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Abstract— With the rising number of people and devices 

encroaching into the world of Internet, the demand of 

bandwidth continues to grow higher and higher. They are 

demanding faster data transmission of huge amount of data. 

As a result data traffic is growing faster than capacity of 

exciting network. So it becomes inescapable to deal with 

Congestion control. The motivation of our research is to 

address this issue and trying to solve the Problem of large 

data transfer in high bandwidth delay networks. Congestion 

control in computer network is an important issue to be 

addressed. Various congestion protocols are used for 

avoiding congestion in network. This paper discusses the 

advantages, disadvantages and the applications of various 

congestion control protocols for wired networks. 
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I. INTRODUCTION 

Whenever traffic exceeds the network capacity, congestion 

is likely to take place. When all the internet users start 

sending data at their full speed, they may create bottleneck 

condition. In metro cities, much of the corporate work is 

depended on Internet especially during crowded office 

hours. Here in this scenario of data network, the traffic is 

bursty and in most situations, bursty traffics are 

unpredictable and random by behavior. The irregular pattern 

of traffic makes the situation even more difficult to control 

and networking processes induce complexity into the 

computation as well.  

II. CONGESTION CONTROL 

Congestion is a problem that occurs on shared networks 

when multiple users contend for access to the same 

resources (bandwidth, buffers, and queues). When two 

packets arrive at the same time then receiver node can only 

transmit one and either buffer or drop the other. If many 

packets arrive in a short period of time, the node cannot 

keep up with the arriving traffic and the buffer may 

eventually overflow. Now according to researchers of paper 

[3] congestion means, “Increase in network load results in a 

decrease of useful work done”. Moving to factors that cause 

congestion: 1) Packet arrival rate can‟t cope up with the 

outgoing link capacity. 2) Insufficient buffer memory to 

store arriving packets 3) Busty traffic 4) slow processor  

 
Fig. 2.1: congestion in packet switched network [9] 

 As per the definitions of flow control and 

congestion control are given [9], Flow control means 

preventing fast sender from overriding slow receiver and 

congestion control means the efforts made by network nodes 

to prevent or respond to overload conditions. Congestion 

control is concerned with the bottleneck routers in a packet 

switched network. Flow is a sequence of packets sent 

between a source/destination pair and following the same 

route through the network. 

 Generally congestion control algorithms are 

divided into three categories: Rate based congestion control, 

Network based congestion control and Flow based or 

Window based congestion control [1]. 

 
Fig. 2.2: Multiple flows passing through a set of routers[9] 

 In rate based congestion control, the sources know 

an explicit rate at which they can send. The source 

determines the congestion based on the packet loss. Some of 

rate based congestion control algorithms are; RCP (Rate 

Control Protocol), XTP (Xpress Transfer Protocol). This 

technique is effective when the network size is small. 

Network based congestion control schemes are used where 

network components such as routers participate should be 

more effective than purely end-to-end control schemes. 

Mostly network congestion occurs at routers, when routers 

are in an ideal position they monitor network load and 

congestion, and use the related information in a congestion 

control scheme. These techniques are hard to implement if 

the network size is large because of rapid change in the 

number of nodes in the network. Window based congestion 

control techniques are easier to implement because both of 

the source and destination nodes participate in congestion 

control. In window based congestion control techniques, the 

networks are treated as black box and use a congestion 

window to ensure TCP friendliness. The destination nodes 

send the ECN (Explicit congestion notification) after arrival 

of a data packet. Based on ECN the source nodes reduce 

their congestion window size. This paper focused on the 

protocols used for congestion control in wired networks 

which are TCP and RCP. 
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III. TCP 

Tcp fulfills two important functions: (1) Reliable and 

ordered delivery and (2) Congestion control. Congestion can 

be detected by Packet loss or Packet delay. Solution of this 

problem is limiting sender‟s transmission rate. Now 

question arise, at what rate should the data be sent for the 

current network path [6] 

 Congestion control mechanism is shown in figure 

1. Each TCP connection initiate with a pre-configured small 

congestion window no larger than 4 Maximum Segment 

Size (MSS). The goal of Slow-Start is to keep a new sender 

from overflowing network buffers, while at the same time 

increasing the congestion window fast enough and avoiding 

performance loss. Slow-Start increases the congestion 

window by one MSS for each new acknowledgment 

received. It multiplicatively decreases congestion window 

when experiencing packet loss. 

 A connection enters Slow-Start on newly starting 

or on experiencing a packet retransmission timeout, and 

exits Slow-Start when it detects a packet loss or when the 

congestion window has reached a dynamically computed 

threshold, ssthresh. 

 
Fig. 3.1: TCP‟s Congestion Control Mechanism [6] 

 More specifically, ssthresh is set to half of the 

current congestion window when packet loss was detected. 

TCP exits Slow-Start to enter the Congestion Avoidance 

phase, where it continues to probe for available bandwidth, 

but more cautiously than in Slow-Start. During periods 

when no packet losses are observed, TCP performs an 

Additive Increase of the window size, by 1 MSS each time a 

full window is acknowledged (i.e., increases the congestion 

window as, on receiving each acknowledgment packet) [6] 

                                  (3.1) 

 When observed packet loss congestion window 

size is decreased by equation, 

                             (3.2) 

A. Problems with TCP:  

1) In a high bandwidth-delay product environment 

due to TCP‟s additive increase of one packet per 

round-trip time means flows will take a long time 

to acquire any spare capacity.  

2) TCP shares bandwidth inversely proportional to the 

round-trip times.  

3) TCP flows with long round-trip times (RTT), such 

as those going through satellite links, have 

difficulty obtaining their fair share of bandwidth on 

a bottleneck link.  

4) TCP‟s Slow-Start makes short flows last much 

longer than necessary. Even if a flow is capable of 

completing within one round-trip time, TCP‟s 

Slow-Start makes it take multiple round-trip times 

to find its fair share rate. [7] 

IV. RCP 

FCT is time from when the first packet of a flow is sent (in 

TCP, this is the SYN packet) until the last packet is 

received. To minimize FCT for each router a well-known 

method is to use processor-sharing (PS) i.e. a router divides 

outgoing link bandwidth equally among ongoing flows. 

 There are three main reasons why TCP and XCP 

come out with such long FCTs: 

A. Extending flows to last many Round Trip Times (RTT) in 

spite of they are capable of finishing within one/few RTTs: 

In tcp flows that have entered AIMD phase have long FCTs 

because AIMD increases the window size s even slowly. 

While in xcp, It gradually reduces the window size of 

existing flows and increases the window size of new flows, 

making sure the traffic is never over-subscribed. It takes 

multiple RTTs for most flows to reach their fair share rate 

(which is changing as new flows arrive). Many flows 

complete before they reach their fair share rate. 

B. Filling up Buffers: 

TCP will try to fill the buffers at the bottleneck link – until a 

packet is dropped. While this leads to high utilization of the 

bottleneck link, it increases queuing delay, RTT and the 

FCT. 

C. Timeouts and retransmissions due to packet losses 

(TCP): 

Flows experience packet losses when the buffer overflows. 

Part of the link utilization is contributed by the retransmitted 

packets.  

 This will also be proved practically later on 

implementation section.  

Researchers of paper [8] tried to emulate processor sharing 

 in RCP. In RCP, a router assigns a single rate, R 

(t), through which all flows pass. Here, the basic idea is: If 

there is spare capacity available, then share it equally among 

all flows. Furthermore if there is a queue building up, then 

the link capacity is insufficient and the flow rate is 

decreased evenly. This is clearly shown in figure 4.1. 

 
Fig. 4.1: Processor Sharing in RCP [8] 
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 Following three main characteristics make RCP 

simple and practical: 

 The flow rate is picked by the routers and it is 

based on very little information such as the current 

queue occupancy and the aggregate input traffic 

rate. 

 Each router assigns a single rate, R(t), through 

which all flows pass. 

 The router doesn‟t require any per-flow state or 

per-packet calculations. 

 Nandita D. and Nick M. proposed an equation for 

RCP 

R(t) = R(t - d0) + 
[ (   ( ))  

 ( )

  
]

 ( )
                 (4.1) 

Where,  

d0 = a moving average of the RTT measured across all 

flows,  

R(t−d0) = last updated rate,  

C = link capacity,  

y(t) = measured input traffic rate during the last update 

interval (d0 in this case),  

q(t) = instantaneous queue size,  

N(t) = router‟s estimate of the number of ongoing flows 

(i.e., number of flows actively sending traffic) at time t  

α, β = parameters chosen for stability and performance. 

V. COMPARATIVE STUDY  

Points TCP RCP 

Mechanism 
AIMD, 

Slow Start 

divided equilibrium 

rate among short 

lived and long lived 

flows 

Router„s Involvement No Yes 

Per Packet 

Calculations 
No Yes 

Flows 
Not 

specific 

Short flow 

competition time 

Bandwidth Utilization Low Complete 

Congestion Control Low High 

Problem of large data 

transfer in high 

bandwidth delay 

networks 

Unsolved 
Near to complete 

solution 

Table 5.1: Comparison for the congestion control Protocol 

[4] 

VI. IMPLEMENTATION 

A network simulator is a piece of software or hardware that 

predicts the behavior of a network, without an actual 

network being present. In simulators, the computer network 

is typically modeled with devices, traffic etc. and the 

performance is analyzed. Network simulators allow 

researchers to test new networking protocols or changes to 

existing protocols in a controlled and reproducible 

environment. Network Simulator (Version 2), widely known 

as NS2, is simply an event driven simulation tool in which 

simulation of wired as well as wireless network functions 

and protocols (e.g., routing algorithms, TCP, UDP) can be 

done. 

 NS2 consists of two key languages: C++ and 

Object-oriented Tool Command Language (OTcl). While 

the C++ defines the internal mechanism (i.e., a backend) of 

the simulation objects, the OTcl sets up simulation by 

assembling and configuring the objects as well as 

scheduling discrete events (i.e., a frontend). The C++ and 

the OTcl are linked together using TclCL. NS2 provides 

users with executable command ns which take on input 

argument, the name of a Tcl simulation scripting file. Users 

are feeding the name of a Tcl simulation script (which sets 

up a simulation) as an input argument of an NS2 executable 

command ns. In most cases, a simulation trace file is 

created, and is used to plot graph and/or to create animation. 

After simulation, NS2 outputs either text-based or 

animation-based simulation results. To interpret these results 

graphically and interactively, tools such as NAM (Network 

AniMator) and XGraph are used. [5]  

 We had install ns2.35 on ubntuos environment and 

downloaded patch for RCP and TCP and produced the 

results for uniform flow sizes. We had taken mean flow size 

30, 300, 3000, 30000 and according to that graph of flow 

size vs. delay is plotted. 

 
Graph 1: graph of flow size vs. delay at uniform flow size 

30 for TCP and RCP 

 
Graph 2: graph of flow size vs. delay at uniform flow size 

300 for TCP and RCP 

 
Graph 3: graph of flow size vs. delay at uniform flow size 

3000 for TCP and RCP 

http://en.wikipedia.org/wiki/Software
http://en.wikipedia.org/wiki/Computer_network
http://en.wikipedia.org/wiki/Communication_protocol
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Graph 4: graph of flow size vs. delay at uniform flow size 

30000 for TCP and RCP 

 This graphs clearly show that at mean flow size 30 

and 300 the graph of delay vs. flow size for TCP and RCP is 

identical but at long flows RCP proved to be better than 

TCP for mean flow size 3000 and 30000. 

VII. CONCLUSION 

In this paper we have reviewed mechanism of various 

congestion control protocol TCP, XCP and RCP. Also 

present the performance comparison of this protocol by 

taking different parameters like window size, flow length, 

and flow completion time. As a result RCP and TCP 

perform well with minimal flow completion time. And at 

long flows RCP have less delay than TCP. 
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