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Abstract: Reliable delivery of data across the network is assured by Transmission Control Protocol 

(TCP) which performs well in wired networks with low bit-error rates. But in wireless networks, links 

have higher bit-error rates; violating many of the assumptions made by TCP, causing performance 

degradation. This paper proposes a modification in congestion control mechanism of TCP Westwood. 

The proposed algorithm, Westwood-M, dynamically adjusts the congestion window (cwnd) in Slow Start 

(SS), Additive Increase (AI) and Multiplicative Decrease (MD) phases. The proposed algorithm 

calculates the appropriate threshold using Round  Trip  Time (RTT) estimation and set cwnd according to 

be estimated threshold. A good threshold and cwnd improves the transmission performance of TCP. 

Results carried out in NS2 simulator shows considerable improvement in TCP performance than standard 

TCP variants. 

Keywords: TCP, RTT, Slow-Start threshold, Congestion window, Wireless network. 

Introduction 

Recent activity in wireless network strongly indicates that wireless communication is an integral part of the 

Internet, and it is expected to design protocol in such a way, which efficiently increases performance in the wireless 

environment. Wireless communication technology is rapidly developed in recent years due to its high-speed nature 

and reducing communication cost. 

Over the years lot of efforts have been taken to address the Congestion in TCP by proposing various congestion 

control algorithms. TCP provides only end-to-end flow control and relies on packet loss as an indication of the 

occurrence of congestion. TCP performs very well in wired networks and static hosts, but its performance degrades 

in wireless networks where high error rate occurs [1]. 

Past few years, the popularity of wireless communication increases tremendously. A major reason is the ease of 

convenience and low communication cost. With an increase in service data demand, the load on networks increases, 

as a result bandwidth becomes a bottleneck in the wireless application. Hence there is a need to improve TCP 

performance in the wireless network. The key innovative areas are bandwidth improvement, reduction in packet loss 

and gaining throughput by adjusting the congestion window size dynamically. 

TCP is not so comfortable with several emerging applications which are part of wireless communication 

networks including streaming and real-time applications like audio and video. Because of its reliability and ordering, 

semantics increases end-to-end delays and delay variations. Furthermore, many of these applications do not react 

well to the large and abrupt reductions in transmission rate on packet losses that using TCP-style AIMD entails. 
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The paper review different approaches of TCP congestion control and assess their performance. The study of 

various implementation based techniques of managing the slow start threshold and congestion window is carried out 

namely in slow start, congestion avoidance, fast retransmit and fast recovery phases. 

The paper is organized as follows: section II discusses brief analysis of related work. Description of the proposed 

methodology is carried out in Section III. Section IV contains the experimental results and finally Section V 

summarizes our work. 

 
 

1. Relative Work 

Wireless networks have a higher bit error rate [2]. In wireless environment, packet losses are either due to 

congestion or due to wireless channel error. TCP handles it as in wired network environment. It limits sender’s 

transmission rate upon congestion such that it drops transmission rate before retransmitting packets. After that, it 

initiates the congestion avoidance mechanism and retransmits the packets, which results in an unnecessary reduction 

of bandwidth utilization in a wireless environment. This causes significant degradation in the overall throughput of 

the network. 

TCP Westwood (TCPW) is designed to improve the performance of TCP in both wired and wireless networks. 

Instead of packet loss as a signal for network congestion, TCPW uses end-to-end bandwidth as a signal for network 

congestion. TCPW can differentiate packet losses either of due to congestion or cause by wireless channel error 

based upon end-to-end bandwidth estimation (BWE) strategy [3]. If the packet losses are caused by network 

congestion, the TCP sender should decrease the window size to reduce the network load in the networks. On the 

other hand, if the packets losses are caused by wireless channel error, the TCP sender would send more packets to 

recover the losses. 

In [4], the author has categorized various mechanisms designed for performance improvement of TCP. These 

mechanisms are mainly placed into three categories: end-to-end protocols, link-layer protocols and split-connection 

protocols. Loss recovery is addressed by the sender in end to end protocol. To achieve reliability link-layer protocols 

are used. At the base station, split-connection protocols handle the division of end-to-end connection into two parts. 

Authors use throughput as a metric for performance comparison. Variety of experiments is carried out by Authors in 

wired and wireless environment. These results show that without splitting end to end connection also, good 

performance can be achieved. Authors also suggest that performance can be improved by use of selective 

acknowledgments. 

The effect of TCP Westwood+ on regular TCP NewReno is investigated by authors in [5] With the help of NS-2 

simulations, Authors demonstrate that the Westwood+ and NewReno get different shares of the available bandwidth 

in the network. Further Authors explained why these protocols when they compete for available bandwidth get 

different shares. Authors observed that the bandwidth sharing only depends on the ratio between the buffer size at 

the bottleneck router and the bandwidth delay product. In particular, if the ratio is smaller than one, then TCP 

Westwood+ takes more bandwidth, whereas if the ratio is greater than one, TCP NewReno gets the larger part. 

Authors suggest that the introduction of TCP Westwood+ solves the unfairness problem for large buffer sizes but  

the unfairness problem is still there for small buffers. 

Author is suggests to monitor the rate of returning acknowledgements to decide sender side bandwidth in [3]. It 

helps to decide size of congestion window to half the original after three duplicate acknowledgements. It also reset 

the slow start threshold value. A proposed mechanism in wireless scenario is effective where radio channel 

disturbances are misinterpreted as congestion, leading to unnecessarily reducing the window size and causing 

network resources underutilized. Authors observed that in a hybrid network such as wired and wireless scenario, 

TCP Westwood is more effective. Authors suggest that there are no overheads required for a specialized link layer 

protocol using TCP Westwood. Authors proposed a new version of the TCP protocol, TCP Westwood (TCPW), 

aimed at improving performance under random or sporadic losses. TCPW has been tested through simulation, 

showing considerable throughput gains in almost all wireless scenarios. The benefit’s of using bandwidth estimation 

in addition to packet loss have been fully demonstrated in a very broad range of wireless scenarios. The issue of 

fairness and friendliness has been addressed. 

TCP Westwood works for both wired and wireless networks. In [6] authors propose a modification in Westwood 

algorithm to enhance its performance. Author gave name to this algorithm as WestwoodNew. Based on the network 

status, Author proposes a new estimation in his proposal to congestion window algorithm for congestion avoidance 
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of TCP Westwood. Also TCP WestwoodNew introduces a new estimation for Retransmission Time Out (RTO). 

Author compares experimental results using NS-2 simulator of the proposed TCP WestwoodNew with original 

TCP-Westwood. Proposed algorithm achieves better throughput and reduces delay than TCP Westwood. 

Authors suggest a huge IP network is expected to emerge in the near future by means of convergence of various 

networks in [7]. However, Transmission Control Protocol, providing reliable communication over IP networks, 

poses several significant performance issues. Author explains that the small buffer problem, unfair bandwidth 

allocation, and throughput degradation in wireless environments have been widely known issues in TCP 

communications. Author examines the causes of these problems from the viewpoint of window control theory. 

Author suggests that while TCP employs additive-increase multiplicative-decrease theory as a window control 

policy, the lack of flexibility of its static AIMD control is the basic cause for its performance degradation. After 

briefly reviewing TCP enhancements that utilize various modified AIMD control schemes, author introduces 

explicitly synchronized TCP, which employs a dynamic AIMD window control mechanism by employing feedback 

information from network nodes. 

Authors propose a scheme that dynamically adjusts the slow start threshold (ssthresh) of TCP [8]. For the 

congestion avoidance state, authors present a mechanism that probes the available bandwidth. Authors adjust the 

congestion window size (cwnd) appropriately by observing the round trip time (RTT) and reset the ssthresh after 

quick retransmission or timeout using the ssthresh estimation. Then the TCP sender can enhance its performance by 

using the ssthresh estimation and the observed RTT. Simulation results show that proposed scheme of authors 

effectively improves TCP performance. 

Author presents a mechanism in [9] that deals with the available bandwidth for congestion avoidance state. Based 

on observations of RTT, Author suggested adjusting the congestion window size appropriately. Author also provides 

guidelines for resetting ssthresh after quick retransmission or timeout using ssthresh estimation. Author presented a 

concept for TCP protocol in dynamic bandwidth environment. The proposed scheme observes variations of RTT  

and adjusts congestion window effectively to improve performance. TCP sender performance is enhanced due to 

estimation of ssthresh and observation of RTT. The proposed mechanism utilizes the bandwidth efficiently. In order 

to improve the performance of TCP in wired and wireless network, author has suggested that researchers can refine 

the adjustment of congestion window in congestion avoidance phase according to degree of variation of RTT. 

Internet conditions are dynamic, which leads authors to ask if the various proposed slow congestion control TCP- 

compatible algorithms are compatible under dynamic conditions as well. Authors in [10] found that most of the TCP 

compatible algorithms which are studied appear to be safe for deployment; However, authors also found that in 

return for smoother transmission rates, slowly-responsive algorithms lose throughput to faster ones (like TCP) under 

dynamic network conditions. 

Author proposes the key concept of finalizing optimal size of congestion window at sender side in [11]. Author 

suggests that unless there is a drastic change in fair share, maintain congestion window as fixed in size. Wireless 

network is inherently loss prone in nature. The proposed mechanism is efficient specifically for wireless links. 

Author proposes a sender modification of TCP congestion control algorithm whose performance is compared with 

the performance of constant congestion window phase. Author also gives a thought of determining congestion 

window dynamically. 

Authors in [12] present a survey of five congestion control schemes with their characteristics, algorithms and 

assumptions. A comparison of their assumption, bandwidth estimation, window size manipulation, slow start phase, 

retransmission phases, a congestion avoidance phase and performance evaluation methods is conducted. The need 

for an efficient method to optimally utilize available bandwidth is essential in the wireless links of combined wired 

and wireless networks. Some schemes propose efficient estimation techniques of available bandwidth in a dynamic 

internet environment while others schemes effectively manipulate the congestion window and set the slow start 

threshold. 

 

 

2. Proposed Methodology 

TCP Westwood is a sender side modification [3]. When a sender receives acknowledgment from receiver side for 

transmitted packet, it estimates the bandwidth used by connection. Upon every reception of acknowledgement, 

sender calculates bandwidth estimation means how much data is delivered to receiver over the time. 
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The proposed algorithm is a modification of TCP Westwood referred as Westwood-M. It modifies slow start, 

congestion avoidance and fast retransmit phases of Westwood which improve TCP performance significantly. Many 

TCP variants use traditional slow start to probe for extra bandwidth into the network i.e. exponential increase in 

congestion window upon receiving acknowledgment. Until a predetermined threshold is reached congestion window 

is increased exponentially. By setting the initial slow start threshold (ssthresh) of TCP to an arbitrary value, TCP 

performance may degrade. To avoid such degradation ssthresh is set dynamically on the basis of RTT estimation. 

Standard congestion avoidance algorithm defines AIMD (Additive Increase Multiplicative Decrease) approach in 

which congestion window growth is linear. The proposed algorithm modifies congestion window in a nonlinear 

manner once ssthresh is reached. The proposed algorithm modifies additive increase phase by increasing cwnd more 

than one packet per every RTT and decrease cwnd by reducing up to certain limit using the binomial algorithm. 

In the proposed method, we are going to achieve TCP enhancement of transmission in a variable bandwidth 

wireless network. The network bandwidth changes constantly in the wireless network due to sporadic nature. To 

achieve effective available bandwidth utilization, TCP must probe extra bandwidth by initializing ssthresh value 

properly. A scheme proposed in [6] set dynamically the slow start threshold and handle congestion window size 

effectively. 

 
 

Slow Start Threshold Estimation 

The Round Trip Time (RTT) is used to estimate slow start threshold value. To obtain appropriate rate of 

ssthresh, expected rate is combined with actual rate. Appropriate rate of β is initialled in between 0 to 1. If β is close 

to 1, the appropriate rate would get closer to the expected rate. It is calculated as below: 

Expected rate = congestion window / Min_RTT ; 

Actual rate = congestion window / RTT ; 

Appropriate rate = Expected rate *β + Actual rate*(1- β); 

 
 

Slow start phase 

TCP enters in this phase when the connection is initiated or on timeout. 

On receipt of acknowledgment 

If cwnd smaller than ssthresh 

ssthresh = Appropriate rate * Min_RTT / seg_size 

else 

set cwnd to size of ssthresh 

// Enter in congestion avoidance phase. 

 
 

Non-linear growth of congestion window 

Additive increase approach has congestion window growth linear. Here, we use the binomial algorithm to 

achieve better utilization of bandwidth through nonlinear growth of the congestion window. This algorithm named 

as binomial because their expressions involve the addition of two algebraic terms with exponents. The expression 

for increase and decrease of congestion window as follows: 

For increase: 

 
 

For decrease: 

CWNDT + R = CWNDT + α / CWNDT P ; α > 0 

 

CWNDT + δT = CWNDT – β CWNDT Q ; 0< β < 1 
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CWNDt be the congestion window at time T, R is the RTT of flow and α, β be the constant i.e. additive and 

multiplicative factor respectively. P, Q is the constants. The condition is (P + Q) should be less than or equal to one. 

These possess the property that any Q < 1 has decrease that in general less than multiplicative decrease. Because 

of that, they are suitable for wireless applications. 

 
 

AIMD phase 

TCP enters in this phase when ssthresh is set. 

If cwnd greater than ssthresh 

cwnd = cwnd + 1 / pow (cwnd, P ) 

if timeout occurs 

cwnd = cwnd – 1/ pow (cwnd, Q) 

 
 

3. Experimental Results 

In this experiment, we compare performance for simple wired-cum-wireless topology. We present the simulation 

methodology used to evaluate the performance of Westwood-M. The modification is done at sender side and 

simulations are performed using NS-2 simulator. Three different scenarios are considered for performance 

evaluation of proposed algorithm Westwood-M. Throughput, Bandwidth utilization and packet loss are chosen as 

performance measurement parameters for comparison. 

The bandwidth at wireless link is set to 2 Mbps and for wired link it is set to 10Mbps with 10msec delay. 

Throughput is calculated by varying packet loss rate in a wireless network. Duration of simulation is kept 120 sec. 

Traffic is sent between time 10 to 110 sec. 

Various simulations are performed by varying packet loss rate from 1 to 8 % and the impact of variation on 

throughput, packet loss and bandwidth measurement is represented. Experimental results of the proposed algorithm 

are compared with TCP Westwood, New Reno, and Reno. 

 
 

Scenario 1 : Two sender Two receiver 

It is a wired cum wireless topology with two senders and two receivers. In the topology shown in Figure 1, TCP 

connection is created between sender nodes 1, 2 and receiver nodes 1, 2 respectively. Data packets move from fixed 

wired node to wireless node. 

 
 

 
Figure 1. Two sender Two Receiver topology 
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In this topology since two TCP connections are sharing one bottleneck link, there is a fair chance of getting 

congestion. 

Figure 2, shows graphical representation of throughput verses packet loss rate for above topology. We know that 

as packet loss rate increases, throughput decreases. However, compared to other TCP variants such as TCP Reno, 

NewReno and Westwood, the proposed algorithm, Westwood-M, achieves better results. 

 
 

Figure 2. Throughputs vs. Packet loss Rate 

 
Table1 shows that as packet loss increases, throughput decreases, still Westwood-M is better than others. 

 
Table 1. Throughputs with packet loss rate 

 

Packet 

Loss rate 

(%) 

Throughput 

Reno New Reno Westwood Westwood-M 

1 237.633 250.348 374.395 371.571 

2 139.383 162.342 319.503 188.208 

3 134.12 153.039 179.697 280.375 

4 105.691 106.571 255.673 256.633 

5 85.4041 97.7423 132.726 237.936 

6 78.5207 80.0984 125.548 217.163 

7 69.1021 75.9094 154.456 179.36 

 
Figure 3 shows throughput vs. link delay for scenario-1. As link delay increases throughput decreases. However 

the performance of proposed algorithm Westwood-M is still better than TCP Reno, NewReno and Westwood. 
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Figure 3. Throughput vs. Link delay 

 
Figure 4 shows that bandwidth utilized by Westwood-M is better than the Westwood, New Reno, and Reno. As 

packet loss rate varying from 1 to 8%, bandwidth utilization is also decreased. 

 
 

 
Figure 4. Bandwidth utilization vs. packet loss rate 

 
Scenario 2: Three senders and three receivers 

 
Figure 5 shows a wired cum wireless topology with three senders and three receivers. TCP connection is created 

between sender nodes 1, 2, 3 and receiver nodes 1, 2, 3 respectively. Data packets move from fixed wired node to 

wireless node. 
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Figure 5. Three senders Three Receiver topology 

 
Figure 6, shows graphical representation of throughput verses packet loss rate for the topology shown in 

scenario-2. 

 
 

Figure 6. Throughputs vs. Packet Loss Rate for scenario-2 

 
Figure 7 shows throughput vs. link delay for scenario-2. As link delay increases throughput decreases. However 

the performance of proposed algorithm Westwood-M is still better than TCP Reno, NewReno and Westwood. 

 
Figure 7. Throughput vs. Link delay for scenario-2 
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Figure 8 shows that bandwidth utilized by Westwood-M is better than the Westwood, New Reno, and Reno. 

 
Figure 8. Bandwidth utilization vs. packet loss rate for scenario-2 

 
From Table 2 it is clear that bandwidth utilization of Westwood-M is efficient than TCP Reno, NewReno and 

Westwood. 

Table 2. Bandwidth Utilization vs. Packet Loss Rate for scenario-2 

 

Packet 

Loss rate 

(%) 

Bandwidth utilization (%) 

Reno NewReno Westwood Westwood-M 

1 16.365 18.085 22.830 23.105 

3 9.932 10.556 20.155 19.907 

5 6.405 7.569 16.184 16.830 

7 5.277 5.799 10.367 13.751 

 

Scenario 3: One sender Multiple Receiver 

Figure 9 shows a wired cum wireless topology with single sender and three receivers. In this topology, one 

sender is connected to three wireless nodes which are mobile. 

 
Figure 9. one sender Three Receiver topology 
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Figure 10, shows graphical representation of throughput verses packet loss rate for above topology. 

Figure 10. Throughput Vs Packet loss for Scenario-3 

 
Table 3 shows that initially when packet loss is less at that time proposed algorithm is not well but as packet loss 

rate increases, throughput of proposed Westwood-M algorithm also increases. 

Table 3. Throughputs vs. packet loss rate for scenario-3 

 

Packet Loss 

rate (%) 

Throughput 

Reno New Reno Westwood Westwood-M 

1 21.1004 24.4314 25.2517 22.145 

2 17.4757 20.1566 26.8706 24.8853 

3 18.1758 17.7661 13.0481 22.8275 

4 12.9044 21.2621 13.4535 25.1684 

5 12.7009 14.8034 15.8637 25.1134 

6 10.4662 13.7998 5.18411 19.1593 

7 7.90302 9.88107 12.3484 18.334 

 
Figure 11 shows that as packet loss increses, bandwitdh utilization of proposed Westwood-M  algorithm 

decreses, however, in comparion with TCP Reno, NewReno and Westwood, the proposed algorithm performs  

better. 

 

 

Figure 11. Bandwidth Utilization vs. Packet Loss Rate for scenario-3 
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Table 4, shows that as packet loss increases bandwidth utilization decreases, but Westwood-M still performs 

better than Reno, NewReno and Westwood. 

Table 4. Throughputs vs. packet loss rate for scenario-3 

 

Packet Loss 

rate (%) 

Bandwidth Utilization 

Reno New Reno Westwood Westwood-M 

1 1.0550 1.2215 1.2625 0.6072 

2 0.8737 1.0078 1.3435 1.2442 

3 0.9087 0.8883 0.6524 1.1413 

4 0.6452 1.0631 0.6726 1.2584 

5 0.6350 0.7472 0.7931 1.2556 

6 0.5233 0.6899 0.2592 0.9579 

7 0.3951 0.4940 0.6174 0.9167 

 

 

4. Conclusion and Future Scope 

In this paper, we have proposed TCP variant Westwood-M which is a modification in TCP Westwood. It is able 

to overcome the problem occurs in slow start, Additive Increase and Multiplicative Decrease phase. Westwood-M 

uses slow start threshold estimation which sets ssthresh value dynamically and adjusts the congestion window 

appropriately. The proposed Westwood-M algorithm significantly improves the performance of TCP by increasing 

throughput and bandwidth utilization over TCP Reno, NewReno and Westwood. 
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