
Abstract
The use of internet has increased tremendously over the last 
few years which has created congestion problem over the 
wide area network (WAN) and has become more and more 
severe with the exponential rise in the internet users. So, to 
avoid congestion problem, there is a need of some congestion 
avoidance protocols. Basic TCP variants (i.e. TCP Reno and 
Tahoe) uses additive increase multiple decrease algorithm to 
adjust their window size. These TCP variants performed well 
when they were used over local area network (LAN). So, there 
was a need of better protocols, which leads to the  development 
of TCP Vegas and FAST TCP. TCP Reno and Tahoe perform better 
at low bandwidth-delay networks as the packet losses are less.. 
To tackle  this problem, TCP Vegas and FAST TCP were proposed 
which performs well in high speed internet link networks.
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I. Introduction To TCP/IP Model
The Transmission Control Protocol (TCP) is used for a highly 
reliable host-to-host protocol between hosts in packet-switched 
computer communication networks, and in interconnected 
systems of such networks. 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 for reliable inter-process communication between 
pairs of processes in host computers attached to distinct 
but interconnected computer communication networks. 
Transmission of data takes place in the form of packets from 
one node to another.The exponential rise in the internet users 
over the last few years has created congestion problem over 
the wide area network (WAN) So, to avoid congestion problem, 
there is a need of some congestion avoidance protocols. Over 
the internet, TCP/IP is generally used protocol.  
Performance is one of the main problems of the Internet 
today. While part of this problem is due to network bandwidth 
limitations, a large portion of the wait is due to the servers. 
In particular, Web sites that receive large numbers of hits 
during short periods of time are often unable to handle their 
workload. Many sites allocate clusters of server hosts to share 
the load. However, just adding computing resources does not 
solve the problem. These resources must be properly shared 
among the incoming requests. Simple allocations quickly 
create imbalances in the utilization of the servers. It is easy 
to misallocate resources so that one server receives most 
requests while the others are idle. The service time and the 
amount of resources consumed by each request varies widely 
and depends on several factors, such as the type of service 
being provided,the specific content involved in each request, 
the current network bandwidth available, and others.

II. Background of TCP/IP Layer Model
The TCP/IP layer model was designed for computer network 
protocols created in the 1970s by Defence Advanced Research 
Projects Agency (DARPA), an agency of the United States 
Department of Defence (DoD) The generic term "TCP/IP" 

usually means anything and everything related to the specific 
protocols of TCP and IP. The TCP/IP model is shown as below.                      

Fig. 1: TCP/IP Layer Model and Protocol Suite

TCP/IP model is made up of 4 layers i.e. Application layer, 
Transport layer, Internet layer, Network layer. Transmission 
Control Protocol (TCP) is one of the main protocols used at 
the transport layer. The other protocol used is User Datagram 
Protocol (UDP).Transmission Control Protocol (TCP) is one 
of the core protocols of the TCP/IP Protocol Suite.. In some 
cases, UDP is better suited than TCP: ones where speed is 
more important than reliability, and ones that send only short 
messages infrequently. TCP divides the data in the bulk forms 
to smaller unit which are called as packets. TCP sends these 
data packets which are differentiated with a unique sequence 
number.

III. TCP Header Format
TCP header size is of minimum 20 bytes and can vary up to 
maximum of 60 bytes. The TCP header is shown below.

1. Source Port and Destination Port
A port number is a 16-bit unsigned integer, thus ranging from 
0 to 65535. Port number tells about a particular port through 
which TCP send and receives data.    

Source Port (16 bits) Destination 
Port (16 bits)

Sequence Number (32 bits)
Acknowledgement Number (32 bits)
Data 
Offset 
(4 bits)

Reserved
Bits (6 bits)

Control
Bits (6 
bits)

Window (16 
bits)

Checksum (16 bits) Urgent Pointer 
(16 bits)

Option + Padding
Data

Fig. 2: TCP Header Format

2. Sequence Number
It is a 32 bit number which is used to which is assigned to every 
outgoing data bytes. Sequence number is send by the sender 
along with the TCP header.   
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3. Acknowledgment number
It is also 32 bit number used to identify which acknowledgment 
the sender expects to receive next. Acknowledgement number 
is send back by the receiver, telling the sender about the next 
byte of data which sender is expecting to receive.

4. Data Offset
It is a 4 bit number which specifies the TCP header length. 
The minimum size of header is 20 bytes and maximum of 60 
bytes. The size of header is calculated by multiplying the value 
placed in data offset by 4 i.e. if it has value 0101 (5 as decimal 
number), then header size is of 20 bytes (5*4). 

5. Reserved Bits
It is 6 bits field and reserved for the future used and is set to 
zero. 
Control Bits or Flags: It is of 6 bit and is shown below.

URG ACK PSH RST SYN FIN

Fig. 3: TCP Header’s Control bits

6. URG
Urgent Pointer field significant – If set, it indicates that some 
urgent data is to be transmitted by the sender otherwise kept 
‘0’.

7. ACK
Acknowledgment field significant – If set, it indicates that 
acknowledgement field is significant otherwise kept ‘0’.

8. PSH
Push Function – If set, then receiving node indicates a request 
to send packet to application layer as soon as possible.

9. RST
Reset the connection – If set, then reset the connection.

10. SYN
Synchronize sequence numbers – If set, it indicates that 
synchronous sequence numbers to initiate a connection.

11. FIN
Finish – It indicates to terminate a connection when data 
transmission is finished.

12. Window
It is of 16 bits and tells about the number of bytes that a 
receiver is currently willing to receive. Window size may vary 
up to 65535 bytes.

13. Checksum
It is 16 bit field which is used for error checking of the header 
and data. Cyclic redundancy check or parity check techniques 
may be used to detect the error.

14. Urgent Pointer
It is 16 bit field. If URG bit is set, then the urgent pointer indicates 
the urgent data byte. If URG bit is ‘0’, then it is of no use.

15. Options and Padding
It is used when some additional fields to be used like selective 
acknowledgement, timestamp, and window scale etc. 

C. Congestion Control Algorithm
The main function of congestion control algorithms is to 
control or avoid congestion in a network. TCP uses a number of 
mechanisms to achieve high performance and avoid congestion 
collapse. These algorithms control the rate of data entering the 
network, keeping the data rate below a threshold level called 
congestion window. TCP infers congestion when the round trip 
time (RTT) value increases or when negative acknowledgement 
reaches to the sender etc.

A. Introduction To Congestion
Congestion is the phenomenon that occurs at a router when 
incoming packets arrive at a rate faster than the router can 
switch (or forward) them to an outgoing link. However, it is 
important to distinguish contention and congestion. "Contention 
occurs when multiple packets have to be queued at a switch 
(or a router) because they are competing for the same output 
link, whereas congestion means that the switch has so many 
packets queued that it runs out of buffer space and has to start 
dropping packets". Hence, packet drops can be considered as 
a form of implicit notification of congestion.

B. Classification of Congestion Control Algorithms

Fig. 4 : Throughput Variation Curve for different Congestion 
Control Algorithms

There are different algorithms which are used by TCP so as to 
control or avoid congestion in a network. These algorithms are 
not individually used by the TCP but different algorithms works 
in conjunction to perform the congestion control or avoidance 
task. These are Slow Start (SS), Congestion Avoidance.

Fig. 5: Classification of Congession Control Alogorithms

V. Slow Start Algorithm
Slow-start is one of the algorithms that TCP uses to control 
congestion inside the network along with the other algorithms. 
It is also known as the exponential growth phase. It is called 
so because it is much more aggressive than other algorithms 
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as shown in Fig. 5. During the exponential growth phase, Slow-
start works by increasing the TCP congestion window each 
time the acknowledgment is received. It increases the window 
size by number of segments acknowledged. This happens 
until either an acknowledgement is not received for some 
segment or a predetermined threshold value is reached. If 
a loss event occurs, TCP assumes this it is due to network 
congestion and takes steps to reduce the offered load on the 
network Congestion avoidance algorithm. In the Slow Start, 
TCP window size increases exponentially until a packet loss 
occurs (indicated by a timeout or the reception of duplicate 
ACKs) or predefined ssthresh value is reached.  As soon as 
the window size reaches the ssthresh value, TCP enters in 
the congestion avoidance stage. In this, the window size is 
increased linearly instead of exponentially.As shown in Fig. 6, 
during Congestion Avoidance stage [18], throughput variation 
is shown by a straight line. 

VI. Fast Retransmit Algorithm
Fast Retransmit algorithm is the modified congestion avoidance 
algorithm that was proposed in 1990 . In congestion avoidance, 
when a single negative acknowledgement occurs, window size 
was reduced to one packet and TCP enters to Slow Start stage. 
But in Fast Retransmit, before reducing the window size to 
one packet, TCP generates an immediate acknowledgment (a 
duplicate ACK) when an out-of-order segment is received, If 
three or more duplicate ACKs are received in a row, it is a strong 
indication that a segment has been lost. TCP then performs 
a retransmission of what appears to be the missing segment, 
without waiting for a retransmission timer to expire. TCP Tahoe 
uses this algorithm.

C. Fast Recovery Algorithm
After fast retransmit sends what appears to be the missing 
segment, congestion avoidance, but not slow start is performed. 
This is the fast recovery algorithm. It is an improvement that 
allows high throughput under moderate congestion, especially 
for large windows. The reason for not performing slow start in 
this case is that the receipt of the duplicate ACKs tells TCP more 
than just a packet has been lost. Since the receiver can only 
generate the duplicate ACK when another segment is received, 
that segment has left the network and is in the receiver's buffer. 
That is, there is still data flowing between the two ends, and 
TCP does not want to reduce the flow abruptly by going into 
slow start. After receiving three duplicated ACKs in a row, TCP 
takes the following steps instead of entering into Slow-Start 
algorithm:
1. Set ssthresh to half the current send window size.
2. Retransmit the missing segment.
3. Set cwnd=sshtresh+3.
4. Each time the same duplicated ACK arrives, set cwnd++. 

Transmit a new packet, if allowed by cwnd.
5. If a non-duplicated ACK arrives, then set cwnd = ssthresh 

and continue with a linear increase of the cwnd (Congestion-
Avoidance stage).

In this way, TCP Reno achieves better throughput as compare 
to TCP Tahoe by using Fast Recovery algorithm .

VII. CLASSIFICATION OF TCP PROTOCOLS
TCP protocols are differentiated from each others on the basis 
of their congestion  control strategy and are classified as shown 
in Fig. 4.
TCP is one of the core protocol used in the communication world. 

TCP uses basic AIMD (Additive Increase Multiple Decrease) 
algorithm for the congestion control over a network. TCP Tahoe, 
TCP Reno, TCP Vegas, FAST TCP are some TCP variants which 
uses different algorithms to control congestion [9].

A. Packet Loss-based TCP protocols variants
These are the protocols which uses packet drop probability as 
the main factor for adjusting the window size. These variants of 
TCP use congestion control algorithms. There were developed 
initially and are still used. Loss based TCP protocols are more 
aggressive than the delay based TCP protocols [12]. These are 
classified as below.

1. TCP Tahoe
It uses Additive Increase Multiplicative Decrease (AIMD) 
algorithm to adjust window size. It means that increases 
the congestion window by one for successful packet delivery 
and reduces the window to half of its actual size in case of 
data loss or any delay only when it receives the first negative 
acknowledge. During Slow Start stage, TCP Tahoe increases 
window size exponentially i.e. for every acknowledgement 
received, it sends two packets.
• During Congestion Avoidance, it increases the window size 

by one packet per Round Trip Time (RTT) so as to avoid 
congestion.

• In case of packet loss, it reduces the window size to one 
and enters in Slow Start stage.

2. TCP Reno
TCP Reno is the modified variant of TCP Tahoe , suggested 
by Jacobson in 1990. TCP Reno works very much similar to 
TCP-Tahoe. Packet loss detected via duplicate ACKs results in 
the window being cut by half [9], [16]. If a timer expiry does 
occur, then the window size is dropped to one, and slow start is 
used to grow the window back to half its value when the timer 
expired. During the transmission, if three duplicate ACKs are 
received, Reno will halve the congestion window, perform a 
"fast retransmit", and enter a phase called Fast Recovery . If 
an ACK times out, slow start is used as it is with Tahoe.
Drawbacks of TCP Reno and TCP Tahoe:
• Low performance on fast long distance networks
• Congestion has abrupt change in window size
• Recovery is slow.

B. Delay-based TCP Protocols
Delay-based algorithms were developed so as to provide 
stable throughput at the receiver end. These TCP variants 
use congestion avoidance algorithms to avoid the packet loss 
and are less aggressive than packet loss based TCP protocols. 
Delay-based algorithms can maintain a constant window size, 
avoiding the oscillations inherent in loss-based algorithms 
[7]. These are the protocols which uses queuing delay as the 
main factor for adjusting the window size. These variants were 
developed so as to provide stable throughput at the receiver 
end. These TCP variants use congestion avoidance algorithms 
to avoid the packet loss and are less aggressive than packet 
loss based TCP protocols. These are classified as below.

1. TCP Vegas
TCP Vegas is a congestion control or network congestion 
avoidance algorithm that emphasizes packet delay, rather than 
packet loss, to determine the rate at which to send packets. 
TCP Vegas detects congestion during every stage based on 
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increasing Round Trip Time (RTT) values of the packets in the 
connection unlike Reno, Tahoe etc. which detect congestion 
only after it has actually happened via packet drops[8]. TCP 
Vegas uses packet delay to adjust the source rate rather than 
packet loss. 
• TCP Vegas adjusts the source rate before actually packet 

is dropped.
• Queuing delay is the difference between baseRTT and 

avgRTT. 
• TCP Vegas decreases the source rate in case of increase 

in queuing delay value and increases in case of decrease 
in queuing delay.

TCP Vegas increases or decreases the window size with fixed 
number of packets and it is less aggressive as compare to TCP 
Tahoe and TCP Reno. So, FAST TCP was proposed. TCP Vegas 
makes fixed size adjustments to the rate, independent of how 
far the current rate is from the target rate. FAST TCP makes 
larger steps when the system is further from equilibrium and 
smaller steps near equilibrium [11]. This improves the speed 
of convergence and the stability [4].

2. FAST TCP
FAST is an acronym for FAST AQM Scalable TCP, where AQM 
stands for Active Queue Management, and TCP stands for 
Transmission Control Protocol. FAST TCP[2] is a new congestion 
avoidance algorithm especially targeted at high-speed, long-
distance links, developed at the Netlab, California Institute of 
Technology. The congestion control algorithm in FAST TCP is 
built on the algorithm used in TCP Vegas [3,11]. It is compatible 
with existing TCP algorithms. It uses source-link algorithm is 
TCP/AQM (active queue management) [17]. It provides stable 
operation as compare to previously defined algorithms. It uses 
both queuing delay and packet loss to find out the congestion 
window [1]. If too few packets are queued, the sending rate is 
increased, while if too many are queued, the rate is decreased 
[19]. FAST TCP makes exponential convergence i.e. makes 
larger steps when the system is far from equilibrium value 
and smaller steps in case if the rate is closer to equilibrium 
value [4-6,14]. FAST TCP updates congestion window after every 
Round Trip Time (RTT). Mathematically, congestion window is 
given by [6]
Wnew =( 1/2)[(Wold * baseRTT/avgRTT) + α + Wcurrent]
where, Wold is window size one RTT earlier, Wcurrent is current 
window size, baseRTT minimum observedRTT, avgRTT is average 
value of RTT’s and α is the congestion control parameter.
FAST TCP is an equation-based algorithm and reduces packet 
level oscillations. It uses queuing delay as the primary measure 
of congestion, which can be more reliably measured by end 
hosts than loss probability in fast long-distance networks [1]. 
Fast TCP can maintain stability and equilibrium by modifying the 
sending hosts, and that it is highly scalable with link capacity 
[15]. Advantages of FAST TCP over other TCP variants are that 
it is more suitable for communication over Single-link Single-
Source network and High-Speed Long-distance networks. Still 
research work is going on in the field of FAST TCP. From the 
live internet tests, it is shown that FAST TCP provides stability, 
high throughput and more bandwidth utilization.

IV. Conclusion
In this paper, throughput for different TCP variants is discussed 
for 100 Mbps and 1 Gbps link capacities respectively. 
On the basis of stability
• TCP Tahoe and TCP Reno provides oscillatory throughput 

throughout the 100 seconds simulation time whereas 
TCP Vegas and FAST TCP provides stable throughput 
throughout the simulation for the 100 seconds.

On the basis of throughput
• FAST TCP provides maximum throughput for low as well 

as high bandwidth-delay values as compare to other TCP 
variants.

• TCP Vegas provides more throughput than TCP Tahoe and 
TCP Reno but less throughput than FAST TCP.

• TCP Reno provides slightly better throughput than TCP 
Tahoe.

So, FAST TCP is found more suitable at high-speed long-distance 
networks like internet as it provides maximum bandwidth 
utilization, throughput and stability over the networks. TCP 
Reno may be considered at low bandwidth-delay networks as 
it provides equal distribution of available bandwidth among all 
the available sources.
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