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A unique method for selection of a protocol for implementing Metropolitan Area 
Networks (MANs) is discussed in this dissertation report. Given a number of 
different protocols, this method enables the selecting of the protocol which is 
most suited to the requirements of a given MAN topology and load. The method 
allows performance of a protocol to be compared from three different per­
spectives; (1) functional, (2) analytical and (3) load ajriii configuration simulation. 
The application of the different methods of comparison gives insight into which 
“MAN protocol meets the requirements of a network best. Since established and 
developing protocols can be compared against each other, the method allows 
short term arid long term rietworldnj j designs to be effectively planned.



-VX >

s:''  ̂ .
... /b ;
^  - *! °

$ :
*“■ ■% i

. . ■■ . a

ACKNOWLEDGEMENTS

I would like to acknowledgejthe asistance o f : 1 „

Mr Mark Chodos, Project Manager of WEB Systems (Pty) Ltd, First Floor, Suite 
103, Infotech Building, 1090, Arcadia. WEB systems allowed me to cany out the 
CACI LANNET II.5 release 4 simulations on their system. „

Dr Ian Kennedy for' supplying me with papers outlining MAN developments and 
research over previousyears in the initial stages of the investigatipn.

Mr Neill Harris, my research supervisor, for his valuable reference! to papers 
throughout the course of the research. 1

&

'©

o



DECLARATION ^  U

ABSTRACT ill

ACKNOWLEDGEMENTS Jv

CONTENTS , ’ " v
' * 0 ij

LIST OF TABLES viil

LIST OF FIGURES ^  ix

CHAPTER 1: INTRODUCTION 1
1.1 The Aim and Objectives of the Project « 1
1.2 Background \  1
1.2.1 Different Classes of Networks \  2
1.2.2 ExampieJProtocols Being Compared by Means of th&Method 3
1.2.3 Application of MANs in Networking |  4
1.3 Application of the Study of Methods in Network Engineering 5
1.4 Limitations and Assumptions of the Method /  ,, 5
1.4.1 limitations of the Comparison Method , 5
1.4.2 Assumptions Made for the Comparison Method 4 6
1.5 Proposed Solution . ^ \  6
1.5.1) Determining factoid affecting performance in MANs 6 
1.5*2) Determining criteria for comparison of MAN protocol performance 8
1.5.3) The derivation of the aiethods for comparing MAN protocols 9
1.6 Validating the Results and Methods Obtained 9
1.6.1 Validate the applicability of thecomparison method \\ 10
1.6.2 Validation of Simulatoi Protocol Models ' 10
1.7 Overview of Report Structure 10

CHAPTER 2: SURVEY OF CURRENT DEVELOPMENTS 12
2.1 Investigations into the Protocols Used to Illustrate the Method 12
2.2 Approaches to Designing and Planning of MANs 12
2.3 Trends in Network Simulators 13

CHAPTER 3; APPROACH TO COMPARING THE PERFORMANCE OF MANS 15
3.1 Bridging Functional Differences in the Example Protocols 15
3.2 Comparing the characteristics of network protocols - \ 15
3.3 Criteria used for comparing network reliability and performance , 17
3.4 Classifying criteria and indices for comparison of MAN performcuce 19
3.4.1) Functional Comparison Criteria I 19
3.4.2) Analytical Comparison Criteria \  20
3.4.3) Simulation Aided Comparison Criteria \  20

CHAPTER 4s FUNCTIONAL COMPARISON OF MANS 21
4.1 Available Services 1 22
4.2 Reliability of the Protocol / 23
4.2.1 Topology Strength and Error Recovery 23
4.2.2 Station Hard Error Recovery 24
4.2.3 Soft Error Recovery 25
4.3 Management of the Network 26
4.3.1 Planning and Implementations of the Network 26
4.3.2 Reconfiguration of the Network 27
4.3.3 Growth of the Network 29
4.4 Other Issues ' >4
4.4.1 Fairness o f  the Protocol Operation 32
4.4.2 Protocol Flow Control Mechanisms 34

: u r *



o

4.4.3 Capacity Planning Constraints of the Network n 35
4.5 Summary /; ' 35

CHAPTER 5s ANALYTICAL COMPARISON OF MANS 37
5.1 A Standard Configuration « 37
5.2 Comparison of Performance ; , 38
5.2.1 Absolute Maximum MAC layer Throughput , 38
5.2.2 Bandwidth Allocation ° 6 „ 39
5.2.3 Packet Transmission Delays , 40°

CHAPTER 6: MAN SIMULATOR REQUIREMENTS 42
6.1 Problem Identification ’ 0 1 42
6.1.1 Basic Requirements for the Simulator ;; 42
6.1.2 Special Techniques or Algorithms to be Employed " 46 
64 J ,3 Assumptions for Practical Implementation and Operation of the Simulator 43
6.1.4 Tools and Methods for Implementation 49 j f
6.1.5 Resulting limitations or Restrictions 50 /  ’
6.2 Identifying the System Components J £0 /  <
612.1 User Interface \  51
6.2.2 Simulator Environment „ » 51 «
6.2,^, Protocol yj 52 ,,
6.3 Tjlie Design of the Simulator Environment 52
6.3.1)Components Constituting the Environment , 52
6.3.?/Interac#on of Environment Components y; 53 ■: 
6.4/pesign of Protocol objects 54
6.4lk The functioning of the protocol object 54 „
6.4:2 Implementing FDDI j  , 59

- -vi- ' . '

rJ-r '0 •'.'j

CHAPTER 7: MAN SIMULATOR IMPLEMENTATION , J  64
7.1 Impiementation and Development of the Simulator 64
7.1.1 Features used for development of the program 64
7.1.2 Limitations imposed on the Environment by the Development System 65
7.1.3 Protocol limitations « 66
7.1.4 Extent of Program Testing 67
7.2 Testing the Operation of the Protocols , 67
7.2.1 FDDI Tests 1 •' 68
7.2.2 DQDB Tests 72 
7.1> Application of the Simulator in Making Decisions 77' - - ' v;,
c h a p te r ,  8: a p p l i c a t i o n  o f  c o m p a r is o n  m e th o d  79
8.1 LAN backbone Investigation 79
8.1.1 The Nature of the Problem 79
8.1.2 Comparing the Performance of FDDI, DQDB and Metroring as Backbones 80
8.1.2.1 Parameters for the Simulations 80
8.1.2.2 Performing the Simulations 84 
8-1.2.3 Results and Conclusions 1 87

CHAPTER 9: CONCLUSION 90
9.1 Unique Features of the Study , 90
9.2 Application Of Methods for Solving Problems 90

CHAPTER 10 FURTHER RESEARCH 93
M i " , 

APPENDIX All THE OPEN SYSTEMS INTERCONNECTION (OSI) REFERENCE
MODEL 95

-• li -
APPENDIX®: THE FIBRE DISTRIBUTED DATA INTERFACE STANDARD

<FDDI) 97

APPENDIX C: THE DISTRIBUTED QUEUE DUAL BUS STANDARD (DQDB) 104

-  "  i  - ■ “  " O

o

2 %)______



v. ̂

'r

/J 

-vi i-

(
APPENDIX D: THE METRORING ^TETWORK 

APPENDIX E: THE EXPRESS TRANSFER PROTOCOL (XTP) 

APPENDIX Fs
, SONS 0 „ , - „ •"% “ -

APPENDIX G: CONSTRUCTING CONFIDENCE INTERVALS FOR STEADY- 
0 STATE SIMULATION .« /

..  ̂ . "■ 11 "

APPENDIX I: RESULTS FOR LAN BACKBONE INVESTIGATION

REFERENCES fi

110
.9 " 

118

125

129

131

133 

137

>**

<> \\
"ft ,90

... r*  ;

fr ip

/ TV

'  I I 'l ¥ '  II|| | ] I | I  ! ! ■  M l l l H ' i H W H r t l l l l l l  n ■ I .........



LIST OFTABtlfes
ol i t  Comparison ofWAN/MAN/LAN characteristics

0 ^ fS Jfli
“l.k  Factors affecting network performance - 'u : °

3.1 Comparison ofFDDI, DQDB anil Mtitrormg characteristics

4.1 Criteria for functional comparison ofMAt'h ^
'  . -• a -v .  -'■■■ ■. i'.i ■ ° .

4.2 '

5.1 .Comparison of absolute maximum throughputs

5.2 Raw bit rale available per station  ̂ 'V

5.3 Delays experienced in MANs T °
/ V



1.1 Relationships between different types of networks
0 3.1 Comparison of protocol layers agiiinst OS! model '
/  4.1 Correcting link failures in FDDI and DQDB f =

4.2 Correcting link failures in Metroring
4.3 Reconfiguration of FDDI and ketroring - Case 1
4.4 Reconfiguration of FDDI - Case 2
4.5 Reconfiguration of Metroring * Case 2 q
4.6 Expanding a FDDI network
4.7 Expanding a Metroring network ^
4.8 Concurrent logical links on a Metroring network
6.1 Interpreting estimates and confidence intervals
6.2 An abstract depiction of pseudo-dynamic load generation
6.3 Components and their types in the simulator
6.4 Information flow in the simulator system ,,
6.5 Token rotation representation in FDDI
6.6 Packet transmission representation in FDDI
6.7 Multiple packet transmission representation in FDDI 

V. 6.8 Priority class threshold times for FDDI’s TTR protocol 
, 7.1 Physical layer throughput vs offered load (FDDI tests)

7.2 Avti'age end-to-end user delay vs, offered load (FDDI tests)
7.3 Average delays for MANSIM (DQDB tests)
7.4 Average access delays vs offerecrload (DQDB tests)
7.5 Average access delays vs offered load(normalized DQDB tests)
8.1 The given CSIR backbone topology
8.2 Hepresenrating buildings on the backbone in a ring topology
8.3 Collision domain representation on a ring topology1
8.4 Representating buildings on the backbone for Metroring
8.5 Collision domain representation on Metroring
8.6 User layer throughput vs offered load (CSIR backbone equiv.)
8.7 Ave user layer delay vs offered load (CSIR backbone equiv.)
B1 Component entities of a FDDI station 
B2 Layout of fields of a FDDI token «
B3 Layout of fields of a FDDI information frame 
B4 Reconfiguration of FDDI to eliminate a failed component 
C l Cc jjiponent entities of a DQDB station 
C2 Stiacture of a DQDB network 
C3 DQDB slot structure 
D1 The component entities of Metroring 
D2 Interconnected rings made from ring segments in Metroring 
D3 Information and Management frame composition 
b l  XTP three packet connection mode handshake 
E2 XTP packet types and formats 
FI Components of a data frame
F2 Symbolic representation of FDDi, DQDB and Metroring

LIST OF FIGURES



CHAPTER 1: INTRODUCTION

It is now common to find Local Area Networks, JJtNs, in use in many organizations throughout 
the world, A LAN provides computer usenf wiwi shared access to common resources, such 
as storage (harddisks) and input/output devjces(printers, digital scanners, etc,) [Seifert 88], 
It also enables users to exchange information rapidly and easily. LANs generally cover 
geographical ari:as the size of a building or campus. n ,

:j ^ O
In a similar way, wide area networks, WANs, allow many users to exchange information over 
much larger distances like those found between cities and countries. WANs make use of 
existing links, such as Post, Telephone and Telecommunication (PTT) service lines, whereas 
LANs utilize a network medium intended solely for the LAN. An example of a WAN is the 
telephone system which effectively spans the ̂ *sole world* An example of a LAN is computers 
linked together in a building. 0

In the early 1980’s a new type of network was developed which had the potential to increase 
network performance considerably; Metropolitan Area Networks (MANs).

As MANs are relatively new, research and development are on-going expandinguthis area of 
network technology. New tools and techniques are being developed to manage this new 
class of network while several network protocols have been proposed to implement MANs. 
A method is required to detenn^e which of these protocols is best suited to implementing
a MAN, ■ ° ’ ' ' ; . • ”

1.1 The Aim and Objectives of the Project || ;
. • , { , 

Aixn: To develop a method which would enable; the significant characteristics ofMetro- 
politan Area Networks (MAN) protocols to  be identified. Thisjiwould enable proto­
cols to be compared relative to one another to determine which MAN protocol Is 
best suited to the requirements of a given network Configuration and load.

Objectives:  ̂ i r' ^  " | " 0
1) Determine factors affecting performance in MANs, jj
2) Determine criteria for comparison of MAN protocols’ relative suitability for meet­

ing performance requirements stipulated by network design requirements.
3) Derive methods for1 comparing MAN protocols in terms of the criteria » 

determined from objective (2)i‘

The study of comparison methods would be validated by examining and comparing the 
Distribu ted Queue Dual Bus (DQDB), Fibre Distribu ted Data Interface (FDd I) tod  Metrorixlg 
protocols for specific network configurations and loads. ^

1.2 Background

LANs and WANs can also be distinguished by several other criteria besides ̂ physical area 
coverage and physical link usage.* \ '

* data transfer rates, ;. . ' o h .
- type of physical links, ,
- protocols and ,
“ topologies.



Essentially a WAN provides physical point-to-point connections, while a IAN provides 
one-to-many physical connections. Technically, this implies routing mechanisms are needed 
for WAN operation but not for CAN operation. A station on a LAN transfers information by 
first selecting which of the other stations on the network the data must be sent to. The 
station then sets the destination address accordingly and transmits the data onto thf. local 
network. WANs on the other hand use addresses for two purposes to implement the routing. 
Addresses am used in WANs to distinguish the destination station from other stations on the 
network and to select the correct point-to-point link on which to transmitthe information 
to the destination station, As the data reaches onestation, the destination address determines 
if this station is the intended station. If not, the destination address determines the ne;<t link 

E to transmit the data on to eventually reach the destination. Sometimes networks are designed 
sb that this destination station resolution requirement is made easy tp fulfil eg. in Bthemet 
every station first reads a passing packet and then determines if the packet is intended for 
itself. ;

1.2.1 D ifferent Classes of Networks

LANs can also be linked together to form larger networks resulting in larger communities of 
users. WANs are often used (to achieve this, ie. interconnect several LANs in locations widely 
separated from each other. However, LANs and WANs were designed to meet different 
communication requirements. LANs meet a small group of localized user’s connection needs; 
while WANs meet seveiral distributed groups of user’s needs. >

MANs are a class of network designed to cover a metropolis and combine features of LANs 
(ie. multiple access and'packet switching techniques) and WANs (ie. long distance connec­
tions) with fibre optic technology. MiLNs can allocate bandwidth as required by users, which 
is something useful for both LAN and WAN services. It is now becoming part of the trend in 
MAN development to also provide sufficient security measures for individual users as many 
organisations could end up using the service of just one MAN [Cranfill 90].

Table 1.1 [Smythe 91] shows how the characteristics of a MAN compare with those of LANs 
and WANs. The main distinguishing factor is geographic size, while the other Characteristics 
give an idea of how the classes of network’s compare. It is apparent that in some cases some 
characteristics will not differ. This is important as it is one of the difficulties encountered in 
classification of networks. ,

o
Issue, WANs MANs ' LANs ^
Geographic size (km) 1000’s 1-100 0-4
No. of nodes 10000’s 1-500 1-200
Data rate (bit/sec) lOO-lOOk 1-100M 1-100’s M
Probability of bit error 10*3-10-6 <10-9 <10-9
DelayL(msec) >500 lOO-lOC's 1-100

Table 1.1 Comparison o f WAN/MAN/IAN characteristics

Figure 1.1 illustrates the relationship between the WAN, MAN and LAN classes o f networks 
by consideringreliability and the irange of services provided by each class and type of network. 
The superiority of a type of network’s architecture^ terms of reliability and railge of services 
is represented by the area of a patch. The network types shown (POTS, PSTN, PABX and 
ISDN) encompass only part of the three network class* superiority. Eg. WANs are represented 
as being more superior than any other class 0i“ type o f network; LANs are observed to 
encompass only part of MAN service and reliability superiority.



o Figure 1.1 Relationships between different types o f networks (derived from [Smythc 91])

The types of networks used in this illustration are:
POTS • The ’Plain old telephone service’. v
PSTN * The Public Switched Telephone Network more generally describes the telephone 

system as a hierarchy of switching exchanges. These Switching exchanges allow 
two telephones to be linked vid a dedicated closed circuit. The difference between 
PSTN and POTS is tliat PSTN provides a better service than POTS. For example, 
PSTN allows digital communications whereas POTS does not.

PABX <* Private Automatic Branch Exchanges are mini PSTNs allowing a local environment 
(ej5. a company) exclusive communication* service,

ISDN - The Integrated Services Digital Network is the Standard being devefefjed for a 
single "WAN, which will allow all types of networks and their services* to intercon­
nect.

Iii distini^uishing different network classes quantitatively, it is advantageous to interpret table
1.1 as tHe trends for classification of networks. However, in individual protocol specifications, 
the type or class of network the protocol characterizes is often explicitly stated.

1.2,2 Example Protocols Being Compared by  Means o f the Method

As with LANs and WANs, several protocols have been devised for MANs. Organisations such 
as the Institute for Electronic and Electrical Engineers, IEEE* and the International Standards 
Organisation, ISO, regulate the standards for each cljiis of network (IAN, MAN and WAN). 
They also specify protocols devised to meet each network class’ requirements, Currently 
the IEEE 802.6 subcommittee is responsible for the development of MAN standards. This 
subcommittee’s intent is to provide a city-wide network protocol [Mollenauer 88J.

The three protocols which are used to validate and illustrate the application of the method



1.2.2.1 The D istributed Queue Dual Bus Protocol, DQDB
- 1 ■ \y ’ n °
Originally the Queued Packet and Synchronous Exchange (QPSX) was adopted by IEEE 802.6 
as the protocol to  meet MAN requirements. It has evolved to become known as the Dis­
tributed Queue Dual Bus (DQDB) protocol [Clemens 92}. DQDB is configured as a dual 
optical-bus with a special distributed queuing mechanism (Scythe 91). AsDQDB’s first trials 
commenced in 1990 {Neef 92], and the fiTst intercontinental trials were performed in 1992 
[Clemens 92], it is a relatively new protocol. A summary of the protocol is found in appendix 
C. The particular version referred to in this study of methods is Version D.10 of IEEE 802.6r 
DQDB - MAN. , ,

J 1.2.2.?. The Fibre D istributed Data Interface, FDDI
i. ■ ,  " / > ' ,<■

O  1 „ - ">' FDDI is constructed from two contra-directional rings and uses a token passing access
method. FDDI is a well established standard as it is presently beirtg used by many organ­
izations around the world [Mid,kiff92]. The protocol standard, documents ANSI/IEEE 802.5 
" 1985, is summarised in appendix B [Ross 891- o

Although St is basically an extension o f Token-Ring running at 100Mbps instead of 4 or 
16Mbps, it is capable of meeting the requirements of a MAN, However, FDDI is classified as 
a IAN protocol by ISO and IEEE [Halsall 88]. It was not meant to be a MAN protocol, but 
for the purpose of this study it is considered one, as its circumference cart be as large as 
100km and it operates kt 100 Mbps using fibre optic cable. Cranfiil JCranfiU 90] also identified 
FDDI as a means of implementing a MAN. This ambiguity ofFDDI’s intended class illustrates 
how it can be difficult to classify networks.

1.2.2.3 The M etroring Network

Metroring has been proposed to meet the same MAN requirements by Unking a maximum 
of 16777216 stations together in a mesh like topology, The network mesh is formed in a 
special manner;

- Stations are physically linked in series to form a segment.
- Segments may then only be linked in such a manner that interconnected rings of stations 

result.

Metroring uses full-duplex point-to-point connections between adjacent stations, like an 
internet, to  allow adjacent stations to communicate concurrently. The first version specifi­
cations are not complete yet, but the necessary information available from Harris (Harris 92] 
and Tjifkali (Tjirkali 92], is summarized in appendix D.

1.2,3 Application o f MANs in Networking

MANs can be used to construct networks in various ways: ,

1.2.3.1 Backbones

A MAN gateway may be used to connect several LANs together instead of using several bridges 
or routers to form an internetwork. In this case the MAN acts as a backbone for linking the f '  
LANs together. The backbone configuration eliminates the problems encountered with large 
bridged internetworks, such as: ;

(1) routing table maintenance in routing devices On an internet and
(2) store and forward delays experienced at every routing device the data passes 

through (hops on the internet), ^
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MANs can be used to construct networks in various ways;
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A MAN gateway may be used to Connect several LANs together instead of using several bridges 
or router^ to form an internetwork. In this case the MAN acts as a backbone for linking the 
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(1) routing table maintenance in routing devices on an internet and
(2) store and forward delays experienced at every routing device the data passes 

through (hops on the internet).



_  0l 
1.2.3>2 bridgedMANs ... ,o 0 : '

MANs can be bridged together with routing bridges. Initially a network may start off as one 
MAN which then eventually expands into an internet of MANs. When compared with bridged 
LANs their main advantage would be the increase in overall speed. The sp^ed increase will 
be due to the faster operating speed of MAN technology along with the larger physical area 
coverage of one;, network. '

1.2.3.3 Asynchronous Transfer Mode (ATM) Switching... ; c ' ■ ' ■') YZ
ATM switches are very high speed switches which are still undergoing development. Due 
to their technique of Construction, they are also known as batcher-banyan switches [Heywood 
89]. They will be able to switch packets at rates comparable with that of circuit-switches. 
The routing mechanism’s store and forward delay, found in bridges and routers connected» 
between networks, would effectively be eliminated. These switches would be ideal for MAN 
interconnection when they become availably in about 1995 [Heywood 89].

1.3 Application of the Study of Methods in Network Engineering

The comparisonlftechod developed in this project provides a method to determine which 
type of MAN protocol is most suitable for meeting a specific set of configuration and loading 
requirements.

' () c ' - 
MANs support she services which PTTs supply, like IAN interconnection and digitized voice 
services. PTrs world-wide are thus spending tremendous effort in developing and imple- 
mentingMANs [Heywood 89]. Results from this dissertation contribute a tool to aid in the 
selection process. ~ '

The comparison method is not limited to the three example protocols described. Provision 
is made for other MAN protocols to be modelled for the comparison of protocols. This will 
allow other MAN protocols to be included in the performance analysis and comparison. The 
comparison method has the potential of also being applied to LANs and internets (bridged 
LANs). „ :

1.4 Limitations and Assumptions of the Method

Consideration of availabl) resources for deriving the comparison method lead to several 
limitations and assum ptio^^s?to the scope of the MAN selection method.

1 ''~J" , . ' \
1.4.1 Limitations of the Cottiparison M ethod 

\  -  •

Four importslnt limitations in the MAN selection method are as follows:

1) No im plem entation dependant factors are taken into account, eg. protocol processing 
delays. These factors are not always examinable as they cannot always be determined. 
Reasons for this indeterminability are;

- Conditions under which protocols are analysed are* normally, highly idealised. 
Specific implementation factors in protocols, like processing delays, cannot then be 
considered in protocol assessment.

- Measurement functions required for evaluating implementation characteristics are 
not available in commercial protocol software entities.

- Protocol entity manufacturers do not always provide sufficient information on pro-



tocol entity performance. (|
- No implementation factors are predictable for protocols that are still undergoing 

development.
_ . ° u- ° , '

2) Only asynchronous netw ork traffic’s (as described in section 1.5.1) effect on  per­
form ance is considered. The other form of network traffic is isochronous and has easily 
predictable effects on performance of networks, However, as an available service, 
isochronous traffic is considered.* *

"3) Only the physical layer and the operation Of stations on the network up to the top of the 
MIC layer is considered for protocol performance analysis. Section 3.1 mentions further 
functionality ̂ hat is considered, but as far as the selection of performance comparison 

' criteria is concerned only effects of the MAC layer and physical network are considered. 
=, Further functionality details become necessary in only a few areas of protocol comparison

- see sections 4.2,3, 4.4 and 6.13.1. °

4) The steady-state netw ork operation's performance is analyzed. Steady-state operation 
fSjuires that no hard errors (station or link malfunctions) are present and no stations are 
attached or removed during network operation. There is also no shifting in the levels of 
the load applied to the network so that performed measurements represent the steady- 
state behaviour of the network.
s ■ ' " ■ ' f~K1.4.2 Assumptions Made for the Comparison Method

Two assumptions in the MAN selection method are required due to the above limitations:

1) Only the effects on one network are analysed, No extemal networks are connected to the 
network under consideration ie. no inter-uetworldng traffic is present on the network,

/ ,  A mixture of internetworking and local traffic does not reflect the true Rature of the load
// of the network considered. Traffic local to the network must be used to determine the
v performance of the protocol.

2) Management functionality implemented via Software is not considered. Thus no logical 
management part of the protocol, as defined below in section 1.5.1, is considered. The

o management functions excluded are
1 -initialization of network, |

-allocation of network resources to users, '
-security of data, ' c

, -automatic Optimizing of configuration for capacity allocation and
-routing overheads. ....

1.5 Proposed Solution

1.5.1) Determining factors affecting perform ance in  MANs

Table 1.2 lists the key factors distinguishing one protocol from another. It is important to 
identify such factors, and select the relevant ones in order to compare the protocol char­
acteristics and overall performances from a common perspective, Table 1.2 Indicates which 
distinguishing factors are considered relevant to the comparison method under the 
assumptions and limitations listed in section 1.4 above.

■ . . I /  "
The several distinct factors, used in defining network protocols are;
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u 1 ■
Factor « Relevant
Loading of Network Nodes Yes' yy 8

// ' ■ - c Physical Topology 1 , Yes {j „
Configuration of Network Nodes Yes

o Available Services Yes
O ■ Medium Access Method = ' Yes■ 1 Soft Error Recovery Method Yes

Hard Eixpr Recovery Method Yes
Station Initialization Method No

o Physical Management of Network Yes
</ r , Logical Management of Network No

Protocol Structuring Yes
Internetworking effects No

or'

Table 1.2 Factors affecting network performance and their relevance to the comparison method

a) Loading of network jj

Network loading deals with thtj pat tern in which1 stations place data on the network. The 
loading pattern or profile is defined for each station in terms of the message lengths and the 

“time of message transmissions: ^
i', ", « '■ ... O o '
b) Configuration of network *

Configuration defilies the exact way in which stations are connected together and the physic?J 
link distances between them for an operating network, > j

c) Physical topology and medium access J ' %

These define the architecture of the network in terms of
(1) the valid connection of stations in forming the network and ,
(2) the mechanism which controls station access to the physical network, called the 

Medium Access Cohtrol (MAC).
. ., 0  ' ■ "  ;

d) Available data services |
I- - ■ \

Two types of data services can be provided by data networks:
1) Asynchronous service: data packets are transmitted at random points in time. This is 

fundamental for allowing LANs, with their typically bursty traffic, to communicate. An 
easy example v/here this type of service is used is a MAN that interconnects multiple 
LANs together. ,

2) Isochronous service: data (packets dr bytes) are transmitted at regular intervals 
across the network, meaning a portion of the network bandwidth must be reserved., 
This allows data like voice and video signals to be carried on the network [Molle- 
nauer 89 j. r ,

e) Error recovery

The method, or procedures, used for hard error (hardware and protocol entity software 
failures) and soft error (bit and packet errors) handling determines how the protocol recovers 
from errors. Frame acknowledgement procedures between stations can also be used in 
aiding error recovery.

1!



f) Management ' v c _v .

Management of the network can take place at two levels: The physical organisation of the 
network and the management of users and resources ion the network. We distinguish 
between these two "levels" Of management as, respectively, physical management and logical
management. . ’■ , 0 J „

■ ’ . ■■ ° ' ■ .. ’ 'V'
Physical management will refer to the physical planning, set-up, maintenance and future 
groWft of t|je,network. Here we consider the ease with which, each of these itasks can be 
performed for different types of MAN topologies. „ =

Logical TriiUnagemeni) of the network (eg. cOi^prolling user access to network resources) is 
normally^performed using special software. The functionality of this part of ihe network 
management is largely dependant on the implementation of the management software. As 
this is a high level function which is implementation dependant, it is not considered in the 
comparison method. <

,L'V, {/ ‘ , ■“ • ° ’■
g) Protocol structuring

-I .11 Q , n " ' (
This refers to the degree to which protocols conform to the ISO reference model, the variation 
used jby the IEEE (using MAG and LLC sublayers) or some unique protocol architecture.

1.5.2) Determ ining criteria for com parison of MAN protocol perform ance ,

Example indices for evaluating overall network performance for comparison of protocols
a£g: ,■ \ o ' - " " ” c u " ;

- User data throughput
The transmission rate of useful data between processes. Typically this would be 
measured at the top of the MAC layer.

- Line Utilization " ' ~  ” : „ 
v This is the faction of the total time data is carried by the medium:*

jrw. . , ' ’ U
- MAC Data Framesper User Information Frame

The ratio of transmitted frames to the number of user data frames indicates how effi­
ciently a protocol utilizes frames transmitted on the network. ^

- Emir recovery times /  , K 
When a frame is lost or damaged, the protocol must detect the error and recover from 
i t  This recovery time is an overhead.

- End-to-End delay f
,i This is the delay encountered between the time from starting to transmit a packet to 

the time when the packet 3s correctly received. This may include the time it takes an 
acknowledgment packet to return to the sender of the data packet.

- Line efficiency \  , :
This index designates the ratio of the useful traffic to the total traffic on a link. The 
usefiil traffic refers to the amount of data sent by the user to the MAC layer for trans­
mission to another station.

Proper consideration of indices necessary for comparing protocol performances is found in 
section 3.3 and 3.4.



1.5.3) The derivation csf the  m ethods for comparing MAN protocols 0

Using the criteria from section 1.5.2 die MAN protocols are compared against the background 
of the problem requirements from three different perspectives.0 These perspectives allow 
one to assess protocols at different levels of complexity. They form a hierarchy of methods 0 
for comparing protocols against several requirements or criteria that the user of the MAN \  
comparison method will choose, „ '»

The first most fundamental way of comparing protocolsis in terms of the functionality each 
protocol provides. The most elaborate wayis when the eventual topology and load is taken 
into account and performance is assessed by means of simulation.

1.5.3.1) Functional,Comparison
' 4 " " ' I. ■ r„ ' "

u Here the basic requirements of the problem are taken into account to choose a MAN, The 
qualitative requirements of services, management and reliability of the protocol are 
examined without considering the required performance of the network (a quantitative 
requirement).

p 1.5.3.2) Analytical Comparison ^

Here performances are compared from a common perspective ie, a standard configuration 
is defined from which the indices for comparison are derived. They are derived by con­

- sidering a special representation of the logical MAN topologies to be analysed and com­
pared, The load and topology of the network is not considered as the emphasis is ori the 
combined behaviour of the physical structure of the network and the medium access 
protocol "working together. ^

1.5.3.3) Simulation Aided Comparison ^
■ ■ • a* (. . • ■ *' . °  ° ' '

As the effects of configuration and loading on a network are difficult to theoretically predict, 
simulation is used to analyse performance of the network when these two factors are taken , 
into account. This method of comparison also allows the MAN comparison method user 
to custom design a network and find the best configuration and load distribution for the 
stations. v, :
*’ 1 ^ 1 s. . ■­

These three methods of MAN j^)otofiol comparison can then be used individually or col­
lectively for comparing protocols. Hie user of these methods has discretion as to which 
method (or methods) pf protocol comparison bestsuites the network problem requirements 
at hand. o „ " 0  ̂  ̂ ■ (i ■ " ' _

Each protocol that needs to be compared against others will need to be evaluated in terms 
of the criteria distinguishing the method of comparison. The evaluated protocol can then 
be compared against others in terms of the results of the evaluation criteria. The protocol 
evaluation procedures take on different forms according to each method of comparison.

. , (r'-s J
1*6 Validating the Results and Methods Obtained *

Results from operating networks are not available for Comparison purposes, The results of 
the research will be validated from two perspectives:



l ^ . l  Validate the applicability o f the com parison m ethod •

The study of comparison methods is applied to the DQDB, FDD! and Metroring protocols. 
{  These particular protocols illustrate the method’s applicability to

- ail existing protocol, FDDI, 0 K 0
- a protocdl well into its development phase, DQDB arid
- a protocol early in its development phase, Metroring.

The ease of applicability of the procedure of comparison along with its, relevance to the 
comparison of these three protocols wiUUluserate the validity of the comparison method.

1.6.2 Validation o f Simulator Protocol Models

A FDDI simulator is accessible, Results from parameter driven simulations of FDDI will be 
available. Comparison with results from papers is made for FDDI and DQDB Only. The first 
Metroring simulation results will only be available at a later stage of 1993.
O '  ■ '‘'Ci
For FDDI: - LANNETII.5- provides a FDDI simulation model (see section 7.2).

o - Johnson [Johnson 88] gives many genera! results of FDDI simulation - 
frame delays, queue lengths, throughput.

. o ' .  ,

For DQDB: - Conti et al [Conti et al 91a] shows delays, packet loss and throughput 
against node positions. ,,

1.7 Overview of Report Structure *

Chapter 2 outlines the background material to this dissertation.

C hap ter^  presents the preliminary requirements before Comparing MAN protocols. The 
problems addressed are the functional differences in example protocols, the classes of 
protocol characteristics required for comparisons arid criteria used for comparing protocols.

C hapter 4 details the functional comparison method. ‘ ,

Chapter 5 explains the analytical comparison method.
■ - r/ " ,J ,

Chapter 6 and 7 contain a summary of the development of the simulator. Initial require­
ments through to the validity of the protocol software models are presented,

C hapter 8 describes the application of the study of comparison methods to an actual network 
problem. The problem is outlined and the simulation method of comparison is fully illus­
trated here. ;

Chapter 9 Concludes the report.

Appendix A through E present the protocols referred to in this dissertation. Appendix A 
summarizes the OSI7 layer Communication model. Appendices B through D describe only 
the details required of the three example protocols referred to throughout the dissertation.

Appendix F and G detail mathematical procedures used in the comparison method. 
Appendix F gives th& definitions and derivation procedures for analytically comparing pro* 
tocols. Appendix G summarizes a sequential procedure used for controlling the length of 
simulation for the constructed simulator*
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Appendix H and I tabularize the results from the protoco^fiKjdel tests and the case study 
analysis respectively. >

0°

A

£  ■

o

(I ,

0



CHAPTER 2 : SURVEY OF CURRENT DEVFJ.f

The methodologies, methods and procedures reported to date in 1 
discussed here. Current network simulators were also studied to { 
requirements of the simulation part of the study of comparison metf

2.1 Investigations into the Protocols Used to Iflusl 
Method

FDDI is a well -defined protocol in use today. It has been subject 
studies. Tangemann and Sauer [Tangemann et al 91], Huber, Sauer 
al 88], and Johnson [Johnson.,88] give details of performance of the 
authors draw the following conclusions:

- FDDI follows the ideal utilization curve (as shown in figure 7.1). 
-Average frame delay is low until the ring hears saturation
- Average transmission queue lengths remain small until the ring tt€
- Under light arid medium lead both throughput and waiting times 

of the target token rotation time (TTRT). ,

An analytical model of a FDDI station was proposed by LaMaire [La]V 
could provide analytically derived delay results for design of FDDI cot 
These analytical results could then be used,in place of simulation res 
stochastic M /G /l vacation model of a single FDDI station.

The model predicted how the mean waiting time of frames in the static 
op the limit on the number of frames that could be transmitted durii 
station However, several assumptions in this dissertation, like frames;
and the user inserts frames at aPoisson frame arrival rate, limit the appt 

" o - n - 1
Conti et al [Conti, et al 91a] examines the behaviour of the asynchrono! 
performance and fairness, with and without the Bandwidth Balancing A 
investigated. The BWB mechanism controls fairness of station access c 
conclude that disabling the BWB mechanism results in unfairness no 
quality of service when the network is in underload^ In underload the 
than the medium capacity. However, it does cause unpredictable 
network is overloaded.



0 „ ^  . ,13. .  ̂ ^
, ' ■ ‘ li

- Security of data for service users *
- Network management of the MAN for service provider and user
- Compatibility with existing networks
- Transition from current to future technology for MANs

Bette ̂ defined technical requirements would ease the implementation of the network.

Cranfill took the future world-ivide MAN, the broadband integrated services digital network
- BISDN, tocbe an eventual goal for all MAN users. Thus no rigourous well defined approach 
was given for an independent MAN based communication System.

With far more applicability to the required MAN comparison method, Capurro et al [Capurro 
et al 91], maintain that correctly executing a broadband network project is not a simple task. 
They realise that a rigourous and system atic planning methodology is necessary,. A 
planning methodology for public communication structures of large dimensions was outlined 
for MANs. The factors that were taken into account to identify choices and sreps for the plan 
were: ' _ . ■
■ - The users and the evolution of their needs in the region of interest.

- The services required  by the users in the considered regiori,
- Technical and  environm ental factors and constraints in the geographical area of 

interest.
- The technology and communication system s requirem ents for the region.

From these factors they developed a rigourous methodology for planning MANs. Jhe  
methodology covered a wide scope of network planning and development that does not 
apply to the intended research for this MAN comparison dissertation. Since their planning 
methodology did include network performance evaluation components, the four above 
factors were considered in this MAN comparison method. The analysis of the requirements 
for a MAN, as well as the required topology were outlined by Capurro et al. These two steps 
in solving MAN protocol selection problems are left to the user for this study of MAN com­
parison methods as they are very general and diverse topics beyond the scope of this project.

I " ' " '2.3 Trends in Network Simulators

Conti et al [Conti et al 91 a j simulates the asynchronous part of DQDB with one priority class. 
They investigate the protocol’s fairness of bandwidth allocation to nodes with and without 
the Bandwidth Balancing Mechanism enabled. The simulator requirements identified here 
for the DQDB investigation were:

- The aspects of the DQDB MAC protocol relevant to the study, ie. modelling of queues, 
event synchronization and resource contention.

r - A flexible model allowing the incorporation of the new DQDB protocol modifications 
as DQDB evolves.

- Statistical reliability of performance measurements.

Instead of developing a new package, Conti et al created a model using the Research 
Queueing, RESQ, package. The following assumptions were made in the creation of this 
simulator:

»The interarrival time between segments is exponentially distributed.
- Each node consists of (1) a DQDB MAC, (2) a local node queue and (3) a traffic gener­

ator.
- A user packet coincides with a segment, ie. rn  fragmentation is required.

S >



- When the local node queue is full, new packets arriving are discarded.
- No overhead from the control parts of segments is taken into account.
- Traffic for this netwprk and external networks is modelled at the user layer.

These assumptions aid in establishing a context on which to base the simulator for this 
dissertation. Not all of the assumptions for the simulator would apply to the MAN simulator 
as only behavioural characteristics specific to DQDB was studied. However, the procedure 
used in this DQDB fairness study highlighted the need to identify metrics for studying the 
investigated phenomenon for the research, viz, fairness metrics for the DQDB fairness study 
and performance metrics applying to the comparison of MANs. 8

A performance study of the operation of FDDI was carried out by Johnson [Johnson 88] 
using a simulator. Johnson’s simulator, called the Local Area Network Simulator (LANES), 
was used for analysing standard performance measures such as delay, channel utilization 
and transmission queue length as well as characteristics of the protocol’s ring behaviour. 
The assumptions made in thiS simulation study were: '

-A homogeneous network is studied with each node generating frames at the same 
mean arrival rate.

- The interarrival times for each node are exponentially distributed.
- As soon as frames are generated at each node, they are placed into the transmission 

queue. o
These assumptions illustrated further considerations for the simulator used for comparing 
MAN protocol performance. ,

The most useful simulator studied, that illustrated many features required by a simulator, 
was documented by Frost et al [Frost et al 90], This simulator, the General LAN Analysis 
System (GLAS), took into account

- LAN sensitivity to topology,
- traffic assumptions and

o - processing delays. .

It allowed for the direct comparison of LAN protocols under a common set of modelling 
assumptions. The Logical Link Control Protocol (LLC), the Token Ring, Token Bus, CSMA/CD 
and FDDI protocols could be studied under a variety of conditions by using GLAS. The 
features of GLAS were:

- Each of the MAC protocols could be analysed individually or in combination with the 
Logical Link Control protocol. ,

- The priority mechanisms of the MAC protocols were also incorporated into the 
models. _

-Any topology Could be used with all link distances being of arbitrary value.
- The traffic load was modelled for each node. The specification of interarrival time and 

message length distributions woujd characterise each node’s load. (J
- Frame processing latencies are modelled allowing effects of specific protocol imple­

mentations to be included.
- A menu driven user friendly interface is used for setting all the parameters for the , 

simulations. i: \
- Analytical and simulation techniques are used for respectively predicting approximate 

and precise performances of networks. >



CHAPTER 3; APPROACH TO COMPARING THE PERFORMANCE OF
* • . . ' „ ° MANS ' “ . ■' 

3.1 Bridging Functional Differences in the Example Protocols

Metroring, DQDB and FDDI standards are designed to meet varying levels of functionality. 
This is represented in terms of the ISO reference model (refer to appendix A) in figure 3-1. 
FDDI and DQDB specify the physical and MAC (medium access control) layers only, while 
Metroring specifies all lower layers up to the bottom * t the Transport layer representing the 
end-to-e|id connection management function.

To compare the three protocols correctly, rhis functionality difference needs to be aug­
mented. The functionality difference can be met by using other protocol layers above the 
LLC layer in FDDI and DQDB. The express transfer protocol (XTP) is introduced above 
FDDI and t)QDB to allow proper comparison of the three protocols.

APPLICATION

PRESENTATION

SESSION

DSI - OPEN’ SYSTEMS INTERCONNECTION
LC - LINK CONTROL
LLC - LOGICAL LINK CONTROL
MAC - MEDIUM ACCESS CONTROL

TRANSPORT 

NETWORK 1 PATH

LC

MAC

,TRANSFER

DATA LINK
LLC LLC

MAC HAC

PHYSICAL PHYSICAL PHYSICAL PHYSICAL

DSI Metroring FDDI DQDB XTP
Figure 3.1 Comparison of protocol layers against OSI model

XTP is a real-time transfer layer protocol. The transfer layer consists of the network and 
transport layers of the OSI model. As the full transport layer does not need to be represented 
to make the FDDI and DQDB protocol stacks equivalent to the Metroring protocol stack, 
unnecessary functions, such as fragmentation and error cdhtrol, would be introduced by 
XTP. These unnecessary functions of XTP jvill simply be ignored for comparisons of the 
three example protocols. jj

Only when information on the network and link control layers’ characteristics is necessary
in a comparison, will XTP be referred to for FDDI and DQDB. An overview of XTP and Its
functions relevant to this dissertation is given in Appendix E.

^ . 115 . ..3.2 Comparing the characteristics of i .̂etwork protocols 1

The characteristics of network protocols can be classified into three general categories:
- physical attributes eg. cable type and maximum number of nodes on a network,
- network protocol reliability eg. bit error rate and topology strength and
- network protocol performance eg. frame delays and maximum throughput.



Distinguishing between these categories is important when selecting criteria for comparing 
networks. In this dissertation MAN performance, in particular, is examined. We need to 
highlight which category of protocol characteristic needs to be  analysed and which cat­
egories ofprosocol characteristics need go be taken as independent variables 5n' the analysis. 
To expViiih which categories of characteristics act as the independent variables, table 3.1 sets 
out a physical attributes comparison of the three example protocols.

ATTRIBUTE FIBRE DISTRIBUTED 
DATA INTERFACE

1 DISTRIBUTED QUEUE 
DUAL BUS 3

Metroring
c0

Medium Optical Fibre Optical Fibre Optical Fibre
Physical
Topology

Dual Counter-Rotating 
Rings

Two contra-directional 
buses

Full duplex point to 
point links

Maximum 
Number of 
Nodes

500 65534 16777216

n ■
Maximum
Network
Extent

100 km circumference 50 km bus length 200 km circumference

V  . ^
Encoding
method

4B/5B symbol Man- ' 
Chester encoded

Manchester encoded 4B/5B symbol Man­
Chester encoded

Medium Bit 
Transfer 7 
Rate

100 Mbps 150 Mbps x 2 busses 100 Mbps per link

Station
Interface
Latency

10 bits 
(2 symbols)

< 1 bit
(no data stored, but 
electronics delays)

1 fcit delay in Fast For­
ward mode

Datfa Unit & 
Size

Frame of Maximum 
4500 octets,,

Slot of fixed 53 octets Frame of 4096 octets

't
Logical
Topology

Ring 0 Bus
... ..... .......... n

Rings

Media
Access
Method

Permission Token ̂
\'-f

V/Slot Requests on the 
reverse bus and Slot 
Utilization on the for­
ward bus

Autonomous link con­
trol

Priority
Gontroi

»

Multiple Token Rota­
tion Timers in the 
Timed Token Rotation 
Protocol

Multiple priority 
request bits

Multiple priority 
request bits and queue 
holding times jp;

Fairness
Mechanism

Timed Token Rotation 
Protocol

Estimation of System 
Activity via Slot Request 
and Free Slot counters, 
and a Bandwidth Bal­
ancing Mechanism

N/A ... " 0  , 

0

Tabic 3.1 Compariscih o f  FDDI, DQDB and Metroring characteristics



The criteria are based on the attributes inherent in each protocol, ie. no special analysis is 
needed for the physical attributes to be compared. Some strengths are immediately obvious1,1 
when looking at data transfer rates, operating distances, number of nodes and similar criteria. 
But subtle complications can arise as these limits are attained, for example:

- Physically large networks imply long frame propagation delays.
- Maintaining user information and routing information for over 60000 nodes in DQDB 

and Metroring is impractical for operating networks. , '
- When the cumulative load provided by the station users of the network becomes 

larger than the network’s capacity, contention between the stations for use of the 
medium can arise. _

Thus the implications behind these physical attributes need to be addressed. This is where 
protocol reliability and performance come in. Anyone wishing to choose a network protocol 
for solving a design problem will need to examine criteria relating to reliability and per­
formance under the requirements of the design problem. The physical attributes of the 
protocols would be independent variables for the analysis of reliability and performance. 
The reliability characteristics of network protocols are taken into account in the functional 
method of comparing MAN protocols. The physical characteristics are independent factors 
used in determining the performances in the analytical and simulation methods of protocol 
comparispn. Variable attributes like loading and network configuration Would also be 
independent factors in the Case of the simulation analysis.

33  Criteria used for comparing network reliability and perform­
ance • .  ̂ 0 '

Section 1.5.1 gives a description of the factors affecting a network’s performance. These 
factors are used to identify some indices for comparing MANs as in section 1.5.2. The criteria 
and indices that can be used for comparing MANs are then selected by considering these 
factors. These criteria and indices are grouped into three areas;

3.3.1 Protocol Definition Criteria

Protocol Structuring and Conformance addresses the issue of whether the protocols for 
a network are conformant to the ISO reference model, the variation used by the IEEE (using 
MAC and LLC sublayers) or some uniq;ue protocol layer architecture employed. Large 
Structural variation from a common standard can imply poor compatibility with present or 
future protocol layers that would lie above or below the protocol layer under consideration.

The number of logical functions a protocol requires for its operation can be an index for 
p ro tocol complexity, Protocol complexity can then be used as a measure for predicting 
the relative costs of different protocols. The costs would increase as the functionality (the 
numbef of logical functions) of the protocol increases, The protocol complexity could also 
be used to predict the Operating speed of the protocol’s implementations. The operating i< 
Speed will generally decrease as the number of functions in the protocol increases.

New protocols do.not always meet their initial requirements with the first implementation. 
Thus, if a protocol is new, | t  is liable to undergo development at some stage in the future, 
Tills implies current implementations of the protocol can become obsolete. To avoid this, 
the m aturity o f the standard should be considered.



3.3.2 Topology Comparison Criteria »

These ci Jteria deal with the physicafnetwork and measures for comparing networks in terms 
o f  structuring and reliability. „

Medium utilization gives a measure o f how well a protocol’s data encoding scheme uses , 
the capacity of the medium. In other words it indicates how much of the available medium 
bandwidth is, used'by the transmitter/ receiver when data is carried oyer ttys medium.

Medium reliability qualifies the resilience of the medium and physical operation of the
network, The resilience to physical breaks In, the medium is analysed for the protocol’s
operation. If one link breaks, the extent of corrective action can vary depending on the type
of medium arid method of operation used. ■ ,

1 ■ - = ■ ' ' ' ‘ ■ ' i* 
The medium reliability is also very dependent oil the topology strength. This is a measure
that examines a protocol’s topology strength! It is used for determining which protocol
topology is more reliable than others. The medium reliability is different from topology
strength in that it also takes the protocol error (recovery mechanism into account. _

3.3.3 Network Performance Criteria

Although performance of a network is very dependant on both' the network load from the 
application^) being run and the configuration of the stations, performance criteria can also 
be compared under ideal conditions. Although the ideal cpnditions have little bearing on 
the practicality of the protocol under varying conditions, they do provide an adequate means 
of analytically comparing different types of network protocols. Analytical comparison of MAN 
protocol performance is presented in chapter 5 where idealized performance indices are 
derived, .

D ata  throughput is the rate of data transfer between peer communicating entities ie. stations 
on a network. This can be measured at various points in a protocol stack, eg. Physical Layer, 
MAC Layer and Application Layer. Throughput can also be measured in bits per second 
(bps) or packets per second (pps). This data throughput is related to theprotocol efficiency 
for each layer in a protocol stack, Protocol efficiency indicates how well the protocol transfers 
data while taking the effects of frame overheads into account. Typical overheads considered 
are header and trailer lengths. The overhead data ratio (length wise) to the data being 
transmitted gives the protocol efficiency. The more efficient the protocol is, the less the 
throughput is affected.

Every packet in a network experiences fram e delays between its source and destination 
stations. This delay may be due to: 

transm ission delays - the time taken tdjplace a whole packet onto the network medium, 
propogation delays - the time taken for the end point of a packet to move from its source 

station to its destination stations, |  
protocol processing delays - the time taken up by protocol software processing or 
m edium contention - several stations trying to take control of the medium at the same 

time. (f  ̂ 0 . " 1
Generally frame delay degrades performance by expending time that could be used in 
communicating between two stations. ”

Delays can be measured relative to various paths in a network. A path may cover;



In section 3.2 a basic comparison of physical attributes is shown. The criteria used here are 
not difficult to select because they are normally listed in a protocol’s specification document. 
The methods of comparison to be fully defined later, as introduced in section 1.5.3, also 
need criteria for means of comparing protocols. The attributes from section 3.3 will apply 
to these categories. The relevant criteria and attributes were identified by taking the limi­
tations of the MAN comparison method, of section 1.4, iiito account in order to limit the 
scope Of criteria used in the comparison of proto|ols.

3.4.1) Functional Comparison Criteria s
..
The functional requirements dictated by a network design problem can lead to  a choice of 
the best MAN protocol to meet the requirements quickly. Good topology s treng th  and 
medium reliability, which are interpreted as functional requirements, are often specified 
in the set of requirements for a network. Furthermore, functionality of a protocol implies 
other factors come into play:

(1) the types of data services provided,
(2) data e rro r handling abilities and !
(3) manageability of the physical network. !

Although data error handling abilities are present in all protocols, some protocols do handle 
errors better than others. This quality of efficiency of e rror handling can be used for com­
parison purposes. Management of a network is a very general criterion, but was elaborated 
on in section 1.4. i
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3.4.2) Analytical Comparison Criteria, » ,

Were, the load and topology of the network are not considered in assessing MAN protocol 
performance. Instead the nature of the physical network arid the medium access protocol 
operation are taken as the factors affecting performance. General criteria of throughput and 
delays are used for assessing network performance as they are two criteria that apply to all 
medium-access-controlled digital networks. These two criteria provide the essential infor­
mation in communication systems as to ,

(1) the time to send information to its destination and , „ °\ f • ■ M u .. - , . u . J ■ 0
(2) (he rate at which information can be sent across the network.

The specifii^indices that are analysed without taking a load or network configuration into 
.account are*. ° ° ' » ■■’

maximum throughput, 0 '
bandw idth allocation per station and :
packet transm ission delay's.

These measures are idealized due to assumptions as to the structure of the network (chapter

5>- . , ■ \ e . , = ' „ ■■ ' ° '
3.4.3) Simulation Aided Comparison Criteria o 0 *

’ ' ' r, '• ° ' '■ •
The effects of configuration and loading on a network are taken into account here. Again 
resulting throughput and delays will relatively determine which MAN standard best fulfils 
a design requirement. The variable factors of applied load and network configuration will 
need to be specified entirely by the user. ' °



CHAPTER 4: FUNCTIONAL COMPARISON OF MANS

is determined by a functional comparison of the man protocols under consideration. This 
finSl comparison method allows the user to determine which MAN protocols meet the 
functional requirements for a data network’s operation. The question of MAN protocol 
functionality is addressed before performance of the specific network under consideration. 
Th3$ can result in a considerable: portion of further numerical analysis (analytic and simulation 
comparisons) being excluded if MAN protocols unsuitable to the application are eliminated 
with functional comparisons.' o - "v--
Protocol analysis is subject to MAN protocol definitions. This analysts is subjective as protocol 
rules need to be examined and criteria for comparing MANs be identified from the protocol 
rules. The functional characteristics of MAN protocols are then compared. Section 3.4.1 
describes the protocol description criteria that are used in this method of MAN comparison.

The criteria a network designer takes into account when a specific problem is to be solved 
are listed in table 4.1. „

Availability of Isochronous and Asynchronous Services
Reliability of the Physical Topology
Reliability of Soft and Hard Error Recovery '
Ease of Planning and Installation
Ease of Physical Network Reconfiguration
Ease of Expansibility of Network
Effectiveness of Fairness Control ,
Effectiveness of Flow Control 5
Capacity Planning Ability

“ Table 4.1 Criteria for,.functional comparison o f MANsv'  ̂ ^
Two of the criteria not directly addressed are cost ahd ease of operation. They are regarded 
as too subjective for this analysis because: , ,
- When looking at costs, the cheapest available network will normally be chosen.. The long 

term problems and the meeting of important functional specifications will then, not take 
priority in the decision process. Cost would then be the most important criterion on the

. list and It would outweigh many important functional factors. When important design issues 
are overshadowed by trie consideration of initial costs of the network, future needs and 
changes in the required rietwork’s operation can easily result in Costs far greater than initially 
anticipated. The design |ssue behind long term costs of a network is rather addressed ie. 
the manageability of the physical network. ,

- The ease of a network’s operation is a Very implementation dependant issue, as it depends 
on management software functionality. As stated in the introduction, implementation issues 
are pot considered in the study of MAN comparison methods.

It is important to differentiate between the principle of a criterion of MAN functionality and 
its application to protocols considered. The principle of a criterion applied to the three 
example protocols considered, to illustrate the application of the principles behind the 
criteria. A comparison of the three example protocols Is then compiled to show the validity 
of this MAN comparison method,



4.1 Available Services

The two types of data services considered here, asynchronous and isochronous, were
explained in section 1.5.1. „

' ■ 0 ■ ' .. ■ °
Principle *

Each particular protocol needs to be studied to see if it can meet each service requirement. 
In cases where several protocols do meet one or both of these requirements, each protocol 
needs to be assessed as to how accurately or efficiently it meets the service criteria^.

Application ^

Asynchronous service is efficiently provided by all three protocols but isochronous service 
is not provided effectively by each protocol.

FDDI

FDDI stations are allocated isochronous bandwidth, whic|;i they use for purely isochronous 
data every time they receive the token. Only when data (transmitting time is still available 
after isochronous data transmission, does asynchronousldata get transmitted.

DQDB ' j
. | " . . 

DQDB was explicitly designed with isochronous transmissions in mind. The stations at
the heads of the busses transmit slot "shells" for both asynchronous and isochronous data
transmission. The heads ofthe busses allocate the slots used for isochronous transmissions
by marking groups of slots by using the Type bit in the Access Control Field,

Metroring

Maximum permissible delays in data transmissions are required for the isochronous data 
services. Metroring has no way of ensuring this maximum permissible delay. Mechanisms 
do not exist for this purpose.

FDDI and DQDB reserve portions of their bandwidths for isochronous service purposes. 
For this function* special bandwidth allocation mechanisms are required in DQDB Stations, 
although only two stations on the network (the heads ofthe busses) will use the mechanism 
at a point in time, Special parameters in the protocol software can be controlled to regulate 
the allocation of this isochronous bandwidth.

If isochronous services are of great importance in the network, DQDB should be chosen. 
FDDI’s isochronous operation is found to be non-ideal when the offered asynchronous load 
increases to make the combined load reach or exceed the maximum available bandwidth. 
In one FDDI trial simulation byjohnson [Johnson 88), when the load was 120% of the network 
capacity, approximately 3,2% of the synchronous frames experienced unacceptable delays. 
These synchronous frames with unacceptable delays could not be used effectively for iso­
chronous service, Furthermore, FDDI generally produces lower limit delays too large for 
typical isochronous traffic latencies. Isochronous latencies of about 125(jsec may not be 
exceeded in the case of voice communications.

Even though isochronous data shares the same bandwidth as asynchronous data in the DQDB 
and FDDI protocols, the asynchronous service’s operation is not significantly effected. A 
fraction of the possible asynchronous data bandwidth is reserved for isochronous data.



4.2 Reliability of the Protocol

Network reliability can be dependant on several factors. Reliability is examined in light of 
error correction in networks. Three factors are examined relating to reliability: 0 «

(1) The handling of physical link failures 0 ^
(2) The handling of station failures * "
(3) The handling of frame errors »' 1

’ 5) . ' ' ■ ’
4.2.1 Topology Strength and Error Recovery - o •

This examines the efficiency with which a protocol utilizes the physical tolpology and its 
characteristics. ' 1 r

u  o  . '•
. ,i ' ” ’

4.2.1.1 Principle >

The efficiency of physical link failure correction is determined for each protocol. This link 
failure correction efficiency allow? comparison as to which protocol’s link failure correction 
method is most effective. The two aspects Of this efficiency are examined:

(1) The least changes in configuration a protocol can make to overcome a link failure.
(2) The number of link failures a protocol can withstand.

4.2.1.2 Application «. 1
{'} 6 ' ^  . ; . j' 11 .

The three example MAN protocol topologies are configured differently making their relative
topology strengths distinct: 0

FDDI and DQDB

FDDI and DQDB are both configured physically jias rings. BOth of these protocols can 
handle one link failure as shown iii figure 4.1. In FDDI, wrapping of the primary fibre loop 
onto the secondary standby loop corrects the failure. When DQDB fails, repositioning of 
the Logical Break With the physical Weak overcornes the failure. The natural break will 
t  lincide with the DQDB logical break implementeid by the protocol.

PRIMARY
PATH

WRAPPING 
DF RING

BACKUP
PATH

HOB B

HOB A

Figure 4.1 Correcting link failures (a) In fDDI and (b) DQDB.

DQDB can, however, be physically configured as a bus, in which case, this principle will 
not apply. n ,



M etroring

Metroring generally has a more reliable physical configuration than DQDB and FDDI. In 
the case of a  ring topology, one link failure in Metroring can be tolerated, as all links are 
bidirectional. Bidirectional links allow stations attached to the failed link to use the 
remaining paths of the network as the route (figure 4.2a), Figure 4.2b shows a slightly 
more, complicated configuration for a Metroring network. Depending on their location, 
two link failures could be dealt with successfully. If failures 1 and 2 occurred, all stations 
could still communicate with each other. If failures 2 and3 occurred, station F would be

II , ' v Figure 4.2  Correcting link failures in Metroring. ,
'J " ■■ / /  ’ - " 

Thus we see Metroring provides the best resilience to failures in the network. However this
resilience is dependent on how well the network’s segments are arranged. Generally, the
more physical communication paths, or segments, ill a Metroring network th e  better the
resilience to faUures. ^

.' \  '4.2.2 Station Hard Erro^* Recovery

Station errors are those errors that result from actual hardware or software malfunctions. 
Along with link failures, these types of errors are classed as hard errors - ie. errors occurring
in the operation of hardware controlling network behaviour.

0 0- ° "  ̂ . -

4.2.2.1 Principle v,

Examination of the protocol must take place to determine if these errors are isolated. The 
effectiveness of the isolation must also be determined for those protocols Where station hard 
error recovery is implemented ie. what degree of possible errors are dealt with by the 
mechanism (s) of the,protocols.

4.2.2.2 Application .

All three of the example protocols handle hard errors but all do not do the task equally 
effectively: ..

- , 0 
FDDI



The SMT (station management) and CMP (configuration management protocol) entities 
in FDDI ate used in monitorlng and controlling errors at the hardware level. The CMP 
actually controls reconfiguring of connections within the station. If station malfunction is 
detected by the SMT, the CMP can simply switch the station out of the ring via by-pass 
connections, If power failures occur, an optical by-pass switch can relay the signals through 
the station. -

DQDB

With DQDB, station malfunctions are also constantly monitored. A faulty station can be 
isolated either at the physical layer by using an optical by-pass switch, o r by simply sup­
pressing any transmissions from the faulty station to the busses, The latter case works as 
the taps to the busses are logical OR gates. If the fault is with the network interfacing 
circuitry the optical by-pass switch is used. , 0

M etroring

In Metroring, link and station faults are detected and dealt with at the MAC layer. When 
hard errors are present, CMP (Configuration Management Protocol) frames are used in 
redetermining the operating paths in the network. Every station also takes note of failed 
nodes or links arid modifies its routing table accordingly. Metroring stations are thus riot 
by-passed when they malfunction. | ^ j

All three protocols are capable of handling station failures effectively, but FDDI and DQDB 
are more effective than Metroring. Metroring leaves gaps in its segments where station 
failures occur. Multiple station failures present a scenario similar to that of multiple link 
failures as discussed above in section 4.2.1). In a Metroring, multiple station failures make 
it possible for one or more stations to be isolated from the rest.

One argunient in favour of Metroring is that with DQDB and FDDI only a maximum of three 
adjacent stations can be switched to the optical by-pass mode before the next active station. 
More than three consecutive stations in Metroring would be tolerated as their presence will 
simply be ignored when the failures are detected. As concentrators can by-pass one or several 
stations at a time in DQDB or FDDI, this argument is not a strong one in favour or Metroring. 
The use of concentrators allows several inactive stations to be by-passed via one optical 
by-pass switch. As Stations* inactive due to power failures, are normally located on one site, 
concentrators easily s o lv e  the problem. Thus as a rule of thumb, choose DQDB and FDDI 
over Metroring When it comes to resilience to station failures.

4.2.3 Soft Error Recovery ,f .

Soft Srrors occur when a bit is transmitted,; propagated or read incorrectly on the network. 
This normally leads to the whole packet (or data unit) being interpreted as incorrect. The 
procedures for handling this situation are present in all protocols and it is not generally 
considered an issue in selecting a protocol. This usually becomes important when selecting 
or designing a higher layer protocol, ie. whether the higher layer protocol incorporates 
packet error checking or not. ,,

The packet sequence ertor check is not part of the MAC layer operation. As MAN protocols 
can be designed by incorporating Several protocol layers at once (like Metroring), the packet 
sequence error check is considered. '
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4.23-1 Principle . °

In a case where soli error checking and recovery is required, the type of checking, packet 
checksum-error or packet sequence-error checking, must be determined. Some methods 

0 of implementing soft error recovery functions can work more efficiently than others. This 
efficiency of soft error recovery can also become an issue when selecting a MAN for imple­
menting a highly efficient network, This information is obtained from a protocol’s specifi­
cations. ,j ,

4.2.3.2 im plication ' ,

“ FDDI ’ e.. ” ' ‘ V ■
' i . 

Cl At the MAC layer, FDDI uses three fields in the frame status field to monitor detected errors. 
The transmitting station’s MAC responds to these fields. When a packet is corrupted, either 
one field in the frame status field or a checksum calculation indicates the data corruption to 
the sending station. The sending station then retransmits this packet. When a token is lost 

° or corrupted, the ring enters a token claiming procedure (see section B2.4.1) to determine 
,yj which station will retransmit the lost token.

At the XTP level lost packets are handled more effectively in terms'of bandwidth used for 
packet retransmission. Retransmissions of lost packets are not immediate, bu t when several 
packets are missing, the receiver notifies the transmitter. The transmitter then only 
retransmits lost packets. Time-outs at the senaing station are also used in this recovery 
procedure. ■ ((

" -i '■ ■ ■■ i‘> 
DQDB o

DQDB has np soft error detection in its MAC layc », id XTP is necessary to handle all soft 
errors. The checksums and sequence numbers, present in XTP frame common header and 
trailer fields, are used for detecting soft errors. The checksums and sequence numbers 
ensure the necessary frame discarding and retransmissions, as discussed for FDDI above,

, occur.

MetfOiing
■ - • ' 0 . ' ..

In Metroring, frame errors lead to the packet being discarded. Either a timeout-mechanism 
or an out-of-sequence frame will then indicate a frame error has occurred at spme point in 
the transmission. An acknowledgement frame is then received by the sender indicating which 
packets are missing at the receiver, Retransmission of the missing frames then take place.

4.3 Management of the Network
li ■

Section 1.5.1 describes the two forms of management applying to networks. Here we con­
sider the ease with which each of the physical management tasks can be performed for a 
particular MAN protocol. |i

4.3.1 Planning and Implementations o f the Network
/< ' o // " " " ■

Planning and implementation of networks are two separate tasks but as they are part of the
same phase of a  network’s life Cycle they are discussed together.

t' 1? !• •
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43.1.1 Principle, ,

The effort involved in planning and setting up a MAN depends on the complexity of the 
configuration required. . * ,, c

Complexity, foe example, can be defined as a measure of randomness with which stations 
are located on a geographical area. Quantifying this measurement of complexity as an index 
is a difficult task. For example, a line dr circle of station locations can be viewed as simple 
(low complexity), while a matrix is complex dr relatively simple depending on the matrix 
dimensions. To generalize and properly define this complexity measure is an immense task, 
as geometric shape and randomness of station location would need to be considered. 
Instead, the ease of planning and installation is considered for a basic physical configuration
- a ring or bus. The ease of planning and installation is then considered to decrease if the 
particular protocol allows many methods of variation to the basic physical configuration. 
The fewer configuration design alternatives for planning the network, the easier it is to plan 
the network.

4.3.1.2 Application .

If the topology required by the problem at hand is the simplest possible, a ring, the amount 
of effort involved in planning and installation, for each of the three example MAN’S con­
sidered, would be equal. Considering the possible variations to the ring configuration for 
each protocol, clarifies which MAN is easier to plan and install.

It is easier to plan for DQDB when configurations become larger (more nodes added). It 
requires, at the most, the shortest continuous path between dl the nodes, as DQDB can be 
physically configured in a bus topology. FDDI must always be configured in a ring topology. 
Thus, FDDI requires the shortest length of cabling to incorporate all the nodes in a loop. It 
is thus easiest to plan for FDDI, as there is no choice as to the topology type (bus, ring or 
matrix) that must be used.

The ease with which initial configurations of Metroring are planned and implemented cannot 
be clarified easily. In Metroring’s case, let complexity refer to the number of segments the 
configuration is composed of, *1116 effort involved depends on the comple Jdty of the netwo ;k 
layout'. When the complexity increases, there are more segment end nodes (SENS) to 
incorporate into the layout. Also compare figures 4.1 and 4,2 to see that segment placeme it  
can be critical in increasing the topologyreliability. Theplacement of these SENs nowrequires 
more consideration than any node or link placements in DQDB and FDDI,

The planning cost of the network configuration depends on the ease of planning. 'Thus, for 
large networks ease of planning decreases in the order: FDDI, DQDB, Metroring.

“ *
Implementing the topologies requires effort and cost directly proportional to the number 
of nodes and links required in the layout. In Metroring two classes of nodes with different 
costs will also be an additional factor in determining implementation and planning costs.

4.3.2 Reconfiguration o f the Network

Planning a network’s future changes, must be considered at the initial MAN protocol selection 
phase of the network project. The ease with which changes in a network’s configuration can $ 
be implemented, needs to be addressed. ° /

{■■ . U
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4.3.2.1 Principle

There is no clear conclusion to be made in this case whei-e ease of reconfiguration is con­
sidered. The ease with which a network’s topology can be changed, depends on:

( t)  the current configuration’s complexity and
(2) the reconfiguration flexibility of the protocol topology.

Point (2) indicates that the type of topology (ring, bus, stsur, etc.) and the protocol rules for 
connection of links and stations must be identified. The protocol rules for constructing the 
topology, determine how easily a reconfiguration can be accomplished. ,

To make the evaluation of the reconfiguration straightforward, the present configuration of 
a protocol will be ignored. The am ount o f reconfiguration flexibility afforded by a MAN 
protocol„,will reflect the difficulty with which a choice of the available reconfiguration 
options can be made. This eliminates complex analysis of configurations.

. ■ o 0 U ^
4.3.2.2 Application 0

The number of choices allowed for reconfiguring a MAN and the effort involved in the 
reconfiguration illustrates why the number of reconfiguration alternatives is chosen.

The topologies illustrated in figures 4.3 through 4.5 illustrate th,e dependence of reconfi­
gurability upon network topology. Two different configurations are considered.

! Figure 4.3 Casc 1 - reconfiguration o f  (a) FDDI and (b) Metroring

The first case, as illustrated in figure 4.3, shows how reconfiguration takes place in a FDDI 
and Metroring network respectively^ Here the number of Stations and their locations are 
the same for both cases. Link placement differs for each case. For the repositioning of two 
nodes (AandB) as indicated, both networks require different adjustments: the FDDI network 
requires the repositioning of two stations while the Metroring network requires the 
repositioning o f two stations as well as the reconfiguring o f stations C and D (as the number 
of actual ports on each station changes). Thus Metroring requires more effort to reconfigure 
in case 1.

■sF

G



(b )
figure 4.5 Case 2 - reconfiguration o f  Metroring

In case 2 (figures 4.4 and 4,5) another layout of stations, requires two different link layouts 
For FDDI and Metroring respectively (configuration a). If the centre station (A) were to be 
eliminated from the configurations, and the networks reconfigured to take this into account, 
the changes to stations and links differ in each case. In Metroring, only two links need to be 
removed with two stations (B and C) reconfiguring their number of available ports. "With 
FDDI, one of two options can be chosen (configurations b or c). The one with least effort 
only requires a link to be placed from station B to station C. This choice might be the best, 
but it does result in a loop with the larger ring latency. Ring latency is a factor that should 
be minimized in FDDI for limiting propagation delays. The other choice, configuration c, 
has cabling equivalent to the case of the modified Metroring network. The chanf îvolve 
repositioning 2 links, removing one link completely and reconfiguring 4 stations \E and 
F). Four stations need to be reconfigured so that input and output ports corresp .. j to the 
direction of frame propagation. However, the ring latency here is the shorter V w? two 
reconfiguration options.

■■ " ^  \  ) As mentioned, each case has different possibilities and the ease of reconfiguration is)it‘t 
easily predicted. . , “  ̂

4.3.3 Growth of the Network 

4.3.3*1 Principle

As in sections 4.3.1 and 4.3.2, the ease with which a network can be expanded depends on 
the current configuration as well as the manner In which stations are added, Special char­
acteristics of the physical configuration method of a network topology can make this task 
easier. However, the more protocol specific options available for expanding a MAN, the



more difficult the choosing of an option for expanding the network. This choosing of an 
option becomes a problem because the amount of analysis for the alternatives increases as ‘ 
thenumlber of alternatives increase. Thus the exps 
to the number of expansion alternatives.

4.3-3.2 Application

illustrates why the number of expansion altemati' 
Figure 4.6a shows how FDDI can be used to link I 

, two extra links are required, with two other links 
stations into the network (b).

isibility Of the network is inversely related'

expanding a MAN and the effort involved 
es is chosen as the inctex for this criteria, 
ie stations in one particular layout. Only 
5eing moved to incorporate the two new

Added Node

^ Figure 4 .6 Expanding a^DDI

Metroring could be configured in the same manner to produce a ring to cover the stations, 
friguce 4;7 Uhows another configuration taking MetrodmgV branching ability into account. 
Two ways of expanding this network are now possible. Firstly, the two stations could just 
be incorporated into the current links (figure ,4.7b) with two links moving and two extra 
being added. This takes the same effort as witn the FDDI c W  above. Alternatively, a new

Uria hirr»segment can be added into the network to add these two stations in. Figure 4.7c shows how 
this can be accomplished. However, three more links are required, and two Stations require 
reconfiguring. , » o ,,
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q  All three networks take the same amount of resources to make expansions with minimal 
effort. However, the number of alternatives for each MAN distinguishes the expansibility 
better.

4.4 Other Issues ,

Other issues needed be addressed in order to choose a network. The three issues covered 
below have been chosen because they are often considered in protocol design. They are 
also taken Into account when choosing protocols for implementing a network:

Fairness: When several nodes concurrently use the network medium, one wishes each to 
have its share of bandwidth. This partitioning of bandwidth is normally achieved by the 

, MAC protocol. The MAC protocol allows each station equal allotments of timewith which 
it can transmit to the physical network. Equality of the time allotment: between stations 
gives the index of fairness. Thus, unfairness between node bandwidth allocation requires 
special mechanisms within the MAC protocol to correct the problem. \

Flow Control: Flow control is a mechanism in a protocol that enables a sending station to 
regulate the rate at which it transmits data. Regulation of the data transmission fate is 
necessary to ensure the destination station is not swamped with data which it cannot 
process fast enough. This is important in networks that are operated close to their 
maximum capacity that also need quick efficient information transfer rates.

Capacity Constraints: In heavily loaded networks, capacity allocation can be a critical 
\  problem, Capacity allocation is the process of allocating enough channel capacity for

any two physically separate stations to communicate across a network. This become^ 
crucial due to the requirement that the two stations must comifitinicate at a minimum 
required rate.
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When new protocols need assessing using this study of MAN comparison methods, new 
issues in functionality might be addressed by them. If such issues are raised, they would fall 
under this section. It must be remembered the functions addressed should be between the 
Physical and Transport layer of the ISO protocol stack. For new issues to be considered they 
must also take the limitations and assumptions of section 1.4 into account. f

4.4.1 Fairness of the Protocol Operation

Fairness becomes an issue when many nodes in a heavily loaded network need to have a 
fixed portion of the network’s asynchronous bandwidth exclusively for their own use. 
Unfairness otccujrs when one station gets mere data transferred than another station ie. one 
station tends to claim nijore bandwidth to Itself than the others. It is important to realise 
that the loading of each station is the same for fairness to be obvious. The improper design 
of the bandwidth allocation function of the protocol’s MAC layer is where unfair behaviour

- stems from, Differently loaded stations will obviously place different requirements as to
how much bandwidth is required, for servicing their loads. It is not easy to observe unfair 

: operation in these normal conditions where stations are not loaded equally.

4.4.1.1 Principle

In this study of MAN comparison methods, one wishes to establish which protocol is the 
most fair, Fairness is an issue addressed in most protocols and necessary information can 
be found in papers discussing the protocol, The extent to which fair operatic^ is achieved 
by a protocol is the basis for this criteria’s analysis,

4.4.1.2 Application

‘ 'FDDI ' ■ ' „":i ' ' '

FDDI does not need any special mechanisms for fairness to be achieved between its nodes. 
Fairness is inherent in the access rules of FDDI [Halsall 90] , This applies even with multiple 
priority class operation. “

“ DQDB " . ... ■ v ' v ''

The DQDB protocol has been under much scrutiny with respect to the fairness achieved by 
it [Banerjee et'al 92J, [Bisdildan 92], [Phung et al 92j, [Conti et al 91a], (Sauer et al 90],

.. ’ ' , O '
Phung and Breault [Phung etal 92], describe the nature Of this unfairness as follows:

Consider a DQDti network under a persistent traffic pattern (all nodes attempt to transmit 
continuously) where bandwidth distribution is assumed be steady state, For DQDB,

V i without any fairness mechanisms incorporated, thebandwidth distribution is represented

^ ■ A ■ ;. , ' 6, + bz + ... + driV « 1 ■ r ij . V ' ■'

% where b, is the throughput of node f measured over a sampling interval of length T
AT is the number of nodes on the network.

(iQ This relationship has no unique solution, It also shows that the final bandwidth distribution
depends on the network conditions at the lime when the system gbes into the overload

,, state, , ... ■ , '



The BWB mechanism requires every node to let one empty slcjt pass for every |3 slots used 
by the node for data transmission. When the bandwidth balancing mechanism (BWB) is 
incorporated into the protocol, a new relationship results for the behaviour of each node’s 
throughput: , ,,

<*1,2

where (3 is the BWB modulus. „ ,

The effect of this relationship is that some steady state bandwidth distribution is attained 
for a node, regardless of initial conditions on the network. Another result is that the 
throughput distribution is independent of the network configuration. Unfortunately, 
independence of throughput distribution only applies in networks where one priority is 
used. In the analysis, multiple priority operation resulted in tl.:e bandwidth distribution 
depending on the initial network conditions. r

 ̂ ■ : ' ■- " O 0
M etroring’ ■ , . " , ii;' - „ 0 ,

In Metroring th«; question of fair Operation has not been fully analysed, but one behaviour 
problem can be readily observed, The following effect may not be prominently manifest, 
but over a long period of time its effect will be noted as throughputs of different stations 
can be accurately1 measured. Assume logical links between nodes across the network are 
created and destroyed dynamically over a short period of time. , , ,

Figure 4,8 shows three concurrent links on aMetroriug network. Assuming the four stations 
involved on logical links 1 and 2 tty and use all bandwidth available, contention arises at 
station A, Station A, operating at full processing speed, must relay data for both logical links 
as fast as possible. Thus, station A might cause a bottle-neck situation in the network due 
to hardware processing rate limitations. If station A does not cause a bo ttle-neck effect, the 
physical link used by both connections will limit the rate of information flow,on these logical 
links due to its finite capacity. To simplify the discussion, assume the bandwidth of the 
physical link is shared 50%-50% between the two logical links. Unfairness will be apparent 
when a  further logical link is present on the network. Logical connection 3 illustrates such 
a case. No contention is possible as it does not share resources used by other logical con­
nections, It can use 100% of the physical link and station capacities. ' ,
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“i Figure 4.8 Concurrent logical links o il i  Metroring network l! ■>
' ' " ' I ■ 'Thus the fairest protocol is FDDI, as its fairness of bandwidth allocation is noted as inherent 

in the protocol. DQDB directly addresses the problem of fairness and has several mechanisms 
to eliminate the unfairness (section C2.3). DQDB and FDDI are unlike Metroring, where; 
unfairness of bandwidth allocation can Occur due to its’ internet-like nature. No mechanisms 

. are used in Metroring to eliminate this possibility. =

4.4.2 Protocol Flow Control Mechanisms

4.4.2.1 Principle 0

The effectiveness"of the flow1 control mechanism is used to compare protocols.

4.4.2.2 Application j

FDDI , \  ■ ■“ "

In a FDDI node, flow* control is achieved by a higher layer such as XTP. When a connection 
is set up by XTP, information flows from source to destination at a fate the destination 
hardware must handle. To do this, an initial acknowledgement control packet signifies the 
space available in the receiver’s buffers. Then, every time after the receiver has processed 
a certain amount of incoming information, it sends an acknowledgement control packet to 
the source to indicate what packets are missing (as part o f vhe error handling). Included in 
this acknowledgement packet Is information indicating what data storage space is available 
at the receiver. Even when data transfer does not take place at as a high a rate as possible, 
the sending station does have direct control in this process, It Uses SYNC indication in it’s 
frames to ’poll’ the destination station’s status ie. it forces the receiver to synchronize by 
sending a control packet back to the sender.

a XTP also uses RATE contrcil to allow different station implementations to work according to 
the slowest receiver’s processing rate. The necessary information Is also cohimunicated via 
acknowledgement control packets.

DQDB |



\DQDB does not implement flow control at the MAC layer. Flow control is also handled by 
XTP as described for FDDI above.

Met.?oring " ‘
, ii \  . ; .. ' ° 

Mpttorlng is implemented in hardware, and information exchange will take place at high
rates limited only by the hardware’s ability. However, discrepancies in hardware abilities,,
aie not properly catered for. Special flow control algorithms are not used in Metroring.
Rather, an inherent attribute called back pressure is manifest in a heavily loaded Metroring
network. Back pressure deals with the problem of flow control.

If a new packet arrives when a station’s receive buffers are full, the new packet is discarded, 
/in acknowledgement packet to the source will indicate the discarded packet needs to be 
retransmitted to the destination station- Acknowledge packets, that are received before the 
/information is transmitted, are then also used to indicate if the destination station’s receive 
buffer is empty. If either frame discarding or full receive buffer notification occurs several 

j times on one link, the source station’s frame queue fills Up as its new contents are not con­
s' stantly processed. In turn, the source station will then start discarding incoming packets. 
Thus, the effect of congestion at a node is referred back towards the source nodes; hence 

; the name back pressure. „

The mechanism, for Metroring would need tirrie to take effect between the source and 
destination stations. Thus, higher layer protocols for DQDB and FDDI which directly address 
the congestion problem, such as XTP, would be the better choice.

4.4.3 Capacity Planning Constraints of the Netw ork

4.4.3.1 Principle ; ^
■ ’ . , *] ■ ' ' "

This criteria is only useful if critical logical communication links in the network are identified.
The minimum allowable data rate on the communication links must also be specified for
capacity planning. ' ' (

The capacity planning ability afforded by different MAN protocols, is to be evaluated. The 
more data paths available or the more bandwidth permitted per data path in a network, the 
better the Capacity1 planning ability.

4.4.3.2 Application

DQDB and FDDI networks share only one data channel between all the stations. However, 
Metroring has the capability of having at least two data channels between any two stations 
on the network. For example, figure 4.2a shows a Metroring network where one operational 
data pa.th Is used while the other is non-operational.

4.5 Summary
, • V’

Table 4.2 shows a comparison of factor's relating to the three MANs.
■ ■ .

Utilizing the table will require the functional requirements of the network design problem 
to be prioritized. Attempting to resolve the problem by stipulating the network must have 

(1.) a synchronous packet service and
(2) the most reliable topology features 

leads to conflicts as to which choice will be the best. Instead prioritized criteria can lead to 
\ easily resolved problems. Eg: .



Factor FDDI + XTP DQDB + XTP Metroring
AVAILABLE SERVICES

S y n c h r o n o u s ,J n 2 * .1. “ - ° s
Asynchronous 1 ■ ■ 1 \) 1- ;

RELIABILITY: Topology Strength ‘ > ■'
Least Configuration Changes 3

i 1 
2  ̂ l  '

Most Correctable Link Failures 2 - 2 ; i  ■'
RELIABILITY: Hard Error Recovery
r Most Effective 2 1 ■■ 3 ,
RELIABILITY: Soft Error Recovery o =>
Frame Checksum Function 1 2 \  ° 2
Frame Sequencing Function „ 1 ■' 1 3 .. 1 ,

MANAGEABILITY
Ease of Planning 1 2 3
Implementation Cost Effectiveness ° 2 ' 1 3
Ease of Configur ability of Network 1 2 3
Ease of Expansion of Network 1,,, 0 2 3

OTHER ■' o
Fairest Bandwidth Allocation 1 2 3
Flow Control Effectiveness 1 1 2 :

" Capacity Planning Ability 2 2 o 0 1
Tabic 4,2 Relative effectiveness of functionality criterion with 1 being most effective and 3 least effective, y

indicates a protocol doe; not have the attribute.

1st requirement: Must have Synchronous Packet Service
2nd requirement: MAN with Reliable Topology Q
3rd requirement: Topology Planning m ust be simple

The table shows that Df^DB meets these prioritized specifications most satisfactorily. 
Generally, to keep the problem simple it is advantageous to use only a few criteria.

Trying to weight four of more criteria by priorities; is not practical as the comparisons in the 
table are relative comparisons. Instead of a relative effectiveness measure, if an ’absolute 
effectiveness? measure was derived for how efficiently protocols meet each criterion, 
weighting would become applicable. An ‘absolute, effectiveness’ measure would mean the 
effectiveness range of table 4.1 would be tar greater than from 1 to 3. For example, effec­
tiveness values from 1 to 10 could replace effectiveness values from 1 to 3. This will allow 
evaluation of the Absolute effectiveness of a protocol’s ability to meet one of the criteria, 
Achieving this measurement process requires ,

(1) the ideal fulfilment of a criterion requirement to be defined and
(2) the ideal criterion fulfilment equated to an effectiveness value of 10.

■ 1" P



CHAPTER St ANALYTICAL COMPARISON OF MANS

Networks have different kinds of physical topology shapes like ring, bus or star. Therefore 
it is difficult to compare certain aspects of their performances such as data throughput and 
delays. A Standard Configuration is defined to address the problem of analysing different 
topologies’ for comparing analytical performance characteristics of various MAN protocols.

The characteristics of MANs examined in terms of the analytical comparison method (as from 
section 3.4.2); are: ‘

(1) maximum throughput of the protocol,
(2) bandwidth allocation to stations and
(3) packet transmission delays between stations.  ̂ o 

These characteristics are represented qualitatively as parametric indices. They enable 
comparisons of the structural nature of MANs. The structural nature of MANs is analysed by 
predicting the theoretical behaviour of M/vNs under specified conditions, ie. the Standard 
Configuration. These indices aid in selecting a MAN for an application where such 
requirements can be explicitly stated.

5.1 A Standard Configuration

The specifications of the standard configuration chosen are:

PARAMETER" VALUE
Physical Topology: Ring
No. of Nodes: 25 ,,
Length of ring (Zf ihj,) 100 km o ^
Light propagation speed (nflbr̂  0,665 « o

. - . " ■ . ■■ " . . (f . 
The physical topology is chosen to be a ring as MANs are generally configured as rings for
reliability of operation, ,

Complicated topologies, such as those encountered in Metroring, are net easily analysed. 
In addition to the topology structuring conforming to special protocol configuration rules, 
theloading on different parts of a complicated topology would also play a role in determining ' 
performance. As noted in section 1.5,3.2, loading of networks is not one of the factors 
considered in this chapter • we are looking at the nature of the physical network. Cases with 
complicated topology and loading would require simulation to analyse the effects of topo­
logical complexity and loading effects. Thus for this analytic comparison the simplest 
topology and loading requirements are considered,

The number of nodes have been arbitrarily chosen as 25* This parameter does not influence 
the physical performance of the network as much as topology and protocol parameters,

The length of the ring network, lrw  has been chosen to make the standard configuration 
resemble a MAN in terms of geographical extent. The stations are taken to be spaced 
equidistamly from each other around the ring,

a is the light propagation speed as a fraction of the speed of light in ia vacuum. The value 
used follows from Frost's simulation of FDDI (Frost ct al 901, „



5.2 Comparison pf Performance

The characteristics for the analytical performance are defined in terms of several indices. 
The three example protocols are then compared in terms of the analytical performance 
indices.

5.2.1 Absolute Maximum MAC layer Throughput a

The absolute maximum MAC layer throughput index is an idealized measure of maximum 
throughput of a MAN. This is an idealized measure because no implementation dependant 
factors get taken into account in defining this measure and several assumptions invalidating 
certain MAC protocol layer functions. The following assumptions define the exact nature of 
this performance measure:

- Only information frames of maximum length, as defined by the respective MAN MAC, 
are transmitted.

- None of thfe frames are corrupted. In practice this is a realistic assumption as a fibre 
medium has high reliability.

- Throughput takes place, and is measured, only on one link between stations (No exter­
nal or secondary paths can be used for packet transferral).

- Information is transmitted in one direction only, "
- Sfntion addresses use the shortest format permissible for an information frame. This is

as only a maximum of 25 stations will need to be addressed in the Standard 
^•.•rtfiguration. ^

/f’Wtioh hardware can process the packets as fast as necessary. This ensures that no 
saturation occurs at station input queues receiving packets from the network. This is 

r, assumed to make this measure independent of implementation dependant factors or 
higher layer mechanisms, such as flow control. Flow control intentionally degrades 
throughput so that hardware frame processing speeds are not exceeded. '

The maximum MAC throughput is thus the "instantaneous" MAC user bandwidth, ie. the 
maximum throughput a,node can attain in which it uses all available network capacity of one 
link between two adjacent Stations. This quantity is useful in determining which network is 
best suited to a high-speed data Communication application, where dedicated logical data 
links must exist between specific applications for a short duration of time,

Derivations for calculating this measure are found in appendix F. Independent variables 
used in the calculation are;

Maximum Frame Size - Maximum size allowed by the MAC protocol,
Inter-Frame Gap - The pauses between frames transmitted 
Minimum Preamble Length - Unused portion at the beginning of the frame 
Minimum Header Length - MAC relevant information before the user data portion of the

frame ■ <
Minimum Trailer Length - MAC relevant information after the user data portion of the

frame
link Capacity - The raw bit rate the medium operates at

Table 5.1 shows the absolute maximum throughput for each example protocol at the MAC 
layer for one link. The independent parameter values used are obtained from Ross (Ross 
89] and Mollenauer (Moltenaucr 89]* Note that none of the MANs use inter-frame spacing. 
This helps increase the protocol efficiency.

H ie values given relate to  special characteristics of protocols:



Maximum User Data per Frame - Maximum data size allowed to be sent to the MAC
from the user layer above 

Maximum MAC Efficiency - A measure of ho’sv well space on the medium is used to
transport the user data 

Absolute Maximum MAC Throughput - How much information the MAC user could
„ possibly communicate per unit time

The maximum MAC efficiency is the same as approximately normalized throughput - it gives 
an indication of how well a protocol uses the bandwidth available to it. This is useful in 
determining how efficiently a MAC protocol data frame is structured in terms of frame field 
lengths.

Parameter Units FDD! DQDB MR
Max Frame Size Bytes 4500 53 4096
Inter-Frame Gap = psec 0 0 0
Min. Preamble Length Bytes 5 0 2
Min. Header Length Bytes 6 7 19
Min. Trailer Length Bytes 6 o 4 0
Max. User Data pet Frixme Bytes 4483 42 4077
Max. MAC Efficiency % 99,622 79,245 99,536
Link Capacity Mbits/s 100 150 100
Abs. Max. MAC Throughput M bits/s 99,622 118,86$ 99,536

Table 5.1 Comparison of absolute maximum throughput

5.2.2 Bandwidth Allocation ,

For the standard configuration, table 5-2 show's the available rawbit rate, b, in bits per second 
for a station. This is the bandwidth available at the physical layer for one station when it 
communicates as a component of the network.

Parameter DQDB FDDI M-R

B (bps) 150M 100M 100M
b (bps) 12M* 4M 200M#

Table 5.2 Rawbit rate available per station

Appendix F explains how this value is derived for each type of MAN.

The station bandwidth for DQDB, indicated *, is a maximum value. The actual bandwidth 
used by a station in DQDB would be dependant on its physical position relative to the ends 
of the logical bus. For example, if a station is situated at the end of the logical bus, only one 
bus is necessary for transmission to any other station On the network. Oil the other hand, 
;if the station were situated near the middle of the logical network and if destination stations 
pn each side of the transmitting station were balanced in terms of number of requests, both 
busses would tie well utilized, Note that the MAC operation would balance the bandwidth 
out between stations. Due to unfairness in bandwidth allocation to nodes being inherent in 
the protocol, this intended balancing of bandwidth is not entirely achieved. Some nodes 
will have slightly less available bandwidth than what this index predicts.



In Metroring, the value indicated ^  applies to each station Since the total bandwidth for 
transmission is equivalent to that for all ports, The value given is for a station with two ports. 
H ie bandwidth available to any station is B times the number of output ports on the station, 
Another important consideration when using this measure with Metroring, is that each station 
has to relay information Intended for other stations. Thus bandwidth is allocated for logical 
links even when nodes don’t transmit data originating from their own users (as explained in 
section 4.4.1). In the case of Metroring this measure assumes the station is routing no other 
station’s frames.

5.2.3 Packet Transmission Delays .

The standard configuration is used in comparing delays in each type of network. Time is 
measured from transmission of start bit to reception of start bit. The processing time, t e„0a 
in only the source and destination nodes is not taken into account in these times. The delays 
for the three example protocols evaluated, are derived in appendix F and are:

t proc -  The processing delay on a,packet incurred by the station when the packet
address needs to be processed before routing it.„

if ' '

t K£C = The delay incurred by the receiving components in the station. 5
tr*ANs -  The delay incurred by the transmitting components in the station. "
/ , as The delay over the longest possible path on which a packet can travel on ie.

when source and destination stations are as far apart as possible for the protocol, 
eg. for DQDB the stations are at opposite ends of the bus. For FDDI when the 
destination station is the upstream neighbour of the source station.)

imln a The delay over the shortest possible path the packet can travel in the direction of 
packet flow. This occurs when source and destination stations are physically 
adjacent to each other. ^

t a„« = The average transmission delay is the average of the measured delays as the number 
of packets transmitted on the network tends to infinity. Destination stations are 
assumed to be chosen using a uniform distribution random number generator.

These values are compared as shown in table 5.3. t-moa t*ec and iTf̂ NS are implementation 
dependant factors. However, their values need not be available for a comparison to be 
possible; they can all be set to Eero,

In this specific evaluation, several values are assumed, Packet processing,delay is not available 
for any of the protocols, but FDDI is specified to have a 10 bit elasticity buffer present in 
each station. Thus FDDI has tPRQC as a non-zero value equivalent to 10 bit durations. The 
values used for station receiver and transmitter delays are assumed if they cannot be 
calculated. For DQDB, dniy a  transmission delay is assumed. It is assumed equal to half a 
bit’s duration as a logical OR gate serves as the transmitting device. (Such a logic gate is 
assumed to have a delay close to its required operating rate.) In Metroring, half a bit duration 
is similarly assumed for receiving and transmitting the signal. This delay is then proportioned 
equally between the transmitter and receiver for Metroring. Values for FDDI’s required 
receiver and transmitter delays were derived from Burr [Burr 88], These delays were taken 
to lie halfway between the respective optical interface maximum and minimum required 
signal rise times,
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Parameter FDDI DQDB M-R

t r*oc (sec) ■ ~ \  8.000E-08 0 0
t c (sec) a 2.800E-09 0 2.500E-09
hltAflsiSfC) 2.050E-09 3.333E-09 2,500E*09
tmat (sec) 0,00037842 0,00037655 0,00024066
‘mln(sec) 0,00001569 0,00001568 0,00001569
<a«(sec) 0,00019709 0,00019612 0,00019614

Table 5.3 Delays experienced In MANs jj

These measures can be used to establish which MANs best fit the problem’s basic delay 
requirements eg. the maximum permissible delay allowed between any two stations or the 
average propagation delay for the network.

"V'
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CHAPTER 6: MAN SIMULATOR REQUIREMENTS
_ _ _  .i?  ̂ _ "
In deciding which network protocol is best suited to specific network requirements, the 
actual details of the requirements need to be taken into account, ie. examination of a pro­
tocol’s performance under a specific network configuration and user load. This is best

After establishing the requirements for simulation, discussed in section 6.1, a system must 
be designed to meet the requirements as ciosely as possible. Sections 6.2 to 6.4 describe 
decisions and assumptions made during the design, as well as the operation of the system.

6.1 Problem identification

For the creation of the simulator, several criteria are identified to define the scope and nature 
of the simulator design. For this part of the simulator design we distinguish, between:

1) Simulator minimum requirements ie. the basic functions it mu;, i perform,
2) Special techniques Of algorithms to be used in implementing specific simulator func­

tions, jl,
3) Limitations or restrictions needed for practical implementation of the simulator and
4) Tools and methods to be used in the implementation ie. the required resources,
5) Limitations or restrictions on the simulator design and operation resulting from the 

above factors thatcan be predicted at this point of the design.
o • .

6.1.1 Basic Requirem ents for the Simulator

Basic requirements are detailed here, while section 6.1.3 lists assumptions made in the 
implementation ofthe simulate /, which also contribute to the requirements for the simulator.l,y O
A simulator that represents all possible detail of real networks is an ideal, however limitations 
do exist with real processors (processing speed and available memory) and this leads to 
models approximating what happens in reality. Sections 6.1.1 and 6.1.3 are disassociated 
because the requirements (as in section 6.1.1) of the design and the assumptions limiting 
the design (section 6,1.3) need to be separately examined. Separately examination of 
requirements and assumptions aid understanding and appreciation of the difference 
between the ideal simulator (accurately depicting the real world) and the practical simulator 
(approximating what happens in reality). Q

The minimal set of requirements for the simulator are: ~

6.1.1.1 The load, topology and basic protocol anjcf^tt^ijirk parameters must be user 
specifiable. ' “

' , ^  R)
The network’s lOad and configuration are the obvious inputs to the system. Other simulation
and system parameters must be specified bv the user. /

. , i  
Three ways of Specifying the load type are possible: |  j

Globally for the network - Particularly in evaluating protocol behaviours comparative?}1 
many simulations require the homogeneous (or uniform) behaviour of the net­
work to be evaluated. Therefore, the load needs to homogeneous in nature for 
the simulation to be valid.



Uniquely for each station on the network - When looking at case study problems, differ­
entiation between the load generated by individual stations on the network is 
necessary. By specifying the toad for each Individual station on the network, real 
life situations will be depicted more accurately. „ \

ExtemafcsOurce - To depict a network's loading more accurately, the stream of packets 
generated by an operating network’s load could be tapped. To cater for su<ih a ° 
situation, the monitored load of the real netwoirk must be able to be fed ijjtolthe 
simulator. Although the technicalities of this problem can be immense, a simple 

° ; mechanism for feeding in a stream of inessages to the simulator from a disk file is 
, provided.  This mechanism could be used for utiliTing real toads recorded from' ° 

of prating networks. „ . ' o - ' 0

The configuration o f stations on the network is to be specified in terms of:
-The physical links to which a station is attached. Each Sink can be given, an identifier 

through which stations can keep track of their respective output links.
- The physical length of each physical link. * ' ^

Other parameters that need to be Specified by the user are! ^
- The number of stations on the network
- User identification names for each station on the network. Association of load, con­

figuration and output information is thereby facilitated for each respective station.
- The selected M|(N protocol for simulation. ;
- Parameters specific to  the Operation of each protocol. For example, only one para­

meter was for FDDI: the set of TTRT values (Target Token Rotation Times) for each 
priority level in FDDI. . "<>

- General parameters needed to operate the protocols. Theseare the common factors 
needed for specifying protocol operation: = 0
- Line bit rates (speed of physical link operation) ~
Velocity of light propagation in the physical link medium as a fraction of the speed 
of light in a vacuum

- Bit corruption rate; how often a bit is received incorrectly by a station - resulting in 
packet corruption

- The hardware latency of a station; the time it takes for a bit to propagate from the 
receiving port of a statibn to the resulting output port of the station - this can be due 
to electronics delays or processing delays

- The number of levels of applicable priorities for the simulation -
- The proportion of user data messages for each priority level

, * The limit to the size of the MAC queues. Packets arriving which exceed this limit are 
delayed. ^  \  ''

6.1.1,2 Capability to implement the FDDI, DQDB and Metroring protocols

The capability to handle the example protocol's (FDDI, DQDB and Metroring) will enable:
, v ' . ,> ■' \   ̂ ,
a) Comparison to be made between seveiai investigated protocols

When the protocols are modeHed using a common set of assumptions (section 6,1.3), 
comparison of performance is standardized. “

v \. " ■ ■ - % '



\ \
b) The protocol specific adaptions to be illustrated

‘ \\ ' t . "
The
protocols are to be Adapted.
\ . : V “ '\  . H " •• ■ \ . , . (V
6.1.1,3 Collection of Statistics on delays and throughputs of the network

Another important decision in the speciftcatitQof the simulator, is the measurements it must 
take for assessing operation of the protocols. The most distinguishing feature of this 
simulator is its use for comparatively assessing protocol performance between different 
protocols, while the network configuration and loading are taken into account. Hence 
common measures of assessing protocol performance are needed. These common measures 
for protocol performance contrast against the unique measurement criteria for examining 
specific protocol characteristics.

Specific protocol characteristics have’ been examined in cases where the FDDI and DQDB 
protocols have been individually simulated. In the case of FDDI, criteria like token-rotation 
time, synchronous-access time interval and ring latency [Johnson 88], [Dykeman et al 88], 
[Jain 91] play an important role. With DQDB an important criteria is fairness which can be 
assessed from bus access delay and bandwidth utilization of individual nodes [Bisdikian 92], 
[Conti et al 91al. \

General criteria like throughput and delays, as chosen in section 3.4.3, are the definite 
candidates for performance measurement. They allow the evaluation of the efficiency with 
which a network uses its capacity and the information transfer rate accomplished. As these 
are general criteria, the quantities the simulator will measure need to be cautiously specified.

■ ■ , " ’ f , ' " " „

Throughput and delays can apply to different aspects ,bf a network’S'behaviour. Two 
important aspects that will apply tip this particular situation are:

(1) The information throughput available to a user and the end-to-end delays experienced 
at this level. This is most important as St deals with the behaviour ‘-wt any user of the 
network is exposed to.

(2) The physical network’s behaviour. The throughput and delays experienced at this 
level are limited by the physical nature of the network. When one is designing a network 
(planning a configuration or load distribution) these indices can provide relative 
measures of topology strength or "quality" of load distribution.

Hence the minimum set of required measurements are: 0 °
1) End-to-end physical delay - The detey experienced by a packe t from the transmission 

of its last bit at the source station output port until its last bit reception at the; destination
station input port.

2) End-to-end O e r  delay - The delay experienced by a message from the time of its 
creation at the user layer until its final bit reception at the destination station. Messages 
are the units of data used at the user layer, as discussed in section 6.3.1.

3) Physical layer throughput - This is the amount of bandwidth used by the physical 
links during the simulation or the amount of .physical bits transmitted on the physical 
line per unit tifjie. It is different to the physical line bit rate, as it takes into Account the 
periods when no data transmission is occurring.

4) User layer throughput - This is the throughput seen by the end user ie. the amount 
of useful data (in message bits) the system transfers per unit time.

5 ' ■ .. ■



As throughput can vary with time during network activity, measured throughput is to be the 
average for a period of time. The averages of these values (throughput and delay values) 
for the duration of the simulation will be the primary outputs of the system. Other outputs 
useful in describing the nature of the system can be determined from the necessary 
measurement data gathered to determine the primary outputs (described during design 
process)." > c v

6.1.1A Control of the accuracy of the output ^ c

The accuracy qf the outputs needs to be determined or controlled for any reliable decisions.
Controlling the accuracy is achieved by means of controlling the duration of the Simulation
using a sequential procedure. The aim is to calculate an average value for the specific
measurement, with the value falling within a certain confidence interval. The confidence \
interval size is calculated from a user specified degree of confidence. In other words, tile
user specifies the degree of confidence with which an output must be given and the simulator
-Wall calculate the size of the confidence interval along with the estimate of the. real value.

. ■■■■ 0 . . " ' 00 . 
This is a departure fr6m the more straightforward method in which the user can specify the
level of confidence along with a required relative precision for the confidence interval. The
relative precision of the confidence interval simply refers to the fraction the confidence
interval size is of the estimate of the corresponding average. This relative precision is not
used, because the user must have a fair idea of the final estimates of the average outputs
they are dealing w ith/or all simulations peifortned in t.he solving of a particular network
problem )7igure 6.1 illustrates this scenario'. ,

Interval Size

Figure 6.1 Intcipretlng estimates and confidence Intervals 
Readings B and Cs Overlapping confidence intervals makes discernment of readings difficult, therefore makr.

( {  tiiife relative precisions smaller,
Readings C and Di D’scoitSdenee Interval is very large, but does not need Changing as it does not Overlap with

... • , C . 11 ■

' \  ' I ■ . A  ..
If the problem entails varying some of the network-parameters to find a goou [Solution to
the design of a network, then observing one output (or measurement) of the different
Simulated scenarios would produceestimates (A, B, C and D) along with theiivconfidence
intervals (A’, B’, C  and D’) as shown in the figure. If the estimates of the measurements vary
unpredictably, there is difficulty in assessing the maximum size of the required confidence
intervals for each case. (Confidence intervals should not overlap for one to assume, with
the required level of confidence, one value different frorr another.)

Although this argument sounds reasonable, a converse situation can counter this. If the 
estimates are situated close to each other and  their values be fairly accurately predicted, 
one can determine the relative precisions for each case Of simulation. However, the initiaS 
reasons for using this simulator entail the fact that the user cannot predict the final estimates 
of the outputs. 11)us determining feasible relative precisions for simulations Is not practical.



While this line of reasoning for the choice of inputs for accuracy controi is not very strong, 
the merit of this choice can only be properly assessed once the simulator is tested and results 
become available.

6.1.1.5 Accurate implementation of the protocol models

The implementations of the FDD! and DQDB protocols must comply to the IEEE standards 
(documents ANSJ^IEEE 802.5 and IEEE 802.6), as outlined in [Ross 89] and [Saner et al 90]. 
Tlie Metroring protocdl was not completely specified before its implementation, blit due to 
assumptions 2,3, 5 and 6 in section 6.1.3 many of the potential problems of modelling this 
protocol are eliminated: These assumptions also allow the simplification of the FDDI and 
DQDB protocol models for the simulator. ^ ~ .

0^1.2 Special Techniques or Algorithms to be Employed

This section describes techniques and algorithms derived from the literature, which are 
considered necessary for the simulator’s construction.

' "  ' ^  -

6.1.2.1 Statistical modelling of the jiser load

An important aspect of modelling the simulator is the way the load (of a station or the whole 
network) is modelled. The moat practical way of doing this, is to model it statistically as in 
several other cases [Frost et a! 90], [Conti et al 91a], [Sauer et al 90], [Johnson 88], The 
load for the MAN simulator is characterised by: ^ &

(1) The length of the messages \
(2) The inter-arrival time between messages \  r ;;
(3) Tl)e maximum length of messages (this is taken care of by maximum allowable lengths 

ot packets at the physical layer.)

The additionally factor, taken into account in this simulator, is the maximum amount of data 
a station may generate. This is significant because it allows

(1) inactive stations, not product any load for the network, to exist on the network and
(2) control of how much load a station inserts onto the network during a simulation,

Point (1) is applicable to real world situations eg. where bridges and routers (not using 
spanning trees) are par^of the network and do not produce load for the network. Point (2) 
is a result of foresight as to tbs nature of data length distributions. , Extra large messages 
might offset the effective average message length excessively over a simulation of a short 
duration. However, by specifying a maximum amount of data a station user may generate, 
the overall average of the data lengths is controlled. The user load, or throughput, is thus 
kept to the required average for the whole simulation as originally intended thus making 
the loading more accurate for short simulations. ?

The lengths and inter-arrival times of messages are specified as averages. The distributions 
of these generated values are exponential as they replicate asynchronous network load 
characteristics the most accurately [Sauer et al 83]. Some simulations have chosen packet 
lengths to be constant or fixed values [Conti et al 91a], [Sauer et al 90], Nevertheless, these 
simulations have been primarily intended to analyse protocol specific mcchaniSms and 
behaviours. The random distributions of packet lengths will be better Suited to analysing 
the load dependant effects of networks as this, is representative of what happens with real 
user loads. \



6.1.2.2 Confidence interval construction for monitored values

In any simulation, the monitored values are derived from the sample values !  which are 
derived frojn the p&cess being simulated. One needs so determine just how accurate the 
resulting average value is. \ ■■  ̂ '

As mentioned in section 6.1.1.4, the cpnstructipn of a'confidence interval for the monitored 
value is to be used, fh e  user will specify a level of confidence (as a percentage/ probability), 
say$Jwith which the confidence interval size, sayjc, will be determined. From these measures 
W  ̂will be able to say the final estimate of the value has ap  percent probability of falling 
within a tolerance band of size x  of the true value of the quantity being monitored. \

" „ \\The method employed for constructing confidence intervals follows 3auer chapter 8 section 
6 [Sauer et al 83]. It is referred to as the sequential procedure of Law and Carson and is 
preferred over the other methods since J t is applicable to real world problems aad 
dynamically determines the amount of data it requires. This procedure analyses ii^e 
Correlation between collected samples, and terminates the sample capturing, and thus the 
simulation, when the correlation is taken to be negligible. Correlation between samples was 
noted to be critical in statistical analysis [Sauer et al 83] and for this reason this different 
approach was employed fcb controlling the accuracy of results. Correlation between samples 
leads to a biased variance and inaccurate averages.
' - " (i ■ .

Refer to appendix G for the details of how the sequential procedure employed functions. 
The method employed in the simulator differs fr om the original sequential procedure in 
that the relative precision is not required. o

6.1.2.3 Pseudo-dynamic load generation o ,

The actual method of load generation requires special consideration. In the case of discrete 
event simulation, the packets or messages being generated for load tike up finite amounts 
of memory. Hie whole load generated can then easily exceed system resources, such as 
memory, during long simulations, Notice that simulation length is not always predictable 
and the total number of messages generated can not always be determined. -

Aspedal method to generate messages in finite controllable numbers is used from aprevious 
simulation {Dahl et al 91 j. This discrete-event token-ring simulator [Dahl et al 91 j employed 
a method for controlling the generation olf messages. The method will be referred to as 
pseudo-dynamic load generation, % c

Figure,6.2 displays a portion of the discrete-event simulation time-line and hejps demonstrate 
how this technique Operates. In discrete-event simulation time is actually incremented in 
discrete measures or it is advanced to the next event in time. The labelled vertical lines on 
this time line indicate events in the system which get processed as the simulation time reaches 
these points. \  „ <.>

. VV " . 'The events labelled A, B and C coirespond to events that will trigger load generation for the 
system. These points are equidistant from each other. After every load message generation, 
the next load generation event in t!‘(e sequence is scheduled. At each of these points load 
messages are generated for each of the stations in the network for the period of time between 
the present and the next load generation event. The generation of messages must take place 
for each station in the network and the messages (Al to A4 generated from event A, and B1 
to B5 generated from event B) are inserted into the respective station scheduled input queues 
(these queues* sequences and messages depicted by the areas between the horizontal dotted
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Figure 6.2 An abstract depiction of pseudo-dyviamic load generation

S2

lin«^s:Sl,S2,etc). The stations then only acknowledge theexistertc^of each of these messages 
when the simulation time (*siM ) exceeds the message’sscheduled time in the System, (Events 
to the l?ft of tsiM ̂ ave been processed by the system while messages to the left of tg u j in 
the station queues have been processed by the stations,)

6,1.3 Assumptions For Practical Implementation arnd O peration o f the Sinrulator

A detailed implementation of each protocol's operation is impractical. Several assumptions 
help narrow down the scope of the simulator design further. Many of these assumptions 
are implicit in the protocol models used in other simulators (Frost et al 90), [Conti et al 91a], 
[Sauer etal 90], [Johnson 886]. ;

6.1.3.1 A special variation for the protocol stack to be simulated is defined

This is necessary for a common point of comparing protocol performances against each
other, as was already discussed for the study of comparison methods in section 3*1.

. .■> . ' .
The protocol functions considered for the simulator are; \

• framing of a packet by the MAC layer \
• detection of packet bit errors
- routing o f a packet through th e network, if necessary (hot all protocols need this 

function) ( ' \  n
- addressing o f packets for identification of source and destination stations
- connection management. A restricted form is used to simplify higher layer oper­

ations being simulated. Only point-to-point connections are established. Only infor-
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matiori'frames are represented. . -

• fragm entation of packets from the user layer when their size exceeds the inaximum^
allowed by the MAC fayierr «

" . . c? - '■ * i f  & °  " -  . ' " ' ' ■ ' •
As thp Whole of the MAC layer will bo modelled, but not necessarily the rest of the protocol
stack, the Cop of the MAC layer is also represented as the user end point. Hence, the
throughput or.ddjays measured at the top of the MAC layer can also be referred to as the
end-to-end user layer measurements. 0

* . /  " . . .
6.1.3.2 Only emulation of the basic MAN architectures without bridges or gateways to

external networks is necessary

In assessing several MAN protocol’s performances (in an absgj^hjte or Comparative way) their 
interactions with the outside world are not assessed. Tfy;rK> ane of the limitations to the 
scope of the study of comparison methods set out in sec$'&),) 14. ,

\  * ■ «- . - ' - f  • . " .

6.1.3.3 Implementation dependantrharacteristics should be absent firorri th |  protocol
„ models s ■ " ' ■ , „ '

No unspecifiable delays in internal hardware or protocol stack traversa'of packets (together 
generalized as processing time) should be taken into account. As the protocols are modelled 
from a functional point of view, such implementation dependencies are not considered.

Implementation details are not considered when dealing with the theoretical behaviour of 
protocols in the design and development stages. This is inherently assumed in papers dealing 
only with analysis of protocol characteristics [Conti et al 91a], [Sauer et al 90], Although 
processing latencies in software do have big effects on performance [Frost et al 90], these 
delays cannot be modelled for Metroring (as there are no implementations available). Thus, 
such implementation dependant factors are not modelled. .

6.1.3.4 Asynchronous traffic Is the only class of traffic simulated
‘ ,  ̂ 1 This is one of the original assumptions for MAN comparisons set out in section 1.4. <;r=

6.1.3.5 Steady-state network operation takes place o *

This was assumed in section 1.4 because the performance examined depends oh loading 
and physical configuration of the network. The performance Of the protocol would not, 
depend on changes in hardware components or the network configuration. The performance 
indices, used are meant to reflect steady-state operation anyway.

6.1.3.6 The simulator must work as fast as possible . <

This is a desirable feature of any simulator, thus implementing the protocols as efficiently as 
possible is necessary. This also means derived protocol models must be as simple as possible 
without omitting axjy functions as mentioned in section 6.I.3.7 . ,

6.1.4 Tools and Methods for Im plem entation

The following resources and techniques for implementing the simulator have been selected:

■ t= \  " ' \  % " " O
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6.1.4.1 Object oriented design u&ing C+ + (/ 0

This is a popular tool used for software implementation and development today, It is a ,P 
language that supports software management by allowing the user to exercise flexibility and 
modularity in design [Stroustrup 92]. _■ o

6.1.4.2 Discrete-event simulation techniques are used in the system

The discussion of the simulator’s requirements has thus far assumed that discrete-event 
simulation is taking place, This method of simulation is used because it is best suited to time , 
dependant simulations, ie. it works fastest [Sauer et al 83]. ^  ° ’

6,1.5 Resulting Limitations or Restrictions '

These are limitations that can be anticipated aheadof time. Other requirements for the 0 
(v» deve lopment or successful operation of the system can be identified at this stage. j)

■ , ° \ ' ” ' " . 1!
611.5.1 A limited iiumber of resdurces will be able to reside in the system at one time due

to memory,limitations. e
■ . r. ■ ' '

This factor must be taken into account throughout the design phase. It implies memory „ 
should be used as efficiently as possible. To achieve this small data structures should be 
used arid preventative measures taken for protection against memory saturation, which could 
possibly cause the simulator program to hang. ri

„ c;- o " - ■ ,r ' -
6.1.5.2 Simulation runs might be unacceptably slow even if designed for maximum speed/1

® " ' . v”‘ , ' , . - ' » ‘V1 ■ •
In some protocol simulations, operation may be unavoidably complex and take large amounts
of processing tune to complete simple operations. This complex operation makes the
simulation slow. If a specific simulation model is known5 to take long to execute, a time

sim ulation option Can be used. f  ̂ '
;  ■ , z . o -  ,, ■ _ ^  ‘ ■ .

6.2 Identifying the System Components ( o
. ° . . . .  ^ " ■ ' ’-'.s

In creating a system that simulates different protocols, it is best to create an environment of
o software resources that each protocol entity can use. The protocol entity can then use these 

resources in a manner that best suites its implementation. The environment chosen consists 
of software object^ that caa be handled by the protocdl entity. The protocol entities wdUld 
alsd be software objects. \  o «

Figure 6.3 shows the component types of the simulator: the environm ent components, the \  
protocol components and the user interface. 1 ^ , \\

The component types are, described below. The design of the environm ent and the pro- 
tocoi components are described in thenext sections.

0 A

\ .  <■ i "

^ °y,.
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Figure 6 .3 Components and their types in the simulator

6.2.1 User Interface

L
components, but it does influence the behaviour of the environment. Using this component 
of the system, a user can control simulation behaviours via parameters. These parameters 
are m ethod of term ination, loading of the network, topology o f the network, the 
pro toco l to  be used, Other criteria necessary for either the specific protocol to use or 
special settings for the system (like those listed in section 6.1,1.1) can also be controlled by 
the user from this user interface component.

: ) fP̂  '' ■ ' . '■ ”
The design of the user interface is not detailed, as it does not constitute the simulation
mechanism. ,

6.2,2 Simulator Environment

:,JThe environment objects must, individually or collectively, provide functic ns to the protocol 
objects to be of any use. One important mechanism that must be managed by the environment 
is communication between the protocols and the environment objects, Here, events are

objects and environment objects.
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Two critical components needed for such a system are an event scheduler/ processor and 
a sequential,store for events processed. These components, operating together, also help 
implement the discrete* event simulation mechanism as well as allow comm unication between 
environment components.

G ’ . /(ii ! >■6.2.3 Protocol

Protocol components or protocoi bbjects are the entities which emulate the behaviour of 
stations on the network. Protocol objects reflect specific MAC and physical layer standards 
which specify the network’s operation, eg. FDDI or Ethernet. Events, of which packets are 
a type of, are needed'to activate and operate these protocol components. Several protocols 
are dealt with by the simulator via a protocol control module. The protocol control module 
will reference one of the several protocol model components (FDDI, DQDB and Metroring) 
for processing network events.

63 The Design of the Simulator Environment

Two aspects of the simulator environment’s specification are separated. The individual 
components constituting the environment and their interaction with each other. O

6.3.1 Components Constituting the Environment 0

The following are the objects constituting the environment. The two used for handling 
communication and simulation, the Scheduler and the Global Events List,_are typical for 
such an application. The Generator and Terminator objects are unique to this system. 
They perform tasks providing s(.;lf contained functions that the simulator operation requires.

Network Characteristics (Controller (NCC): „
This component simplWoutes events from the Scheduler through to the user selected 
protocol object. The general purpose of the NCC is to allow events to be channelled 
to one of several protocol entities present in the system. The protocol object to be 
used in the Simulation has to be registered with the NCC.

Generator:
The G enerator creates messagesy for representing the data sent by the user, These 
messages are then broken down itato packets (fragmented) for transmission on the 
network. The protocol object has control over this fragmenting process.

Terminator:'^
This is an object that checks whether the simulation must terminate or not. It is activated 
by an unique event sent from the Scheduler. After processing, it returns a code to the 
Scheduler to tell whether to terminate with the simulation or not. One of three dif­
ferent kinds Of checks is performed* as determined by the user in section 6.1.1: ,

- Terminate by time limit (simulated time),
- terminate after a certain number of packets are received by the network or
- terminate after enough samples are available to meet a specified confidence interval.

Scheduler: |
This is the component that actually performs the simulation. It extracts the time-or- 
dercd events from the Global Events lis t  and routes each type of event to its corre­
sponding processing element or component in the system. For this routing to occur 
correctly, each event processing component in the system must be registered with the 
Scheduler when the system is initialized.
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Load Generation Information: ,

This is global data that specifics how a load must be generated for the. network as a 
whole. It is used for setting up data type events, packets or messages,ii(each station.
The overall effect is that the network’s load is specified by the G enerator using this o 
load generation information. -

Stations: . - J e. , o :'n  ̂ *> •
Stations are represented by unique classes, dubbed Station, that contain queues, links 

; (ports) and logic link stations. They contain data on how the specific station is to 
genera tea lo ad  statistically. Station also contains measurement datafor the station’s 
performance indices. All network stations’ status data is stored in one global array, 
Stations. Stations must simply be referenced to access the correct data structure 
element (Station) for the corresponding network station.

. n ' 'ZJ ... 1
Global Events List (GEL); 6

a This is the storage point for all active events in the system such as packets and messages. 
When a packet is travelling on the network it is placed in this list. Then when it is to 
bereceivedatadestinationstationitisreniovedfrom this list and passed to the protocol 
object to emulate a frame reception. Load generation and termination checking events ^  
are also placed in here, When the time comes for these events processing they are H 
removed from the GEL and passed to the Generator or Terminator. The Scheduler v )) 
is the component that actively works with these GEL contents. //

6.3.2 Interaction of Environment Components

The interaction of information in the system is shown in figure 6.4. The Scheduler is the 
heai^of the system - it actively passes events from theGEL to other components in the System.
The Scheduler is activated froim the User Interface and is not event driven like the other 
components.

° ’ o
Different types of events are processed by different objects. Specific Events are used to 
activate the Term inator and, Generator. Several types of events are passed to the NCCffrom 
where they are passed to the correct protocol entity for further processing (some of these 
evenri bemg packets). The Terminator, Generator and protocol entity then produce events 
which are placed fMck in the Global Events List. In this manner the simulation continues 
until the Term inator component causes the simulation to stop. '

, • . . » j : i
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6.4 Design of Protocol objects 9 D

' o o ' r' o ' ’ . " ' •
The functional requirements for protocol objects ai*e described for designing class methods 
to represent Ithe protocol models working in the protocol object. An example cof how 
modelling a protocol for implementation as a protocol object in the system is also demon* 
strated.

6.4.1 The functioning o f the protocol object

A specific station’s status and control information is used for simulating that station’s 
behaviour. This information comes from two sources:

(1) The general information storage elements, applying to all protocol models and the 
system environment, from the Stations array. o

(2) Information storage elements unique to each protocol model needed for correct 
protocol operation (described in section 6.4.1.5 below). ^  '

The functions performed by protocol objects using this information are: ^

6.4.1.1 Implementation of the MAC mechanism \
The standardized version o^the MAC mechanism is not represented hfere, as other functions 
from (section 6.13.1) must also be implemented. These functions are intended to realise 
end-to-end transfer of data Units, thus, When necessary, the protocol objects must also take 
care of: ,, 0 . . »

- routing of packets on different paths through the MAN , |
- concurrent data trknsmissions/6r receptions on several physical links connected to one,

station
- processing queues 

ive priority classes

t , f  
to respect!

OM.,>



6.41.2 Ernulating physical network behaviour

The physical behaviour of packets on the physical network is emulated by scheduling pac 
by their intended time of reception at their destination stations. The b e h a ^ u r  of pac 
while in their source stations is emulated whilst in the station’s input queue.

The attributes of the physical network must be used to calculate the respective delay bet^ 
transmission and reception of a packet. This transmission delay is derived from

• the length of physical links leading from source to destination, stations,
 ̂the speed of propagation of the packet on the medium and

- station hardware latencies.

Address fields in the packet event can be used for several purposes. Thus, & a rule of th1 
the source and final destination addresses must only be set in the packet being transit 
by a station before it is inserted in the GEL for processing*

cets
cets

een

ir«ib,
itted

!

Absolute event processing times of packets are Packet fields that afe used for meas uring 
points in time where the packet is created, transmitted or received. These fields can a'so be 
used for several purposes*. Thus these fields must only be set to their required valueslat the 
latest possible logical points in the program.

After a protocol object receives a packet from the network (sent from the GEL by theSa& 
object) it must reference the respective station status data for the protocol object to su. 
data receipt. This is achieved by using the receiving station’s address as the referenj

6.4.1.3 Take performance measurements

Performance measurements are activated by the protocol object. A structure called 
ticsType uses the fields o f ,the packet to collect the data for # e  required perfo 
measurements (of section 6.1.13). Th^ readings at the physical layer a rt prpniptec

S t a t i o n s  [ C u r r e n t S t n ] . S t a t i s t i c s S t a t e , p h y s _ e 2 e [  IP p k t'-> P ]

a d d _ d e la y  (IPpkt->fc*j,ecv t I F p k t-> tX m it)  ;
S t a t i o n s  [ C u r r e n t S t n ] . S t a t i s t i c s S t a t e  .p h y s _ _ th r u t lP p k t“ >i 
ity]. - “  % 1

a d d _ d a ta ( I P p k t - > P k tL e n ) ;

The readings at the user layer are prompted by;
' ' ° > ■" ‘1 

S t a t i o n s  [ C u i r r e n tS tn ] , S t a t  i s t i c s S t a t e . MAC_e2e[ l P p k t - > P r i

y ] - $ ’ . -  , ? ; a d d _ d e la y (m s g -> tR e c v  -  m S g - > tC r e a t io n ) ? i
s t a t i o n s  [ C u r r e n t S t n ] . S ta t is t ic s S ta te .M A C _ tk ru [ IP p k t* r> E > r
m -  , ' '

ad d _ d .a ta  (m sg -> P k tL e n /;.;«

6.4.1.4 Framing of data by the MAC layer lS |

All user data passing through the MAC layer to the network has protocol Control inforti 
overhead addetito it, This function needs to be reflected by the protocol object opeij 
The fragmentation of the User data into acceptably sized packets must take this Into ac 
too. The designer of the protocol object has control over where and when the ovei
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bytes o fa  packet are added to or taken off from a packet’s PktLen field. The Only important 
rule is that the adding or stripping of these bytes must be done between physical and user 
layer performance rieasuretnent activations. This rup) is n&essary as framing of packets is, 
performed between the top of the MAC (or user) layer e d  the top of the physical layer.

\  ° • ”» - = ^  .. 0 • : i  )b 1 n " "
6.4.1.5 Initialize protocol specific status data u &

„ |  « »o /  \ ° o  ̂ Q  O :
Two typeio f data need to tM2 initialized by the protocol object: 3 '

(1) ‘line protocol specific data needed by the protocol model for operating the network^ 
This data is comprised of fields local to the protocol object. , ^

(2) The station specific data needed by the protocol model for operation of stations on 
the network. This data is represented by an array handled by the protocol object. 
Each element of the array is a structure that is defined insidethe protocol object and

I contains the information necessary for making stations operate according to the pro* (3 
tocol. Each element of the array refers to one specific station on the network. =

. ' ■ ' “ ' 0 v 0 ' r, „ "
6.4.1.6 Connection management "

" ,  . ' ' r.»- <1. ' => is ' . '
Connection management is necessary as the reconstructed messages must be processed at 
the correct times ie. only after the message’s complete reception and reconstruction.

Destination stations keep track of all messages they receive via logical link connection 
structures, called LogicLinkType. T^here are ten pf these LogicLinkTypes per station in an 
array called LogicLinks and each LogiclitikType cart be used for managing one logical con­
nection to a station. One oithppjgiclittMtypes gets initialized at the destination when the 
first packet of a message is to be transmitted from the source. After all the packet's belonging 
to  one message are received at a destination and the message reconstructed, the!) corre­
sponding LogicLi:ikType is reset. ,j

Two fields of packets are used to aid implementation of this connection management: /
(1) The tXmit field of packets resulting from one message, are labelled with sequential 

numbers starting from fero. This enables determination of the first packet in the jj 
series belonging to bne message so tha t logical links can be established in the desfj- 
nation stations before the packets are  transmitted. /

(2) The tRecv field holds the original message's,cohnectiott identifier. The message j
. identifiers ensure that the correct I’ogicai link is referenced in the destination station 
for every packet received. This is the  sameas the MsgID field of LogicLinkType 
structures, it is Set^qual to n& jifjm ckeii^O injitessage * 10 + m d, where tn d  is 

„ a random number from 0 to 9- • c
tXmit and tRecv are both set \vhen thfe««;ssages are first fragmented into packets,

This connection management at the destination is illustrated by the: following skeleton code:

for (char g - 0; g<NoLo®Ejinks-; g++) f  
if (Stations[Currefitffi^n].LogicLinks[gf.MsgID IPpkt- 

" o >tRecv) { ' - ‘
a c . , % " \, »

IPpkt->tRecv *= tCurrent; // update tRecv correctly 
■' ; , , . before further pro- 

|i! ■ cessing



// take station' 
packet
‘ ’ s'̂ '"

// update static

physical layer measurements for this
■■ • y  ; - /

n's status "0 '

'/'! •'/} , " O : ° -J'* ' •• „ ■
h i ■' ■ ■■

>! v " 0
if (! Station^ [dtvrrentstn].kogicLinks[g].Nopkts) f

I I  close link and make a message ^
Packet* msg = (Packet*)IPpkt->copy(); 
if (msg) {
msg->PktLen 11 . ,,;1 0 J -

(Stations[GurrentStn].LogicLinks[g].MsglD/iO n 
c, -1) * (FDDImaxPktlen-FDDIOverhead) + IPpkt- 

yi >Pkt Len;
msg->Type = Message; {)
msg->tCreation = lPpkt->tCreation; 
msg->tXmit = IPpkt->tXmit; ,
msg~>tRecv = IPpkt->tRecv;
Stations[CurrentStn] .l»ogic£inks[g] .MsgID = 07 
Stations[CurrentStn].LogicLinks[g]iAdjStnNo = 0;

. 1 y ■'
// take station's physical layer measurements for 

this packet 0

delete mSg; " 0

' "  ’  >  /  ■ '  •'  ‘ '

> r I .... ' ..
., iii\ break; ■

' >  1 ,  . 1 ■ *  . 0i£ (g>=NpLogLinks) delete IPpkt; // ie* the packet has
been processed i ^

6.4.1.7 Manage the generated load

This involves 1
(1) converting the: generated messages (global data units) in the first queue of each station 

to data units (packets and slots) used by the protocol and
(2) sotting the messages in the first queue into the corrcct queues.

The messages represent the user datas needing ico be sent across the network to their 
destination stations. They must be fragmented into packets so that the MAC layer can transmit 
them in Viable fontl. This is achieved by fragmenting the data into packets of a size the MAC 
layer is intended to handle. Fragmentatiori is accomplished by duplicating the original source



message with Sts Type field set to DataPacket and the PktLen field (packet length) set to the 
maximum that the protocol will allow. This duplication is thus performed a specific number 
of times only, as demonstrated in the code listing below: ,

// PP points to the message to be fragmented 
// the identification for the connection is calculated here 

/  int ID = (pp->PktLen/(FDDlxaa^Pktlen-
FDDIOverhead)+1)*10+random(10);

' '' -V . f'*' ■ %■ "" ' '■
// check if enough memory is available for creating the 

■■ = packets ° " ,, s " " ; 1 “ ,
if (ID/10*(sizeof(Packet)+16) < farcoreleft()) {

0 0 " " " 0 0 "
o pp->Type * DataPacket; v 
‘ for (int i=0; i<int(pp->PktLen/(FDDImaxPktlen-

FDDIOverhead)+1); i++) ° „ f
np = (Packet*)pp~>copy(); 
if (np) { ..

J np->PktLen =FDDImaxPktlen-FDB-I Overhead;
0 np->tCreation = pp-^tcreation;
< v np->SchTime tCurrent+i*FDDIinterFragTime;
 ̂ “ v> np->tXmit =* i; v r " ... ■ '

° | np->tRecv = ID; ' " . ;i . ■,
/  L.insert(*np); // insert the new packet into t&e

* station's queue V

« } .. ,

<■ > ; " . ■ ■ " ■
if (np) { ° •- . . * "■ '-v"
np~>PktLen = pp->PktLen % (FDDImaxPktlen-FDDIOverhead) ;

delete pp; // rid of message as it should not
exist any more

If the station protocol model requires more than one queue to operate, all the messages 
generated are inserted into the first queue of the station and need to be sorted Into the 
correct queues. Exactly how this sorting is performed depends on how the protocol object 
uses the queues. For example, sorting may be done with respect to packet priorities dr 
destination station addresses.

6.4.1.8 Bit error detection ,,, 1

Packet errors are the results of bit errors. These bit errors are controlled-by the protocol 
object designer via the 'Bit Error Probability* input. This value, represented by the global 
floating point format variable F.rrBR, must be used to calculate if a packet is meant to arrive 
at its destination corrupt or not.
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ErrBR must be used in connection with the static floating point format variable trans- 
ntUPktr.accumErrkrob to determine whether a packet must be assumed as ’corrupt' or not. 
This packet corruption is determined by adding the probability of corruption of every packet 
transmitted tp transfnitPkt::accumErrProb. Wheh transmitPki::accumErrProb's accumu­
lated value reaches lithe packet currently being transmitted is taken as corrupted. The Error 
bit of the Flags fiejdin the cbivupted packet is then set to 1. « <2

This mechanism is not often used because logic connections opened in a destination station
may never,close when one packet in a sequence is never received. This 2s turned off by
setting 'Bit Error Probability* in the ilSer specified parameters to zero. The default value is
zero which has applied to all simulations performed for the MAN selection method-.

« „  ' „  f i  . :  *  * . „  ■ ■ «  „ -  . ■ ’ ■ “

6.4.1.9 Termination check activation « fl (

The Term inator object in the environment is activated by the scheduler for determining 
when a simulation must end. It is not meant to be referenced by the protocol object. Only 
when the ’Confidence interval termination’ condition is used for the simulation, must 
measurement data from the packet fields be used to*determine if the confidence interval,, 
condition is met. This measurement data is passed by: ' "

c.i_che.(Sk (msg, CurrexvtStn, IPpkt->Prioj:ity) f 5 0

where msg is the last packet received by the station, „
, 0 CurrentStn is the number of the station that received the packet, ,,

IPpkt points to the last packet received. /  ,

6.4.2 Implemeu

To examine how 
operation is exan

ting FDDI

the FDDI protocol is implemented, the operation of the MAC protocol 
ic ined in advancing levels of functionality. The m o st fundamental operations 

are examined and modelled first, then the functionality is added in stages and incorporated 
into the protocol model. When protocols are modelled, such evolutionary modelling steps 
must be chosen and ordered carefully so that each stage is realized easily and the additions 
made easily. Otherwise the model realization process becomes too complicated and 
modelling errors are easily introduced.

6 4,2.1 Representing Token Rotation
. ti. I _ iy ... ,; i  ,

The rotation of he token is illustrated in figur<V6.5a. The equivalent in the time domain is 
represented on the  time line in figure 6.5b by sequential events B, C, D and A marking the 
times where the token passes stations.

The symbols t j  Lfc>, L*. and on the network, figure 6.5a, represent the lengths of links 
between the stations. Lj represents the physical length of the token on the network. Ort 
fee time line, figjure 6.5b, the same symbols represent the equivalent propagation times for 
packets traversing links and token transmission time. '

■ i  ■' W ■; -One global packet is used to represent the token. All that happens for this behaviour to be
modelled, is



Figure 6.5 Token rotation representation in FDDI (a) on the network and (fo) to the time domain

- One station, consisting of the protocol object with referenced station status data, <•, 
Irbceive the token event, 1 <
- the station performs necessary internal processing triggered by the to|cen,
- the station schedules the token in the GEL for its receipt at the downstream nciigh- ' 

bour- / .  " " - - . / / . . .  » ■
The only delays involved in this process are the station’s hardware latency and the propa­
gation delay due tcj the length of the link between this station and its downstream neighbour.

6.4,2.2 Representing a Single Packet’S'Tra**smission ‘
i' o , o ■: l"

A token receptjonj will allow a Station to look through its input; queue to see if a packet is 
available for transmission. If no packet is available then the token is simply passed on to the, 
next station on the ring, as in the above section.

Otherwise, as shown in figure 6.6, the station places the available packet onto the network 
where it must thdfi propagate from its source station (A) to its destination station (B). After 
reaching the dzsijlnatfoh station, the packet continues around the network until the source 
station where it is eventually removed frorta the network. 1

SOURCE

EVENTS

u

<b>

' D A
A  ̂,' c. - ;

'///i " , .. . a

-JT1ME

Figure 6,6 Packfet transmission representation irti t-’DDl (a) ,i>ft the Sittwtirk fiihd (to) in the time domain
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This implies every time a station transmits a packet, the receipt of the packet by the destination 
station and the receipt of the packet by Che source station, ie. itself, need to be modelled. 
This requires that the protocol object must differentiate between whether, an input data 
packet is intended for the destination station or the original source station. The protocol 
object must then reference the correct station status data for further packet processing. This 
differentiation can be determined by the Last field in a Packet ,structure, which discloses the 
last station toN process the packet. If the Last field, is the same as the Srce field (giving the 
originating station of the packet) then the Dest field (the destination station address) gives 
the true addresVof. the station, otherwise the source station is being dealt With.

'When the source station schedules a packet to emulate packet transmission, it must include 
both "

- the packet transmission time (how long it takes to place the packet, first to last bit 
inclusive, onto the physical network) and > -

- the time taken for the propagation of the packet's last bit from the source station’̂  
Output port to the destination station’s input port.

All the physical link lengths from the source Around to the destination stations along with 
all the stations’ hardware latencies will contribute to this delay, After the destination station 
has processed the received packet (updating measurement data, etc.) it must schedule the 
packet for the source station again, now using the physical link lengths and the start 3n 
latencies from the destination station back around to the source station. a u

A source station may only remove a packet from its MAC queue after the copy on the network 
is received from the destination station and it has been positively acknowledged (the Copy 
bit of the Flags field in the received packet is set). Source an ̂ destination schedulings of 
the packet must also update the transmitPkt::accumErrProb field to see if a packet cor­
ruption must be emulated.

6.4.2.3 Representing, Multiple Packet Transmission v s ,

FDt)I stations are capable of transmitting several pavkets before they give up possession of 
the token. This ability must also be modelled. However, simple Continuous transmissions 
being sequentially scheduled during one event’s processing by the protocol objects is 
incorrect. Termination and generation events in the system may need to be processed during 
this long single continuous transmission period pf the station. These events could modify 
the current station’s State before its transmission period is over. The transmitting station 
might need to update its input queue during the transmission period. For example, message 
fragmentation could re-determine the next packet in the output queue transmission 
sequence. Thus, the protocol object will need to employ a special mechanism for multiple 
packet transmissions for the duration of the multiple packet transmitting process.

The method employed is to use a special event for activating a station every time it is to 
attempt placing a further packet on the network. A TwnsniitMode event is used. After a 
Station receives a token and it is possible to transmit at least one packet, it schedules the 
receipt of the packet at its destination station plus a TransmitMode event. The TransmitMode 
event is scheduled for itself at the end of the transmission delay for the packet After both 
these events are scheduled, the protocol object releases con trol for system event processing 
to take place. The TransmitMode event is then processed by the Schedule*- and the 
transmitting station resumes control with its last state of tranismiwlon. in this way every time 
after a packet is transmitted the station possessing the token (San Stftl try and transmit another 
packet that is due for transmission in the same transmission period.

" ■  ̂ ..

o
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Figure 6.7 Multiple packet transmission representation In FDDI (a) on the network and (b) in the time domain
v 11 ; - " . • " 11 .

As depicted in figure 6.7 the TrqnsmitMode events are scheduled for time points a, b and c.
These events are scheduled after the respective packets 1, 2 and & are scheduled for
receptions at the destination (assuming all packets ate destined for ithe samp station) for
times a’, b ’ and c’ respectively. It is important to remember that this can only take place
when there is time available (THT is positive) for packet transmissions. „ "

6A.2.4 The Timed TokSn Rotation Protocol

Figure 6.8 helps summarize how priority operation is implemented in FDDI. Frames of eight 
priority levels are processed, using eight corresponding time "values (referred to here as 
priority times). The lowest priority’s time is the largest. „

Figure 6.8 Priority class threshold tlljics for FDDJ's TTR (Timed Token Rotation) protocol

preference over other frames.



Implementing this rule, firstly requires the user to be able to specify the TTRT and the priority 
times. Thus an arniy of eight tim evalup must be created for the protocol object and user 
interface to make .reference to xsser specifiable priority times. Secondly, a routine that 
searches the input queue fo ra  packet to transmit must be inijplemented for the priority 
mechanism operation. This is achieVedby: ^

(1) from thefirst pStcket (closest to th& physical 
layer) to find the first p?.tket which has its priority’s time value less than the TTIT’s

■ value. n :‘*r> .->■ /  v ■ ..
(2) If a packet is not found in (t)  then Choose the first jacket in tSe queue. 0
(3) If no packet is the routine and release the token from the current 

station,



CHAPTER 7; MAN S^iUIATOR IMPLEMENTATION
’ o  ■ .

Significant issues pertaining to the actual implementation and development of the simulator 
ajre discussed in section 7.1. The testing of the simulator’s protocol models are then, pres­
ented in section 7.2. Section 7.3 thefi considers the assistance of the simulator in making 
decisions in the selection and design oftMANs,. , =

7.1 Implementation and Development of the Simulator
•, a  - . . "

The simulator was programmed in Turbo C + + VI .0 and named MAN8IM (MAN Simulator'). 
Several special features were used during program development are presented. A number 
of limitations also arose during the development and are thus also listed.

7.1.1 Features used for developm ent o f the program  ,
■■ - . "
To ensure efficient development of the program the following factors were taken into account 
and the necessary features implemented: ■

7.1.1.1 Ensure memory is used as efficiently as possible
# .. '

Dynamic memory allocation was used to implement the event mechanisms of the environ­
ment. In Turbo C-».- + this is achieved by the user claiming and reM sfog memory in finite 
blocks. As the resulting system was complex, possible leakage can result in the available 
memory if less memory is released tHsun was claimed. This will result in all memory being 
dynamically used up by some part of the system and hot enough being available for proper 
overall system operation. ^

To ensure this did not happen, special memory checking routines were designed to keep 
track of memory allocation. During development, as soon as a memory leakage problem 
occurred, it could be rectified. Three routines were crucial in this checking:

-7- ■ - ’ 
long int m em report (void); This routine displays and returns the available space at the 

,, top of the memory heap (memory available for dynamic allocation). This enables auto­
matic checking of whether memory that was allocated at one point in the program is 
released correctly at another point.

int map_heap (void); Here each block of allocated memory is listed to the screen so that 
the developer/ programmer can examine allocated blocks to see which object has not 
been released from the memory heap Correctly.

void list^objects (void); The layout of each object as it would be allocat ed on the mem­
ory heap is displayed on the screen by this routine. Using these memory dumps as a 
reference the developer could use map_heap to identify which object was incorrectly 
unreleased.

These routines were only used during the development phase of the program. The code 
that performed the memory checks was thus conditionally compiled using programmer 
switchable compiler directives during this period of development

7.1.1.2 Allow the tracing of operations performed during simulations

To help the developer the simulator's operations during a protocol’s simulation, all oper­
ations performed by the simulator were printed to screen as they occurred, A limited form



of this operation tracing was implemented into th €  Scheduler object. The Scheduler object 
would print out the event currently being processed along with the simulation time of the 
event’s activation. <>

Another form of tracing could bk controlled by the programmer. Using a programmer 
switchable compiler directive:, all operations performed by the protocol object could be 
listed to screen. However, the programmer would have to insert the print commands for 
each Action and make these print commands conditionally compilable using the compiler 
directive. D

7.1.1.3 Allow for short,simulations during the protocol model testing phase
: 0 ' Q V ’ ' ''

A simulation run using the confidence internal method of termination could take a long time 
to complete. Simulation durations using this termination method could easily exceed one 
hour. To delay analyses for such long durations during the operation testing phase of the 
protocol models was unnecessary. Control of the simulation duration during the operation 
testing phase would be necessary. Thus an extra simulation termination method was made 
available: the ’number of received packets’ limitation. This would allow the program user 
to trace a limited number of packet propagations through the network before returning 
control to the operating system. \\

7.1.1.4 Known accuracy of results for all methods of simulation termination o *

Terminating the .viulation via the time limited or packet limited termination options, will 
imply the required confidence interval might not be met. To provide a measure of the 
accuracy of the resulting measurements in these circumstances, the standard deviation for 
each network performance measurement is isupplied with the output results. Standard 
deviation was the only measure of accuracy used in the LANNET II.5 simulator (described 
in section 7.2.1). !l ,,

v • '•> O '
7.1.2 Limitations im posed on  the Environment by the Development System

Several limitations arose during the development of the environment of the simulator which 
lead to Some changes in the intended simulator’s behaviour. ))

- Due to the limited amount of memory, a finite maximum number of packets could 
exist during simulations. If the generated load increased faster than it was processed, 
the memdry could run out causing the simulator to crash. To prevent crashing, a mini­
mum amount of free space*,'^required after message generation for fragmentation 
and transmission of pap&etS. If this minimum space Could not be provided, the fttrtktSf 
generation of messages for the user load was inhibited. Thus in networks with large 
numbers of stations o r a load greater than the network’s capacity, the load could be

1 inhibited at stages thus making results inaccurate. The user must examine results with 
this fact in mind.

- To limit the Sizes of stations, the number of logical links a station could keep track of 
Was limited to 10. This implies that in network simulations with large numbers , of sta­
tions not all required logical links might be created. Thisieads to transmitting stations 
holding back packets of messages that can not be transmitted at the required times.
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- The confidence interval method of termination uses an object that requires a very 
large array of floating point numbers to monitor just one measurement in the Simula* 
tion. As memory must be used cautiously, only one of these objects was used for 
determining the length of s  simulation when required. ° g

„The value monitored was the end-to-end user layer delay of one station that was 
chosen at random when the simulation started. One station was chosen at random 1 
because it would imply that the rest of the stations would receive enough packets to 
approximately meet the same confidence interval construction requirement. These 

, stations5 precision in meeting this confidence interval requirement would depend on
, how equal the destination station mix was for generated packets. Generally some sta­

tions would meet the confidence interval requirement better than necessary, while 
others would not meet the requirement. However,;the overall effect would denote 
the average ehd-to-end user layer delay for the network would meet the confidence 
interval requirement. _

As the end-to-erid physical layer delay is directly dependant on She configuration of the 
network, it was not critical to monitor this measurement closely. This observation is - 
further justified by the fact that the end-to-end physlcal layer delay is a fraction of the 
end-to-end user layer delay. Thus, as the end-to-end physical layer delay is directly 
dependant on the configuration, hence a constant measure, its effect is taken into 

Vi account in the end-to-end user layer delay, ^
•- o ' ,  / ;  ‘V -

7.1.3 Protocol Limitations

Although each- protocol model will have limitations specific to the protocol, some limitations 
are common to each protocol model: s,

; - Protocol objects are not completely self contained because in some places in the aiser 
/  interface objects some protocol model specific inputs were required and owing to the 

/ initial user interface design these inputs were ’hard-wired’ into the interface, ie. they 
were coded as part of the user interface. This creates unnecessary complexity when 
implementing new protocol models Into the program.

- No MAC layer packet receive buffers are modelled. They would only be required if 
! implementation specific packet receiving details were modelled. It is assumed the

receiving software and electronics have no delays, as required in section 1.4.
o ’ , .

Protocol limitations in FDDI , ,,'

-As no implementation dependant factors are taken into account,the frame preambles 
and elasticity buffers in each station are fixed. The latency of the ring is taken to be 
fixed, thus all station transmitters operate at the same fixed frequency, the baud rate
of 125 MHz. \

1/ . " " '
* Only non-restricted tokens are used. Details on restricted tokens were nqt available. 

Protocol Limitations in DQDB

- No fairness mechanism is employed in the DQDB model as the standard used 
did not specify any ISO/IEEE accepted fairness mechanism for the protocft

- No erasor class nodes were modelled as information was not available on ii J



- The physical configuration's initially set up as a ring before the network configuration 
is specified by the user. The logical break is restricted to lie between the first and last 
nodes for the duration of the entire simulation^ This limitation was intentionally 
implemented in case the user intended the network be laid out in a bus tocology.

Protocol Limitations in Metroring ,, ,

)? - No Vast Forward option is implemented as it is only used foe frames indicating critical 
network failures * something not needing modelling. G  , ,

- A maximum of only 3 ports per station is allowed for the configuration of the network. 
This was to limit the memory used by Station objects.

r  °  c' - °* Each segment in the network configuration must contain at least one two port noHe 
between the^SENs at the ends.’ This was to simplify the construction of £he rotlting^ 
tables for each node in the network. °o l) a : •

- All routing tables are not dynamically updated but are created at the protocol initializ­
ation stage and used as static data tables for the duration of the simulation. No tem­
p o r a l  station status’ are taken into account to determine the routing table pathsf^This 
is to eliminate complicated routing table updating during the simulation. It/is assumed 
for this stage of tyTetroring development, that static routing tables will not aficect the 
performance considerably. . A

" • 0 . " p  <, ^

7.1.4 Extent of Program Testing

Two areas of the simulator’s operation have not been completely verified for correct oper­
ations . & .

- Multiple priority class use during a simulation. Only correct use Of c»'je priority class of 
packets in a simulation has been properly verified. The need for multiple packet priority 
operation of networks did not arise during the course of research. «

- Input and output packet streams to or from the simulator. The need for using special 
streams of packets for loading the network or the analysis of output packets did not arise.

7.2 Testing the Operation of the Protocols

A thorough testing of the implemented protocols of the simulator was not possible because:

- Feasible network measurements were not available at the time of simulation tests. Full 
working DQDB networks have not been found in South Africa. FDDI networks were 
too small (in terms of physical size or loading) for consideration. Metroring has no 
implementations.

- Actual working simulators were difficult to access. One accessible FDDI simulator, 
called IANNET 11.5, was used. Results from parameter driven simulation runs on this 
simulator are used. Other comparisons have been against results from papers which 
contain results from actual simulations. No complete Metroring simulator was avail­
able for comparisons.



The aim of the tests was to compare MANSIM’s physical layer throughput and end-to-end
user delays as a-function of offered load to the network. Series’ of at least 5 readings, offered
load at least ranging from 40% to about 100% of the network’s capacity, were taken so that
the trend of the measurements could he followed. The effects of handling priority was not,
studied, thus in MANSIM only one priority class was used,

D ■ . : o
7.2.1 FDDI Tests - <0 •, * ' „ ■■

Two sources, are used in the evaluation of MANSIM’s FDDI implementation.

88] to analyse performance of the FDDI media-access control protocol.
(2) LANNET II.5 is a simulator capable of handling many types of LANs including FDDI, 

This simulator was used with the permission and guidance of Mark Chodos of WEB 
systems,

Both these sources allow for the comparison of MANSIM’s physical layer throughput and 
end-to-end user delays as a function of offered load. They did not provide the measurements 
for end-to-end physical delays or user layer throughput comparisons.

7.2.1.1 LANES Results
■ M - ••

The conditions and parameter values used for the LANES simulations come from (Johnson 
88] and a^e: D <-■ o
U 'Sua. ■ , ' C; ' -■ °

Station hardware latency 60 bits <?
Number of nodes on ring 20
Distance between nodes 30 metres ,
Complete frame size 4040 bytes„
TTRT 40 msec ,

' 'Zp-> O' y . . . •
The values of channel utilization and average frame delay for varying offered load are given 
in section K.1 with figures 7.1 and 7.2 graphically representing them along with the other 
simulator results. The two kneasurcs here correspond to physical layer throughput and 
end-to-end user delays. (Channel utilization is a percentage representing the fraction of 

> Channel bandwidth being used, which can be taken to be equal to physical throughput, while 
the average frame delay definition for LANES corresponds exactly to the definition of the 
end-to-end usier delay.) -.-=5
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Figure 7.2 Average end-to-end user delay vs offered load (FDDI test results on three different simulators) 

7.2.1.2 IANNET II.5 Results

IANNETIL5 is a parameterised LAN simulator (just like MANSIM) capable of simulating FDDI. 
Network and simulation parameters are set as close to those used in the LANES simulation 
as follows:

11 ,

Fixed parametj\s (non*spedfiable): >
Medium Ca^>iiy (raw) 125 Mbps (j ̂
Frame overhead 44 symbols \

\  Symbols per frame 8956
 ̂ Synchronous Allocation 2,2jjsec

User specifiable parameters; n
User (MAC) Message size fixed at 31963 bits (3906 bytes)
Average frame inter-amval time (exponentially distributed, values given in section H.2) 
for each station , ,,
Number of nodes on ring 20 
Simulated time (run length) 1 sec
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Parameters that could' not be specified were: station hardware latency, distance between 
nodes and TTRT. It must be noted that synchronous allocation of bandwidth was fixed at a 
finite vaSue (2,2 usee) - this was inherently taken as 0 in the MANSIM and LANES as they did 
not take synchronous traffic into account, c

.. ... 1l ' ' o
The values of channel utilization and average frame delay for varying offered load using 
IANNET are given in section H.2. Figures 7.1 and 7.2 show these results along with the other 
simulator results. The required measures were interpreted from readings from the IANNET 
output report files: » . y

- Physical layer throughput comes from Percent of time IAN is busy

- End-to-end user delays comes from
(Average LAN request delay + Average LAN usage time1)
This is also equivalent to the weighted average of the stations’ Average execution time 
(weighted with Completed message transmissions^

These LANNET measurements are interpreted as follows: ^
Percent of time LAN is busy indicates the fraction of time the ring is busy transporting 

packets.
Average LAN request delay is the average amount of time a station will wait before claiming 

the token for transmission
Average IAN usage time is the average time used by the LAN to transfer the whole message 

from source to destination station. 0
Average execution time is the average of the complete time a station takes to transfer a 

message from the Source user layer to the destination station.
Completed message transmissions gives the number of message transmissions sent from 

this station to its destination Stations. °

7.2.1.3 MANSIM Results

The runs for the simulator model being evaluated use the same parameter values as used in 
section 7.2.1.1 With the following extra parameters: f

. i
Global network load ,
150 M bytes e
(given in section H.3)
4014 bytes (exponentially distributed)
40 msec „
0,48 usee
95% confidence interval construction for end-to-end 
user delay

. . ' . '
The valueSjpf average physical layer throughput and average end-to-end user delay for varying 
load are given in section H.3 With figures 7.1 and 7.2 being the graphical representations.

The average physical layer throughput for each simulator corresponds very closely to the 
LANES results from the paper. MANSIM cat! be said to simulate tb^/s»v5rage phy sical layer 
throughput for FDDI correctly for decision making purposes ie.' ihe trend of the line for 
FDDI in MANSlM and the accuracy of the results are very close to the other results (which 
are accepted as correct).

Load generation method 
Maximum generated data 
Average frame inter-arrival time 

„ User (MAiC) Message size 
TTRT I
Station Hardware Latency 
Simulation ending condition
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Trends of results for the average end-to-end user delay shown in figure 7.2 are very similar. 
The MANSIM values at the point where offered load is 100% of the medium capacity were 
much too great to show on this graph while the corresponding v?'ues for LANES were not 
available. It can b e  taken that the trends tend to infinity at the point where offered load is 
100% of the medium capacity for LANES and MAN$IM. The trend of LANNET 11.5 at the same 
point shows that the effect of  saturation of the medium capacity does not effect the average 
end-to-end user delay. This indicates that the LANNET II.5 model of FDDI is not as accurate 
as it should be when the effect of medium saturation comes into play.

One distihct difference in the LATHES and LANNET 11,5 Simulator models compared against 
that of MANSIM is that the MANSIM model Is mc r t  pessimistic (has larger delays) than the 
others by a margin that increases as the offered load increases. This difference is due to me 
affect of two factors: °

(1) Average end-to-end user delay is measured for massages originating from the user 
layer in MAN&IM. In MANSIM messages din then be fragmented into several frames 
if they are too large for the MAC layer to transmit in One frame. In LANES and 
LANNET the frames that are eventually transmitted are created at the user layer

. (above the MAC Jayei). ,') ^ •> ^
(2) Message lengths are exponentially distributed in MANSIM, while they are of fixed 

lengths in LANES and IANNET. c " „
In MANSIM, the proportion of messages larger than the maximum permitted by the MAC, 
which are also fragmented, would be the same for all values of offered load. The average 
end-to-end user delay for these fragmented messages is measured over at least two packet 
transmissions and thus causes the overall average end-to-end user delay to be greater than 
in the cases of LANES or LANNET.

7.2.2 DQDB Tests ,

Although many asynchronous load simulations of the DQDB protocol are documented in 
papers, they are mostly concerned with the problematic behaviours of the protocol like 
fairness. The results are mostly given ih graphical form showing indices like node throughput 
or average node delays against the node index (position of the node on the bus) [Banerjee 
et al 92 j, [Bisdikian 92], [Conti et al 91b], [Phung et al 5̂ 2]. Such results cannot be properly 
compared against MANSIM’s behaviour mainly since throughput and delay measurements 
are recorded at a slot’s destination station on the queue for MANSIM while similar 
measurements are recorded at the source Station for other simulators. Since MANSIM sets 
packet destinations randomly for each source station, it is not possible to trace these 
measured vplues back to their sourcestations. Another major problem with such simulations 
is that they investigate the incorporation of fairness correcting mechanisms with the protocol 
and most often results do not include measurements taken without fairness correcting 
mechanism^ included. ^

Conti et al [‘Conti et al 91a] use a simulation tool called RE5Q (research qUeueing package) 
to perform a similar task investigating the fairness Of DQDB. However he uses an index for 
fairness called MAC delay (which applies to the network in general) which is similarly defined 
as MANSIM’s average end-to-end user delay. This criterion, which is tabled as a function of 
offered load, is investigated and compared against MANSIM’S average end-to-end user delay. 
Throughput has a similar problem of whether it was recorded at the source or destination 
station * only overall network throughput would apply, but this is not addressed or tabled



in the paper [Conti e t al 91a]. (The factor favouring use o? results from this paper was that 
they were taken with and without the inclusion of the Bandwidth Balancing mechanism * see 
appendix B regarding fairness in FDDI.)

' ''' Ci O '' • • u , ’ •
7.2.2.1 RESQ Results .

The conditions and parameter values used in the RESQ simulations [Cdhri. e t al 91a] are:

- ' ' . .■ ■■ '73‘ "» ’ ,: ' ' '. ; '

Single Bus Capacity 150 Mbps *
Number of nodes on busses 50 0

r ' Distance, between nodes 1016,33 metres f>' " °
I  .Complete slot size " ' 5$ bytes .
'"))' Slot overhead (MAC) - 5 bytes H a 0

User message size 48 Ibytes (fixed)
Buffer s^ze 10 segments

One major factor affecting this simulation was the modelling of internet traffic, ie. slots 
destined for a gateway that would lead them to another IAN or MAN. Here 10% of the 
offered load was internet traffic and on each bus the gateway was a station situated at the 
end of the bus; This implied ttie destination address distribution is not uniform and can 
effect the measured throughput.

- II* ■ iv -  - ’
The average MAC delay, which is being measured here in the RESQ simulator, is defined ft 
as being the delay experienced by a slo1; from the time o f  its insertion into the distributed 
queue up until its complete transmission. .

The values of average MAC delay for varying offered load are given in section H.4 with figure
7.4 graphically representing them along with MANSIM's average end-toend user delay 
results. Onfy a small range of offered load is covered by these results as the aim of the 
investigation by Conti et al was o examine the behaviour Of the DQDB protocol under 
underload and slight overload conditions (respectively referring to an offered load slightly 
lower of higher than the medium capacity).

7.2.2.2MANSIM Results o

The runs for MANSIM use almost the same parameter values as usedia section 7.2.2.1. Other 
relevant parameters (or adjusted values) are: '

Load generation method Global network load 
Maximum generated data 5 Mbytes 
Average frame inter-arrival time (given in section H.5)
User (MAC) message size 48 bytes (exponentially distributed)
Buffer size 10 segments ;
Simulated time (run length) 2 msec

//•’' ,y 

Note that a confidence interval is not constructed in order to control the length Of the 
simulation. Initial confidence interval runs for DQDB were found to take at least 2 hours 
each. Instead, time limited simulation runs were performed as their simulation durations 
were approximately 1 hour long. r>

Three major differences exist between the MANSIM and RESQ simuiatot' DQDB models:

(1) In MANSIM no internet traffic is modelled.



(2) In MANSIM all nodes contribute thesame percentage to intranet traffic (slots destined 
"for nodes on this network). In tne RESQ model each" node generates amount of o 
intranet traffic proportional to the number of downstream nodes. Although the effect 
of two busses implies each station contributes an equal percentage to intranet traffic
in RESQ, ths adtual process of generating adestination node address for a slot differs 
from that of MANSIM. MANSIM generates destination addresses using a uniform 
distribution over the range of node addresses. RESQ would generate addresses for 
slots by considering the position of the source node on a bus and then using a uniform n 
distribution fpr only the range of'the number of downstream nodes from the source „ 
node. These two methods 'will produce slightly different resultv during short simu­
lations because RESQ will intentionally portion the load from a station between the 
two bosses, while MANSIM will only determine the bus for transmission of a slot from 
its intended destination address. When the mix of destinations for a node is unbal­
ance^, Which is most likely to occur during short simulations, the destination dik- ' 
tribuiio^ for MANSIM, it will be slightly less balanced than that of RESQ. A

(3) Thc?L)QDB input queue’s behaviour differs for MANSIM and RESQ when it is full., 
MANSIM’sJ;xtra slots are delayed, while RESQ’s Slots are discarded.

The values of average end-to-end user delay and average physical layer delay for varying load 
are tabled in section II.5. Figure 7.3 graphs these results. 1 »
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The physical layer end-to-end delay in MANSIM is equivalent to the propagation delay of the
packet, As the average physical layer end-to-end delay is a component of the average user 
layer end-to-end delay for MANSIM it is possible to represent the DQDB access delay more 
accurately. The access delay for.MANSIM DQDB is thus taken to be the difference between 
the user layer end-to-end delay and the physical layer end-to-eod delay.

Figure 7.4 graphs (1) the MANSIM DQDB average access delay, the (2) average MAC delay 
fcr the RESQ results and the (3) ideal access delay characteristics for DQDB [Hullet et al 88],

Figure 7.4 Average access delays vs offered load (DQDB test results).

Hullet [Hullet et al 88] gives these ideal access characteristics fbr a DQDB network operating 
under the following network parameters:

Single Bus Capacity 100 Mbps
Number of nodes on busses 50 
Distance between nodes 2000 metres
Complete slot size jj 45 bytes
Average user packet size 100 bytes

There is no precise equivalence between either simulator and the ideal access delay 
characteristics for DQDB, even when the load is below 90% of the link capacity. Three factors 
Contribute to this difference:

" ' - w



o O
erived from s configuration with inter-ndde spacing of 
ors’ configurasion has a inter-node spacing of 1816,33 
s thus presem when.considering the Ideal characterise ir_

»us capacity was only 100 Mbps for the ideal case but 
Higher access delays would thus be present in the 
B. . ■■ "" ". 1V , '
eristics, Hullet et al used a shorter slot size than that 
would decrease the average access delay slightly. ; 
why the ideal characteristics differ from the simulator 
comparison of the simulator and ideal characteristics, 

nalteed to the simulator operating parameters. It was 
cities was the factor that affected the bus access latency , 
ncies and slot sizes do not differ tremendously as does 
:er by a maximum of 10%, slot sizes differ by about 16%, 
(0% thus being very significant even when bus capacity 
work (The differences iare measured as the ratio of the 
average o ff be two values.) °

' • " i) 
s a constant, the bit speed the cables are operated at,
£ the cable. Accessing the bus now requires more time, 
ass it, The ideal access delay characteristics for I)QDB 
isidering the Operating speeds for both sets of network 
MtieiSi ” • ., " .
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thus1 shown normalized to the RESQ model’s network
. , . ,  (l D O ' .

SIM access delay confidently follows the same trend as 
offered load, a difference is visible between the MANSIM 
1SQ measurements. The RESQ simulator measurements ^
i  the ideal alter about 105^ \of offered load (the ideal 
10055 ofthe  offered load [Hullet et al 88)). Thus both 
/hen the network becomes saturated. It is assumed that 
£ simulators account for this difference.

user end-to-end delay will then be taken as acceptable
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Figure 7.5 Average access delays vs offered load (normalized DQD B  test results). )

7,3 Application of the Simulator in Making Decisions ;

In section 6.1.1.3 throughput and delays are selected for comparing each protocol being 
JJexamined, to determine which protocol performs best for a given configuration and load. 
To make clear decisions, comprehension of delay and throughput indices is important in 
interpreting each of these simulator output measurements.

As decision criteria, the user layer delay and throughput measures should take primary 
importance. Delays take priority at the user layer, as they take bod) physical configuration 
and user Contention on the network into account. User layer throughput will not take 
precedence as it is mainly dependant on the load generated b f  the users. This prioritization 
of indices is possible because the more design parameters an index reflects, the more 
applicable it is in the decision process.

Ideally, the user layer throughput should follow the offered load from the application. As 
the capacity of the medium is reached, the effects of saturation make the throughput level 
off to a constant value. Protocol efficiency, which Is less than 100% for real protocols, will 
cause the real user layer throughput to fall below the ideal value. Iind-toend user layer 
delays should generally only become very large when the offered load equals or exceeds 
the medium capacity, End-to-end user layer delays wiil also be Subject to the nature of the 
medium access method and the effect of packets queued in the user layer input queue.
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At the physical layer, throughput reflects how well the network’s physical capacity is utilized. 
This indicates when a data path in a network requires an extra link to reduce saturation. The 
physical delay reflects the physical size of the network, in terms of number of stations and

1 physical link sizes. It indicates an optimally arranged network configuration (minimum 
. end-to-end physical layer delays). ,

Thus the physical layer indices are most useful for designing network configurations and 
load allocation layouts. The user layer indices are best at providing the performance 
measures thatallowselection of MAN protocols for solving a load and configuration problem. 
After all. the real decisions are based on what the Users of the network require.
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CHAPTER 8: APPLICATION OF COMPARISON METHOD

T h e  application of the study of comparison methods is discussed in this chapter. Information 
on an existing LAN backbone was available and precipitated an illustrative investigation into 
which of the three investigated MAN protocols performed best in place of the LAN backbone.

8.1 LAN Backbone Investigation

The LAN backbone spans about 2 km^ and is used to interconnect 32 buildings into a ring-like
ii topology. The current protocol used is the IEEE 802.3 Carrier-Sense-Multiple-Access with 

Collision Detection (CSMA/CD), better known as Ethernet. The bus architecture required " 
for the protocol to operate correctly is formed from the ring-like topology by segmenting 
the ring into 8 CSMA/CD collision domains using bridges at the collision domain boundaries 
as in figure 8.1,

Figure 8.1 The given. LAN backbone topology

An investigation into which MAN protocol would best suite this backbone's implementation 
is undertaken to illustrate how the comparison method works. We also examine (1) the 
connection of buildings as individual nodes and (2) the connection of LAN domains to the 
backbone to see which method of configuration to the backbone is most efficient,

8 .1 .1  The Nature o f the Problem

Information on this backbone included the configuration of the backbone but no physical 
link sizes, time relative traffic measurements for each collision domain and limited general 
background information regarding the bridges and management system used for the 
backbone. - However, not all of this information proved useful:

Collision Domain Traffic Measurements: Utilization and frames per second were given for 
every 10 minute interval over one day for a measurement site on the network. Eight 
measurement sites, each located on one domain, were monitored to derive: the traffic 
profile for each domain oh the' network. However, utilization does not help deter­
mine loading profiles (which would help in the MAN applicability analysis) for each of 
the collision domains as it is the resulting load that is measured. The only notable 
observation made from these readings is that the load for the backbone averages 10%.



Management System Operation: Bridge and network management was described briefly 
only mentioning the degree of control a network manager has over the network. ,

Bridge Operation: The local bridges for the backbone are controlled from one station 
using Bridge Protocol Data Units (BPDUs). The functions of the BPDUs were only 
briefly listed giving no useful technical details when considering network behaviour.

The configuration of the backbone (figure 8.1) provided:
- The number of buildings (nodes) on the backbone

^  The configuration of the backbone (one^T.''with two back-up paths)

It did not provide information on: "
- Load placed onto network by each station
- Physical link lengths ,, v'

For the investigation to be plausibly, several assumptlpns were made:
(1) The back-up paths (in figure 8,1) separate collision domains. Eight distinct collision 

domain loading profile measurements were identified but not all collision domains 
are identifiable in the given configuration. The back-up paths serve as ideal bound­
ary points as they would separate the backbone into 8 collision domains.

(2) A loading is assumed for the network, each node (building) Contributing equal 
amounts. In the simulation case where the collision domains connected to the back­
bone, load from each collision domain (modelled as individual nodes) is propor­
tional to the number of nodes on it.

' (3) The ring circumference is taken as 6 km because the circumference of the 2 km^
area is assumed to be formed by a rectangle 1km x 2kr<l. Nodes are spaced equidis­
tantly around t he ring. In the case o f collision domains connected to the backbone, 
the distances between the collision domains are taken to be proportional to the 
number Of buildings on the collision domain.

8.1.2 Comparing the Perform ance o f  FDDI, DQDB and Metroring as Backbones

Functional and analytical comparisons do not apply in this case because such requirements 
have not been specified or assumed and, thus, the respective parts of the study of comparison 
methods will not apply. Simulation of the backbone will prove to be the best way of 
determining which o f the three protocols will apply best to it. The primary index (also see 
section 7.3) used to determine this would be the average end-to-end user delay, for it the 
most noticeable effect at all levels of user level loading. User layer throughput, will be the 
secondary index here, as it only becomes significant in situations where overloading (load 
is greater than the network’s capacity) at the user level occurs (and this is rare in reality).

Dahl and Harris [Dahl et al 93 J also investigate the matching o f protocols to network con­
figurations and loads, They perform similar simulations for the same configuration.

8,1.2.1 Parameters for the Simulations v ,

For each protocol examined, a slight variation in parametervalues and network configuration 
and loading is required. Five simulations for each case are performed where the offered 
load takes on values from 50% to 150% of the medium^ capacity so that the effect of load 
variation is taken into account, (The actual load averages 10% of the medium’s capacity but 
this is Impractical to this investigation - we wish to look at situations where the MAN tech­
nologies investigated are used because of their potential.)



For each protocol investigated, the two proposed methods of configuration, (1) the con­
nection o f buildinjgs as individual nodes and (2) the connection of LAN domains to the 
backbone, are studied seinXrately.

« 4 ;.f ' —
FDDI | u ^

Buildings on the Backbone ° '

The configuration for FDDI consists of 32 stations in a ring topology spaced equidistant 
from each other by links of 187,5m in length. Figure 8.2 illustrates how the link nutnbers 
and port numbers generally work for the specifications of the configuration in the simu­
lator. For this simulation the user need not specify all these link and station relationships 
as the simulator sets up the basic ring structure automatically. Note that for FDDI only 
one port link specification is required, while for DQDB two port specifications need to be 
Specified. Every port specification in the configuration refers to a unidirectional link. Hence 
FDDI stations have one port per station for the unidirectional ring and DQDB stations 
have 2 ports per station for the bidirectional bus topology.

The other parameter settings are (other simulation parameters use default settings):

Load generation method Global Network Load
User (MAC) Message size 4474 bytes (exponentially distributed)
Maximum generated data 200 M bytes
Average frame inter-arrival time (given in section I.la )
TTRT 10 msec
Station Hardware Latency 0,48 usee
Simulation ending Condition 95% confidencc lnterval construction for end-to-end

vi user delaj 1
a

Collision Domains on the Backbone

This configuration uses 8 Stations in a ring topology to represent the 8 collision domains 
connected onto the backbone. Figure 8.3 specifically illustrates how the link numbers, 
port numbers and link lengths (LEN) work for the specifications in the simulator for this 
case. The weighting factor for each station (WT) refers to the relative load weighting 
required to Simulate the loading of the respective CSMA/CD collision domains. See section 
I.lb  as to its use.

'Hie other parameter settings are:

Load generation method Individual Station Load o
User (MAC) Message size 4474 bytes (exponentially distributed)
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o Figure 8.3 Collision domain repr«<

Maximum station: generated 
data 10 M byt<
Average frame inter-arrival time (given in 
TTRT 10 msec
Station Hardware latency 0,48 (jsec
Simulation ending condition 95% cionfi * 

user dela)

DQDB 

Buildings on the Backbone
' ' 

The configuration for DQDB is virtually the satr 
simulator automatically sets up the basic ring  ̂
specifications are used for every station. jj

o J1
The parameter settings relevant to this particul

Load generation method Unique S
Useir (MAC) Message Size 48 bytes I
Maximum generated data 1 M byteis 
Average frame inter-arrival time (given in
Simulation ending condition Simulate

to approximately 1 hour. Confidence inter 
simulation to continue for at least 2 hours.

Collision Domains on the Backbone

Tin's configuration for DQDB is again virtually

The other parameter settings are:

Load generation method 
User (MAC) Message size

Unique 5 
48 bytes
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Maximum station generated
data 1 0 0 Mbytes
Average firame inter-arrival time (given in section I.2b)
Simulation ending condition Simulated time of 2 .msec

Metroring ^

For Metroring, thei two configurations consist of 2 extra stations to allow representation t>f 
the back-up paths as shown m the original topology. Refer to section '7.1.3 as to the reason 
for this requirement. These Metroring topologies thus have 6 Segments.

Buildings oh the Backbone «

Shown in figure 8.4 are thelink numbers and port numbers, which work slightly differently 
than before, in order to  take these two extra stations into account. It is thus necessary for 
three outgoing links for each station to be specified. The user mur'i specify the special 
connections for node numbers 1 ,11 , 20, 25, 33 and 34. The two <#ctra stations, 33 and 
34, will generate no load, ( ,

Non-default parameter settings ares

Load generation method Unique Station Load
User (MAC) Message size 4079 bytes (exponentially distributed)
Maximum station generated
data 200 Mbytes
Average frame inter-arrival time (given in section I.3a)
Simulation ending condition Simulated time of 5 msec

The simulation ending condition was again simulated time. As in DQDB simulations, it 
restricted the simulation duration to approximately 1 hotir. \ ,

The large simulation durations encountered for confidence interval terminations in DQDB 
and Metroring was due to their protocol model implementations. DQDB and Metroring 
models used polling events, analogous to the TransmitMode event used in FDDl’s model 
(section 6.4.2.3). The main difference is that these polling events were activated for every 
Station on the network every few microseconds of Simulated time. This caused the

simulations.
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Figure 8.5 Collision domain representation on Metroring c 

The other parameter settings are:

Load generation method 
//User (MAC) Message size 

^  Maximum station generated 
data
Average frame inter-arrival time 
Simulation ending condition

8.1.2.2 Performing the Simulations

Setting up of the parameters in the simulator should b e  followed in a particular order for 
each particular simulation. As all parameters have default settings upon start-up, not all 
parameters need to be set and thus only the necessary set is given. If the settings for each 
simulation are saved on disk, one can load these in using step 5 only ahd then proceeding 
to step 6. Sequentially they are:

Simulation Options

MAN Type - This is Set to the protocol being studied,

Simulation Termination Method * Time Limited Simulation or Confidence Interval Precision 
Limited methods can be selected. Confidence intervals of 95% are used fm* terminating 
FDDI simulations while DQDB and Metroring are time limited (as given in their para­
meter Settings). „

Network Load Characterising Method - For the cases where buildings are Connected to the 
backbone, the ’Stochastic - Globally for Network’ option is chosen, while for cases where 

_ collision domains on the backbone are simulated the 'Stochastic - Unique for each 
.. Station* option is used. 1

Unique Station Load
4079 bytes (exponentially distributed)

loj M bytes
(grven in section I,3b)
Simulated time of 5 msec



Edit N/W Giobals

This option brings up a screen referred to as a value panel. This simply displays a list of 
user specifiable values ir/a menu-like fonnat. Any o f the displayed values can be changed 
by simply pressing the corresponding letter labelling the value and then entering the number 
or string. This process is terminated by pressing ESC.

Only Station Hardware Latency needs to be set when FDDI is simulated. (DQDB and 
Metroring are assumed to have no station hardware latency.)

Edit N/W Topology

This allows the user to specify the network’s topology in detail. There are two parts to this 
editor.

I;  ̂ ,

Starting the Editor

When option C is chosen for the first time for a simulation, three parameters need spec­
ifying: 1

(1) The number of stations on the network. For FDDI and DQDB this value is either 32 
or 8 - depending on whether it is buildings or collision domains on the backbone. 
With Metroring it becomes either 34 or 10 respectively, as two extra station are

,, required in specifying the two back-up paths (see figure 8.1).
(2) The ’new’ station defaults need’ specifying. First of all the New Lirik Default Length 

must be specified for all new generated links’ initial lengths. It is best to enter the 
value which occurs the most in the actual topology specifications and then change

j; the other link lengths to the correct values later.
(3) The default station loading statistics then must be'specified using a Node Load 

j Specification value panel. The average message inter-arrival time, average message 
1 length and majdmum amount of generated data are the values in this value panel,
| Again the set of values which will occur the most frequently for a Station on the 
f network should be entered here.

- I  . ■ . . . .

If  thjls editing option is not being chosen for the first time for the simulation, an alternative 
introduction asks if the iiiser wants to change the number of stations on the network. If 
the number o f stations dire increased, then the parameters mentioned above need to be 
specified for the extra stations added onto the network. Whether stations are added or 
subtracted from the network, the first and last stations are always linked together by the 
editor thus this might need respedfying.

Changing Specific Station Characteristics

An editor is then shown, displaying the physical link characteristics for each station. 
Individual stations can be then be selected using; the cursor keys to point to the station 
and the ENTER key to acknowledge selection. Generally two steps are then taken in 
changing a station’s link characteristics:

(1) On DQDB and Metroring networks more than one Outgoing link per station is used. 
To select which of these links to edit, press the number of the corresponding out­
going port number,

(2) A value panel is then displayed where Station ID, Lirtk Number, Adjacent Station 
Number and Link Length can be changed. Station ID need hot be specified for these 
simulations, but the other three values sK ^ ld  be corr ectly specified if the defaults 
generated ay MANSIM are not as required.
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This editor Is ended by pressing ESC. , ,,

Edit N/W Loading °

This option will induce an individual station load editor if the loading is to be unique for 
each station ion the network. If the network is globally loaded, one Node Load Specification 
value panel allows the specifkations to be set. In the former case, a station will need to be 
selected using the cursor keys before a Node Load Specification value panel allows a station's 
load behaviour to be tailored. This editor is also exited by pressing ESC,

Loading Simulation Settings
. ' o ■

Option G on the main menu 
simulation parameters. Optio 
selecting this, one might be pi 
(when they have been recently 
and then enter the name of the file with the simulation details.

Performing the Simulation

leads to a sub-menu for loading and saving whole sets of 
n D allows simulation settings to be loaded from disk. After 
ompted as to whether current settings are to be overwritten 
changed). Press Y  to acknowledge that toaidlng is to proceed

Selecting E brings Up the simulation status screen which is displayed for the duration of the 
simulation. When the simulation ends an alarm sounds periodically. The user then returns 
to the main menu by pressing any key on the keyboard.

Examining the Results n |

Option F on the main screen al|ows one to examine the results.

jft is best to save results to file by pressing option A any entering the output file name, The 
results are stored In ASCII format and can be examined using an editor Or evenfrom DOS 
by entering the command j|"

TYPE <file> | MORE !; ‘ ' .
where < file > is the name of the results file.

A special results viewer can t jie  used by selecting option B, First the general simulation 
statistics and settings are shovtin - then screen is passed by pressing any key. The follbwing 
three screens show consecutively Average End-To-End Delays, Average Queue Delays and 
Throughput for the network and for each o f the stations. The next screen is displayed when 
E$C is pressed. After all thr«e screens are viewed and after ESC pressed again the user 
returns to the main menu. Oijfly one station’s statistics are shown at a time, To view several 
station’s statistics the cursor keys must be used: UP and DOWN switch between consecutive 
station statistics displays. PG UP and PG DN switch between station statistics displays in 
jumps ibf 5. HOME and ENIi jump respectively to the first or last of the Station statistics 
displays. ■ I c »
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; 8 ,1 .2 3  Results and Conclusions

Section 1.4 gives the results of simulations with figures 8.6 and 8.7 showing the results for 
the two cases: (a) buildings connected to the backbone and (b) collision domains connected 
to the backbone.

«

Offered lo td  {Ifttpt)

Figure 8.6 User layer throughput vs offered load when using FDDI, DQDB anil Metroring for CS1R backbone

The graphs allow easy comparisons as the trends for each type o f MAN can be easily observed. 
Virtually all trends are distinct enough for reliable decisions regarding performance.



The DQDU results have two very opposing characteristics. The delays are extremely small 
favouring high speed logic:*! connections but the throughput behaviour definitely does not 
follow thd users’ requirements ie. offered load, The throughput does not follow the users 
requirements as; at least 50% of slots are not ful|y used; ie, due to the exponential distribution 
of the user message lengths many slots are noli filled up with user data. Due to the message 
length distribution, the slots get used very ine fficiently for data throughput.
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The FDDI delays are very substantial in overloaa conditions (when offered load is greater 
than the medium capacity) and so is the saturation of the throughput. Only in, underload 
conditions would FDDI’s behaviour be acceptable. b

u. 17 '* o ’ _
Metroring’s delays do not vary greatly as the offered load varies and i| offers the necessary 
bandwidth to allow the throughput to follow the users’ demands fairly well.

When considering whether buildings connected to the backbone, or collision domains 
connected to the backbone are more efficient, significant differences are visible when 
studying the throughput o f the three types of MANs, The niost notable difference is in the 
performance of DQDB’s throughput. For the case where buildings are connected to the 
backbone, the throughput increases steadily as the load increases to 125 Mbps and then 
levels off. Howeverj; when the collision domains are taken to be connected to the MAN* the 
user layer throughput rises steadily and then drops after the offered load exceeds 125 Mbps.

" Ci> ' '  ’ ' n
FDDI, on the other hand, hardly changes its throughput performance in the case for which 

1 collision domains are connected to it. Metroring shows a noticed improvement in matching
the throughput to the offered load when the collision domains are connected.

! ■ * ,t,
As average end-to-end user layer delay is the primary index for determining the MAN best 
suited for a backbone, the following prioritization of MANs can be used: > l

(1) DQDB - the lowest average end-to-end user layer delay ail round
(2) MR - the next highest delays but also fairly constant u
(3) FDDI -jafter an offered load of about 80 Mbps it has the largest delays which increase 

to corrj pletely unacceptable levels

average end-to-end user layer' delays index give a distinct way of selecting MANs, 
:r throughput of each MAN must also be considered. In this case study, con- 
throughput is ejsential as DQDB performs best when it comes to delays, but 
it comes to throughput. Further assessment o f the protocol performances 
:essaty for determining a viable protocol to solve the problem.

put characteristics of FDDI and Metroring are thus studied. FDDI is observed 
oorly with respect to user throughput when in overload. Metroring is noted 

applied load very well, as the user throughput is almost proportional to the 
Thus considering how well protocol handle the throughput, Metroring 

f  choice. „ „

Although the 
the user lay< 
sideration oj 

, worst when 
becomes nei

The through 
to perform |j 
to handle ti 
applied load 
becomes furs

In finally co 
deemed acd 
30 msec for 
first choice, 
domains.

lisidering Metroring’s average end-to-end user layer delays, Metroring can be 
ptable, even though its delays are at least 100 times greater than DQDB’s (about 
vietroring, about 15 Msec for DQDB). In this Case where Metroring is taken as 
t is obvious to configure it as a backbone with connected ethemet collision

V

0
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(2) Factors affecting protocol selections could be interpreted as indices or quantified, in 
order to aid evaluation of protocols.

This lead to a number o f assumptions. These assumptions were made as they defined the 
area of research more clearly and eliminated a number of protocol variables, such as internet 
effects and implementation dependant factors, that would expand the scope of research to 
unmanageable proportions. These assumptions were also reflected in the design of the MAN 
simulator where a special version o f  the protocol stack is used.

Section 1.5.1 identifies the factors affecting performance in all classes of networks. All net­
works can be described in terms of the same set of basic elements. MAN performance would 
then be dependant on all of these factors.

In section 3-3 these factors were examined to identify indices, or attributes, that are used to 
compare different MAN protocols with each other. The indices selected could then be used 
objectively for determining MAI'ppsrotocol performance. The assumptions and limitations 
behind these choices did not restrict the validity of the chosen indices for performance 
comparisons. Rather, the choices considered a vast scope of factors affecting MANs from a 
common frame of reference (the assumptions and limitations of the study). Once the three 
methods o f comparison were established, Indices for each method of comparison were 
selected from these chosen factors. I!

9-1 Unique Features of the Study

The method o f comparison encompasses several unique features:
- Several unique methods can be used for comparing protocols against each tjkher.
- Established protocols through to protocols in the conceptual stage of development can 

be evaluated and compared,
■Any number of protocols can be incorporated into an existing Set of evaluate®. protocols. 
Any selection of protocols from this largeset of evaluated protocols can then be compared 
against each other.

-This method of comparison applies to MANs. Other comparisons apply, by a, id large, to 
LANs and WANs.

9.2 Application of Methods for Solving Problems

Each method of protocol comparison has distinct advantages and disadvantages.

9.2.1 Functional Method o f Protocol Comparison

The functional method of protocol comparison allows a choice of a MAN protocol based 
on how well the compared protocol's meet prioritized functional requirements, The more 
abstract form of protocol performance is thus analysed by considering the qualitative 
requirements for the network’s performance, :



o

This is the more difficult comparison method of the three available methods to apply to 
a problem, as the principles behind the criteria here, are subject to evaluation of protocol 

^  rules, ie. a qualitative assessment of the protocol is required for every criterion o f this 
comparison method, This comparison method compares protocols relative to one 
another. Thus, it is important to consider o f all the compared pbtocols simultaneously 
when evaluating which protocol meets a criterion best. -

9*2.2 Analytical Method of Protocol Comparison

The analytical method of protocol comparison allows the choice of a MAN protocol based 
on protocol performance under a standard network configuration.

Hie comparison method also enables alteration o f the parameters of the standard con­
figuration to suit the problem’s requirements as close as possible. The basic behaviour 
of the physical and MAC layer is represented by idealized throughput measures and 
physical delays allowing a limited amount of implementation factors to be taken into 
account Thus the idealized performance of a MAN is represented to allowseveral protocol 
and topology architectures to be effectively compared.
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9 2.3 Simulation Method of Protocol Comparison

With the simulation all details of the asynchronous load and the intended configuration 
allowed the user to examine which protocol meets the network’s requirements best.

White the user layer measurements are suited to the comparison of MAN performances 
and the planning of the load allocation on the network. This illustrates how practical a 
tool simulation could be.

Each o f these methods of comparison thus have varying levels of practicality and require 
different depths of analysis. Note that when protocols have been analysed for the functional 
and analytical methods of comparison, no extensive analysis is required when considering 
the protocols again in further MAN selection problems. New network problems requiring 
comparison via simulation, require re-assessment of protocol performance for every protocol 
considered. The applicability of each method of comparison is summarized in table 9.1.

MAN Comparison 
Method

Practicality in Solving Protocol 
Selection Problems

Required Depth of Analysis 
for New Protocols

Functional Qualitative and abstract 
requirement analysis.

Comprehension of rules for 
all protocols considered.

Analytical Idealized performance of man 
protocol and topology archi­
tectures. ;

Analysis and derivation Of net­
work topology related indices.

Simulation Choice of protocol and conf­
iguration for specific network 
problem.

Breakdown of protocol func­
tioning and design Of a proto­
col object, . ,

Table 9.1 Evaluation of resulting MAN comparison methods

The Functional and Analytical methods are thus easiest to apply when the method has 
evaluated many protocols over the long term.
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Each comparison method was applied successfully to the three example protocols. The 
protocols used in the illustrationof the MAN comparison method’s application are at different 
stages o f the network protocol development life cycle. This range of maturities of these 
example protocols shows just how the study o f comparison methods can be used in selecting 
MANs for future requirements. This implies long and short term networking solutions can 
be reached by using it. Well established technologies as well as newly emerging protocols 
can be compared against each other using this method, thus achieving the aim of the 
investigation.
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CHAPTER 10: FURTHER RESEARCH
■'__ . . . u  .

The functionality or procedures for the. MAN comparison method may be developed further. 
Research in several other areas would make the MAN comparison method more general in 
scope: ,  ̂ ;i ^  ■■ " °

10.1 A Detailed Comparison of Reconfigurability and Expansibil­
ity of a Topology

< The method for functional comparison of MANs requires more research for analysis of the 
reconfigurability (section 4.3.2) and expansibility (section 4.3.3; o f a network topology. 
The effects o f the currsnt configuration of a network should also be taken into account 
when looking at these criteria. The complexity with which stations are arranged on the 
network needs to be taken into account, as mentioned in section 4.3.1.

, o
10;2 Indices for Aiding the Functional Method of Protocol Com­

parison 3 0

Section 4.5 proposes an extension to the functional comparison of MANs. If the criteria 
for Choosing the MAN protocol could be weighted, a more ngourous procedure for 
chocsing a MAN in terms of functional requirements will result. This, however, requires 
each criterion to be represented by an index that measures the absolute effectiveness of 
a MAN protocol’s ability to meet the criterion,

10.3 Faster MANSIM Protocol Model Operation for Simulation

Computer network simulation is a complex topic. The example protocols have been 
modelled in a straightforward way for application to the simulator environment (section ̂
6.1.2 and 6.1.4). Hojvever, the protocol models could be derived differently via Other 
modelling techniques. This can result in more efficient model operation when more 
current simulation techniques are applied.

10.4 Internetworking of MANs

The interconnection of separate MANs should also be investigated further. This will entail 
taking internetworking effects into account in the procedure for MAN performance com­
parison. Evaluation of several internetworking effects is possible:

- ATM switching between MANs. This requires all packets requiring routing to be 
broken down into fixed length segments (or slots, for DQDB), ,0

-Expansion of MANs to CANs - country-wide area networks. Tin’s effect is achieved 
when Metroring networks are o f  a scale where several Metroring regions exist

- linking MANs, as is required for extensive networks using FDDI and DQDB.

The results o f research in this area, may help network developers to direct efforts to the 
option which will have the best long term benefits to the networking industry.

0

C/
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" ° " u s? ^  J '■10.5 Generalization of the Comparison Method for all Classes of 
■ Network L , .. * ,

• ,,o  ̂ 0

The procedure o f MAN performance comparison can he generalised hi several places to 
allow the incorporation of LANs and WANs into the MAN comparison method: :

-A greater scope of factors affecting network performance can be considered,
- Derivation of a new standard configuration for Analytical comparisons is necessary to 

model all classes of networks.
- Derivation Of a new topology representation is required for Analytical comparisons 

when the indices are derived. ,
- The basic envi|onmentj:omponents and characteristics of the simulator will need to 

be refined to incorporate any class Of network, eg. the rules for topology structuring 
may need to be variable or the method for transmitting packets may need modifica­
tions.

This Will make the comparison method applicable to any type of computer network.
• " o o -

ao
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The International Standards Organisation Protocol Reference tyodei is a seven ,"'tyered model, 
each layer representing a software entity inat performs a well/defined functioriwith respect
to the other layers. ' “ ■ | ' "

, ' , 1 & » , ■

A. 1 The Physical layer * \

This layer comprises the specifications for the mechanical and electrical network interface. 
The network layer uses the physical layer to tr ansmit packets as serial streams of bits across
the network medium. , I

- ' ■ ■ ' '  -3 • -d ■' ^
A2 The Link Layer , f .

Here the network layer is provided with reliable information transfer facilities. The link layer 
thus detects errors in transmissions and if necessary will retransmit packets, Two ways of 
accomplishing this task (services) are provided!!: ,,

Connectionless Service: Bach information frame is treated as self contained and Is trans­
ferred using a best-try approach. Q

Connection Orientated Service; Groups of information frames are transmitted over a logical 
connection - a connection that exists by the source and destination stations knowing 
the state of the information transfer mode. This therefore endeavours to provide 
error free information transfer in a more controlled way.

A 3 The Network Layer

Addressing of packets for routing across network wide connections is performed here. It 
also controls the establishing and dealing of connections between transport layer entities. 
Sometimes flow control is performed here too. u

A.4 The Transport Layer

This layer shields the higher application layers from the three lower network Oriented layers 
by making sure all error and flow control terminates here, These services are provided in 
five classes of service to cater for the varying quality of Service provided by different network 
types. Class 0 would provide only the basic functions needed for connection establishment 
and data transfer. This would range up to Class 5 that provides these functions With fijU 
error and flow control,

A. 5 The Session Layer \;

Tills introduces dialogue synchronization points in the communication as well as a point 
where exception reporting occurs (non-recOverable exceptions during a transaction). The 
presentation layer thus uses the session layer to set up and clear dialogue channels.



A.6 The Presentation Layer

Here the syntax o f the data (abstract dat; 
a syntax common (transfer syntax) to botSJ 
exist for this purpose and the correspond 
the syntax to be used. Data security issu

A. 7 The Application Layer

At the top of the 081 stack the applicati 
of network-wide distributed uiformatioi 
are: file transfer, access and managem 
emulation. These services are then lii 
operation of the communication

syntax) from the application layer is converted to 
application entities. A number of transfer syntaxes 

jling presentation entities must somehow agree on 
es would also be resolved in this layer.

>i\layer provides the user (interface) to a number 
services. Examples of these information services 

|ent (FTAM), electronic mail and virtual terminal 
iked to the station’s operating system (OS) and 

sub-system is transparent to the uSer.



97■

APPENDIX B: THE FIBRE DISTRIBUTED DATA INTERFACE STAN­
DARD (FDDn

The component entities o f the FDDI standard are re-specified with respect to the bottom
two layers of the ISO reference model. Comporveirti entities of a FDDI station, as shown in
figure B l, are:- ’ • ' ’ a  ■ • 11 ,

Station Management (SMT) - The local part of the network management process. Control 
is exercised from here for the proper initialization and operation of the FDDI station.

Logical Link Control (LLC) - This is a standard component which ensures reliable transfer of 
data across the data link The LLC does not require redefining as it is a standard protocol 
(IEEE 802.2) which interacts with the MAC.

Medium Access Control (MAC) - Specifies the lower sublayer of tiie data link layer. Here 
medium accessing, addressing, data checking and data Graining are performed.

Physical Layer Protocol (PHY) - Specifies the upper sublayer of the physical layer, docking, 
encoding/ decoding and framing for transmission rules are specified here.

Physical Layer Medium Dependant (PMD) - Specifies the lower sublayer of the physical layer* 
This includes specifications for power levels, optical transmitter/ receiver characteristics, 
interface optical signal requirements and permissible b^terror rates.

.......................................................

DATA LINK

LLC

MAC

PHYSICAL

PHY

PHD

SMT

DS1 Model FDDI Standard 0

Figure B l  Component entities of a FDD! station

Tfie rules of the protocol are classified into different areas:

B ,l Physic^Xayer ■ ‘ ■ ft

B .l.l  Glasses of Stations

- Dual attachment station: Contains two PHY entities. It may have morf? than one MAC entity. 
The station can be attached dlrectlyto the trunk ring or indirectly by means of a concentrator.

- Single attachment Station: Contains one PHY and one MAC entity and may only be attached 
to a concentrator

- Concentrator: This is a dual or single attachment station with extra PHY’s connected In a 
manner to allow other* stations to be corrected to it in order to be attached to the main 
ring. Concentrators come with varying levels Of functionality, //

- ,  / /
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B .1.2  Topology and Structure o

A trunk ring consisting o f two counter rotating rings. A maximum of 500 stations may be 
attached to the ring. The ring stations may be linked by a maximum of 100km of duplex 
fibre-optic cable. o

J , n ° ' . -
B.1.3 Clock Rates, Encoding and Decoding

A baud rate of 125 Mbps provides a 100 Mbps data rate using 4B/5B symbol Manchester 
encoding„ The 4B/5B encoding uses 32 symbols, each symbol represented by 5 bits. 16 of 
the 32 symbols from the four out of five group code are used as data symbols, the rest of 
the symbols are used for line state signalling, control indication, frame field delimiting and
transmission error indication (packet errors). = '

'! ("i ... . i> . .

Each station uses a localfixed-frequency clock with 0,005% stability to transmit. Frames of 
up to 4;5Q0 octets can be transmitted not to excepd limits of (at least) a 10 bit elasticity buffer 
in the station. '  ^

Each receiver compensates for the difference in received and local frequencies with the
variable length elasticity buffers. Receivers use a technique such as phase-lacked loop to
lock on to the incoming frequency. This compensation is necessary to keep the ring latency
constant (a changing ring latency causes errors in transmissions on the ring). Compensation
is achieved by removing or adding IDLE symbols from the preamble.

* ■■ * .. - 
As tn\e action of this compensation could lead to the shortening of the preamble (which was
usedto synchronise the clock in the receiver), a further mechanism called a smoothing buffer 
function is needed to prevent the preamble from disappearing from the front of the frame. 
This smoothing buffer function removes IDLE symbols', from preambles longer than the 
symbol threshold (16 symbols) and redistributes these symbols to lengthen snort preambles, 
in order that the preamble length is never shorter than 4 or 5 octets. The algorithm used , 
for the smoothing function reduces frame loss probability to less than 10' 12,

, \ ..

B.1 .4  Frames and Their Formats \
■ i " . 1 

In FDD! a token ring like access protocol is used, therefore an\access token and a data frame 
are used.

Fields common to both the token and infonnation frames are: ^

PA-Preamble (16 symbols) \
This consists of IDLE line state symbols and is used to synchronize the receiver’s clock.

SD - Starting Delimiter (2 symbols)
This consists Of the J  and K symbols and is used in signifying the begin o f the data fields.

FC - Frame Control (2 symbols) ^
This is used for signifying the type of frame and conf functions associated with it.

ED * Ending Delimiter (1 or 2 Symbols) \ J \
This is comprised of one of two T symbols and signii, die end of the data fields.

B .l.4.1 Token Format \

Two types of token are used in FDDI: restricted and non-restricted. A non-restricted token 
is used during normal ting operation while a restricted token grants only;ivo stations control

, ' \



of the asynchronous frame service* Dialogue then occurs between only these two stations 
to facilitate high speed transfer of burst data (eg. between harddisks on the communicating 
stations). Figure B2 shows the layout of the fields in a token,

__________ _ j j ____________ , . . -_________ __________________________ ; ._________T'™;_________-  . .■ .___________, ,  .

. ■ - . <--------flection of Propogatton.

/  ■ I pa I si) ! rc I co 1 ii 1
| ■■ Figure B7. Layout of fields of a FDDI token

B.l.4.2 Data Frame Format ^

The data frame, as shown in figure B3, has several more fields than the tokenirame:

DA* Destination Address (4 or 12 symbols)
The MAC destination station address for this frame. The FC field distinguishes the 
length for the address. „

SA - Source Address (4 or 12 symbols) ^
The MAC source station address that originated this frame. The FC field distinguishes, 
the length for the address.

INFO - Information (0 or more symbol pairs) „
This variable length field carries all data for protocol layers above the MAC.

FCS - Frame Check Sequence (4 symbols)
For checking at a destination node whether the data in the frame is corrupted or not,

FS - Frame Status (2 symbols)
1 This consists of three control indicators for: indicating whether the frame is error free 

of not, Whether the destination station recognized the frame or not and whether the 
destination station copied thie frame or ttot.

■ , i1/ ■ 0 . ■
, . i;. |------ —  FCS Coverage — —

■r 1 PA 1 sn I FC 1 DA 1 SA 1 hi'
D.rrctror of Prppodti'im

o h  Inforno-ticm | FCS ED I FS I '
■ .. . . V

Figure B3 Layout of fields o f an FDDI Information frame

B.2 Medium Access Control Layer

The Entity tn the MAC layer decides which station has control o f the medium. It schedules 
and performs all datu transfers on the ring. rJ >

v ■ ' ■ > - ‘ - o
B.2,1 Access Control

The Timed Token Rotation (TTR) protocol is used to control access to the medium. This 
protocol allows two classes of service:

* Synchronous service: Use o f the token is made whenever synchronous frames are 
ready for transmission. ^

- Asynchronous seavice: The token can be used to transmit asynchronous frames when* 
ever they aye available and time is permitting.



'Co keep access delays around the ring to a minimum, all stations refer to a time called the 
Target Token Rotation Time (TTRT) which specifies the maximum time a token can take to 
rotate the ring once. This maximum value o f  token rotation time (TRT) ensures each station 
sees the token on average once every 77X7* seconds for synchronous service requirements 
to be met' The value of TTRT for the whole ring is negotiated during the claim process 
(section 6,2.4.1) when the ring is initialized.

' ■’ * '*' v I),*
Three counters in each station are also used for controlling the operation o f the protocol:
- Token Rotation Timer (TRT): This countdown timer measures the time between tjhie receipt 

of tokens at the station. TRT is said to expire tMien it reaches a value that exceeds the TTRT 
(the TRT countdown timer reaches zero). When it expires it will restart the timing (counting 
down from TTRT) and continue until the token is received again. During normal operation, 
it is restarted (loaded with the TTRT value) whenever the token is seen passing the station.

- Token Holding Timer (THT): This holds the. time for which the statiofi may transmit 
asynchronous frames. This time is derived from the remaining time in the TRT when the 
token arrives early ie. TRT has not expired y e t o

- Late Counter (LC): This is incremented whenever the TRT expires and the token has not 
yet been claimed by the station. The LC is decremented when the token eventually does 
arrive. It is used to indicate how many TTRT cycles the token is behind. When tokens do 
arrive and the LC does not equal zero, no asynchronous data transmission may take place.

Wh&i a station MAC entity does not have possession of the token, the MAC must:
- Repeat any passing frames from its upstream neighbour to its downstream neighbour
* Copy the frame to a local buffer if the frame’s destination address is the same as the sta­

tion’s MAC address and subsequently notify the LLC or SMT.
* Notify the LLC or SMT of the received frame’s receipt if no error in the received frame is 

indicated or detected r
- Change the symbols in the frame status field if (1) an error in a passing frame is detected,

(2) the MAC recognizes its own address as the destination address of the frame’s or (3) 
the frame is copied to the MAC buffer. >

A station’s MAC takes possession of the token when it has frames in the LLC to transmit and 
it receives the token from its upstream neighbour. When possession of the token is taken, 
a station does not remove the whole token from the ring but transmits the succeeding fields 
of the information frame as the header fields of the token pass by. When the header of the 
token is seen the TRT is restarted (except in the case of a late token).

When possession of the token is taken, the MAC entity must:
* Transmit frames from the LLC awaiting transmission. ,
* Remove frames from the transmit buffer when it determines they were received correctly 

(after they are received with the copy flag in the frame status field set). ,
- Stop transmitting frames when either (1) the measured time since the last received token 

(TRT) exceeds the TTRT or (2) there are no more frames in the LLC awaiting transmission. 
The station must then retransmit the token right after the last transmitted frame.

- Remove its own frames from the ring once they have circulated. (This occurs whether 
frames have been received correctly or not.) ' > ,,,

Synchronous frames are transmitted whenever they are ready as the toktn passes by. 
Asynchronous frames are transmitted only after any synchronous frames ha^e been trans­
mitted. The time allowed for continuous asynchronous frame transmission is held in the 
THT counter and set equal to the value in the TRT when the token is captured and before



the TRT is restarted. If the TRT expires before the token is received, the LC is incremented 
to remember this so that when the token comes round the next time theTRTis not restarted; 
this allows the node to accumulate the lateness by not resetting theTRT.

Jj ■ o
The amount of time for which a station may transmit synchronous frames is controlled by
station management (SMI*) in a bandwidth-allocation process. After this process’ completion
each station requiring synchronous frame bandwidth will have ah assigned period of time
for this purpose. This bandwidth is allocated in such a way such that the sum of all the
synchronous transmission limes for all stations on the ring does not exceed the TTRT but
still allows time for asynchronous frame transmission. This ensures a worst case delay of the
token of twice the negotiated TTRT.

B.2.2 Priority Control
O0 C\ O

Priority control is implemented for asynchronous frames in .eight priority classes. Each class 
Of priority has an associated time value for which it may transmit asynchronous frames. 
■Whenever the time remaining in the THT is greater than the associated transmission time 
'for a frame’s priority, the frame can be transmitted. Frames with higher classes of priority 
take preference over frames with lower ones. o

' r 0 „ ■ ' '• ■ - " ' 
Frames in the MAC queue are processed successively according to this rule. The effect is 
that a mix of priorities (from a queue filled with frames of all priorities) is transmitted with 
the scope Of frame priorities narrowing over time until THT equals zero. Obviously, if frames

available frames with lower priorities will be transmitted.

B.2.3 Fairness Control „

Nospecific fairness mechanism is implemented,in FDDI as fairness is inherent in the logical 
MAC pperatiort. (Each station has a chance to transmit frames for each rotation o f the token.) 
This inherent fairness also applies to the priority operation of FDDI [Halsall 88].

B.2.4 Station Initialization .

When a FDDI ring is powered up, it first assesses whether links to adjacent stations and the 
stations themselves are functioning correctly. Secondly a higher layered stadon-connection 
management protocol takes action by controlling internal connections within a station and 
switches the MAC entity into the ring. When a station is connected to its neighbouring stations 
via this action, it is referred to as being in the "through mode". ,,

When all the Stations are eventually connected as one full ring, one MAC will detect the need 
for ring initialization, When a station MAC detects the need to initiate the ring, it enters the 
C âim process to start token flow and TTRT negotiation.

B.2,.4.1 Claim Process , »

One station initiates this process by transmitting a claim frame. This frame haS the source 
and destination addresses Set to the initiating station’s address while it also contains a bidding 
value for the TTRT. J

.. ° ^  . ■
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All other MAC nodes continually process incoming claim frames, comparing the incoming 
TTRT bid with its own TTRT bidding value. Whenever a higher bid value (the faster the 

° required TTRT, the higher the bid value) is read from a claim frame a station defers from 
transmitting its claim frames if it was originally transmitting. Whenever a station reads a lower 
bid value than its own, it strips the frarne wi/h the lower bid value from the ring and transmits 
claim frames with its own bid value even if it was not originally in the claim process. Thus 
all stations that have bid values higher than the claimprocess initiator will be the only stations 
transmitting claim frames. Every station then remembers the last highest bid value and will 
deduce the TTRT from this value. This claim process then completes when the station with 
the highest claim value receives it own claim frame back. This station thus wins the claim 
process and will issue a new token. (If two stations request the same TTRTj the length and 
magnitude of the two station’s addresses decide who wins the claim process.)

; ' . „ O
B .2 .5  Soft few or Recovery

1 . - \\v * .

Several types o f soft errors must be catered for: ,

B.2.5.1 Bit Error During Frame Transmission

Whenever an error occurs in the transmission or delivery of a frarne, the frame is known to 
be corrupted. Any station which such a frame passes detects this error and sets an error bit 
in the Frame Status field of the frame; thus when the frame’s source station removes it from 
the ring, it itself will detect this error by the status of the frame error bit in the Frame Status 
Geld. Hie frame will thus need to be retransmitted.

B.2.5.2 Bit Error During Token Transmission

If a token becomes corrupted during its rotation of the ring, the station detecting the error
Will initiate the claim process. This Will then determine which station will issue a new token.

" . v ‘ . ' ' ”
B.2.5.3 Full MAG Receive Buffer (S

When a MAC entity recognizes a frame from the ring as destined for itself but has a full recieive 
buffer it cannot copy the frame. However two control indicator symbols in the frame status 
field at the end of the frame indicate whether (1) the destination station recognised it Own 
‘address and (2) whether the destination station copied the frame. Thus the source station 
can assess whether its returned frame was copied or not, and if the destination station Was 
functional.

B .2 .6  Hard Error Recovery

Hard errors are handled at two levels in FDDI. The management entities try and correct the 
problem, while the MAC layer goes into a Beacon mode to detect when the ring error is 
corrected, > ,

B.2,6.1 Station or link Failure Management

Tiie physical-connection managementprotocol continuously monitors links between stations 
to see if they are functioning correctly.

Wheh a station or link fails, the two stations adjacent to the failed component reconfigure 
internally (according to the station-connection management protocol) to link the backup 
ring into the functioning part of the ring* This is shown in figure B4. "



An optical switch within each station allows stations to pass the signal through it without 
being received or transmitted by the MAC. This by-pass mechanism is used by the station 
when it is powered down or an internal error occurs (as the network management function 
would detect).

, B.2.6.2 Beacon Process =O ’ - ■ o (>'

The MAC uses the Beacon process when claim token fails, when the ring is first initialized or 
any time,the ring has been broken. This process is used to test the ring integrity at the MAC 
level to see if.the logical ring is functioning correctly. !

... • • G ' u  ̂ .
In the Beacon process, initially stations continually transmit beacon frames. When a station 
receives a beacon frame from its upstream neighbour, it stops transmitting its own beacon 
frames and passes the upstream beacon frames. Thus when a station receives a beacon frame 
that it originally transmitted, it knows that the ring has been established or restored and will 
then enter the claim token process to initialize the ring.

Figure B4 Reconfiguration ofFDDI to eliminate a failed component



APPENDIX C: THE DISTRIBUTED QUEUE DUAL BUS STANDARD
( w m x

The components o f the DQDB standard' are re-specified with respect to the bottom two
layers (Physical and Data Link) of the ISO reference model. The component entities ̂ bf a
DQDB station, as shown in figure C l, are:- ■

Station Management - The local part of the asynchronous network management process. 
Control is exercised from here for the proper initialization and operation of the DQDB 

“ 'station. " ' -

Isochronous Management,- The part of the network management process controlling the 
operation of the isochronous service.

° " - ■ ‘ 1
Logical Link Control (LLC) - This is a standard component which ensures reliable transfer of 

data across the data link. The LLC does not require redefining as it is a standard protocol 
(IEEE 802.2) which interacts with the MAC.

' O '  ! - '
Medium Access Control (MAC) - Specifies the lower sublayer of the data link layer. Here 

medium accessing, addressing, data checking and data framing are performed. 1

Physical Protocol - Specifies the upper sublayer of the physical layer. Clocking, encoding/ 
decoding and framing for transmission rules are specified here.

Physical Medium Dependant - Specifies the lower sublayer of the physical layer. This inclu des 
specifications for power levels, optical transmitter/ receiver characteristics, interface 
optical signal requirements and permissible bit error rates. 0

O ■ ,, 0 i
Isochronous Channel Control - This component will link the network data service to the 

devices that process the data (eg. telephones, fax machines).

LOGICAL LINj< 
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STATION ‘ 
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MEDIUM ACCESS 
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' » PHYSICAL 
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.. o
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Figure C l Component entitles of a DQDB station 

The rules of the protocol are classified into different areas:



C.l Physical Layer ? ,

C .l.l Components of Network e 0

Four type of stations (besides the medium) constitute the network (three types of stations 
shown in figure C2a): ;
- Head of Bus (HOB): This is a DTE (data terminal equipment) performing a frame gener­

ation function. The frame generation component generates the Synchronized and for­
matted time structure of slots that each node may use for information transfer.

- Node: This is a DQDB DTE performir-3 no specialized function (although for ring struc­
tured networks every DTE must he capable of being a HOB or EOB),,

• Erasor Node: These are specialized stations which recognize slots which have passed 
their destination stations and release them (transmit empty slots in their place) for 
subsequent use [Garret et al 91]. ,,

- End of Bus (EOB): This is simply a DTE acting as a sink to the information flow on a bus.
HOB*s and EOB’s are found together in pairs at the ends of the busses such that one HOB 
has a complementary EOB at the end of its line.

C.l.2 Topology and Structure ' , - '' |

The topology is a dual bus consisting o f two contra-directionaJ lines as seen in figure q\2a. 
Stations on each of the dual busses are linked by a maximum of 50km of fibre-optic cable.

Nodes lie adjacent to the medium in that data does not flow through them. Instead each 
node uses unidirectional reading and writing taps and writes information using logical OR 
gates, as shown in figure C2b, onto a synchronized and formatted time structure generated 
by the frame generator at the head of each bus.

MMMtt



A 150 Mbps data rate is used on each bus. This dual bus operates with any synchronous 
transmission interface.

■ h , ' O"' > u -• _

The empty slots used for carryiriig the information are generated continuously by the HOB 
at the same rate but not always the same phase.

C.1.4 Frames and Their Form ats ,

Slots are used to convey data in DQDB. The HOB generates empty slots, onto which seg­
mented frames from the LLC layer are written. Each slot carries information for orte bus’ 
user data (in its forward direction) and the other bus’ request? (in the reverse directiori).

C.l.4.1 Slot Format '’""'"v ^ 0

These slots are composed of many fields that add up to 53 octets in total. The structure of 
the slot is shown in figure C3. 'J

Bytes s ' g a 44 fh) i )

(a)
1
j HEADER -  (LABEL) ^INFORMATION LEN CRC

\
\

V
-

Bits
\  .

8 20 2 2 ~ T — ;

<b> ACCETSS VIRTUAL 
CIRCUIT ID

VC
TYPE

VC
PRIORITY

HEADER
CHECKSUM

Bits 1 t 1, t 4 ' '

<c) BUSY TYPE RESERVED ‘ PSR REQUEST

Figure C3 DQDB slot structureshowing fields of the (a) slot, (b) slot header and (c) the access control field In
the header. i

Headed field; This is a section o f the slot with control information. r .
A . .. "

Access Control Field; This contains 8 bits, each of which is used differently;: v

Busy Bits Indicate? whether this slot is presently befog used (by an upstream 0  
node). ^

Type Bit: Indicates whether the slot is used for isochronous or asynchronous 
data.

Previous Slot Received Bit (PSR); This is used for acknowledging the receipt of 
° the previous slot, This is implemented so because a node cannot immediately 

acknowledge receipt of a slot as it passes. (It has control o f  only one bit at a 
time.) This bit is used when an e i’asor node needs to know when to transmit 
an empty slot instead of a busy slot. ,

Request Bits: These four bits are used by stations for reserving slots for four 
different priorities. c

Reserved Bit: For future use,
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o

Virtual Circuit ID: Used for identifying-Which two nodes access this slot - hence ’who 
obelongs to this virtual connection’. w

Header Checksum: For verifying the validity of the whole header.
'• ' • ■/ ' 0 •>

Information field: For isochronous slots all ^  octets in this field are used for data. Each 
octet then represents pne channel which ■will be repeated every 125ns. For asynchronous 
slots this information Seld is broken into sections: 0

" 0 ■' ' (■ ‘ o
Label: These two octets contain A value unique pver the DQDB bus used for guidijng 

reassembly of segments at the destination. |
Information: 44 bytes for a segment are used for canying information.
Length and Cyclic Redundancy Check (CRC): These two fields take up two octets 

together and are used by the MAC layer for error checking. °

C.2 Medium Access Control Layer &

C.2.1 Access Control

Use of the distributed, queue protocol is made to control each station’s use of the medium 
bandwidth in terms of slots. The principle to be presented applies to both busses but will 
only be described for one bus.
o ■ - .

Although the distributed queue protocol uses one bus for information transfer in one 
direction (the forward bus), the other bus (the reverse bus) is used for the forward bus’ 
control purposes. Thus when considered folly, each bus carries user information for its 
forward path and control information for the other bus - this control information being only 
four REQUEST bits 'in the access control field o f a slot. The simple case o f one priority class 
is consiidej 'vdi first

For one node, three entities participate in the distributed queue protocol:
-A local queue: This is a buffer in which segments to be transmitted are queued and 

| served on a ’first come first serve’ (FCFS) basis. (A segment is a fixed length piece of 
data that will fill one slot while many segments make up a message.)

- A REQUESTS ounter: This is a counter for keeping track of the number of downstream 
nodes tnat have requested slots. ,

- A COUNT_DOWN counter: This counter is used td keep track of how many empty 
slots to allow to pass on tfor* forward bus, before using one for its own data trans­
mission. “ . /,

Cl ■’ ■ • . 0 h

v - 11 •/ CTJ . •
A smtion can be in one o f two states;

- IDLE: The local queue ji;,eri./piy (no segments need to be transmitted) but the node 
nivpnitors the state of the distributed queue (the apparent queue caused by network node 
requests). ^

- COUNT_DOWN: The local queue is holding at least one segment and has requested an 
empty slot but now waits for dowristream nodes to be Served first.

In the IDLE state:
‘ f

V. v- /(
’’ /'/ VI
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- i f  a request arrives on the reverse bus, the REQUEST counter is incremented by one.
- If an empty slot arrives oh the forward bus, the REQUEST Counter is decremented by 

s. one if it is not zero. \ ° e t «
- If a segment arrives at the local queue for this node, the queue goes to the COUNT_DOWN 

state. The COUNTJDOWN counter takes on the value present in the REQUEST counter 
at this point and the REQUEST counter resets, to zero. „

Only one segment is serviced at a time in the COUNTJDOWN state: c
- If a request arrives on the reverse btts, the REQUEST counter is increased by one.
- If an empty slot arrives on the forward bus and the COUNIJDOWN counter is greater 

thar/zero, the slot is allowed to pass while COUNTJDOWN is decremented by one. The 
REQUEST counter is unaffected. ,

- If ai| empty slot arrives on! the forward bus and the COUNTJDOWN counter is zero, the 
slot is used to transmit the waiting segment. The queue status then returns to the IDLE 
state.

C.2.2 Priority Control , ,,

Priority is implemented with asynchronous frames in four classes of priority (0 to 3). Frames 
with highest priority (3) take preference over other frames. The frames in each priority class , 
are broken down into segments and inserted into corresponding queutSfor each priority. 
Each bus is serviced independently, thus each node has eight queues for handling prioritized0 
segments. j] . •- ■ ■■ . ,  ,

There are also eight sets of REQUEST and COUNTJDOWN counters for each priority. 
Whenever a node requests ail empty slot for a segment of a certain priority, the proper 
request bit in the access control field o f the slots on the reverse bus are set. The 
COUNT_DOWN and REQUEST counters for the priority control the media access for that 
priority of segments. “ ^ *

With respect to each other, these priority queues have a few differences in operational 
characteristics When compared to the media access method for one priority as described in 
section 0,2.1:

- In the IDLE State when a priority n request arrives on the reverse bus, all REQUEST 
counters for priority n queues and less in the IDLE state are incremented by one,

* If,in the COUNTJDOWN state a priority n request is received Oh the reverse bus with an 
, m priority queue waiting to be served the COUNTJDOWN counter for priority m will be

increased if n > in.
- If in the COUNTJJOWN state for a priority n quelle, an empty slot is received, and no 

other higher priority queue is in the COUNTJDOWN state, the priority n queue uses the 
slot. - 0 . a

C.2.3 Fairness Control

Unfairness is imminent in this protocol in a large network due to propagation delays, Two 
effects are noted: (?' . , a

- Hogging by upstream Stations: Stations near the HOB gain unfair advantage by using 
free slots not knowing there are requests on the way from downstream stations,

* Stale requests effect:, Stale requests are requests from downstream stations- that are 
granted before the request reaches the EOB on its bus. They cause upstream nodes on 
a bus to pass empty slats unnecessarily^



This unfairness will clearly seen in asymptotic conditions (when each station is trying to seize 
all the medium capacity) in the network [Conti et al 91a]. A num berof mechanisms were 
proposed to counter shis "unfairness" of operation and smooth the distribution of bandwidth 
fZukerman 90]: , ;

Bandwidth Balancing (BWB): After using empty slots for a certain number of times 
(BWBMOD), a statiOnupdates its counters,^, j if it had received a priority 3 request. Thus 
the station allows a free slot through for every BW3_MOD slots used.

Access Protection and Priority Control (APPC): Here bounds are set on the request):
countervalues to guarantee bandwidth balancing. These bounds would be a function of
the node’s position on the bus. o

0. . '• r’ . . , ’ ” . '
Cyclic Request Control (CYREC): Here control is exercised over the number of requests

sent from eaich station per cycle. These cycles would be controlled by the HOB which
would generate resets at the beginning of each cycle. ,

C .2.4 Soft; Error Recovery °
, . ■ u j ■ "

C.2.4.1 Bit Error During Transmission „

Whenever an error occurs in the transmission or delivery of a frame, this frame is known to 
be corrupted. The slot’s header field checksum and the information field’s cyclic redundancy 

. Check are used by the MAC to detect when slots contain errors. Actual error recovery must 
then be performed by higher layer protocols.

C .2.5 Hard Error Recovery >

C.2.5.1 Station or link Failure >! ’

When a link fails, one or both' of the stations adjacent to the failure detect from a lack of slot 
receipts that a link has failed. Such a failure can only be catered for i^pC^DB networks

0 configured in ring topologies. ; ^
S> . ‘ ■ ■.  ̂ i) ' . ° ' ,

When configured as a ring,, two adjacent stations perform both HOB and EOB functions for 
both busses and the physical links between such the two stations are not used. This unused 
connection between two stations is referred to as the logical break in the ring, In the case 
o f a physical break (failure) in a link, the simple solution is to shift the HOB and EOB adjacent 
stations so that the physical failed links correspond to the logical break thus still making the 
network operational.

' 0  ' ' 1 ,

A by*pass bus withinjeach station allows stations to pass the signal through it without being 
read or overwritten \ This by-pass mechanism is used by the station when it is powered down, 
or an internal station error occurs. This by-pass mechanism is controlled by hardware 
input-to-output coincidence checking - meaning when a station is not transmitting the input 
to the station must match the output. o
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APPENDIX P= THE METRORING NETWORK fMWY

Metroring is characterized by three layers with a management entity as shown in figure D l:

Path Layer B This layer incorporates the Data Link and Network layers o f the OSI reference 
model and also includes the MAC sublayer. The OSI Transport layer’s routing function 
is also incorporated here. Four sublayers are found in the Path layer (to be described 
later): MRMAC (Metroring MAC layer with same function as the conventional MAC layer), 
LC (link control), RCP (routing control protocol) and the MP (management protocol). 

/! " ’ • ■■ ■

Physical Layer - Specifies the physical layer as found in the ISO reference model,

Station and Ring Management - The local part of the network management process. Control 
is exercised from here for the proper initialization and operation of the MR station. This 
entity also manages the routing tables used in each station.

“■ ^ .. " ..... V

■ >■ ■; " TRANSPORT

i o , ' - ,

•'* n tp'

- . / j NETWORK
PATH

DATA LINK
LC

* : ! ■ ■ MAC “

' oj ' " •
" o . PHYSICAL

' V' ■

„ PHYSICAL

VI :

C'-

. i
. ' i . . . ii .

‘ • OSI , Metroring , „

Figure D l The component entities o f Metroring ,

The Metroring specification can be found in two forms, These forms include all the above 
mentioned components with the <!?ass of physical and MRMAC layers distinguishing them. 
MRMAC specifies the lower sublayer of the data lihk layer where medium accessing, 
addressing, data checking and data framing are performed. One fOrrn can contain currently 
available standards such as Ethernet for the MRMAC and physical layers whilp the other 
would have the MRMAC and physical layer redefined to the ncwlevel of function,'! required 
by Metroring. (The unique Metroring MAC will not have to deal with contention issues and 
similar problems.) .

D.l Physical Layer

D .l . l  Topology and Structure O '

The nodes are Connected together with point-to-point dual contra-directjdnal cables col­
lectively referred to as a link. Each link is connected to an input/ output port With each node 
requiring connection at at least two pairs o f input/ output ports to be incorporated into a 
fully functional Metroring network. , - ' °

J



-Ill-

Nodes are connected; into rings and the rings are then interconnected to form a region <5 
which is the level of complexity to which MR is defined to operate (for limiting management 
protocol complexity). Regions may contain a maximum of 4294 nodes.QBut to explain the 
ring interconnection better, rings are constructed from at least two Arc-shaped segments, 
These ring segments, which are uniquely identified in the addressing scheme, are then used 
to construct interconnected rings as shown in figure D2.

figure D2 Interconnected rings made from ring segments in Metroring
" • 0 ' * '' . ''c' r> ' ■

O 'J ' . • ' . .

D .I.2  Classes o f Seaticms ' ■ « 0
' . ' " " . . .  . <9 -

As each piece of equipment connected to the network requires at least two pairs of input/ 
Output ports and some equipment will need to perform specif Functions, several classes of 
stations are defined for MR.
Two Port Node * Also referred to as a node, this is a DTE (Data Terminal Equipment) with

2 sets o f  input/ output ports and at least one application program running.
Segment End Node (SEN) - This is a DTE running It  least one application and having at 

least 3 and a maximum o f 16 sets o f input/ output ports. Its special purpose is to _ 
route received data to adjacent nodes or segments, ^

Bridge Node + This is DTE with four sets of input/ output ports. It is used for demarcating 
MR regions and is connected to segments On the regions it bridges.

D .1.3 Clock Rates, Encoding and Decoding , , 0 '

Each link in a MR network operates independently of the others thus boosting overall 
throughput well above the individual (ink capacities. On dedicated links, such as used here, 
transmission o f sequential packets is hindered only by the bit corruption of packets thus 
implying a large degree of functionality (like resolving resource contention) that would be 
found in implementations such as Ethernet would be eliminated,

The data transfer rate that will be used is 100 Mbps. On the first implementations of 
Metroring* Ethernet technology Will be used for uni-directional cables between stations. At 
a later stage a Metroring MAC will be used that will use Ethernet encoding schemes but no 
medium access functions, This later MRMAG will use Manchester encoding and 4B/5B 
encoding, as in FDDI, meaning the clock rate will have to be set at 125 MHz.

' ' /.■ c r "  " “
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D.1.4 Frames and Their Formats

Two types of frames £re used in MR: Information and Management. Both Frames share a 
common header segment with an information segment following that determines the type 
o f frame, as seen in figure D3. Information and management packets can flow in both 
directions on a link between stations. rf

vs.
Sequence
Nunber

DA SA
I

Frahe Length

Address FCS Fmrte FCS

.y
<■-> 1 i 3 3

JFasfV orw ard
t

Priority

—  Transfer Control
ft o <

Bits

Frafie Type Reserved

J

1
....

5 ’ 5
T  

1 2
2 2 " A BATA B ytei

Figure D3 Information and Management frame composition

D.1.4.1 Header Segment

Transfer Control Field: (This contains 2 subfields) 7
Priority bits: Three bits for eight levels of priority control.
Fast forward bit: Signifies whether this frame can be fast forwarded or not,

- . '■ - ’ o
France Type bit: Indicates the type of frame (information or management).

Destination Address (DA): The address, as in section D.2.3, o f the station intended to 
receive this packet.

Source Address (SA): The address, as tti section D.2.3, of the station from which this 
packet originated. a

S - Sequence Number: This contains the sequence number of a sequential information 
frame for information frames, or the sequence number of management information 
for management frames. „

. ‘ _ ’
AFCS - Address Frame Check Sequence: This field contains the checksum for Just the 

address fields of this frame.

L - Frame Length \
\ v  , , /  / " 0

FCS - Frame Check Sequence: Shis field contains the checksum for the whole frame.

D .l.4.2 Variable Length Field,

This variable length field is used for either management information or user data ie. higher 
layer protocol data units and application data, x Xi



D.2 Metroring Medium Access Control

Each input and output port Used for an inter-DTE connection has a dedicated MAC for 
controlling information flow between the two BTEs. Each line,of thi3 input/ output port has 
a corresponding input and output buffer that caneach accommodate at most a 4kByte frame 
(maximum length) or alternatively a number of j a i l e r  frames./ , '? > ; ,

J .. Q ■■{.£> '■ ■ ' or.. % ;  ©

, D .2.1 Access Control „ 'V, ' ■ S , , ' J ■ . .

As there is no contention for the 'medium, frame's art* transmitted sequentially one after 
another with minimum spacing. Any spacing resulting is due to processing times in the 
Metroring station. ' , '  ̂ ' ■ - . 1 - ,J ' o ■-  ̂ o

D .2.2 Priority Control
■ . ' - '0 . ' - ■ *  ' 

Priority contrdl is implemented in the path layer. feUr separate levels of priority are Used
with a sp ecif priority mechanism called the Fast Forward, FF, Bit (described later). 3The
path layer and the above application'kyer both assign.-’frames their respective priorities.

D .2.5 Addressing , ,..

A full address in MR is composed Of three parts: < 1
Region-ID.Segmerit-ID.Node-ID.Port-ID ' ■ ^

The region and segment ID’s an? numbers correspondingly indicating which MR network 
region and segment within that region the DTE is situated ortf The node-lD part of the 
address is an identifier assigned by the management sublayer to every node on the segment. 
Every node on a segment has a unique Node-ID. The Port-ID is a number indicating what 
class of application the frame is intended for, Several applications could be running at once 
on a r i i i e  and some frames could also be destined only for layers in the Metroring protocol 
stack. The port-ID does not correspond to the physical input and output ports of the node.

A special unique identification (UI) number is also available for each node. The UI is made 
tip from the MAC and Network layer addresses as defined in the ISO and IEEE protocol 
stacks. Although the UI is not used in the addressing scheme it is required for resolving 
node address allocation problems eg. When two nodes assign themselves the same Node-ID, 
the node with the lower valued UI takes control of reassigning addresses.

The address table used in addressing and routing out-going frames is constructed from full 
addresses and contains the output port associated with each DTE, as discussed in section
D.4.

D.3 Link Control Protocol

Efficient flow of information is enabled via three types of frame buffers present in the 
Metroring entity:

- one frame queue per node, 6
- one receive buffer and
- one transmit buffer for every input/ output port on the node.

The receive buffers simply store correctly received frames until they are processed by the 
Metroring entity, The frame queue temporarily stores frames ori their Way through the node, 
or frames for transmission or frames destined for the application,



The link Control Protocol uses these buffers to ensure that correct transfer of information
stakes place. The only connections maintained by the path layer are controlled at this sublayer.,/, !:
The connections mafc*/ained between any two adjacent stations are link-to-llnk connections. |j
The end-to-end connections between source and destination stations required by higher ji
layers, are comprised of these link-to-link connections. 0 j;

" ° ' ■ r  - ' ■ 1 . ' ?c-S .3.1 Soft Enror Recovery I

"When frames are^&iscarded at the MRMAC layer due to frame check error (ie. mismatched
calculated and received frame check sequences), the rest of the Path layer is not informed. ?
Indication of frame corniption is evident when one or more frames are out of sequence. °
The link Control Protocol layer will detect an inconsistency in ;<:he sequence nuihbers con- f
tained in the frames it receives. ^  'j „ 1 ■

' ' f> . f." ' >. , • ■ ' , fl . °  i' 

For every frame correctly received by the destination statiomfeiy^ik Control Protocol returns?
a positive acknowledgement frame (management frame) to thefjsender; The sending station, 
then discards its copy of the acknowledged frame. If a consistency in received frames' 
sequence numbers is detected, then this receiving station sends back a. negative acknowl­
edgement frame indicating the sequence number of the missing frames. The Sending station 
will then re-schedule the discarded Jrames for retransmission. The receiving station simply 
leaves space for these discarded frames without discarding the correctly received frames in 
the sequence. Acknowledgements can also be piggybacked on information frames if possible.

D .3.2 Flow Control il
‘ it

,  ;j °  f  
Each frame to be transmitted from the application on the DTE is first loaded into the frame
queue before it is passed to an output MAC buffer. Whenever an output buffer is empty,
the frames destined for that MAC’s port are sent to its output buffer. f

Frames that are received get contained in the input MAC buffer. These frames may then be 
passed to the application or to a different outgoing port. When frames destined for a station 
other than the one they are currently passing through, they are referred to as through traffic. 
These frames are only passed to other links if the corresponding destination DTE's receive 
buffer is empty otherwise they are passed to the frame queue in the current station.! The 
status of the adjacent station receive buffers is made known through management packets 
received from the respective adjacent stations. ..

A Special technique called fast forward is used to reduce transmission delays for through 
traffic. As soon as a packet is received, it is immediately transmitted on all Outgoing links 
with empty adjacent DTE receive buffers. While these transmissions are occurring, the 
current DTE compares the frame's destination address to its own and those within its routing 
table. If the frame was destined for the current DTE, transmission on all the Outgoing paths 
is halted. If  the frame was to be routed to another outgoing path, the retransmissions on 
those links that are not part o f the frame’s intended path are halted. The truncated frames, 
received by adjacent stations due this transmission halting procedure, are simply discarded.

D.4 Route Control Protocol
■ ” • « .  \ a  . ''

MR architecture is defined with at least two independent output ports. This implies each
DTE requires a routing function for sending frames to the correct output ports, The routing
function also ensures the packets traverse the correct paths to their destinations.

0
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D.4.1 Hierarchy Routing

. ” u o
A dynamic routing scheme called hierEu-chy routing is used, ft prioritizes the sending of 
frames firstly to the target region, then thetarget segment and then the target node. All that 
each node, that receives a frame not intended for itself, does, is (1) choose the output port 
the frame must be transmitted on and (2) transmit it oxi the link connected to the port. 
Routing tables are used for this decision processin each node. No information is used in 
nodes for maintaining paths for a connection, ie. the series of links to traverse to a destination. 
Each node then makes a routing; decision every time a frame passes through en route its
destination node. °

■ >• . ... ^  ’ ’•*
Routing is done in a hierarchical manner: (1) If the frame does not belong in this region the 
nodes route it to the bridge connected to the frame’s destination region. (2) If the frame is 

f not on the destination segment, 2 port nodes simply relay the frame while SENs route the 
frame to the correct segment. (3) If the frame is on th e  correct segment, nodes route it to 
its destination station on the segment. n

One important characteristic of the routing method used, is its ability to take physical link 
changes in the network and also the congestion of links into account. Routing tables are 
modified when hard errors in the network occur and when link congestion changes occur,

i, . ’ '-i. . 
Congestion is monitored by every node for each o f its connected links by taking note: o f an 
average frame delay. This average frame delay is the time it takes for a frame to propagate 
to the adjacent node enroute to its destination node plus the time for the adjacent node’s 
acknowledgement to reach the source node. The delay is calculated for frames using the 
current node’s links for every 10 second interval. For one link’s frame delay, if the newly 
calculated value is different from the original frame delay by a certain threshold, the original 
frame delay is updated. However, the threshold is not fixed but a varying value. The threshold 
starts off at 64 msec amid decreases by 12,8 msec for every 10 sec measurement period where 
the frame delay is not updated. This implies that the frame delay will eventually be updated.

segment or bridge in the network to construct their routing tables (described in the next 
secdon). A special type of frame, Link Delay Notification Control Frame (LDNCjF), is used 
every 10 seconds by bridges and SENs to collect necessary delay information to construct 
or modify their routing tables. This requires the average frame delay of the link on Which 
the LDNCF is received on, gets added to a special link delay time field in the LDNCF, The 
modified LDNCF is then transmitted on all other outgoing links. The original LDNCF is 
transmitted back along its source link while any duplicate LDNCFs received by a node are 
discarded, When a SEN or bridge receives one of these LDNCFs it updates its routing table.

D.4.2 Roiling Tables 0 '
''' ” ■ !“  ) Routing tables are maintiined by each node to allow choice o f  which output port a frame

1 must be sent on to reach its destinadon, However each class o f node constructs ahd uses
its routing table differently: ■, f

' D.4.2.1 Two Port Nodes ,

' A two port node:
* chopses the path with the least number o f hops to a 2 port node on the same segment, 

j The 2 port node section of its routing table keeps track of (1) all nodes on the same seg-
rnent including the source node itself along with (2) the number of hops to each node.
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• keeps track of the SEN nearest it along with the SENs address and the output port lead­
ing to the SEN. . „ ■■ " 0 , , ,,

U.4.2.2 Segment End Nodes

A Segment End Node: g
- selects the link with the least number of hops to a 2 port node on one tlfe segments 

which it terminates. The 2 port node section o f its routing table keeps track o f all nodes 
on the segments terminated by this SEN including the number of hops to each o f  the <2 
port nodes. ,

- keeps track of all the segments in the current region. For each segment it holds the seg­
ment number, the output portleading to it and the propagation delay to the segment. 
Routes are chosen according the shortest propagation delay to the segment.

- selects the route with the shortest propagation delay t6 the adjoining bridge for a differ* 
ent region. The region number, output port and propagation delay to adjoining bridges 
are noted for all regions comprising the Metrbring network.

A ' ■ " ° ' r" "D.4:23 Bridges - - /  ' , -
\ it ° ‘ Each b.«1dge:

• keeps track of all the segments in the regions it is attached to, For each segment it holds 
the (1) segment dumber, the (2) output port leading to it and the (3) propagation delay 
to the segment. Routes are chosen according the shortest propagation delay to the seg­
ment. c ■ , , . c 3

- selects the route with the shortest propagation delay to the adjoining bridge for regions 
to which it is not attached. The region number, output port and propagation delay to 
adjoining bridges is kept for all regions comprising the Metroring network. \\

D.5 Management Protocol
1 . * 8 ■ ' ° ' ' -  i  

The management protocol informs all nodes when its adjacent nodes power up or down, or
when a line becomes faulty. It is also used to Inform the node’s user or application o f the
node’s an/̂ I network’s status and settings. f

D.5.l((l?S'' d Error Recovery - " rj ^

When & link or station fails the two stations adjacent to the failed component do not 
reconfigure internally. Instead the adjacent stations stop using the port on the side where 
the problem has occurred until it has been repaired. Special, management frames are 
transmitted by these two stations to the rest o f the two port nodes on the segment to inhibit 
new nodes from attaching to the? segment.

After a two port node receives this fault identification management frame, it relays it onto 
the next node on the segment and simultaneously updates its routing table. The port on 
which the management frame was received iscDscorded by each two port node along with 
the node number ofthe functional node closest to the fault. This allows all segment nodes 
to be aware o f the fault's boundary for routing table correction. ’



. -0 ,

At the SENs, these management frames are not relayed further. The SENs will modify their 
routing tables to cause frames destined for the damaged segment to take different paths to 
their destination nodes if necessary. The SENs will then transmit complementary manage­
ment frames back along the damaged segment to allow new stations to .join again.
c o o •' lI &

After the fault is corrected, the nodes adjacent the fault initiate the procedures for making 
the segment fault free again. This‘̂ 111 entail reassigning node numbers where duplicates 
were created during the duration of the fault condition. Again these two fault neighbouring 
statipns issue frames that inhibit new stations linking into the segment. These two stations0 
then swap node address entries in their routing tables. The neighbouring station with the 
lowest UI (unique identifier), reassigns addresses to nodes with duplicate entries. It then 
recompiles the node section of its routing table and transmits the routing table to all nodes 
On the segment. This, final frame, containing the two port routing table, also signifies fihat 
new1 nodes may join into the network. ” '
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APPENDIX E: THE EXPRESS TRANSFER PROTOCOL (XTP)

XTP is a Transfer layer protocol. The Transfer layer results by combining the network and 
transport layers of the.OSl model. It is designed for reliable transmission o f data in an 
internetworked environment. ,

E.l Basic Packet Exchanges ’

E.1.1 Single Receiver Mode 1 □

Figure E l shows how XTP can reliably set up a connection between two users, transmit the 
datai and close the connection. The three packets used in this exchange perform several 
functions: 1 *

(A) In the first packet the source informs the destination that it wishes to establish a 
connection. « ■■ u <>■ <t ^

(B) If the destination complies, it establishes a context and returns st control packet to 
acknowledge receipt of the data and indicate the destination is ready to close the 
connection. °

(C) The source then transmits another control packet before closing its side o fth e  con­
nection. When the receiver receives the packet it closes its side ofthe connection.

/J

FIRST (A)

CDNTRDL CC>

CONTROL CB>

Figure E l  XTP three packet connection mode handshake

t - : .  f  n ' ......................  ■■ . r  '  -
Three flags RCLOSE, WCLOSE and END are used in coordinating a connection’s dose. 
RCLOSE and WCLOSE are set by a local host When transmitting to the remote host to 
respectively Indicate it is finished reading and writing data. Thus each direction in a full 
duplex connection can be shut down independently. The END flag is sent in the last packet 
transmitted by a station to indicate that it has released its end ofthe connection. 0

E .l .2 Fast handshakes

Fast handshakes are two packet exchange sequences allowed in XTP. These special exchange 
modes are less reliable than the three packet connections u^kd and are normally considered 
a transport level datagram Service used for simple request/ response operations,

E.1.3 Multicast Mode

In multicast inode one sender targets many destinations. Operation proceeds very similarly 
to the single receiver mode. 1

r?

If



Error control must use the go-back-n retransmission scheirie. Refect packets are sent by 
receivers detecting out of sequence data, but a special precaution is taken to ensure that all 
receivers do not simultaneously announce an error. Whenever a station detects a reject 
packet passing {belonging to the same context, it compares the RSEQ value in the packet to 
its own value. If its own value is smaller it then transmits its own reject packet.

E.2 Frame Format and Structures «

XTP uses two types Of packets; Information packets and Control packets. Both packet formats 
contain common header z^ irailer segments c>f constant length as shown in figure E2. The 
type of the variable length segment between the header and trailer segments determines 
the type o f the packet. o ^  15

, <’ Information Packet

Connon lnFornotion . Connon
Header SegntriVt 1 Trailer

" £4 Bytes ’Variable Length , 16 Bytes

. Control Packet - " O
Connon, ^  Control O Connon ; -D
Header Ssgnent frailer

24 Bytes VoriaWS Length 16 Bytes 0
«  ’ .

Figure E2 XTP packet types and formats

E.2.1 Common Header" Ty' ,

Contains the following fields:
- Packet type x 1
- Description of portion of data stream in information segment (if used)
- Control Flags « c
- KjEYra special field used for looking up addressing information in the either station of a

connection f. " y
- LITTLE bits: for determining the byte orderingvbf the packet
- ROUTE: This is a value used by routers in determining which path a packet must take in

internetwork transmissions. ]j «
- SEQ: The starting byte sequence number for an information segment of a packet that is 

, part of a stream of data. „ 1 /part
- DADDR: Flag for indicating use of direct addressing mode

TTL: time to live field 
SORT: for* priority control f

The control flags are used for specifying:
• Disabling error checking
• Multicast transmission mode jj //
• Beginning l  agged Data (BTAG) flag ^ |

E.2.2 Information Segment ,

This contains user data being transferred. It also passes addresses and other miscellaneous 
daia wheP)ppropriate.



Each data packet contains a contiguous portion of the data being transferred. Each of these 
data packed is limited in length by the underlying data link or;MAC layer. The maximum 
length of the information field is defined as the maximum trafttmission unit (MTU) for XTP. 
It is calculated by subtracting the length o f the common header and trailer segments from 
the maximum length allowed by the underlying data link layer. „ ^

In packets that are fragmented, the information field is simply broken up into the required 
smaller sizes with the fragmented packets (also called segments) containing their own header 
and trailer fields. The header of the first segment and the trailer o f the last segment corre-

The headers and trailers in between coni&h a number of differences to the original header 
sirtd trailer (like sequence numbers). &

E.2.3 Control Segm ent 0 '
' n O ’ ■ ' ' G 1

Fields for ^synchronizing the transmitter and receiver stations are among those used here;
- ALLOC: One greater than sequence number of last byte receiver will accept
- RSEQ: One greater than sequence number of last byte receiver accepted
- RATE: The maximumnumber of bytes the transmitter of this packet -will accept in one

■ Second " ' ’ 5  w-
- BURST: The maxirfipum number of, bytes a receiver (transmitter of this packet) will accept

i ... per burst ■, . 0 ”• . '
- SYNC: A field used in keeping track of synchronizing frames "
- ECHO: A field used in keepJirig track of echo frames responding to synchronizing frames
- TIME: A field set to the present time when a synchronizing frame is transmitted. It is

copied to the echo frame at the acknowledging receiver,

E .2.4 Common Trailer (y ' \  ‘  ̂ ' £
a ■■ '''

. n ^
Contains following fields: *

- DCHECK: Checksum for data fields, including information and^control segments in
respective packettyoes. 0

- HTCHECK: Checksum coverinu header and trailer fields. ;
.> - DSEQ: One greater than sequence number of last byte receiver delivered to destination 

, client process %  ^  r
* Flags n . „ " !y -

The flags field contains:  ̂ «
- End of Message flag (EOM) ® L ^  '
- Ending Tagged Data (BTAG) flag ” ' ^  cr?
- ImmecJiateStatus Request bit (SREQ)
- End Of Transmission Request bit (DREQ) ^
-NODCHECKchecksum is present (NODCHECK) '
- Checksum calculation disabled for current packet (NOCHECK) , , 9 

■ ■ 1 - •,IE.3 Addressing ' ^ ..« ,

E*3.1 Intra-Network Addressing ^  0
■ " - |j 0 *  '

, Each XTP entity in peer nodes must be able to uniquely identify its peer in a connection. To 
-; minimize all addressing data in each packed, all addressing data is passed in the first packet



sentaricNached at the source and destination stations. The KEY field is then created and 
used to index into the cache to access all the; addressing data needed for a connection.

The initiator of the cormectionsendsalltfie addressing data plus the KEY $  the first packet 
in order to identify the intended receiver. The receiver saves the contextEiucntifier (KEY), 
the MAC source address and the route identifier (ROUTE) in a database associated with the 
context record. " “ „ „ ° > ’  ̂ ^

' :  . - r  ° '«■ " ■ ^  QIn a two station connection a special key exchange,occurs so that context identification occurs 
foster. The; key Values used in most data packetsiare intended for aiding the destination’s 
context look u$, but initially the corresponding station’s key,.value is not always known. To 
clarify what side of the connection a key originates from, the most significant bit in the key’s 
32 bit wide field signifies whether the key originates from £he station receiving the frame 
(bit value 1) or the station sending the frame. If this bit is set, the key is referred to as a 
retumkeyand itsvalue may be used in looking up the context. The receiver ofthe connection 
returns its own KEY value in the XKEY field of the first CONTROL packet returned to the 
initiator. After the keys have been exchanged, subsequent packets use return keys in ref­
erencing the context. *' o

■ ■' f  ̂ . ... !■ 0. ’ IN-

The first packet in a connection contains two main fields  ̂for addressing; ^ fixed ler^th 
descriptor field indicating the address format used and a variable length field containing the 
list o f destination addresses. At initialization the application process specifies to the XTP 
entity which addresses to connect to. Thus to establish whether a station must take part in 0 
a connection the1 addresses in the packet’s address field must be checked against those 
specified by the application process; if a match is found, the station then partakes in the 

' connections

A special mode o f addressing called direct addressing mode is used in the case when the 
network topology is known. It is indicated by the DADDR flag in the common header. In 
this mode of addressing, the/vKFfield contains the actual destination address instead of an 
index used to lc.ok up a context. ■

E.3.2 Inter-Network Add. essing ; v ^

Routers relaying packets between networks must keep track of the routes or paths used for 
packets. ROUTE fields in the packets being routed are used for this. Th6 ROUTE value is 
used by a router to access the necessary addressing information in its cached address 
translation map for a packet travelling on a specific route, Routers or endpoint nodes may 
change this.ROL/Tlfi'alue to change the next host or router taken by th< Jacket on the route. 
Acknowledgement packets use a relum form  of the ROUTE value,

The destination end of a connection may choose to cxchange ROUTE values with the router. 
A.XROUTE field is used for this ROUTE identifier exchange between the end station and the 
router; the: router will then tise the return form of this route identifier when routing packets 
to the receiving station in future. A router then uses this XROUTE field in acknowledging 
CONTROL packets whenever it wishes to exchange a ROUTE number with a previous router 
on thv current path. As routers cap dynamically redkect packets across networks, separate 
paths can develop for both directions in a two way connection.
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1E.4 P rio ritiza tio n  0

* A" >, 0 " '  ■ " . ‘ 4 ,
The SORT field is for indicating a packet’s priority and is132 bits wide, thus supporting a very
large range of priority values. Each context is associated with a particular priority level which /]
"its static ie, priority does not change at any point in the network. Several contexts may work '
at the same priority level simultaneously. 0 > ,

The level o f priority is inversely related to the value in the SORT field in XTP. Packets are: 
enqueued in receive buffers in the order of priority level, 1 „

E.5 Flow: Control 0
p  8  - «  ■ ^ ' . . '  ' ‘  ’ ...................................................*  -  ■ - .

XTP keeps track o f the amount of information flow between two stations by means of 
sequential byte numbers instead of the commonly used packet numbers. Three fields found 
in the control and common trailer segments are used in controlling flow o f bytes between 
stations by keeping track of the receiving station’s receive buffer status:
ALLOC is used in control frames by the destination station to prevent the source from sending 
more bytes than the destination’s buffer’s can accept. "
DSEQ is the sequence number of the next byte in the local queue to be passed to the 
application process in the local station, c\ 0
RSEQ is the sequence number o f the next byte to be received by the local station. 1

The size of the buffer used by a context is thus equal to ALLOC - DSEQ. Also the number of 
bytes waiting in the buffer before being sent to the local application process is given hy RSEQ 
-DSEQ. • ■ J ' . '

XTP ules 32-bit sequence numbers and RSEQ, DSEQ and ALLOC to ensure that delayed 
retransmissions are not confused with new frame data having the Same sequence numbers.
A source will continue to transmit data to the destination until the destination’s allocation 
has been reached - the allocation being specified by ALLOC in an initial acknowledging frame.
■When the destination acknowledges receipt of the bytes received, it means more space is 
available for the source to fill.

Art alternate allocation mode ca3\e(S‘reservation mods may be used in buffering incoming 
messages. Here ALLOC is set equal to the receiving statidn’s buffer size for the required 
context to inform the sending station what maximum storage space a message may occupy.
The sending station must pause between these me$sage transmissions for the receiver to 
establish new receive buffers for each message. The buffers reserved in this mode vary 
greatly in size to those during normal allocation, s

E.6 Rate Control

Rate control becomes necessary when different implementations of XTP must deal with the 
difference in station processing speeds. It is essentially a method of controlling the size of 
and spacing between bursts of data sent by the sender so that the receiver is not overloaded 
With data (and will not drop packets due to overloading),

XTP uses the RAW and BURST fields in the control segment to allow a receiver to tune its v~\
data transmission rate to a level acceptable to the local host sending the control packet. The 
minimum period between incoming bursts which the receiver can effectively deal with is 
equal to BURSTfifiTE. This pause is equal to the vi ju e  in a rate tinier, RJ1MER.

.*> » - *122- " , * ' .
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