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Abstract
Network Congestion like traffic jams in big cities are becoming 
real threats to the growth of the network .Interconnection 
and communication applications. We have large number of 
control schemes, But  some of them like Digital ‘s Network 
Architechture(DNA) is implemented in real time systems. Based 
on the control decisions we have 1)open loop controller-In which 
control decision does not depend on the feed back signal .Ex-CSFQ 
algorthim.2)Closed loop controller-Here the control decision 
depends on the feed back signal Ex-TBCC algorthim.But Any 
one of the algorithm is not sufficient to control the output and input 
effectively. Even a small packet loss may cause major problem to 
the remaining applications or packets for processing.
In this paper we proposed a new algorthim called Stable Token 
Limited Congestion Control (STLCC) which combines both the 
algorthims TLCC and XCP with effective RED algorithm to 
improve performance.TLCC controls the input but output tends 
to oscillate. So to make the output stable we used the XCP which 
shapes the output. This can improve the speed of the network 
also. 
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I. Introduction
Congestion control in telecommunication networks struggles with 
two major problems that are not completely solved. 
The time-varying delay between the control point and the traffic 
sources.
The traffic sources do not follow the feedback signal. Congestion 
control in telecommunication networks struggles with two major 
problems that are not completely solved. The time-varying delay 
between the control point and the traffic sources. The traffic 
sources do not follow the feedback signal. 
Congestion: When too many packets are transmitted through 
a network, congestion occurs at very high traffic, performance 
collapses completely, and almost no packets are delivered

Fig. 1: Congestion Illustration

The Self-Verifying CSFQ tries to expand CSFQ across the domain 
border. It randomly selects a flow, re-estimates the flow’s rate, and 
checks whether the re-estimated rate is consistent with the label 
on the flow’s packet. Consequently Self-Verifying CSFQ will put 
a heavy load on the border router and makes the weighted CSFQ 
null and void.
If we present a congestion control architecture Re-feedback, which 
aims to provide the fixed cost to end-users and bulk inter-domain 
congestion charging to network operators. Re-feedback not only 
demands very high level complexity to identify the malignant end-
user, but also is difficult to provide the fixed congestion charging 
to the inter-domain interconnection with low complexity.

II. Existing System
The sender sends the packets without intermediate station. So packet 
loss may happen when congestion occurs and Retransmission 
of data packets is difficult because which takes more time and 
increases load on Network. So our Major Moto is improving 
network performance by controlling packet loss with a better 
congestion control algorithms.

A. Observation 1:  
CSFQ1 is the first to achieve approximate fair bandwidth 
allocation among flows with core routers. Edge routers maintain 
per flow state; they estimate the incoming rate of each flow and 
insert a label into each packet header based on this estimate. 
Core routers maintain no per flow state; they use FIFO packet 
scheduling augmented by a probabilistic dropping algorithm that 
uses the packet labels and an estimate of the aggregate traffic at 
the router.

Fig. 2: Fair Defect of CSFQ

B. Observation 2:
Fairness of TBCC2 for a bit-torrent application, with limited 
access resource, it can achieve better through put, but do not 
hurt the performance of networks.
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Fig. 3: Architecture of TBCC

III. Proposed System
Modern IP network services provide for the simultaneous digital 
transmission of voice, video, and data. These services require 
congestion control protocols and algorithms which can solve the 
packet loss parameter can be kept under control. Congestion control 
is therefore, the cornerstone of packet switching networks; it should 
prevent congestion collapse, provide fairness to competing flows 
and optimize ransport performance indexes such as throughput, 
delay and loss. 
A new and better mechanism for congestion control with application 
to Packet Loss in networks with P2P traffic is that the edge and 
the core routers will write a measure of the quality of service 
guaranteed by the router by writing a digital number in the Option 
Field of the datagram of the packet. This is called a token. The 
token is read by the path routers and interpreting of its value will 
give a measure of the congestion especially at the edge routers. 
Based on the token number the edge router at the source’s edge 
point will shape the traffic generated by the source, thus reducing 
the congestion on the path. 
In this closed loop mechanism the feedback from the routers goes 
to sender and then the sender adjusts its rate with the receiver 
which follows the XCP algorithm. The feedback is in the XCP 
Header field. Similarly to CSFQ and TBCC, TLCC uses also the 
iterative algorithm to estimate the congestion level of its output 
link, and requires a long period of time to reach a stable state. 
With bad parameter configuration, TLCC may cause the traffic to 
fall into an oscillated process. The window size of TCP flows will 
always increase when acknowledge packets are received and the 
congestion level will increase at the congested link. At congestion 
times many flows will lose their packets. Then, the link will be 
idle and the congestion level will decrease. The two steps may 
be repeated alternately, and then the congestion control system 
will never reach stability. 
To solve this oscillation problem, the Stable Token-Limited 
Congestion Control (STLCC) is introduced. It integrates the 
algorithms of TLCC and XCP altogether. In STLCC, the output 
rate of the sender is controlled according to the algorithm of XCP, 
so there is almost no packet loss at the congested link. At the 
same time, the edge router allocates all the access token resource 
to the incoming flows equally. When congestion happens, the 
incoming token rate increases at the core router, and then the 
congestion level of the congested link will also increase. Thus 
STLCC can measure the congestion level analytically, allocate 
network resources according to the access link, and further keep 
the congestion control system stable.

IV. Implementation
Sender and receiver are co-ordinated through the token,all the 
control information should be written in token header field. To 

limit the output token rate, three elements tkprev, tkdown and 
tkbackdown are inserted into the extended header tkhead. At the 
source edge router, the tkprev is set to the same value as the 
tklevel and cannot be modified by routers. The sum of tkdown 
represents the decrements of Token-Level at all the inter-domain 
routers in the transmission path. When the packet arrives at the 
destination, the sum of tkpath and tkdown is the Congestion-Index 
of the transmission path. In the reverse packet, the tkbackdown is 
used to return the elements of tkdown in the forwarding packet 
header to the source edge router.

Fig. 4: Architecture of Controlling Packet Loss Using Tokens at 
the Network Edge

V. Results
We implemented a stable network with limited resources which 
uses the STLCC protocol.
In this implementation we have a core router which is connected 
to the edge routers they in turn connect to either the source or 
destination. Source sends data in the form of packets to the 
destination through edge router if it is correctly transmitted to 
the destination the edge router sends ack to the sender. If the 
packet is waiting state then the edge router sends NACK to the 
sender then the sender will again those packets which are received 
as NACK..All this transmission is through core router which is 
backbone to our network. So we will guarantee there is no packet 
loss during the transmission.

VI. Conclusion
This paper is organized as the architecture of Token-Based 
Congestion Control (TBCC), which provides fair bandwidth 
allocation to end-users in the same domain.And the simple version 
of STLCC is proposed, which can be deployed on the current 
Internet. Finally, conclusions are

We can Broadcast the files to all peers in the network.1. 
Gurantees packet delivery with feed back signal.2. 
Improves the network performance by using this closed loop 3. 
mechanism.
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