol especially under high mobility scenarios 
over both reactive and proactive ad hoc routing protocols such as AODV and OLSR.  
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I. INTRODUCTION OF MANETS 
 
Wireless cellular systems have been in use since 
1980s. We have seen their evolutions to first, second 
and third generation's wireless systems. These 
systems work with the support of a centralized 
supporting structure such as an access point [1]. The 
wireless users can be connected with the wireless 
system by the help of these access points, when they 
roam from one place to the other. The adaptability of 
wireless systems is limited by the presence of a fixed 
supporting coordinate. It means that the technology 
cannot work efficiently in that places where there is 
no permanent infrastructure. Easy and fast 
deployment of wireless networks will be expected by 
the future generation wireless systems. This fast 
network deployment is not possible with the existing 
structure of present wireless systems. Recent 
advancements such as Bluetooth introduced a fresh 
type of wireless systems which is frequently known 
as mobile ad-hoc networks. Mobile ad-hoc networks 
or "short live" networks control in the nonexistence 
of permanent infrastructure. Mobile ad hoc network 
offers quick and horizontal network deployment in 
conditions where it is not possible otherwise. Ad-hoc 
is a Latin word, which means "for this or for this 
only." Mobile ad hoc network is an autonomous 
system [2] of mobile nodes connected by wireless 
links; each node operates as an end system and a 
router for all other nodes in the network. A wireless 
network is a growing new technology that will allow 
users to access services and information 
electronically, irrespective of their geographic 
position. Wireless networks can be classified in two 
types [2]: infrastructure network and infrastructure 
less (ad hoc) networks. Infrastructure network 
consists of a network with fixed and wired gateways. 
A mobile host interacts with a bridge in the network 
(called base station) within its communication radius.  

 
The mobile unit can move geographically while it is 
communicating. When it goes out of range of one 
base station, it connects with new base station and 
starts communicating through it. This is called 
handoff. In this approach the base stations are fixed. 
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.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 [1], 
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. 
MANET is a kind of wireless ad-hoc network and it 
is a self-configuring network of mobile routers (and 
associated hosts) connected by wireless links the 
union of which forms an arbitrary topology. The 
routers, the participating nodes act as router, are free 
to move randomly and manage themselves arbitrarily; 
thus, the network's wireless topology may change 
rapidly and unpredictably. Such a network may 
operate in a standalone fashion, or may be connected 
to the larger Internet [1]. 
 
a. Characteristics of MANETS 
Mobile ad hoc network nodes are furnished with 
wireless transmitters and receivers using antennas, 
which may be highly directional (point-to-point), 
unidirectional (broadcast), probably steerable, or 
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some combination of there. At a given point in time, 
depending on positions of nodes, their transmitter and 
receiver coverage patterns, communication power 
levels and co-channel interference levels, a wireless 
connectivity in the form of a random, multi-hop 
graph or "ad hoc" network exists among the nodes 
[1]. This ad hoc topology may modify with time as 
the nodes move or adjust their transmission and 
reception parameters. 
 
II. TCP Vegas in MANETs 
 
TCP Vegas is a new design for TCP that was 
introduced by Brakmo et al [2,3]. TCP Vegas 
includes a modified retransmission strategy(compared 
to TCP Reno) that is based on fine-grained 
measurements of the round-trip time (RTT) as well as 
new mechanisms for congestion detection during 
slow-start and congestion avoidance. 
TCP Reno's congestion detection and control 
mechanisms use the loss of segments as a signal that 
there is congestion in the network. TCP Reno has 
therefore no mechanism to detect the incipient stages 
of congestion before losses occur and hence cannot 
prevent such losses. Thus, TCP Reno is reactive, as it 
needs to create losses to find the available bandwidth 
of the connection. On the contrary, TCP Vegas's 
congestion detection mechanism is proactive [4], that 
is, it tries to sense incipient congestion by observing 
changes in the throughput rate. Since TCP Vegas 
infers the congestion window adjustment policy from 
such throughput measurements, it may be able to 
reduce the sending rate before the connection 
experiences losses 
 
a. New retransmission mechanism 
TCP Vegas introduces three changes that affect TCP's 
(fast) retransmission strategy. First, TCP Vegas 
measures the RTT for every segment sent. The 
measurements are based on fine- grained clock 
values. Using the fine-grained RTT measurements, a 
timeout period for each segment is computed. When a 
duplicate acknowledgement (ACK) is received, TCP 
Vegas checks whether the timeout period has expired. 
If so, the segment is retransmitted1. Second, when a 
non-duplicate ACK that is the first or second after a 
fast retransmission is received, TCP Vegas again 
checks for the expiration of the timer and may 
retransmit another segment. Third, in case of multiple 
segment loss and more than one fast retransmission, 
the congestion window is reduced only for the first 
fast retransmission.  
 
b. Congestion avoidance mechanism TCP Vegas 
does not continually increase the congestion window 
during congestion avoidance. Instead, it tries to detect 
incipient congestion by comparing the measured 
throughput to its notion of expected throughput. The 
congestion window is increased only if these two 
values are close, that is, if there is enough network 

capacity so that the throughput can actually be 
achieved. The congestion window is reduced if the 
measured. 
 
c. Modified slow-start mechanism 
A similar congestion detection mechanism is applied 
during slow-start to decide when to change to the 
congestion avoidance phase. To have valid 
comparisons of the expected and the actual 
throughput, the congestion window is allowed to 
grow only every other RTT Algorithms used to 
modify TCP Vegas are: 
 

Congestion detection during slow-start 

Congestion detection during congestion avoidance 

More aggressive fast re-transmit mechanism 

Additional retransmissions for non-duplicate ACKs 

Prevention of multiple reductions of the congestion 
window in case of multiple segment loss 

Reduction of the congestion window by only 1/4 
after a recovery (instead of halving it as in the case of 
TCP Reno). 

A congestion window size of two segments at 
initialization and after a timeout (TCP Reno sets the 
size of the congestion window to one segment in 
these situations) 

Burst avoidance limits the number of segments that 
can be sent at once (that is, back- to-back) to three 
segments 

The congestion window is not increased if the 
sender is not able to keep up, that is, the difference 
between the size of the congestion window and the 
amount of outstanding data is larger than two 
maximum-sized segments 

Spike suppression limits the output rate to at most 
twice the current rate. (This algorithm is turned off by 
default.) Key points of TCP Vegas: 

Modified Congestion Avoidance 

Aggressive Retransmission (use fine grained timer) 

With dupacks and with partial acks 

Aggressive Congestion Window Adaptation 

With recovery and with multiple loss 

Modified Slow-Start 
 
d. Modified Congestion Avoidance for TCP 
Vegas 
TCP Vegas Calculates the expected throughput and 
actual throughput (Once per RTT):  
Expected Throughput = WindowSize/BaseRTT  
 
Actual Throughput = ActualSentAmount/RTT 
Static Parameters: 
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 = 1 pkts/RTT 

 = 3 pkts/RTT 

Where,  and  are static variables for TCP Vegas 
TCP transmission rate = cwnd/RTT [28] where, 
cwnd-congestion window and RTT - Retransmission 
timeout. 
TCP takes congestion window updating decision once 
per RTT; the decision is applied throughput the next 
RTT for each received ACK as follows: 
 

Increase the Tx Rate (Expected-Actual> ) 
• cwnd = cwnd + 1/cwnd 

Decrease Tx Rate (Expected-Actual< ) 
• cwnd = cwnd - 1/cwnd 

Tx Rate Unchanged ( <Expected-Actual< ) 
• cwnd = cwnd 
 
e. Aggressive Retransmission for TCP Vegas 

With dupacks 
• When Vegas receives the first dupack or the second 
dupacks, it checks the fine grained timer expiry 
• If timer expirers, it retransmits immediately 

With partial acks 
• For the first two partial acks, Vegas checks whether 
fine grained timer expires 
• If timer expires, it retransmits immediately 
 
f. Aggressive cwnd updating for TCP Vegas 

With recovery 
• Reduce cwnd by one quarter instead of half when it 
enters into recovery 

With multiple loss- 
• In case of multiple segment loss from a single 
window, it reduces the cwnd only once 

With Initial setting 
•cwnd is set to 2 instead of 1 
 
g. Modified Slow-Start for TCP Vegas 
•Vegas Calculates (in every alternate RTT) 
•Expected Throughput = WindowSize/BaseRTT 
•Actual Throughput = ActualSentAmount/RTT 
•Static Parameters:  = 1 pkts/RTT 

Where   is static variable for TCP Vegas 
•TCP keeps the congestion window fixed in every 
other RTT and it measures the throughput 
•On every next RTT, it does the followings: 
•Continue SS (Expected-Actual< ) 
•Exponential Increase. 
 
- Cwnd = cwnd + 1 for each ACK, that is, 
- Cwnd = 2 * cwnd for each RTT 
• Switch to CA (Expected-Actual> ): 

- Set ssthresh = cwnd 
- Follow the rules of CA 
 
h. Condition of Increment in CA for TCP 
Vegas 

 
i. Problems of CA for TCP Vegas 
 Unfair Treatment of Old Connections 

 
 Persistent Congestion 

Where, BaseRTT is RTT of segment when 
congestion is not congested, Window Size is the 
number of segments in transit corresponds to the 
number of segments sent during the last RTT. 
 
j. Vegas conclusion 

Less fluctuation 
- Less fluctuation in bottleneck queue and in send rate 

Enhanced Throughput 

Better Utilization of bottleneck capacity 

Unfair treatment of old connection and 
Ineffectiveness of congestion avoidance 
 
III. TCP Vegas - Without Modification 
 
a. Result for Node 25 
 

 
Table-1 

 
Table 1 shows the output of performance parameters 
for TCP Vegas for ad hoc routing protocol AODV 
and OLSR; 
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we got the result for node 25 and node mobility 10, 
20 and 50 m/s respectively without any modification 
in TCP Vegas. 
 
b. Results for Node 50 
 

 
Table-2 

 
Table2 shows the output of performance parameters 
for TCP Vegas for ad hoc routing protocol AODV 
and OLSR; we got the result for node 50 and node 
mobility 10, 20 and 50 m/s respectively without any 
modification in TCP Vegas. 
 
IV. TCP Vegas - With Modification 
 
Modification for TCP Vegas: 
According to characteristic of TCP Vegas, it gives the 
minimum packet loss for MANETs but, also reduce 
the throughput. We made change in slow-start phase 
logically and vary the congestion window, because 
congestion window will affect the performance of 
TCP Vegas.  
We minimize the packet loss but also increase the 
throughput and also get changes in other performance 
parameters, endto- end delay and PDR. 
For congestion avoidance phase, change in 
congestion window will help to minimize the 
congestion and due to less congestion, packet loss 
occur minimum and it will also help in to increase 
throughput and PDR as well. 
 
a. Result for Node 25 
 

 
Table-3 

 
Table 3 shows the output of performance parameters 
for TCP Vegas for ad hoc routing protocol AODV 
and OLSR; we get the result for node 25 and node 
mobility 10, 20 and 50 m/s respectively with some 
modification in TCP Vegas. 
 

b. Result for Node 50 
 

 
Table-4 

Table 4 shows the output of performance parameters 
for TCP Vegas for ad hoc routing protocol AODV 
and OLSR we got the result for node 50 and node 
mobility 10, 20 and 50 m/s respectively without any 
modification in TCP Vegas. 
 
CONCLUSION 
 
We have compared two ad hoc routing protocols, 
namely, Ad hoc On-Demand Distance Vector 
Routing (AODV) and Optimized Link State Routing 
(OLSR). The simulation of these protocols has been 
carried out using Ns-2. 
Three different simulation scenarios are generated; 
the node mobility has varied from 10 m/sec, 20 m/sec 
and 50 /sec. for 25 nodes and 50 nodes for TCP 
Vegas. Other network parameters are kept constant 
during the simulation.  
It is observed that using TCP Vegas and performance 
parameters like throughput, end-to-end delay, PDR 
(Packet Delivery Ratio) and packet loss, AODV 
performs well in node mobility 20 m/s. but, OLSR is 
not suitable for node density 25 and OLSR performs 
well in node mobility 50 m/s. but, AODV is not 
suitable for node density 50. 
It would be interesting to observe the behavior of 
these two protocols by varying others network 
parameters. 
It would be modify and implement other TCP 
Variants and Try to implement new TCP variant 
which will provide balance result among other TCP 
variants , which will help to improve the performance 
of AODV, OLSR and others ad hoc routing protocols 
for MANETs. 
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