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Abstract 
 

Modern IP network services provide for the simultaneous digital transmission of data, voice, and video. These services 

require congestion control algorithms and protocols which can solve the packet loss parameter can be kept under 

control. The protocol provides for variation in individual network packet sizes, transmission failures, sequencing, flow 

control, end-to-end error checking, and the creation and destruction of logical process-to-process connections. Some 

implementation issues are considered, and problems such as internetwork routing, accounting, and timeouts are 

exposed. 

 In this paper, we studied and integrated various protocols with TLCC and XCP algorithms to improve the 

quality of service and a continuous transmission of data packets without any loss.  

 

Keywords: Internet Protocol, Digital Transmission, Congestion control, TLCC, XCP. 

1. Introduction 

Internet provides simultaneous audio, video, and data traffic. This is possible when the Internet 

guarantees the packet loss which depends very much on congestion control. A series of protocols have been 

introduced for controlling the network congestion. 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 transport performance indexes such as throughput, delay 

and loss. The sender sends the packets without intermediate station. The data packets loss happen when 

congestion occurs and time is wasted. Retransmission of data packets is difficult because which takes more 

time and increases load on Network. The major challenge is to control packet loss in the network. 

There are a number of very good reasons to avoid loss in today’s computer networks. Many of 

these stem from the fact that the loss is often a symptom of overflowing router buffers in the network, 

which can also lead to high latency, jitter, and poor fairness. In the last few years considerable effort has 

been expended on the design and implementation of the packet switching networks. A principle reason for 
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developing such packet networks has been to facilitate the sharing of computer resources. In this paper, we 

study whether the benefits of a network architecture that embraces rather than avoids widespread packet 

loss outweigh the potential loss in efficiency of the network. We propose an alternative approach to Internet 

congestion control called as decongestion control.  In a departure from conventional approaches, end hosts 

strive to transmit packets faster than the network can deliver them, leveraging end-to-end erasure coding 

and in-network fairness enforcement. In this paper we present a protocol design and philosophy that 

supports the sharing of resources that exist in various packet switching networks. After a brief introduction 

to inter network protocol issues, we describe the function of a gateway as an interface between the network 

and discuss its role in the protocol. We then consider the various details of the proposed work, including 

addressing, formatting, buffering, sequencing, flow control, error control, and so forth.  A typical packet 

switching network is composed of a set of computer resources called as hosts, a set of one or more packet 

switches, and a collection of communication media that interconnect the packet switches. In a typical 

packet switching subnet, data of a fixed maximum size are accepted from a source node, together with a 

formatted destination address which is used to route the data in a store and forward fashion. 

2. Studied Work with its implementation 

This paper studied a proposed solution by introducing a new protocol called STLCC (Stable 

Token Limited Congestion Control). It integrates the algorithms of TLCC and XCP altogether. In this new 

method 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 which is called a token. The 

token is read by the path routers and interpreted as 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 reduces the 

congestion on the path. The output rate of the sender is controlled according to the algorithm of XCP. XCP 

allows the routers in the network to continuously adjust the sending speed of any participating hosts. These 

adjustments are done by changing the contents of the packets (XCP header) transferred between the sender 

and receiver. The feedbacks from routers are used by the sender to adjust the transfer speed to fit the 

routers current load. So, there is almost no packet loss at the congested link.  The STLCC can evaluate the 

congestion level analytically and allocate network resources according to the access link that further 

maintain the congestion control system stable. 

 This logic can be implemented by assuming transmission of data between source and destination. 

Consider a multilayer network that consists of source, destination and routers. Whenever source sends data, 

the data can be transmitted over the network among routers in the form of packets. A packet is a small 

piece of data sent over a computer network and having an option field of the datagram. The router either 

may be Edge router or Core router.  An Edge router is a device that routes data packets between one or 

more local area networks (LANs).A core router is a router that forwards packets to computer hosts within a 

network (but not between networks).The set of packets transmitted by the sender are forwarded to 

remaining routers with help of edge router. The edge router evaluates quality of service it can provide and 

writes this as value in the Option Field of the datagram of the packet and forwards the packet to core 

routers. This value is called as token.    
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Fig 1: Architecture to control packet loss using tokens 

The path routers in the network read the token value and interpreted as its value. Based on the token 

number the edge router at the source minimizes the congestion on the path.  The outgoing packet rate of the 

sender is controlled according to the algorithm of XCP. XCP allows the routers in the network to 

continuously adjust the sending speed of any participating hosts. These adjustments are done by changing 

the contents of the packets (XCP header) transferred between the sender and receiver. The feedbacks from 

routers are used by the sender to adjust the transfer speed to fit the routers current load. Because of this 

process and the congestion in the network is stable. 

3. Protocol for Packet Network Intercommunication 

In the last few years considerable effort has been expended on the design and implementation of 

packet switching networks. A principle reason for developing such networks has been to facilitate the 

sharing of computer resources. A packet communication network includes a transportation mechanism for 

delivering data between computers or between computers and terminals. To make the data meaningful, 

computer and terminals share a common protocol (i.e, a set of agreed upon conventions). Several protocols 

have already been developed for this purpose. However, these protocols have addressed only the problem 

of communication on the same network. In this paper we present a protocol design and philosophy that 

supports the sharing of resources that exist in different packet switching networks. After a brief 

introduction to internetwork protocol issues, we describe the function of a GATEWAY as an interface 

between networks and discuss its role in the protocol. We then consider the various details of the protocol, 

including addressing, formatting, buffering, sequencing, flow control, error control, and so forth. We close 

with a description of an inter process communication mechanism and show how it can be supported by the 

internetwork protocol. Even though many different and complex problems must be solved in the design of 

an individual packet switching network, these problems are manifestly compounded when dissimilar 

networks are interconnected. Issues arise which may have no direct counterpart in an individual network 

and which strongly influence the way in which internetwork communication can take place. A typical 

packet switching network is composed of a set of computer resources called HOSTS, a set of one or more 

packet switches, and a collection of communication media that interconnect the packet switches. Within 

each HOST, we assume that there exist processes which must communicate with processes in their own or 

other HOSTS. Any current definition of a process will be adequate for our purposes. These processes are 

generally the ultimate source and destination of data in the network. Typically, within an individual 

network, there exists a protocol for communication between any source and destination process. Only the 

source and destination processes require knowledge of this convention for communication to take place. 

Processes in two distinct networks would ordinarily use different protocols for this purpose. The ensemble 

of packet switches and communication media is called the packet switching subnet. Fig. 1 illustrates these 

ideas. In a typical packet switching subnet, data of a fixed maximum size are accepted from a source 

HOST, together with a formatted destination address which is used to route the data in a store and forward 
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fashion. The transmit time for this data is usually dependent upon internal network parameters such as 

communication media data rates, buffering and signaling strategies, routing, propagation delays, etc. In 

addition, some mechanism is generally present for error handling and determination of status of the 

networks components. Individual packet switching networks may differ in their implementations as 

follows.  

 

1) Each network may have distinct ways of addressing the receiver, thus requiring that a uniform 

addressing scheme be created which can be understood by each individual network.  

2)  Each network may accept data of different maximum size, thus requiring networks to deal in units of the 

smallest maximum size (which may be impractically small) or requiring procedures which allow data 

crossing a network boundary to be reformatted into smaller pieces.  

3)  The success or failure of a transmission and its performance in each network is governed by different 

time delays in accepting, delivering, and transporting the data. This requires careful development of 

internetwork timing procedures to insure that data can be successfully delivered through the various 

networks. 

 4) Within each network, communication may be disrupted due to unrecoverable mutation of the data or 

missing data. End-to-end restoration procedures are desirable to allow complete recovery from these 

conditions. 

 

Fig 2: Typical Packet Switching Network 

5)  Status information, routing, fault detection, and isolation are typically different in each network. thus, to 

obtain verification of certain conditions, such as an inaccessible or dead destination, various kinds of 

coordination must be invoked between the communicating networks. 

 
It would be extremely convenient if all the differences between networks could be economically 

resolved by suitable interfacing at the network boundaries. For many of the differences, this objective can 

be achieved. However, both economic and technical considerations lead us to prefer that the interface be as 

simple and reliable as possible and deal primarily with passing data between networks that use different 

packet switching strategies. The question now arises as to whether the interface ought to account for 

differences in HOST or process level protocols by transforming the source conventions into the 

corresponding destination conventions. We obviously want to allow conversion between packet switching 

strategies at the interface, to permit interconnection of existing and planned networks. However, the 

complexity and dissimilarity of the HOST or process level protocols makes it desirable to avoid having to 

transform between them at the interface, even if this transformation were always possible. Rather, 

compatible HOST and process level protocols must be developed to achieve effective internetwork 

resource sharing. The unacceptable alternative is for every HOST or process to implement every protocol 

(a potentially unbounded number) that may be needed to communicate with other networks. We therefore 

assume that a common protocol is to be used between HOST’S or processes in different networks and that 

the interface between networks should take as small a role as possible in this protocol. 
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To allow networks under different ownership to interconnect, some accounting will undoubtedly 

be needed for traffic that passes across the interface. In its simplest terms, this involves an accounting of 

packets handled by each net for which charges are passed from net to net until the buck finally stops at the 

user or his representative. Furthermore, the interconnection must preserve intact the internal operation of 

each individual network. This is easily achieved if two networks interconnect as if each were a HOST to 

the other network, but without utilising or indeed incorporating any elaborate HOST protocol 

transformations. It is thus apparent that the interface between networks must play a central role in the 

development of any network interconnection strategy. We give a special name to this interface that 

performs these functions and call it a GATEWAY. 

4. STLCC Mechanism 

STLCC is able to shape output and input traffic at the inter domain link with O(1) complexity. 

STLCC produces a congestion index, pushes the packet loss to the network edge and improves the overall 

network performance. To solve the oscillation problem, the Stable Token-Limited Congestion Control 

(STLCC) is also introduced. It integrates the algorithms of XCP and TLCC altogether. In STLCC, the 

output rate of the sender is controlled using the algorithm of XCP, so there is almost no packet lost at the 

congested link. At the same time, the edge router allocates all the access token resources 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 increased as well. Thus STLCC can measure the congestion 

level analytically, and then allocate network resources according to the access link, and further keep the 

congestion control system stable.   

Token: A new and better mechanism for the congestion control with application to Packet Loss in 

networks with P2P traffic is proposed. In this new method the edge and the core routers will write a 

measure of the quality of service guaranteed by the router by writing the digital number in the Option Field 

of the datagram of the packet. This is called as token. The token is read by the path routers and then 

interpreted as 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, thus reducing the congestion on the path.    

Core Router: A core router is a router designed to operate in the Internet Backbone (or core). To fulfill 

this role, a router must be able to support multiple telecommunications interfaces of the highest speed in 

use in the core Internet and must be able to forward the IP packets at full speed on all of them. It must also 

support the routing protocols being used in the backbone. A core router is distinct from the edge routers.   

Edge Router: Edge routers sit at the edge of a backbone network and connect to the core routers. The 

token is read by the path routers and then interpret as its value will give a measure of the congestion 

especially at the edge routers. Based on the token number of  the edge router at the source, thus reducing 

the congestion on the path. 

5. Conclusions 

We have discussed some fundamental issues related to the interconnection of packet switching 

networks. In particular, we have described a simple but very powerful and flexible protocol which provides 

for variation in individual network packet sizes, transmission failures, sequencing, flow control, and the 

creation and destruction of process to process associations. We have considered some of the 

implementation issues that arise and found that the proposed protocol is implementable by HOST’S of 

widely varying capacity.  

In this paper the architecture of Token based Congestion Control (TBCC) provides fair bandwidth 

allocation to end users in the same domain is introduced. The two congestion control algorithms CSFQ and 

TBCC are elevated in this proposed work. The network with stable congestion control leads to the good 
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performance and it will be possible to build a network with limited number of resources having fast 

transmission of data with accuracy and no delay. 
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