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Abstract— Degradation of the performance of TCP because 

of errors in transmission media has always a Key area of 

research. In recent years, the demand for network bandwidth 

is growing due to increase in global population of internet 

and verity of application. Congestion is the major problem 

in today’s internet. So, for managing traffic and to keep the 

network stable, Congestion Control algorithms are used. 

TCP protocol is basically designed for wired network need 

to be modified for the wireless network. In wired network, 

TCP works well, but in wireless network the data losses are 

occurred. The losses of data are occurred because of not 

only congestion, but random bit error is also reason for data 

losses over wireless link. TCP has been modified by various 

add on techniques to achieve a desired performance level in 

heterogeneous environments. TCP is responsible for flow, 

error and congestion control which has a direct impact on 

network performance and service. Among TCP variants, 

SACK TCP is considered as the most stable and efficient 

scheme. 
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I. INTRODUCTION 

TCP/ IP protocol stack has an inseparable part of internet. 

Therefore, behavior and efficiency of the protocol stack 

significantly contribute in the performance of Internet. TCP 

has been modified by various add on techniques to achieve a 

desired performance level in heterogeneous environments. 

TCP is responsible for flow, error and congestion control 

which has a direct impact on network performance and 

service. Among TCP variants, SACK TCP is considered as 

the most stable and efficient scheme. 

TCP provides fairness in sharing bandwidth TCP 

gradually traffic after connection establishment and it 

decreases when any loss found for particular connection. 

The flow control is used to control congestion over a 

transport layer to reduce loss of packet. If any loss found at 

the receiver, then it is responsible to inform the sender about 

this loss so the sender can take appropriate action for that 

packet regarding its retransmission and if the rate of loss is 

high then it takes some action to reduce those losses [1]. 

When TCP uses for making a communication between 

sender and receiver at time, the faster the sending process 

sends a SYN (Synchronization Sequence numbers during 

connection) packet to which the receiving process replicates 

with its SYN-ACK and the sender replies with an ACK. 

Once this three-way handshake is negotiated, the connection 

is established and data transmission can begin. When all 

data is sent, the client and the server exchange FIN 

(Terminate connection) and ACK in both direction and 

terminate connection between sender and receiver [1]. 

Different version of TCP (Tahoe, Reno, New-Reno 

and SACK TCP) improves the throughput of the network 

and we can say that SACK TCP is a more stable version of 

the TCP. In that we get higher throughput than another 

version like Tahoe, Reno and Newreno. So, for our 

simulation, we use SACK TCP protocol [6]. If the network 

congested, then some packet is dropped at an intermediate 

node because of its queue limitation. Consequently, the 

network is further affected by the retransmission triggered 

due to the dropped packet cumulative, resulting into more 

drops and more retransmission. 

Use The first version is New-Reno TCP, a modified 

version of TCP without SACK that avoids some of Reno 

TCP’s performance problems when multiple packets are 

dropped from a window of data. 

The second version is SACK TCP, a modified 

version of Reno TCP with SACK. In case of Newreno, 

when packet is loss sender not get complete information 

about packets which are reach successfully at the destination 

after loss, due to this, sender may be unnecessarily 

retransmit that packet. To overcome this problem by TCP 

with ‘Selective Acknowledgments’ is an extension of TCP 

Reno. 

SACK TCP is a modified version of Reno TCP 

with Selective Acknowledgement and from simulation result 

of SACK TCP we show that without selective 

acknowledgments we are not solve Reno   TCP' s 

performance problems when multiple packets are dropped, 

the absence of selective an acknowledgment does impose 

limits to Reno TCP' s ultimate performance. We show that 

without selective acknowledgments, Reno TCP 

implementations are constrained to either retransmit at most 

one dropped packet per round-trip time, or to retransmit 

packets that might have already been successfully delivered.  

Not all of Reno’s performance problems are a necessary 

consequence of the absence of SACK. To solve Reno 

performance problem, we move toward TCP another 

Version, called New-Reno. New-Reno is modified version 

of Reno TCP without SACK avoids problem of the 

retransmit timeouts of Reno without requiring SACK. 

Nevertheless, New-Reno does not perform as well as TCP 

with SACK when a large number of packets are dropped 

from a window of data. The purpose of our discussion of 

New-Reno is to clarify the fundamental limitations of the 

absence of SACK [4]. 

A. Compression between Reno and Newreno 

This Reno retains the basic principle of Tahoe. The Reno 

TCP implementation retained the enhancements 

incorporated into Tahoe, but muddied the Fast-Retransmit 

operation to include Fast Recovery. 

In Reno when any single packet loss at time 

reduces its congestion window by one half. Instead of 

(reduce to 1) slow-starting, as is performed by a Tahoe TCP 

sender. So, every time when packet loss it reduces 

congestion window by one half.   Due to this, at the sender 

multiple unnecessarily retransmission require. 
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In Reno sender, multiple retransmit packet so, 

throughput v/s time of Reno is higher than Newreno. 

Like Reno, New-Reno also enters fast-retransmit 

when it receives multiple duplicate packets, however it 

differs from Reno in that it doesn’t exit fast-recovery until 

all the data which was out standing at the time it entered 

fast-recovery is acknowledged. Thus, it overcomes the 

problem faced by Reno of reducing the cwnd multiples 

times. The fast-transmit phase is the same as in Reno. The 

difference in the fast-recovery phase which allows for 

multiple retransmissions in Newreno [3]. Instantaneous 

throughput v/s time of Reno is higher compare to newreno. 

But good put v/s time of newreno is higher compare to 

Reno. 

 Throughput: - The measure of the transfer of bits 

across the media over a given period of time.   

 Good-put: - Measures the transfer of usable data 

over a given period of time. 

The difference between the throughput and good 

put is the number of un-necessary retransmissions. So, 

good-put in Newreno is higher compare to Reno. 

B. Compression between Newreno and SACK TCP 

In case of Newreno, when packet is loss sender not get 

complete information about packets which are reach 

successfully at the destination after loss, due to this, sender 

may be unnecessarily retransmit that packet.   

This problem overcome by TCP with ‘Selective 

Acknowledgments’ is an extension of TCP Reno and it 

works around the problems face by TCP RENO and TCP 

New-Reno, namely detection of multiple lost packets, and 

re-transmission of more than one lost packet RTT (Round 

Trip Time) [3]. In case of multiple losses SACK information 

in TCP is useful to recover loss efficiently that cannot 

possible with Newreno. SACK TCP gives batter 

performance and good throughput compare to Newreno [4]. 

In SACK Receiver send SACK block along with dupack to 

the sender. The SACK block provides information to the 

sender, about segment which arrived at the receiver 

properly. SACK retains the slow-start and fast-retransmit 

parts of Reno. SACK TCP requires that segments not be 

acknowledged cumulatively but should be acknowledged 

selectively. 

Performance of SACK TCP and Newreno Will be 

different when drop occurred up to that performance of both 

are same when there is multiple drop on single window at 

that time SACK TCP retransmit second loss packet less time 

compare to Newreno. Instantaneous throughput v/s time of 

SACK TCP is higher compare to the Newreno. 

Different version of TCP (Tahoe, Reno, New-Reno 

and SACK TCP) improves the throughput of the network 

and we can say that SACK TCP is a more stable version of 

the TCP. In that we get higher throughput than another 

version like Tahoe, Reno and Newreno. So, for our 

simulation, we use SACK TCP protocol [6]. 

SACK TCP use sliding window to handle flow 

control. The Sliding window protocol used by TCP, 

however, is something between the Go-Back-N and 

Selective Report Sliding Window [1]. If the network 

congested, then some packet is dropped at an intermediate 

node because of its queue limitation. Consequently, the 

network is further affected by the retransmission triggered 

due to the dropped packet cumulative, resulting into more 

drops and more retransmission. TCP’s transmission capacity 

is governed by cwnd. Hence, in case of sound is reduced, 

frame its current value, then the flow of the packet is also 

reducing [1]. 

C. TCP handles congestion base on three phases:  

1) Slow start (SS)  

2) Congestion avoidance (AI: Additive increase) 

3) Congestion detection   

One of the algorithm uses in TCP congestion is called slow 

start. CWND size starts with MSS (maximum segment size). 

MSS size increase by one when the acknowledgment 

received. So, window size slow increase, but grows 

exponentially. TCP defines another algorithm called 

congestion avoidance Congestion avoidance is dealing with 

loss packets. To avoid congestion before it happens, one 

must slow down this exponential growth and increase 

additive instead of increase an exponential in Slow-Start 

Window [1]. 

SACK TCP congestion control is governed by two 

parameters: -  

 Congestion Window (cwnd) 

 Slow-start threshold Value (ssthresh) 

Congestion control works in two modes: - 

 slow start (cwnd < ssthresh)  

 congestion avoidance (cwnd ≥ ssthresh) 

Initial value: 

Set cwnd = 1 

The unit is a segment size. TCP actually is based 

on bytes and increments by 1 MSS (maximum segment size) 

when the receiver sends an acknowledgement (ACK). 

Generally, a TCP receiver sends an ACK for every other 

segment [1]. Each time an ACK is received by the sender, 

the congestion window is increased by 1 segment: - cwnd = 

cwnd + 1. 

After slow start congestion window gradually 

increase congestion window (CWND) up to threshold 

(maximum CWND). after that if packet drop in the network 

then the cwnd window decrease in congestion avoidance 

window. 

If packet dropped, receiver send back three 

duplicate packet to the receiver, during the communication, 

due to any reason packet receive at the receiver in out of 

order then receiver observes the time of next successive 

segment. If delay occur in at the receiver side then receiver 

set flag in as F=0 otherwise F=1.when sender receive third 

duplicate packet from receiver then it check the flag statue 

that it F=0 or F=0.if F=0 then it work as same congestion 

window means cwnd= cwnd/2 otherwise it increase 

condition window cwnd++.Hear in this paper we compare 

the performance of the network in three performance 

parameter: Through, End to end delay and packet delivery 

ratio. 

Parameter Values 

Traffic time TCP 

Simulation time (sec) 100 

Simulation Area 1000 x 1000 

MAC Type 802.11 

Number of nodes 25,50,75,100,125,150 

Connection 10 and 25 

Queue Length 50 
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Routing Protocol AODV 

Table 1: Simulation Setup 

 
Fig. 1: 

For our simulation and implementation, we are 

using ns-2. For that we have used Fedora and form many 

version of the ns-2 we use ns-2.34 for the result processing. 

 
Fig. 2: 

 
Fig. 3: 

 
Fig. 4: 

 
Fig. 5: 

For the node 25,50,75,100,150 we take results and 

compare with the original protocol performance. As shown 

in above results, Goodput of the networks shows the overall 

performance of the network and from the graph we can say 

that as node increase in the network good put of the network 

also increase. So, from the above graph, we conclude that as 

compare to the traditional SACK TCP, modified SACK 

TCP give better performance for the large wireless network.  

II. CONCLUSION 

As shown in all graph modified algorithm give better results 

compare to the traditional SACK TCP. Traditional SACK 

TCP work well for the small network and modified SACK 

TCP works well for the Large network. As shown in the 

results No of Node in the network increase the performance 

of the SACK TCP is decrease but in modified SACK TCP 

as node increase the performance is also increase. 
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