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ABSTRACT 
TCP is the most used transport protocol in Internet. It has a data stream control based on TCP 
Window. This control implementation has several options and there are still different proposals 
to enhance it. When using TCP to transfer data the two most important factors are the TCP 
window size and the round trip latency. In this paper we will investigate the effect that the size 
of the flow control window has on the throughput of a TCP connection by using simulation 
parameters like-file size (bytes), inter request times (seconds), packet latency time (sec). Several 
simulations have been run with OPNET in order to acquire a better understanding of these 
parameters and the way they perform their functions. 

   Key Words : Software engineering education, Reflective learning and teaching, Flow control, 
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INTRODUCTION 

TCP (Transmission Control Protocol) is a 
means for building a reliable communications 
stream, enabling two hosts to establish a 
connection and exchange streams of data made 
up a large number of discrete packets of data. 
TCP guarantees delivery of data and also 
guarantees that packets will be delivered in the 
same order in which they were sent1. 
The Transmission Control Protocol (TCP) is 
one of the core protocols of the Internet 
Protocol Suite. TCP is one of the two original 
components of the suite, complementing the 
Internet Protocol (IP), and therefore the entire 
suite is commonly referred to as TCP/IP.2 An 
internetwork differs from a single network 
because different parts may have different 
topologies, bandwidths, delays, packet sizes 
and other parameters3. TCP provides reliable, 
ordered delivery of a stream of bytes from a 
program on one computer to another program 
on another computer.TCP provides a 
connection oriented, reliable, byte stream 
service. The term connection-oriented means 

the two applications using TCP must establish 
a TCP connection with each other before they 
can exchange data.4 It is a full duplex protocol, 
meaning that each TCP connection supports a 
pair of byte streams, one flowing in each 
direction. TCP includes a flow-control 
mechanism for each of these byte streams that 
allow the receiver to limit how much data the 
sender can transmit.  
TCP also implements a congestion-control 
mechanism.TCP service is obtained by both 
the sender and receiver creating end points 
called sockets. Each socket has a socket 
(address) number consisting IP address of the 
host and 16 bit number local to that hosts 
called a port. A port is the TCP name for a 
TSAP (Transport Services Access Point) is an 
end-point for communication between the 
Transport  layer (layer 4) and the Session layer 
in the OSI (Open Systems Interconnection) 
reference   model   from  TCP   service   to  be 
obtained, a connection must be explicitly 
established between a sockets on the sending 
machines and a socket on the receiving 
machine.3 * Author for correspondence 
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The basic protocol used by the TCP entities is 
the sliding window protocol. When a sender 
transmit a segment, it also starts a timer, when 
the segments arrive at the destination, the 
receiving TCP entity sends back a segment 
bearing an acknowledgement number equal to 
the next sequence number it expects to receive 
if the sender timer goes off before the 
acknowledgement is received the sender 
transmit the segment again.5,6 
In addition, TCP implements a highly tuned 
congestion-control mechanism. The idea of 
this mechanism is that how fast TCP sends 
data to keep the sender from overloading the 
network. The idea of TCP congestion control 
is for each source to determine how much 
capacity is available in the network, so that it 
knows how many packets it can safely have in 
transmit. It maintains a state variable for each 
connection called the congestion window, 
which is used by the source to limit how much 
data it is allowed to have in transit at a given 
time. TCP uses a mechanism is called additive 
increase/multiplicative decrease that decrease 
the congestion window when the level of 
congestion goes up and increases the 
congestion window when the level of 
congestion goes down. TCP interprets timeouts 
as a sign of congestion. Each time a timeout 
occurs, the source sets the congestion window 
to half of its previous value. This having 
corresponds to the multiplicative decrease part 
of the mechanism. The congestion window is 
not allowed to fall below the size of a single 
packet (the TCP maximum segment size, or 
MSS). Every time the source successfully 
sends a congestion window’s worth of packets, 
it adds the equivalent of one packet to the 
congestion window, this is the additive 
increase part of the mechanism. TCP uses a 
mechanism called slow start to increase the 
congestion window rapidly from a cold start in 
TCP connections. It increases the congestion 
window exponentially, rather than linearly. 
Congestion can also occur when multiple input 
streams arrive at a router whose output   
capacity is less than the sum of the inputs. 
Congestion avoidance is a way to deal with 
lost packets. Finally, TCP utilizes a 
mechanism called fast retransmit and fast 

recovery. Fast retransmit is a heuristic that 
sometimes triggers the retransmission of a 
dropped packet sooner than the regular timeout 
mechanism. Here we will set up a network that 
utilizes TCP as its end-to-end transmission 
protocol and analyze the size of the congestion 
window with different mechanisms.7 
OPNET provides network modelling, 
simulation and analysis features. It provides 
the user with the ability to choose network 
devices, such as switches, routers and 
workstations; connect them together with 
various types of links such as Ethernet 100 
BaseT, FDDI and ATM and define network 
traffic patterns. OPNET may then be used to 
simulate the behaviour of the modelled 
network, to collect statistics such as 
application response time or link utilization 
and to display graphs of the collected statistics. 
OPNET may also be used to design computer 
networks from scratch to validate or 
troubleshoot an existing configuration or to 
evaluate a proposed upgrade. 

TCP  throughput 
Throughput simply means that how much job 
is completed in the given unit of time. One of 
the functions TCP performs is flow control, 
using the sliding windows method, which 
permits multiple data packets to be in transit 
concurrently, making more efficient use of 
network bandwidth.  
The destination advertises how much buffer 
space it has available, and the source restricts 
its transmissions such that the receiver is not 
overloaded. A small flow control window, 
however, can adversely affect the throughput 
of the TCP connection. An overly small flow 
control window can cause TCP to act like a 
stop and wait protocol, whereas a very large 
flow control window would allow the sender to 
transmit continuously.8-13 
Formula to calculate TCP throughput  
When using TCP to transfer data the two most 
important factors are the TCP window size and 
the round trip latency. If user knows the TCP 
window size and the round trip latency user 
can calculate the maximum possible 
throughput of a data transfer between two 
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hosts, regardless of how much bandwidth user 
can have. 
TCP-Window-Size-in-bits/ Latency-in-seconds 
= Bits-per-second-throughput 

So let’s consider a simple example. Suppose 
there is a need of 1Gig Ethernet link from X to 
Y with a round trip latency of 30 milliseconds. 
If there is a need to transfer a large file from a 

 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1 : Finding the best throughput 

server in X to a server in Y using FTP. (Fig. 1) 
what is the best throughput user can expect? 
First let’s convert the TCP window size from 
bytes to bits.  In this case use the standard 
64KB TCP window size of a Windows 
machine. 
64KB = 65536 Bytes. 
65536 * 8 = 524288 bits 
Next, takes the TCP window in bits and divide 
it by the round trip latency of our link in 
seconds.  So if the latency is 30 milliseconds 
we will use 0.030 in calculation. 524288 bits / 
0.030 seconds = 17476266 bits per second 
throughput = 17.4 Mbps maximum possible 
throughput.14 

MATERIAL  AND  METHODS 
Create the empty scenario using FTP (File 
Transfer Protocol) to test the throughput of TCP, 
therefore, the following steps are needed to 
configure an FTP object. 
Step 1 Select application configuration object 
from the Object Palette and place it in the project 
workspace. Then expand application definition to 
set the attributes.  
Inter-Request Time (seconds)constant (10000) 
File Size (bytes)  constant (1000000) 
Step 2 FTP applications will transfer a 1 MB 
file; we can evaluate TCP’s behaviour by 
selecting a profile configuration object from the 
object palette and place it in the project 

workspace. Expand profile configuration to set 
attributes. 
Repeatability Once at tart Time 
Step 3 Next, we need to configure a WAN that 
connects the FTP client and server. Select 
ip32_cloud object from the object palette and 
place it in the project workspace by editing the 
attributes. 
Packet Latency (seconds) constant(0.25) 
Step 4 To configure the FTP client select 
ppp_wkstn object from the object palette and 
place it in the project workspace and expand the 
TCP followed by TCP Parameters attribute the 
user will set. 
Receive buffer (bytes) field as 8760.  
This means that the TCP source may not send 
more than 8760 bytes of data without receiving 
an acknowledgement. 
Step 5 To configure the FTP server, select 
ppp_server object and Expand the TCP which 
may be followed by TCP parameters attribute. 
Maximum Segment Size (bytes) attribute to 
512.This will ensure that each TCP packet is 512 
bytes long. 
Last step, we need to connect the client and 
server to the WAN for which Link Models 
followed by PPP_DS1 link from the object 
palette and use it to connect the FTP client to the 
ip32_cloud and the FTP server to the cloud. The 
user may fix the DS1 speed as 1.5 Mbps. After 
doing all these steps, this will show as in Fig. 2. 
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Fig. 2 : TCP throughput model  

  RESULTS   AND DISCUSSION   
For the Simulation we choose three Statistic 
properties for TCP through put such as  
 Download response time (seconds) 
 Sent segment sequence number 
 Traffic received (bytes/sec) 
For finding the sent segment sequence number 
and its statistic first select change collection 
mode, followed by advanced option, and set 
the capture mode to all values. This will give 
us a more detailed graph as shown in the Fig 3.  
 

Flow control refers to a set of procedures used to 
restrict the amount of data that the sender can 
send before waiting for acknowledgment. 
Simulation result based on the above table 
parameters of internet toolbox palette. Which are 
shown below. The graph Fig. 4 and Table 1 
shows the server incrementing a counter as 
packets are sent over time. To get the statistics of 
graph, click the show button and drag a box 
repeatedly around where both plots intersect until 
you can see the stair-step pattern of both plots.  
 

 
 

                   
 
 
 
 
 
 
 
 
 
 
 

 
                                                         

Fig 3 : Click checkbox to more detailed graph 
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Table 1 : Simulation parameters of TCP 

TCP parameters Values 
Area 250*250 
Inter-request time Constant(10000) 
File size (bytes) Constant(1000000) 
Packet latency (sec) Constant(0.00) 
Simulation duration 4 minutes 
Components Client,Server,Ip_32_cloud 

 
 
 
 
 
 
 
 
 
 
 
 

Fig 4 : Simulation results of given table 
 
This graph shows both servers sending data 
and incrementing their counters (vertical 
portions of graphs) and waiting for 
acknowledgements from the client (horizontal 
portions of graphs). The difference that the 
larger receive window has is obvious. 
Although both servers wait about the same 
amount of time for each acknowledgement, the 
server from scenario two transmits much more 
packets between each acknowledgement, thus 
completing the download much more quickly. 

CONCLUSION 
This paper summarizes a study on TCP and its 
mechanisms for data transmission control. 
Simulations have been run in order with 
OPNET’s software has shown itself as a 
perfect tool for achieving such goal. 
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