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ABSTRACT-

The problem of obtaining efficient routing algorithms for the 
fast delivery of messages to their destinations is of the 
utmost Importance in the design of modern digital networks. 
The research project deals with the investigation of various 
types of routing algorithms and the techniques available for 
evaluating the performance of these algorithms. A minimum 
delay adaptive routing algorithm, developed by R G ftallager 
is selected. The overall performance of a particular network 
consisting of randomly distributed nodtts is optimised using 
the algorithm. The performance of the network is optimized by 
minimizing the average packet delays. A simulation program is 
used to determines the performance of the netuork. The minimum 
delay routing algorithm provides a 30 to 40 percent 
improvement on the average packet delays compared to a static 
least cost, algorithm. The improvement is obtained once the 
adaptive routing algorithm has been carefully adapted to the 
network in which it is implemented.
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1 INTRODUCTION

During the past decade the key technology has been 
information gathering, processing and distribution. This has 
led to the design and implementation of large complex digital 
computer networks.

A network consists of a set of nodes which are interconnected 
by a system of links. Data is transferred from one node to 
another in the network via the links. In modern networks it 
is necessary to minimize average packet delay and to maximize 
the throughput. The project involves the study of routing 
algorithms which determine the path taken by the data 
travelling through the network. The particular routing 
algorithm studied minimizes the total average packet delay in 
the network.

1.1 Project description

The project examines the various types of network topologies 
which are most efficient with respect to the routing of 
traffic. A fixed network topology is selected. Various types 
of routing algorithms are studied in order to establish an 
algorithm bast suited for the type of network topology 
selected. Methods for predicting the performance of the 
routing algorithms are examined. A suitable method is then 
chosen and used to predict the performance of the network. 
The adaptability of the minimum delay routing algorithm is 
optimized and the performance of the network under rapidly 
varying Input traffic loads Is studied.



Layout of the report

' M

The report is divided 1 
deals with the actual 
following chapters 
describe and analyi 
to a literature sui 
the more important 
chapter. Chapter 
analysing and predicting 
networks. Chapter 5 deal

' tvo par' • The first part. Part X, 
esearch . oject and includes the 

Chapter 2, Intfinucei the theory used to 
digital networks. Chapter 3 is devoted 
y on routing algorithms. The features of 
uting algorithms are described in this 
describes the techniques available far 

the performance of large digital 
: uith the type and specification of

the network and routing algorithm to be tested and optimized. 
The subsequent chepter, Chapter 6, describes the development 
of the network routing simulation package.

The last two chapters, - Chapters 7 and 
results obtained from the siraulatio 
optimization of the network. Chapter 9 
with the deductions made from the r 
limitations of the project as well as 
possible further investigation.

9, evaluate the 
i program and the 
:oncludes the report 
isearch project, the 
recommendations for

Part II of the report deals exclusively with the network 
routing simulation program developed in the research 
project. Part II Includes the user's manual and design 
specification of the program. The entire program listing Is 
also provided In part II of the report.



2 BACKGROUND THEORY

The basic concepts and theory used to define and evaluate the 
performance oS a outwork are introduced. The OSI model of a 
network is dofined. The definition, types and properties of 
routing algorithms are stated. A list and description of the 
terminology used in the report is given in Appendix A.

2.1 Digital networks

A digital network consists of a set of nodes which arts 
interconnected by links. Information or data is transferred 
between the nodes in the network via the links. Nodes which 
generates date ta be transferred to ether nodes ere known as 
the source or transmitter nodes. Nodes which consume data 
from other nodes ore referred to as sink or receiver nodes. 
The manner in which the links interconnect the nodes In the 
network Is known as the topology of> the network. Typical 
network topologies are illustrated below.

c) Hierarchical network d) Irregular network
Figure 2.1 Diagram Illustrating various network topologies.



2.2*1 Uses and advantages of digital networks

The uses and benefits of networks are numerous. The main 
advantage of a network is that It allows separate independent 
nodes to communicate with each other. This leads to several 
important uses:

- Information gathering: A network allows information to be 
gathered over large areas and relayed to a central point 
permitting large amounts of valuable information to be 
extracted and correlated.

- Increased reliability: Networks provide alternative 
sources of supply. The loss of a single node or computer 
in a network is usually less serious than if all the 
terminals were connected to a single computer. In 
applications such as military, industrial process control 
and banking the loss of computing power, even for a short 
period of time, can be catastrophic.

- Resource sharing: A network allows a number of users or 
nodes to share expensive or valuable resources such as 
data bases and printers.

- Cost of computing: Due to the decreasing cost of 
computers in general it has become more feasible to 
process the data where it is collected, rather than 
transferring the data to a central computer to be 
processed. This naturally leads to the implementation of 
a network. .

- Rapid communication) Networks allow nodes that may be 
physically distant from each other to rapidly exchange 
information. If a node gathers Information that is 
valuable to another node the data can be- transferred 
immediately to that node.



- Simple design of complex systems: Finally, in a network 
it is possible to dedicate some (or all) of the processes 
to specialized functions. This leads to the natural 
decomposition of large complex systems into smaller more 
manageable systems. Bach node in the network can be 
programmed to perform a single function at any one time. 
A network allows a system to expanded in small increments 
and processes may be added to the network as they are 
required.

The requirements of a network may vary according to the 
application. In general a network must be able to transfer 
information from one node to another as quickly and cheaply 
as possible. Often an additional requirement is that of 
security where one user may prevent the other users in the 
network from obtaining privileged information.

There exists an abundant number of possible applications for 
computer networks which extends fron education, industrial 
process control, banking, automated newspapers and military 
applications to fully automated libraries and software 
distribution. The advantages, uses and application 
possibilities of networks and t.he- need for reliable and 
efficient networks are escalating extremely rapidly.

2.3 The OSI reference model

To reduce the complexity of designing networks and to allow 
networks to be designed in a structured manner, the network 
may be divided into 'layers'. Bach layer performs a well 
defined function and is built upon its predecessor. The 
purpose of each layer is to provide certain functions to the 
higher levels. Each layer may be described as a 'black box* 
with the interface to the adjacent levels clearly defined but





allows data to travel in both directions but not 
simultaneously Is known as a half-duplex channel. A full- 
duplex channsl is one that allows data to be transmitted in 
both directions simultaneously. The capacity of the link from 
node 1 to node k is represented as CiH and dofines the 
maximum number of bits per second that may be transmitted 
over the link.

2.3.2 The Data link layer

The function of the data link layer is to transform the 
physical layer into a channel that appears free of 
transmission errors. This is accomplished by breaking up the 
data into packets or frames which are transmitted 
sequentially across the network. The data link layer is also 
concerned with the transmission of acknowledgement frames 
which are transmitted to the source node by the receiver. The 
project is concerned with the next layer, the network layer 
It is assumed that the 'Data link* layer has been Implemented 
and provides a perfect physical layer which is free of 
transmission errors. It is however not possible to isolate 
all of the functions of the data link layer from the network 
layer. Protocols used by the data link layer may effect the 
efficiency of the routing algorithm found in the network

2.3.3 The Nptwork layer

The network layer is responsible for determining how packets 
are routed within a network. This project is devoted to this 
layer. Congestion control is also handled by the network 
layer. Accounting functions, such as calculating the cost of 
.ransferring a message across the network are performed by 
this layer.

7



Tvo basic models of how packets are routed across the network 
exist. These Include the virtual circuit model and datagram 
circuit model. In the virtual circuit model a fixed path is 
set up to a particular destination when the user enters the 
network. The path then remains fixed for the entire period 
the user is connected to the network. A single path Is 
available and packets are always received by the destination 
in the same order they were transmitted. In a datagram 
network the network layer simply accepts packets from the 
transport layer and a best attempt is made to transfer the 
packet to the destination. Different packets for the same 
destination may take different paths. No guarantee is aade 
that packets arrive at the destination in the correct order 
or even at all; When designing a network it is Important to 
select the type of model used. This is dependent on the type 
and properties of the required network.

The type of routing algorithm, congestion protocol and model 
needed by the network requires careful selection. This aspect 
of the project is described in chapter 5. A brief description 
of the functions at the next layers is given in order to 
verify some of the assumptions made in the report.

2.3.4 The Transport layer

The function of the transport layer is to split the data into 
smaller packets or frames and to pass these to the network 
layer. It also ensures that all the packets arrive at the 
destination in the correct order.



2.3.5 The Session layer

The session layer provides the user interface to the network. 
A connection between users la often called a session. The 
setting up of a session is a complicated procedure which is 
not considered here. In some networks the session and 
transport layers are merged into a single layer.

2.3.6 The Presentation layer

The presentation layer performs functions such as filing and 
the translation of ASCII characters to bits that may be 
transmitted. The layer may be used to _ translate different 
file formats to a format understandable by the particular 
terminal. *

2.3.7 The Application layer

This is the uppermost layer in 'the OSI model. The purpose of 
this layer is to provide transparency and to hide the 
physical distribution of the resources from the user. The 
exact content of the application layer is dependent on the 
ectual user.

2.4 Conclusion) Network Definition

Although the dnscription glvan is brief, it is clear that a 
network is a combination of numerous interrelated functions 
making up a highly complex system. The project focusses on 
only a small part of the system, and Includes the research 
into touting algorithms and other related topics such as 
congestion control protocols.
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2.S Queuing theory

The digital network studied in the project is based on 
queuing network principles. Therefore it is necessary to have 
a basic understanding of gueuing theory. The theory required 
for the understanding of the report is provided. fc more 
detailed explanation on queuing theory is given in references 
[24,25].

2.6.1 Introduction to queuing theory

Queuing theory is -d to model processes in which packets 
arrive, wait their turn for service, are serviced and then 
depart. Queuing systems are characterized by the followings­

- The interarrival-time probability density function. The 
interarrival-time probability density function represents 
the distribution of the time delay between two successive 
arrivals at a queue.

- The service-time probability density function. The 
service time probability density function represents the 
distribution of the time period required to service a

- The number of servers. The number of servers present to 
service the packets from the same input queue.

- The queuing discipline. The queuing discipline specifies 
how incoming packets are inserted into the input queue.

- The amount of buffer space in the queues.

The theory required to analyse a queuing system is dependent 
on the type of system used. It is necessary to accurately 
define the system that will be used in this project in order 
to derive the theory directly applicable to the project.



2.5.2 Queuing systems In digital networks

In order to simplify the theory a node 1b assumed to have a 
buffer of infinite length. The theory is limited to what is 
known as a M/M/1 queue, a M/M/i queue is defined as follows:-

- An esponsntial probability density for the interarrival

- An exponential probability density for the service time,

- a single server system.

A typical M/M/1 queuing system is illustrated below.

Queue Server

■ n - f  I I 1 I ■ I ■ I ■ ! ->  ■
Mean arrival rate Mean service rate
v packets/sec. n packets/sec.

Figure 2.3 Diagram of a simple H/M/l queuing system.

The Incoming packets at a node are served on a first come 
first serve basis. Graphically a node appears as follows!



Assuming the mean arrival rate of packets to the queue to be 
e packets per second, then the probability of exactly n 
packets arriving in a time interval of t is given by the 
Poiason law:

P»(t> « Ut)"»— » 

and the probability density function can easily be derived

a (t) » «e-«s *

Thn advantage of using Foisson probability density is that 
the probability of an arrival during tine t is independent of 
the number of packets already in the queue. Assuming a mean 
packet length to be l/\i bits per packet and the channel 
capacity to be C bits per second then the average packet 
delay T is nay be written as:

T *  l/(pC - S)

T includes both the trai i time and queuing time.

This result leads to some Important conclusions. The most 
important conclusion being that as the average packet arrival 
rate ® tends to the average channel packet rate >iC then the 
delay tends to infinity. That is if one assumes an infinite 
input buffer length. Tt average delay experienced by packets 
transmitted across the network is one of the most important 
aspects to consider in the design of a digital network.



2.5.3 Conclusion! Queuing theory

Many of the important aspects regarding the gueuing systems 
employed in digital networks may be derived from the simple 
formula given above. Some of these conclusions are detailed 
in chapter 4 where the theory is applied to a particular 
network.

2.6 Routing algorithms

Before designing a digital network the types, properties, 
advantages end limitations of routing algorithms must be 
defined•

2.6.1 Properties of routing algorithms

The task of a routing algorithm is to decide on which output 
path or paths an incoming packet should be transmitted.

Routing algorithms are implemented in digital networks in 
order to achieve one or more of the following:

- to minimize the total average packet delay,
- to reduce the cost of transferring a packet across the 

network from a source to a destination notie,
- to minimize the number of blocked packets in the network,
- to reduce the effect of link and node failures in the 
network,

• to maximize the total network throughput, that is to 
maximize the number of packets that can be transferred 
across the network in a given time interval, end

- to minimize the nunber of nodes passed (number of hops) 
by a packet in moving from a source node to a destination 
node in the network.



In addition to the above features routing algorithms should 
also posses the following properties:

- be rebust; a system wide failure should not be allowed,
- be able to cope with changes in the topology of the 

network,
- be simple and stable,
- bo able to provide fairness to all the nodes in the

- have a fast response; the speed at which the algorithm 
adapts to changes in traffic must be faster than the 
average rate at uhich the traffic changes in the network 
if the routing algorithm is to be useful,

- Number of control packets transmitted; the amount of 
routing information exchanged between nodes must be 
sufficient to indicate changes in traffic end network 
topology/ but if too much information is exchanged then 
the overhead and bandwidth required to transmit the data 
may be too large,

- Buffer space required; the amount of storage space 
required tc update and contain the routing tables in a 
node must not be large, but sufficient to route packets 
efficiently around the network and,

- should demonstrate loop free properties. The routing 
algorithm should ensure that packets do not return to 
nodes already visited in the network.

It is impossible to design an efficient algorithm that 
simultaneously satisfies all the advantages and properties of 
routing algorithms described above. It is however possible, 
by considering the type of network and it's application, to 
optimize some of the features at the expense of others until 
a compromise is reached. For example in military applications 
it is Important to have a robust system which minimizes the 
probability of a packet not reaching it'e destination whilst 
minimizing the cost of running the network nay not be



essential. In large global networks, It nay be necessary to 
reduce the cost of running the network ot the expense of 
increased delays. Some networks nay allow the user to select 
a minimum delay or least cost path or to send the packets via 
a path that will guarantee the packet to reach it's 
destination.

2 .6 .2  Types of routing algorithms

The various basic types of routing algorithms and their 
specific advantages and drawbacks are described.

Static routing algorithms

Static routing algorithms are implemented as follows. Each 
node contains a table listing the possible output path or 
paths for a particular destination node. The paths are 
usually listed in order of priority. One at the slaplest way 
to implement a static routing algorithm is each time a packet 
is to be forwarded, the node generates a random number, and 
according to the random number and destination node the 
packet is sent along one of the output paths. Static routing 
algorithms are the easiest type to implement and are 
therefore the most widely used algorithms. The main problem 
with static routing algorithms is that they cannot adapt to 
traffic changes in the network. Also if the topology of the 
network changes, or if a link or node fails the tables In all 
the nodes must bo updated before tha network can operate 
effectively. Static routing algorithms may be used as a 
backup algorithm to a more complv, algorithm since static 
algorithms »ra simple and robust.



Adaptive routing algorithms

Centralized routing



system is that the RCC contains information about the entire 
network and can therefore make perfect decisions on how 
packets are to be routed. Another advantage is that it 
relieves each node of the task of calculating the routing 
tables. The disadvantages of such a system are unfortunately 
quite severe. If the Bystsm is to react rapidly to changes in 
traffic the RCC must perform routing calculations fairly 
often requiring a fast sophisticated central processing unit 
(CPU). Another problem is the heavy flow of traffic near the 
RCC due to the large amount of data being transferred to and 
from the RCC. The most serious problem suffered by a 
centralized routing system is it's vulnerability, since if 
the RCC fails the entire network falls.

Decentralized routing systens

The problems of centralized routing systems has led to the 
development of decentralized or distributed routing systems. 
In decentralized routing systems each node is responsible for 
calculating it's own routing tables. Information such as 
queue lengths, packet delays etc. may be transferred between 
the various nodes in the network, and based on this 
informetion each node compute it's own routing tables. The 
advantages of such a system is that it can be made extremely 
reliable. For example, if a node fails the rest of the 
network can continue to operate. The Bain disadvantage of a 
distributed system is the time taken for a change in traffic 
patterns or a node failure to propagate through the network 
so that each node can alter it's routing tables accordingly. 
Another problem is that if routing information is exchanged 
at regular intervals between the nodes in the netuork a 
significant amount of channel capacity may be taken up by the 
routing packets. A large number of digital networks employing 
a decentralized routing system have' been implemented. The 
most fitting example in the ARPANET network.





3 LITERATURE SURVEY

A literature survey was undertaken to determine the types of 
routing algorithms currently proposed or In use in large 
networks. A table, summarizing the characteristics of each 
algorithm is provided in Appendix B.

3.1 Routing algorithms

Routing algorithms are divided into two categories, namely 
the static and adaptive algorithms. Static routing algorithms 
include the flooding, random and least cost algorithms. The 
flooding and random routing algorithms are simple and require 
minimal intelligence. The flooding and random algorithms are 
only effective in small networks with a very lov constant 
traffic flow. Tha least cost routing algorithm minimizes the 
cost of transferring messages across a network. Least cost or 
shortest path algorithms may be used to minimize the average 
packet delay, in a network.

Adaptive routing algorithms are more suited to networks with 
a varying input traffic load. Adaptive routing algorithms 
attempt to minimize the average packet delay. Minimizing tha 
delay is accomplished by routing packets around congested 
regions in the network. Numerous adaptive routing algorithms 
have been developed. Each algorithm suited to a particular 
type of network. The characteristics and properties of each 
algorithm is provided in Appendix B.

Several algorithms appear to be suited to a network 
consisting of randomly interconnected nodes. These algorithms 
includei

- The delta routing algorithm proposed by H Rutlin [37j,
- The minimum delay routing algorithm developed by R G 

Gallager [11], .
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3.3 Conclusions The literature survey

In the literature survey, numerous types of routing 
algorithms have been Identified. Only a feu of these 
algorithms have been fully tested end the performance of the 
algorithm in various types of networks established. Various 
existing networks have been examined and the basic problems 
experienced by these networks have been identified. Briefly 
the major problems Identified are:

- poor response of the routing algorithm to changes in 
traffic patterns In the network,

- poor response to link or node failures In the network,
- large memory required by the routing algorithms,
- the large amount of routing information that must be 

exchanged between the nodes in order for the routing 
algorithm to operate effectively efficiently, and

- poor performance of the routing algorithm In extremely 
high traffic load situations.

In seme of the networks examined some these problems have 
been alleviated. This has been done by examining the overall 
performance of the network. The routing algorithm and 
protocols in the network are altered in order to optimize the 
performance of the network. Such a technique Is often 
extremely costly.

It la evident, from the literature survey, that an 
Inexpensive technique for accurately predicting the 
performance of a routing algorithm for a particular network 
is required. The overall performance of a network must be 
determined before the network is implemented, due to the 
large costs involved in implementing and altering larg« 
digital networks.
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4 PERFORMANCE EVALUATION TECHNIQUES

Evaluating tha performance of a network is important for 
several reasons [22]:

- Determines the performance of the network against the 
overhead introduced in improving the network performance,

- Assists in tuning of the network parameters in order to 
obtain an optimum in the performance of the network,

- Helps in comparing the performance of two or more 
networks.

Several techniques exist for evaluating the performance of a 
network and these include:

- Analytical techniques,
- Experimental techniques, and
- Simulation techniques.

The methods used in evaluating th? /acfortoance and efficiency 
of a netuork is are described in detail in this chapter.

4.1 Performance evaluation criteria

The performance of a network depends not only on the exact 
implementation, but also on the individual associated with 
the network. M Iiyas and H T Mouftah [22] have divided the 
performance criteria of a network into three categories, tha 
user-orientatsd, manager-orientated and designer-orienteted



6.1.1 User-Orientated crlterii

A user is usually concerned with the 'friendliness' of a 
network, A user requires a network that provides short delays 
in transferring messages across the network at a minimum 
cost. In addition a user may require security and privacy of 
data.

4.1.2 Manager-Orientated criteria

A manager of a network is concerned with the cost-performanoe 
tradeoff of the network, and likes to see the best 
utilization possible of the network resources. A manager 
wants a reliable network with a high throughput and is 
interested in the type and adaptability of the routing 
algorithm used in the network.

4.1.3 Designer-Orientated criteria

A designer is mainly concerned with how accurately the 
performance of the network can be predicted and the design 
specifications met. The designer is also concerned with 
aspects such as flow control protocols, buffer utilization 
and the efficiency of the routing procedure used.

4.2 Performance measurements

To determine the performance of a network several 
measurements must be obtained fro» the network.
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4.2.1 Time delays

One of the most Important aspects to consider when evaluating 
the performance of the network Is the time taken for a packet 
to move iTora a source to destination noae in tne necuarx. 
This criteria is dependant on the amount of traffic in the 
network. Hence the tine delays for various traffic loads must 
obtained before a useful deduction can be made about the 
effectiveness of the network. Measurement of the time delays 
often gives a good indication of the efficiency of the 
routing algorithm used in the network.

4.2.2 Throughput

The throughput of, the natwcrk indicates the number of packets 
per second moving through the network tilth respect to the 
total capacity of the network. It is often desirable to 
maximize the throughput of the network. High throughput are 
obtainable by the use of high capacity links, efficient nodes 
and highly effective routing algorithms. ■

4.2.3 Coat

The cost of running the network and the cost involved in 
transferring a data packet across the network Is an important 
aspect to consider when evaluating the performance of the 
network. Other cost.that may be considered are maintenance 
costs and the costs, involved in adding a new node or link to 
the network.
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4.2.4 Percentage use of the network capacity

The percentage use of the links In the network under various 
traffic loads need also be considered. At high traffic loads 
it Is desirable to have all or most of the links operating at 
or near maximum capacity. A measure of the average percentage 
use of each link reveals the particular link that becomes 
saturated under heavy load conditions, and by increasing the 
capacity of this link the throughput of the network may be 
increased. Often it Is necessary to predict exactly how nuch 
traffic the network is able to handle in order to plan for 
possible future expansions of the network.

4.2.5 Humber of blocked packets

In some applications/ such as banking a blocked packet nay 
have a disastrous effect on the network and it is necessary 
to be able to determine the possibility of a packet being 
blocked under Various lead situations. Determining the number 
of packets blocked over a particular tins interval is an 
Indication of the buffer sizes required at the nodes. A 
network should also be able to detect blocked packets and to 
take appropriate action if necessary.

4.2.6 Use of buffers

The average percentage use of the buffers at each node 
provides an indication of the buffer size required at each 
node and nay also indicate if the node is capable at handling 
all the input traffic to the node. Under-utilization of 
buffers at heavy loads indicates that an excess number of 
buffers have been provided or that the node is particularly 
efficient. Over-utilization of the buffers indicates that too



few buffers have been allocated and that blocked packets or 
deadlock may occur.

4.2.? Average number of hops

The number of hops represents the number of nodes crossed by 
a packet travelling from a source to a destination node. 
Minimizing the number of hops usually, but not always, 
minimizes the delay and cost Involved in transferring the 
packet. The number of hops may indicate the presence of 
looping' or circulating packets in the network.

4.2.B Other performance measurements and conclusions

Other performance measurements may be directly related to the 
actual implementation of the network, for example if a 
network employe a distributed adaptive routing algorithm it
i.s necessary to measure or calculate the ratio of routing 
packets to data packets in the network. If the ratio is too 
high it indicates that too many routing packets are 
circulating around the network and consuming valuable 
bandwidth.

There exists numerous measurements that can be made to 
determine the overall performance of a network and the 
routing algorithm used. Usually the overall performance is 
established by considering all of the measurements 
simultaneously. Por example it is not much use minimizing the 
delays if the number of blocked packets increases. Obtaining 
a quantitative measure of the efficiency of a routing 
algorithm and computer network as a whole is a difficult and 
complex task.
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<»3 Performance evaluation: Analytical techniques

For this method mathematical modcils are used to determine the 
performance of the network. The utodels are usually based oh 
several assumptions, and the more the assumptions made the 
easier the method, but the results obtained are less 
accurate. Highly ac- ui'Ste results require sophisticated and 
complex models of the system and the accuracy obtained does 
no* usually compensate far the efforts and complexity 
involved.

Evaluating the perform...' of a single node employing a 
single server system is uimple and accurate results can be 
obtained using analytical methods, however the evaluation of 
mu’.tl-nede systems becomes extremely difficult if not 
impossible to analyse. In fact in multi-node systems it iu 
only possible to accurately predict the performance of 
networks employing a static routing convention.

4.3.1 Queuing theory analysis

Assuming a static routing algorithm valuable insight about 
delays, costs, percentage use and buffer allocation can be 
gained using simple queuing theory. Basic link capacity 
requirements can usually be determined from simple analytical 
methods, assuming constant tt-affic and a static routing 
algorithm.

In a simple network assuming infinite buffer lengths and an 
M/M/1 queuing principle as discussed in chapter 2 the delay 
can be estimated 'from the simple formula:

T» = l/lufi - «*)
Ti is the delay In link 1, Ct is the capacity of link 1 and 
1/m is the average service rate of node 1 and 
«!. is the average arrival rate of link i.
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Figure 4.1 A simple digital network unde? test.

The performance of the network was analyticaliy \3etSr«ined as 
follows:

The,input to the network is the everage traffic fate for all 
the source destination node pairs in the network. In this 
example the total traffic is assumed to be 40 packets par 
second. The total traffic is then multiplied by a scala 
factor which varies from 0 to 2. That is the input traffic to 
the network is varied between 0 and 80 packets per second,. 
The average packet delay is then calculated. The average 
percentage use of the network is also determined. Thti 
percentage use of the network is defined as th-% total numbei. 
of packets travelling through t,ne netncr* per second aivioea 
by the total capacity of the network. ti>e effect of the



.1

packet length, input traffic loads and link capacity values 
on the average packet aelay is observed. In the analysis a 
simple least cost routing algorithm is assumed, packet 
arrival times to the network are calculated using a Poisson 
probability density function.

Packet bit lengths

The everage packet delay as uell as the percentage 
utilization of the links in the network for various packet 
lengths are studied.

It is important to note that the Infinite delays illustrated 
in the graphs below are a result of assuming infinite buffer 
lengths at the nodes. It Is assumed that no packets are 
blocked and that all packets eventually reach their 
destination, even if it takes foreverl

Graph 4.1 The average packet delay as a function of the 
input traffic to the network for various packet
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Traffic rate results

Increasing the traffic has the result of increasing the 
average packet delay in the netuork. For all traffic rates 
the maximum percentage utilization of the network is 50%. The 
results obtained are illustrated in the graphs below. The 
graphs are obtained using a packet length of 600 bits.

Sraph 4.3 ' The packet delay for various input traffic loads.

Graph 4.4 The percentage use of the network for ' 
input traffic loads.
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Varloun link capacity results

The capacity of the saturation link (link (2,3)) was 
increased and the results are portrayed in the graphs shown 
below. The packet length is assumed to be 800 bite.

Graph 4.5 The packet delay versus the input traffic load 
for various link capacity values.

Graph 4.6 The percentage use of the network versus the 
input traffic load for various link capacity
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Increasing the capacity of the saturation link (link (2,3)) 
decreases the average packet delays. The decrease in average 
packet delays becomes less significant as t'nother link 
becomes saturated. Increasing the capacity of the saturation 
link also increases the percentage ut<lization of the 
network. The problem of a highly saturated link can be solved 
by increasing the capacity of the link but this solution 
suffers from catastrophic results if the link fails. A more 
appropriate solution is to provide several links parallel to 
the saturation link. In an ideal network it is desirable for 
all the links to have the same percentage utilization. In a 
static network with constant traffic flows this can be 
accomplished by correctly assigning capacities to the various 
links J.n the network. For dynamic networks were traffic rates 
vary the only solution is to employ a sophisticated routing 
algorithm to distribute the traffic as evenly as possible 
across all links in the network. Such a routing algorithm is 
•..y useful in networks where alternate links to the 

saturation links are available.

4.3.2 Single nods analysis

Analytical techniques are extremely useful in designing and 
predicting the performance of individual nodes in the 
network. Analytical mathoils are useful for determining buffer 
langth requirements, bui.?«,u- allocation techniques and service 
rates required by the node.

G B Agnew and J W Hark [1] have developed a model for 
determining the performance of individual nodes in a network. 
A certain buffer length, buffer allocation technique and 
service rate of the node under test is stipulated. The 
performance of the node is determined by calculating the 
blocking probabilities and delays of the packets at the node. 
The percentage buffer utilization may also be calculated. The
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modal is useful in determining the stability and convergence 
of a particular routing aj.qorlthm. The overall performance ot 
large complex networks cannot be accurately predicted using 
this method.

4.3.3 Electrical analog analysis

The method of using an electrical circuit analog for 
determining the performance of a network was first proposed 
by J B Dennis and is described by T B Stern in reference 
[41]. The links in the network are represented as 
resistances, the traffic flow In the links as current and the 
each node is aiven a potential. The method is use? 
obtaining >in optimal routing strategy for the i.. 
Several assumptions do however have to be made in orde. 
able to analyse large multi-destination networks. The methau 
requiras further study before it may be applied to large 
dynamic digital networks.

4.3.4 Analysis tsS quasi-static notwei-ks

A Segall T39] states that the problem w'.th analysing a 
dynamic syst m  using analytical techniques is the number of 
statee requited to obtained accurate results. A network 
consisting of N nodes, a outgoing links per node and maximum 
buffer length of ta packets requires approximately (crNm)N-1 
states. Taking a small network oS 10 nodes with 2 outgoing 
lirkK per node and a buffer length of 10 the number of states 
required is greater than 6 x 10ao. Segall has proposed a 
model for the analysis of guasi-static networks which reduces 
the number of states required. The proposed algorithm is 
however Halted and requires further investigation and 
improvement.



4.3.6 Conclusion, analytical methods

Verious analytical techniques for evaluating the performance 
of a digital network have been considered. A static network 
consisting of four nodes, each node modelled by a M/M/1 
queuing system was analysed using simple queuing theory. The 
results obtained Indicate that the packet delay is dependent 
on the input traffic to the network and the total capacity of 
tha network.

Simple analytical methods can be used as a first etap in the 
design of a digital network. The main problem being that for 
large networks the complexity increases drastically. 
Analysing a network employing a dynamic routing algorithm la 
difficult. In conclusion analytical techniques are limited to 
determining the performance of simple static networks.

4.4 Performance evaluation) Experimental techniques

A network or prototype network is first Implemented. 
Measurements are then taken from the network. Various 
parameters are now varied in order to obtain the optimum 
performance of the network.

4.4.1 Measurement techniques

Before any adjustments can be made to improve the performance 
of tha network various measurements must be made such as tha 
measurement of the input traffic, queue lengths and link 
utilization. The measurements can be classed into three 
types, namely long term measurements, trace measurements and



- Long tern measurements are obtained by recording various 
netuork statistics such as queue lengths for a fixed 
period of time, and using this recorded information long 
tern average statistics are compiled.

- Trace measurements are made by observing a packet as it 
travels through the network from the source node to the 
destination node. This method of measurement is used to 
determine if any deadlocks or loops exist in the netuork, 
the number hops, and packet delay.

- Snapshot measurements give an instantaneous state of the 
netuork. These are preferable to long term measurement 
techniques due to the reduced overhead. Snapshot 
measurement techniques are used to determine queue 
lengths at the nodes.

4.4.2 Conclusion, Experimental techniques

This method, although the most accurate method suffers from 
many disadvantages.

- the network must be assembled before tueasureraents can be 
made. Drastically altering the network after it has been 
assembled may be costly.

- the time taken for measurements to be made, the data to 
be analysed and network parameters altered may take 
several weeks during which the netuork nay not be 
operating at an optimum.

- it may be difficult to know exactly which parameters must 
be varied and hou these parameters shuuld be altered to 
improve the performance of the network. Many of the 
parameters are usually dependent on each other and one 
parameter cannot be replaced without effecting other 
parameters in the network.

- measurements must be made constantly requiring a lot of 
overhead •
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Simulations are performed with the aid of a computer and can 
be made extremely flexible. Simulation ia often the only 
feasible method of predicting the performance of a network, 
ha the complexity of a netuork increases the number of 

that must be made In order to analytically 
i performance of the network may render the results 
.mulatlona are normally time consuming, but the 
lined are usually far more accurate than those of 

analytical methods due to the fewer assumptions that have to 
be made.

The computer 
Static netuorl 
simulated. The 
Is relatively 
simulation can be made as i 
of an increase In simulati

and adaptable, 
at the expent
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4.6 Conclusion) Performance evaluation techniques

It Is impassible to single out one performance evaluation 
technique as being the best. Some of the aspects that must be 
considered when selecting a performance evaluation technique

- Type of network; The type of network, number of nodes, 
topology of the network and routing algorithm.

- Accuracy: the accuracy of the delays, blocking 
probabilities and throughput of ihe network.

- Flexibility; Allowing the performance of a network using 
various topologies, routing algorithms end protocols to 
be evaluated.

- Turnaround time; The time taken to obtain measurements 
from the network, to analyse the' results and to 
successfully improve the performance of the network is 
often of vital Importance.

- Cost) Cost always plays a vital role in the design, 
improvement and Implementation of any system. Often a 
compromise between cost, accuracy and flexibility must be 
obtained.

Analytical methods are most useful in small static networks 
or in the first stage design of a network. Experimentation 
techniques are often expensive and most useful in the final 
tuning and optimization of a network. Simulation is the most 
accurate, flexible and cost efficient method of analysing 
fairly large dynamic networks.



S NETWORK SELECTION

The purpose of the project Is to examine various routing 
strategies and protocols in a digital network and to optimize 
the algorithm for the particular network. Before a routing 
algorithm can be selected a suitable network must be chosen 
and the specifications and requirements l>£ the network 
properly defined.

6 .1  Network requirements '

The network is to be a digital computer based network. 
Digital networks are extremely important due to the increase 
in the use of computers throughout the world. The exchange of 
digital information between computers is becoming a 
necessity. The network is used to interconnect several nodes 
or users. The network must allow any user in the network to 
transfer digital data to any other user connected to the same 
network. The network must be efficient and reliable under all 
traffic load situations. The routing algorithm must be able 
to cope with bursty traffic situations. Bursty traffic is a 
characteristic of digital networks. The routing algorithm 
used must be stable, display loop free characteristics and 
minimize the delay and possibly the cost of transferring a 
message between two nodes. The network must be free of 
deadlocks and be able to support broadcasting. Changes to the 
topology of the network should be possible without having to 
physically update the routing tables of all of the nodes in 
the network.

The specifications of the network are typical requirements 
needed in modern digital networks. The specifications 'may be 
slightly idealistic and an optimum network meeting as many of 
the above requirements is being sought.



6.2 Selected network

Using the network specifications described in the above 
paragraph a suitable network topology is selected and some of 
its features are described.

S.2.1 Sletvsrk topology

The first step in designing a network is to select an 
appropriate topology. The type of network topology is 
dependent on several factors: .

- the physical distribution and location of the nodes in
- the nr-twork,
- thn type of network and Sha services supplied by the 
network,

- the reliability required,
- the type of traffic,
- the number of nodes in the network,
- the number of users to node ratio, and
- the cost of connecting a pair of nodes in the network.

If the network is to support numerous users distributed over 
a large area, a hierarchical network topology is the best 
suited. If the number of nodes in the network is small then a 
ring topology or broadcast channel topology nay be adequate. 
If the number of users to node ratio is high then the use of 
concentrators in ths network may be necessary to accommodate

In our network we will assume that the users, or group of 
users are distributed randomly over the area spanned by the 
network. The network is a multi-commodity network consisting 
of numerous source destination node pairs. This lesds to a 
asymmetrical distributed network with randomly distributed



nodes and ware links connect directly adjacent nodes. Links 
are also . provided between nodes that frequently exchange 
traffic. Distributed networks allow links and nodes to be 
easily added or removed from the network compared to 
hierarchical and ring type networks.

To increase the reliability of the network at least two paths 
must be made available to most of the nodes. The network will 
employ a decentralized routing strategy in order to eliminate 
the vulnerability of a. centralized system. A hierarchical 
network is unsuitable since it is vulnerable to a network 
failure if a node or link at the top of the hierarchy fails.

The figure below Indicates an example of a distributed 
network topology that will be used in the project.

Figure 5.1 Diagram of a typical distributed network.

S.2.2 Network protocols

Slow that the topology of the network has been defined it is 
necessary to decide the type of service that is to be 
provided by the network. The basic protocol used in 
transferring data to a destination node need also be 
considered.



Type of service

In a victual circuit network this path from the source to 
destination node remains constant for the period the user in 
connected to the network. In a datagram network each packet 
is treated as a separate entity and packets belonging to the 
eaine message or user may be routed along different paths to 
the destination node. In the network selected a datagram 
circuit will be assumed. A datagram circuit allows a greater 
adaptability to changes in traffic in the network. This 
allows for a more efficient use of the bandwidth of the 
network and permits the user to rapidly transfer data to 
differing destinations in the network.

Circuit, packet or message switched network

Three techniques exist in transferring messages from a source 
node to a destination node.

A circuit switched network is a network where a physical 
connection is made between the source and destination nodes. 
Circuit switching is most useful in analog circuits and 
networks were delays between messages are intolerable such as 
the telephone service.

An alternative to circuit switching is message switching. No 
physical connection is made in advance between the source and 
destination nodes. The data is stored at each node along the 
path and toeoardsd to the next nods after the data has 
arrived at the node. There is no limit on the size of the 
data that may be transferred. Each node must have disk 
storage facilities if the messages sre extremely long. A 
disadvantage of such a system is that if transmission errors 
occur then the whole message must be retransmitted. Also a



long packet max block up a particular link for a long period 
of time, rendering the line useless to other traffic.

The last method is packet switching. In packet switching long 
messages are broken up into smaller packets. This method has 
several advantages!

- Each packet because of it’s small size may be stored in 
the random access memory of each node along the path,

• the packets are small and therefor* nn single user can 
monopolize a link for more than a few milliseconds,

- Packets can be individually rcuted to the destination 
node. Independent of the other packets increasing the 
throughput of the network, and

- If a packet contains transniasion errors only the single 
packet, and not the whole message is retransmitted.

The basic dlaadvantaoe of a packet switched network is that 
the packets may arrive out of order at the destination node. 
The problem may be rectified by reordering the packets at the 
destination node. The netuork used in the project is assumed 
to be a packet switched network.

5.2.3 Node specifications .

Having defined the network topology and type of service 
provided by the network the structure of a node in the 
network is now defined. The node consists of a single server 
system. The server is a dedicated processor devoted to the 
routing of packets around the netuork. Arriving packets are 
serviced on a first cone first serve basis. Arriving packets 
are inserted into an input queue, the buffers being obtained 
from a common input buffer pool. After a packat has been 
serviced the buffer is returned to the common buffer pool. 
Routing information is stored internally at each node in the
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In order to accurately predict the required capacities of 
each link it is necessary to determine the actual average 
traffic in each link. This may depend on the routing 
algorithm used. In a dynamic algorithm this may be a 
difficult task. Often a static least cost algorithm is used 
to predict the average expected traffic in each link of the 
netuork. Methods to predict the traffic in each link in the 
network under dynamic conditions include experimental and 
simulation methods. The experimental i>srthnlgue is expensive 
since changing the capacity of a link niter the link has been 
installed is usually costly. Simulation techniques are useful 
In assigning capacities to the links in the network, sines 
the capacities of the links can easily be altered until an 
optimum solution is found.

The links In the netuork are. full duplex channels and of 
fixed capacity. The capacity of a link may be different in 
each direction. Thai is the capacity of link (i,k) does not 
have to equal the capacity of link (k,i).

6.2.5 Packet specifications

Typically a packet or frame consists of several fields, 
namely:

- a start flag depicting the start of a packet,
- a destination address,
- control data containing sequence numbers, acknowledge- 
ms-ito, routing information and perhaps other Information,

- data to bo transmitted to the destination node,
- a checksum used by the destination node to detect any 
errors that may have occurred during the transmission of 
the massage and,

- a stop flag depicting the end of the packet.
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Figure S.3 Typical packet or frame format.

For the project the packet is assumed to have a similar 
format to that shown above. The length of the packet may be a 
constant, but usually a maximum length is stipulated. The 
maximum length allowed is dependent on a number of factors 
such ar the average size of the messages or data to be 
transmitted, the size of the buffers at the nodeu and the 
capacity of the links. Short packets are desirable since the 
packet delay is directly proportional to the packet le..'th. 
If packets are made too short then too much overhead is 
required to transfer the small portion of the data. In the 
project the average data packet lengths vary between 600 bits 
per packet to 2000 bits per packet.

S.3 Routine requirements

The routing algorithm is required to be efficient, reliable 
and to minimize the average packet delay. The routing 
strategy is to be employed in a decentralized manner. The 
algorithm must be able to adapt to changes in the topology of 
the network. The algorithm must minimize the cost in 
transferring a message across the network if necessary. The 
algorithm is therefore divided into two separate algorithms, 
a least cost algorithm an a adaptive minimum delay algorithm.

5.3.1 The least cost routing algorithm

The least cost algorithm must minimize the cost in 
transferring a message across the network. A constant cost 
per link is to be used to calculate the cost in transferring



a packet to the destination node. Therefore a static least 
cost algorithm is required. The ,:ost of a link nay depend on 
the physical length of the link, the capacity of the link or 
the average percentage utilization of the link. Several 
efficient least cost algorithms exist and a typical least 
cost (shortest path) algoritnm is given in [43]. The least 
cost algorithm nay be used as a back up algorithm to a more 
complex adaptive routing algorithm.

6.3.2 Adaptive routing algorithm

The adaptive routing algorithm must be simple and robust. 
Packets must be transferred to the destination node as 
quickly as possible. The algorithm to be tested' is based ?n R 
3 Gailager's minimum delay routing algorithm uince It is 
simple, easy to modify and may be adapted to any particular 
type of network. More elegant algorithms have been proposed 
such as.. 0 G Cantooc’s and M Serla's second derivative routing 
algorithm [9]. These algorithms are however complex and 
computationally intensive. A derivation and explanation of R 
G Gailager's routing algorithm is provided In Appendix C. The 
algorithm is only Intended for 'guasi-static1 networks, but 
the performance of the algorithm under dynamic conditions 
will also be tested. Improvements will be made to the 
algorithm and the performance of the algorithm is to be 
optimized.

5.3.3 Conclusion! Routing algorithms

The requirements of th.i static and adaptive routing 
algorithms to be used in the network have been specified.
The performance of R G Gellager's adaptive routing algorithm 
compared to a static least cost algorithm is investigated. 
The limitations of the algorithms are investigated and
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decisions are made as to which type of network each aloorithm 
is best suited.

5.4 Congestion protocols and buffer allocation techniques

Congestion control protocols form an important part of the 
network layer of the 031 reference model The congestion 
control protocols and buffer allocation techniques used have 
a direct impact on the efficiency of the routing algorithm, 
the main function of congestion control Is for:

- the prevention of throughput degradation and loss in 
performance due to the overloading of the network,

- the fair allocation of resourcea among competing users 
and prevent the over allocation of the resources in the

- deadlock avoidance and,
- flow control, ensuring that the source node does not 

provide data at a rate exceeding the input capabilities 
of the destination node.

6.4.1 Congestion eontrol

Congestion results from too many packets being present in the 
network or part of the network. If the demands made on the 
network exceed the capacity of the network then congestion 
may occur. The diagram below illustrates the typical 
throughput for a network without the lmplsimantatio- uf 
congestion control compared to a network with congestion 
control •
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Graph 5.1 Throughput versus offered load for a uncontrolled 
network compared with the throughput of an Ideal 
network.

Congestion control is used to keep excess traffic out of the 
network. Congecdion control decides when to drop packets, 
either at the entrance of the network or within the network. 
Congestion control is best performed by preventing ne- 
packets entering Into the network at high loads and favouring 
the packets already in transit In tha network. In order for a 
network to display good congestion control characteristics It 
is essential that good flow control techniques are used. Plow 
control techniques are divided into four classes or levels (M 
Berla £13])t

- Hop level flow control,
- Entry-to-exit level flow control,
- Network Access level and,
- Transport level flow control.

The definition and uses of each level of flow control ar 
explained!



traffic between two neighboring nodes. Hop level flow control 
is used to increase throughput and eliminate deadlocks, the 
type of flow control scheme used here is dependent 01: the 
type of network used. Assuming two nodes 1 and k are directly 
Interconnected by a link. Packets Are transferred from nods 1 
to node k an illustrated below.

O ---------------------------

Figure S.4 Diagram of two inter-connected nodes.

If node i Is able to provide packets at a rate faster than 
the capacity of link L,k then packets will accumulate at the 
output queue of node 1. If packets arrive at node k at a rate 
faster than node k can service the packets then packets will 
accumulate at the Input queue of node k. One method to 
prevent congestion at the input queue of node k, is to allow 
node k to discard incoming packets at will. Another method is 
for node k to inform node 1 that It must slow down the rate 
at which packets are being sent to node k. This is fine if 
node 1 is generating all the packets to node k. If node 1 is 
receiving packets from other nodes destined to node k, then 
node i must in turn inform each of these nodes to decrease 
the rate at which they are sending the packets to node k. 
This process is time consuming, especially in the ease ef 
unidirectional links. By this tine congestion may have 
already occurred. Discarding packets at will has serious 
consequences if the packets discarded contain important data 
or vital routing information.



Buffer allocation techniques play an important role in hop- 
level flow control and various buffer allocation techniques 
»rs provided in section 5.4.2.

Entry to Exit Level Flow Conical

The main objective of entry to exit flow control is to 
provent buffer congestion and deadlocks at the destination 
node. If packets arrive out of order at the destination node 
the destination node must reassemble tha packets in tha 
corcect order. This may result in the destination node 
waiting indefinitely for a missing packet and deadlock 
resuits. In the project we are only concerned with the 
transferring of Individual packets and defining protocols 
required for packet reordering is a complex task which is 
beyond the scope of the project.

Network Access Level Flow Control

The objective of network access flow control is to prevent 
external traffic from entering the network during periods of 
high traffic .flow. The traffic In the network may be 
determined from the nustber of buffers available at each node. 
In a distributed network this means that nodes must 
frequently oxchange information about the state aH the 
buffers at each node. During congestion buffer information 
must be exchanged rapidly between the nodaa in the netwovk. 
This takes up valuable network bandwidth.

One method of solving the problem is to allocate a certain 
number of permits to the network, h packet may only enter the 
network once it has obtained a permit. The permit is released 
to the netuork once the packet has arrived at the destination
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node. This method has Its problems. Permits must be 
distributed fairly to each node in the network and lost 
permits must be detected, ft certain overhead and bandwidth is 
required to distribute the permits around the network.

Often it is sufficient to monitor the number of available 
buffers at the entry node of the network. Congestion 
conditions created Internally in a netuork usually propagate 
back to the entry nodes of the network due to the back 
pressure effect. This allows simple protocols to be used to 
limit the number of packets entering the network.

Transport Level Flew Control

The main function of transport level flow control is to 
efficiently and reliably transmit messages across the 
network. The protocol attempts to transform a datagram 
service into an apparent virtual circuit between the two 
nodes and is also concerned with the reassembly of messages 
nt the destination node.

5.4.2 Buffer allocation techniques

Buffer allocation techniques are important in the prevention 
of congestion in a netuork. Numerous protocols exist for the 
allocation of a buffer to an incoming packet at a node. 
Usually a node consists of a large buffer pool containing 
available buffers. Buffers are removed from the buffer pool 
and used to store incoming or outgoing packets at a node. 
Buffers are allocated as illustrated on the next page.



Input Output
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Figure S.5 Typical buffer allocation at a node.

Various techniques exist to prevent a single input or output 
queue from monopolizing all the buffers in the buffer pool. 
The basic buffer allocation techniques are now discussed!

Complete partitioning

If N is the number of queues (input or output) at a node, ru 
the number of packets in the ith queue and B the total number 
of available buffers at the node then the following 
constraint applies:

0 i nt S B/N for all i

This l'vl'.ss that the buffers are equally shared between the 
queues iic the node* The edvantage of such a system is that no 
single queue can obtain all the available buffers. If a 
single queue requires more buffers than B/N then the queue is 
unable to obtain the buffers even if the other queues are 
empty. This is a serious disadvantage of this method.



Let b»in be the minimum buffer allocation guaranteed to each 
queue, where b m n i B/N then we have.

Inax (0,ni - bms„) i 8 - Nb„lt%

This type of buffer allocation guarantees a minimum number of 
buffers to each queue. The problem remains that unused 
buffers may remain in the buffer pool unobtainable by a queue 
which nay require the buffers.

Sharing with minimus allocation and maxlnum queue

This Is a combination sharing with maximum queues and sharing 
with minimum allocation and provides minimum buffer guarantee 
and maximum buffer allocation to each queue simultaneously. 
This may seem to be the best technique since no queue can
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obtain all the available buffers from buffer pool and each 
'queue is guaranteed a minimum number of buffers.

S.4.3 Conclusion! congestion control and buffer allocation

In the project it is assumed that each node has the liberty 
of discarding packets at will to prevent excess traffic from 
entering the network. The probability of a packet being 
discarded is carefully observed to determine if it is 
necessary to employ more sophisticated congestion control 
techniques. Using a simulation to predict the performance cif 
the network it is easy to evaluate the performance of the 
network using various buffer allocation techniques.

6.S Conclusion) Network selecti&n

in the chapter the basic network topology to be tested has 
been defined. The routing algorithms, protocols and buffer 
allocation techniques have been specified. The requirements 
of the network have been stated and the network will be 
tested to see if the requirements can be net. Additions! 
protocols and routing strategies nay be added to the network
lo  optimize the performance of the network.
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6 NETWORK SIMULATION

A computer simulation program is used to predict the 
performance of the network defined in chapter 5. The 
computer simulation program is used to simulates the network 
and associated routing algorithm. % simulation technique is 
used since it is the most accurate, least expensive and 
flexible method available.

The chapter describes the ,aquirements of the program and the 
basic network operations needed to accurately simulate a 
digital network. A detail description of the routing 
algorithms simulated in the simulation program Is provided. A 
description of the development and implementation of the 
program is given and this is followed by a list of 
assumptions and protocols used in the program. A detail 
description of the design of the program is provided in Fart
II of the report.

6.1 Program requirements

Before defining the operation of the program it is essential 
to define the properties required by the simulation program. 
It is necessary to specify the operation of the software 
package from a user's point of view. The software package 
must be able to simulate any type of network topology entered 
by the user. The program must be capable of simulating more 
than one routing algorithm so effective comparisons between 
various types or routing algorithms may be made. The program 
must be able to simulate the response of a network to various 
input traffic loads. A user's manual of the simulation 
package is given in Pact II, chapter 2 of the report. The 
usnr's manual provides the requirements of the simulation 
package from a user's point of view.
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6.2.2 Prograa inputs

The basic inputs to the program can be listed as follow&i-

- the duration of the simulation,
- the network topology,
- cost and capacities of the links in the network,
- the service rata and buffer lengths of the nodes in the 
network,

- the input traffic pattern to the network, and
- the type and specifications of the routing algorithm to 

be used in the network.

Using various combinations of inputs a large number of 
simulations may be performed. Numerous inputs makes the 
simulation program more flexible but more complex and 
difficult to use. Hence a compromise between flexibility and 
ease of use of the program must be found. The input 
requirements may also be dependent on the user, for example 
if the user has a fixed network the user may not want to 
enter the network topology. The user may only want to alter 
the parameters of thS routing algorithm to optimise the 
network. It too many input variables are required by the 
program the probability of entering an incorrect variable 
increases. The results obtained from the simulation nay then

It is often necessary to vary the average expected traffic to 
the network during a simulation. To facilitate this 
requirement the duration of the simulation is divided into 
regular time intervals. The expected traffic for each 
commodity may be stipulated for each interval. This allows 
dynamic networks to be simulated. The program is designed to 
provide maximum flexibility by allowing the user to enter the 
large amount of input data required by the program via an 
Input file.
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6.1.2 Program output!

The outputs to the program provide the resuits of the 
simulation. It is important that useful results are provided 
by the program. The basic outputs required .?rom the program

• The average packet delay,
- the percentage utilization of the network,
- the number of blocked packets during the simulation,
- the generated input traffic to the network,
- the average cost of transferring a packet across the 
network and,

- the number of routing packets generated.

Tha results are calculated at regular intervals during the 
simulation so that the dynamic behavior of the network may 
be observed. At the end of the simulation long term averages 
such as the total average packet delay and total costs are 
calculated. The collaboration of all the outputs of the 
program must be sufficient as to provide an accurate 
prediction of the overall performance of the network.

6.2 Simulation of a digital network

A description of the processes in a digital network that must 
be simulated is provided. The problem of mapping a complex 
system consisting of numerous interrelated concurrent 
processes into a serialized single process by the use of sn 
event queue is explained. The operation of a single typical 
node in the network is considered. This is followed by a 
discussion on how the operations of the nodes in the network 
are interrelated.
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6.2.1 The event queue

Bach node In tha netuork consists of a single dedicated 
processor. Each node operates concurrently with all the other 
nodes in the network. The functions performed by the nodes 
are Interrelated by the packets uhich are transferred between 
the nodes. Simulating a netuork on a single processor 
computer requires the serialization - of the processes 
performed in thn netuork. The processes or tasks performed at 
a node can be assumed to be initiated by a particular event 
occurring at the node. To accurately simulate the performance 
of a netuork it is sufficient to defina three events. These 
events occur at any node in the network. The events ares

- The arrival uf a packat at the node,
- the arrival of a packet at the server of a node and,
• tha departure of a packet from the node.

An event occurs at a particular instant of time and has no 
duration. An event nay initiate a process or task uhich has fc 
finite duration. The events occurring at each node in the 
network are serialized by inserting t.he events into a single 
event queue in chronological order. During the simulation at 
the network the events are extracted sequentially from the 
event queue. The processes associated with each event are 
then executed to completion before the next event is 
extracted from the event, queue. The use of an evert queue has 
the advantage that numerous concurrent processes are 
serialized. This simplifies the design of the simulation 
ptograa since only a single event is considered at a time. 
The disadvantage of such a system is that the time taken to 
complete a simulation may be extremely lengthy.



6.2.2 Operation of a network node

h nods basically consists of an input Quttun, single server 
and an output queue far each neighbouring node. The basic 
operations performed by a node aret

- to generate traffic destined for other nodes,
- to update the routing tables at the node,
• to calculate and transmit routing information to other

- to provide flow control and
- to consume data packets or to route data packets to other 

nodes in the network.

UT QUEUE

Figure 6.1 Diagram of a typical node

The capacity of the server is assuned to be lass than the 
combined capacity of the input links. This implies that the 
queues will accumulate^ at the input of the node rather than 
at the output. Bach input link is able to obtain a buffer 
from a common input buffer pool. The packets arriving at a 
node are inserted into the input queue on first coae first 
serve basis. Each output queue is assumed to contain the same 
number of constant available buffers.





Sarv'^ro process

The service process is a complex op - ion. The server must 
decide whether the Incoming piirnet contains routing 
Information and if so Che appropriate oction that must be 
taken to service the routing information. If necessary the 
routing tables at the node must be updated. If the packet 
contains data the server, must decide whether to consunft the 
packet or to route the packet along one or more outgoing 
paths. If a packet is to be routed the sei-ver must decide 
which output path ttie packet is to be sent on. If the packet 
has looped the server may discard the packet. If a packet is 
to be sent on an output, path, the output path is checked to 
see if' it is not full, if it is not full the departure tine 
is calculated and the event Is inserted into the event gueue.

Departure process

This process represents the departure of a packet from a 
node. The arrival time to the next node is calculated from 
the capacity of the output link and the length of the packet. 
The event representing the arrival of a packet at the next 
node is theft Inserted into the event gueue. It is assumed 
that a packet leaving node 1 to a neighbourin'' node k will 
reach node k free of transmission errors.

By simulating the three events described above the operation 
of a node may be accurately imitated in the simulation 
program- A flow chart of each of the processes described 
above is provided in Pert II, Appendix A of the report.
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6.2.3 Network operation

The operation of an entire network mi/ be simulated simply by 
simulating each node in the network individually. Tha only 
impact one node has on another node in the network is via .the 
packets exchanged between the nodes. Once a packet has left a 
node it no longer Influences that node. This reduces the 
complexity of designing a simulation program. The formulae 
used to calculate the various times of the events in the 
network is given in Appendix C.

6.3 Static routing algorithnu simulated

In order to test the validity of the simulation program 
simple static routing algorithms were first tested. The two 
static algorithms tested are the flooding routing algorithm 
and the least cost routing algorithm. The static routing 
algorithms form a standard to which other routing algorithms 
may be compared. The implementation of the algorithms in the 
simulation program is described in detail.

6.3.1 Flooding routing algorithm

The flooding algorithm is implemented by sending the packet 
on each link except the link on which the packet arrived. If 
a packet has reached its destination it is consumed and not 
retransmitted. This method of routing leads to numerous 
packets looping around the network. To remove the circulating 
packets the following policy has been adopted. Each pocket, 
in its header, stores the number of nodes the packet has 
passed (number of hops). If this number exceeds the Isngth of 
the longest path In the network then tha packet is discarded. 
Currently the length of the longest path has been made equal 
to the number of nodes in the network, this approach ensures



that all circulating packets are eventually removed from,the 
network. Other more sophisticated techniques for removing 
circulating packets exist. For example each node may keep a 
record of the identification number (ID) of the packets that 
have been serviced and retransmitted by the node. If the ID 
of a packet arriving at a node Batches an ID from the record 
at the node then the packet is discarded. This method 
reguiras large tables that must be freguently be modified and 
updated.

The flooding algorithm is the simplest of all routing 
algorithms and was therefore the first algorithm implemented 
in the netugrk simulation program.

6.3.2 Least coot routing algorithm

The least cost routing algorithm is used to route packets 
along the cheapest path in the i.etvork. Two methods for 
implementing the algorithm exist.

For the first method each node stores only the cost of the 
links to the neighbouring nodes. Packets ar^ then sent along 
the output link with the least cost. The advantage of this 
method is that each node only requires to know the cost of 
the links directly connected to the node. The node must 
however know which output links lead to which destination 
node. The entire path taken by packet may not be the least 
cost path. Another problem with this nethod is that packets 
may loop in the network. Looping of packets occur since each 
node makes its routing decisions independently of the other 
nodes in the network.

In the second method each node stores the cost of nil the 
links in the network. Hence the cost of the entire path to 
each destination node may be minimized. The least cost
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routing algorithm used in the simulation is based on this 
method. The actual least cast algorithm used in the 
simulation program is detailed in reference (43]. The 
algorithm calculate-: the least cost path for each destination 
node in the network.

6.4 Adaptive routing algorithm

The main purpose of the simulation program is to evaluate the 
performance of an adaptive routing algorithm. Tha adaptive 
routing algorithm to be simulated is based on R G Gallager's 
minimum delay routing algorithm [11]. The basic protocols/ 
estimations and formulae required to implement the algorithm 
are discussed. The performance of the algorithm is discussed 
in the next chapter.

6.4.1 . Algorithm protocol

The basic protocols used to Implement the adaptive routing 
algorithm are described. A more detailed explanation of the 
routing algorithm may be found in Appendix C and in reference 
111).

The algorithm attempts to minimize the average packet delay. 
Bach node constructs its own routing tables based on the 
information obtained from the neighbouring nodes. The 
algorithm operates by assigning at each node a probability 
til,,,,, This represents the probability that a packet at node
i destined for node j is routed via link (i,k). The sum of 
the probabilities at each node i for a destination node j is 
equal to 1. The algorithm operates' as follows: Each node i in 
the network waits until it has received all the routing 
information for destination node j from all its neighbours 
for which > 0. The node then decreases the fraction of
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traffic sent on the links with a high average packet delay 
and increases the fraction of traffic sent on the link with 
the lowest aver,ice packet delay.

In order for the algorithm to operate effectively valid 
starting values for aust be determined. It is assumed
that initially all packets are sent via the least cost paths 
which implies that = 1 for the link (i,k) which is on
the least cost path and all other 0i,h <j > = 0. Various 
important aspects of the algorithm are discussed in the 
following paragraphs.

S.4..2 Incremental delays

In I) G Gallagar's routing algorithm the incremental delays 
rather than the actual delays are used to calculate the paths 
along which packets are to be transmitted. The incremental 
delay is expressed as dD/df*>« where D m  is the average packet 
delay of link (i,k ) and fix is the average traffic flow of 
link (i,k). An efficient recursive algorithm for calculating 
the incremental delay has been developed by A Segall [39}. 
The algorithm Is provided in Appendix C and the protocol used 
to implement the algorithm is briefly discussed. Consider 
node i in the network connected to a neighbouring node k in 
the same network as illustrated below.

-0 - . -----------------G ?

Figure 6.2 Two neighbouring nodes In a network.

The value of dD/df*M is calculated by considering the arrival 
and departure times of a packet on link (i,k). The arrival 
time of a packet on link <i,k) has been taken to be departure 
time of a packet from node 1. To include the queuing time at 
node k, (which usually m«kes up a large proportion of the
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delay of link (Irk)}, the departure time of link <i»k) has 
been taken to be the service time of the packet at node k.

The procedure for calculating dD/dfi* is therefore as 
follows :
As a packet departs from node 1 the tine Is recorded and 
inserted into the header of the packet. This represents the 
arrival time of the packet on link (l,k|. Whan the packet is 
serviced at node k the node calculates the new value of 
dD/df1K. If necessary node k transmits this value to node 1. 
The value of dD/dfi* is transmitted to node 1 after a certain 
number of packets have been transferred from node 1 to node k 
or vhen the value of dD/dfn, varies signlficantly from the 
value of dD/dfiH last transmitted to node i. However 
transmitting the value of dD/df** regularly to node 1 ensures 
that the routing calculations performed at node i are always 
based on the latest values of dD/dfi*,. Transmitting the value 
of dD/dfiH regularly uses up valuable channel bandwidth and 
hence a optimum solution must be found. It is also necessary 
to transmit the incremental delay if it changes above a 
certain tolerance so that node i is made aware of the change 
in delay along link (i,k). It is Important to note that to 
implement this protocol it is necessary for link (i,k) to be 
a fully bi-directional channel.

6.4.3 Calculation of blocked paths

One of the most important requirements of an adaptive routing 
algorithm is that it must be loop free. The routing algorithm 
must ensure that a packet does not transverse any node in the 
network more than once while travelling from the source node 
to the destination node. Consider the simple network 
illustrated on the following page)
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Figure 6.3 A simple network.

Assuming node 1 to be the source node and node 3 to be the 
destination node. Node 1 na; route the packet to node 3 via 
nods 2. Node 2 knows that the packet can be routed to node 3 
via node 1 and' therefore If the packet Is transferred back to 
node 1 looping occurs.

R G Gallager [11] has developed an algorithm for detecting 
the presence of potential loops In a network. Eech node 1 In 
the network contains a blacked path set Bt(3I for each 
destination node j. The set Bi<9, then contains the set of 
output paths k for which the value of 0ik<a> may not be 
Increased from zero or else looping nay occur. The method is 
based on the feet that the total marginal link delay 
decreases towards the destination node. Aiiy output path for 
which the marginal link delay increases may cause a packet to 
loop around the network. Any output path for which the 
marginal link delay increaseu is added to the blocked peth 
set. A more deteiled explanation of the formula and protocols 
used for determining the blocksd peth set for each node in 
the network is given in raference [113 and Appendix C.

6.4.4 Estimation of traffic flow at each node

One et the requirements of the routing algorithm is the 
estimation of the traffic passing through node i destined for



within the node destined to node J as well as incoming 
traffic from other nodes destined to node j.

The traffic flow may be estimated each time a packet destined 
to node j Is serviced by node i using the following 
calculation:

ti(s> ■ Total number af packets destined for node .1 
Total Time

The problem wi‘... the simple formula is that the traffic Is 
only updated time f packet is serviced by node 1. If the
traffic passing through node i destined for node j suddenly 
decreases the value of ti<ji will only be slowly updated. 
Implementing the formula as it stands determines only the 
long term average of ti<s> from the beginning of the 
simulation. This long term average value of t i m  may differ 
greatly from the instantaneous value of t113).

For this 'reason the following protocol has been used to 
estimate the value of t*<s> at each node in the network. 
Every certain (fixed) number of packets the previous value of 
ti(d> is discarded and a new value is calculated. This method 
is useful for traffic rates that vary rapidly. If the number 
of packets between updates is small a more accurate 
estimation of the traffic is calculated. The value of t1<a> 
is not updated if no packets arrive at node 1 destihed for 
node j, but then a value for t»ts, is not required. A perhaps 
more accurate method for estimating the traffic flow is to 
estimate the traffic flow at regular time intervals rather 
than on the occurrence of a packet arriving at the node.



6.4.5 Conclusion! Adaptive routing algorithm

The basic protocols and procedures used for the 
implementation of the adaptive routing algorithm have been 
discussed. R G Gailager's distributed adaptive routing 
algorithm has been selected since it Is a fairly robust and 
simple algorithm which does not require large end complex 
computations. The algorithm is used to determine the 
efficiency of an adaptive routing algorithm compared to a 
static routing algorithm subject to various traffic 
conditions. R G Gailager’s routing algorithm is studied to 
determine the following itures of the algorithm:

- adaptability, of the algorithm to fluctuations in traffic 
flows l.n the,network,

- convergence of the algorithm to a steady state solution,
- the loop free -characteristic of the algorithm and,
• the adaptability of the algorithm to various network 
topologies.

Various parameters and protocols used by the algorithm are 
altered to find the optimum performance of the algorithm. The 
algorithm is tested under various input traffic conditions. 
The results obtained are discussed in chapter 7.

6.5 Prograta development

Using the protocols and algorithms defined above the 
simulation program was designed. The program was developed 
using an object-orientated design approach [7]. In an object- 
orientated design the resources or 'data objects' are first 
defined and the operations on these resources then specified. 
The resources and processes performed on the resources are 
then broken down Into smaller resources and processes. This 
is repeated until each process is well defined and operates
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on a well defined set of resources. The program was developed 
using as few assumptions as neceusary. This provides a close 
one to one correspondence between the netuork and 
implementation of the simulation package. The design details 
of th/a program as uell as a full program listing is provided 
in Part IX of the report.

6.5.1 Hardware and software requiraaents

The main problem with the simulation of large networks is the 
time required for the simulation. A large number of variables 
are required to store the statue of the network at any point 
in time during the simulation. It is necessary to use a 
powerful computer with a fast execution speed and a large 
amount i.£ available memory. For these reasons it was felt 
that an IBM PC or compatible was Inadequate. The simulation 
program was programmed on a APOLLO domain computer which has 
a powerfu'., 32 bit (68020), central processing unit (CPU).

The simulation program is written in PASCAL due to the 
availability of the programming language on the APOLLO Domain 
computer. PASCAL is adequately suited for the development of 
simulation programs. PASCAL, although not as fast as more 
primitive programming languages allows the program to be 
easily read, understood and modified. A flexible modifiable 
program is an essential feature of any simulation software 
package.

6.5.2 Program variables

The main problem in designing an accurate digital network 
simulation program is the large amount of variables required. 
The variables needed in the program may be divided into three 
categories:
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- Constants: These are the variables that remain constant- 
throughout the duration of the simulation and usually 
include the input variables such as network topology, 
node service rates and total number of buffers.

- State variables: State variables define the complete 
state of the network during the simulation. In order to 
accurately describe the state of the network at any 
Instant of time during the simulation numerous variables 
are required.

- Statistics variables! Statistic variables are used to 
calculate the results of the simulation such as average 
Packet delay and cost of running the network.

IV discussion of the variable types used in tha program is 
provided in Part II, Appendix B.

6.S.3 Program procedures

The program nay be divided into four main sections namely the 
input routine, the initialization routine, the simulation 
routine and the output routine. The principles and purposes 
of these routines are discussed.

Input routines

The input routines are used 1"> obtain information such as the 
network topology and'traffic flow rates from the user. There 
are two basic input routines, the first is used to obtain the 
data from the input file. The second in used to obtain the 
data entered by the user via the keyboard. Variables such as 
the duration of the simulation and the names of the Input and 
output files are entered interactively via the keyboard.
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The initialization routines In the program are used to 
initialize all the nodes in the network and the event queue. 
The network topology is made known to all the nodes in the 
network. The routing tables are initialized with the least 
cost path to all the destination nodes in the network. Random 
arrivals simulating the generation of packets fit the various 
nodes in the network are generated and inserted Into the 
event queue.

Simulation routines

These routines fora the basis of the simulation program. 
Events are extracted sequentially from the event queue and 
processed. This portion of the program simulates the routing 
of packets around the network. A detail explanation of the 
functions of the procedures used in the simulation program is 
given in Part XI, Chapter 3. During the simulation process 
facts such as packet delays, number of blocked packets and 
the percentage utilization of th» network are recorded. The 
least cost, flooding or adaptive routing algorithms may be 
used to route the packets around the network. The simulation 
nrocess continues until all the deta packets have been 
removed from the event queue or until the simulation Is 
Interrupted by the user.

Output routines

The 'function of the output routines is to process the data 
recorded during the simulation. Long term averages and totals 
are calculated and the results are sent to an output file. 
The formulae used in calculating the results are detailed in 
Part II, Appendix C.



6.6 Assumptions made in the simulation program

It essential to describe the protocols used and assumptions 
made In the implementation of the simulation program. The 
limitations of the program must be understood so that 
authentic deductions may be made from the results obtained 
from the network routing simulation package. The following 
assumptions and protocols have been used in the simulation 
program:

- Package arriving at a node are inserted into a single 
input queue at the node. Buffers for the Input queue are 
obtained from a common input buffer pool.

- Each output queue at a node is assumed to contain the 
same constant number of available buffers. This 
assumption has been made since the number of buffers 
utilised at each output queue of a node is usually small, 
particularly if the links have e high capacity, and hence 
more sophisticated buffer allocation techniques for the 
output queues are not required.

- Each node in the network nay have differing service 
rates.

- A packet is considered blocked when no buffers ere 
available for the incoming packet. Blocked packets are 
simply disregarded and lost. The recovery of lost packets 
has not been considered in the simulation program.

- Packets are initially generated at each node in the 
network using e Poisson probability density function.

- The simulation program assumes that at the start of the 
simulation all the queues In the network are empty and 
that each node contains the correct information about the 
topology of the network.

- Messages are assumed to consist of single packets only. 
This assumption may seem severe but multi-packet messages 
may be simulated by increasing the number of packets or
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messages Initially generated. All packets in the network 
are assumed to contain the same number of bits.

- The links are assumed to be ideal and that all the 
packets are free of transmission errors.

- The number of nodes passed by a packet (number of hops) 
is used to check if a packet has looped in the network. 
Looping packets when detected are removed from the 
network and discarded.

- The calculations used and assumptions made to determine 
the time at which each event occurs during the simulation 
are detailed in Appendix C.

The list given above illustrates the more basic assumptions 
made in the program. It is important to note that some of the 
assumptions made may be invalid in some particular 
applications. However the program may be modified if 
necessary to implement more complex and sophisticated 
protocols if necessary. Additions made to the simulation 
program are discussed in the next chapter.

The requirements of the simulation program have been 
specified. The chapter discusses the routing algorithms and 
protocols used in the simulation program. The assumptions 
made in the implementation of the package have been stated. 
In the following chapter further modifications made to the 
program are discusse'd and the results obtained from the 
simulation package are investigated.
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SIMULATION RESULTS

Ths results acquired from 
program are described. Sevei 
program to improve the accuracy a 
Modifications are also made to the adapt!1 
to improve the overall performance o 
comparisons made between the various rou

> netuork routing simulation 
alterations are made to the

■outing algorithm 
.he netuork. The 
I algorithms and

deductions on the oven 
described in this chapter

performance of the network i

7.1 Netuork topologies simulated

Several differing network tocologies were simulated using the 
netuork simulation package. The results obtained for small 
i-tiQcks compared favourably with the results obtained for 
l.i,'<:er networks. The time required to simulate a network for 
s.i> reasonable time duration is large and increases 
drastically with the number of nodes in the network. 
Therefore most of the results provided in this chapter are 
obtained using a simple four node network.

To obtain uorthuhile results the netuork topology simulated 
allows for alternate paths between most of the source and 
destination node pairs in the network. If no alternate paths 
are available the implementation of an adaptive routing 
algorithm does not improve the performance of the netuork. 
The netuork simulated also contains inherent loais so that 
the loop freedom of each algorithm can be verified.
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The diagram below illustrates the simple network used in the 
simulation package.

Diagram of a simple four node network.

Unless otherwise specified 
specifications have been assumed:

following network

full duplex channels, 
i a capacity of 20kbps

lluetrated in 1

• All the links in the network are
- all the links in the network har
in each direction,

• the cost of the links are assigned as i 
figure 7.1,

■ the service rate has been assumed to be the same for all 
the nodes and the service rate is usually set to 50 
packets per second,

■ the input buffer pool at each node is assumed to contain 
sufficient buffers for the storage of 50 packets,

• the number of bits per packet is set to 600, and
■ a single unit of time in the simulation has been assumed 
to represent a real time unit of one second (This has 
beun assumed for convenience).

Using the specifications given the capacity of each link may 
be calculated as 25 packets per second. The capacity of the 
links in the network have been arbitrarily chosen and more 
suitable link capacity assignments can be made by observing





dependent on the transmission delays of the packets. 
Unfortunately increasing the service rate of a node to a 
large value is expensive and usually several parallel 
processors must be employed at each node in the network in 
order to obtain extremely high service rates.

Graph 7.1 Graph illustrating average packet delay for



Graph 7.2 Graph illustrating the number of blocked packets 
for various service rates.

Increasing the service rate of a node decreases the cate at 
which the input queue of a node accumulates. Therefore the 
number of packets blocked decreases. This is illustrated in 
graph 7.2. The number of blocked packets decreases almost 
linearly with the increase in service rate up to a certain 
threshold. The threshold is due to the fact that eventually 
the number of packets blocked on the output of a node becomes 
greater than the number of packets blocked on the input of 
the node. The selection of a service rate of 50 packets per 
second appears to bs acceptable and provides a fairly small 
delay with a small number of blocked packets.

7.2.2 Input buffer length tests

The nunber of buffers in the input buffer pool of a node 
determines the number of packets that can be eccepted before 
the packets are discarded. Increasing the number of buffers 
in the pool decreases the number of blocked packets of a 
node. The average packet delay Increases ae the input queue

BO



to a node is allowed to attain a longer length. The Increased 
delays Bisy be acceptable since without the increased number 
of available buffers the pecksts would be blocked and 
discarded anyway. These observations nay be seen In the 
graphs illustrated below. Another factor that must be taken 
Into consideration is the cost Qf providing the additional 
buffers at a node. A buffer pool of 50 packets provides a 
reasonable solution.

Graph 7.3 Average packet delay as a functi' of the length

Input buller length
MsgiM MPwlinm

Graph 7.4 The number of packets blacked as a function of 
the length of the Input buffer pool.
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7.2.3 Length of the output buffers at the nodes

Varying the length of the output buffer has no effect on the 
average packet delay or number of packets blocked in the 
network. In the network simulated it is assumed that each 
output link to a node has a capacity greater or equal to the 
capacity of the server of the node. This means that packets 
seldom accumulate on the output queues of a node. For this 
reason a very small number of buffers are required for each 
output queue in the network.

The effect of the output buffer length becomes significant 
if the capacity (service rats) of the server at the node 
exceeds the capacity of the output links to that node. The 
effect of this will be increased delays, depending on the 
length of the output queues allowed, as well as an increase 
in the blocking probability of the packets.

7.3 Optimization of the adaptive routing algorithm

Onco a fairly optimum network configuration has been designed 
it is naeasaaey to fully optimize the performance of the 
entire network. This is accomplished by maximizing the 
efficiency of the routing algorithm used. The optimization of 
the adaptive routing algorithm uned in the simulation program 
is now considered. The performance of the adaptive routing 
algorithm is improved by finding the variables, protocols and 
traffic estimation algorithms which optimize the efficiency 
and reliability of the routing algorithm. Finding the 
variables that produce an optimum performance of the 
algorithm is a difficult and time consuming task since many 
of the variables are inter-related and dependent on the input 
traffic to the network.
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The 'fine tuning' of a routing algorithm can be accomplished 
by trial and error. A particular variable i6 altered slightly 
and the effect on the overall performance of the network 
observed. This method is costly if the tests are performed 
directly on the network. For this reason the use of a 
simulation program to optimize the routing variables appears 
to be a particularly attractive method.

In this section the variables and protocols considered in 
improving the performance of the adaptive routing algorithm 
are explained. This is followed by a list of the limitations, 
drawbacks and advantages of the particular adaptive routing 
algorithm.

7.3.1 Exchange rate of routing data between nodes

It is important to consider when and how often routing 
information is to be exchanged between the nodes in the 
network. Hheh a packet arrives at node k from node i, node k 
calculates the new marginal delay dD/dft*. This new value of 
dD/dftx is then transmitted to node i if one of two 
conditions holds true!

- The value of dD/dfik changes significantly from the last 
value of dD/dfiH transmitted to node i, or

- A certain fixed number of packets has arrived at node k 
from node i since the last value of dD/df.w was 
transmitted to node i.

Exchanging routing information at regular intervals

The effect of altering the number of fixed packets allowed 
between the transfer of dD/dfi„ between nodes k and i in the 
network is considered. If only a small maximum number of
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The 'fine tuning' of a routing algorithm can be accompli shed 
by trial and error. A particular variable is altered slightly 
and the effect on the overall performance of the network 
observed. This method is costly if the tests are performed 
directly on the network. For this reason the use of a 
simulation program to optimize tha routing variables appears 
to be a particularly attractive method.

In this section the variables and protocols considered in 
Improving the performance of the adaptive routing algorithm 
are explained. This Is fallowed by a list of the limitations, 
drawbacks and advantages of the particular adaptive routing 
algorithm.

7.3.1 Exchange rate of routing data between nodes •

It is important to consider when and how often routing 
information is to be exchanged between the nodes in the 
network. When a packet arrives at node k from node 1, node k 
calculates the nau marginal delay dD/dfik. This new value of 
dD/dfi* is then transmitted to node 1 if one of two 
conditions holds truer

• The value of dD/dfiK changes significantly from the last 
value of dD/dfi>, transmitted to node 1, or

- A certain fixed number of packets has arrived at node k 
from node 1 since the last value of dD/dfi* was 
transmitted to node i.

Exchanging routing Information at regular intervals

The effect of altering the number of fixed packets allowed 
between the transfer of dD/dfm between nodes k and i in the 
network is considered. If only a small maximum number of
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fixed packets is transferred from node t to node k between 
the transfer oi dD/df,.*, values, then the nodes in the network 
are continuously updated with the latest value of dD/dfn«. 
The routing algorithm at a node i In the network is updated 
each time the marginal delays are received from all the 
neighbouring nodes k. This implies that the routing algorithm 
is continuously updated at eat ' vjde. As a result the data 
packets are routed in the most efficient manner. However the 
great drawback of exchanging the marginal delays dD/dfn, 
between the nodes regularly is the network bandwidth 
utilised. This increases the tota.’ c. erage packet delay am3 
the total number of packets blocks. ■ . the network. Each tine 
the routing variables are updated at a node the new values 
for JD/5rsl>,3) are also transferred between the nodes in the 
network. In a real time network, updating the routing tables 
regularly requires a significant amount of computation tin's. 
Marginal delays may also be exchanged between nodes at 
regular time interval;!.

If the time between updates is large the algorithm does not 
adapt rapidly to changes in traffic. The delays experienced 
by the data packets may then be large due i.o the nun-optimum 
routing of packets. However if the marginal delays are 
exchanged whenever the routing information changes 
significantly then it is only necessary to ensure t n t  
routing information is exchanged at fairly regular intervals. 
It is necessary to transfer routing information at regular 
time intervals to ensure that the nodes in the network are 
also kept informed of slowly varying traffic. The rate at 
which marginal delays are exchanged is dependent on the 
capacity of the links, service rates of tha nodes and the 
input traffic of the network.



For the network used in this section it uas found that 
transferring the data approximately every 16 'seconds' is 
sufficient. This value ensures that the nodes are informed of 
slowly varying input traffic without the routing information 
consuming to much bandwidth. The rate of convergence of the 
routing algorithm is dependent on the frequency with which 
routing data is exchanged between the nodes in th-a network.

Informing the network of changes in traffic

Apart from transferring routing Information at regular 
intervals in the network it is also necessary to inforai 
nodes in the network of any rapid changes in the eiargin»l 
delays or traffic patterns irt the network. To detect 
significant changes in the marginal delay dD/df** of ],lnk 
(i,k), node k when it calculates the new value of .’.u/tiii*, 
compares the new value with the last value of dD/cffn. 
transmitted to node i. If the new value differs by more
certain tolerance the nett value of dD/dfj.„ is transferrerf 

to node i. The question is how to select an appropriate value 
for the tolerance. If the tolerance is made too 
significant changes in the marginal delays of the Units wjj.j. 
go undetected and the routing tables will not be updated la 
minimize the delay. If the tolerance ie too small new val.une 
of dD/dfix will be exchanged frequently wasting valuable 
network bandwidth. Tha effect of varying the tolerance is 
illustrated in the graph on the fallowing page.





the traffic rata in the network changes rapidly, the 
algorithm may become unstable. Finding the optimum 
convergence rate is a difficult task which is simplified by 
tha use of a simulation program. Simulations are performed by 
varying tha convergence variable « of the adaptive routing 
algorithm and keeping all the other variables of the network 
and routing algorithm constant. A varying input traffic rate 
was used in the simulation. The results obtained from the 
simulations are illustrated in graph 7.G. The overall average 
packet delay and total number of blocked packets of the 
entire simulation are used to determine the optimum 
convergence rate of the algorithm.

Graph 7.6 The total
the convert

>erage packet delay 
ice rate of the algot

Prom the graph the optimum value for alpha is 0.4 far the 
specific network simulated. The value is dependent on the 
input traffic t.o the network. In the real case a slightly 
lower convergence rata should be used to guarantee 
convergence of the routing algorithm. A lower convergence 
rate should be used if the input traffic to the network 
varies rapidly and is unpredictable.
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Gt-aph 7.7 Graph showing the effect of n an the average 
. nckat delay.

The graph Illustrates that short term averages provide the 
shortest delays. A value of n = 1 gives the smallest dalay. A 
value of n = 1 implies that the instantaneous, rathec than 
average traffic rate is calculated. As n increases the delay 
increases to a maximum value. Averaging the traffic over 20, 
50 or even '00 packets has little effect on the long term 
average traffic estimation. For small values of n the 
estimated va.'ua of tha traffic- at the time the routing 
algorithm is updated is a more accurate representation of the 
actual traffic present in the netuork at that time.

Traffic prediction

*

A formula to predict the future traffic in the network was 
implemented. The formula was implemented in en attempt to 
increase the adaptability of the routing algorithm. The 
purpose of the traffic prediction formula is to attempt to 
fiadict the future traffic in tha network. Packets may then 
be routed across the network according to the predicted
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future traffic in the network rather than to the present or 
past traffic In the network*

A simple prediction formula was used to predict the traffic 
in tha simulation program

T*,t ■ 2Tm - Jk.l

Using the fotmula above, the predicted traffic (Ikti) is only 
dependent on the present estimated traffic (T„) and the 
previous estimated traffic value (Tk -») at the node. Note 
accurate prediction formulae do exist which base the 
prediction of the future traffic on numerous previous traffic 
estimation values. However a eiiapla prediction formula is 
sufficient to determine whether the use of a prediction 
formula does in fact improve the overall performance of the 
network.

Several simulations were performed using the traffic 
prediction formula in the network. It was discovered that if 
the traffic at a node was estimated or averaged over a large 
nuaba? of packets then the implementation of the traffic 
prediction formula resulted in slightly shorter delays in the 
network. This implies that the long term average traffic in a 
netwot'k is usually relatively predictable. If the traffic was 
estimated over a short nuttier of packets or short interval of 
time then the implementation of a prediction formula resulted 
in slightly larger packet delays in the network, rn networks 
the traffic is often bursty and this makes the prediction of 
the short tern or instantaneous traffic extremely difficult 
if not imposoible.

Finally, the smallest average packet delay Is obtained by 
estimating the instantaneous traffic in the network without 
any prediction of the futurn traffic in the network.

90



7.3.4 Implementation of 'piggy-hacking'

The implementation of an adaptive routing algorithm into the 
network simulated provided little improvement to the overall 
performance of the network. At high traffic loads the 
adaptive routing algorithm usually resulted in a higher 
average packet delay compared to the static least cost 
routing algorithm. From the results obtained front various 
simulations it was evident that a large proportion of the 
total network capacity was being utilized in transferring 
routing information between the nodes in the network. To 
overcome this problem it was decided that the routing 
information, where possible would be appended to a packet 
containing only date. Appending routing information to a data 
packet is commonly known as 'piggy-backing'.

The 'piggy-backing' protocol

It is impossible to piggy-back all the routing information 
since a data packet must be available before the routing 
information can be piggy-backed. The following protocol has 
been adopted to implement piggy-backing of routing 
information in the netuork routing simulation program. 
Assuming routing information is to be sent from node i to 
neighbouring node k, remembering that routing information lit 
only exchanged between neighbouring nodes in the network, 
firstly, the output queue at node 1 leading to node k {output 
queue k) is checked to see if the queue contains any pure 
data packets (A pure data packet is a packet that contains 
only data). If the output gueue does contain one or more pure 
data packets then the routing information le appended to tha 
pure data packet in front of the gueue. If no data packet is 
found in the output queue then a separate routing packet is 
created and inserted into the output gueue. Whan a data 
packet containing routing information arrives at node k, the



The routing information exchanged between the nodes ace the 

marginal delays dD/dfik and 8D/Jtl<si. The marginal delays 

dD/dfiH and jD/dri(a) (ire never transferred to node k 

simultaneously. It is therefore assumed that the touting 

information to be transferred between nodes is short and can 

be inserted into the header of a data packet without altering 

the length of the data packet. The protocol defined above 

ensures tl^at the routing information always arrives at the 

destination node in the correct order.

The simple protocol defined above has been adopted to verify 

tiie advantages of appending routing information to data 

packets. Other more sophisticated protocols may be used to 

implement piggy-banking. For example if no pure data packets 

are found in the output queue at ' a node, the routing 

information may be stored until a data packet becomes 

available to which the routing information could be appended. 

In this case precautions must be taken to ensure that the 

routing information does not become out-dated whilBt waiting 

for a data packet.

The updated 'piggy-backing* protocol

Due to the fact that the output queues to a node are usually 

sh&rt only a few of the routing packets are piggy-backed 

(Usually less than 14 of the total number of routing 

packets). The input queues to the node are however usually 

long. It is tharefore more suitable to piggy-back routing 

packets arriving at a node. The routing info arriving at a 

node iff appended to u data packet present in the input queue.



Tha routing information exchanged between the nodes are the 

marginal delays dD/dfi* and The marginal delays

dD/dfi* and jD/drj.(:1> are never transferred to node k 

simultaneously. It is therefore assumed that the routing 

Information to be transferred between nodes is short and can 

be Inserted into the header of a data packet without altering 

the length of the data packet. The protocol defined above 

ensures that the routing information always arrives at the 

destination node in the correct order.

The simple protocol defined above has been adopted to verify 

the advantages of appending routing information to data 

packets. Other more sophisticated protocols may be used to 

implement piggy-backing. For example if no pure data packets 

are found in the output queue at ' a node, the routing 

information mey be stored until . a data packet becomes 

available to which the routing information could be appended. 

In this case precautions must be taken to ensure that the 

routing information dees not become out-dated whilst waiting 

for a data packet.

Tha updated 'piggybacking' protocol

Due to the fact that the output queues to a node are usually 

short only a few of the routing packets are piggy-backed 

(Usually less than t% of the total number of routing 

packets). The input queues to the node are however usually 

long. It is therefore more suitable to piggy-back routing 

packets arriving at a node. The routing info arriving at a 

node is appended to a data packet present in the input queue.



• Tha input gueue is usually large, particularly at high 

traffic rates. Therefore the probability of the packet 

being piggy-backed is large.

- Appending routing packets to data packets In the input 

queue reduces the number of buffers required to store the 

incoming packet.

- The routing information is appended to the data packets 

in the front of the queue. This effectively gives 

priority to the routing information, without blocking any 

data packets.

If no data packet is present in the input queue then the 

routing packet is Inserted into the queue as a separate 

packet. All the packets arriving at a node are inserted into 

the sane input queue. A routing packet arriving at node i 

from node k may not be appended to a date packet arriving 

from the same node k. Therefore it is essential to ensure 

that the routing information contains the node number from 

which it was generated so the routing Information is 

correctly serviced by tha node.

When a node services a data packet containing appended 

routing information, the routing information is removed from 

the dr.ta packet. The routing information and data packet are 

then serviced separately.

Piggy-backing the routing yackets at ' the input of a node 

results in a slight improvement in the average packet delays 

In the network. Almost a 20% Improvement in the number of 

blocked packets is achieved. The reduction In the number of 

blocked packets is due to the decrease In buffer utilization 

at the nodes. The graph below illustrates the packet delay 

versus time for a network with and without piggy-backing.
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Graph 7.8 Graph of the average packet delay for network 

with and without piggy-backing•

'Piggy-backing' conclusion

The overhead required to transfer a packet from ana node to 

another in the network is usually large. This is particularly 

true in the case of packet containing routing information, 

since these packets are extrenely short. Piggy-backing is 

therefore an essential feature in networks that operate at or 

near maxinun capacity for even a small portion of the tine.

7.3.5 Liaiting the input traffic to tha network

To reduce the average packet ielays in the network it is 

necessary to limit the traffic entering the network and to 

give priority to the data packets already present in the 

network. Deleting existing packets in the network increases 

the average packet delay of the successfully transferred data 

packets. This is duo to the wasted network bandwidth utilized 

by the blocked packets before the packats are renoved from 

the network. At high traffic loads it is preferable to block
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network.

:r.e packets actually enter the

To block a certain percentage of the data packets entering 

the network the following procedure has been adopted. When a 

packet enters the network at a node the number of remaining 

available input buffers at the node is determined. If the 

number of available input buffers is less than a specified 

number p, then: the incoming packet Is discarded. It is 

necessary to determine the value of p which results in the 

optimum performance of the network. Once again the simulation 

program was used to determine the optimum value of p, and the 

results obtained are iJ.iuatrated in the following graph.

Delay ,v BockUB prcbaUli

(Ilia

Graph 7.9 Graph illustrating delay and number of blocked 

packets as a function of p.

As the value of p increases the average packet delay 

decreases, but the number cif blocked packets in the network 

increases slightly due to the effectively reduced buffer 

lengths at each node in the network. Setting p equal to five, 

(that is assuming only 104 of the total number of buffers to 

remain in the buffer pool before incoming packets are 

discarded}, provides a 6% improvement on the average packet
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the data packets before the packets actually enter the

To block a certain percentage of the data packets entering 

the netuork the following procedure has been adopted. When a 

packet enters the network at a node the number of remaining 

available input buffers at the node is determined. If the 

number of available input buffers is less than a specified, 

number p, then the incoming packet is. discarded. It is 

necessary to determine the value of p which results in the 

optimum performance of the network. Once again the simulation 

program was used to determine the optimum value of p, and the 

results obtained are illustrated In the following graph.

Graph illustrating delay . 

packets as a function of p.

1 number of blocked

As the value of p increases the average packet delay 

decreases, but the number of blocked packets in the netuork 

increases slightly due to the effectively reduced buffer 

lengths at each node in the netuork. Setting p egual to five, 

(that is assuming only 10% of the total number of buffers to 

remain in the buffer pool before incoming packets are 

discarded), provides a 6% improvement on the average packet

Graph 7.9



delay, with a 6% in< 

packet. The slight in< 

be acceptable. The 

overloaded network, wt

e in the blocking probability of a 

e in the blocking probability may 

Its are obtained for a heavily 

. large percentage of the packets in

i traffic rates, 

>s no effect on 

! nc-re desirable

the network are discarded anyway. At It 

limiting the input traffic to the network, f 

tha overall performance of the network. It i 

to discard packets at the input of a network since the source 

node is Immediately made aware of the situation and may 

attempt to retransmit the packet at a later stage. If a 

packet is blacked at a node, other than the sgurce node, it 

may be necessary to inform the source node of such an event, 

increasing the number of packets required in an already 

overloaded netuork.

7.3.6 The final product

The modifications and adjustment?, made to the adaptive 

routing aloorlthm &re to improve the overall performance of 

the adaptive routing algorithm. The goal is to minimise the 

average packet delays and to maximize the overall throughput 

of tha network. Using the techniques described above an 

improvement of almost 40% on the average packet delays was 

obtained. The improvement uas obtained by finding the optimum 

performance of the algorithm to a particular type of network 

With a specific input traffic load. Changing any of the 

network parameters or the traffic to the netuork may result 

m  a degradation of the overall network performance. Some of 

the problems and limitations of the algorithm are discussed
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7.4 Problems and limitations of the adaptive routing 

algorithm

Any routing algorithm Implemented in a network, does have 

limitations. In this section some of the more prominent 

problems experienced In the implementation of R G Gailager's 

routing algorithm as well as the limitations of the algorithm 

are Identified and discussed.

7.4.1 Generation of routing paths

Occasionally the set of output probabilities 3i«<j) generated 

by the adaptive routing algorithm did not add up exactly to 1 

as required. The problem was a result of rou.iding off errors. 

The error increased drastically as the simulation progressed 

eventually resulting in a totally unacceptable set of output 

probabilities at'the nodes.

Initially when the error is first created, the error is very 

small (usually < 1%). It is therefore simple to compensate 

for the error. Once a new set of 0iH <a> is calculated at node 

i, it is checked that the sum of the individual add up

exactly to one (up to five decimal places). If not the slight 

error is determined and this value Is added (or subtracted) 

from B n , , ) ,  where (i,l) is the least cost path to 

destination i, ensuring /.hat l,M ] l  i 1 . Using this simple 

technique errors are quickly detected and corrected for. '

7.,4.2 Loop elimination

In some simulations the blacked path set generated by the 

routing algorithm was found to be insufficient to ensure that 

packets do not loop In the network. Looping of packets 

occurred in networks larger than four to five nodes. Each



node in the network contains Information about the topology 

of the entire network. Using this information each node nay 

compile a set of blocked paths that guarantees loop freedom.

The following principle has been used to eliminate all 

possible loops in the network: The sink tree defines a set of 

paths for a particular source destination node pair. The set 

of paths all converge to the destination node. The pathi 

defined by the sink tree are loop free. The sink tree for 

source destination node pair (1,6) is illustrated below:

figure 7.2 An example of a sink tree for source node 1 and 

destination node S.

S i
v - 7

If each node k in the network, for a destination node j, 

calculates the same sink tree then tha paths to that 

destination are loop free. It is essential that each node in 

the network for each destination node j assumes the sama 

source nods i if loop freedom is to be guaranteed. That is 

each node must use the same sink tree as all the other nodes 

in the network, for each destination node.

The algorltha used by each node in determining the sink tree 

is provided in Part XI, Chapter 2. From the sink tree the 

blocked path set may be determined. The source node i used In 

determining the sink tree for each destination node j may be 

selected using one'of the following principles)



node In the network contains information about the topology 

of the entire network. Using this information each node say 

compile a set of blocked paths that guarantees loop freedom.

The following principle has been used to eliminate all 

possible loops in the network: The sink tree defines a set of 

paths for a particular source destination node pair. The sat 

at paths all converge to the destination nods. The paths 

defined by the slnK tree are loop freo. The sink tree for 

source destination node pair (1,6) is illustrated below:

Figure 7.2 An example of a sink tree for source node 1 and 

destination node 6.

If each node k in tha network, for a destination node j, 

calculates the same sink trees then the paths to that 

destination are loop free. It is essential that each node in 

the network for each destination node J assumes the same 

source node i if loop freedom is to be guaranteed. That is 

each node must use the same sink tree as all the other nodes 

in the network, for each destination node.

Tha algorithm U3ed by each node in determining the sink tree 

is provided in Part XI, Chapter 2. From the sink tree tha 

blocked path eat may be determined. The source node i used in 

determining the sink tree for each destination node J may be 

selected using o n e’ef the following principles:



with the highest traffic rats to the destination I'ode 

provides the best solution. However It is often difficult <;o 

predict which node will provide the highest traffic rate to 

the particular destination node. For this reason selecting 

the source node to be the node furthest front node j provides 

an adeguata solution.

The set of blocked paths are calculated at the beginning of 

the simulation and then remain constant. If the topology of 

the network changes each node in the network must update the 

blocked path set. The new blocked path set must be consistent 

with the new topology of the network. Using the above 

principle for determining the blocked path set, loop freedom 

is guaranteed.

7.4.3 The transfer of routing data In the network

To successfully implement a distributed adaptive routing 

algorithm into a netuork it is essential that routing 

information be exchanged between the nodes. The amount of 

routing Information exchanged in the network must be 

minimized in order to reduce the network capacity required to 

transfer the information. At the same time tha amount of



- random selection of node i. Hare it is necessary to 

ensure that each node selects the same 1 r an do m' node 1,

- selecting node 1 to be the furthest from node 3,

- selecting node i to be the node with the most traffic to 

destination node j r or

- selecting node i to be a constant node but ensuring that 

node i is not equal to node j.

The best performance in obtained by selecting a source 

destination node p.,iir that allows a max.1,mum bifurcation of 

traffic. Using the adaptive routing algorithm this ensures 

that a minimum delay is achieved. Generally the source node 

with the highest traffic rate to the destination node 

provides the best solution. However it is often difficult to 

predict which node will provide the highest traffic rate to 

the particular destination node. For this reason selecting 

the source node to be the node furthest from node j provides 

an adequate solution.

The set :>f blocked paths are calculated at the beginning of 

the simulation and then remain constant. If the topology of 

the network changes each node in the network must update the 

blocked path set. The new blocked path set must be consistent 

with the new topology of the network. Using the above 

principle for determining the blocked path set, loop freedom 

is guaranteed.

7.4.3 The transfer of routing data in the network

To successfully Implement a distributed adaptive routing 

algorithm into a network it is essential that routing 

information be exchanged between the nodes. The amount of 

routing information exchanged in the network must be 

minimized in order to reduce the network capacity required to 

transfer the information. At the same time the amount of
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information must be sufficient to ensure that all the nodes 

In the network are accurately informed about changes In the 

traffic patterns and delays in the network.

In R G Gallager's minimum delay adaptive algorithm the 

.routing Information exchanged between tha nodes are the 

marginal delays dD/d£„* and ID/lr><ca>. The routing 

information dD/dti* la transferred from node k to node i 

whenever node i detects a significant change in the value of 

dO/dfiM- The marginal delay JD/dr>«(*> is transferred from 

node i to all neighbouring nodes k each time the routing data 

at node i is updated, and this occurs each time sufficient 

routing data has been received by node 1 from the 

neighbouring nodes k for which C U m o i  > 0. Originally the 

new value of 8D/dri,S) at node i was transmitted to all the 

neighbouring nodes. This resulted in the 'looping' and rapid 

accumulation of routing packets in the network. To overcome 

this problem the new calculated values of tD/dri<9) are 

transferred to all the neighbouring nodes k, except for those 

nodes k which are an element of the blocked path set B i <3).

The routing tables at c node 1 in t.he network are only 

updated once all the marginal delays from each neighbouring 

node k for which O i m o ,  > 0 have been received. This ensures 

that the amount of routing information exchanged between the 

nodes in the network is minimized and the number of routing 

packets generated during peak traffic conditions is kept to a 

minimum. The results obtained from simulations for which 

routing tables are only updated once the routing data 1'\<S 

been received from all the neighbouring nodes show a em-i '**• 

average packet delay. That is compared to the results 

obtained for a network where all the routing tables are 

updated each time an individual routing packet is received by
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On average the percentage number of routing packets; generated 

compared to the total number of packets in the network is 

approximately 10 to 20 percent. This may appear to be large 

as it implies that 10 to 20 percent of the total network 

capacity is utilized in transferring routing information 

across the network. However in the simulation program tha 

length of tha routing and data packets are assumed to be the 

same. Generally it can be assumed that:

- the length of routing packets are ons tenth of the length 

of data packets. The routing -information is usually short 

and routing packets do not require as much header 

information as a data packet since the packet are only 

transferred across a single link in the network, and

- routing packets are only exchanged across a single link 

in the network, whereas data packets are often 

transferred over several links as the packet moves from 

the source r.ode to the destination node.

Considering these assumptions the amount of network capacit. 

utilized in transferring routing packets between the nodes in 

the natwork is between 1 to 3 percent. The improvement in the 

average packet delays due to the Implementation of the 

adaptive routing algorithm is far greater than the increase 

in packet delay introduced by the routing packets. Using the 

assumptions that routing packets are far shorter than data 

packets f jrthar reduction in thf i-.'erall average packet delay 

may be obtained. The number ox outing packets transferred 

between the nodes in the network decreases rapidly as the 

algorithm converges, as illustrated in the graph on the next
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may be obtained. Tha number of routing packets transferred 

between the nodes in the netuork decreases rapidly as the
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Graph 7.10 The percentage number of routing packets 

transmitted as the algorithm converges.

7.4.4 General performance of the adaptive routing algorithm

The average packet delays In the network fluctuate before the 

algorithm converges. The fluctuations are only slight and 

vary relatively slowly with time. The fluctuations therefore 

do not degrade the performance of the algorithm by any 

measurable amount.

The limitations of the current implementation of the adaptive 

routing algorithm may appear to Impose restrictions on the 

results obtained. Host of the assumptions made in the program 

actually decreases the performance of the algorithm and heneia 

the results obtained tcom a simulation may be assuned to be 

the worst case result. The performance of the algorithm may 

be further improved by alleviating some of the assumptions 

made in the program. Many of the restrictions end assumptions 

in the program may be removed at the expense of increased 

program complexity and a possible increase in the actual 

duration of the simulations. Many useful and accurate results
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may be obtained from the 

network routing simulation pr<

7.5 Comparison of the various routing algorithms

It is of little use finding the optimum performance of a 

particular routing algorithm if a simpler mora robust 

algorithm displaying tha same or similar performance 

characteristics can be employed. It is essential when 

defining the overall performance of a particular routing 

algorithm that the results be compared to other routing 

algorithms. This is done to determine if and when tha 

implementation of a more complex routing algorithm is most 

suitable. It is the relative results obtained from the 

various routing algorithms implemented in the simulation 

program that are important, rather than the absolute results 

obtained from a single simulation.

7.5.1 Average packet delays

One of the moat important comparison! 

two or more routing algorithms is 

d>lay cue to each routing alg< 

c rlsons each of the routing 

using the same identical network wltt 

Graph 7.11 illustrates tha total avei

to make when comparing 

the total average packet 

rithm. To iaaka valid 

algorithms are simulated 

the same input traffic, 

age packet for an entire

sieulat. •outim
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Graph 7.11 The total average packet delay far each routing 

algorithm.

In graph 7.11 the following abbreviations have bean used!

' Flooding] Flooding routing algorithm.

■ Least cost: Least cost routing algorithm.

- Adaptive: Adaptive routing algorithm using no piggy 

backing or traffic prediction.

• Adaptive 1: Adaptive routing algorithm implementing piggy

backing and traffic prediction, uhere the 

traffic rate is averaged over 10 packets.

• Adaptive 2: Adaptive routing algorithm implementing piggy

backing on both the input and output queues. 

Ho traffic prediction and the Instantaneous 

traffic rata Is used.

Front the graph, the least cost routing algorithm provides an 

almost 3S% improvement on the overall packet delay in the 

network compared to the flooding algorithm, and the adaptive 

aigsrithm an improvement of almost 50%.

The performance of the algorithm may be improved slightly 

(5%) by ’piggy-backing’ the routing data in the network. A





peak traffic the input queues to aach node increases 

drastically. As the input traffic decreases a certain period 

of time elapses before the network is able to consume the 

packets in the input queues. The levelling off of the packet 

delays in the network illustrates that saturation has been 

reached. Saturation occurs when all or most the input buffers 

in the network have been utilized, snd any additional packets 

to the netuork are discarded. The maxinua delay experienced 

by any packet travelling across the network is approximately 

the sane for both -he least cost and adaptive routing 

algorithms, but almost double for the flooding routing

The delays in graph 7.11 illustrates the optimum performance 

of the adaptive routing algorithm. All the algorithm 

parameters have been carefully selected to produce a minimum 

average packet delay. Depending on the application an 

approximate reduction of 40% on the average packet delay by 

the adaptive routing algorithm compared to the least cost 

routing algorithm ihay be achieved. This may be sufficient to 

verify the increase cost and complexity of implementing an 

adaptive routing algorithm into the network. However other 

aspects such as the cost of running the network may also have 

to be considered.

7.S.2 Number of blocked packets

It is vitally important to consider the probability of a 

packet being blocked in a network uhen evaluating the 

performance of a routing algorithm. It is useless to minimize 

the average packet delay if a large percentage of the packets 

are discarded by the routing algorithm anyway. The graph 

below illustrates the normalized number of blocked packets 

for the least cost and the adaptive routing algorithms. The 

normalized number of blocked packets is defined as the total
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number of blocked packets in the network divided by the total 

number of jackets generated in the network, excluding routing

q '’kt* bSoc*B5 (no'Tiadlisd;

Graph 7.13 The number of blocked packets for the adaptive 

and least cost routing algorithms.

The number of blocked packets for the flooding algorithm have 

not been included In the graph. The values obtained from the 

simulation program, for the flooding algorithm, is not an 

accurate representation of the number of packets not reaching 

their destinations. In the flooding algorithm numerous copies 

of a packet are created and transferred across the network. A 

blocked packet in thu network may not mean that the data in 

the packet has or will not reach the dasired destination. It 

can be assumed that the number of packets not reaching their 

destinations is larger than for the least cost or adaptive 

routing algorithms due to the laega number of duplicate 

packets in tha network consuming valuable buffer space.

The number of blocked packets for the adaptive and least cost 

routing algorithms are comparable, with the adaptive 

algorithm showing only a slight improvement (10%) in the 

number of blocked packats. The results obtained in the graph 

are for a network operating under saturation conditions where
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- the nodes connected to link (i,k) are capable of 

supplying packets to tha link "it a rata greater than the 

capacity of the link and tha link becomes saturated.

To overcome the problems above it may be necessary to 

Increase the service rate of the nodes connected to the link 

or to increase the capacity of the link respectively. In a 

ideal network we require that all. the links (or nodes) in the 

network become saturated simultaneously allowing for a 

maximum utilization of the entire network capacity.

7.5.4 Total cost of running the network

The Cost of running the network is calculated by adding tha 

cost of transferring individual packets across the links in 

the network. The cost of running the network is therefore 

directly related to the number of packets generated in the 

network. Por this reason the cost of .running the network 

using the flooding routing algorithm is extremely costly. The 

least cost routing algorithm provides the minimum cost of 

transferring packet across the network with a 60% improvement 
on the cost compared to the flooding routing algorithm while 

the adaptive algorithm provides e 40% Improvement. The 

improvement in the cost of running the network is largely 

dependent on the topology of tha network and the cost 

allocation of the links in the network.

For the adsptive routing algorithm not all the data packets 

are reutod via the least cost path. The cost of trsnsferring 

routing packets between nodes is also considered in the total 

cost of running the network. Hence the adaptive routing 

algorithm displays a larger total cost compared to the least 

cost algoritha.
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Graph 7.14 Graph illustrating total < st of each algorithm.

•rage packet delay 

inning the network.

In general the price of decreasing the a« 

of a network is the Increased cost of i 

Only the flooding routing algorithm illustrates an increase 

in both cost and average packet delay in the netuork. The 

final choice of which routing algorithm to utilize nay be 

largely dependent on the application of the network. In some 

applications it may be necessary to minimize the cost of 

transferring packets across the network and to optimize the 

throughput, while in other applications it may be necessary 

to ninimize the packet delay or blocking probabilities in the 

network. Usually a compromise between average packet delay 

and the average cost in transferring a packet across the 

network must be obtained.

7.5.B Delay distributions

In is both interesting and useful to observe the distribution 

of tfe individual packet delays in a network. The graph below 

illustrates the average delay distribution obtained fro» 

several simulations using the mlnimun delay or adaptive 

routing algorithm.
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Delay distrlbutlot » delay routing

From the graph it is evident that approximately 20% of the 

packets in the network experience a delay of roughly 1 tine 

unit, which Is approximately equal to halt the maximum delay 

experienced by the majority of the packets in the network. 

Less than 5% of the packets experience a delay greater than 2 

time units. In the best case this value drops to less than 

0 , 0 1 %.

In order to understand tf 

necessary to compare the' 

algorithm with that of 

as given in the table on

significance of tha results, it is 

ilay distribution of the least cost 

is minimum delay routing algorithm, 

ie following page. From the table

it is clear that the majority of the packets for the minimum 

delay routing algorithm experience a smaller delay compared 

to the least cost routing algorithm. Bor the minimum delay 

algorithm the percentage number of packets experiencing a 

delay greater than 2 time units is less than 0,01, whilst foe 

the least cost algorithm almost 20% of the packet have a 

delay greater than 2 time units.



In the case of the least cost routing algoritha the packet 

delays are more evenly distributed over the entire range, but 

for the minimum delay algorithm a large percentage of the 

packets {over 60%) experience a delay of 1 to 1,S tins 

units. This is due to the fact that the minimum delay routing 

algorithm distributee the traffic evenly across the network 

and the packet delay is less sensitive to the input traffic 

to the network.

From these observations, the advantages of the minimum delay 

or adaptive routing algorithm are obvious. Both the average 

and maximum packet delay tor the Minimum cost algorithm are 

significantly less than for the least cost routing algorithm.

7.S.6 network performance at extreme conditions

It may be necessary to be able to predict the performance of 

a routing algorithm under extreme conditions. For example it 

may be essential to know how a routing algorithm adapts if 

the input traffic rate suddenly increases simultaneously at 

all the nodes in the network. Under such conditions It la



imperative thp.t the performance of the network degrades 

gradually rathtir than suddenly n.,d that deadlock does not 

occur in the network. Testing the network under extreme 

conditions is necessary to determine the limits and operating 

tolerances of the network end the associated routing 

algorithm.

Network performance at high traffic loads

5he situation where the traffic Increases suddenly and 

simultaneously for all commodities in the network is 

considered. Under such conditions it is necessary to ensure 

that the routing algorithm does not fail or become unstable.

Graph 7.16 The average packet delay as a function of the 

input traffic to the network.

The graph illustrates the average packet delay as a function 

of the input traffic to the network. As the input traffic to 

the network Increases the average packet delay increases 

until the network becomes saturated and all the queues in the 

network are fully utilized. Under such conditions the 

adaptive routing algorithm actually produces a slightly



higher average packet delay compared to the least cost 

algorithm. The use of an adaptive algorithm in such 

conditions is not practical and only increases the cost of 

running the network, without decreasing the average packet 

delay in the network.

As the input traffic increases the throughput of the network 

increases until the input traffic to the network approaches 

the total capacity of the network, where the throughput 

suddenly decreases. The throughput eventually stabilizes as 

all additional packets to the network are discarded.

Graph 7.17 Graph illustrating the overall throughput of the 

network as a function of the input traffic.

Operating a network where the input traffic rate exceeds the 

o v e r a l l c a p a c i t y  of the network is usually totally 

unacceptable due to the large delays and large number of 

packets that are blocked. In digital computer networks the 

probability of all the nodes simultaneously transmitting 

information to all other nodes in the network is extremely 

small. The traffic is usually bursty where the traffic 

between two nodes in the network suddenly increases and only 

lasts a very short period of time. It is however essential to





to the netv.:rk exceeds the capacity of the network. Under 

such conditions the adaptive routing algorithm is able to 

produce a throughput of approximately 60%.

Performance of the network at high servlca rates

The performance of the least cost and adaptive routing 

algorithms at extremely high and.low node service rates are 

discussed. From various simulation results obtained it is 

evident that at a extremely low service rate of 10 packets 

per second the adaptive routing algorithm displays a smaller 

averaoe packet delay compared to the least cost algorithm. 

However the delays experienced by both algorithms are 

extremely large and the number of packets blocked is more 

than 90% of the total number of packets generated and this is 

obviously unacceptable. At extremely high service rates of 

around 100 packets per second the average packet delay of 

both the least cost and adaptive routing algorithms are 

Identical, indicating that the implementation of a complex 

adaptive algorithm in networks with extremely hioh service 

rates is unnecessary. The blocking probabilities of packets 

in such a network is negligible. However implementing a 

network with high service rates, particularly for a large 

network is costly.

7.5.7 Memory and computational requirements

It I3 essential to consider the amount of memory and 

processing time required by a routing algorithm when 

designing a network. The increased processing power of micro­

processors and relatively inexpensive memory allows fairly 

sophisticated routing algorithms to be implemented in modern 

networks. However extremely complex routing algorithms may
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require to much processing time and memory to be successfully 

and efficiently employed in large complex networks.

Memory requirements

A description of the memory and computational requirements of 

each of the algorithms used In the simulation program given 

lu Appendix 0. The amount of memory required by both the 

least cost and adaptive routing algorithms la directly 

proportional to N a , where N is the number of nodes in the 

network. For large networks (N i 100) the amount of memory 

required by the adaptive routing algorithm is approximately 

five times that required by the least cost routing algorithm. 

The problem with most routing algorithms Is that the amount 

of memory required by the algorithm increases rapidly with an 

increase in the number of nodes in the network.

Computational requirements

The computational requirements and the time taken for a 

routing algorithm to attain an acceptable set of routing 

paths for each destination node in the network is often 

difficult to evaluate, particularly in the case of dynamic 

routing algorithms. For the static least cost routing 

algorithm the number of computations to be performed at each 

node in the network is of the order N*, (0(N= )). This is 

acsnptible since the static routing algorithm must only 

define a new set of routes It the topology ot the network 

changes or if the cost of any linl: in the network changes. In 

networks were the topology of the network changes rapidly, 

for example in mobile radio networks, the computational time 

' 'uired by the least cost algorithm may become a limiting 

factor on the overall performance of the network.



The adaptive routing algorithm is made up of smaller 

Independent algorithms and evaluating the computational 

requirements is difficult. For a single iteration of the 

algorithm in determining a new set of routing paths to a 

particular destination is (0{N)|, and for (N-l) destination 

nodes in the netuork the number of computations is (0(Na )). A 

single Iteration of the algoritha is performed at a node each 

time sufficient data is obtained from all the neighbouring 

nodes. Therefore the time spent by each node in the netuork 

in computing a new set of paths for each destination node in 

the netuork Is dependent on the frequency at uhich routing 

information is exchanged between the nodes in the netuork. 

The computational time required by R G Gsllageir's adaptive 

routing algorithm does not appear to be a serious restriction 

to the performance of the network, providing that the 

algorithm is not updated too frequently.

Simulation program computational and aecory requirements

In the simulation program all the routing calculations 

performed at each node In the netuork is performed by a 

single processor. All the routing information stored in all 

the nodes in the simulated netuork must be contained in the 

available memory of the computer. This seriously limits the 

size of the netuorks that can be efficiently simulated. 

Currently a maximum of a 20 node netuork may be simulated.

7.6 Other netuork topologies simulated

Other larger netuorks were also simulated using the netuork 

routing simulation program. A six node netuork was simulated. 

It was noted that Increasing the number of direct links 

betueen nodes In the netuork drastically reduces the average 

packet delay in the netuork independent of the routing



algorithm used. The results obtained for larger networks 

compared favourably with the results obtained urifiri a simple 

four node network.

The routing algorithms were also simulated using a 10 node 

hierarchical network. The use of an adaptive routing 

algorithm in such a network is of little use since little 

traffic bifurcation is possible. A least cost algorithm 

provided reasonable results with the same average packet 

daisy as fc the adaptive routing algorithm. The flooding 

algorithm iJ li-.strates vary poor performance in hierarchical 

networks since packets are duplicated and transferred back 

and forth across the network before being discarded.

Using the network routing simulation program numerous network 

topologies with differing characteristics may be simulated in 

order to establish an optimum network for a particular 

application.

7.7 Topology changes, link and noda failures in the 

network

An aspect that has not been dealt with in the simulation 

program is the aspect of link or node failures in the network 

or the case where links or nodes are added to or removed from 

the network. If a link (l,k) fails in the network the 

following operations must be performed!

- The nodes i and k must detect the failed link rapidly to 

avoid packets being transferred down the link, and

- the fact that a link has failed must be made known to all 

the nodes in the network as quickly as possible.



The following protocol nay be used to handle the event of a 

link fallute in the network!

• h node will detect a failed link by periodically 

transmitting a packet to each neighbouring node. If the 

neighbouring node does not respond by retransmitting the 

packet back to the node within a certain tine period the 

link will be assuned to have failed.

- A node having detected the failure of a link will inforn 

all the other nodes in the network of the event by using 

a reliable and rr t flooding algorithm.

- As each node receives tha information the routing tables 

vill, in the case of the adaptive routing algorithm, be 

updated using the least cost routing algorithm, after 

which the minimum delay routing algorithm may proceed as 

us u a l .

The main problem with a link falling in the network occurs in 

the time interval between the failure of the link and the 

time when all the nodes In the network are nade aware of the 

failure. During this interval numerous packets may be lost so 

it is important to inform all the nodes in the network of the 

link failure as gulckly as possible by giving these packets 

highest priority. Each node makes it's own decision on which 

path an incoming packet is to be routed so the network is 

a'ble to adapt to a link failure mare promptly. The problem is 

more severe in large networks since the tine taken to inform 

all the nodes in the network of link failure nay be very 

large. The average packet delay Immediately after the failure 

of a link is expected to increase slightly until the ninimum 

delay algorithm is able to minimize the average packet delay 

again. The increase in delay is directly dependent on the 

average utillzatlor of the failed link.
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The event of a node failing In the network can be handled in 

a similar way. The event of a node failure is usually more 

serious since a failure of a node Is equivalent to the 

failure of all the links connected to that node. The severity 

of a link failure In the netuork Is dependent o- a number of

- the general utilization of the link,

- the number of packets present in the link or destined to 

be transferred across the link at the time of failure of 

the link,

- the capacity of the link, and

- *>he Importance of tha link to the netuork (ie. the effect 

removal of the link has on the connectivity of the 

network).

Assuming a node or group of nodes are connected to the rest 

of the netuork via a single link. If that link fails the 

node, or group of nodes, will become totally disconnected 

from the rest of the network. This say lead to catastrophic 

r e s U t s .  Thus to improve the reliability of the netuork and 

to decrease the effect of a link failure in the netuork it is 

necessar.y to ensure that each node is connected to at least 

two other nodes in the network. The question of adding links 

or nodes to the network may be handled in a similar manner to 

link failures. Adding a link or node to the network has a far 

lesa detrimental effect on the overall performance of tha 

network compared to a 1 1nb failure. However before all the 

nodes are made aware of the change to the network packets may 

loop and be discarded in the network.

It is important to be able to add or remove links or nodes to 

or from a network without having to reconfigure each node in 

the network. This allows the netuork to be modified and 

expanded at a minimum cost and ulth the least interference to 

the other users present in the netuork.
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7.B Conclusion: Network simulations

From the numerous simulations performed using the netuork 

routing simulation package many results and conclusions on 

the accuracy and effectiveness at the simulation program may 

be made. Valid deductions on the performance of each routing 

algorithms used in the simulation program can bf) made.

7.8.1 The network routing sinulation package

The results obtained from the simulation program appear to be 

accurate and compare favourably, in the case of the static 

routing algorithms, with the results obtained from analytical 

methods. The results of the simulation program are expected 

to be more accurate due to fewer assumptions made in the 

program compared to analytical evaluation techniques. For 

example the program does not base the simulations on the 

assumption that an Infinite number of buffers are available 

at each node as does the analytical method discussed in 

chapter 4.

The randomly generated traffic, using a Poisson distribution, 

compares very closely to the expected traffic in the network. 

This indicates that although the simulation of a continuous 

real time network is actually simulated at discrete time 

intervals, the increments between the discrete time intervals 

are small enough to ensure accurate results. The accuracy of 

the results obtained from a simulation is largely dependent 

on the simulated duration. If a network is simulated for a 

long period of time then the results obtained are likely to 

be more accurate. More packets will be transferred across the 

network and the final results of the simulation will be 

averaged over a larger number of packets giving a better 

indication of the overall performance of the network. The 

cost of obtaining mere accurate results is the increase in
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the actual duration of the simulation, 

the simulation varies linearly with the i 

i graph 7.18.

program is that the results 

nay be made as accurate as 

.he assumptions made in the 

program. The assumptions made in the program are to reduce 

the complexity of the program and to minimize the average 

deration required for a simulation. Various protocols used in 

the program may also be modified in order to obtain an 

optimum set of rules for the routing of data packets in s

• network.

version of the simulation program is fairly 

is program consists of well ,ver 3600 lines, but 

this does include the' abundant number cS comments that have 

been included in the program to make the program more



7.8.2 Routing algorithms

The chapter Is concluded with. a discussion on the 

effectiveness of the routing algorithms simulated. The 

flooding algorithm consumes too much valuable netuork 

capacity to be utilized in any reasonably busy network. The 

only advantages of the flooding routing algorithm is that it 

may be used to broadcast packets In the network. The flooding 

algorithm is robust and may be used as a last resort to 

transfer vitally important packets in the network.

The least cost or shortest path algorithm provides a great 

improvement on the performance of the network compared to the 

flooding routing algorithm. The least cost routing algorithm 

is most useful in networks with .» low connectivity and where 

it is essential to minimize the cost of transferring packets

useful in stable networks where the topology of the network 

remains constant for long periods of time. Typical networks 

include global networks where nodes are separated by large 

distances and it expensive to transfer messages from one node 

to another in th* network.

The adaptive routing algorithm provides shorter average 

packets delays and a smaller overall packet blocking 

probability compared with the least cost rooting algorithm. 

The average cost of transferring packets across the network 

is slightly higher. The disadvantage of the adaptive 

algorithm is the increased complexity of the network and the 

increased computational facilities reguired at each node in 

the network. In the current implementation of R G Gallager's 

minimum delay adaptive routing algorithm it is essential that 

all the links in the netuork are full duplex channels if the 

algorithm is to operate efficiently. If a link falls in one 

direction only it must be assumed that the entire dupi \ link 

has failed.
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The buffer allocation techniques used In the simulation 

package provides a fairly proficient method of allocating 

buffers to Incoming packets at a node.

It is clear from various simulation results that the adaptive 

routing algorithm is the best suited for networks consisting 

of autonomous randomly distributed nodes with a high 

connectivity. The adaptive algorithm is also more suited to 

bursty traffic situations compared to the least cost routing 

algorithm. The adaptive routing algorithm also works best in 

smaller networks due to the shorter delays required to 

transfer routing information across the network. The adaptive 

routing algorithm is therefore well suited to digital 

computer networks uli.'re the nodes are randomly distributed 

over a relatively small area. It is essential to carefully 

select tha parameters of the adaptive routing algorithm so 

that the algorithm operates at maximum efficiency.

Both the laast cost and adaptive routing algorithms are best 

suited to smaller networks of less than 50 nodes due to the 

large amount of information that must be stored at each node 

in the network. Finally the network routing simulation 

package provides interesting and valuable information on the 

performance of various routing algorithms in different types 

of networks.
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0 PINAL CONCLUSIONS AND RESULTS

In the thesis, the performance of an adaptive and static 

routing algorithm have been compared with the aid of a 

simulation program. Various routing parameters, protocols and 

congestion control techniques have been studied. An optimum 

for the performance of the adaptive routing algorithm for a 

particular network has been found. Tha uses, advantages and 

limitations of the use of a simulation program as a means of 

effectively analysing a digital computer network have been 

carefully studied. In this chapter the most important results 

and conclusions made from the research project are 

summarized.

8.1 The adaptive routing algorithm

The adaptive routing algorithm studied was based on R S 

Gallager's minimum delay routing algorithm. Various 

protocols, parameters and measurement techniques used in the 

algorithm were varied In order to obtain an optimum routing 

algorithm for a particular network topology. A packet 

switched datagram type network was selected. Such a network 

provides maximum adaptability to changes in the traffic 

patterns in the network. In analysing the overall performance 

of any routing algorithm in a network it is necessary to 

consider the cost-performance trade off of the algorithm.

8.1.1 Uses and 1 i of the adaptive routing algorithm

The adaptive routing a) 

simple four node network t 

It is important to rei

.thm has been optimized for a 

an average connectivity of two. 

) that the implementation of an

adaptive routing algorithm into a particular network provides



little improvement on the overall performance of the network 

if :

- the input traffic load into the network is light and far 

less than the total throughput of the network,

- the input traffic to the network remains constant/

- the input traffic increases at all the nodes in the 

network simultaneously,

- the connectivity of the network is less than two, or

- a large proportion of the packets generated in the 

network are to be broadcast to all the destination nodes 

in the network.

The main advantage of using an adaptive routing algorithm 

into a network is to increase the throughput of the network 

and to decrease the average delay and blocking probabilities 

of the packets. The cost of implementing a routing algorithm 

into a network is the increased cost of running the network 

and the increase in computational and memory requirements of 

each node in the network. A limitation of the adaptive 

routing algorithm is that packets cannot be broadcasted to 

all the destination nodes In the network. However packets may 

be broadcasted using a flooding algorithm or by generating 

individual packets for each destination node and routing 

these packets individually to each destination.

Generally adaptive routing algorithms are best suited to 

highly interconnected digital computer networks operating at 

a fairly light loads, ' but where the traffic between any two 

nodes In the network may suddenly Increase for a short period
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- the input traffic load into the netuork is light and far 

less than the total throughput of the network,

- the Input traffic to the network remains constant,

- tha input traffic increases at all the nodes in the 

network simultaneously,

- the connectivity of the netuork is less than tuo, or

- a large proportion of the packets generated in the 

network ere to be broadcast to all the destination nodes 

in the netuork.

The main advantage of using an adaptive routing algorithm 

into a network is to increase the throughput of the netuork 

and to decrease the avi!r«g. delay and blocking probabilities 

of the packets. The cost of implementing a routing algorithm 

into a network is the increased cost of running the netuork 

and the increase in computational and memory requirements of 

each node in the network, ft limitation of' the adaptive 

routing algorithm is that packets cannot be broadcasted to 

all the destination nodes in the network. However packets may 

be broadcasted using a flooding algorithm or by generating 

individual packets for each destination noda and routine* 

these packets individually to each destination.

Generally adaptive routing algorithms are best suited to 

highly interconnected digital computer networks operating at 

a fairly light loads, ’ but uhere the traffic between any two



- 4
■ d i

%

B.1.2 Comparisc i vrith the ARPANET network

The ARPANET network Is one of the most 

the world. A brief comparison between 

used in the ARPANET network with the 

in the simulation program is made, 

algorithm used in the simulatl 

the ARPANET routing algorithm.

'ell known networks in 

the -outing algorithm 

the routing algorithm used 

de. The adaptive routing 

program is very similar to 

a stajor difference being

that in the ARPANET network the delay of individual packets 

is minimized where as the adaptive routing algorithm studied 

attempts to minimize the overall average packet delay.

It is difficult to compare the performance of two different 

routing algorithms unless the algorithms are tested using the 

same network, topolcgy with the same input traffic rate to the 

network. Therefore only general comparisons are made. The 

amount of routing information exchanged between the nodes in 

the network is very similar far both routing algorithms and 

the ARPANBF network requires approximately 2% of a 50kbps- 

line to transfer routing information between nodes in "une 

network. This is comparable to bandwidth required for the 

routing information In R G Gallagar's routing algorithm. In 

the ARPANET network routing information is exchanged at least 

every 10 seconds between the nodes in the network. This is 

similar to the maximum time period allowed in the simulation 

program between the exchange of routing information. In the 

ARPANET network routing packets are short and have a length 

of 176 bits and are given highest priority. In the ARPANET 

routing algorithm if the instantaneous traffic is used to 

update tha routing variables tbsn the oscillations produced 

by the ARPANET routing algorithm are large and therefore the 

traffic is averaged over a finite time interval. In the 

adaptive routing algorithm used in the simulation program the 

oscillations produced by vising the instantaneous traffic 

rated are small.



The ARPANET netuork attempts to optimize the performance of 

the netuork from a user point of view by minimizing the 

packet delay of each packet in the netuork individually. The 

simulated routing algorithm optimize the netuork performance 

from a manager orientated point of vieu by minimizing the 

overall average packet delay and performance of the network.

8.1.3 Conclusion: The adaptive routing algorithm

In general the adaptive routing algorithm operates 

efficiently and provides a definite improvement, in the 

average delay and blocking probabilities of packets compared 

to the least cost algorithm. The main problem in desioning or 

establishing an optimum routing algorithm in a netuork Is 

that it is difficult to Isolate the algorithm or parts of the 

algorithm from the rest of the network. The overall 

performance of the algorithm is dependent on other aspects 

such as buffer allocation techniques, congestion control 

protocols, computational efficiency, input traffic patterns 

and topology cf the network.

As the distance, or number of hops, between the nodes in the 

network increases the adaptability of the adaptive routing 

algorithm decreases. The adaptability of the routing 

algorithm is also depandent on the rate at which routing 

information is exchanged between the nodes in the network. If 

routing information is exchanged frequently the adoptability 

of the algorithm increases but then the number of routing 

packets present in the networx increases. This may increase 

the total average packet delay in the network. An optimum 

between the rate at which routing information is exchanged 

and the number of routing packets in the network must be 

found. The adaptive routing algorithm used in the simulation 

program attempts to achieve a maximum adaptability using a 

minimum amount of routing information.
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Tie S«??ANET netuork attempts to optimize the performance of 

the network from a user point of view by minimizing the 

packet delay of each packet In the netuork individually. The 

simulated routing algorithm optimize the network performance 

from a manager orientated point of view by minimizing the 

overall average packet delay and performance of the network.

8.1.3 Conclusion: The adaptive routing algorithm

In general the adaptive routing algorithm operates 

efficiently and provides a definite improvement in the 

average delay and blocking probabilities of packets compared 

to the least cost algorithm. The mein problem in designing or 

establishing an optimum routing algorithm in a network is 

that it is difficult to Isolate the algorithm or parts of the 

algorithm from the rest of the network. The overall 

performance of the algorithm is dependent on other aspects 

such as buffer allocation techniques, congestion control 

protocols, computational efficiency, input traffic patterns 

and topology of the network.

As the distance, or number of hope, between the nodes In the 

network increases the adaptability of the adaptive routing 

algorithm decreases. The adaptability of the routing 

algorithm is else dependent on the rata at which routing 

information Is exchanged between the nodes in the network. If 

routing information is exchanged frequently the adaptability 

of the algorithm increases but then the number of (routing 

packets present in the network increases. Phis may increase 

the total average packet delay in the network. An optimum 

between the rate at which routing information is exchanged 

and the number of routing packets in the network must be 

found. The adaptive routing algorithm used in the simulation 

program attempts to achieve a maximum adaptability using a 

minimum amount of routing information.



An adaptive routing algorithm Is only useful In a network 

that has a need for such an algorithm and that will allow the 

algorithm to operate effectively. A simulation program la a 

valuable 'tool' that nay be used to establish the optimum 

performance of a routing algorithm.

6.2 The slaulation of networks

Tha design and implementation of the network routing 

simulation program formed a large part of the research 

project. Considering the limitations and advantages of a 

simulation program the effectiveness of a simulation program 

to accurately imitate the routing of packets in a network is 

verified.

8.2.1 Features and limitations of the simulation program

The most important aspect of a simulation program is accuracy 

and depends on the precision with which the a system is 

modelled end simulated. The accuracy of a system is dependent

• the cost end time taken to design, implement and test a 

simulation program,

- the time taken for an actual simulation end

- the computational and memory requirements.

A simulation program can be mede as accurate as desired at 

the expense of the criteria described above. For this reason 

And due to the limited time allocated to the design and 

implementation of the simulation package severel assumptions 

have been made end are listed in Chapter 6. The essumpttons 

made do not drastically effect the overall accuracy of the 

simuletion program, although they should be noted whan 

analysing the results from the program.
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Despite the various assumptions mads in the Implementation of 

the simulation program, accurate and meaningful results may 

be obtained. The simulation program Is flexible and the basic 

features included in the simulation program are)

- any randomly interconnected network consisting of up to 

20 nodes nay be simulated,

- a flooding, least cost and adaptive routing algorithm may 

be simulated,

- accurate results may be obtained In reasonably short time

- numerous netuork parameters such as netuork topology, 

n-. service rates, link costs, link capacities. Input 

traffic, buffer lengths and the number of bits per packet 

may bn entered by the user and

- the program may be modified to ittp’ement additional 

network protocols.

Some of the assumptions made in the simulation program may be 

alleviated by modifying the program. The program was 

originally designed, implemented and as far as possible 

tested, In small Increments in order to guarantae the overall 

accuracy of the netuork.

S.2.3 Conclusion! Simulation of networks

The basic advantages of using a simulation program to predict 

the performance of a digital network is that it is relatively 

inexpensive, powerful and accurate. Normally any typa of 

network may be slmulatsd, whether it be a distributed or 

centralized netuork, or a static or dynamic network. A 

simulation program eliminates many of the assumptions 

required in analytically predicting the 'performance of a 

network.
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In designing, implementing and using the network roatl.g 

simulation program a greater understandability of tha 

principles of networks vae obtained. Also using a simulation 

program there is a close one to one correspondence of the 

simulated network with a real network. In a simulation 

program the 'entire1 network is effectively concentrated at 

one point. Thus abundant information on the entire network at 

any point in time can be obtainad at a low cost compared to a 

real network where the information must be gathered over the 

entire netuork and processed at a later stage.

Generally a computer simulation provides an effective way ot 

analysing and determining the optimum performance of networks 

up to approximately 20 nodes accurately and cheaply.

8<d Recommendations for future work

Some of the more Important aspects which require additional 

investigation are described.

8.4.1 Topology changes

One of the most important aspects that has not been 

implemented into the netuork routing simulation package is 

the behaviour of tha netuork If a link or node in the network 

falls. It is important to determine the rosponse time of the 

network to such an event. The response time is tho time 

interval feoo the time at which the link or node failed to 

the time at which each node in the network is made aware of 

the link or node failure. The degradation of tha performance 

of the network, increase in packets delays and number of 

blocked packets resulting froa s link failure should be 

investigated.
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6.4.2 Removal of the limitations of tha program

The most obvious modification that nay be made to th% 

simulation program are the removal, where possible, of soma 

of the limitations of the program discussed In chapter 6. The 

limitations of the simulation program are however not severe 

and alleviating s.ome of the limitations may only increase the 

complexity of the program without significantly improving the 

accuracy of the simulation program and may even decrease the, 

reliability of the overall simulation package. ■
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8.4.3 Congestion control and buffer allocation techiDlgura

In the project tha features of variouB congestion i;ontroi ar.';' 

buffer allocation techniques have been cor,eirtar&t<. More 

advanced congestion control protocols and Buffer allocation 

techniques may ba Inserted into the program and simulated to 

determine the overall effect on the performance, at -.the 

network. - 1

8.4.4 Data link protocols

The functions of the data : 

reference modal have been < 

function of the data link . 

transmission medium. This 

of 'handshaking' i 

destination nodes

a link layer as defined by the 081 

n overlooked in the project. The main 

k layer is to provide an error free 

is is usually accomplished by the use 

transferred between the source and 

network.

In a distributed network the problem is far from trivial. Fcr 

example if acknowledgement frames are used to inform ‘tha 

source node that a packet has successfully reached It’s 

destination, then problems may arise due to the fast that the 

source node' may have to wait a long period at tima ostween
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the transmission of the dels packet and the reception of the 

aesociated acknowledgement frame. Acknowledgement packets may 

become lost resulting In duplicate copies of packets being 

transferred across the network. Another techniques is to use 

a request retransmission frame as apposed to an 

acknowledgement frame. In v.his method the source node appends 

a sequential packet number to each packet destined to a 

particular destination node. The destination node, after 

receiving a certain number of packets, checks to see if all 

the packets in the sequence have been received. If not the 

destination node sends a request retransmission packet to the 

source node requesting the source node to retransmit, that 

particular packet. The problem with this method is that in a 

datagram network packets may arrive at the destination node 

not in a strict sequential order. Another problem is that tha 

source node must store duplicate copies of the packets for 

long periods of time before they can be discarded

The suitability of various data link .protocols tc a 

particular network simulated requires further analysis.

8.4.S Simulation of additional routing algorithms

Other routing algorithms whether static or dynamic algorithms 

may be iuplemented into the network routing simulation 

program. An additional Interesting algorithm that could ba 

simulated is the 'Second derivative minimum delay routing 

algorithm' proposed by D P Bertsekas et al. P [5 ]. Tha 

algorithm should provide a slightly greater adaptability to 

traffic changes compared with the minimum delay routing 

algorithm used in the simulation program. The Second 

derivative routing algorithm is however complex, requiring 

complex calculations and additional memory requirements. Tha 

suitability of tha algorithm in large networks Is 

questionable and requires further inquiry.

133









APPENDIX A

T e r m i n o l o g y  and s y m b o l s

The terminology used in the report is provided together with 

a summary and explanation of all the symbols used In the

Arc: Connects two adjacent nodes, and allows packets to be 

transferred between the nodes.

Arc connectivity: The minimum number of links or arcs that 

must be removud to disconnect two nodes in the network.

Bandwidth: This normally refers to the tota. Available 

> 'city of the network, that is the maximum number of 

£ 'Ok'.: Ss per second the network is capable transferring.

Bifurcation: Bifurcation implies that two or more paths to a 

single destination node are made available by the routing 

algorithm.

Blocked packet: A packet that is unable to reach the required 

destination node.

Broadcast: Broadcast occurs wh«-.ri a packet is transmitted to 

every possible destination node In the network.

Bursty Traffic: Bursty tiaffic occurs when the traffic 

between a pair of nodes in the network suddenly increases for 

a short period of tine.

Capacity: The maximum number of bits per second that a lintt 

Is capable of transferring from one node to another.
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Commodity! A commodity refers to a source destination pair. A 

multi-commodity network exists when numerous source 

destination pairs occur in the network.

Congestion: Congestion occurs when too many packets are 

present in the network, or part of the network, resulting in 

the degradation of the network performance.

Connectivity: The number of links or nodes that mu-c be 

removed in order to disconnect node i from node j in the

Datagram circuit: Each packet is treated es a separate entity 

and each packet is routed individually to the destination 

node. In a datagram network only a best attempt is mads is 

transferring the packet to it's destination.

Deadlock; Deadlock occurs due to cyclic uait of resources to 

become ava: labj-s.

Destination: The node for which tue dots is Intended, that is 

the node ts which the data packet must be transferred.

Plow control: Protocols that ensure that the source node does 

not supply data to a destination node at a rate exceeding the 

input capabilities of the destination node.

Frame: A ensemble of data (represented in bits) that is 

transferred along a link.

Hep count: The number of nodes passed by o packet travelling 

from the source node to the destination node.
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