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Abstract— Performance of Transmission Control Protocol 

(TCP) was analysed in presence of random drops and 

congestion. the analysis proved TCP WestwoodNR (TCP-

WNR) was best to utilise the available bandwidth. TCP 

WestwoodNR protocol controls the window using end-to-

end bandwidth estimation. This Bandwidth Estimation 

continuously estimates bandwidth at the TCP sender based 

on the packet rate of the connection by monitoring the ACK 

reception rate. The estimated connection rate is then used to 

compute congestion window and slow start threshold 

settings after a packet loss occurred. Resetting the window 

to match available bandwidth makes TCP-WNR more 

robust to Random loss as well as in Congestion. The 

conventional TCP over reacts to losses and leading to 

unnecessary window reduction. Experimental studies of 

TCP-WNR show significant improvements in throughput 

performance over Reno and SACK, particularly in wired 

networks. The traditional TCP has many drawbacks like 

unable to distinguish the losses and very much conservative 

to the initial start. In case of Time Out also it is very much 

conservative; the filter implementation was modified from 

conventional TCP-WNR. So the performance was improved 

based on this and the modified TCP-WNR was compared to 

original TCP-WNR. The results show the performance 

comparison of the two protocols. 

Key words: ssthresh- slow start threshold, cwin-congestion 

window, Congestion Avoidance, TCP WestwoodNR, 

Bandwidth Estimated, Random Loss (Link Error) 

I. INTRODUCTION 

TCP is a connection-oriented, end-to-end reliable protocol 

designed to fit into a layered hierarchy of protocols which 

support multi-network applications. The TCP provides 

reliable inter-process communication between pairs of 

processes in host computers attached to distinct but 

interconnected computer communication networks. Not very 

many presumptions are made as to the dependability of the 

correspondence conventions underneath the TCP layer. TCP 

expect it can get a simple,potentially unreliable datagram 

administration from the lower level conventions. On a basic 

level, the TCP ought to have the capacity to work over a 

wide range of correspondence frameworks going from hard-

wired associations with packet switched or circuit-switched 

networks.  

The primary purpose of the TCP is to provide 

reliable, securable logical circuit or connection service 

between sets of procedures. To provide this services on top 

of a less reliable internet communication requires basic TCP 

offices in the accompanying regions:  

 Basic Data Transfer 

 Reliability 

 Flow Control 

 Multiplexing 

 Connection 

 Priority and Security 

II. TCP VARIANTS 

TCP congestion control involves slow start and congestion 

avoidance phases. So as to enhance the execution, a few 

relief systems have been recommended over standard TCP 

variants like NewReno and SACK TCP. The proactive plans 

like, TCP Westwood and TCP WestwoodNR expect to 

enhance flow control and avoid packet losses from 

estimation of certain network parameters. By enhancing the 

fundamental TCP Tahoe, Other adaptations of TCPs are 

designed. Tahoe TCP comprises of slow start, Congestion 

Avoidance and fast retransmission algorithm. In any case, 

the issue with TCP Tahoe is that each time a packet is lost it 

sits tight for a timeout. TCP Reno includes "fast recovery" 

to the Tahoe TCP as an additional feature. At the point when 

a first packet lost is happened, it cuts its cwin by half. The 

issue with TCP Reno is in a single window at whatever 

point there is a multiple packet loss, it carries on same like 

TCP Tahoe. TCP NewReno is, in an adjustment made in 

TCP Reno, where TCP sender retransmit the packet either 

on gathering of three dupacks or lapse of retransmission 

time clock. In New-Reno, partial acks don't take TCP out of 

Fast Recovery. Rather, acks got amid Fast Recovery are 

dealt with as a sign that the packet quickly taking after the 

recognized packet in the arrangement space has been lost, 

and ought to be retransmitted. Consequently, when different 

packets are lost from a single window of information, New-

Reno can recuperate without a retransmission timeout, New-

Reno stays in Fast Recovery until all of the data outstanding 

when Fast Recovery was started will get recognized. Yet, 

the issue with TCP Newreno is that when huge measure of 

packets dropped from the window of data, TCP option send 

retransmit the truth will surface eventually lapse. TCP Sack 

choice takes after the arrangement in the SACK option field 

contains various SACK blocks, where every SACK block 

reports a non-coterminous arrangement of information that 

has been received. Be that as it may, the issue with TCP 

Sack is that as of now selective acknowledgements are not 

gave by the receiver.TCP Westwood& TCP WestwoodNR 

introduces "faster" recovery to dodge over-shrinking so as to 

contract cwin after three copy ACKs into record the end-to-

end estimation of the data transmission accessible to 

TCP.TCP Westwood utilizes the badwidth appraisal to set 

the cwin&ssthresh after a congestion episode. Additionally, 

it utilizes the same features with TCP Reno. Yet, the issue 

with TCP Westwood is that it discards the router’s buffer 

size. Subsequently, changes done to execute TCP 

WestwoodNR are similar to the ones actualized in the move 

from TCP Reno to TCP Newreno. TCP-WNR was meant to 

enhance execution under arbitrary or sporadic losses. This 

variant was tried through reproduction and indicated 
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impressive addition as far as throughput in all situations [1-

6]. 

III. OVERVIEW OF TCP WESTWOODNR 

In TCP WestwoodNR the sender ceaselessly figures the 

association Bandwidth Estimate (BWE) which is 

characterized as the share of bottleneck data transfer 

capacity utilized by the connection. Along these lines, BWE 

is equivalent to the rate at which information is conveyed to 

the TCP receiver. The estimate depends on the rate at which 

ACKs are received and on their payload. After a packet loss 

indication, (i.e, reception of 3 copy ACKs, or timeout 

expiration). The sender resets the congestion window and 

the slow start threshold of BWE. More precisely, cwin = 

BWE x RTT [7,8].  

To comprehend the justification of TCP-WNR, 

note that BWE various from stream to stream having the 

same bottleneck; it relates to the rate really accomplished by 

every individual acknowledgement. In this way, it is a 

FEASIBLE (i.e. achievable) rate by definition. Therefore, 

the accumulation of all the BWE rates, as estimated by the 

associations having the same bottleneck, is a FEASIBLE 

set. At the point when the bottleneck gets to be saturated and 

packets are dropped, TCP-WNR chooses an arrangement of 

congestion windows that compare precisely to the deliberate 

BWE rates and in this manner recreate the present individual 

throughputs. The solution is practical, yet it is not ensured 

essentially to be "fairshare." An extra property of this plan, 

depicted in Section III, drives the rates to the same harmony 

point and makes it "fair share" under uniform propagation 

delays and single bottleneck presumptions.  

Another imperative component of this 

methodology is the RTT estimation. RTT is required to 

figure the window that supports the evaluated rate BWE. 

Preferably, the RTT ought to be measured when the 

bottleneck is empty [18, 19]. By and by, it is set equal to the 

minimum round trip delay (RTTmin) measured so far on 

that connection (in view of continuous monitoring of ACK 

RTTs).  

A. Setting Cwin and Ssthresh In TCP-WNR  

Further insights in regards to bandwidth estimation are 

given in taking after segments. For the time being, let us 

accept that a sender has determined the connection 

bandwidth estimation (BWE), and let us depict in this area 

how BWE is utilized to appropriately set cwin and ssthresh 

after a packet loss indication.  

Initially TCP-WNR, congestion window 

increments during slow start and congestion avoidance 

remain the same as in Reno [21], that is they are exponential 

and linear, separately. A packet loss is demonstrated by (a) 

the reception of 3 DUPACKs, or (b) a coarse timeout 

expiration. In the event that the loss indication is 3 

DUPACKs, TCP-WNR sets cwin and ssthresh as takes after:  

if (3 DUPACKs are received)  

ssthresh = (BWE * RTTmin)/seg_size;  

if (cwin>ssthresh)/* congestion avoidance */  

cwin = ssthresh;  

endif  

endif  

In the pseudo-code, segment size identifies the 

length of a TCP segment in bits. Note that the reception of n 

DUPACKs is trailed by the retransmission of the missing 

segment, as in the standard Fast Retransmit executed by 

TCP Reno. Likewise, the window development after the 

cwin is reset to ssthresh takes after the standards set up in 

the Fast Retransmit calculation (i.e. cwin develops by one 

for each further ACK, and is reset to ssthresh after the first 

ACK recognizing new information). During the congestion 

avoidance stage examining for additional accessible 

bandwidth was done. Along these lines, when n DUPACKs 

are received, it implies that data hit the system limit (or that, 

on account of wireless connections, one or more portions 

were dropped because of sporadic misfortunes). In this 

manner, the slow start threshold is set equivalent to the 

window fit for delivering the deliberate rate BWE when the 

bottleneck buffer is empty (specifically, BWE*RTTmin). 

The congestion window is set equivalent to the ssthresh and 

the congestion avoidance phase is entered again to tenderly 

test for new accessible bandwidth.Note that after ssthresh 

has been set, the congestion window is set equivalent to the 

start threshold only if cwin>ssthresh. It is conceivable that 

the current cwin may be beneath threshold. This happens 

aftertime-out for instance, when the window is dropped to 1 

as talked about in the accompanying segment. During slow 

start, cwin still components an exponential increment as in 

the present usage of TCP Reno.  

In case a packet loss is indicated by timeout expiration, cwin 

and ssthresh are set as follows:  

if (coarse timeout lapses)  

cwin = 1;  

ssthresh = (BWE * RTTmin)/seg_size;  

if (ssthresh< 2)  

ssthresh = 2;  

endif;  

endif 

B. Bandwidth Estimation 

The TCP-WNR sender utilizes ACKs to gauge BWE. All 

the more accurately, the sender utilizes the accompanying 

data: (1) the ACK arrival times and, (2) the increment of 

data delivered to the destination. Let us assume that an ACK 

is received at the source at time tk, notifying that dk bytes 

have been received at the TCP receiver. Used Sample 

Bandwidth can be measured at connection as bk¬=dk/(tk–

tk-1), where tk-1 is the time the previous ACK was 

received. Letting Δtk=tk–tk-1, then bk=dk/Δtk.Since 

congestion occurs whenever the low-frequency in put traffic 

rate exceeds the link capacity, we employ a low pass filter is 

employed to average sampled measurements and to obtain 

the low-frequency components of the available bandwidth. 

More precisely, following discrete approximation of the low 

pass filter due to Tustin was done.  

Let bk be the bandwidth sample, and   the filtered 

continuous first order low-pass filter using the Tustin 

estimate of the bandwidth at time tk. Let αk be the time-

varying exponential filter coefficient at tk¬. The TCP-WNR 

filter is then given by 
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And 1/τ is the filter cut-off frequency. 
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Notice the coefficients rely on upon to appropriately reflect 

the variable between entry times [9, 10]. 

A number of considerations must be taken into account 

while interpreting the information that a returning ACK 

carries regarding delivery of segments to the destination. 

Two of these considerations are: 

1) An ACK i received by the source implies that a 

transmitted packet was delivered to the destination. 

ADUPACK also implies that a transmitted packet was 

delivered, triggering the transmission by the receiver of 

the DUPACK. Thus, DUPACKs are considered in 

estimating bandwidth.  

2) TCP ACKS can be “delayed,” i.e., receivers wait for a 

second packet before sending an ACK, until 200 ms 

elapse in which case an ACK is sent without waiting. 

Delayed ACKs are also accounted for by our scheme. 

These things are incorporated into our usage of TCP-

WNR under Linux [11]. 

IV. IMPROVED VERSION OF TCP WESTWOODNR 

A. Differentiate Losses 

It is required to see that how to differentiate the losses due 

to link failure or congestion? For this process, the RTT 

(Round Trip Time) value was used to differentiate the 

losses. Thus RTT value was analysed. Select the observed 

RTT value in period of time as a sample space, using the 

following formulas. 

The RTT values can be analysed in the k period of 

time to determine whether the network is in congestion or 

not. When the packet loss happens, we determine directly 

the relationship between the two most recent delay data 

RTTk and RTTk-1. Here RTTk¬¬ is the current value of 

RTT estimate & RTTk-1¬ is the previous value of RTT 

estimate [12, 13]. 

If the RTTk-1¬  is larger than the RTTk-1, it means 

delay is increasing, one can consider that packet loss is 

caused by network congestion;  otherwise packet loss is the 

result of random errors in the wireless link network, and the 

network is not in congestion state, so one can take the 

different relevant measures [14]. 

Thus Based on RTT Estimation value, one can 

consider that packet loss is caused by the congestion or by 

the link failure. If the packet loss is caused by the link 

failure, there is no need to reduce the cwin value. In the link 

failure condition, network has ability so send the data in a 

higher way, but original WestwoodNR has no significant 

way to define this losses. So in modification process this 

formula was used and increase the flow when packet loss is 

done by the link failure. 

B. Modification In Bandwidth Estimation 

Let bk be the bandwidth sample, and bk the filtered 

continuous first order low-pass filter using the Tustin 

estimate of the bandwidth at time tk. Let αk be the time-

varying exponential filter coefficient at tk. The TCPW filter 

is then given by 

C. Modification In Slow-Start Algorithm 

This Function is called whenever connection is established. 

Whenever there is a connection start up, there is more 

capacity to send the data. This is a place where  flow can be 

increased if network supports. Algorithm for this 

modification is as shown under below: 

Initialize: cwin = 1.4; 

For (each segment ACKed)  

cwin ++;  

Until (congestion event or cwin>ssthresh) 

D. Modification When 3 DUPACK Action 

This function is called whenever there is come 3 DUPACK 

in the sender side. First it sets the ssthresh value based on 

the bandwidth estimation scheme. In this Function, it used 

our new bandwidth estimation scheme. 

Also in this function, the losses can be 

differentiated, whether it is caused by the congestion or by 

the link failure based on RTT estimation scheme which is 

also describe above [20]. Also if packet loss is caused by the 

link failure, it means that there is no congestion in the 

network and still there is a loss so congestion window can 

be increased and if packet loss is caused by congestion, it 

means that there is packet loss by network congestion. The 

original protocol was modified and procedure runs in the 

same as original protocol behaviour [15, 16]. Algorithm for 

this modification is as under below: 

if (3 DUPACKs are received) 

ssthresh=(BWE*RTTmin)/seg_size; /*As per Modified 

Bandwidth Estimation*/ 

if (cwin>ssthresh) /* congestion avoid. */ 

cwin = ssthresh; 

if((RTTk>0)&&(RTTk<RTTk-1)) /*Packet Loss By 

Random Error*/ 

cwin = cwin + (2/cwin); 

else 

cwin = cwin +(1/cwin);  /*Packet Loss By Congestion*/ 

endif 

endif 

E. Modification When Time-Out Occurs 

This function is called whenever there is time-out. First it 

sets the ssthresh value based on the bandwidth estimation 

scheme. In this Function, it used our new bandwidth 

estimation scheme which is described above. 
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Also in this function, the losses were differentiated, 

whether it is caused by the congestion or by the link failure 

based on RTT estimation scheme which is also describe 

above. Also if packet loss is caused by the link failure, it 

means that there is no congestion in the network and still 

there is a loss so we increase the cwin value by half window 

and if packet loss is caused congestion, it means that there is 

packet loss by network congestion. So the cwin value is 

changed to lower value and it sets cwin value to 2. 

Algorithm for this modification as under below: 

Let’s understand some function. 
1) Windowd() 

This is the value of cwin at the current time whenever it is 

calculated. Basically it is the value of current value of cwin 

at a given time. 
2) Halfwin 

This is is define by windowd()/2 means it is the half cwin 

value at a given time. 

if (coarse timeout occurs) 

ssthresh=(BWE* RTTmin)/seg_size; /*As per Modified 

Bandwidth Estimation*/ 

if((RTTk>0)&&(RTTk<RTTk-1))   /*Packet Loss By 

Random Error*/ 

cwin = halfwin; 

else 

cwin = 2;   /*Packet Loss By Congestion*/ 

endif 

endif 

V. PERFORMANCE ANALYSIS OF IMPROVED TCP 

WESTWOODNR 

In this section a set of results of performance comparison 

between TCP WestwoodNR and TCPs Reno, Sack and 

Westwood. In order to be aware of the perturbations and 

interactions of TCP WestwoodNR, impact on Throughput 

was to be analysed by two factors (error rate, bottleneck 

bandwidth). Throughput is a common metric of TCP 

Performance. All simulations presented in this paper were 

run using the Network Simulator version 2.35 [17].  

A. Impact of Error Rate On Throughput 

A point to point link was created with three nodes like n0, 

n1, n2. Duplex Link is given between n0 to n1 and n1 to n2 

with 100mb of Bandwidth and 250 millisecond of Delay. 

Define TCP Agent original WestwoodNR with Modified 

WestwoodNR(TCP-WNR-IF) at n0 and give the flow 

between n0 to n2. Start All simulation at 0.2 second and stop 

simulation at 300 second. Total Simulation Time is also 

300.2 second. Following Basic Topology is as shown in Fig. 

1. 

Throughput of Different TCP Agent like NewReno, 

SACK, WestwoodNR was analysed with different Error 

Rates like 0.001, 0.01, and 0.1 and the throughput of both 

TCPs like original & modified TCP WestwoodNR was 

evaluated. Finally, it was observed that which protocol gives 

the better throughput among these TCPs. Let’s analyze this 

scenario with different values of error rate. 

 Fig. 1: End to End Connection Network 

 

Fig. 2: Throughput of TCPs with 0.001 Error Rate 

In Fig. 2, it is observed that when Error Rate is 

0.001 TCP WestwoodNR has 1.059 Mbps of average 

throughput and TCP WestwoodNR-IF has 1.071 Mbps of 

average throughput. Thus one can say that our modified 

protocol works better than the original ones. Then this 

scenario was analysed with some other error rate and 

observed how they perform with higher rate. 

Each time throughput of TCP Agent of original & 

modified TCP WestwoodNR was analysed. 

 

Fig. 3: Throughput of TCPs with 0.01 Error Rate 

In Fig. 3, As the Error Rate was increased. It is 

prominent to see that the throughputs of both TCPs are 

slightly degraded with the lower error rate. From Fig. when 
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Error Rate is 0.01 TCP WestwoodNR has 0.792 Mbps and 

TCP WestwoodNR-IF has 0.813 of average throughput. 

 

Fig. 4: Throughput of TCPs with 0.1 Error Rate 

In Fig. 4, as the Error Rate was increased, one can 

see that the average throughputs of both TCPs are slightly 

degraded with the lower error rate. From Fig, it is clear that 

when Error Rate is 0.1 TCP WestwoodNR has 0.097 Mbps 

and TCP WestwoodNR-IF has 0.133 of average throughput. 

B. Impact of Bottleneck Bandwidth On Throughput 

First the creation of five nodes like n0, n1, n2, n3, n4. 

Duplex Link between n0 to n3, n1 to n3, and n2 to n3 with 

15mb of Bandwidth and 0 second of Delay was introduced. 

Then We give Duplex Link between n3 to n4 with different 

bottleneck bandwidth of 1mb, 2mb, 5mb & 10mb of 

Bandwidth and 50 second of Delay. Define TCP Agent 

WNR-IF with n0 and give the flow between n0 to n4. 

Define TCP Agent/Westwood with n1 and give the flow 

between n1 to n4. Define TCP Agent/WestwoodNR with n2 

and give the flow between n2 to n4.   Start All simulation at 

0.2 second and stop simulation at 50 second. Topology is 

shown in Fig. 5. 

 Fig. 5: Bottleneck Link Network 
1) Bottleneck Link with 1mbps of Bottleneck Bandwidth 

In the topology shown in Fig. 5 the throughput of TCP 

Agent of WestwoodNR-IF, Westwood and WestwoodNR 

with 1Mbps Of Bottleneck Bandwidth was analysed. 

 

Fig. 6: Throughput of TCPs with 1Mbps Of Bottleneck 

Bandwidth 

In Fig. 6, Bottleneck Link with 1Mbps of Bottleneck 

Bandwidth is introduced, the throughput of all TCPs 

consistent with TCP Westwood has higher throughput, TCP-

WNR has the middle throughput among both & TCP- 

WNR-IF has lowest throughput up to 40 second. But after 

this our new modified protocol linearly increase throughput 

& gives the best result compare with both original ones. 

Here TCP Westwood has 322 Kbps of average throughput, 

TCP WestwoodNR has 320 Kbps of average throughput and 

TCP WestwoodNR-IF has 315 Kbps of average throughput. 
2) Bottleneck Link with 2mbps Of Bottleneck Bandwidth 

The topology given in 1.1.2 was used. Throughput was 

analysed for TCP Agents, TCP WestwoodNR-IF, Westwood 

and WestwoodNR With 2Mbps Of Bottleneck Bandwidth. 

 

Fig. 7: Throughput of TCPs with 2Mbps Of Bottleneck 

Bandwidth 

In Fig. 7, can see that in Bottleneck Link with 

1Mbps of Bottleneck Bandwidth, the throughput of TCP 

Agent WestwoodNR is 620 Kbps, Westwood has 600 Kbps 

of average throughput and TCP WestwoodNR-IF has 730 

Kbps. Thus from this analysis it is observed that 
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WestwoodNR utilize of around 31% of bandwidth, 

Westwood utilize upto 30% of bandwidth and 

WestwoodNR-IF utilize 36.5 % of bandwidth. 

B.3 Bottleneck Link with 5mbps Of Bottleneck 

Bandwidth.The used topology is as given in Fig. Analysis 

for the throughput of TCP Agents, WestwoodNR-IF, 

Westwood and WestwoodNR With 5Mbps Of Bottleneck 

Bandwidth was done. 

 Fig. 8: Throughput Of TCPs with 5Mbps Of Bottleneck 

Bandwidth 

In Fig. 8, one can see that the Bottleneck Link with 

1Mbps of Bottleneck Bandwidth was created. The average 

throughput of TCP Agent WestwoodNR is 1.58 Mbps, 

Westwood has 1.55 Mbps of throughput and WestwoodNR-

IF has 1.9 Mbps. Thus From this analysis WestwoodNR 

utilize of around 31.6% of bandwidth, Westwood utilize up 

to 31% of bandwidth and WestwoodNR-IF  utilize 38% of 

bandwidth. 

C. Node Movement In Wireless Topology 

Next a node movement in wireless topology was introduced. 

In this environment, the nodes are not fix at the same 

position. They are moving in different scenario. The 

environment for the topology is discussed as below: 

There are 3 nodes with n0, n1, and n2. Node 

connection is done in following way. Nodes n0 to n1 and n1 

to n2 are connected via wireless links. The node positions 

are introduced as the given axis. n0 at (X,Y) = (200,300), n1 

at (400,300), and n2 at (600,200). TCP Agent like modified 

TCP WestwoodNR and original TCP WestwoodNR are 

implemented at n0 and the data flow from source n0 to 

destination n2 was initiated. Starting both simulations at 0.2 

second and stopped at 250.0001 second. The movement of 

nodes have been done at different times. At 10 second, node 

2 sets (700,200) at 50 meter/second speed. Thus at this time 

node 2 move towards go into this position. Next at 20 

second, node 2 sets back in the same position at (600,200). 

So node 2 come back into the same position at the speed of 

50 m/s. Then at 60 second, two node movements introduced 

at the same time like node 1 sets (700,500) and node 2 set 

(400,300) at 50 m/s speed. Thus both nodes move in their 

positions. Finally at 100 second these both nodes settled at 

the same original positions i.e. node 1 at (400,300) and node 

2 at (600,200).  Analysis of the throughput of TCPs in this 

environment was done. 

Here at 10 second, node 2 start to go towards the 

position at (700,200) at 50 m/s, it’s original position is 

(600,200). So it takes only two second to reach its new 

position. Now First when in its original position, the data 

goes into their destination via node 1. Now the distance 

between node 1 and node 2 after 12 second is 300 meter. 

But in wireless network cases, it has maximum of 250 meter 

of broadcast. Thus it can’t any more data to their 

destination. There are not receiving of any data. After 20 

second, it sets its original position of (600,200) at 50 m/s. So 

finally it reaches its destination in next 2 second. So finally 

it reaches there at 22 second and now further the data has 

been received by the receiver & finally flows begin. 

Now at 60 second, movement of two nodes was 

introduced. Node 1 sets (700,500) and node 2 sets at node 1 

original position at (400,300). Both are running at 50 m/s. 

So within 4 second both nodes reach at their new node 

position. So finally at 64 second, Node 0 means source 

direct send data to the node 2 that is receiver via no router 

like node 1. This happens up to 100 second. Finally at 100 

second, both node sets position at their original position like 

node 1 at (400,300) and node 2 at (600,200) with 50 m/s. So 

within next 4 second, they reach their original position. 

Further it starts the same scenario while starting this 

simulation. This topology is shown and their respective 

throughput is discussed: 

 Fig. 9: Node Movement in Wireless Network 

The throughput analysis of TCP Agent Of TCP 

WestwoodNR-IF and WestwoodNR was done. 
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 Fig. 10: Throughput of TCPs in Node Movement in 

Wireless Network 

From Fig.10, First source starts sending the data to 

the destination in first 10 second. After that it was required 

to set the node 2 position at the out of coverage area. So 

after 12 second there is no reception of data by the receiver. 

As it can be observed from the Fig., there is decreasing the 

throughput of both TCPs. Then they start sending data after 

22 second. But still 33sec there is a decrease in throughput. 

Then node 2 receives the data and start increasing the 

throughput up to 62 second. Next further there is a change in 

the node position of node 1 and node 2. At that moment, 

now node 0 can directly send the data to the node 2 at the 

receiver. So for two second it decreases the throughput of 

both TCPs. But after some moment of time, node 2, the 

receiver again receives the data and there is an increase in 

the throughput up to 100 second. Then position of both node 

1 and node 2 were set finally at their original position. So at 

the time of movement there is some decrease of throughput 

and for the times to get back their original position 

throughput improves. One can observe the transactions of 

throughput in the graph.  

Thus it is very clear that TCP WestwoodNR-IF 

have much better throughput compared to the original TCP 

WestwoodNR. Both have same changes in the throughput in 

the handoff strategy. But there is always higher throughput 

of our modified protocol compare with the original protocol. 

So it is more useful protocol in the discussed scenarios. 

VI. CONCLUSION 

TCP WestwoodNR estimates bandwidth and adjusts the 

cwin and ssthreh after loss detection. It sets bandwidth to the 

measured rate currently experienced by the connection, 

rather than using the conventional MD scheme. 

TCPWestwoodNR differs from Reno as it adjusts the 

congestion window after  loss detection by setting it to the 

measured rate currently experienced by the connection, 

rather than using the conventional multiplicative decrease 

scheme. The modifications were done in basic TCP-WNR 

for loss discrimination based on RTT. Initial flow was 

improved also the filter equation is modified to improve the 

performance. If there is no much competing traffic the more 

effectively the bandwidth can be utilised so the basic 

algorithm was modified. TCP WesrwoodNR-IF estimates 

bandwidth on each acknowledgement receptions. And it 

effectively utilise the estimation of bandwidth in normal 

case also. 
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