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Abstract
Transmission control Protocol is the Protocol used to provide 
reliable Transmission. Performance characteristics of a 
particular version of TCP are defined by the congestion 
control algorithm it employs. This paper presents a survey of 
various congestion control proposals that prserve the  various 
congestion control proposals that preserve the original host-
to-host idea of TCP—namely, that neither sender nor receiver 
relies on any explicit notification from the network. T The 
Transmission Control Protocol (TCP) carries most Internet 
traffic, so performance of the Internet depends to a great 
extent on how well TCP works he proposed solutions focus 
on a variety of problems, starting with the basic problem of 
eliminating the phenomenon of congestion collapse, and also 
include the problems of effectively using the available network 
resources in different types of environments (wired, wireless, 
high-speed, long-delay, etc.). There have been enhancements 
allowing senders to detect fast packet losses and route changes. 
Other techniques have the ability to estimate the loss rate, the 
bottleneck buffer size, and level of congestion. Additionally, 
techniques that are in common use or available for testing 
are described.
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I. Introduction
In this paper we present a survey of the congestion control 
proposals for TCP that preserve its fundamental host-to-host 
principle, meaning they do not rely on any kind of explicit 
signaling from the network [1]. The proposed algorithms 
introduce a wide variety of techniques that allow senders to 
detect loss events, congestion state, and route changes, as well 
as measure the loss rate, the RTT, the RTT variation, bottleneck 
buffer sizes, and congestion level with different levels of 
reliability and precision. The key feature of TCP is its ability 
to provide a reliable, bi-directional, virtual channel between 
any two hosts on the Internet. Since the protocol works over 
the IP network [3] First, the sender buffers all data before the 
transmission, assigning a sequence number to each buffered 
byte. Continuous blocks of the buffered data are packetized into 
TCP packets that include a sequence number of the first data 
byte in the packet. Second, a portion (window) of the prepared 
packets is transmitted to the receiver using the IP protocol. 
As soon as the sender receives delivery confirmation for at least 
one data packet, it transmits a new portion of packets (the 
window “slides” along the sender’s buffer, fig. 1). Finally, the 
sender holds responsibility for a data block until the receiver 
explicitly confirms delivery of the block. As a result, the sender 
may eventually decide that a particular unacknowledged 
data block has been lost and start recovery procedures (e.g., 
retransmit one or several packets).To acknowledge data 
delivery, the receiver forms an ACK packet that carries one 
sequence number and (optionally) several pairs of sequence 
numbers. The former, a cumulative ACK, indicates that all 

data blocks having smaller sequence numbers have already 
been delivered. The latter, a selective ACK (Section II-E—a TCP 
extension standardized 15 years after the introduction of TCP 
itself), explicitly indicates the ranges of sequence numbers of 
delivered data packets. To be more precise, TCP does not have 
a separate ACK packet, but rather uses flags and option fields 
in the common TCP header for acknowledgment purposes. (A 
TCP packet can be both a data packet and an ACK packet at 
the same time.) However, without loss of generality, we will 
discuss a notion of ACK packets as a separate entity. (It can 
be shown that the maximum throughput of a TCP flow depends 
directly on the sliding window size and inversely on the round-
trip time of the network path.) On the other hand, if the sliding 
window is too large, there is a high probability of packet loss 
because the network and the receiver have resource limitations. 
Thus, minimization of packet losses requires minimizing the 
sliding window. Therefore, the problem is finding an optimal 
value for the sliding window (which is usually referred to as 
the congestion window) that provides good throughput, yet 
does not overwhelm the network and the receiver. Additionally, 
TCP should be able to recover from packet  losses in a timely 
fashion. This means that the shorter the interval between 
packet transmission and loss detection, the faster TCP can 
recover. However, this interval cannot be too short, or otherwise 
the sender may detect a loss prematurely and retransmit the 
corresponding packet unnecessarily. This overreaction simply 
wastes network resources and may induce high congestion in 
the network. In other words, when and how a sender detects 
packet losses is another hard problem for TCP. 

A. Algorithm Used

1. Slow Start ,Congestion  Avoidance algorithms 

Fig. 1:

Slow Start and Congestion Avoidance algorithms. These provide 
two slightly different distributed host-to-host mechanisms which 
allow a TCP sender to detect available network resources and 
adjust the transmission rate of the TCP flow to the detected 
limits. Assuming the probability of random packet corruption 
during transmission is negligible (_ 1%), the sender can treat 
all detected packet losses as congestion indicators. In addition, 
the reception of any ACK packet is an indication that the network 
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can accept and deliver at least one new packet Thus the sender, 
reasonably sure it will not cause congestion, can send at least 
the amount of data that has just been acknowledged. This in-
out packet balancing is called the packet conservation principle 
and is a core element, both of Slow Start and of Congestion 
Avoidance.

2. Fast Packet Recovery algorithms

Fig. 2:

Fast Recovery algorithms, has a direct means to calculate 
the number of outstanding data packets using information 
extracted from SACKs. Instead of the congestion window 
inflation technique, the FACK maintains three special state 
variables (Fig H, the highest sequence number of all sent data 
packets—all data packets with sequence number less than H 
have been sent at least once; (2) F, the forward-most sequence 
number of all acknowledged data packets—no data packets 
with sequence number above F have been delivered..

II. Modules

A. Tcp Host to host Network module
Host-to-host principle, meaning they do not rely on any kind of 
explicit signaling from the network [1]. The proposed algorithms 
introduce a wide variety of techniques that allow senders to 
detect loss events, congestion state, and route changes, as well 
as measure the loss rate, the RTT, the RTT variation, bottleneck 
buffer sizes, and congestion level

B. Congestion Collapse module
TCP sender’s estimate of the number of data packets the 
network can accept for delivery without becoming congested. 
In the special case where the flow control limit (the socalled 
receiver window) is less than the congestion control limit 
(i.e., the congestion window), the former is considered a real 
bound for outstanding data packets. Although this is a formal 
definition of the real TCP rate bound, we will only consider the 
congestion window as a rate limiting factor, assuming that in 
most cases the processing rate of end-hosts is several orders of 
magnitude higher than the data transfer rate that the network 
can potentially offer. Additionally, we will compare different 
algorithms, focusing on the congestion window dynamics 
as a measure of the particular congestion control algorithm 
effectiveness

C. Congestion Avoidance & Packet Recovery Module
Congestion control algorithm, the purpose of which is to reduce 
consumption of network resources in complex congestion 
situations. But this expectation rests on the assumption that 

congestion states, as deduced from each detected loss, are 
independent, and in the example above this does not hold 
true. All packet losses from the original data bundle (i.e., 
from those data packets outstanding at the moment of loss 
detection) have a high probability of being caused by a single 
congestion event. Thus, the second and third losses from the 
example above should be treated only as requests to retransmit 
data and not as congestion indicators. Moreover, reducing the 
congestion window does not guarantee the instant release 
of network resources. All packets sent before the congestion 
window reduction are still in transit. Before the new congestion 
window size becomes effective, we should not apply any 
additional rate reduction policies. This can be interpreted as 
reducing the congestion window no more often than once per 
one-way propagation delay or approximately RTT/2 Reno’s 
Fast Recovery. It solves the ambiguity of congestion events 
by restricting the exit from the recovery phase until all data 
packets from the initial congestion window are acknowledged. 
More formally, the NewReno algorithm adds a special state 
variable to remember the sequence number of the last data 
packet sent before entering the Fast Recovery state. This value 
helps to distinguish between partial and new data ACKs. The 
reception of a new data ACK means that all packets sent before 
the error detection were successfully delivered and any new loss 
would reflect a new congestion event. A partial ACK confirms 
the recovery from only the first error and indicates more losses 
in the original bundle of packets.

D. Calculate RTO & RTT Module

1. RTO
Retransmission timeout estimate. If this value is overestimated, 
the TCP packet loss detection mechanism becomes very 
conservative, and performance of individual flows may 
severely degrade. In the opposite case, when the value of 
the RTO is underestimated, the error detection mechanism 
may perform unnecessary retransmissions, wasting shared 
network resources and worsening the overall congestion in 
the network

2. RTT
Round-trip time after sending the lost packet. The RTO, by 
definition, is greater than RTT. If we require that TCP receivers 
immediately reply to all out-of-order data packets with reports 
of the last in order packet a duplicate ACK , the loss can be 
detected by the Fast Retransmit algorithm , almost within the 
RTT interval. In other words, assuming the probability of packet 
reordering and duplication in the network is negligible; the 
duplicate ACK s can be considered a reliable loss indicator. 
Having this new indicator, the sender can retransmit lost data 
without waiting for the corresponding RTO event.

3. Reno’s Fast Recovery
It solves the ambiguity of congestion events by restricting the 
exit from the recovery phase until all data packets from the 
initial congestion window are acknowledged. More formally, 
the New Reno algorithm adds a special state variable to 
remember the sequence number of the last data packet sent 
before entering the Fast Recovery state. This value helps to 
distinguish between partial and new data ACKs.
The reception of a new data ACK means that all packets sent 
before the error detection were successfully delivered and any 
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new loss would reflect a new congestion event. A partial ACK 
confirms the recovery from only the first error and indicates 
more losses in the original bundle of packets.

E. Calculate RTO & RTT Module

1. RTO
Retransmission timeout estimate. If this value is overestimated, 
the TCP packet loss detection mechanism becomes very 
conservative, and performance of individual flows may 
severely degrade. In the opposite case, when the value of 
the RTO is underestimated, the error detection mechanism 
may perform unnecessary retransmissions, wasting shared 
network resources and worsening the overall congestion in 
the network.

2. RTT
Round-trip time after sending the lost packet. The RTO, by 
definition, is greater than RTT. If we require that TCP receivers 
immediately reply to all out-of-order data packets with reports 
of the last in order packet a duplicate ACK, the loss can be 
detected by the Fast Retransmit algorithm, almost within the 
RTT interval. In other words, assuming the probability of packet 
reordering and duplication in the network is negligible; the 
duplicate ACK s can be considered a reliable loss indicator. 
Having this new indicator, the sender can retransmit lost data 
without waiting for the corresponding RTO event.

III. System Design

A.  Design Overview
Design involves identification of classes, their relationships 
as well as their collaboration. In objectiory, classes were 
divided into entity classs, interface classes and the control 
classes. The computer Aided Software Engineering tools that 
are available commercially do not provide any assistance in 
this transition. Even research CASE tools take advantage of 
meta modeling are helpful only after the construction of class 
diagram is completed. In the fusion method, it used some 
object-oriented approaches like object modeling Technique 
(OMT),Clas_Responsibility_Collaborator(CRC) and objectory 
used the term Agents to represent some of the hardware and 
software systems. In fusion method, there was no requirement 
phase, where in a user will supply the initial requirement 
document. Any software project is worked out by both analyst 
and designer. The analyst creates the user case diagram. The 
designer creates the class diagram. But the designer can do 
this only after. The analyst has created the use case diagram. 
Once the design is over it is need to decide which software is 
suitable for the application.

B. Data Flow Diagram

1. Context Analysis Diagram

Host-to-Host
Congestion

Control for TCP

Sender Receiver

Fig. 3:

2. Level 1 DFD

Client
Host to Host
Congention

Select file and
transmit

Congention
controlled at

router

Client receives
details

Fig. 4:

3. System Architecture

Fig. 5:

Fig. 6:

IV. Implementation

A. TCP Tahoe
One of the earliest host-to-host solutions to solve the congestion 
problem in TCP flows has been proposed by Jacobson [14]. The 
solution is based on the original TCP specification (RFC 793 



ISSN : 0976-8491 (Online)  |  ISSN : 2229-4333 (Print) IJCST Vol. 2, ISSue 4, oCT. - DeC. 2011

w w w . i j c s t . c o m  InternatIonal Journal of Computer  SCIenCe and teChnology 433

[1]) and includes a number of algorithms that can be divided 
into three groups. The first group tackles the problem of an 
erroneous retransmission timeout estimate (RTO). Since it is 
practically impossible to distinguish between an ACK for an 
original and a retransmitted packet, RTO calculation is further 
complicated.

B. TCP Dual
However, this solution has an unpleasant drawback of straining 
the network with high-amplitude periodic phases. This behavior 
induces significant periodic changes in sending rate, round-trip 
time, and network buffer utilization, leading to variability in 
packet losses. Wang and Crowcroft [15] presented TCP DUAL, 
which refines the Congestion Avoidance algorithm. DUAL tries 
to mitigate the oscillatory patterns in network dynamics by 
using a proactive congestion detection mechanism coupled 
with softer reactions to detected events. More specifically, it 
introduces the queuing delay as a prediction parameter of the 
network congestion state.

C. TCP Reno
A loss detection through the retransmission timeout indicates 
that for a certain time interval (as an example, RTO minus RTT) 
some major congestion event has prevented delivery of any data 
packets on the network. Therefore, the sender should apply 
the conservative policy of resetting the congestion window to a 
minimal value. Quite a different state can be inferred from a loss 
detected by duplicate ACKs. Suppose the sender has received 
four ACKs, where the first one acknowledges some new data 
and the rest are the exact copies of the first one (usually referred 
to as three duplicate ACKs). The duplicate ACKs indicate that 
the some packets have failed to arrive. Nonetheless, presence 
of each ACK—including the duplicates—indicates the successful 
delivery of a data packet. The sender, in addition to detecting 
the lost packet, is also observing the ability of the network to 
deliver some data. The intention of Fast Recovery is to halve 
a flow’s network share (i.e., to halve the congestion window) 
and to taper back network resource probing (holding all growth 
in the congestion window) until the error is recovered. In other 
words, the sender stays in Fast Recovery until it receives a 
non-duplicate acknowledgment. The algorithm phases are 
illustrated in fig. 4, where congestion window sizes (cwnd) in 
various states are denoted as the line segments above the 
State lines, and the arrows indicate the effective congestion 
window size— the amount of packets in transit.

D. TCP NewReno
One of the vulnerabilities of TCP Reno’s Fast Recovery algorithm 
manifests itself when multiple packet losses occur as part of 
a single congestion event. This significantly decreases Reno’s 
performance in heavy load environments. This problem is 
demonstrated in fig. 6, where a single congestion event (e.g., 
a short burst of cross traffic) causes the loss of several data 
packets (indicated by x). 

E. TCP Sack
The TCP specification [1] defines that the only feedback message 
be in the form of cumulative ACKs, i.e., acknowledgments of 
only the last in-order delivered data packet. This property limits 
the ability of the sender to detect more than one packet loss 
per RTT. For example, if a second and a third data packets 
from some continuous TCP stream are lost, the receiver, 

according to the cumulative ACK policy, would reply to fourth 
and consecutive packets with duplicate acknowledgments of 
the first packet. Clearly, the loss can be detected no sooner 
than after one RTT. 

F. TCP Fack
We have informally discussed one possible extension of the Reno 
algorithm utilizing SACK information, whereby the congestion 
window is not multiplicatively reduced more than once per RTT. 
Another approach is the FACK (Forward Acknowledgments) 
congestion control algorithm [21]. It defines recovery procedures 
which, unlike the Fast Recovery algorithm of standard TCP (TCP 
Reno), use additional information available in SACK to handle 
error recovery (flow control) and the number of outstanding 
packets (rate control) in two separate mechanisms. 

G. TCP Vegas
The approaches discussed in Sections II-C, II-D, and II-F improve 
various aspects of Tahoe, Reno and NewReno congestion 
controls. However, all of them share the same reactive method 
of rate adaptation. That is, each of them detects that the 
network is congested only if some packets are lost. Moreover, 
these variants of TCP bring about packet losses because their 
algorithms can grow packet transmission rates to the point 
of network congestion. Therefore, the problem discussed in 
Section II-B (i.e., induced periodic changes in sending rate, 
round-trip time, network buffer utilization, packet losses, etc.), 
also applies to Reno, NewReno, and FACK congestion control 
algorithms.

H. TCP Vegas+
The Vegas proactive congestion-prevention mechanism (limiting 
buffering in the path) cannot effectively compete with the highly 
deployed Reno reactive mechanism (inducing network buffering 
and buffer overflowing). This point can be illustrated using an 
idealized convergence diagram for competition between Reno 
and Vegas flows fig. 7. While there is no buffering on the path, 
both flows slowly increase their share of network resources 

 Excessive buffering forces Vegas to decrease its 
congestion window, but the Reno flow, 
 

Fig. 7:

Convergence diagram when an ideal Vegas flow is competing 
with a Reno flow unaware of this buffering, continues acquiring 
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more network resources  That is, opposite reactions 
of the two different congestion control algorithms (one growing, 
one diminishing) maintain the fixed buffering level in the 
network, leading to the proactive algorithm being completely 
pinched off  Buffers are purged only when the Reno 
flow detects a packet loss  After that, the convergence 
dynamics will start looping along the path  
environment, Congestion Avoidance falls back to the Reno 
algorithm.
The Vegas-friendliness/unfriendliness detection heuristic 
is based on a trend estimate of the RTT. The special state 
variable C is increased if the sender estimates an increase in 
the RTT and concurrently the size of the congestion window 
is unchanged or even reduced. In the opposite case, if the 
estimated RTT grows smaller, C is decreased. Clearly, large 
values of C indicate a Vegas-unfriendly network state (i.e., if 
the congestion window is stable, the RTT also should 

I. TCP Veno
The key idea is to use the Vegas bottleneck buffer estimation 
technique to perform early detection of the congestion state. 
Unlike Vegas, this buffer estimation is used only to adjust the 
increase/decrease coefficient of the Reno congestion control 
algorithm, and thus does not inherit Vegas’ problems.

J. TCP Vega
Besides the inability to compete with Reno flows effectively 
(see Section II-H), TCP Vegas has a number of other internal 
problems [25]. For instance, under certain circumstances, 
Vegas can inappropriately choke off the flow rate to nearly 
zero. This happens because the assumption that the RTT will 
change only due to buffering is not entirely true. In fact, if the 
RTT increases due to a routing change, the algorithm will make 
a wrong decision, leading to the reduced flow rate. To illustrate, 
fig. 8 presents two curves, one for a low- RTT/low-rate (1, for 
example a DSL link) and another for a high-RTT/high-rate (2, 
for example a satellite link) path. If a route changes from 1 
to 2 when the congestion window size is equal to cwnd, the 
algorithm will wrongly calculate buffering  and may exceed 
a threshold. The minimal RTT for the low- RTT/low-rate link will 
be erroneously used as a baseline in calculating the expected 
rate for the high-RTT/high-rate link. That is, having a congestion-
free state, the estimate indicates congestion.

V. Experimental Evoluation
The following are the Sample Screens:

Fig. 8:

Fig. 9:

Fig. 10:

Fig. 11:
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Fig. 12: 

VI. Conclusion
In this work we have presented a survey of various approaches 
to TCP congestion control that do not rely on any explicit 
signaling from the network. The survey highlighted the fact that 
the research focus has changed with the development of the 
Internet, from the basic problem of eliminating the congestion 
collapse phenomenon to problems of using available network 
resources effectively in different types of environments (wired, 
wireless, high-speed, long-delay, etc)  
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