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ABSTRACT 

This thesis is concerned with the design of a high

speed backbone network which provides a high bandwidth 

interconnection for various Personal Computer Networks (PC-

Networks) with an integrated service of voice and data. 

With the advanced technology of optical fiber as the 

transmission medium, several different existing topologies 

and protocols are discussed for the backbone network design. 

The token ring protocol is simulated and evaluated to find 

out a suitable buffer size and the length of voice and data 

packet for backbone network. The Network II.5 simulation 

tool is applied to simulate the token ring simulation model 

with different parameters. The Network Interface Unit (NIU) 

is designed from the simulation results with a cost-

effective consideration. 
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CHAPOJEP. 1 

INTRODUCTION 

A Local Area Network (LAN) is a private 

communication network that allows the transfer of data among 

the many independent stations of a group of computer users 

who share resources [1]. The LAN requirements for different 

groups are different, reflecting different missions and 

priorities, and, thereby, result in a diversity of network 

equipment and protocol. Therefore, the subject of this 

research is to try to solve the problem of interconnecting 

different LANs as well as other high-speed computing 

facilities in a cost and effective way. 

Gateways, which are usually used in the conventional 

approach for the interconnection of various LANs, have the 

capabilities of protocol conversion, message translation and 

control interface [2]. However, since they are commonly used 

as point-to-point interconnection of LANs, the processing 

overheads will be built up at the intermediate gateways as 

messages transmitting from a station on a source LAN to a 

station on a destination LAN. This requires very 

complicated implementation of gateways along with functions 

such as encapsulation and decapsulation of internet packet 
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headers, fragmenting packets longer than packet size allowed 

in LAN, reassembling the message into its original 

structure, and controlling flow and congestion [3]. All of 

these functions must be designed in each gateway which will 

make the gateway design too complicate and too expensive. 

1.1 Thesis Objective 

The objective of this thesis is to design a backbone 

network for a PC-Network interconnection using different 

kinds of network topologies and protocols. The backbone 

network model is evaluated by using the NETWORK II.5 [4], a 

network simulation program written in SIMSCRIPT. This model 

will be simulated with various input parameters such as 

voice/data frame length, voice/data packet length, 

voice/data interarrival periods and voice/data buffer size. 

The simulation results are compared in order to find 

a topology with a suitable protocol for the backbone network 

design. The performance, such as the utilization of the 

channels, and the voice/data delay time in each network 

interface unit (NIU), is analyzed by the simulation 

method. From the comparison of the different outputs, we 

can get a suitable topology and protocol with optimistic 

data/voice buffer size and data/voice packet size of the 

proposed backbone network for PC-Networks interconnection. 
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1.2 Backbone Network Background 

LAN technology has been used a long time for 

distributed processing and resource sharing, but the 

growing trend is to incorporate various traffic on a single 

network in order to provide integrated services [5]. LAN 

technology has been used to interconnect normal hosts, 

terminals, printers, and personal computers. The channel 

rate of LAN's is usually 1-10 Mbps, and is sufficient to 

support communications between these low to moderate speed 

facilities. However, normal LAN technologies are not 

suitable for interconnections of high speed computing 

facilities such as supercomputers and computer aided design 

(CAD) workstations. Also, it is not suitable for large 

batch mode jobs, such as image processing, because of its 

slow channel transmission rate and because of its lack of 

channel capacities. 

The backbone network, which has a high transmission 

rate and provides high bandwidth connection to various LANs, 

PBX's, supercomputers, integrated services digital network 

(ISDN), and voice/data integration, is suitable for 

interconnection among various computer facilities. with an 

increasing demand for the integration of voice, data, 

facimiles, and video in local network, the backbone network 

with high transmission media would be the best choice for 
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this requirement. The backbone network overview is shown in 

J;"igure 1. 

Some previous efforts on the design and development of 

fiber-optic based LANs either on the market or still in 

prototypes in laboratories are surveyed as follows. 

PHILANTSI 

The PHILAN is a 20 Mbps fiber-optic multi-channel 

ring on which 125 microsec frames are circulating. These 

frames are subdivided into fields, each supporting a 

subring. Most subrings are used as channels, with 

capacities that are multiples of 64 Kbps. For continuous, 

circuit-switched traffic the user can be provided with one 

or more connections (channels) with capacities that are 

multiples of 64 Kbps, up to a total of 2 Mbps. For 

intermittent packet-switched data traffic several channels 

are used so that several packet-switched transports can take 

place in parallel. For the exchange of signaling messages, 

use is make of the connectionless service. The maximum 

number of stations in a PHILAN system depends on the traffic 

mix. The PHILAN applies a synchronous time-division-

multiplexed technique. 

FXNETr71 

FXNET, which has been developed by Bell-Northern 
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Research (BNR), is an active fiber optic ring that has been 

designed to provide a high bandwidth backbone network to 

interconnect integrated LANs. It operates at 160 MHz, using 

Manchester coding. This gives a data rate of 80 mega-bits 

per second (Mbps). A maximum of 256 stations on a ring up 

to 85 Km in circumference can be supported. FXNET provides 

time division multiplexed (TDM) channels and packet data to 

combine as a frame structure. The frame consists of a frame 

header, a data slot to carry data packet, and a set of TDM 

slots for carrying voice for an integrated service of data 

and voice. 

FiberWavT8] 

FiberWay, which developed by Artel Communications, 

with a ring structure provides the effect of a digital 

broadband network, wherein multiple independent protocols 

are transported simultaneously over the same optic fiber. 

FiberWay technology is modular and is implemented in several 

speeds. Depending upon the hardware version, the system 

bandwidth of 200 Mbps is broken down into smaller units 

called bands, and further yet into channels. Each band or 

channel can operate independently and carry different kind 

of information. FiberWay is compatible with Ethernet and a 

100 Mbps up to four separate 25 Mbps Ethernets can be 

carried on the FiberWay. 
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Fibernet IIr9] 

Pibomot II/ which, dovolopod by Xoaron Corpoaration, 

is an fiber optic version of Ethernet. It use the active 

repeater and collision detection is implemented electrically 

in the 25-port star active repeater. Fibernet II, 

electrically compatible with the standard Ethernet, can be 

used as a backbone to interconnect Ethernet segments 

Other optic fiber local area networks include: 

System FinexF101 from Fibronics International Corporation, 

which applies the counter rotating token-ring topology. A 

data rate of 100 Mbps can be achieved. The span of the 

network can be 64 Km. It is designed to compatible with 

IEEE 802.3 (Ethernet) and Fiber Distributed Data Interface 

(FDDI). ProNET-80 T111r which is from Proteon Company, uses 

token-passing on a star-shaped ring architecture. The data 

rate is 80 Mbps and there is a maximum of 240 nodes. It 

offers a migration path to the forthcoming FDDI. 

HYPERchannel\12], which was developed by Network Systems 

Corporation, applies CSMA/CD on bus structure. The data 

rate is 50 Mbps and the range of the network is 2 miles. 

1.3 Thesis Approach 

The proposed backbone network structure falls into 

the lower two layers in Open Systems Interconnection (OSI) 
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model of International Standard Organization (ISO). The 

backbone network communication in OSI model is shown in 

Figure 2. These two layers of OSI model are the data link 

layer and the physical layer. They consist of functional 

modules that specify the physical transmission medium and 

the way nodes interface to the medium, the mechanics of 

transmitting information over the medium in an error-free 

manner, and the format the information must have in order to 

be transmitted. 

To have a backbone network for resource sharing as 

well as information communications, there are two important 

steps necessary in the design procedure. First, determine 

the network's requirements, such as network services to be 

offered, geographical coverage, average and maximum traffic 

generated per station, maximum number of stations, the 

expected bit error rate, level of fault tolerance 

desired, the cost budget, provisions for expansion, 

constraints related to any compatibility needed with 

existing equipment, and environmental constraints. 

Second, propose a proper topology and medium access 

protocol combination as well as choosing a suitable 

transmission medium. Since the backbone network can be 

designed by different topology models with different 

protocols, this project tries to find out the most suitable 

model in discussion. With the help of the simulation 
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package-; NETWORK II.5, the desired topology with suitable 

protocol is evaluated by several parameters. The result of 

simulation which includes channel's utilization, messages 

delay time, buffer capacity and throughput will be analyzed 

for designing the Network Interface Units (NIUs) of the 

backbone network. They all will be discussed in the 

following chapters. 
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CHAPTER 2 

CHARACTERISTICS OF THE BACKBONE NETWORK 

A backbone network is designed for various existing 

LANs, PC-Networks, CAD workstations, mainframes, PBXs as 

well as other computing facilities to link together in order 

to share the resources and lower the expense. To achieve 

this goal, the backbone network shall be designed by 

choosing a suitable topology, the optic-fiber as trans

mission medium, and a proposed protocol for the media access 

control on the network. They all will be discussed in the 

following sections. 

2.1 TOPOLOGIES FOR BACKBONE NETWORK 

A topology is the way in which the end points or 

stations of the network are interconnected. It can be 

defined by the layout of communications links and switching 

elements, and it determines the data paths that may be used 

between any pair of stations [13]. There are three common 

topologies which are used in network structure [14]. The 

different topologies are shown in Figure 3. 

a) Bus - one or more cables interconnect nodes for 
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A. BUS 

B. STAR 

SAWITCH 

C. RING 

Figure 3. The Topologies. 



information transfer with a distributed control 

mechanism. 

b) Star - a central switch makes point-to-point connections 

for infojnnation transfer. 

c) Ring - information is transferred in a "circular" 

direction between nodes without a central switch. 

2.1.1 Bus Topology 

The bus topology is that stations are attached to a 

shared transmission medium. The transmission medium is a 

linear cable; transmissions propagate the length of the 

medium, and are received by all stations. Packets 

transmitted on the bus are broadcast to all nodes. Nodes 

must recognize their own address so that they can receive 

packets. Since the nodes on a bus do not have to repeat and 

forward packets, there is no delay and overhead as transmit

ting on a ring topology. 

Because bus topology can isolate single node 

failure, this prevents the breakdown of the whole network 

system due to single node failure. However, consider the 

failure that can render a broadcast bus inoperable. An open 

circuit anywhere in the medium not only divides the network, 

but impedance mismatches and the resultant reflections 

typically render the separate parts inoperable. Likewise, a 
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short circuit renders the network inoperable. A failed 

quiescent node causes no additional problems, but a failed 

jabbering node disrupts operation. For each of these 

failure mentioned above, it may prove quite difficult to 

isolate the point of failure and thus affect repairs. 

Moreover, until repairs are made, and most particularly 

during the diagnosis/repair process, the network is 

inoperable. There are two kinds of bus structures; the 

active optical bus and the passive optical bus. They are 

shown in Figure 4 and 5. 

The waveguide nature of optical fiber requires bus 

topologies to be approached differently than in copper-wire 

based networks. The simplest and most economical approach 

is to allow one station to send a message to all others 

through the use of an optical coupler. A coupler is a 

passive optical device designed so that signals that arrive 

on any one of the input ports of the coupler are distributed 

to all of the output ports on that coupler. The energy of 

incoming optical signal is divided relatively evenly among 

all output connections. Because of the limited power budget 

and the unavoidally high total loss of tapping/launching 

optical power with reciprocal couplers, it sharply limits 

the use of fiber for bus-type LANs [15]. 
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Figure 4. Passive Optical Bus Structure. 

NODE 

Figure 5. Active Optical Bus Structure. 
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2.1.2 Star Topology 

In the star topology, a central switch makes node-

to-node connections through which all user information must 

pass. All nodes in the network are connected to the central 

switch on a point-to-point basis via dedicated lines. Since 

the central switch controls all communication, requests are 

made to the switch by the transmitting node to establish a 

path to the receiving node. 

In optical fiber applications, there are two kinds 

of fiberoptic star topologies. The active optical star and 

the passive optical star are shown in Figure 6 and 7. The 

passive star is identical to the fiberoptic bus by applying 

a passive coupler for signal distribution. The fiberoptic 

active star relies upon electronics to provide signal 

distribution. This electronic star wiring center can 

provide functions such as message routing, error checking, 

and network reconfiguration. The star topology is 

vulnerable to all of the same failures of the bus topology. 

Inoperability, however, is confined to the failed node/link 

of the network. But there is one centralized component, the 

hub of the star, which in the event of failure, cripples the 

entire network. 
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Figure 6. Passive Optical Star Structure. 

ACTIVE 
STAR 
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Figure 7. Active Optical Star Structure. 
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2.1.3 Ring Topology 

In the ring topology, information is transferred in 

a circular, usually unidirectional path between nodes under 

centralized or distributed control. The signal is 

regenerated as it passes through each node while traversing 

the ring. Each node serves as a repeater, retransmitting 

packets addressed to other nodes. The ring is essentially a 

point-to-point configuration because of this regeneration 

characteristic. Fiber optic cable can be easily used 

because of the point-to-point feature. Because no taps are 

required, the ring topology is an important arrangement for 

fiber optic network implementation. The point-to-point 

connections take advantage of both the high-speed and low-

attenuation properties of fiber. 

The ring architecture is desirable because of 

several factors including the deterministic nature of token 

passing, stability under heavy loads and minimal arbitration 

time. A key advantage of ring topologies is that a ring is 

one topology for which it can be guaranteed that a failing 

attachment can be isolated. Failure of a single node can 

disable an entire network but measures can be taken to 

enhance reliability. These can be done as follows []: 

(1) dual ring topology. 

(2) bypass topology. 

(3) star-wired ring topology. 
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Dual Ring 

In the dual ring topology, two complete signal paths 

pass through each node. Signal transmission in one ring is 

in opposite direction to the other. When a node fails, 

automatic reconnection to complete the path is made via the 

second ring by the nodes on either side. This eliminates 

the failing node and both of the links to it. If a failure 

in a link occurs, the nodes on either side internally 

reconfigure the connection in the reverse direction to close 

the ring, eliminating the bad link. However, cost of the 

network increases because of the added redundancy. The dual 

ring (loopback) structure is shown in Figure 8. 

Bypass 

In a bypass topology, which is shown in Figure 9, 

each node has primary and bypass links. The primary link 

carries traffic to the next node in the ring. The bypass 

link goes directly to the neighbor of the next node. Each 

node transmits on both outgoing links. A node will normally 

lock onto the signal of its incoming primary link, but if 

that incoming signal disappears, then the node will switch 

to the incoming secondary link. Only when a stable signal 

reappears on the incoming primary link will the node revert 

to using that link. 
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Star-Wired Ring 

The star-wired ring physically appears to be a star 

topology, but logically it operates as a ring. The central 

point of the configuration can be a relay center or a wiring 

concentrator. The concentrator concept of star-wired ring is 

shown in Figure 10. Should a node fail, the center-

concentrator can drop the failed node and reconfigure the 

ring. It may also provide for the graceful logical insertion 

and removal of stations from the ring. In practice, a 

secondary ring is also used in the network as in the dual 

ring architecture. 

The choice of topology depends on a variety of 

factors, including reliability, expandability, and 

performance. The bus topology appears to be the most 

flexible one. The star topology involves rather complex 

network processing functions with minimal burden on the 

stations. In the ring topology, the network devices are the 

relatively simple repeaters. However, the stations must 

provide the packetizing and access control logic. Very high 

speed links (e.g. optical fiber) can be used between the 

repeaters of a ring. Hence, the ring has the potential of 

providing the best throughput of any topology. However, 

there are practical limitations, in terms of numbers of 

+devices and variety of data types. 
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The fiber is not well-suited to multidrops and is 

better-suited for point-to-point linking. Power losses at 

tap are too high as well as expensive optical couplers, 

taps, and multiplexing techniques limit extensive use for 

multidrops applications. This reason makes the star 

topology, where connections are made through a central 

switch, a frequently preferred topology for fiber cable. 

Fiber is also applicable in ring topologies. 

As the discussion above indicates, it seems that the 

bus topology is not suitable for optical fiber in backbone 

network design. Taking into consideration the complexity of 

the switch in the star topology, the ring structure gives 

the most benefits not only for its point-to-point connection 

but also for its ease in isolating failed nodes or links as 

well as its ease in expanding and flexibly adding or 

deleting nodes [16]. With its advantages in reliability, 

performance, medium utilization, reconfigurability, and the 

basic simplicity of the interconnections system, rings will 

be the topologies of choice for backbone network design. 

2.2 TRANSMISSION MEDIA FOR A BACKBONE NETWORK 

The principle technology alternatives that determine 

the nature of a local network are the topology and the 

transmission medium of the network. Together, they 
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determine in large measure the type of data that may be 

transmitted, the speed and efficiency of communications, and 

even the kinds of applications that a network may support. 

The backbone network needs to have high throughput 

in order to transmit many messages from node to node. 

Transmission media are the physical connection materials 

among nodes in the computer networks. The choice of 

transmission medium is determined by the topology of the 

backbone network, the medium's capacity to support the 

expected backbone network, its reliability to meet 

availability requirements of the network, the types of data 

it can support, and the environmental scope which the 

service requires. 

Fiber optic cable, which uses a glass fiber medium, 

is the most recent of the transmission media technologies. 

The optical fiber consists of a very fine cylinder of glass 

called the core, surrounded by a concentric layer of glass, 

called the cladding. The glass in the cladding has a lower 

refractive index than the glass in the core. When a light 

ray passes from a medium with a higher refractive index to a 

medium with a lower refractive index, the ray is bent back 

toward the original medium. The light ray, in this way, 

passes along the medium from the source to the destination. 

The electronic pulse signal generated by a computer is 
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converted into a light signal, carried by the glass fiber 

medium. 

The transmission system is totally immune to outside 

electromagnetic or radio frequency interference [17]. The 

cable is relatively distortion-free, so it can support 

exceptionally high data transmission rates and long cable 

runs. The performance of the medium in terms of transmission 

speed, bandwidth, and distance is a function of the amount 

of signal degradation, or dispersion, which occurs. There 

are two kinds of dispersions [18]; 

a. Chromatic dispersion (Material dispersion) - determined 

by the range of light wavelengths produced by the light 

source. This is the broadening of a light impulse 

caused by differential delay of various wavelengths of 

light due to the inherent properties of the glass of the 

fiber optic cables. 

b. Modal dispersion - is the tendency of light to travel in 

a wavelike motion, rather than in a straight line. It 

is the broadening of a light impulse caused by 

differential optical path lengths in a multimode fiber. 

The larger the wave fluctuations, the greater the 

dispersion of the signal and degradation of performance. 

There are three basic types of optical fiber cable: 

single-mode, multimode step index, and multimode graded 
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index. Each carries light through its core in a different 

manner, and this results in major differences between them 

when it comes to bandwidth, ease of installation, and ease 

of manufacturing. Single-mode fibers force light pulses to 

travel in a very straight path so that intermodal pulse 

spreading is eliminated, leaving only waveguide and material 

dispersion. The core of a multimode step index cable is 

surrounded by a glass cladding with a lower refractive index 

than the core. Given the core's large diameter, the rays of 

light reflected back toward the center of the core take a 

number of different paths, which may differ in length. This 

phenomenon results in a reduction in the potential bandwidth 

of the fiber. This type of optical fiber cable has the 

lowest bandwidth capacity, about 10 MHz to 100 MHz. 

Multimode graded-index fiber is a type of optical fiber 

wherein the core refractive index gradually decreases 

outward toward the cladding. It is the most commonly used 

commercially available fiber with a more complex light-

carrying technique than multimode step-index fiber [18]. 

Figure 11 shows the structure of these three basic types of 

optical fiber cable. The single mode fiber is more likely 

to be used in the environment where high-speed data rate and 

longer distance are needed. It also has advantages in size, 

performance, economy, reliability, and design flexibility 

over the multimode optical fiber cable. Low attenuations 
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are achieved with single mode fibers. Given by experimental 

report, the 1.3 um wavelength laser has the lowest 

attenuation. 

Even though it is harder to tap onto the cable, 

optic fiber cable can last longer (glass doesn't 

deteriorate), and can carry many more channels of 

infoirmation than a comparably sized broadband coaxial cable. 

The negative aspects of fiber optic cable are its poor 

flexibility, poor connectivity, and high material price. 

Fiber optic cables can not be bent around short radii and 

are difficult to attach to devices on a PC-Network. 

At the current state of the art, fiber optic links 

are suited for point-to-point communications. This is 

because of the cost for a multidrops fiber optic cable is 

more than that of a coaxial cable. The low noise suscepti

bility, low loss, small size, light weight can make the 

optic fiber cable the best choice for a backbone network 

design. 

The choice of optical fiber as the transmission medium 

for backbone network is due to the following reasons [19]: 

a. Bandwidth. 

b. Attenuation. 

c. Noise susceptibility. 
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d. Security. 

e. Size/cost. 

Bandwidth 

Optical fiber has a virtually unlimited bandwidth. 

Recent technological advances in connectors and semi

conductors now allow economical network implementations with 

data rates that are on the order of several hundred megabits 

per second. 

The information-carrying capability of fibers can be 

substantially increased through wavelength-division 

multiplexing (WDM), where two or more optical wavelengths 

are transmitted over the same fiber using wavelength-

sensitive hybrid couplers, and particularly through coherent 

transmission over single mode fiber. In this way, hundreds 

of closed-spaced channels can be frequency-division 

multiplexed (FDM) over the same fiber. 

Attenuation 

Optical fiber provides an environment that has 

almost no attenuation after the first few meters. It is 

therefore, an excellent medium for the long unrepeated links 

required of backbone networks. Improvements in connectors 

have reduced the losses below 2 decibel (dB) per connection, 

with many less than 1 dB. 
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Noise Susceptibility 

Optical fiber is inherently impervious to 

electromagnetic interference (EMI) and radio frequency 

interference. This noiseless transmission is important to a 

network that is passing information from many different 

sources and makes it ideal for "high-noise" applications 

like factory automation. 

Security 

One of the reasons optical fiber has been frequently 

maligned is also one of its greatest attributes. It is 

difficult to tap into optical fiber, and it is therefore 

difficult to add stations to the network. Yet this makes it 

much more secure than copper-based environments. 

Size/cost 

The cost of optical fiber has fallen considerably 

over these last few years. Fiber is lightweight and 

thinner than coaxial cable, which makes it easier to pull 

through wire-runs and ducts. Thus it is much cheaper to 

install. Since the incremental cost of pulling a second 

cable is negligible, duplex fiber cables are desirable in 

fiber optical network. This provides multiple levels of 

redundancy and allows reconfiguration in the event of a 

cable break. Such features are crucial to a backbone 
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network application because of the relatively wide 

geographical areas that the networks cover. 

Because of its large bandwidth capacity and high 

transmission rate optical fiber cable, which transmits the 

integration of different data type such as voice, data, 

video, and facsimile, will be the best transmission medium 

of the backbone network design. 

2.3 MEDIA ACCESS PROTOCOL FOR BACKBONE NETWORK 

The media access protocol is the method of 

deteirmining which node on the network has access to the 

transmission medium at any time. It is a set of rules 

governing the exchange of data between two entities. The 

most commonly used protocols in network structure are 

associated with one of three categories as follows [20]: 

1) Centrally Controlled Resource Allocation. 

A network controller communicates with network users 

over a control channel (which may or may not be part of the 

main information carrying network) to determine their 

communication requirements and to coordinate the 

establishment of communication paths between users. The 

connections which are established may correspond to circuit 

switching (bandwidths allocated for the duration of a 
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communication session), packet switching (bandwidth 

allocated for a fixed length message), or burst switching 

(bandwidth allocated when needed, for a variable length 

message; but quickly re-allocated to other users when 

inactivity is detected). 

2) Distributed Controlled Resource Allocation. 

In this scheme accessing node interfaces coordinate 

with each other to identify unused network resources and to 

allocate those unused resources to network users requiring 

them - in an orderly fashion [21]. It is assumed that 

protocols falling into this category prevent collisions 

(simultaneous incompatible use of network resources) unless 

the protocol is violated due to hardware failure, 

transmission errors, or other anomalous behavior. Even 

though the instant to instant allocation of network 

resources is done on a distributed basis (no central 

controller) means may have to be provided to perform network 

maintenance functions (e.g. isolating a faulty terminal or 

terminal interface) from a centralized location. 

3) Contention Schemes. 

Contention protocols allow terminals to compete for 

network resources in such a way that collisions will occur 

occasionally even if there are no protocol violations. 
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Means must be provided to detect collisions and to avoid 

deadlocks (where terminals experience an unending sequence 

of collisions while competing for network re^sources) . 

The media access protocols that could be used in 

optic fiber backbone network include Carrier Sense Multiple 

Access protocol with Collision Detection (CSMA\CD), Token 

Bus, Token Ring, Polling, Time-Division Multiples Access 

(TDMA), and Fiber Distributed Data Interface (FDDI). This is 

discussed in the following sections. 

2.3.1 CSMAVCD 

Carrier Sense Multiple Access/Collision Detection 

(CSMA/CD) is a media access control technique for multiple-

access transmission media [22]. A node in backbone network 

wishing to transmit first senses the medium and transmits 

only if the medium is idle. If it detects a collision, the 

node will ceases transmission. This protocol relies on 

detecting collisions and using back-off algorithms for a 

second try. This protocol is usually used for star or bus 

networks. The algorithm of the CSMA/CD is shown as follows: 

a) Node has message ready to send. 

b) Node senses channel to see if the channel is idle. 

c) If the channel is busy, node continues to sense channel 

until it is idle. 

d) If the channel is idle, node transmits message 
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immediately upon detecting idle, and it will continue 

to sense the channel. 

e) If messages on the channel are collided, node ceases 

its transmission during packet sending and it sends a 

jamming signal to indicate collision and then waits 

random amount of time before repeating algorithm. 

Collision detection becomes more difficult the 

larger the network, requiring greater receiver sensitivity 

and longer minimum frame lengths to guarantee uniform 

detection of collision. Under heavy loads, network 

utilization and performance degrade considerably due to the 

increased frequency of collisions. Unpredictable and long 

delays can translate into costly buffer storage requirements 

in accessing nodes. In addition to the concerns mentioned 

above, there are difficulties in fiber-optic versions of 

CSMA\CD networks in detecting collisions. Attempts to 

detect collisions by measuring the signal level at each 

receiver have met with only limited success because of the 

variability of the levels of optical signals arriving at the 

receivers from different transmitters, and the limited 

signal-to-noise ratio in optical networks. Monitoring one's 

own transmission for errors (due to collisions) is not 

adequate because one might receive one's transmission error 

free (in the presence of another weaker transmission) while 

other terminals experience collisions [23]. If an active 
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star network with separate receivers for each incoming fiber 

is used, then the collision detection process is greatly 

simplified. Thus, CSMA/CD is not generally considered 

suitable for use with high data rates medium as optic-fiber 

based backbone network. 

2.3.2 Token Passing 

Token passing is a protocol in which each node in 

the network has the right to access the channels. Whenever 

a node holds the token, it can get exclusive access to the 

network channel to transmit its packets without conflicting 

with other nodes that want to transmit their packets. Two 

kinds of token passing techniques can be used in a backbone 

network: token bus and token ring. 

Token Bus 

Token bus is a medium access control technique for 

linear bus, tree or star networks. Nodes form a logical 

ring on the network structure, around which a token is 

passed. A node receiving the token may transmit data, and 

then must pass the token on to the next node in the logical 

ring. The algorithm of the token bus is shown as follows: 

a) Token circulates around logical ring. Nodes listen and 

maintain last and next node addresses. 
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b) If a node has messages ready to send, it seizes the 

token. 

c) The node inserts the message on the bus and sends the 

packets to destination address. It then transmit the 

token to the next address in the logical ring after 

its token holding time expires or its messages are sent 

d) Message copied by addressee. 

The maximum number of packets and the packet lengths 

are limited so that access delays are bounded. There is a 

requirement that buffer packets be of sufficient length so 

that the transmission time between token passes is 

comparable to or greater than the delay between accesses (If 

this is not the case one must use the network resources 

inefficiently) [25]. 

Token Ring 

Token ring is a medium access control technique for 

a physically configured ring. A token which is a special 

short frame and which signifies the availability of the 

medium of the transmission of data circulates around the 

ring. A node may transmit by seizing the token (modify it 

to make it busy), inserting a packet onto the ring, and then 

retransmitting the token. Since any station may have the 

right to transmit a frame after it captures the token, thus 

guaranteeing no conflict with other stations also wishing to 
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shown as follows: 
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The algorithm of the token ring is 

a) A free token circulates around ring. Nodes listen and 

copy the token to the next node on the ring. 

b) If a node has message ready to send, it seizes token 

and changes the bit pattern for the right to hold 

token. 

c) The node inserts the messages on the ring and sends 

packets. Node releases free token and packets 

circulate through nodes to destination. 

d) Message circulated to originating node for receipt 

acknowledgment and removal. Another way to remove the 

message is by the destination node in stead of the 

original source node. These two protocol diagrams are 

shown in Figure 12. 

The IEEE 802.5 (Token Ring) employs the concept of a 

monitor station. Chosen on the basis of having the highest 

order address during the initialization process, the monitor 

station generates the initial token and provides the clock 

which is used and successively propagated by each station 

around the ring. The monitor station also provides an 

elasticity buffer function. A ring may be envisioned as a 

delay line filled with the data bits that are being 

transmitted. The length in bits of the ring must remain 
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constant or else bits will be lost or gained in transit. 

The elasticity buffer compensates for all sources of 

variations (such as those caused by temperature and voltage 

effects, and the different frequency between incoming packet 

st.rf?aTn and outgoing packf^-h s-hream) tio main-hain the oont-.ain 

bit length required for the ring. 

In fiber-optic network design, each accessing node 

is an active repeater which terminates the incoming fiber on 

a receiver, removes and adds information from the 

circulating data stream electronically, and launches a new 

optical signal from a transmitter. With advanced optical 

switching components it is conceivable to remove (add) 

information from (to) the passing optical pulse stream 

without a repeater [27]. 

2.3.3 Polling 

The polling access protocol uses the centralized 

control in combination with a controlled access method. 

Polling requires a master controller in charge of the 

backbone network, usually in a star topology, although it is 

applicable to any topology [2]. Each node on the network is 

sequentially polled to determine whether or not access to 

send messages is desired. The polling algorithm is shown as 

follows: 
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a) The controller in the star-configured backbone network 

determines the order in which nodes are queried as to 

whether message is available for transmission back to 

the controller. 

b) Depending on the expected message transmission 

requirements of a node, the algorithm can be used to 

query some nodes more frequently than others. 

c) All nodes will see the query, but will respond only 

when they recognize their own unique address. 

There are two commonly used polling protocols: roll-

call polling and hub go-ahead polling [15]. The difference 

between them is that nodes do not have to send 

no_message_send signals back to switch when their were 

polled while without packets to be sent for hub go-ahead 

polling strategy. In this way, the hub go-ahead polling 

saves the time for switch does not wait the signal back from 

each node. Once without packets to be sent, each node 

directly polls the next node so that the efficiency can be 

improved. 

2.3.4 Time-Division Multiplex Access 

The Time Division Multiplex Access (TDMA) is a 

method of using channel capacity efficiently [29]. This 

protocol was originally invented for satellite and microwave 

radio systems to allow a number of slave terminals to 
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communicate with a master terminal. It is suitable for use 

in a star or bus-shaped fiber-optic network where the 

transmissions of any teirminal are broadcast to all other 

terminals more or less simultaneously (differences being due 

to propagation times). The performance of TDMA is better 

when throughput is high. TDMA. takes advantage of the fact 

that the achievable bit rate of the media exceeds the 

required data rate of a digital signal. Multiple digital 

signals can be carried on a single transmission path by 

interleaving portions of each signal in time. The 

interleaving can be at the bit level or in blocks of bytes 

or larger quantities. 

TDMA is not limited to digital signals. Analog 

signals can also be interleaved in time. The sequence of 

time slots dedicated to a particular source is called a 

channel. One cycle of time slots (one per source) is called 

a frame. If the time slots are preassigned and fixed, it 

is called the synchronous TDM. The timing of transmission 

for the various sources is synchronized. The asynchronous 

TDM allows time on the medium to be allocated dynamically. 

By allocating a specific time interval, a node can transmit 

its packets. 

Since TDMA allows packets to be sent in sequence, 

each node can completely occupy the channel and efficiency 
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can be improved. TDMA is efficient only if the message 

traffic is steady. In computer communication, however, 

traffic is bursty, low duty cycle with a high ratio of peak-

to-average traffic intensity, and for this kind of traffic, 

TDMA is not efficient. 

2 . 3 . 5  J T D D l  

The Fiber Distributed Data Interface (FDDI), is a 

proposed American National Standard for a 100 Mbps token 

ring using an optical fiber medium [29,30]. FDDI was 

originally proposed as a packet switching network with two 

primary areas of application: 

a) A high performance interconnection among mainframes, 

and among mainframes and their associated mass storage 

subsystems and other peripheral equipment. 

b) A backbone network for use with lower speed LAN's such 

as IEEE 802.3 (CSMA/CD), IEEE 802.4 (TOKEN BUS), IEEE 

802.5 (TOKEN RING). The relationships of FDDI, IEEE 

802 and OSI model are shown in Figures 13 and 14. 

FDDI is being developed in Accredited Standards 

Committee (ASC) X3T9, chartered to develop computer 

input/output (I/O) interface standards. By late 1982, IEEE 

P802, formed in 1980 to develop Local Area Network (LAN) 

standards with rates up to 20 Mbps (LAN standards with rates 
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over 50 Mbps were made the preview of X3T9), had resulted an 

emerging 4 Mbps token ring (802.5) protocol definition, 

which was later to form the basis of the FDDI protocol 

intended for use at the much higher rate of 100 Mbps. 

The development in the early 19 80s of a new 

generation of PBX's offered a new level of service, 

including both packet and circuit switched data transfers. 

The promising service will be dependent upon the development 

of a high performance backbone LAN with both packet and 

circuit switching capabilities. FDDI has both the potential 

for enhancement to better satisfy the diverse needs of real

time voice, video, and sensor data streams. 

FDDI Characteristics 

FDDI network is based on a backbone of dual counter-

rotating fiber optic rings. The Light Emitting Diodes 

(LED's), used as light resource, transmits at a nominal 

wave length of 1300 nanometers (1.3 nm) . Connections 

between stations will be made with a dual fiber cable 

employing a polarized duplex connector. 

The 4 out of 5 code used on the optical fiber 

medium, requires a 125 megabaud transmission rate. The 

nature of the clocking limits frames to 4500 octets maximum. 

Multiple frames may be transmitted on the same access 
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opportunity. The FDDI has preserved the IEEE 802 frame 

structure and addressing conventions. The difference 

between IEEE 802.5 (Token Ring) and FDDI is in the clocking 

and monitor function. In stead of the centralized IEEE 802.5 

approach, FDDI distributes all clocking and monitor 

functions. FDDI clocking is point-to-point with each station 

transmitting on its own fixed frequency clock. Each station 

receives data using variable frequency clock, which tracks 

the input data and then uses an elasticity buffer to 

compensate for any frequency difference between its receive 

and transmit clocks. The elasticity buffer is recentered 

during the idle between frame. The FDDI structure is shown 

in Figure 15. 

FDDI-II, an circuit-switched mode of operation, 

allocates bandwidth of the FDDI to circuit-switched data in 

increments of 6.144 Mbps isochronous channels. Up to 16 

isochronous channels may be assigned using a maximum of 

98.304 Mbps of bandwidth. Each of these isochronous 

channels offers a full duplex data highway which may in turn 

be reallocated into three 2.048, or four 1.536 Mbps data 

highways, meeting requirements of the European and North 

American phone systems, respectively. 

A total of 1000 physical connections and a total 

fiber path of 200 km has been used as the basis for 
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calculation of the default values of the recovery timers. 

The Applications Of FDDI 

The FDDI as developed in ASC X3T9 will satisfy a 

variety of requirements. In packet switched mode, FDDI can 

be a backbone for gateways to a variety of other lower speed 

LAN's, for example, the various IEEE 802 media access 

methods. It may also provide a backbone for gateways to the 

Public Data Networks. In both cases connections to 

processors and mass storage subsystems can be provided. 

Connections to high performance workstations are likewise 

provided. In the circuit switched mode, FDDI-II will provide 

the additional capability to support data traffic (video, 

voice etc.) between PABX nodes, integrated workstations, 

digital trunks, etc. Since both packet and circuit 

switching modes of operation will be supplied, thus 

supporting a wide range of applications requiring the 

integration of voice, video, sensor data streams, and packet 

data in a distributed processing environment. 

From the transmission media and topologies that 

discussed in earlier chapters, it is the token ring protocol 

on ring topology that fitted the backbone network design. 

The advantage of the ring structure with token ring protocol 

includes reliability, hardware simplicity, ease of 

configuration and reconfiguration, readily accommodates the 
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use of optical fiber. Therefore, for backbone network, the 

ring simulation model with token ring algorithm is built for 

performance evaluation. 
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CHAPTER 3 

NETWORK PERFORMANCE EVALUATION TOOLS 

Two methods are commonly used for performance 

evaluation: analytical techniques and simulation. Queuing 

theory plays a major role when building an analytical model. 

As the size and the complexity of a network grows it becomes 

proportionally difficult to evaluate its performance by 

analytical methods. In such situations, simulation becomes 

the only effective and accurate method of studying the 

performance of computer networks. 

In this project, a design tool is used to evaluate 

the proposed network models by analyzing their performance. 

By applying this simulation tool, backbone network model 

with token ring protocol on physical ring topology, with 

different input parameters are built for performance 

evaluation. The results will be applied for the network 

interface design. 

Network II.5 is a design tool which takes a user-

specified computer system description and provides measures 

of hardware utilization, software execution, and conflicts. 

It can model any computer system, whether large or small. 
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centralized or distributed, because of its extreme 

flexibility. Network II.5 is used to evaluate the ability 

of a proposed system configuration to meet the required 

workload and to evaluate competing designs. 

3.1 Components In Network II.5 

There are three parts in a generic simulation model 

built by NETWORK II.5. The statistic distributions for some 

random processes, a hardware definition, and software 

definition which includes several modules designed as the 

functions of a specified hardware. 

3.1.1 Statistic Distributions 

Many applications require choosing a value at 

run time from a user specified statistical distribution. 

These are referenced by their user defined name. The 

parameters are defined separately and referenced by 

inserting the name of the distribution where a number was 

formerly supplied. The following types of distributions are 

supported and an example of the exponential distributions is 

shown below: 

ERLANG NORMAL 

BETA UNIFORM 

RANDOM LINEAR RANDOM STEP 

EXPONENTIAL 
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***** STAT.DISTRIBUTION.FUNCTIONS - SYS.SDF.SET 
STATISTICAL DISTRIBUTIONS = 
NAME = DATA_INTERARRIVAL_TIME 

TYPE = EXPONENTIAL 
MEAN = 35000.0 MICROSEC 

NAME = VOICE_INTERARRIVAL_TIME 
TYPE = EXPONENTIAL 

MEAN = 65000.0 MICROSEC 

3.1.2 Hardware Components 

A hardware definition in NETWORK 11.5 includes 

processing elements, data transfer devices, and data storage 

devices. All possible types of hardware devices are 

defined, each with an example, in this section. 

Processing Elements (PEs^ 

Processing elements are characterized by their 

instruction repertoire, basic cycle time, and presence or 

absence of input controller. A processing element is used 

to model a hardware device which is not merely a data source 

or sink. A PE might be used to simulate a bus controller, a 

manually operated keyset, a node in packet switching 

network, a file server in PC-network, or an entire 

arithmetic logic unit. The generic PE is shown below: 

***** PROCESSING ELEMENTS - SYS.PE.SET 

HARDWARE TYPE = PROCESSING 
NAME = N0DE_1 

BASIC CYCLE TIME = 0.008 MICROSEC 
INPUT CONTROLLER = YES 
INSTRUCTION REPERTOIRE = 
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INSTRUCTION TYPE = READ 
NAME ; READ_V0ICE_FR0M_BUFFER_1 

STORAGE DEVICE TO ACCESS ? 0UT_V0ICE_BUFFER_1 
FILE ACCESSED ; OUT_DATA 
NUMBER OF BITS TO TRANSMIT ; 41600 
ALLOWABLE BUSSES ; 

BUS_1_1 
INSTRUCTION TYPE = WRITE 

NAME ; WRITE_V0ICE_T0_BUFFER_1 
STORAGE DEVICE TO ACCESS ; IN_V0ICE_BUFFER_1 
FILE ACCESSED ; IN_DATA 
NUMBER OF BITS TO TRANSMIT ; 41600 
ALLOWABLE BUSSES ; 

BUS_1_2 
INSTRUCTION TYPE = MESSAGE 

NAME ; SEND_T0KEN_T0_N0DE_2 
MESSAGE ; T0KEN_FRAME_2 
LENGTH ; 24 BITS 
DESTINATION PROCESSOR ; N0DE_2 
AT.T.nWABT.K RTIRRRR ;  

BACKBONE 
INSTRUCTION TYPE = PROCESSING 

NAME ; ACK_PASSING 
TIME ; 20 CYCLES 

INSTRUCTION TYPE = SEMAPHORE 
NAME ; TOKEN_HOLD 
SEMAPHORE ; T0KEN_1 
SET/RESET FLAG ; SET 

Data Storage Devices (DSD^ 

Data storage devices are characterized by their 

capacity, access time, and access method. The number of 

ports is user-specified and is independent of the actual 

number of Data Transfer Devices (DTD) that are connected to 

it. Data storage devices support two file types; General 

Storage and User-named files. Files are handled as words 

and blocks allowing various delays to be modeled. 

Multiple users can access General Storage simultaneously, 

but only one user at a time can access a file. The storage 
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type can be defined as follows; 

*****STORAGE.DEVICES - SYS.SD.SET 

HARDWARE TYPE = STORAGE 
NAME = 0UT_DATA_BUFFER_1 

WORD ACCESS TIME =0.0 MICROSEC 
BITS PER WORD = 8 
WORDS PER BLOCK =512 
CAPACITY = 1000000. BITS 
NUMBER OF PORTS = 2 

Data Transfer Devices (DTD^ 

Data transfer devices are characterized by their 

data transfer rate, data transfer protocol, and connections. 

The number of connections is user defined. For PE-to-PE, 

the transfers are messages and for PE-to-DSD, the 

communication is read/write processing. The DTD 

automatically breaks a transmission into words and blocks 

whenever a file is transmitted. Hence word and block 

overhead times occur. The transfer devices can be defined 

as follows: 

***** BUSSES - SYS.BUS.SET 

HARDWARE TYPE = DATA TRANSFER 
NAME = BACKBONE 

C^CLit; TiMh; = 0.0025 MiCKOSEC 
BITS PER CYCLE = 1 
CYCLES PER WORD = 7 
WORDS PER BLOCK = 512 
WORD OVERHEAD TIME = 0.0025 MICROSEC 
BLOCK OVERHEAD TIME =0.02 MICROSEC 
PROTOCOL = TOKEN RING 
BUS CONNECTIONS = 

N0DE_1 
N0DE_2 
NODE 3 
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3.1.3 Software Components 

The software part of a simulation model includes 

modules, instruction mixes, macro instructions, and files. 

Each software portion of the model is specified for a 

hardware device to use. 

Module 

A module is the specification of a task to be 

performed by a PE. It contains infoirmation on: conditions 

which must be met in order to execute the module, the 

instructions representing execution of the module, and other 

modules which may execute as a consequence of the completion 

of this module. An example of general module is shown as 

follows; 

***** MODULES - SYS.MODULE.SET 

SOFTWARE TYPE = MODULE 
NAME = ACCEPT_T0KEN_1 

PRIORITY = 0. 
CONCURRENT EXECUTION = NO 
INTERRUPTABILITY FLAG = NO 
ORED PREDECESSOR LIST = 

P0WERED_UP_1 
IDLE_1 

REQUIRED MESSAGES = 
T0KEN_FRAME_1 

INSTRUCTION LIST = 
EXECUTE A TOTAL OF ; 1 TOKEN_HOLD 

ANDED SUCCESSORS = 
CHAIN TO ; USE_T0KEN_DATA_1 
WITH ITERATIONS THEN SKIP COUNT OF ; 0 
CHAIN TO ; USE_T0KEN_V0ICE_1 
WITH ITERATIONS THEN SKIP COUNT OF ; 0 
CHAIN TO ; PASS_TOKEN 
WITH ITERATIONS THEN SKIP COUNT OF ; 0 
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Instruction Mixes 

Instruction mixes are pseudo instructions contained 

within the instruction list of a module. It is a list of 

instruction names with a percentage associated with each. 

Each time an instruction is referenced, a probability is 

randomly computed and the proper instruction selected and 

executed. An example is shown as follows: 

***** INSTRUCTION.MIXES - SYS.INSTRUCTION.MIX.SET 

SOFTWARE TYPE = INSTRUCTION MIX 
NAME = SEND_DATA_FR0M_N0DE_1 

INSTRUCTIONS ARE ; 33.3333% DATA FRAME 2 
INSTRUCTIONS ARE ; 33.3333% DATA_FRAME_3 
INSTRUCTIONS ARE ; 33.3333% DATA_FRAME_4 

Macro Instructions 

A macro instruction is a collection of instruction 

which are referenced by a single name. A macro may be 

thought of as an instruction list that is not tied to any 

specific module. It can contain PE instructions, mixes or 

other macros. It limited to 10 levels of recursion. 

Files 

A file represents the organized storage of 

information in a Data Storage Device. If initialized, file 

is specified by name, size, where it initially resides and 

whether its a read only file. Files can be defined as 

below: 
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***** FILES - SYS.FILE.SET 

SOFTWARE TYPE = FILE 
NAME = OUT_DATA 

NUMBER OF BITS = 5000. 
INITIAL RESIDENCY = 
0UT_DATA_BUFFER_1 
0UT_DATA_BUFFER_2 

READ ONLY FLAG = NO 

3.2 Elements and Usage In PE and Module 

Four different instruction types can be applied by 

any PE defined in the simulation model. They are processing 

instructions, message instructions, read/write instructions, 

and semaphore instructions. All of them have to be 

specified for the individual PE even if several PEs have 

similar instruction sets. Examples are shown after each 

description. General usage of any module is also 

highlighted. 

Processing Instructions 

(1). Used to model instructions which execute on a PE 

without external references (such as reading or 

writing). 

(2). Characterized solely by execution time. 

(3). Execution time is in terms of basic cycle time. 

INSTRUCTION TYPE = PROCESSING 
NAME ; ACK_PASSING 

TIME ; 20 CYCLES 
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Read/Write Instruction 

(1). Instructions move a file between a data storage device 

and a PE via a data transfer device. 

(2). Files reside on DSD's with name and size. 

(3). Dynamic creation allowed by write. 

(4). During a Read/Write the PE will be listed as being busy 

executing even though it is not officially executing 

any cycles. 

(5). If the PE concurrently executes other instruction, a PE 

should be added to handles the l/O function. 

INSTRUCTION TYPE = READ 
NAME ; READ_V0ICE_FR0M_BUFFER_1 

STORAGE DEVICE TO ACCESS ; 0UT_V0ICE_BUFFER_1 
FILE ACCESSED ; OUT_DATA 
NUMBER OF BITS TO TRANSMIT ; 41600 
ALLOWABLE BUSSES ; 

BUS_1_1 
INSTRUCTION TYPE = WRITE 

NAME ; WRITE_V0ICE_T0_BUFFER_1 
STORAGE DEVICE TO ACCESS ; IN_V0ICE_BUFFER_1 
FILE ACCESSED ; IN_DATA 
NUMBER OF BITS TO TRANSMIT ; 41600 
ALLOWABLE BUSSES ; 

BUS 1 2 

Messages Instruction 

(1). Messages instructions are used to specify communication 

between two PE's. 

(2). If destination PE has input controller then it need not 

be idle for the message to proceed. 

(3). Length can be 0 bit -takes no time for synchronization. 
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(4). Text/name can be different to allow single module to 

run on different PE with different message. 

(5) . Messages are commonly used as signals from one PE to 

another PE to signal that processed data is available 

that it is time to start a new function, or to 

synchronize tasks that run in different PE's. 

(6). Messages are best thought of as tokens waiting to be 

used up. 

(7). Receiving PE's have received message list, and the text 

of a received message is put in this list. 

INSTRUCTION TYPE = MESSAGE 
NAME ; SEND_T0KEN_T0_N0DE_2 

MESSAGE ; T0KEN_FRAME_2 
LENGTH ; 24 BITS 
DESTINATION PROCESSOR ; N0DE_2 
ALLOWABLE BUSSES ; 

BACKBONE 

Semaphores Instruction 

(1). Semaphores are global flags that any PE or module can 

interrogate or change. 

(2). It can indicate device availability and current 

phase of simulation. 

(3). Be able to synchronize parallel activities. 

INSTRUCTION TYPE = SEMAPHORE 
NAME ; TOKEN_HOLD 

SEMAPHORE ; T0KEN_1 
SET/RESET FLAG ; SET 
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Instruction List 

(1). Contains instruction names from PE and the number of 

times it is to execute. The instructions can be any 

type of instruction defined in the PE. 

Scheduling 

(1). Every module must be scheduled to run on a PE. 

(2). Some methods apply: set module's start time, iteration 

time, chain-to next modules, message acceptance, or 

semaphore requirements for module scheduling. 

Delaying Preconditions 

(1). After being scheduled, a module may have its execution 

delayed. 

(2). The reasons to cause delay include hardware devices 

unavailable conditions, semaphore waiting, file 

available condition, message requirements and 

predecessor. 

One of the main considerations in the design of a 

computer system is the effect of conflicts between devices 

on total system operation. This effect is not readily 

determined by the use of analytical models. Because 

NETWORK II.5 can actually model the interactions between all 

devices in the system, the effect of conflict is identified 

in NETWORK 11.5's report of total system performance. 
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From the output of Network II.5, it show us the 

analysis data about PEs, transfer device, and storage device 

that we specified in the simulation: 

- Percent of time busy for each PE 

- Utilization of each PE 

- Percent of time busy for each transfer device 

- Utilization of each transfer device 

- Avg/max/std dev bits of memory used 

- Percent of memory occupied 

- Avg/max/std dev usage time 

Since Network 11.5 is written in a higher level 

language (SIMSCRIPT II.5), it is very portable. It is also 

flexible to allow the simulation for not only the single CPU 

function, but also the complexity of the global networks. 

One of the most important reasons for using NETWORK II.5 is 

that it simulates the interactions of the different hardware 

and software elements. 

The Network II.5 is a good simulation tool for any 

kind network performance evaluation. However, due to the 

deficits of the bus topology and the complicate function of 

the switch in star topology, only token ring with various 

input parameters such as data/voice interarrival period, 

data/voice channels transmission rate, data/voice packets 

size, necessary buffer sizes for incoming and outgoing 



data/voice messages, as well as the basic cycle time of each 

node on backbone network are carefully chosen for 

simulation. 
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CHAPTER 4 

NETWORK INTERFACE UNIT DESIGN FOR BACKBONE NETWORK 

The general requirements of network interface units 

(NIUs) in the backbone network include; fragmentation and 

reassemble, flow and congestion control, error checking and 

reporting, internetworking management, and support internet 

protocol. The structure of NIU is often specified in the 

data link layer (IEEE 802 media access control sublayers and 

logical link control sublayers) as well as in the physical 

layer of OSI (Open System Interconnection). The NIUs of the 

backbone network for network interconnection is shown in 

Figure 16. The network interface unit of the backbone 

network can be designed by its specifications of physical 

layer and data link layer in the following sections. These 

NIUs will be simulated as nodes in the token ring model to 

analyze the performance of the proposed backbone network 

design. 

4.1 Physical Layer Specifications 

The physical layer establishes the physical 

connection. Implementation of error-checking hardware is 

necessary to ensure that bit patterns have no errors. 
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Figure 16. Backbone Network for Networks Interconnection. 
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Connectors, types of transmitters and receivers, electrical 

compatibility, noise, and of course optical compatibility 

for fiber-optical backbone network are all physical layer 

design issues. 

4.1.1 Components in NIUs 

Components that make up a fiber optic system include 

a transmitter (where the data originates); a modulator; 

carrier source; channel coupler (input to the transmission 

medium); an information medium; another channel coupler 

(output of the transmission medium); a detector; signal 

processor (decoder); and a receiver (message output) [30]. 

A fiber optic communication prototype is shown in Figure 17. 

In our NIU design, the modulator, light source, light 

detector, as well as data/voice buffer will be included and 

discussed in the following sections: 

Modulator 

The modulator carries out two functions; it converts 

the electrical message into the proper format, and it 

impresses this signal onto the wave generated by the carrier 

source. Between analog and digital signal formats, the 

modii 1 a •hoT only tuT-n the soin-cf? on ot off a-h -t-hf? 

appropriate times to impress a digital signal onto a 

carrier. The ease of constructing digital modulators makes 
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this format very attractive for fiber systems. The coding 

technique used in this backbone network is 4 of 5 group code 

(80% of the channel bandwidth usage) which is more efficient 

than Manchester Coding (50%) [31]. 

Carrier Source 

The optic output power from the light source takes 

the shape of the input of the current coming from the 

modulator; information being transmitted is contained in the 

variation of the optic power. This process is called 

intensity modulation (IM) [30]. Ideally, the light source 

should provide stable frequency waves with sufficient power 

for long distance propagation [31]. There are two major 

types of light sources for optic fiber transmission systems: 

the semiconductor laser diode (LD) and the light-emitting 

diode (LED). Because of advantages such as high output 

power, wide bandwidth, narrow spectral width, and efficient 

coupling to the fiber, LDs are the prominent light sources 

in optical fiber transmission systems. On the other hand, 

LEDs have higher reliability, simpler driving circuitry, 

lower temperature sensitivity, and immunity to reflected 

light, it can be used in middle and short distance 

application where the economy of the transmission equipment 

is most important. 
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Detector 

The optic wave is converted into an electric current 

by a photodiode, the detector. The current produced by this 

detector is proportional to the power in the incident 

optical wave. Because the information is contained in the 

optical power variation, the detector output current 

contains the desired information. The PIN photodiode and the 

avalanche photodiode (APD) are two common detectors. One 

method of comparing the performance of optical receivers 

with different detectors is to examine the minimum 

detectable power at a specified error probability for the 

received pulses. For calculations of the minimum detectable 

power as a function of the bit rate for an error rate of 

lOE-9, experimental values reported to date show that APDs 

are more sensitive than its counterpart. 

Buffer 

The voice/data buffer used in NIU are first in first 

out (FIFO) memory to store the incoming or outgoing voice or 

data respectively. The total backbone ring structure, 

including all of its nodes and all of its links, must remain 

the same apparent bit length during data transmission. 

Otherwise, some bits would be lost or gained as a frame was 

repeated around the ring. In the face of jitter which is 

caused by thermal noise in the receiver or arising from the 
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limited channel bandwidth, voltage, temperature, and aging 

effects, such stability can only be realized through special 

provisions [32]. A elasticity buffer in each NIU is always 

inserted between the receiver, which employs a variable 

frequency clock to track the clock of the previous 

transmitting NIU, and the transmitter, which runs on a fixed 

frequency clock. The elasticity buffer are FIFO memory. 

Idle bits are inserted or deleted when the buffer tends to 

underflow or overflow, respectively. If the outgoing 

frequency is less than the incoming frequency, some idle 

bits must be inserted before each frame to compensate for 

frequency difference. 

4.1.2 Power Loss Budget 

A transmission system's capability is determined by 

balancing the available power budget, governed by the 

difference between transmitter (T) launch power and receiver 

(R) sensitivity, against transmission losses such as media 

attenuation, connector loss, power splitting loss, etc. The 

power loss budget of the backbone network will affect 

optical design and system performance. Losses in the 

optical part of the system are added up, and an assessment 

of the receiver sensitivity and transmitter output power 

needed to get the necessary performance can be determined. 

Depending on the loss budget, one determines whether to use 
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an LED or LD transmitter. Also, the detector may be 

selected, either a PIN or APD type. After a loss budget is 

generated, we can examine it for the trade-off that will 

make the backbone network design more cost-effective. 

The typical range of transmitter output power for 

LED is -20 to 0 dBm and for LD is up to 10 dBm in solid 

state. The typical range of receiver minimum sensitivity is 

-30 to -50 dBm. For 820 nm wavelength, the typical range of 

cable attenuation at diameter 50 nm is -2.5 to -8.0 dB/km. 

Typical range of insertion loss of optical switch in each 

NIU is 1 to 3 dB. It is all the major power budget mentioned 

above plus, temperature variation allowance as well as the 

connector loss that decide the power margin to determine 

components of the backbone network interface. The difference 

between transmitter output power and receiver minimum 

sensitivity is the available power margin. The excess power 

margin is calculated by the available power margin minus the 

total loss caused by switch insertion, connector, and cable 

attenuation. 

To sum up, two criteria in each NIU of the backbone 

network must be satisfied in order to assure reliable 

optical performance: sensitivity limit and dynamic range 

limit. For sensitivity limit, the optical losses due to the 

optical fiber or connectors should not cause the signal 
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launched into a fiber (at the transmitter) to be attenuated 

below the level at which it can be detected by a receiver. 

Equation (4.1) shows the calculation of the sensitivity 

limit. 

Launch power (dBm) - Receiver Sensitivity (dBm) > 
Connector lose (dB) + Attenuation of fiber length 
between two nodes (dB) + Bypass Switch loss (dB). 
Operating Margin (dB). (4.1) 

For dynamic limit, optical receivers have an upper 

limit to their detection range above which they saturate. 

The optical circuit must contain sufficient loss to insure 

that the optical power reaching the receiver does not exceed 

the dynamic range of the receiver. The calculation of 

dynamic range limit is shown in equation (4.2) 

Launch power (dBm) - Receiver Sensitivity (dBm) -
Dynamic Range (dB) < Connector loss (dB) + 
Attenuation of fiber length between two nodes (dB) + 
Bypass Switch loss (dB)• (4.2) 

Because the device technologies are growing fast, 

the physical layer in NIU is designed to use laser diode as 

the light source and avalanche photodiode as the detector 

for their more power and high sensitivity. Two different 

structures can be applied due to the different token ring 

strategies. The physical layer block diagram A and B are 

shown in Figures 18 and 19. In diagram A, the destination 

NIU puts the received data/voice packets into its buffers 
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without forwarding them. On the other hand, diagram B shows 

that decoded data/voice packets will be put into the buffer 

as well as be retransmitted to the next NIU on the ring. 

In this project we select diagram B because of its simple 

structure and centralized monitor function with cost-

effective consideration. 

The buffer size of voice and data will be defined by 

the results of the simulation in the next chapter. It is 

designed to satisfy the requirement of storing the incoming 

voice/data frames while keeping the delay time in endurable 

range for each network interface unit. The packet length of 

voice and data are also evaluated as the parameters in the 

model from the output of the simulation. From the results 

we can find out the suitable packet size for voice and data 

in order to get the better throughput for various numbers of 

nodes. 

4.2 Data Link Layer Specifications 

The functions of data link layer are to establish an 

error-free communications path between network nodes over 

the physical channel, to frame messages for transmission, to 

check integrity of received messages, to manage access to 

and use of the channel, and to ensure proper sequence of 

transmitted data. It defines the format and addressing of 
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packets that are transmitting over the backbone network, 

detects transmission errors, controls access of the network 

by NIUs, and allocates channel capacity. We can discuss in 

more detail by dividing the data link layer into logical 

link control sublayers and media access control sublayers. 

Tlifc! £uiic:Liuii» <j£ Lliw luyit;ctl linK cuiiLiul ( IjXjC ) 

sublayers provides two kinds of service: unacknowledged 

connectionless service and connection oriented service [33]. 

The LLC in the backbone network employs the same functions 

of logical link control sublayer by IEEE 802. The functions 

of the medium access control (MAC) sublayer include the 

following: lost token timer, distributed initialization, 

limited data and voice buffering, node address recognition, 

frame encapsulation, FCS generation and checking, valid 

token recognition, new ring member addition, and node 

failure error recovery. 

4.2.1 Frame Format 

In this project, the definition of frame format for 

logical link control sublayers is the same as specified in 

IEEE 802. The frame format for media access control 

sublayers is defined similar to the merge of FDDI ring 

protocol and IEEE 802.5 token ring. In our token ring 

model, there are starting delimiter (SD), access control 

(AC), and ending delimiter (ED) in the token frame. For the 
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message frame it consists of starting delimiter (SD), access 

control (AC), destination address (DA), source address (SA), 

information (INFO), frame check sequence (FCS), and ending 

delimiter (ED). The frame format of backbone network is 

shown in Figure 20. 

Starting delimiter (SD) and ending delimiter (ED) 

are one byte long with unique patterns to specify the 

beginning and end of a frame. Source address (SA) and 

destination address (DA) are defined as one byte for nodes 

in the backbone network. Since the network is a hierarchical 

structure, the nodes connected directly to the backbone 

network won't be too many. One byte length to distinguish 

the location of each NIU is applied. In case of a broadcast 

situation happening, one bit in the address field is used to 

specify i£ this frame will be received by multiple 

destination nodes. The access control (AC) is used to 

indicate if this frame is a token frame or a message frame. 

Its main function is to provide different patterns for each 

NIU to respond with the proper action. The information 

portion (INFO) contains various length of data/voice frame. 

Frame check sequence (FCS) is used to protect the AC, DA,SA, 

and INFO and to guarantee the correctness of a frame 

received by the NIU. The CCITT generator polynomial of 

degree 16 is applied for FCS generation. 



86 

FRAME 

«<<ww!<?w«<«w 

- FC M  D A  

'•'•f:-:-:-y6}-w-
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4.2.2 Finite State Machine of NIU 

The finite state machine of network interface unit 

of the backbone network is shown in the following steps for 

both the transmitting and the receiving functions. The 

finite state diagrams are shown in Figures 21 and 22. The 

wiua iiuL only liaxitlle Llie L)1L. stream wlilcli clrculaue along 

the backbone cable but also are responsible for the 

protocol handling. At bypass state, it is the command of 

higher layer operation. In idle state, it would either wait 

for the token in order to transmit data or voice messages or 

wait for the address of the packet equaling itself to bypass 

to pick up the data. In the token holding state, it simply 

sends the voice/data frame and waits until the holding time 

expires. For the receiving function, in the idle state it 

receives the end delimiter and decides the frame just 

received belongs to either media access control sublayers or 

logical link control sublayers. If it receives the token 

frame, it will send a signal to inform the transmit machine 

state to enter the token holding state. All the states in 

both transmitting and receiving functions enter the 

synchronize state in case the messages received can not be 

synchronized from the input bit stream. 
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CHAPTER 5 

NETWORK MODELLING AND PERFORMANCE EVALUATION 

The key characteristics of the backbone network that 

structure the way its performance is analyzed are that there 

is a shared access medium, requiring a medium access control 

protocol, and that packet switching is used. The measures 

of backbone network performance are commonly used as 

follows: 

Delay : the message delay that occurs between the time a 

message is ready for transmission from a node, and the 

completion of successful transmission. Here, we concern 

both the data and the voice message delay. 

Throughput (S); the throughput of the network is the ratio 

of the total number of bits (both data and voice) being 

transmitted successfully per second to the bandwidth of 

backbone network. 

Utilization XHX* utilization of the backbone network 

medium; the ratio of the total time being used for the 

transmission of voice and data to the simulation run time. 

Packet Size; the maximum packet size of data and voice to be 

allowed to transmit. 
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Buffer Size; the capacity of buffers for transmitting and 

receiving data and voice frame at each NIU. 

Nodes; the number of nodes in backbone network. 

Distance; the distance between adjacent nodes. 

Voice Blocking Probability; a voice packet discard rate due 

to the buffer size may be too small to hold the new arrive 

voice packet while the old voice packet has not transmitted. 

Input Traffic Intensity: the ratio of the total number of 

bits offered to the network to the network bandwidth. 

Performance of backbone network is determined by; 

media access protocol, data rate of medium (R),and average 

signal propagation delay between stations (D). 

Length of medium (m) 
D = ^ 

Velocity of propagation (m/s) 

that is, 

1 (m) 
D = (5.1) 

V (m/s) 

R * D 
a = (5.2) 

L 

L 
- = time required for a packet to enter the medium from 
R 

a transmitter. 

Latency 
a = 

Message transmission time 
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The product of R and D determines the number of bits 

in transit between two stations at any moment. It would 

require that delays from repeaters be included in the 

propagation time for our token ring backbone network design. 

Parameter a is used to determine the maximum possible 

utilization (U) of a network, which is based on the 

following assumptions: 

a. There is one transmission at a time. 

b. When one node stops sending, another node 

begins to fetch the token. 

c. There are no overhead bits to detract from 

performance. 

The derivation of U ; 

U = Throughput / R 

= (L / (Propagation + transmission time)) / R 

=  ( L  /  ( D  +  L  /  R ) )  /  R  

= 1 / (1 + a) 

The efficiency of utilization of a channel increases 

as a decreases. For ideal case a = 0, allowing 100 % 

utilization of a channel. Latency is the delay experienced 

in transmitting a bit completely around a ring. It is 

propagation delay of the ring plus processing delay at each 

interface on the ring. 
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In the integrated voice and data networks, voice 

packet loss probability is very important when concerned 

with the planning stages of a network design. In order to 

meet the goal of having at the most 250 ms gap between two 

consecutive voice packets, a suitable size of voice packet 

should be measured [25]. When concerned about the buffer 

size, it is clear that the smaller buffer size is the higher 

utilization the buffer has. However, the blocking 

probability may be too high to satisfy the network users. 

With large buffer, the throughput performance can be 

improved. However, it may degrade the performance because 

of the longer message delay. From the simulation results, we 

can determine the suitable buffer size for data and voice 

frame, and the acceptable size of data and voice packets. 

5.1 Token Ring Model 

By applying the NETWORK II.5, we divide each node of 

the token ring backbone network model into three submodels. 

The packet_generator submodel is simulated as sending 

data/voice frame to the buffer of each node. The bus 

submodel is the message path between packet_generator and 

node as well as the interconnection among nodes. And the 

node submodel is used for accepting the message or 

forwarding it to the following node on the ring structure. 
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PACKET GENERATOR; 

The functions of PACKET_GENERATOR are to simulate the 

jobs of local area networks attached to each nodes in token 

ring structure. The most commonly used models for batch type 

jobs are Poison arrival. Since the exponential distributions 

can be applied when times between independent events, e.g. 

arrivals at a service facility, that occur at a constant 

rate. In this model, the interarrival times are independent 

and exponentially distributed. The data and voice frame 

interarrival time in this backbone network model built by 

NETWORK II.5 is used as a parameter to simulate the packets 

arriving from other computing facilities. Each batch packet 

corresponds to a single data message or voice. The 

data/voice frame length can also be considered as 

exponentially distributed. In this simulation model we give 

the mean data message length 41600 bits and the mean voice 

message length 9600 bits in this model. 

The message instructions of processing element (PE) 

in NETWORK II.5, can be specified as sending one block at a 

time. In this model, the node is sending one block which 

contains the packet size as bytes for data frame and 5120 

bytes for voice frame. When the data message frame or the 

voice batch frame is longer than the maximum allowable 

packet size, the data or voice frame is segmented into a 

number of packets so that each segmented packet may not be 



95 

longer than the maximum allowable packet length. For 

example, assuming that a data message is generated with a 

length of 4000 bytes, and the maximum allowable packet 

length is specified in message instruction to be transmitted 

as mentioned above 2560 bytes, then the data message is 

segmented into 1 packet with length of 2560 bytes and 1 

packet with length of 1440 bytes. 

When concerned about the voice model, the voice 

source alternates between a talkspurt and a silence period. 

The talkspurt period is the time interval during which voice 

is active, while the silence period means the voice source 

is inactive. Since the PACKET_GENERATOR can be considered as 

the PBX, the interarrival time of voice messages will be 

observed as an exponential interarrival distribution. By 

using the standard 64 Kbits/s PCM speech coding technique 

with mean talkspurt duration of 350 ms and mean silence 

period of 650 ms, the mean lengths of voice message is given 

9600 bytes with the interarrival time 650 ms. The packet 

generators in the simulation model are assumed to send both 

data and voice frame to the data/voice buffer of each node 

respectively. The Packet_Generator model is shown in Figure 

23. 
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Figure 23. Packet_Generator Model (NETWORK II.5) 
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BUS; 

The BUS model in the NETWORK II.5 can be specified 

by the transmission rate, the block size to be sent each 

time, the overhead of each word or each block, and the 

protocol be applied. In this research, three different 

kinds of buses are used. For interprocess communication 

with token ring protocol, BACKBONE bus is defined as 

transmission rate 400 Mbps. The block size is the same as 

the path length size of the token ring backbone network. We 

assume the length is 20 Km for the ring structure. From 

the calculation of equation (5.1), we can get the 

propagation time 66.67 microsec. The path length is equal to 

the product of the propagation time and the transmission 

rate which is around 2667 bytes. 

The BUS_1 connected the PACKET_GENERATOR to the 

OUT_DATA_BUFFER and the OUT_VOICE_BUFFER in N0DE_1. The 

BUS_1_1 and BUS_1_2 which links the node and the buffers in 

the processing element considered as the internal bus of 

N0DE_1. All these three buses are in every node of the 

backbone network. The buses connect with all the nodes in 

backbone network which is designed by NETWORK II.5 shown in 

Figure 24. We assume that the transmission time of these 

three buses is negligible, which means the PACKET_GENERATOR 

puts the data or voice messages in the outgoing buffers of 
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nodes without delay. The node fetches the message frame 

whenever it has the right to transmit. 

NODE; 

Each node in the token ring backbone network 

simulation model has the same functions except one node with 

token claiming in the initial stage. A token is circulated 

around all nodes. Once a node receives the token frame, it 

checks if there is data or voice messages in the 

OUT_DATA_BUFFER or OUT_VOICE_BUFFER. If it contains both 

the data and the voice messages, the voice frame will be 

sent first because of the assigned priority is superior to 

the data frame. After the destination node receives the 

incoming frame, it sends out the ACK to the source node to 

indicate a successful message transmission. Then, the frame 

is put into the IN_DATA_BUFFER or IN_VOICE_BUFFER as the 

data or voice packet received. The source node releases the 

token as soon as the token holding time expired. Without any 

message to send, the node simply releases the token to the 

backbone cable for other nodes to use. The node model of the 

backbone network is shown in Figure 25. 

In this research, a token ring simulation model was 

built in NETWORK 11.5 which can be running on VAX 11/780. 

The model contains the processing elements as network 

interface units with finite buffer size for the transmitting 
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Figure 25. Node Model (NETWORK II. 5). 
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and receiving of the data/voice frame. With different input 

parameters, the utilization of backbone busses, the buffer 

size usage, the throughput of the network, and the response 

time will be analyzed depending on the results of the 

simulation. After analyzing the outputs of the simulation, 

the optimistic values such as voice/data buffer size and 

voice/data packet length will be used for the network 

interface unit design. The functions of token ring backbone 

network model are shown in Figure 26, 27, and 28. 

5.2 Simulation Results 

There are four buffers in every node of the backbone 

network. Two of them are mainly for messages which will be 

transmitted waiting for the right to send. The other two 

buffers are for the received messages to store in order to 

calculate the throughput of the proposed token ring model. 

These four buffers defined here include; IN_DATA_BUFFER, 

IN_VOICE_BUFFER, OUT_DATA_BUFFER, OUT_VOICE_BUFFER. We 

assume that the messages leaving from the backbone network 

to other facilities will never be stacked up in the buffers 

of Network Interface Units (NIU). Only the messages need to 

be sent from one NIU to another NIU would wait in the 

outgoing buffers to get the right to send. 
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Figure 26. Functions of Token_Ring Send (NETWORK II.5). 
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Figure 27. Functions of Token_Ring Send (Continued). 
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ACCEPT_DATA 

MESSAGE; DATA-FRAME (OWN) 
" WRITE_DATA_TO_BUFFER 
" PACKET-PASSING 

SEND_ACK_DATA 
~ SEND_DATA (TO NEXT NODE) 

MESSAGE; DATA-FRAME (OTHERS) 
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~ PACKET-PASSING 
" SEND-VOICE (TO NEXT NODE) 

Figure 28. Functions of Token_Ring Receive (NETWORK II.5). 



105 

In the following tables, we can decide the suitable 

data buffer size which can satisfy the requirements of the 

size for temporarily storage of the incoming data packets. 

Table 5.1 

1 Delay Time | Data 1 
1 Voice 1 

1 

1 Maximum | 20 .097 ms 1 1 
1 

.827 ms 1 
1 

1 Average | 10 .074 ms 1 1 
1  

.373 ms 1 
1 

1 Minimum | 0 .051 ms 1 0 
—  —  - 1  

.051 ms I 

Data Buffer Size = 10 Data Packets 
Voice Buffer Size = 1 Voice Packet 

In Table 5.1/ we assume the data buffer size is 

equal to ten data packets and voice buffer size is equal to 

one voice packet. In the worst case, that is, at any time 

when there are always voice and data messages in each node 

waiting to be transmitted, we get the maximum delay time for 

data/voice messages of each node. 

Table 5.2 

j Delay Time | 
1 

Data 1 
1 Voice ! 

1 
1 
1 Maximum | 
1 

20 .097 ms 1 5 
\ 

.887 ms 1 
1 

1 
1 Average j 
1 

10 .198 ms 1 3 
1 

.504 ms { 
1 

1 
1 Minimum j 0 .298 ms 1 0 

J  

.298 ms 1 

Data Buffer Size = 10 Data Packets 
Voice Buffer Size = 3 Voice Packets 
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In Table 5.2, and also in Table 5.3 as shown below, 

we increase the voice buffer size to three voice packet 

lengths and five voice packet lengths respectively. 

Table 5.3 

I Delay Time j 
1 

Data 1 
1 Voice 1 

1 
1 
i Maximum | 
1 

20 .097 ms 1 9 
1 

.947 ms 1 
1 

I 
1 Average | 
1 

10 .421 ms 1 5 
1  

.534 ms I 
1 

1 
1 Minimum | 0 .745 ms 1 0 .745 ms 1 

Data Buffer Size = 10 Data Packets 
Voice Buffer Size = 5 Voice Packets 

From the tables shown above, the larger voice buffer 

size has the longer voice packet delay. The data packet 

delay would be affected only if the data/voice message input 

traffic intensity is low. When concerned about the effect 

on the data/voice packet delay time by various data buffer 

size, we can get the optimistic data buffer size by 

supplying different data buffer sizes to the simulation 

model. 

The channel utilization is shown in Figure 29 to 

display how the data/voice packet length can affect the 

performance. The heavier interarrival the intensity, the 

more utilization the channel has until the saturation point. 

The longer the packet length, the larger the channel 

utilization is, but response time is also degraded. The 
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suitable packet length for data is 2560 bytes and the packet 

length of voice is 5120 bytes. As for the buffer, the data 

buffer size is 10 data packet lengths while the voice buffer 

size is 3 voice packet lengths and therefore can meet the 

requirement of the performance satisfaction and still be 

cost-effective. 
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As shown above, the longer data packet length 
has the better channel utilization. However, 

it also produced a longer data/voice delay time. 

Figure 29. Channel Utilization. 
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CHAPTER 6 

SUMMARY AND CONCLUSION 

All the network models built are based on the 

backbone network. The backbone network simulation models 

in our research performed here is the token ring protocol on 

ring topology. Although NETWORK II.5 is flexible for many 

applications in network design and simulation, it has some 

constraints. Every node in the network architecture has to 

be specified individually. If each node is defined in 

detail, running a token ring model with ten nodes for one 

second on VAX 11/780 would take seven and a half hours to 

get the result. If any node needs to be redesigned, all of 

its modules must be changed. This makes the simulation 

model difficult to be redefined. In addition, with the 

modules in each node described in detail, the simulation 

program will take up too much memory and make it more 

expensive to run. 

6.1 Conclusion 

Even the NETWORK II.5 has the deficiency mentioned 

above, it still is a good evaluation tool for network 

design. We can actually see how the network functions with 



110 

time. It can also draw the module flowchart as well as the 

hardware connection picture with various reports if needed. 

From the simulation results of token ring model and 

the discussion of the backbone network in the previous 

chapters, we can design the network interface unit for 

connecting different PC-Networks, PBXs, CAD workstations, 

and supercomputers as follows: 

a) The length of data packet should be segmented as 

5120 bytes. 

b) The length of voice packet should be segmented as 

2560 bytes. 

c) The data buffer size in each node of token ring 

structure is 10 data packet. 

d) The voice buffer size in each node of token ring 

structure is 3 voice packet. 

e) The priority of voice frame is higher than the 

priority of data frame in every node. 

f) The NIUs apply the IEEE 802 Logical Link Control 

sublayers (LLC). 

6.2 Future work 

Performance evaluation of the integrated voice and 

data network is important in the planning stages of the 

network design. The traditional analytical techniques 
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become difficult to handle as the size of a network grows. 

Computer simulation proves to be a very powerful tool in 

these situations. NETWORK II. 5 is a network simulation 

package which not only can be designed as a modulized 

structure for each processing element but can also be seen 

as the packets of data and voice transmit/receive in the 

network. 

The research of data/voice integrated network has 

just begun. There are other methods to design and evaluate 

the integrating of data and voice on the backbone network. 

In the near future, the backbone network should be able to 

provide the.video and facsimile service as well as the ISDN. 

With different requirements, it is also a good approach to 

apply the NETWORK II.5 for the design of a backbone network 

with the ISDN service. 
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