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ABSTRACT 

This dissertation is concerned with the design of a high speed fiber optic 

campus backbone network which not only provides a high bandwidth connection to 

various LANs, PBXs, ISDNs, supercomputers, and other high speed computing 

facilities but also offers an integrated service of voice and data. 

The campus backbone network is based on an optical fiber dual ring struc

ture. A new token ring protocol based on the IEEE 802.5 standard is proposed as 

the'medium access protocol for the backbone network. In the proposed token ring 

network, the token holder transmits packets in an exhaustive way when no other 

nodes want to transmit voice packets. If any node has voice packets waiting for 

transmission, the token holder can transmit only a single packet during its access 

opportunity. In this way, not only can the voice delay be bounded at high voice 

traffic intensities, but a high data throughput can be achieved at low voice traffic 

intensities. The potential use of Time Division Multiplexing (TDM) was also 

considered, but the TDM technique was found to be less suitable for our campus 

environment mainly due to its low efficiency in bursty environments and complex 

hardware requirements. 

The backbone network was simulated using the Simscript II.S discrete event 

simulation language. The simulation results indicated that the proposed token 

ring protocol provides e.atisfactory performances in every respect. A network 

interface unit (NIU) was designed, which consists of optical transmitter, receiver, 

and fault tolerance mechanisms as well as the protocol engine. The optimal values 

of major parameters for the NIU design were determined by the simulation. 

xi 



CHAPTER 1 

INTRODUCTION 

During the past decade, a large number of Local Area Networks (LANs) 

have been installed in response to needs for resource sharing among computer users 

in many organizations. Although there is no accepted standard definition of a 

LAN to date, most LANs have some general characteristics. Generally, a single 

LAN usually covers a small geographical area (in the order of several kilometers), 

typically a single building, and it can interconnect several hundreds of stations. 

LANs usually have data rates in the range of one to ten Mbits/s. 

The characteristics of a campus environment are quite different from other 

communication environment such as a multi-story building or a metropolitan area. 

A campus environment has a number of buildings spreading over a large geograph

ical area. Within this geographical area, many nodes require interconnection. 

One of the most distinguished characteristics of the campus environment is its si

multaneous diversity a.~d commonality. In the campus environment, there are a 

number of groups needing their particular networks. When <IllY group installs a 

new network, the first priority considb!'ation is its particular mission arid its own 

communication requirements. The cow.p.:~.iibility with netwo:rks of <?ther groups 

receives a lower priority. Since LAN requireD1ents for different are different, re

flecting different missions and priorities, there are .diverse network equipment and 

protocols within the campus area. It is expected that this diversity will increase 

with time because of the inherent dissimilarities of a cam£lus environment and the 

1 
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availability of different LANs. However, since all groups still belong to a single po

litical and administrative organization, there is a need for commonality to easily set 

up communications among nodes within the campus. The unique characteristics 

of this environment result in unique communication requirements. Further discus

sion of this appears in the next section. A campus environment is not necessarily 

restricted to a university campus area. The name 'campus environment' is used 

here to identify a particular set of physical characteristics, geographical extents, 

communication require~ents, and administrative relationships that characterize a 

university campus. With minor exceptions it also applies to any industry complex, 

a corporate site or a government complex. 

1.1 Campus Communication Requirements 

A single LAN cannot cover the whole campus environment not only because 

the environment has a geographical extent spanning many separate buildings, but 

because there are a large number of stations requiring interconnection within the 

campus. In fact, at the Univen::i.ty of AriZOI!P. a number of local area networks have 

been installed to attach a cluster of stations within each group (i.e., department, 

college or etc), using different technologies to meet their different requirements. 

These LANs include Sytek LocalNet 20, AT&T Information System Network, 

DECNET, Ethernets, PC-Net, CDS Token/NET, and STARLANs. There is 

a need for interconnecting these LANs to allow the entire university community 

access to shared computing resources. 

The LAN technology has long been· used for resource sharing and dis

tributed processing, but the growing trend is to incorporate various traffic on 

a single network in order to provide integrated services. The ultimate objective of 

communication networks is to provide integrated services by supporting heteroge

neous types of traffic including data, voice, image, video, facsimile, and graphics. 
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In particular, there is a strong need for an integrated service of data and voice in 

the campus environment. At the current stage of technology, a computer network 

that supports a mixture of voice and data traffic is feasible. If the integration 

of voice and data is implemented on the campus environment, the Private Branch 

eXchange (PBX) and voice concentrators can be connected to the integrated net

work, thereby making it possible to communicate between voice sources connected 

to PBXs and the ones connected to voice concentrators. In addition, it is possible 

to distribute functions of large PBXs into smaller packages and bring these closer 

to the users. In this architecture, therefore, local PBXs serve individual groups, 

and these PBXs are then interconnected by the integrated network. 

There are a number of powerful computing facilities on the campus en

vironment requiring interconnections. These facilities include supercomputers, 

high density optical disk systems, CAD workstations, image workstations and 

distributed processing equipment. Their high speed capabilities can not be effi

ciently utilized if they are connected to a normal LAN because they require more 

bandwidth than is provided. For example, interactive image processing jobs may 

demand a bandwidth of tens of Mbits/s for data transfer. Even with compression 

algorithms, the need for high bandwidth technology is inevitable. Therefore, we 

need a high bandwidth intercoIplection of the high speed computing facilities to 

fully utilize their capabilities. 

It is now widely recognized that the Integrated Services Digital Network 

(ISDN) concept will be extensively employed in future telecommunications networks 

and services. An ISDN is a general purpose digital network which provides an 

integrated service of various traffic (such as voice, data, text, image, and video) 

using a small set of standard multipurpose user network interfaces. If an ISDN is 

connected to the campus networks, it may transfer voice and data to other ISDNs 

and networks. 
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Thus, the requirements of campus environments are as follows: 

1) Interconnection of LANsj 

2) Direct high speed interface to supercomputers, powerful workstations, im

age workstations, and file serverSj 

3) Data/voice integration and interconnection of PBXsj and 

4) Connection to ISDNs. 

1.2 Conventional Approaches 

One of the most important requirements of the campus communication en

vironment is the interconnection of LANs. In this section, we first review conven

tional approaches to intemetworking on the campus environment. One approach 

to LANs interconnection is to connect all LANs to public data networks, so that 

each LAN can communicate with other LANs or long haul networks. However, the 

use of public data network technology requires that either LANs adopt inefficient 

protocols to achieve compatibility with public data networks, or an expensive, com

plex interface be built to resolve the differences in network characteristics. Long 

haul network technology may be another approach to LAN interconnections for the 

campus application. However, the buildings·on the campus are not so dispersed 

as to justify using long haul network technology. 

A third approach is to interconnect LANs through a privately installed fa

cility such as a gateway. Communications over such a facility can be much more 

economical than using public data networks or long haul technology. Also, by 

using a gateway, it is possible for the university to coordinate and maintain commu

nications under its own administration without resort to the outside facility. For 

these reasons, the requirements for LAN interconnections on the campus environ

ment can be best met by a gateway. A gateway is a piece of equipment which is 
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used to provide appropriate protocol transformations, message translations, and 

control interfaces for satisfactory interconnection of LANs. 

There are several approaches to internetworking using gateways. One of 

the conventional gateway approaches commonly used is a point-to-point intercon

nection of LANs through gateways. Figure 1.1 shows the structure of an internet 

which is constructed in this manner. Figure 1.2 illustrates the processing of an in

.ternet packet during transmission. The procedures of internet packet transmission 

are as follows: 

1) The source user first prepares an internet packet which consists of an inter

net header, an information field, and an internet trailer. The internet 

packet is encapsulated with a header of the source LAN to go through the 

LAN. The source LAN here means th~ LAN which connects to the source 

user. The source user forwards the packet to some proper gateway en 

route to the destination end using a routing table. 

2) After receiving the packet, the intermediate gateway decapsulates the pre

vious LAN's header, and determines the proper gateway to reach the desti

nation LAN by examining the internet address. The destjnation LAN here 

means the LAN which connects to the destination end. The intermediate 

gateway encapsulates the internet packet with the header of the intermedi

ate LAN, and then forwards the packet to the next proper gateway. This 

step is repeated until the destination gateway is finally reached. 'fhe 

destination gateway means the entry/exit gateway to/from the destination 

LAN. 

3) After receiving the packet, the destination gateway decapsulates the pre

vious LAN's header, encapsulates the header of the destination LAN, and 
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then forwards the internet packet to the destination end. 

destination end decapsulates the internet header. 

8 

Finally, the 

In this approach, there are some major tasks that a gateway needs to 

perform during an internet transmission. The gateway must have the functions of 

encapsulation and decapsulation of various LANs' headers during the transmission 

of the internet packet. Also the gateway must be able to select a route by using a 

routing table. The gateway also needs the ability to fragment a larger packet into 

smaller packets when the internet packet is longer than the maximum allowable 

packet size of the LAN. The gateway has to provide a scheme to number all 

the packets generated by fragmentation. When such fragmentation occurs, the 

message must eventually be reassembled into its original structure. In addition, 

. the gateway must have functions of congestion and flow control to cope with the 

speed differences between LANs. The function of the flow and congestion control 

is to reduce the rate of traffic entering a congested gateway under a heavy traffic 

condition. A very simple method is to simply discard the incoming packet when 

there is no buffer space at the gateway. A sliding window technique may also 

be used for the purpose of congestion and flow control. Finally, the gateway 

should have the ability to retransmit packets across the network when q. pack;et is 

lost between two gateways in the internet. 

The point-to-point interconnection of LANs causes large processing over

heads at the intermediate gateways and LANs since the internet packets need to go 

through them to reach the destination. Also this approach requires very compli

cated implementation of gateways since they must perform all functions discussed 

above. A new approach, called the backbone netwo!'k, will be presented in the 

next section to alleviate these problems. 
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Another important requirement of the campus communication environment 

is the integration of data and voice traffic. In most environments, communication 

networks have been installed independently for each traffic type. LANs are in

stalled for computer data traffic while separate voice communication networks are 

installed for voice traffic. Some environments have attempted to accommodate 

both data and voice traffic by using integrated LAN/PBXs. However, since the 

integrated LAN /PBXs have limitations on geographical coverv.ge similar to those of 

LANs, this approach is not suitable for campus applications. Furthermore, this 

approach has a reliability problem due to a single point of failure at the integrated 

LAN/PBX. In the next section, it will be shown that the backbone network 

approach is also an excellent solution to integrating data and voice. 

LAN technologies have been used to interconnect normal hosts, terminals, 

printers, and PCs. The channel rate of LANs is usually 1-10 Mbits/s, and is 

sufficient to support communications between these low-to-moderate speed facil

ities. However, normal LAN technologies are not suitable for interconnections 

of the high speed computing facilities, such as supercomputers and CAD work

stations. These powerful computing facilities require more bandwidth than is 

provided by normal LANs. Thus, high speed technologies are needed to provide 

direct high bandwidth connections to the powerful facilities. The high speed local 

networks (HSLN) [65] have been used for interconnection between mainframes and 

mass storage devices. The HSLN is usually based on bus topology using CATV 

(Community Antenna Television) coaxial cable, and provides a data rate of 50 

Mbits/s. An HSLN is typically found in a computer room. Its main function 

is to provide I/O channel connections among a number of devices. However, the 

HSLN has fundamental restrictions on geographical coverage and the number of 

devices, which make it an unsuitable technology for our high speed applications. 
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In the following section, the backbone network approach will be shown to be an 

adequate solution to high-bandwidth connection among powerful devices. 

1.3 Backbone Network Approach 

In this section, we propose a high speed backbone network approach to 

meeting the requirements of the campus environment: interconnection of LANs, 

data/voice integration, connection of ISDN and PBX, and high ba.ndwidth direct 

interfaces to power computing facilities. Specially, the backbone network approach 

is an excellent solution to the campus internetworking. The backbone network 

architecture, for the campus internetworking, is based on the observation that 

there is an inherent organizational hierarchy within a campus environment and 

there is an operating group responsible for administration and maintenance of the 

entire campus communications. In this architecture, there is a hierarchy for 

interconnection. Each LAN interconnects low speed hosts, terminals, printers, 

low speed workstations, and PCs which serve individual groups. The high speed 

backbone network then provides high bandwidth connections among these LANs 

through gateways. Figure 1.3 illustrates the backbone approach to the campus 

internetworking. In this architecture, an internet packet transmission proceeds 

as follows: 

1) The source user prepares an internet packet. The internet packet is 

encapsulated with the source LAN's header, and then sent to the gateway. 

2} After receiving the packet, the source gateway decapsulates the source 

LAN's header and forwards the internet packet to the source Network in

terface Un.it (NIU) of the backbone network. 

3} The source NIU encapsulates the header of the backbone network with the 

internet packet. Once the source NIU obtains the channel access to the 

backbone network, it transmits the packet onto the backbone network. 
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4) After receiving the internet packet, the destination NIU decapsulates the 

header of the backbone network, and forwards it to the destination gate

way. 

5) The gateway encapsulates the packet with the destination LAN's header, 

and forwards it to the destination end. 

6) The destination end finally decapsulates the header of the destination LAN. 

Figure 1.4 illustrates the internet packet transmission between two hosts 

connected to the different LANs through the backbone network. Because of 

the inherent organizational hierarchy in the campus environment, the addressing 

scheme is simple. The internet address may have the following form: 

<LAN address in the backbone> <Station address within a LAN> 

There are two subfields within the address field. The first sub field is 

used to identify the network interface unit (NIU) address to which the LAN is 

connected. The second subfield is used to identify a station address within a LAN. 

Thus, addressing within each LAN is not affected by the backbone network. If a 

backbone NIU is added or removed, only its address needs to be added or removed 

without affecting the rest of the internetwork. Since the internet routing is mainly 

performed at the backbone network, the burden of maintaining huge routing tables 

at end-points or gateways can be avoided. This is especially helpful when the 

number of internet stations become very large. The end user can always initiate 

the internet communication as long as he knows the user destination address on the 

remote LAN. 

In the backbone network approach, an internet packet need not go through 

intermediate LANs and gateways during internet transmission to rf!ach the destina

tion LAN. In addition to the backbone network itself, only two end gateways and 
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source/ destination LANs are involved with the transmission of an internet packet 

between two end-points. Therefore, encapsulation and decapsulation for each 

internet packet may only occur at two gateways and two NIUs of the backbone 

network. Also fragmentation and reassembly may occur at source/destination 

gateways or source/destination end-points, depending on the implementation. 

The backbone network can also be used as a facility for integrating data 

and voice in the campus environment. If voice traffic is accou.4lllodated with com

puter data on a single backbone network in the campus environment, transmission 

facilities can be efficiently utilized. Also the cost can be minimized by sharing 

communication equipment. Voice circuits can be set up across the backbone net

work from one PBX to another, as well as from a PBX to the voice concentrators. 

For these reasons, the campus backbone network will be designed so that it can 

provide an integrated service of data and voice communications. This integration 

on the backbone network can be seen as the first step towards realizing a completely 

integrated office automation for the university community. Recently, there are 

considerable research efforts to integrate data and voice on a single network. How

ever, the research in this area is still in its infant stage. The integration of data 

and voice yields a new set of problems because the characteristics and service re

quirements for these two traffic are quite different. Voice traffic is lengthy, steady 

and requires restrictive delays since long gaps or added delays may seriously impair 

its dynamic nature. Data traffic, on the other hand, is short and bursty, and 

requires stringent fidelity because a one bit error may destroy the whole packet . 

When both traffic types are integrated, the interaction between them may strongly 

affect the system behavior. Thus, we need a sophisticated medium access proto

col to successfully integrate data and voice without adversely affecting each other. 

Once the data/voice integration is implemented, the PBXs and voice concentra

tors can also be interconnected through the backbone network to provide full voice 

'" 

. r 
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communication capability among voice sources connected to PBXs and the ones 

connected to voice concentrators. 

The high speed backbone network can support very well direct interfaces 

to powerful computing facilites such as supercomputers, CAD workstations, image 

workstations, and file servers to provide high speed communications. Also the 

campus backbone network can be used to make the ISDN services available to the 

campus community by connecting ISDNs. Figure 1.5 shows a conceptual campus 

backbone network which interconnects LANs, PBXs, supercomputers, high speed 

workstations, file-servers, and ISDNs on the campus area. Eventually, this 

campus backbone network will serve primarily as: 

1) a backbone system for interconnecting various local area networks; 

2) a high speed communication system that offers high bandwidth connections 

to powerful supercomputers, high speed workstations, and file servers; 

3) a network that provides both data and voice communications; 

4) a network that interconnects PBXs, voice concentrators, and other voice 

sources; 

5) a. utility that makes ISDN services available to campus users; 

6) a utility which provides the entire university community ready access to 

shared computing, information, and communication resources; and 

7) a framework for the growth from a centralized computing environment to 

a distributed one. 

There are many advantages of the backbone network approach. 

major advantages are listed here. 

Some 

1) Since there is no processing overhead c~ncerned with intermediate gateways 

and LANs, a significant improvement in the end-to-end delay can be 

achieved. 
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2) The gateway functions can be simplified because the gateway is only used 

to mediate between a LAN and the backbone network. 

3) Fragmentation/reassembly only occurs at two points during the transmis

sion of an internet packet. 

4) Encapsulation/decapsulation only occurs at two backbone NIUs and two 

gateways during the transmission of an internet packet. 

5) The size of the routing table at each gateway is small and does not grow 

with the number of nodes in the whole campus internet. 

6) Since the routing algorithm is simple, traffic congestion at the gateways 

can be much improved. 

7) Since the backbone network is primarily responsible for the internet routing, 

internet communications become as easy as intra.-LAN communications and 

are transparent to end users. 

8) The function of flow and congestion control over the internet .can be per

formed at the backbon<s network level. 

9) We can efficiently utilize transmission faci1i.ties by sharing communication 

channels. 

10) We can reduce the cost by using common communication equipment for 

data and voice services. 

11) The integration of data and voice on a single facility allows easy design and 

implementation, maintenance, and management of the campus communi

cations. 

Fortunately, recent developments in newly emerging technologies have 

made it possible to construct the high speed backbone network for our applica

tions. To take advantage of its high capacity, large geographical coverage, and 

other desirable characteristics, optical fiber should be used (IS the transmission 
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medium of the backbone network. Several opticai fiber system experiments have 

been reported with data rates in the 20-100 Gbits/s range over a distance greater 

than 100 Km [39]. The detailed characteristics of optical fiber will be presented 

in Chapter 2. Also advances in GaAs technology and VLSI ( > 50,000 gates) fab

rication technology over the past few years have demonstrated clock speeds above 1 

Gbits/s [30], and thus make it feasible to build the high speed backbone network. 

1.4 Design Parameters of The Backbone Network 

The Open Systems Interconnection (OSI) reference model proposed by the 

International Standards Organization (ISO) and the LAN standard developed by 

the IEEE 802 Computer Committee are commonly used as guidelines for design

ing computer networks. The OSI reference model applies to computer networks 

in general, whereas the IEEE 802 LAN standard is conceived as a standard for 

LANs to enforce some degree of compatibility between products of different man

ufacturers. These models are characterized by a layered approach in which the 

architecture is divided into independent layers. There are some advantages to 

this approach. Im.plem.entati.on.'!! of tn-e different layers can be assig:!led to devel

opment groups independently. The layered approach allows changing any layer 

of the network software .without modifying the others. For example, we can 

move to a fiber optic network from a coaxial cable network by only redesigning the 

transmission/reception hardwar<; of the physical layer and not modifying any other 

layers. The layered._.3.pproach also provides an ability to easily interface to other 

networks. In addition, the layered approach is important in terms of hardware 

and firmware technology. Functions performed in the software modules of the 

network a.:chitedure can be converted to hardware and firmware through LSI and 

VLSI as a result of standardization of more communication functions. However, 
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since the layering software requires many data copying and procedure calls to have 

the limited interfaces that are a goal in modular programming, it can seriously 

degrade performance. 

The backbone network will be designed in such a way that it provides 

communications at the physical and data link layers of the OSI Reference Model. 

Figure 1.6 presents the communications model, using the OSI Reference Model, 

between two hosts which are connected to different LANs, and Figure 1. 7 shows the 

model for communication between a host and a supercomputer (or any device which 

is connected directly to the backbone network). The physical layer defines the 

electrical and mechanical aspects of interfacing to the physical medium for trans

mitting information, as well as setting uP. maintaining, and disconnecting physical 

links. When implemented, this layer includes the device driver (in software) for 

each communications device 3.."ld the hardware itself such as transmitter/receiver, 

encoder/decoder, clock, clock recovery circuits, and communications medium. 

The data link layer provides a functionai and procedural means by which data link 

connections can be established, maintained and released. This layer frames pack

ets for transmission, checks integrity of received packets, controls access to the 

channel, and ensures proper sequence of transmitted information. There are 

three distinguishing design parameters that characterize the backbone network at 

these two layers: transmission medium, topologies and channel access protocols. 

The following procedure has been used for optimal design of our campus backbone 

network, and Figure 1.8 shows the design process. 

(Step 1) Determine the requirements of the backbone network, 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 
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expansion, constraints related to any compatibility needed with existing 

equipment, and environmental constraints. 

(Step 2) As a function of these requirements, propose a proper topology/medium 

access protocol combination. 

(Step 3) Using simulation, verify that all requirements have been met; and deter

mine the optimal values of some major network parameters, such as buffer 

capacity and packet size. 

(Step 4) Specify the network interface hardware. 

1.4.1 Transmission Medium 

The transmission medium provides the physical channel used to intercon

nect nodes in a network. Suitable transmission media for LANs are twisted-wire 

pairs, coaxial cables and optical fibers. Figure 1.9 shows a taxonomy of these 

transmission media. 

Twisted-pair is one of the original wire types used in telephone commu

nications. Wire is usually made of copper and is currently the least expe:J.slve 

media. The combination of the circuit switching methods of the telephone net

work and twisted-pair wires is optimal for transmitting 4 MHz voice signals, that 

utilize only a fraction of wire capacity. The typical speed of data transmission 

over the twisted-pair on the telephone network is usually 2.4 Kbits/s for circuit

switched lines and 4.8 Kbitsfs for leased lines, with the maximum in the range 

of 9.6 Kbits/s. Twisted-pair wire is commonly used for connection of low speed 

data equipment. Wire emits and absorbs a high amount of elect:rical interference, 

resulting in relatively high error rates. 

Coaxial cable offers wide bandwidth and the ability to support high data 

rates with high immunity to electrical interference and a low error rate. It is widely 
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used in telephone networks to multiplex many voice calls onto one cable. Coaxial 

cable is also used extensively by Community Antenna Television (CATV), since 

it has the capacity to carry many television channels simultaneously by frequency 

division multiplexing. This widespread use makes coaxial cable moderate in cost 

and raadily available. In addition, a wide range of connectors, taps, and splitters 

are commercially available. Coaxial cable is also the most popular medium in LANs 

at the present time because of its large capacity, low error rates, and configuration 

flexibility. Coaxial cable is used for both baseband and broadband signalling 

in LANs. Its capacity is used in baseband LANs primarily to transmit a single 

baseband signal at high data rates, in the area often or 12 Mbits/s. In broadband 

LANs, the capacity is used to create a large number of frequency sub channels from 

the one physical channel. Coaxial cable commonly used for broadband LANs 

(and CATV) has available bandwidths in the range of 300-400 Mbits/s. This 

translates into enough capacity to carry over 50 standard 6-MHz color TV channels 

or thousands of voice grade and low speed data signals [65]. 

Fiber optic channels have recently emerged as promising candidates for fu

ture local area networks. In fiber optic technology, semiconductor optical sources 

convert electrical signals into pulses of infrared light which are sent down the fiber 

cables and then converted back to electrical signals by optical detectors. Fiber 

optics can run for a few miles without repeaters, and can achieve very high trans

mission rates (measured in Gbitsfs). Fiber optics has many desirable properties, 

including low attenuation, noise immunity, security, and small size and light weight 

as well as wide bandwidth. These properties make the optical fiber the best trans

miss~on medium for our campus backbone network. Fiber optic technology will 

be discussed in detail in Chapter 2. 
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1.4.2 Topology 

Network topology is the pattern ofinterconnection among the various nodes 

of the network. Three topologies are usually used in LANs: star, bus and ring 

'F" ) \.lgure 1.10 . 

The star topology is the most common of the early network types and it 

relies on a central station for the control of its operation. In general, control of 

the star network is located in the central node or switch. In this case, all routing 

is performed by the central node. This centralized configuration is optimal when 

the bulk of communication is between the central and outlying nodes. If traffic 

is high between outlying nodes, a hea.vy switching burden is placed on the central 

node. In star networks, the central node is a single point of network failure. If 

it goes down, ·so does the entire network. Thus, reliability and the need for 

redundancy measures are important issues in star networks. 

The ring topology connects its nodes in· a closed form and circulates all 

packets in one direction. All nodes are connected by point-to-point links. The 

nodes are responsible for identifying and accepting packets addressed to them, as 

well as for repeating and passing on packets addressed to other nodes. Packets 

usually circulate back to the sending node to confirm receipt by the destination 

node. In ring networks, channel access m~thods must be used to avoid conflicting 

demands for the shared cha.unel. The most commonly used method is by circulating 

a bit pattern, called a token around the ring. A node gains an exclusive access to 

the channel when it captures the token. It passes the token to other nodes when 

it finishes transmitting. Most ring networks operate on some variants of this idea. 

A node/link failure, and insertion or removal of a node will cause the network to 

stop operating. Thus, some reliability schemes, for example, a bypass of failure 

points, are necessary. 
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In bus networks, nodes share a single physical channel, which is a long 

length of cable that runs through each station, via cable taps or connectors. The 

bus topology, with the ring, has most frequently been used in LANs. Packets 

placed on the bus are broadcast out to all nodes. Each node must be able to 

recognize its own address in order to accept packet destined for the node. However, 

unlike nodes in a ring, they do not have to repeat and forward packets. As a 

result, there is no delay and overhead associated with retransmitting packets at 

each intervening node. Because of the passive role nodes play in transmissions on 

the bus, network operation is not disrupted in the event of node failures. This 

makes bus networks inherently resistant to a single point of failure. In spite of 

its many advantages, a technical difficulty is encountered when implementing an 

optical bus network. This will be discussed in Chapter 2. 

1.4.3 Medium Access Protocols 

Medium access protocols are the methods by which nodes 8.ctually gain the 

use of the network channel and allocate the channel capacity appropriately among 

nodes. They are used to mediate between nodes that are competing for the use of 

a shared channel. During the past decade~ many channel access protocoLs have 

been proposed and implemented. Figure 1.11 categorizes the most commonly used 

protocols for LANs. 

Fixed assignment techniques consist of allocating the channel to the nodes 

by partitioning the time/bandwidth space into slots, which are assigned in a static 

predetermined or a dynamic (demand oriented) fashion. In Frequency Division 

Multiplexing (FDM) , the available bandwidth of a single physical medium is divided 

into a number of smaller, independent frequency sub channels. Each sub channel 
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can be used as a separate channel for transmission. Signals multiplexed by fre

quency division are transmitted on the medium parallel to each other and simulta

neously. Since signals must be analog in order to be frequency multiplexed, digital 

signals must be converted into analog form before being multiplexed. Modems are 

used to shift 4 KHz signals up to sucessive frequencies, modulate them ont<;> carrier 

singals at that frequency, and demodulate the signals back into their original base

band frequency at the receiving end. TDM is another method of utilizing channel 

capacity efficiently. In TDM, each node is assigned a fixed small time interval 

during which it can transmit a pecket, complet~ly occupying the channel capacity. 

TDM interleaves a number of data streams into one data stream. The.:efore, in 

TDM efficiency is gained through greater utilization of the single channel while in 

FDM efficiency is obtained by sending mUltiple signals in parallel, simultaneously. 

Since TDM can be used to multiplex digital or analog signals, there is no need for 

AID (or D!A) conversions or mo~ems. 

Polling techniques determine the order in which nodes access the network. 

In the polling network, a control node queries each node in turn, asking "Do you 

want to transmit 7". If the node wants to transmit, it sends its packets. If 

not, the control node continues to poll the next node in the order. The order is 

usually based on the physical location of nodes, but it may reflect traffic priorities 

or may have an arbitary form, depending on the application. 

Token passing protocols are methods by which each node, in turn and 

in a predetermined order, receives and passes the token. Token passing is most 

commonly used in ring networks. Possession of the token gives a node an exclusive 

access to the network channel for transmitting its packets. Therefore, there is 

no conflict between nodes that want to transmit. Packets are not damaged by 

collisions 8...'1d thus do not require retransmission as a result of a. collision. When 
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a node finishes sending its packets, it passes the token to the next node along 

the ring. If a node does not want to transmit when it captures the token, it 

merely retransmits it to the next node along the ring. In pa.'\"ticuiar, the token 

passing protocol is attractive where the upper bound of packet (or message) delay is 

required since token passing networks offer a deterministic access to the channel by 

each node. Token passing networks must include some means of placing the token 

in circulation when the networks are initialized, as well as after any interruption 

in network operation. 

A slotted ring is a variation of token passing techniques used in ring net

works. A number of slots circulate around the slotted ring network. Each slot 

generally contains bits specified for source and destination addresses, control, and 

information. If a node that wants to transmit receives a free slot, it inserts data 

and the source/destination addresses into the appropriate fields, and sets a bit to 

indicate that the slot is full. When the desti:l~tion node receives the data, it 

marks the slot to indicate that it is empty and can be used by subsequent nodes. 

The register insertion technique is aLc;o used in the ring network. Each 

D.ode has a shift register for temporarily holding packets that circulate around the 

ring. When the ring is idle, the input pointer points to the rightmost position 

of the shift register, indicating that it is empty. When a node receives packets, 

it inserts them bit by bit into the shift register and shifts left the input pointer for 

each bit. The node determines if the packet is destined for the node when the 

entire address field is stored in the shift register. If the packet is not destined for 

the node, it is passed by shifting bit by bit to the right until the packet has gone 

out. If no additional packets arrive during this time, the input pointer will return 

to its initial position. Otherwise, a second packet will begin to accumulate in the 

register as the first is shifted out. 
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The Carrier Sense Multiple Access with Collision Detection (CSMA/ CD) is 

the most popular random access technique which includes a mechanism for resolving 

anticipated conflicts or collisions. In CSMA/CD networks, nodes transmit packets 

immediately upon sensing that the channel is idle. Each node has the ability to 

sense carrier on the channel. When a node senses a carrier, it backs off some 

random period of time and tries again. Because of the time it takes for a signal to 

travel across the network, multiple nodes can detect that the channel is idle either 

exactly at or close to the same time, since each node will not yet have detected 

the signal of the other. In such a situation, a collision will occur. Collisions 

are detected by nodes while they are transmitting by monitoring the energy level 

of the channel. If transmitting nodes sense a collision, each node involved backs 

off and abandons its transmission, waits for a random interval, and attempts to 

transmit again. Once there are no collisions during the time it takes for a signal to 

propagate to the farthest node, the node has seized the channel and the remainder 

of the packet can be transmitted without collision. Since there is no predetermined 

order of a.ccess by nodes in CSMA/CD, there is no guarantee of a maximum waiting 

time before getting access to the channel. 

In Aioha networks, whenever a node has packets to send, it simply trans

mits them. The node then listens for an amount of time equal to the maximum 

possible round-trip propagation time on the network. If the node receives an 

acknowledgement during that time, the transmission has been successful. Oth

erwise, it retransmits the packets after a random interval. When a collision 

occurs, the receiving node simply igno!es the packets. Because the number of 

collisions rises so rapidly with increased traffic intensity, the channel utilization is 

very low. A Slotted Aloha technique is a variant of Aloha which has been devel

oped to improve efficiency. In Slotted Aloha networks, the channel is organized 
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into fixed slots whose size equals the packet transmission time. All nodes must 

be synchronized by using some central clock or other technique. In Slotted Aloha 

networks, transmission is permitted only to begin at a slot boundary, which results 

in overlapping of whole packets, and thus significant improvement in the channel 

utilization. 

1.5 Objectives of The Dissertation 

The objective of this dissertation is to design an optical fiber campus back

bone network which provides interconnection among various LANs on the campus, 

and offers high bandwidth interfaces to supercomputc:::iS~ file-servers, and other 

powerful facilities, as well as support voice traffic with data. In order to design 

the backbone network, we first discuss the characteristics of fiber optics since the 

current state of optical fiber technologies has limitation on its use for computer 

networks and it affects design considerations of the backbone network. 

Specially, topological consideration of the backbone network is greatly 

interrelated to optical :flbef t~chnology. The characteristics of the most commonly 

used topologies in non-optical LANs, such as bus, star, and ring, do apply to 

topologies of optical LANs. We will discuss the potential of these topologies, and 

propose the one best suited for the campus backbone network. 

The medium access protocols are also discussed for data/voice integration 

and high utilization of the backbone's high transmission capacity. We will discuss 

the problems of data/voice integration which result from different characteristics 

and different requirements of data and voice. The potential of existing LAN 

protocols for high speed environments and data/voice integration are reviewed, and 

then we propose a new medium access protocol for the campus backbone network 

to provide successful integration of data and voice as well as high throughput. 
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The performance of the proposed campus backbone network is evaluated 

using simulation study to verify validity of the med.ium access protocols and back

bone structure. Performances are measured in terms of data and voice message 

delays, throughput and utilization, and voice packet loss probability. We also 

discuss effects of some important design parameters on network performances and 

propose optimal values of the parameters using simulation. These parameters 

include packet size and buffer capacity at each NIU. Finally a network interface 

unit (NIU) is designed to provide interfaces to fiber cable and support the proposed 

medium access protocol. 

1.6 Organization of The Dissertation 

Chapter 1, Introduction, contains characteristics and communication re

quirements of campus environments. Conventional approaches to meeting the 

requirements are reviewed, and the backbone network approach is propose·d. The 

concept and advantages of the proposed backbone network approach are described 

in Chapter 1. The optimal design process of the backbone network is also contained 

in this chapter. 

Chapter 2 through 5 are organized so that each design issue for the campus 

backbone network is discussed its own chapter. Chapter 2 contains characteristics 

of optical fiber, including its desirable properties and technological limitations, 

which affect the design of the campus backbone network. The general architecture 

of optical fiber communication systems is also contained in this chapter as well as 

a brief survey of commercial optical fiber LANs. 

Chapter 3 contains the topological considerations of backbone network. In 

this chapter, we propose a topology best suited for the campus backbone network 

after discussing the potential of the topologies commonly used in copper LANs, 

including bus, star, and ring. 
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Chapter 4 discusses medium access protocols of the backbone network. 

This chapter presents the problems of integrating voice and data on the backbone 

network, and a survey of approaches to integrating data and voice. A new token 

ring protocol is proposed to satisfy two major requirements of the backbone network: 

high throughput and successful integration of data and voice. The potential of 

the TDM approach is also discussed. 

Chapter 5 presents a performance evaluation of the proposed backbone 

network using simula.tion. Performance is measured in terms of throughput, 

utilization, mean message delay, and voice packet loss probability. The effects 

of the network parameters are also investigated to determine their optimal values. 

At the end of this chapter, the proposed token ring protocol and the TDM are 

compared in many aspects, including their performances, to make the best choice 

for the campus backbone network. 

Chapter 6 contains the design of the network interface unit. Some design 

considerations concerned with the network interface unit are presented and then its 

hardware is described. The design considerations include fault tolerance mech

anisms, encoding schemes, synchronization, power budget, transmitt/receiver, 

and protocol engine. 

Chapter 7, Summary and Future Work, presents a summary of this d.is

sertation and recommendations and suggestions for future work. 

The Appendix A is a list of the simulation parameters and performances, 

and the Appendix B cont~ins the Simscript II.5 source program for simulation of 

the backbone network. 



CHAPTER 2 

OPTICAL FmER TECHNOLOGY 

Optical fiber technology for LAN applications is rapidly being developed 

and there now exist a number of commercial optical fiber LANs ayailable. Optical 

fiber is used as the transmission medium of our campus backbone network to take 

advantage of its many desirable characteristics. 

An optical fiber consists of a core and a cladding. When a ray of light is 

launched into an optical fiber core with a proper angle, it is reflected back into the 

core by the cladding due to the difference in refractive index between the core and 

cladding materials. This process is repeated as the ray propagates through the 

core so that it travels from one end of the optical fibers to the other end. There are 

two major sources of optical pulse spr~ading which result in signal degradation: the 

material and the modal dispersion. Material dispersion results from the varying 

speed of light through a fiber cable with wavelength. If multiple rays of different 

wavelengths enter a fiber simultaneously, the one with the longer wavelength will 

arrive first. As the range of wavelengths becomes wider at the source, the optical 

signal becomes degraded sooner. Therefore, material dispersion can be reduced by 

using a light source with a small bandwidth. Laser diodes emit a narrower range of 

light wavelengths and thus achieve higher speed than Light Emitting Diodes (LEDs). 

This will be discussed further in the succeeding section. Modal dispersion, on 

the other hand, is ca.used by light entering the fiber core at different angles. If 

the core has a constant optical density, then a light ray propagating through the 

36 
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center of the core will arrive before a ray traveling away from the center because 

the latter one rebounds many times off the ,sides of the fiber during its propagation. 

The larger fluctuation of the wave causes the greater dispersion of the signal, and 

thus larger degradation of performance. Modal dispersion can be alleviated by 

varying the optical density of the core, so that light away from the core center 

travels faster. 

The first practical implementation of optical fiber is multimode fiber, shown 

in Figure 2.1(a). Multimode fibers are attractive for early optical communication 

systems because of their large core diameters which facilitate coupling into fiber 

from available sources. In general, the larger the core diameter, the easier it 

is to couple optical power into the fiber and the less the losses in connectors and 

switches while the smaller the core size, the easier it is to make a high bandwidth 

fiber. In multimode fiber there are a number of different propagation modes: 

1) the lower order propagation modes which are nearly parallel to the axis of 

the fiber, and 

2) the high order propagation modes which deviate more from the center of 

the fiber. 

Light in the higher order modes will take a. longer path, thus causing modal 

dispersion and limiting their bandwidth. There are a number of types of multimode 

fiber developed over the past decade. Stepped index fibers make the trade of low 

. dispersion for easier configurability. This fiber can carry information at low rates 

over small distances, typically 20 Mbits / s over 1 Km. Multimode graded index 

fibers are the most commonly used commercially available fibers. This fiber has 

varying optical density in the core, which forces the deviating light to travel fast 

and arrive in synchronization with the light that has not dispersed. The typical 

speed of graded index fiber is 1 Gbits/s over 1 Km. Graded index multimode fiber 

"'. 
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commercially available today use one of four sizes: 50/125, 62.5/125, 85/125, and 

100/140 [24] (core diameter/cladding diameter, both expressed in p,m). 

Single mode fibers solve the spreading problem of the multimode fibers 

by using a very small core. In the single mode fiber, only the central ray can 

propagate in the core, as shown in Figure 2.1(b). High bandwidth and low 

attenuation can be achieved with single mode fibers because of the small core size. 

The single mode fiber is more suitable for the environment where high speed data 

rate and longer distance are needed. While single mode and multimode fibers 

have similar costs, single mode transmitters, switches and connectors are more 

expensive than their multimode equivalents. 

Wavelength Division Multiplexing (WDM) is a similar technique to FDM 

which is usually used with coaxial cables. By WDM, we can multiplex several 

optical signals at different wavelengths onto the same fiber. In a WDM com

munication system., light signals generated from multiple sources, each one at a 

different wavelength, are combined into a composite light signal and injected into 

a single fiber cable. An optical demultiplexer is used to separate the composite 

signal into multiple signals at the receiving end. Like FDM, WDM provides 

multiple independent sub channels on a single fiber cable. These subchannel may 

go in either direction. 

2.1 Characteristics of Optical Fiber 

Optical fibers have a number of characteristics that make them a natural 

candidate for our high speed backbone network. Major characteristics of optical 

fibers are as follows: 

1) Optical fiber provides a very high capacity for carrying information. The

oretical analysis indicates that a single mode fiber transmission system can 
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Figure 2.1 - Single and Multimode Fiber 
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be operated at 20-100 Gbits/s data rate over a distance greater than 100 km 

[39]. Experimentally, a repeaterless transmission system at 274 Mbits/s 

over 101 km has been demonstrated using single mode fibers and 1300 nm 

sources and detectors [39]. As the propagation distance is decreased, the 

bandwidth capability is proportionately increased. 

2) Fiber provides low attenuation resulting in efficient communication over 

several kilometers without repeaters. The attenuation of an optical fiber 

at a wavelength of 1550 nm is 0.2 dB/Km [39], almost independent of bit 

rate (neglecting dispersion) while the attenuation of a copper transmission 

cable is typically 30 dB /Km at 30 MHz (Ethernet 50 n coaxial cable) and 

scales roughly as the squared root of the bit rate [25]. 

3) Since fiber cables transmit information as light, they neither generate nor 

are affected by electromagnetic interference. For this reason, optical 

fibers are particularly useful in EMI-rich and other hostile environments. 

4) Since error rates are very low, typically one bit error per 109 bits [26], 

most error detection and retransmission overhead can be eliminated in the 

optical transmission systems. 

5) Since it is not easy to tap an optical fiber cable without interrupting com

munication, fiber is more secure from malicious interception. 

6) Since fiber is lightweight and has extremely small physical dimensions (di

ameter of 5-10 p,m for single mode fibers and 50 to several hundred J.l.m 

for multimode fibers [29]), it is easy to pull through overcrowded ducts, 

which results in lower installation costs. In fact, the additional cost of 

putting a second fiber in the same cable is negligible. 

7) Th~ cost of optical fiber cable has fallen considerably recently, and it is 

expected that optical fiber will soon become cheaper than coaxial cable. 
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However, there are some disadvantages of optical fibers which limit their 

applicability to LANs at the present stage of technology. The technological lim

itations on the optical fibers have significant effects on the desig1.i. consideration of 

the backbone network, especially on the backbone topology. This point will be 

discussed in the succeeding chapters. The limitations or disadvantages of optical 

fibers are as follows: 

1) It is difficult to launch optical power into the fiber. The typical power 

levels launched into optical fibers are much lower than wire systems (f..L W 

versus mW [38]). 

2) Optical fiber receivers l'equire a higher input power than is required by 

copper cable receivers. Also there are severe restrictions on the dynamic 

range and sensitivity of the optical receiver as well. 

S) Optical splitters and couplers are difficult to make because of their small 

size and delicate structure. Optical splitters and couplers ~lso have con

siderable insertion loss and can not be inserted into the cable without dis

rupting the network operation. There is no equivalent concept of the high 

impedance optical taps yet. 

4) A general purpose optical switch is not available at the current stage of 

technology. 

2.2 Optical Fiber Communications 

In optical fiber communications, electrical signals are converted into light 

pulses, transmitted over the fiber by a light source, and detected and converted 

back into electrical signals. The basic components of an optical fiber communica

tions system are: optical transmitters, optical receivers, optical fiber, connectors 

and splices, and couplers. 
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The transmitter consists of an optical source and electronic circuitry that 

drives the optical source, as shown in Figure 2.2(a). The source output, in effect 

a light beam, is modulated according to the electrical input signals and launched 

into the fiber. Two types of optical sources are used: light emitting diode (LED) 

and laser diode. A LED is a simple device to use because of its less complex 

electronic circuitry, its long lifetime, and its relatively low cost. A LED gives 

a direct modulation rate ranging from 20 MHz to 1 GHz. Depending on the 

composition of the light emitting active layer, the wavelength can be determined. 

Typically for GaAIAs, the wavelength of LED is 0.85 p,m, the light output is 0.6 

dBm (mW), and the coupling loss is 20 dB. The laser diode has a higher coupling 

efficiency to a fiber because output above the lasing threshold is spatially coherent. 

A laser diode generates 20 dB more power with similar drive power [29], and has 

much narrower spectral widths and purer light than an LED. This results in 

a much higher rate and distance capability with lasers than LEDs. It gives a 

direct modulation rate ranging up to 5-10 GHz. However, it is significantly more 

complex than LEDs and therefore costs more and fails more frequently. Lasers 

are suitable for the environments where high data rates and/or long distances of 

transmission are required. A typical injection laser diode has a light output of 6 

dBm and a coupling loss of 3 dB. 

The receiver consists of an optical detector and electronics, such as an 

interfacing amplifier and automatic gain control circuitry. Figure 2.2(b) shows 

a typical receiver block diagram. Optical detectors provide mechanisms for con

verting optical power into an electrical voltage or current. Two general types of 

optical detectors· are used: PIN diodes or Avahmche Photo Diodes (APDs). APDs 

are considerably more sensitive than PIN diodes because its inherent internal gain 

improves the signal-to-noise ratio for a given optical input power and also reduces 
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An amplifier and a threshold 

circuit are used to reconstruct a clean waveform of the original signal presented to 

the transmitter. 

Connectors are used to connect the fiber to the output of the transmitter or 

the input of the receiver, and to join any two pieces of fiber. Connectors have been 

a critical problem long time due to the mechanical tolerances required to achieve low 

optical loss. However, connectors using mating plugs and a sleeve with ballbearing 

arrays to force alignment have demonstrated insertion losses consistently less than 

0.7 dB [33]. Splicing is a procedure involving fusing together the ends of two 

fiber pieces. Fusion splicing of single mode fibers with an electricity has been 

demons"Grated to produce losses consistently less than 0.5 dB [33], although careful 

alignment of the fibers is needed due to the small diameters of the fiber cores. It 

is important to maintain good uniformity of fiber diameter and core concentricity 

for consistently good l"csults when fiber cables are connected with connectors or 

splicing. 

Optical fibers transm,isaion applications can be broken into three categories 

of signals: synchronous digital, asynchronous digital, and analog. The majority 

Qf present telecommunication applications use synchronouS digital techniques. In 

the synchronous digital techniques, the role of the fiber transmission systems is 

to transmit binary information which is generated by the signal source at a fixed 

clock rate. The output of the signal source is coded to produce a new signal with 

little or no low frequency content and a suitable density of transitions. Examples 

of coders include self-synchronizmg scramblers, and coders which encode N input 

bits into M output bits. The coder output is converted to a suitable current for 

modulating the optical source by the driver. The receiver output drives a clock 

recovery circuit, and the output of the clock recovery circuit is used to regenerate 
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the coded binary signal. This regenerated signal and the recovered clock drive the 

decoder which produces a clock and data signal which are replicas of the original 

inputs. 

In asynchronous digital systems, the signal is made by transitions from 

the "on" state to the "off" state at arbitary times. Thus, the receiver has to 

reproduce the transition times with high fidelity to obtain a good quality of signal 

transmi8sion. One approach to transmitting an asynchronous signal over an optical 

fiber is to allow the on-off levels of the signal to directly modulate the optical driver 

to the corresponding on-oft" states. Since in this approach, however, the receiver 

automatic gain control circuitry, if any, has no reliable reference level upon which 

to set the receiver amplifier gains and/or threshold levels, a tightly controlled 

received signal level is required. Various coding schemes have been proposed to 

alleviate this problem. These include overs amp ling and three level transmission. 

The oversampling of an asynchronous signal creates a synchronous signal, and the 

overs amp ling rate determines the fidelity with which the transition times can be 

reproduced at the receiver. In the three level transmission, a fixed half-power 

output from the source is pulse modulated with a positive pulse to represent an 

oft"-to-on transition and with a negative pulse to represent an off-to-on transition. 

In this case, the short pulse bandwidth and the received signal-to-noise ratio 

determines the fidelity with which the transition times can be reproduced at the 

receiver. Asynchronous transmission systems can be designed to be much simpler 

and much less expensive than synchronous transmission systems. 

Analog signals can also be transmitted over fibers by two techniques: direct 

analog modulation and analog-to-digital conversion. A direct analog modulation 

technique directly modulates the optical power about a fixed bias level. Direct 

analog modulation of the source drive current offers simplicity and high bandwidth 
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capacity. However, linearity and signal-to-noise ratio limitations seriously con

strain the allowable performance and transmission distance. Some of these con

straints can be alleviated by using analog modulation techniques, such as FM. 

Analog-to-digital conversion techniques are used to convert analog signals into a 

digital form using suit~able AID converters and also to transmit the converted dig

ital signals over optical fibers. However, the difficulty of this technique is that 

very high bandwidth signals cannot be digitized with the available AID technology. 

Also, for many applications, the costs of AID conversion and the associated digital 

transmission systems are high. As a result, analog modulation techniques are 

currently favored, although digital methods will probably be used in the future as 

AID conversion costs decline. 

2.3 Standardization 

Standardization work on various optical fiber components has been active 

in the EIA and the CCITT for several years. EIA has generated numerous FOTPs 

(Fiber Optic Test Procedures) which deal with standardizing definitions and test 

procedures for optical fiber components. CCITT Recommendations G.651 and 

G.652 address similar topics. Standardization of optical fiber transmission systems 

is, however, still in its infant stage. Standardization of optical parameters is 

currently being a~dressed in. three areas [28]: 

1) parameter definitions and measurement techniques of optical fiber; 

2) regeneration methods of optical fiber transmission systems; and 

3) vaiues of optical fiber parameters for transmission systems. 

Standardization of the definitions and measurement techniques is the least 

controversial due to a consensus that such a standard needs to be established. The 
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rapid technological advances of optical fibers cause difficulties for the standardiza

tion in this field. Also the fact that many properties of optical fiber are not well 

understood yet makes the standardization even more difficult. However, great 

progress has been made in this field by IEEE, ETA, and CCITT. 

Standardization of the regeneration method is somewhat more controversial 

in that there is no agreement as to how to use a standard. In the standardization of 

the regenerator design methodology, d.ifficulties arise from the rapid technological 

advances and the fact that many parameters are still not well understood. At 

high speed environments, dispersion becomes the limiting factor, but there is no 

accurate and verifiable measure of dispersion limitation of an optical fiber system 

that a designer can use as a guide. In addition, there is no agreement on whether a 

worst case approach or a statistical approach is preferred. Worst case design is an 

approach that uses the worst case parameter values which are generally guaranteed 

by the manufacturers. In this approach, the discrepancy between the design and 

the actual performance can be easily traced to individual components. However, 

the worst ca,,,a design suffers from overdesigning, and thus the final architecture 

often contains too many regenerators and excessive loss and dispersion margins. 

A statistical approach alleviates some of the overdesign problems, but introduces 

uncertainity in component performance as Vlell as a small percentage of statistical 

failures. Standardization of regenerator design is currently being addressed in the 

EIA F02.1 working group. A multimode fiber system design methodology has 

been included in a document entitled "Optical Fiber Digital Transmission Systems -

Consideration For Users And Suppliers" and a methodology for single mode systems 

is under development [28]. 

Standardization of the actual values of optical parameters is the most con

troversial since these parameters are ch8 .. nging very rapidly with technological ad·· 

vances. Unless standards in this area are implemented carefully, they may include 

---------------------------_._-_._._-_ .. __ ._ .... - ._.-



48 

unnecessary constraints which may limit innovation on the part of the manufacturer. 

Therefore, it is important to standardize a minimum set of parameters which are 

absolutely necessary to allow various manufacturers' products to interface and to 

interoperate properly. Despite the rapid changes in technology, optical parameter 

standards are beneficial at some low speeds (i.e., less than 150 Mbits/s). For these 

low speed applications, regenerators are not necessary. It is possible to design a 

regenerator not by det~i1ed computation of the parameters, but by a simple table 

lookup procedure, in the same manner as voice circuits are designed today. If 

the low loss fibers, the high power transmitters, and high sensitivity receivers are 

available, there will be enough flexibility in optical fiber transmission systems to 

allow the introduction of optical cross connect systems without limiting the appli

cations of these systems. To ensure compatibility, only the signal rate, format, 

and a minimum set of optical parameters need to be standardi.:!~c. 

An important standardization effort for optical fiber communications is 

concerned with optical fiber LANs. There is a great deal of standardization efforts 

for optical fiber LAN within the SAE A.E9 Committee, IEEE, and ANSI. The 

SAE AE9 Committee has been working on the standardization efforts to support 

the military. The IEEE has published four draft standards for copper-based 

networks under Project 802, and the 802.8 Optical Fiber Technical Advisory Group 

is studying integration of optical fibers into each of these networks [36]. The ANSI 

is also working on the standardization, and its committee X3T9.5 proposed Fiber 

Distributed Data Interface (FDDI). In particular, FDDI has some desirable 

properties for our application, and thus its brief description is presented here. 

The FDDI protocol has used the IEEE 802.5 tokel:l1.'ing protocol as a start

ing point. The initial FDDI specifications, referred to 4!.5 the FDDI-l standard, 

are better suited for data traffic than voice traffic. Those aspects of the FDDI-l 
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that affect hardware implementation were already established as a standard. As 

an enhancement to the FDDI-l the ANSI committee has just begun work on a 

. circuit-switched mode, called FDDI-~. The FDDI-2 allmys a better interface 

for both data and voice traffic, is more cost-effective, and SUppCl'ts high speed 

implementation. The emergence of the FDDI as a popular standard encourages 

semiconductor vendors to develop integrated circuit for supporting FDDI. The 

use of dedicated VLSI to support the FDDI will dramatic.ally lower the cost of the 

FDDI interfaces. 

The FDDI uses counter a rotating double ring: primary and secondary ring. 

The second ring may be used only as a standby ring, or it may be used for concurrent 

transmission. In the FDDI, some f3tations are attached directly to two separate 

count~r rotating rings. Such conn·actions are referred to as Class A and require 

two duplex cables, one for each ot the adjacent stations. Simpler connections, 

referred to as Class B, may only be made through a wiring concentrator which 

itself is connected to the ring via a Class A connection. Those stations that are 

connected via Class B connections have direct links to the concentrator. Class 

B connections require only one duplex cable. The use of wiring concentrators 

allows any combination of stations to be switched out of the ring while retaining 

full connectivity for the remaining stations. A bypass switch is used at each station 

to bypass any failed station or powered off stations. If a primary ring is broken, 

the secondary ring continues to support the network traffic without disrupting the 

network operation. If a station fails or a link fails, the two rings are folded into 

one ring, which is approximately twice as long, maintaining full connectivity. 

The FDDI has two operation modes: token mode and hybrid mode. The 

hybrid mode of operation combines both packet and circuit switched data cap8obil

ities. A FDDI ring is initialized to the token mode. After some station has 
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negotiated for and won the right to be the cycle master along with the necessary 

synchronous bandwidth allocation to support it, the ring is switched into the hy

brid mode. In the hybrid mode of the FDDI operation, the network bandwidth 

is allocated to circuit-switched data in increments of 6.144 Mbits/s isochronous 

channels. Up to 16 isochronous channels may be assigned using a maximum of 

98.304 Mbits/s of bandwidth. Each of these isochronous channels offer a full 

duplex data channel which may in turn be reallocated into three 2.048, or four 

1.536 Mbitsfs data subchannels, meeting requirements of the European and North 

American phone systems, respectively. A residual token channel of 1 Mbits/s 

capacity remains even when all 16 isochronous channels are assigned. Isochronous 

channels may be dynamically assigned and deassigned on a real time basis with the 

bandwidth currently available to the token channel [21]-[24]. 

2.4 Survey of Optical Fiber LANs 

In this section, some contemporary optical fiber LANs are summarized. 

Some networks exist as finished products available in the marketplace. Other 

networks are under development, prototypes for theoretical studies or experimental 

backup, or laboratory testbeds. 

Fibern6t II [34] 

The Xerox Corporation has developed Fibernet II which is an optical fiber 

version of Ethernet. Fibernet II uses an active stu repeater to create the equiv

alent of the baseband coaxial cable Ethernet. Collision detection is implemented 

electrically in the 25-port star repeater on a backplane which behaves like a small 

Ethernet and which is electrically compatible with the standard 10 Mbits/s Ether

net. Fibernet II uses simple LEDs and pin diode receivers. Fibernet II might 

be used as a backbone to interconnect Ethernet segments. 
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Hubnet [35] 

The University of Toronto is developing Hubnet. Hubnet is a 50 Mbits/s 

LAN using glass fiber. Hubnet uses a dual rooted tree structure with twin-fiber 

communication paths. Hubnet is being developed so that it may overcome short

comings of Ethernet such as poor performance under heavy load, low efficiency at 

high bandwidths, and (in the optical domain) coupler losses in bus configurations. 

The key idea is to shrink the Ethernet to the Hub where an incoming signal is 

selected and broadcast to all outgoing lines. While one incoming signal is being 

handled, signals arriving on other input lines are blocked, causing th.eir transmit

ting units to time out and try again. There are, therefore, no collisions in the 

Ethernet sense. In the case of several signals arriving simultaneously when the 

Hub is quiescent, one is arbitrarily chosen. 

Albanese [41] 

Albanese has developed a bi-directional bus network. This network, using 

a loop-bus topology, allows two functionally distinct networks to coexist on the 

same fiber. . This is done by using 4-port couplers and transmission at different 

wavelengths for two directions. Due to limitations of current coupler technology, 

the number of stations is limited in the best case to about 13 for a 100 Mbits / s 

system. Polling and TDMA are used for medium access. 

Expressnet [39], [41] 

Expressnet is a folded bus n.etwork with a uni-directional transmission ca

pability. At each node, there is a. T tap for tra"!'_':Imitting packets, an R tap for 

receiving packets, and an S tap for carrier sensing. To transmit a packet, the 

node waits for the event of the next End-of-Carrier(EOC) to be detected at its S 

tap. ·When EOC is detected, the node starts to transmit a packet. If a colli

sion is detected it aborts the packet transmission immediately. After successfully 
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transmitting a packet, it waits for End-of-Train (EOT) to be detected at its R 

tap. When EOT is detected, the node is allowed to search for EOC again. The 

efficiency of Expressnet is very near one, and thus when the number of stations 

is limited, voice communication quality is guaranteed. A major disadvantage 

of ExpressIlet is a highly complex algorithm which requires a high implementation 

cost. 

D-Net [39] 

D-Net has been proposed recently by TRW. In D-Net a specialized station 

called the locomotive generator generates trains that define the access windows for 

the network interfaces. The result of this is an efficiency near one and, therefore, 

high bit rates, in the hundreds of Mbits/s, may be used. Network delay is tightly 

bounded so that packetiz6d voice is feasible. 

ISN [44] 

AT&T Information System Network (ISN) has a hierarchical star structure. 

A packet controller acts as a switch and management center. All packets between 

sending and receiving devices pass over a Elhort bus (called a centralized bus) in the 

packet controller. The concentrator, which is connected to the packet controller 

by 8.64 Mbits/s optical fiber, statistically multiplexes many data channels to and 

from the packet controller. ISN also has some internetworking capabilities. ISN 

can link Ethernet segments enabling devices on one segment to communicate with 

those on another. These bridged Ethernets can be located anywhere in an ISN, 

thus overcoming the distance limitations of Ethernet technology. ISN can also 

interface with the AT&T Starlan, which serves the AT&T PC 6300, Unix PC, 

IBM PC, and 3B2 computers. ISN provides a support for IBM environments, 

including synchronous transport of data between IBM hosts and cluster controllers, 



53 

switched service for IBM 3270 terminals, and protocol converters for 3270 terminal 

emulation by asynchronous terminals. 

BILNET [41] 

The Mitshbishi Corporation has developed a 50 Mbits/s BILNET (for BI

directional passive Loop-structured ~ETwork) which has a passive ring configu

ration. This network transmits bi-directionally OIL the same fiber using WDM, 

one wavelength for one direction, the other for the opposite direction (840 and 900 

nm, respectively). Normally the ring is open, that is, the loop is broken at one 

point via an optical switch. This prevents signals from circulating more than once 

around the loop and thus creating echo interference. However, if the fiber cable is 

broken elsewhere, the switch closes, thus insuring continuity of operation. Since 

the ring is passive, failure of a station does not bring down the entire network. 

However, this network involves concatenating passive T-couplers; hence optical 

losses restrict the number of network interfaces to about 13. 

Fiberway 

Fiberway is a ring network carrying up to 200 Mbits/s of data that is time 

division multiplexed. With a network management software, the 200 MbHs/s of 

bandwidth can be subdivided into two 100 Mbits/s bands, and these bands can be 

further subdivided into four 25 Mbits/s bands. These 25 Mbits/s bands can also 

be divided into channels and sub channels for low speed applications. Each band 

operates independently and carries different kind of information. Fiberway has a 

compatibility with Ethernet or IEEE 802.3 devices. 

Other Fiber LAN 

C-Net is an uni-directional U-type bus network. C-Net uses a simpler 

algorithm than Expressnet. The main disadvantage of C-Net is the lack of voice 

channels due to the simplicity of its algorithm [39], [41]. 
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PHILAN is a 20 Mbits/s, fiber optic multichannel ring on which 125 p,s 

frames are circulating. For circuit switched traffic the user can be provided with 

one or more channels with capacities that are multiples of 64 Kbits/s, up to a total 

of 2 Mbits/s [31]. 

FXNET is an active optical fiber ring that operates at 160 MHz, using 

Manchester coding. A maximum of 256 nodes on a ring up to 85 Km in circum-

ference can be supported. FXNET provides an integrated service of data and 

voice using TDM technology [32]. 

C&C-Net Loop 6700 built by the NEC is a token ring network which op

erates at 32 Mbits/s. The ring consists of counter rotating optical fibers. Under 

norma! circum.:rtances, one loop is idle and on standby while the other is active. 

Since the ring interface is active, bypassing is achieved by electronic, as opposed 

to optomechanical, switching. 

ITT has developed a network with a passive star-coupled topology. This 

network uses a 16 x 16 fused biconical taper star coupler operating at 100 Mbits/s 

(thus, far beyond the range of efficiency of CSMA/ CD protocols). 

Hubbard and Albanese have implemented a uni-directional ring called XBN 

(for eXperimental Broadband Network). It uses dynamically assignable TDMA 

plus contention access methods simultaneously at 16.384 Mbits/s. 

Pro-Net is based on a token passing, star-shaped ring network architec

ture. It operates at 80 Mbits/s. 

The Codenoll Corporation and Ungermann-Bass, jointly with Siecor, have 

produced Codenet and Net/One, respectively. These networks use distributed 

CSMA/ CD mechanism that is passively coupled to the incoming fibers of the star 

coupler. 

Nippon Electric Corporation (NEC) has developed Ethernet compatible 10 

Mbits/s CSMA/CD networks. The NEC network uses a tree architecture [41]. 



CHAPTER 3 

BACKBONE TOPOLOGIES 

One of the most important design issues for a campus backbone network is 

determining the network topology that is best suited for the application. Major 

goals which pertain to topology of the campus backbone network are listed here. 

1) Geographical coverage. 

2) Capability to serve large number of nodes. 

3) High reliability. 

4) Equal access. 

5) Robust collision detection - if necessary. 

6) Easy network reconfiguration and maintenance. 

7) Cost effectiveness. 

The most commonly used topologies in copper LANs include bus, star, 

and ring. Their characteristics <.ve been discussed in Chapter 1. However, 

the characteristics of these topologies cannot be applicable to optical fiber LANs 

because of the different properties between light and electricity, and the present 

technological limitations of optical fibers. This chapter contains topological con

siderations of the optical backbone network which are quite different from those of 

the copper LANs. The potential of the three popu1.ar topologies are discussed 

separately in each section, and the best suited topology is finally proposed. 

55 
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3.1 Bus Topologies 

Bi-directional bus structures with passive taps have been employed in many 

copper LAN applIcations due to their simplicity and enhanced reliability. In 

particular, a bus structure is attractive in the very high data rate application 

because it uses few pieces of cable so that the capacity of the channel medium can 

be maximally shared. To this end, a passive bi-directional bus structure, such 

as Ethernet, seems to be the best for the high speed campus backbone network. 

However, it is difficult to manufacture low loss bi-directional optical passive taps 

for transmission and reception. The optical couplers and splitters which are 

now commercially available have unavoidably high total loss of tapping/launching 

optical power. There is no equivalent concept of a high impedance tap in optical 

communication systems yet. Also there are some other technological difficulties 

which dictates against the use of the bi-directional bus structure for the backbone 

network. There are the upper limits on power available at optical transmitters and 

the lower limits on sensitivity and dynamic range of optical receivers, resulting in a 

limited power budget. These technological limitations of optical fibers allow very 

few taps to be inserted into an optical bus. In order to implement this optical fiber 

bus a satisfactory technique for tapping optical fiber and detecting a signal without 

diverting too much optical energy must be invented. In conclusion, this passive 

bi-directional bus structure is not suitable for our backbone network because of the 

fundamental limitations of fiber optic technologies. 

One possible bus structure is the active bus, shown in Figure 3.1(a), in 

which each network interface re-generates the optical power. As far as optical 

power considerations are concerned, the active bus structure has no restriction on 

the number of network interfaces it can support and eliminates the optical dynamic 

range problems. However, in addition to the two transmitter/receiver pairs, this 
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structure requires a duplex fiber cable (containing two fibers) while in the electrical 

case, a simplex cable can be used. Moreover, the active components are less 

reliable than the passive ones. The accumulation of jitter in the transmitted serial 

bit stream, interface cost, and electronic complexity further dictates against the 

use of active bus networks for our application. 

Another bus structure uses two buses with signals propagating in opposite 

directions as shown in Figure 3.1(b). This dual bus structure employs two pas

sive optical T-couplers. The couplers are complex, and their lossy nature and 

transmitter-receiver pairs limits the number of network interfaces. The reason 

for this is because of insufficient power distribution among transmitter/receivers, 

and the excess insertion loss associated with each coupler. A further constraint 

of the dual bus structure is the large variation in the received optical signal, which 

necessitates the use of highly sensitive and wide dynamic range optical receivers. 

In other words, the complexity of passive couplers and the requirement of high 

performance receivers restrain the use of a dual bus structure for our backbone 

l\etwork. 

Figure 3.1(c) shows an uni-directional bus, in which one end of the bus 

is closed, giving a "U" configuration. This structure also limits the number of 

network interfaces that can be connected the network. In this structure, each 

node should be given the ability to sense signals which are transmitted from nodes 

on the upstream side of its transmit tap, thus requi!'ing additional sense taps. The 

D-Net, mentioned in the previous chapter, is based on this structure. Another 

uni-directional bus structure is to fold a cable onto itself so as to create two channels: 

outbound and inbound. An outbound channel is used to transmit packets while 

the inbound channel is used to receive packets. All signals transmitted on the 

outbound channel are returned on the inbound channel, as shown in Figure 3.1(d). 

---------------------_._---_._------------------'-
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This structure also has the same limitation on the number of network interfaces 

~J.d requires an additional sense tap at each node. Both un i-directional bus 

structures, illustrated in Figure 3.1(c) and Figure 3.1(d), are not suitable fo!' our 

application mainly due to its necessity for sense taps and the limited number of 

network interfaces. 

Figure 3.1(e) depicts the star-coupled bus structure. At the star's center, 

the incoming optical power is distributed into a number of output fibers. Thus, 

the insertion losses are lumped together, and the total cost of network interface 

equipment is minimized. However, in this structure a collision detecting device is 

needed at the star coupler, thus requiring complex circuitry. Furthermore, the 

limited power budget does not guarantee proper working of the collision detection 

mechanism. Also the star coupler may be a single point of failure. This structure 

has been employed in Xerox Fibernet II. The lack of reliability and the requirement 

of a complicated collision detection mechanism restrain the use of this structure for· 

our backbone network. 

3.2 Star Topologies 

Star topologies are very attractive in optical LANa mainly because th~y use 

point-to-point communication links, and the power lOBS due to many connectors 

can be avoided. This property of point-to-point connections enables star topolo

gies to accommodate more network interfaces than bus topologies. In this section, 

both passive and active star topologies are discussed. 

The most commonly used star network using optical fibers is based on a 

passive star coupler as show!1 in Figure 3.2(b). A star coupler distributes the 

optical power from any input fiber evenly, and hence efficiently among all output 

fibers. In practice, however, there is a 2 to 6 dB variation among the powers 
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in the output fibers as a function of the input fiber [26]. The total loss of a star 

coupler is comprised of its theoretical splitting loss and excess loss. The dominant 

component is the splitting loss [41] which is given by the following equation. 

L = 1010gN (3.1) 

where L and N denote the splitting loss and the number of output ports, respec

tively. A 32 X 32 port star coupler has a 15 dB splitting loss with approximately 3 

to 6 dB excess loss depending on its type [26]. Although such a loss is greater than 

the splitting loss of the couplers used in bus networks, it is incurred only once in a 

star network. As a result, more network interfaces can be supported by a passive 

star configuration than by passive bus networks. One major disad'\"antage of this 

structure is the optical attenuation and its variation among output ports introduced 

by the passive star coupler. It necessitates the use of highly sensitive and high 

dynamic range optical re.:eivers, typically -40 dBm to -45 dBm (m W) sensitivities 

and an optical dynamic range of about 25 to 30 dB [26]. Another disadvantage 

is that a collision detection device is needed at the star coupler. Furthermore, 

proper working of the collision detection mechanism is not guaranteed due to the 

limited power budget of a passive star configuration. Finally, the passive star 

structure has a reliabiiity problem due to a single point of failure at the central star, 

and requires high cabling cost due to its clumsy topology. These disadvantages 

dictate against the use of passive star structure for our application. 

In an active star topology, as shown in Figure 3.2(b), the central star's 

circuitry performs the following tasks: 

1) detects the optical signals; 

2) converts the optical signals to electrical signals; 

3) electrically regenerates signal amplitudes; 



User+- R 
Station~ T 

R 
T 

; ~ ~~; ~~~ ~ ~ ~~ ~~ ~~ ~~ ~~~ ~ ~~ ~~ ~ ~ 

I "Passive 
)()){U) Star 
::::::::::::::0:::::0::::::: COUp leI" 

1--_ ..... =-1 •••••••••••••••••••••••••••• 

(a) Passive Star 

Active Hub 

63 

--tlH T ~ .... ....., t--40-4 T 

R .11....---.-...., R 

User 
Station 

(b) Active Star 

Figure 3.2 - Fiber Optic Star Topologies 



64 

4) converts the regenerated electrical sIgnals to optical signals; and 

5) optically transmits signals to all NIUs via the output fibers. 

Since no retiming of the signals normally occurs in the active star, optical 

signal attenuation is reduced. This enables more interface units to be attached to 

an active star than a passive star. However, like the passive star the active star 

structure incurs high cabling costs due to its clumsy topology. Also since the active 

star topologies suffer from the lack of reliability, they need some redundancy to 

improve reliability, thus requiring more expensive installation cost. Active star 

topologies also require sophisticated collision detection mechanisms within their 

stars. This is needed even though collisions can be detected with 100 % certainly 

over the whole dynamic range, unlike the passive stars. 

There are various collision detection methods with various merits and de

merits. Four collision detection methods are commonly used on the star network: 

by monitoring power level, by monitoring pulse width, by bit-by-bit comparison, 

and by checking that bits are received during a short time interval after finishing 

transmission. The following is a brief summary of these four methods [261. 

1) When a NIU transmits signals, its collision detection circuitry monitors the 

average received optical power, and determines that a collision has occurred 

when it exceeds a threshold set above the power level corresponding to its 

own received data stream. This method !s analogous to the collision 

detection method used in electrical CSMA/CD networks. In general, 

this method is unreliable and thus unsatisfactory. 

2) The collision detection circuitry determines that a collision has occurred 

when the width of an incoming pulse exceeds a threshold width. One 

major disadvantage of this method is that the detection of the collision is 

not certainly guaranteed because it becomes difficult for an optical receiver 
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to differentiate between the two colliding bit streams when the difference 

in power levels between two signal streams exceeds 5 to 6 dB. 

3) Collision is detected by comparing bit-by-bit, what is received with what 

was transmitted. In this approach, the detection of a collision cannot 

be guaranteed when the power level difference between two colliding bit 

streams is greater than approximately 5 to 6 dB. Furthermore, elaborate 

circuitry is required to assure that false collisions are not signaled due to 

jitter being present on incoming collision-free pulses. 

4) A transmitting NIU's collision detection circuitry begins to listen on the 

channel for a short time interval, after finishing transmission. Reception 

of bits within this time interval is interpreted as a coilision. At least 

one of the two colliding nodes detects the collision independent of dynamic 

range requirements. This node then notifies the other colliding nodes by 

transmitting a unique jam signal. 

In conclusion, active star networks suffer from rather clumsy topologies 

and higher cabling costs than other topologies. They also suffer from unreliability 

due to a single point of failure. Furthermore, they require collision detection 

mechanisms, which results in complex and hence expensive network installation. 

These disadvantages of star topologies restrain employing them for our backbone 

network. 

3.3 Ring Topologies 

A passive optical fiber ring is depicted in Figure 3.3{a). Since data transfer 

is uni-directional in this structure, only passive T-couplers and single fiber cables 

. between couplers are needed. However, the passive optical fiber ring exhibits the 

same optical power budget and cost problems associated with the use of passive 
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T-couplers as does the passive bus topology. Hence, the passive ring topologies 

are not suitable for the campus backbone network. Figure 3.3(b) illustrates an 

active :ring topology. The active ring has many desirable characteristics that make 

it the most promising structure for the backbone network. Major advantages of 

the active ring topology are summarized here. 

1) Ring topologies are based on point-te-point connections. As a result, the 

fundamental limitations of fiber optic technology mentioned in the previous 

section do not apply to the ring topology. The point-te-point connection 

allows very high data transmission rates to be used. The point-te-point 

connection is inherently the least complicated and most reliable type of 

connection. 

2) Active ring networks can easily span long distance because they use re

peaters. For the campus of a hundred buildings, an active ring may be 

the best suited topology to cover the whole campus area. 

3) The high capacity of the optical fiber channel can be maximally shared by 

using a ring topology because the ring network consists of a small pieces of 

fiber. 

4) The hardware error conditions can be easily detected in the ring networks 

because the signal loss at a node can be monitored immediately down 

stream from the failure. Recovery can be initiated because the failed 

node is still able to communicate to all other nodes on the ring by trans

mitting a control frame. The control frame will contain the address of 

the upstream node along with the address of the transmitting node. 

5) The software error conditions can also be easily detected since all informa

tion transmitted on the ring can be monitored for errors by any node. 

--------------------------------------
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6) High performa.nce medium access algorithms, such as token ring and Time 

Division MUltiplexing Access (TDMA), can be used with ring topologies. 

A deterministic access delay can be obtained using such medium access 

protocols m. a ring. This characteristic is of particular importance since 

it guarantees the upper limit of voice delay, and thus provides toll-quality 

voice transmission on the ring network. 

7) A ring offers some significant advantages in the ease of initial configuration 

and reconfiguration, as the needs of the network change. Failed nodes or 

links can be easily isolated through the use of appropriate ring protocols. 

The same technique can be used to enable the logical addition and deletion 

of nodes without detrimental effects on the existing network traffic. 

8) The continuously available clock signals simplify the receiver design, im

proving both its reliability and its cost performance. 

A natural topology for the high speed campus backbone network is an active 

ring because of its many desirable properties mentioned above. However, there is 

a reliability problem associated with the ring topology because a. single failure will 

bring down the whole network. In order to employ the active ring topology in our 

backbone network, we need reliability enhancement mechanisms to overcome link 

failure or loss of power. In the following section, we propose a counter rotating 

double ring with some fault tolerance mechanisms to this end. 

3.4 Proposed Backbone Topology 

A counter rotating double ring is employed for our backbone network to 

improve the reliability as well as to take advantage of the desirable characteristics 

of the ring mentioned in the previous section. In a counter rotating double ring, 

each ring is running independently. If both rings operate simultaneously, the 
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effective throughput is doubled. The node can be switched to a secondary ring 

running in the opposite direction when there is a break in the ring. Data flows only 

on the primary links until a failure occurs. Not only will the structure enhance 

the reliability of the ring, but it will allow routine maintenance to be carried out 

without disrupting ring operation. 

Our backbone network employs the dual ring structure with some fault tol

erance functions. Each node has fault tolerance functions, by which the following 

three kinds of ring reconfigurations can be performed to isolate a faulty portion of 

the backbone network. These three fault tolerance mechanisms are illustrated in 

Figure 3.4, 3.5, and 3.6, respectively. 

1) ring switch 

2) bypass 

3) loopback 

The most frequent faults in the network are caused by either failed com

ponents or broken cables. Even though a cable is not completely broken, there 

may be a. substantial degradation which causes a slow increase in the bit-error 

rate. Figure 3.4 shows a reconfiguration of communication paths by ring switch 

operaticns when the primary ring in the dual ring becomes inoperative. When 

nodes sense the break on the primary ring, they use the appropriate paths on the 

secondary ring to keep the network running. When a broken ring is restored, 

the ring returns to its original state. Situations in which nodes connected to the 

ring lose electrical power or are turned off can be overcome by providing optical 

bypasses. An optical bypass switch provides a path for the light to pass right past 

a node. When power is lost, a mirror in the optical bypass switch directs the 

light through an alternative path. Figure 3.5 depicts a ring reconfiguration via a 

bypass switch. When both primary and secondary rings fail, the data transfer 

---------------------------------------
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can continue by using a loopback reconfiguration as shown in Figure 3.6. Two 

nodes connected to the failed link reflect incoming signals to their previous nodes 

by internally establishing loopback paths. A closed loop configured in this way 

enables the data transmission not to be interrupted even though both rings break 

down. In contrast to the optical bypass operation, the loopback function can 

not be implemented in the optical domain. This is because the general purpose 

optical switch is not yet available due to its technological difficulties. 

In conclusion, the campus backbone network employs the counter rotating 

double ring structure with three fault tolerance mechanisms. The hardware of 

fault tolerance mechanisms will be discussed in Chapter 6. Figure 3.7 illustrates 

the proposed topology for the backbone network and Figure 3.8 conceptually shows 

a campus backbone network with a dual ring topology. The only negative factor 

of this structure is the high cost and complexity of the interface electronics needed 

for implementation. However, this cost is steadily decreasing and will become 

reasonable in the near future. 
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CHAPTER 4 

PROTOCOLS OF THE BACKBONE NETWORK 

The initial, and still dominant, application of LANs is for data traffic. 

Most of the currently available LANs have been developed to support only data 

traffic. The extension of these LANs to integrate services for voice, video, image 

and facsimile is rapidly becoming an attractive research area. The office automa

tion environment and Integrated Services Digital Networks (ISDNs) represent two 

important applications of integrated LANs. In particular, there is a strong need 

for integrating data and voice on a single backbone network in the campus environ

ment. As discussed in Chapter 1, there are considerable advantages in having a 

single backbone network on the campus that handles both data and voice, rather 

than having separate networks for each service. Overall communication costs, 

easy design and implementation, maintenance, and management are just a few of 

the benefits from this set up. The high capacity of the fiber optics enables the 

campus backbone network to support a mixture of voice and data traffic. How

ever, using an optical fiber as a high bandwidth channel, by itself, is insufficient 

to implement an integrated campus backbone network. A suitable medium access 

protocol must be employed on the network to provide intelligible voice transmis

sion without adversely affecting data transmission. The medium access protocol 

should not cause degradation of voice traffic while it provides high performance 

data traffic. 
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In this chapter we discuss medium access protocols for the campus backbone 

network, which can simultaneously support both voice and data traffic by taking 

advantage of the optical fiber's high speed capability. 

4.1 Characteristics of Voice Signals 

Voice signals are generated with considerable redundancy because of the 

physical mechanism of the human vocal tract and the inherent structure of language. 

The voice signals can not be perfectly perceived by the human ear because the ear's 

ability to perceive voice is constrained in a dynamic range and bandwidth. By 

taking advantage of these redundancies and constraints of voice production and 

perception, it is possible to compress the bit rate necessary to encode and transmit 

voice signals. 

Various speech coding methods have been developed with accompanying 

merits and demerits. These spaech coding schemes can be categorized into 3 

types: waveform coding, vocoding or source modeling, and parametric or hybrid 

methods. In wavefolmcoding~ samples are taken from the speech signal by a coder, 

and the coded information is sent to the receiver which attempts to reconstruct the 

original waveform from this information. The waveform coding includes PCM 

(PuIse Code Modulation), ADPCM (Adaptive Predictive Coding), and ADM 

(Adaptive Delta Modulation). A vocoder attempts to model the speech source, 

and the parameters of this model are computed and then periodically sent by the 

transmitter to the receiver. Compared to waveform coding, the vocoding method 

significantly reduces the bit rate of one speech source, and thus more calls can be 

transmitted on the channel. However, the reduction of the bit rate results in 

reduced quality of speech. Hybrid coding combines features of both waveform and 

vocoding in an attempt to fill the performance gap between the two methods: 
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Voice has traditionally been treated as a continuous traffic source. How

ever, it has been shown that in a typical conversation voice traffic exhibits on-off 

characteristics, and the channel capacity in each direction is idle for more than 40 

% of the time [72]. In other words, a voice signal consists of alternating talkspurt 

and silence periods which represent on (or active) and off (or inactive) states, re

spectively. Therefore, the efficiency of a system can be approximately doubled by 

not transmitting a signal during the silence period. This reduction in the average 

bit rate over long periods of time can be achieved by turning off the coder during 

the silence periods of speech, which comprise about 40 % of the time in telephone 

conversations. 
-

Typical behavior of a voice source, which generates packets from a voice 

signal, is illustrated in Figure 4.1. During talkspurt periods, the voice source 

digitizes the speech signal, and generates fixed length packets at regular intervals. 

Voice packets are generated periodically with periods of typically 20-40 ms but 

occasionally as large as 100 ms in some encoding schemes [51]. The voice packet 

is then sent to the concentrator which connects to a number of voice sources. In 

Figure 4.1, if the size of voice packet is L bits and the sampling rate is Fs bits/s, 

a packet is generated at every Tv = L / Fs sec. Packets generated from all voice 

sources are stored into the concentrator buffer and then transmitted over a com-

munication medium of capacity B bits/so Thus, each voice packet will require a 

slot of length Ts = L / B sec for transmission. 

4.2 Requirements of Data and Voice Services 

Integrating voice and data on the campus backbone network creates a new 

set of communication problems because these two types of traffic have different 

characteristics and requirements. Formulation of good channel access protocols 
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is essential in order to integrate data and voice traffic which have different se!'Vice 

requirements. It is still a research problem to support both voice and data services 

optimally, or to identify more exactly the appropriate trade-offs. Data traffic can 

be categorized into two basic types: interactive and bulk. Interactive data traffic 

is short and bursty in nature. It usually consists of short messages requiring low 

network delay. Bulk data, on the other hand, consists of long messages and 

normally requires high throughput. Continuity and real time delivery considera

tions are not of primary importance for the bulk data. Both types of data traffic 

requires stringent fidelity because a one bit error may destroy the entire message. 

In many applications, however, a delay of as much as 100 or 200 ms causes no 

problem for the data traffic [72]. 

Voice traffic is lengthy, steady and requires restrictive delay since long 

gaps or added delays may seriously impair the dynamic nature of voice. In most 

speech encoding techniques, the voice packets are of a fixed length. The delay 

for voice packets can not exceed 250-300 ms unless echo suppressors are used [51]. 

It is usually assumed that voice can tolerate the loss of a few packets (1-2 %) and 

still produce an acceptable quality [51]. With PCM encoding, a voice packet 

loss probability of up to ten % has been shown to be acceptable [58]. However, 

reliable delivery of voice packets will become a more important issue than assumed 

up to now since most modern voice encoding schemes use compression techniques 

that remove most of the redundancy in conversational speech. 

4.3 Survey of Protocols for Data/Voice Intergration 

The integration of data and voice traffic into a single network has been an 

interesting research topic for the past few years. This section conta.ins a survey 

of some important studies that have been made on voicel data integration. 
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Lea and Meditch have introduced the Reservation Virtual Time CSMA 

(RVT-CSMA) protocol, which is a variation of CSMA for integrated voice/data 

applications. This protocol uses the periodicity of voice packets and requires no 

global synchronization. Simulation results have shown that the voice message 

delay is bounded by the length of a frame. Simulation results have also indicated 

that the amount of data. added to the channel has little effect on the voice traffic 

[46]. 

Nutt and Bayer studied integration of data and voice over CSMA/ CD us

ing simulation experiments. All their experiments were done under medium loads 

(voice conversations occupied 32-54 % o( the channel capac:ity and data load oc

cupied 5-15 % of the channel capacity) which meant that a large portion of the 

channel capacity was not used. They concluded that CSMA/CD can be used for 

data/voice transmission if overloading can be avoided [53]. 

Karvelas and Leon-Garcia showed that packetized voice service can be 

provided on a token passing ring without degrading the performance of data traffic 

by introducing a relatively mild priority structure. Nodes are limited to a single 

packet transmission per medium access, and voice packets are given access priority 

over data packets at the same node. In addition, voice traffic is allowed longer 

packet lengths than data traffic. They presented performance results by both 

analytical and simulation methods [57]. 

Maxemchuck proposed a variation of CSMA/ CD to support voice/data 

integration, called Movable Slot Time Division Multiplexing (MSTDM). This 

technique, in contrast to the conventional CSMA/CD, allows voice packets to be 

favored over data to meet their real time constraints. It has been shown, via 

simulation study on a 3 Mbits/s bus, that MSTDM guarantees an upper bound on 

the delay of voice traffic [66]. 
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DeTreville and Sincoskie showed, by designing and implementing a pro

totype, that conventional CSMA/CD can be used to integrate voice and data, 

provided that the network does not become overloaded. They also stated that 

if MSTDM had been employed on their 10 Mbits/s bus, the number of collisions 

would have been reduced at the expense of a large overhead that approximately 

negates the gains [67]. 

Musser et al evaluated the performances of virtual token protocol Group 

Broadcast Recognizing Access Method (GBRAM) to integrate data and voice. He 

also compared the performance of CSMA/CD with GBRAM. He concluded that 

GBRAM has a better delay performance and a larger number of conversations can 

be supported on the bus [68]. 

Detreville compared the performance of CSMA/CD, token passing bus, 

and TDM for integration of data and voice. He,concluded that the performance 

of token passing is superior to that of CSMA/CD to transmit data and voice. 

He also stated that TDM is better than both CSMA/ CD and token passing for 

transmitting digital voice [69]. 

Coviello and Vena used a TDM technique to integrate voice and data traffic. 

Transmission occurs in frames of fixed duration in the network. Every frame 

contains two compartments. . The first compartment is shared by both voice and 

data packets with voice havi."lg the higher priority. The second compartment is 

used exclusively for data packets. A voice call is assigned a time slot in the first 

compartment of sufficient length to accommodate its packet and the time slot is 

retained in every frame thereafter during the duration of the conversation. New 

calls are blocked if all the voice slots are busy while data packets are queued if all 

the slots in the frames are busy [70]. 
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Li and Majithia proposed a demand oriented TDMA scheme based on a bus 

structure. The time slot assignment is call-oriented to voice traffic and packet

oriented to data traffic. However, data traffic can be interspersed on voice traffic 

and transmitted on the voice slots during their silence periods. In this scheme, 

the contention overhead is fixed. A strict scheduling for different traffic types can 

be easily realized. However, this scheme needs a controller to synchronize the 

system, and also the packet size for different traffic has to be the same. This 

scheme needs each node to have the ability to sense the channel, and the contention 

overhead will be large for a lengthy channel and small packet size [11]. 

Limb and Flamm. described an algorithm for multiplexing voice and data 

conversations onto a uni-directional bus called Fasnet. Virtual channels are allo

cated for the duration of a talkspurt and relinquished during the intervening silent 

intervals. Conversations already in progress, but without an assigned virtual 

circuit, take precedence over newly arriving calls. Unused voice capacity may be 

utilized by data nodes when required. Using simulation they showed the scheme 

is close to the efficiency of an ideal multiplexer, but the algorithm is unfair in that 

upstream nodes are scheduled before downstream nodes [72]. 

!be and Gibson developed transmission and flow control protocols to inte

grate voice and data. They used a modified version of the IEEE 802.5 token ring 

standard as the transmission protocol. Voice packets that arrive when their win

dow expires are discarded. They imposed flow control on the data traffic in order 

to avoid performance degradation when the data traffic level become high, and 

hence obtain an acceptable voice packet loss probability and an acceptable voice 

quality. They defined a distribution data flow control scheme that permits any 

desired voice performance level to be achieved by the proper choice of a parameter 

called the data flow control index. Depending on how 'much reliability for delivery 

of voice packets is required, the data flow control index is adjusted [731. 
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Pung and Davies have proposed. a protocol for integrated data and voice 

service transmission over arbitary point-to-point connected fiber optic LANs. A 

simulation study conducted on a 3 Mbits/s nine-node mesh network using this 

protocol has shown that the network can support a number of data and voice nodes 

with good perrormance (message delay less than 10 ms and no loss of information) 

[75]. 

4.4 Token Ring Approach 

Most channel access protocols used for LANs fall into one of two categories: 

the Carrier Sense Multiple Access with Collision Detection (CSMA/CD) protocol 

and the token passing protocol. These protocols have been treated for standardiza

tion by several standard organizations, including the IEEE 802 committee. The 

standards defined by the IEEE 802 include IEEE 802.3 (a bus utilizing CSMA/ CD), 

IEEE 802.4 (a bus utilizing the token passing technique), and IEEE 802.5 (a ring 

utilizing the token passing access method). 

The CSMA/CD, adopted by Ethernet, has been used extensively for data 

communications in LANs. However, the CSMA/CD technique is not suitable for 

an integrated data/voice application because the traffic characteristics and trans

mission requirements for voice packets are quite different from those for data traffic 

(as discussed in the previous section). The fundamental problem with CSMA/CD 

is that the channel access delay is not guaranteed to be finite. Therefore, we have 

to modify the basic operation of the CSMA/ CD protocol or develop a very complex 

algorithm for handling voice. In addition, it has been shown that the CSMA/CD 

provides unacceptable performance at a high data rate, although the CSMA/CD 

approach is a convenient and adequate solution to the networks which operate at 10 

Mbits/s and below. In the vicinity of the 10 Mbits/s data rate, the CSMA/CD 
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technique begins to exhibit a saturation problem. Therefore, the CSMA/ CD is 

not suitable for both integration of data/voice and high speed applications. 

The token passing protocol is a controlled-access protocol, which aims 

to prevent two or more nodes from transmitting at the same time. A node 

cannot transmit until it has acquired a token (or until a set of internal events has 

occurred). Token ring is a very attractive protocol for integrating data and voice 

services due to its property of having a guaranteed access delay. Also the token ring 

algorithm provides high performance at a high data rate. In the ring networks, 

the minimum achievable delay per node is usually assumed to be around 3 bits, 

i.e., 1 bit of delay for detection, 1 bit for internal processing, and 1 bit for output 

generation. Such short delays are difficult to achieve at a very high data rate. 

However, with the token passing protocol, it has been shown that the performance 

degradation associated with the longer delay is approximately independent of the 

data rate. Therefore, a token ring provides high performances at a high data rate 

environments even though the network was implemented with a significant delay 

per node. These abilities of the token ring make it an excellent candidate for a 

medium access protocol to be used in the high speed integrated backbone network. 

A modified version of the IEEE 802.5 token ring protocol is proposed for our 

backbone network. This proposed protocol is intended for providing toll-quality 

voice transmission as well as for offering high data throughput. The IEEE 802.5 

has been defined mainly for data traffic even though it has a capability for providing 

synchronous transmission through a priority scheme. The FDDI standard, which 

has been discussed in Chapter 2, provides circuit switching capability for voice 

traffic as well as packet switching capability for data traffic. However, these two 

standards have complicated access algorithms for voice transmission. This section 

describes a much simpler token ring protocol proposed for our campus backbone 
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network. In Chapter 5, the performances of this protocol will be evaluated via a 

simulation study. 

4.4.1 Design Considerations of Token Ring 

There are some design considerations concerned with a token ring proto

col which have a significant impact on the overall performances of the backbone 

network. These include: 

1) signal cleaning strategy; 

2) repeater switching strategy; 

3) token generation strategy; and 

4) token use strategy. 

The signal cleaning strategy is concerned with the determination of which 

node should clean unwanted signals off the ring by which method. The repeater 

switching strategy is the rule determining when the node should return to the repeat 

mode. The token generation strategy determines when the token passing should 

occur. The repeater switching and token generation considerations are interrelated -

to a large extent because the node can only start repeating after it has passed the 

token. The token use strategy is concerned with how many or how long packet can 

be transmitted during one token holding opportunity and when the token should 

be passed. 

There are two possible choices concerned with the signal cleaning strategy. 

1) The transmitting node performs cleaning of its own garbage. 

2) The next node downstream on the ring cleans the garbage signals. 

The first method is simpler than the second one and provides flexibility 

when the token generation strategy is determined. Therefore, we employ the first 

---------------
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method for our backbone network. There are three choices concerning switching 

time to the repeat node. 

1) Immediately after the end of a frame has been transmitted. 

2) After the header of a frame has been received back. 

3) After the end of a frame has been received back. 

The second method is chosen for our backbone network because it helps 

prevent fragments of previously transmitted frames from being on the ring and sim

plifies the housekeeping algorithms. Token transmission time affects performance 

of the backbone ring because it determines the amount of dead time on the ring. 

Based on our repeater switching strategy, three methods are possible regarding 

when the node generates a free token following the transmission of a frame. 

1) After the sending node has completely received its entire frame and removed 

it from the ring. 

2) After the node has received back the frame's header. 

3) Immediately after the end of the frame is transmitted. This implies 

that depending on the ring latency and frame transmission times, multiple 

tokens can exist on the ring. 

The first approach CI'eates the longest delay, however, it is the simplest 

one. The third approach allows the ring to be constantly occupied, and thereby 

is the most efficient of the three. However, if multiple tokens exist on the ring, 

token supervision and recovery becomes very complicated. The second can be 

as simple as the first, and if the size of the frame is sufficiently large or equal to 

the cable length, it can also be very efficient. Hence, our backbone network 

employs the second method. There are two methods concerned with the token 

use strategy. 
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1) Exhaustiv~. 

2) Non-exhaustive. 

In the exhaustive strategy the node captures the token and continues trans

mitting until its buffers are empty. In the non-exhaustive strategy the node has a 

limit on the amount of time it can hold a token after it has captured it (or number 

of packets that it can transmit). The node will continue to transmit packets ei

ther until the time runs out (or it has transmitted its quota of packets) or until the 

buffers are empty even though the time limit has not expired. The non-exhaustive 

strategy is more suitable for the integration of data and voice, since it limits the 

maximum delay faced by a node waiting for the token. In our backbone network, 

a mixture of non-exhaustive and exhaustive strategies is employed. 

In summary, in our backbone network, a node returns to the repeat mode 

after the header of the transmitted packet has been received. The current token 

holder passes the token to the next node after it has received back its own frame's 

header. Removal of the garbage on the ring is done by the node that transmitted 

the frame. Finally, the backbone network uses a mixture of the exhaustive and 

non-exhaustive transmission strategies. 

4.4:.2 Frame Format of Proposed Token Ring 

The format of the frame is shown in Figure 4.2. The frame consists of 

start delimiter (SD), access field (AC), source and destination addresses (SA, 

DA), the information field (I), the frame check sequence field (FCS), and end 

delimiter (ED). The structure of the frame used for our backbone network is 

much simpler and shorter than the one proposed by the IEEE 802 because some 

features of the IEEE 802.5 are not needed for our application. Frame control and 

frame status fields in the IEEE 802.5 are not used in the backbone network because 
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they do not have any effect on the network's proper operation. In addition, the 

many priority levels, large address space, long frame check sequence, and many 

sophisticated control indicators of the IEEE 802.5 frame are not necessary either. 

However, the key elements needed for token operation in our structure are similar 

to that in the IEEE 802.5. The first and last bytes are a start delimiter (SD) and 

end delimiter (SD) that identify the start and the end of the frame, respectively. 

These delimiters are unique pattern that include code violations of the encoding 

scheme. 

An access control field (AC) controls the access to the transmission channel. 

This one-byte field includes a one-bit token indicator (TK) that distinguishes a 

token frame from a data frame. A token frame contains only the AC field and 

the start and end delimiters as shown in Figure 4.2. The AC field also contains 

a Type bit (TY) to classify frame type into LLC or MAC frame. When the TY 

bit is equal to 1, this implies that the frame is a Claim Token Frame. Otherwise, 

the frame is intended for L1C sub layer use. Monitor Indicator (MI) bit and Voice 

Present (VP) bit are also included in the AC field. The MI bit is used for token 

managent, and the VP bit is used to give a priority to voice traffic. A discussion 

of their functions will be presented later. A brief description of the AC field is 

given below: 

1) Token (TK): free (TK=O) or busy (TK=l) 

2) Monitor Indicator (MI): used for token recovery/supervision. 

3) Voice Presence (VP): used for priority structure. 

4) Type (TY): indicator for frame type (TY=l: MAC frame, TY=O: LLC 

frame). 

5) Unused (U): unused in the current backbone network. 
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Since the backbone network has a hierarchical communications architecture 

as presented in Chapter 1, the number of nodes which will be connected directly to 

the backbone network is expected to be very small (typically less than 100). Usual 

hosts, terminals, printers, PCs, and other slow speed devices are connected to 

LANs within each group. Hence, the address field for the backbone ring need 

not be long. In contrast to the IEEE 802.5 or IBM token ring protocols which 

use a 6-bytes address field, we use only a two-byte address field. As shown in 

Figure 4.2, the most significant bit of the address field, called the I/G bit, is used 

to distinguish individual from group addresses. Individual addresses (1/ G=O) 

specify a particular node on the backbone network. A group address (I/G=I) 

is used to address a frame to multiple destination nodes. 

consisting of 16 l's constitute a global broadcast address. 

The group address 

The information field of the frame is variable in length and contains higher 

level data'. The maximum allowable length of this field is different between data 

and voice frames. As will be discussed in the succeeding section, the voice traffic 

is allowed to use a longer frame than data traffic. 

Frame check sequence (FCS) field is two bytes long and is generated ac

cording to the CCITT generator polynomial of degree 16 (IEEE 802.5 uses 4-byte 

FCS). The FCS value is generated by the following procedures [74J. 

1) Compute the remainder R(X) using the following formulas. 

G(X) = X 16 + X 1S + X2 + 1 (4.2) 

. X16lkf(X) 
R(X) = Remamder( G(X) ) (4.3) 

where the coefficients ak-b ak-2, ... , at, ao are the message ~AC, SA, 

DA, and I field) bits, and G(X) is the CCITT FCS generator polynomial. 
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2) The FCS value is given by the coefficients of T(X) which is computed by 

the following formula. 

T(X) = X I6 M(X) e R(X) (4.4) 

where e denotes an exclusive OR. 

The two-byte FCS function is easily performed by the commercially avail

able chips. Since the FCS protects the AC, SA, DA, and I field, the FCS 

guarantees correctness of a frame received in the NIU. Other errors, such as 

faulty transmission between NID and node or lost frames, are detected by parity 

bits or by detection and recovery functions in the upper layers. 

4.4.3 Proposed Token Ring ·Protocol 

One important consideration concerned with the proposed token ring pro

tocol is a priority scheme for the transmission of voice. Our proposed token ring 

does not give a direct priority to the voice traffic. Instead, the priority of voice 

over data traffic is given by a relatively mild structure. The frame in our back

bone network does not contain a priority bit while the IEEE 802.5 provides eight 

priority levels through a three bit priority scheme, and the mM token ring uses 

two priority levels. Our simple priority scheme results from the observation that 

our backbone network is operating at sufficiently high speed so that the voice traffic 

can be supported without performance degradation by using only a mild priority 

structure. As the traffic requirements becomes more complicated on the campus 

environment, however, currently unused bits in the AC field can be used to obtain 

a more sophisticated control scheme in the future. 

The basic concept for the voice traffic handling mechanism used in the IEEE 

802.5 and mM token ring are briefly summarized here for the purpose of comparison 
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with the proposed token ring protocol [54], [62]. Nodes wanting to transmit a 

voice frame go through a call setup procedure which involves a network control 

center (NCC). The NCC will accept or reject a request for a voice transmission, 

depending on the number of synchronous connections already established. The 

NCC prepares switchin~ of the ring into synchronous operation by making priority 

reservations when it is possible to periodically issue priority tokens. To achieve 

this, the NCC interrupts the asynchronous operation by setting some bit in the 

access control field. When this happens, the transmitting node does not issue 

a free token but rather transmits idles until it receives the end of its own frame. 

When the NCC detects the end of the frame, it releases a free priority token. 

Subsequently, the first calling node downstream from the NCC changes the token 

to busy, appends destination and source addresses, and puts its synchronous data 

into the information field. Mter the sending node has received its own frame, it 

sends a free token. When all synchronous nodes have had exactly one transmission 

opportunity, the NCC will receive the free priority token. It then issues a frame 

with an appropriate AC field so that it can not be used by any nodes except the 

last one in the previous asynchronous cycle. This node then issues the next free 

asynchronous token. 

The priority scheme presented above can preserve the fairness of access for 

asynchronous traffic. However, it is so complicated that it is not attractive to 

our backbone network. Our proposed token ring protocol, which is much simpler, 

accommodates voice and data traffic on the network by introducing an indicator 

bit which is not used in IEEE 802.5 and IBM token rings. 

When there is a node (or more than one node) which has voice packets 

pending for transmission, all nodes must transmit a single packet per access op

portunity. This restriction on the number of packets to be transmitted provides 
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fairness of access as well as bounds for the maximum voice delay. On the other 

hand, when there is no node that has voice packets waiting for transmission, nodes 

are allowed to keep transmitting their packets until either a request for voice trans

mission is received from any node or all packets are exhausted at the node. When 

the transmitting node receives back its own frame, ~t checks a bit within the AC 

field, called Voice Presence (VP) bit, to check whether any node has voice packets 

for transmission. The VP bit is set to 1 by a node that has voice packets when 

the frame passes through the node. If the transmitting node finds that the VP 

is set to 1, it stops transmitting packets and passes the token to the next node 

along the backbone ring. Otherwise, it continues to transmit its packet until its 

transmit buffer becomes empty. In our token ring protocol there is no need for a 

token holding timer. 

Other forms of priority structure are also provided in our backbone network. 

Using longer voice packet than data packet may be an indirect priority scheme for 

the voice traffic. This can be done by allowing the maximum allowable length of 

the voice frame to be longer than the maximum length allowed for data traffic. In 

this way, the voice traffic is allowed to access more bandwidth of the transmission 

channel. It has been shown that the voice packet length corresponding to 10-15 

ms of speech can result in a minimal loss of quality due to lost packets [71]. This 

length corresponds to 800-1200 bytes when a 64 Kbits/s PCM coder is used. We 

propose that the voice packet size be 1024 bytes which is the average value of 800 

and 1200. The length of the data packet should be less than 800-1200 bytes to 

satisfy the restriction that the data packet be shorter than the voice packet. The 

length of the data packet will be determined by simulation in Chapter 5 in such a 

way that satisfactory network performances may be obtained. 

In (lur backbone network, all nodes can handle both data and voice. This 

structure makes it possible to use identical NIUs for any kind of user stations, and 

--------------------------------------
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thus facilitating the design of NIU. Any user station, regardless if it is a data or 

voice facility, can be attached to any NIU in the network. In addition, with this 

structure we can give another form of priority to the voice traffic. When there are 

both data and voice frames waiting to be transmitted at the same node, a voice 

frame is first transmitted. This priority scheme does not discriminate voice and 

data frames which are waiting for transmission at different nodes. 

Finally, we have to determine how to handle the old voice packets which 

have not been yet transmitted when a newer voice packet arrives at the NIU. The 

first possible method is to simply discard the old packet. With this method, 

however, it is possible that too many voice packets may be lost under a heavy 

network load situation. As discussed previously, reliable voice transmission will 

become increasingly important as more powerful techniques for voice compression 

are developed in the future. Therefore, voice packets need to be stored in a FIFO 

buffer at the NIU before being transmitted. If there is no room for a newly arriving 

packet, the oldest voice packet is removed from the voice FIFO. The capacity of 

the voice FIFO has an impact on the network performances, as will be presented in 

Chapter 6. For example, a larger voice FIFO produces less frequent voice packet 

loss, but longer delay and more cost for implementation. The optimum capacity 

of the voice FIFO will be determined in Chapter 6. 

The detailed operation of the backbone ring with the proposed token ring 

protocol is presented here and the finite state machines of the token ring protocol 

are contained in Chapter 6. 

In the repeater mode 

1) The physical layer detects a frame passing through by recognizing the SD of 

the frame. Subsequent encoded bits arriving from the ring are processed 

by the NIU for recognition of the DA, SA, and AC. 
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2) If the DA equals to the address of the node, and the frame is not a token 

then the frame is decapsulated and stored into the receive FIFO. 

3) If the NIU has voice packets for transmission, it sets the VP bit to 1 on 

the fiy. 

4) At the same time the NIU simply retransmits the incoming bits through the 

transmission circuits, i.e., logically bypasses the NIU, to the downstream 

NIU on the ring with a short latency (3 bit times). 

5) If the frame is the token destined for the NIU but the NIU has no packets 

to transfer, the node merely repeats the token for the next node on the 

ring. 

6) If the frame is the token and the node has frames pending for transmission, 

it will turn an arriving free token to a busy one by changing the TK bit on 

the fiy. Now the node leaves the repeater mode to transmit the frame. 

In the transmission mode 

7) The node begins transmission sequentially, bit by bit~ to its neighbor. 

The FCS accumulated is also sent following a frame. Only a single frame 

is allowed to be transmitted at this time. It is assumed that the MAC 

sub layer already constructed the frame when the NJU received a request 

for data transmission. If both the voice and data buffer contain packets, 

the voice packet is transmitted first. 

8) Following frame transfer, the node keeps transmitting idles until it receives 

the next ED which is the end of its own. frame. 

9) The node checks the VP bit of the frame that it has received back. 

10) If the VP bit is set to one, the node is not allowed to transmit any more 

packets during this medium access opportunity. In this case the node 
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then issu.es a new token by generating SD, ED, and AC with TK ~"1.d 

VP bits set to 0 when the received SA equals the address of the node. The 

new free token is then passed to the next node on the ring. At the same 

time, the node removes all its frame transmitted from the ring, and then 

the transmission circuitry and reception circuitry are connected to return 

to the repeat mode. -

11) Receipt of a SA different from the address of the node indicates that an 

error in the access protocol has occurred. Consequently, in this case, the 

sending node refrains from issuing a free token. 

12) At 10), if the VP bit is 0 (indicating there is no node that wants to transmit 

voice packets) and the node has still a packet for transmission, the node 

continues to transmit its packet. 

Figure 4.3 shows the flow diagram of the token ring protocol for the back

bone ring network. 

..... , 4.4.4 Token Management 

In order to achieve reliable backbone ring operation, we need a monitor 

function which is responsible for supervising the proper token operation and for 

performing fast recovery in case of errors. This monitor function can be im

plemented on the Nee, resulting in a centralized control of the token operation. 

However, since the monitor function requires only a little complexity of the NIU 

hardware and firmware, it can be implemented in a distributed manner, resulting 

in distributed network control at each NIU. 

One of the NCC functions for token management is to constantly check 

the bit stream for the token. The time interval between subsequent observations 

of a free or busy token is bounded by the maximum frame transmission time- plus 
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the ring latency. Assuming that the backbone network consi..c:;ts of 20 NIUs with 

their inter-distance of 1 Km, the upper bound is given approximately 0.1 ms (we 

assumed three bits latency time each node on a 200 Mbits/s backbone). Therefore, 

if neither a free nor a busy token is transmitted on the ring for this time interval, 

the NCC can determine that the token is lost. In this case, the NCC clears the 

ring, and then transmits a SD followed by an AC with a new free token. 

A permanently circulating busy token can also be detected by the NCC with 

the aid of the monitor indicator bit (MI) in the AC field. Any NIU transmitting 

a frame sets MI to o. When the frame passes through the NCC, it changes MI 

to one. In this way, the NCC is able to detect any AC field with a busy token 

circulating more than once around the ring by checking the MI bit. R.ecovery is 

performed in the same way as in the lost token situation. 

When a free token is accidentally generated by noise hitting a busy token, 

multiple nodes can transmit frames at the same time. This kind of error situation 

is recovered in such a way that the transmitting node checks the SA field when it 

receives the frame back. 

4.5 TDMA Approach 

In general, fixed assignment access methods where transmissions are per

fectly scheduled provide higher throughput than the .CSMA/CD and the token ring 

protocols. In Time Division Multiplexing Access (TDMA), each node is assigned 

a fixed time slot during which it can receive packets. TDMA protocol provides 

multiple independent communication paths, each of which is used by one of the 

data and voice services with its own access method. Hence, the TDMA protocol 

can efficiently utilize the backbone network to transmit mixtures of data and voice 

traffic in such a way that the characteristics of the two types of traffic are accom

modated. Also, by TDMA we can take full advantage of the high capacity of the 
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optical fiber channel by partitioning the bandwidth into subchannels. Therefore, 

TDMA is another excellent candidate of the medium access protocol for our campus 

backbone network. 

The availability of many channels on one backbone ring permits the forma

tion of independent subnetworks on one optical fiber. Each node provides channels 

which have access to allocated time slots of the TDMA frames which continuously 

flow on the loop. In our backbone ring, two modes of service communication 

paths are supported. Figure 4.4 shows the structure of the 200 Mbps backbone 

network based on the TDMA ring. The data service takes a ring path on which 

gateways, workstations, supercomputers, and file servers communicate with each 

other using a token passing access method. The yoice service supports multiplexed 

voice channels for which the backbone network provides a fixed path between the 

voice concentrators and the PBXs. A major advantage of the TDMA backbone 

architecture is that real time voice may be transmitted continuously without nego

tiating with packet protocols. Such a circuit-switched philosophy maintains high 

throughput with few pauses or interruptions. 

4.5.1 TDMA Frame Format 

Figure 4.5 illustrates a frame format used for the TDMA backbone ring. 

Each frame time is divided into a number of equal time slots. The time slot here 

is defined as the basic quantum time interval during which each node can access the 

channel periodically. A sequence of time slots is used as a subchannel. The first 

slot is a preamble which contains a fixed-bit pattern used for establishing frame 

synchronization in each node·. The next five time slots are called the control 

headers (CH) and are used for control communications between the Nce and the 

nodes. The last CH slot contains a frame check sequence (FCS) and is used for 

._._-------------------------------_. 
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optical transmission line-error detection along the ring. The Nee always sends 

out a specific bit pattern in this slot and compares the returned value to the original, 

thus monitoring the loop condition. The rest of the frame contains service time 

slots for actual communication between nodes. Each time slot contains 8 data 

bits and one busy jfree flag bit (BF). The BF bit indicates whether the time slot 

is empty or not. 

4.5.2 Op~ration of TDMA Backbone Ring 

The backbone rir;.g consists of a Nee and integrated-service nodes, which 

are connected in a ring with double optical fiber cables. The Nee has cen

tral supervisory functions, including TDMA frame generation, total loop-length 

adjustment, and network operation control. A train of TDMA frames flow contin

uously along the loop, originating at the NeC. The network control and collection . 

of the network status are performed by communicating between Nee and nodes 

via the control header time slots. 

The TDMA frame length of 4 J.ts is chosen to accommodate 100 bytes in 

one frame. This short TDMA frame length results in a short transmission delay, 

and thus the token ring channel for data transmission can yield good throughput 

and delay performance. The number of frames that fits on the ring depends on 

the ring cycle time which is determined by the delay in the backbone ring including 

propagation time and NIU delay. The total electrical length of the ring is adjusted 

in the Nce so that an integer multiple of TDMA frames always exists on the ring 

forming a synchronous TDMA ring. This multiple is normally one or two but no 

upper bound is needed because the ring length independence on the TDMA ring 

concept is a design requirement. The NCe contains a frame buffer memory for 

the purpose of frame length adjustment. The amount of data stored in this buffer 
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is controlled to give necessary delay to meet the requirement of total electrical loop 

length. 

The NCC maintains a network definition table which specifies the time slot 

access condition for each node, including the number of time slots allocated, and 

whether each of the slots is to be read or written. The table is initially made by a 

network manager. The path information contained in the table is then transmitted 

to each NIU. Finally, the information is stored in the external registers in each 

NIU. 

Each node performs three types of primitive operations on the preallocated 

time slots every time the TDM frame passes through the node. These operations 

include reading data from FIFO transmit buffer, copying the input data, and 

swapping the input data with the FIFO content. This operation p!'ovides two 

independent virtual communication paths between nodes: point-to-point and token 

ring. 

When a node wants to transmit a voice packet, it waits for a preallocated 

time slot which will carry the voice packet to the specified destination. The time 

slot number and clock information are extracted by detecting a frame using the 

preamble which is supposed to arrive once every 80 time slots. The node checks 

that the preallocated time slot is available. If available, the node overwrites the 

data on the time slot, and at the same time the node sets the BF bit to 1. 

On the other hand, when a node has data packets pending for transmission, 

it has to capture the token which is contained in the data time slots. The data 

packet transmission follows the same token ring protocol as presented in the previous 

section. 



CHAPTER 5 

PERFORMANCE EVALUATION 

In the previous chapters, we have discussed major design issues for the 

campus backbone network, including topology and medium access protocols. Now 

we need to evaluate performances of the proposed backbone network to determine 

whether it is acceptable. In particular, the medium access protocols have a major 

impact on the performance of i.he backbone network. The token ring and TDMA . 
protocols have been proposed to successfully integrate the voice and data traffic as 

well as to fully utilize the high capacity of the optical fiber channel. These protocols 

must satisfactorily meet performance requirements of both voice and data. Also 

they must provide high utilization of the backbone network. This chapter deals 

with performance evaluation to verify the validities of the pt:oposed protocols. 

There are two methods commonly used for performance evaluation of com-

puter networks: analytical techniques and simulation. Both of these can be used 

in the design stage of a network. Analytical techniques need extensive help from 

mathematical models. Queueing theory plays a major role as an analytical tool. 

Simulation is another powerful tool for evaluating performance of any type of net-

work. Simulation is the only feasible method to analyze networks where analytical 

techniques become too difficult to handle. Usually when analytical techniques are 

used for evaluating performances of complex networks, several assumptions have 

to be made which may render the results unacceptable. Although simulation 

105 
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procedures are normally time consuming, they are more accurate since they are 

not based on as many assumptions as analytical methods. 

In this research, the simulation methodology is used for performance eval

uation of the campus backbone network. A discrete event simulation has been pre

formed using Simscript IT.5. The simulation entailed a large amount of computer 

time because the data traffic changes much faster than the voice traffic. Therefore, 

the simulation had to run a very long time to reach a steady state. Furthermore, 

due to the detailed description of the network, the simulation took even longer. A 

typical simulation run took 180-190 minutes to measure network performances dur

ing an actual time interval of 5 minutes on a Vax 11-780. The ratio of simulation 

time (ts) to the actual time (ta) is approximately a: = tll/ta = 37. 

5.1 Simulation Model 

Accurate simulation models are essential to accurately predict performance 

of the backbone network. First, we need a model which describes the structure 

of the backbone network. In order to more accurately evaluate performance, 

in addition to the network model, we also need traffic models which accurately 

reflect statistical properties of data and voice. This section describes both models 

for the network and data/voice traffic for performance evaluation of our .backbone 

network. 

5.1.1 Data Traffic Model 

The most commonly used model for data packet arrival is Poisson arrival, 

as shown in Figure 5.1(a). In this model, the interarrival times are independent, 

and they are exponentially distributed, i.e., the probability density function of the 

interarrival time is given by the following equation. 

p(t) = >.exp(->.t), t2:0 (5.1) 
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where A is the mean interarrival time of packets. 

An extension of the Poisson arrival is the compound Poisson arrival process. 

As shown in Figure 5.1(b), in this model the packet arrivals occur in batches. 

The batch arrival process is also Poisson in the sense that the interbatch times are 

independent and exponentially distributed. The size of the batch is randomly 

distributed with a general form of a probability density function. However, if we 

assume the batch size is geometric or 6A-ponential, it is possible to generate packets 

with a simple mathematical formula. 

Jain and Routhier [60] proposed a new arrival model called Train Model 

using measurements done on a token ring network at the Massachusetts Institute of 

Technology. This model is depicted in Figure 5.1(c). In this model, the traffic on 

the network consists of a number of packet streams between 'Various pairs of network 

nodes. Each node-pair stream consists of a number of trains. Each train consists 

of a number of packets (or cars) going in either direction. The intercar gap is 

random and large compared to the packet transmission time. The intertrain time 

is even larger. The Poisson arrival is shown to be a special case of the Train Model 

when intercar intervals and intertrain intervals are exponentially distributed with 

the same means. The Compound Poisson model is also a special case of the Train 

Model when the intertrain intervals are exponentially distributed with zero intercar 

intervals. However, since this model does not have a ma.thematical expression, 

it is not easy to generate the artifical traffic. 

In this research, the data traffic arrival is modeled by the Poisson arrival 

of batches of data packets where each batch corresponds to a. single message. The 

probability density function of the batch interarrival time is given by Eq. 5.2. 

t~O (5.2) 
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where Ade is the mean interarrival time of data messages and is used as a variable 

for determining the input traffic intensity. A data message is generated every time 

an interval, determined by the Eq. 5.2, elapses. The data message length, I, is 

given by the following probability density function. 

1~0 (5.3) 

where Adl is the mean message length in number of bytes. The mean data message 

length is given to be 1200 bytes in this research. When the data message is longer 

than the maximum allowable data packet size, the data message is segmented into 

a number of packets so that each segmented data packet may not be longer than the 

maximum allowable packet length. For example, assuming that a data message 

is generated with a length of 3200 bytes by Eq. 5.3, and the maximum allowable 

packet length be 512 bytes, then the data message is segmented into 6 packets with 

a length of 512 bytes and 1 packet with a length of 128 bytes. 

5.1.2 Voice Traffic Model 

As presented in Chapter 4, the voice source alternates between talkspurt 

and silence periods. The talkspurt period refers to the time interval during which 

. the voice source is active. On the other hand, the silence period means the time 

interval during which the voice source is inactive. When only a single voice source 

is considered, the voice packets are generated at regular interval with periods 

of silences, as shown in Figure 5.2(80), provided that the voice packet length is 

significantly less than the talkspurt lengths. Therefore, the Poisson assumption 

does not seem to be appropriate for the voice traffic. 

However, as the number of voice sources increases, it is expected that 

the interarrival time between any two immediately neighboring packet arrivals will 
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show a certain degree of randomness. It has been shown that when a sufficiently 

large number of voice sources are multiplexed, voice packets usually observe an 

exponential interarrival distribution [48]. It has also been shown that when the 

number of the voice sources is small (less than 10), the aggregate arrival process 

theoretically follows a hyper-exponential distribution but may assume a Poisson 

process from practical viewpoints [48]. In normal conversation, the duration of 

talkspurt periods fits the exponential distribution reasonably well. 

In this research, we follow the common practice of modeling the talkspurt 

and silence periods by exponentially distributed random variables, as shown in 

Figure 5.2(b). The voice message length and the silence period are distributed 

with Eq. 5.4 and Eq. 5.5, respectively. 

1~0 

I~O 

(5.4) 

(5.5) 

where Av, and As, are the mean lengths of voice messages and silence periods, 

expressed in bits and seconds respectively. We assume 64 Kbitsfs PCM speech 

coding with a mean talkspurt duration of 350 ms and a mean silence period of 650 

ms [57]. These mean lengths are given by 2800 bytes and 5200 bytes, respectively. 

Thus, the voice message arrival can be considered as a batch Poisson process with 

the mean arrival time of 350 ms and the mean batch length of 5200 bytes. The 

voice message is segmented into a number of voice packets when it exceeds the 

maximum allowable voice packet size. For example, if the voice message length is 

given to be 2400 bytes by Eq. 5.4 when the voice packet size is 1024 bytes, the voice 

message is segmented into 2 voice packets with 1024 bytes and 1 voice packet with 

152 bytes. According to our model, these packets are assumed to be generated at 

the same time immediately after the silence period given by Eq. 5.5 expires. The 
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traffic models of data and voice, which will be used in this research, are identical in 

the sense that the silence period in the voice signal corresponds to the interarrival 

time of data packets and the length of the data message corresponds to the length of 

a talkspurt period in the voice signal. Finally, the talkspurt/silence variations of 

a speaker are assumed to be statistically independent from those of other speakers. 

In practice, the behavior of the speakers participating in a call is correlated. 

5.1.3 Backbone Network Model 

In the previous section, both data and voice message arrivals are modeled 

as batch Poisson processes with an exponentially distributed batch length, and each 

message is segmented into one or more packets. Mean data and voice message 

lengths are given as 5200 bytes (650 ms) and 1200 bytes, respectively. In addition 

to the traffic model, the models of network structure also has a significant impact 

on the accuracy of the performance evaluation. In this section, we present the 

simulation model which describes the structure of the backbone network. We 

used two kinds of models for the backbone network structure. The first model 

consists of a fixed number of nodes with identical traffic intensities at each node. 

In this model, all nodes are assumed to have the same traffic generation rate. 

This model is called the Balanced Model and is shown in Figure 5.3(a). The 

other model, called the Unbalanced Model, consists of a fixed number of nodes 

with different traffic intensities (Figure 5.3(b)). The Unbalanced Model reflects 

the real network environment more accurately than the Ba.lanced Model. In the 

Unbalanced Model, a. smalle number (e.g., 10 %) of the nodes are responsible 

for a large percentage (e.g., 80 %) of the traffic offered to the backbone network. 

The following list, based on studies by the IEEE 802 Local Network Standards 

Committee [76], indicates the type of load that is offered to the backbone network 

for the simulation. 
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1) Supercomputers (2 GMIPS) - 30 Mbits/s 

2) File servers (for file transfer) - 20 Mbits/s 

3) Gateways - 1 Mbits/s 

4) Voice concentrator - 2 Mbits/s 

5) PBX - 1 Mbits/s 

The model of the network interface unit, together with the message gen

erator, is illustrated in Figure 5.4. The message generator produces messages 

according to the distribution functions given by Eq. 5.1- Eq. 5.4 and forwards them 

to the NIU. The mixtuxe ratio of datil> and voice me8sagea produced by the mes~ 

sage generator depends on a simulation input parameter, called voice traffic blend. 

The definition of the voice traffic blend is given in the next section. The NIU model 

consists of a transmitter, a receiver, and data and voice bufi'el's for transmission 

and reception. The Nru: delay is assumed to be 3 bit times. One bit time here 

corresponds to one cycle of the NIU data rate. Assuming that the NIU contains a 

200 MHz clock, the three-bit time equals 15 ns. It is generally assumed that there 

are infinite buffers at each node for simulation of computer networks. However, 

in practice, each node maintains two finite-capacity buffers: one for newly arriving 

packets from the network, and one for packets pending for transmission onto the 

network. Although assuming infinite buffer capacity simplifies the simulation, it 

does not guarantee accurate performance evaluation. In this research, therefore, 

performance evaluation is performed based on a more realistic assumption of finite 

buffer capacity. The finite buffer capacity assumption allows us to investigate the 

effect of buffer capacity on performances. 

We assume that all nodes can handle voice and data traffic. It is assumed 

that all voice equipment can be attached to any NIU through a concentrator or 

multiplexer. All nodes are assumed to use the same digitization rate and follow 

_._------_ .. _-----------------
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the same pat:ketization policy for voice transmission. As a result, the voice packet 

size is assumed to be the same for all voice nodes. A speech activity device is 

assumed to be present at each node so that speech signals are not transmitted 

during silence periods. 

5.2 Simulation Results 

This section contains the results of performance evaluation via simulation. 

The performances here include the data and voice message delays, throughput, 

utilization; and voice packet loss probability. Each performance is evaluated as 

a function of many parameters. These parameters include input tramc. intensity, 

voice traffic blend, buffer capacity for data and voice at each NIU, packet size, 

number of nodes, and inter-node dist8.t1ce. A brief description of the performance 

measures and parameters is presented here. 

1) Throughput: the ratio of the total number of bits (both data and voice) 

being transmitted successfully per second to the backbone bandwidth. 

2) Utilization: the ratio of the total time being used for the transmission of 

voice and data to the simulation run time. 

3) Message delay: the time between when a message arrives at a node and the 

successful transmission of the entire message. 

4) Voice packet loss probability: the probability that the voice packet is not 

transmitted when a newer voice packet arrives while an old voice packet is 

awaiting transmission. 

5) Input traffic intensity (Normalized traffic load): the ratio of the total num

ber of bits offered to the backbone network to the backbone bandwidth. 

6) Voice traffic blend: the ratio of voice traffic intensity to the total traffic 

intensity. The voice traffic intensity here is defined as the ratio of total 
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number of voice bits offered to the backbone network to the backbone 

bandwidth. The higher the voice traffic blend is given, the heavier voice 

traffic load is offered. 

7) Buffer capacity: the capacity of buffers for transmitting/receiving data and 

voice at each NIU. 

8) Packet size: the maximum. allowable packet size of data and voice. 

9) Inter-node distance: the distance between two adjacent nodes. 

10) Number of nodes. 

The performance behavior under the unbalanced load is very similar to that 

under the the balanced load in many aspects as will be described later. In most 

cases, therefore, the simulation results under the balanced load are presented in 

this section. The default values for each parameter in the simulation are listed 

below. 

1) voice traffic blend: 0.5 

2) data buffer capacity: 10 packets 

3) voice buffc!' capacity: 1 packet 

4) data packet size: 512 bytes 

5) voice packet size: 1024 bytes 

6) number of nodes: 20 

7) inter-node distance: 1.0 km 

One of the most important parameters is the input traffic intensity. In 

most simulation runs, performances have been evaluated as functions of this. The 

input traffic intensity is controlled by: 

1) the mean data interarrival rate in seconds {Ade}; 

2) the mean data messa.ge length in bits (Ad,); 
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3) the mean silence period in seconds (As,)j 

4) the mean talkspurt period in bits (Av,)j and 

5) the voice traffic blend (B). 

An approximate value of the input traffic intensity in the Balanced Model, 

Ib, can be computed using the following equation. 

(5.6) 

where K and BW denotes the number of nodes and the bandwidth of the backbone 

network, respectively. On the other hand, the input traffic intensity in the 

Unbalanced Model, I u , is approximately given by the following equation. 

where the superscript k is used to identify each node. Further details of the 

simulation parameters and performances are contained in the Appendix A, and 

the source code for simulation of the backbone network (Balanced Model) is given 

in the Appendix B. 

The primary goal of the performance evaluation, in this research, is to 

verify the validities of the two medium access protocols (the token ring protocol and 

the TDMA technique) which have been proposed for our campus backbone network 

in Chapter 4. The performance behavior of these two protocols is an important 

point to be considered when we finally propose a best suited medium access protocol 

for the backbone nt=twork. Another goal of the performance evaluation is to 

determine optimal values of the network parameters by investigating their effects 

on the backbone performance. The optimal values of the parameters could reduce 

the cost for implementing the backbone network by avoiding over-design. 
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In this section, we present and discuss simulation results. All numerical 

results contained in this section are given by the mean values of 5-10 simulation 

results. The mean value was determined with a 95 % confidence under an assump

tion of normal distribution. A notation 'p, ± k' is used to express a confidence 

interval. The confidence interval is determined by the following equation. 

x - 1.96(7/.;n $. p, $. X + 1.96(7/.;n (5.8) 

where X, (72, and n denote the sample mean, the sample variance, and the 

sample size, respectively. 

5.2.1 Simulation Results of Token Ring 

In Chapter 4, we proposed a new token ring protocol for the integration of 

data and voice on a single transmission channel. The proposed token ring protocol 

attempts to successfully support voice traffic together with data traffic at the data 

link layer. Since data and voice have entirely different service requirements, the 

integration at the data link layer is not an easy task. In this section, we discuss 

the results of simulations which have been performed to check if the proposed token 

ring protocol satisfactorily integrates data and voice without adversely affecting 

each other. We also discuss the potential of the token ring protocol for the 

satisfactory utilization of high capacity of the backbone channel. In addition, 

we also discuss the effects of some major network parameters on performances to 

optimally design the network interface unit. 

5,2.1.1 Data Performances of Token Ring 

Figure 5.5 illustrates the mean data message delay, together with the mean 

voice message delay, as a function of the input traffic intensity. Data message 
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delay increases slowly until network saturation begins, ane it increases rapidly after 

this saturation point. In Figure 5.5 the knee point of the graph, approximately 

0.8, indicates the network saturation point. The maximum data message delay is 

30.54 ± 1.28 ms at high traffic intensities when the data packet is 512 bytes long. 

In order to investigate the effects of voice traffic intensity on data message 

delay, we have performed many simulation runs with different values of voice traffic 

blend. Figure 5.6 shows the data message delay for the voice traffic blends of 0.2, 

0.5, and 0.8 AB shown in Figure 5.6, the ma.yimum data message delays are 

approximately 27.5 ± 0.91 InS, 30.54 ± 1.28 InS and 34.6 ± 0.95 ms for the voice 

traffic blends of 0.2, 0.5 and 0.8, respectively. The data message .ielay is degraded 

by approximately 7.1 InS at maximum as the voice traffic blend is increased from 

0.2 to 0.8. Although the degradation is relatively large (corresponding to a 25.8 

% degradation), we do not need to seriously concern the effect of the voice traffic 

blend on the data delay performance because the maximum delays in both cases 

are very small when we consider the fact that a delay of as much as 100 or 200 ms 

causes no problem for the data traffic as mentioned in Chapter 4. Therefore, we 

can conclude that the transmission quality of the data traffic may not be greatly 

impaired under very heavy voice traffic loads. This result is due to the relatively 

mild priority structure. Voice message delay performance will be discussed in the 

next section. 

Since small data buffers may cause a bottleneck during the transmission 

of the internet packet at the backbone NIU, a Bufficiently large buffer is needed 

to accommodate the incoming internet packet from the LANs and other devices. 

With a large buffer at each node, we can obtain a high throughput performance 

as well as can avoid a bottleneck. However, the large data buffer may cause 

degradation of performance in terms of data message delay. This is because more 
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packets are stored in the data buffer and thus they must wait longer until the NIU 

captures 3ll opportunity for access to the backbone channel. Figure 5.7 shows the 

mean data message delay versus the traffic intensity for the data buffer capacities of 

10, 20 and 30 packets per data buffer. The delays are 30.54 ± 1.28 ms, 33.3 ± 0.04 

ms and 36.5 ± 1.03 ms at maximum for the three cases, respectively. As the data 

buffer capacity increases from 10 to 30 packets/buffer, the data delay performance 

becomes degraded by approximately 5.06 ms (10.5 % degradation) at high traffic 

intensities. Another drawback of the larger data buffer is its high implementation 

cost. Therefore, we need a compromise for determining the data buffer capacity. 

It has been shown, through many simulation runs, that the data buffer with a 

capacity of about 10-15 packets is a good compromise between the throughput and 

delay performances. Ten-fifteen packets per data buffer is large enough to obtain 

a satisfactory throughput performance without expensive installation costs, and at 

the same time the buffer capacity is not so iMge that the data message delay may 

be acceptable. Therefore, we propose that a data buffer with a capacity of 10-15 

packets be contained in each NIU. Other performances with a capacity of 10-15 

packets/buffer will be presented later. 

Figure 5.8 shows the mean data message delay versus tI'affic intensity for 

the inter-node distances of 0.5 and 1.0 Km. The delay performance becomes 

degraded from 26.7 ± 1.23 ms to 30.54 ± 1.28 ms (14.3 %) as the inter-node 

distance is doubled from 0.5 Km. A delay degradation with the variation of 

the inter-node distance as much as 14.3 % can not be seen in usual slow token ring 

LANs (or networks using other protocols). In these slow networks, the round-trip 

propagation delay is much smaller than the one packet transmission time. Hence, 

the performance is almost insensitive to the variations of the inter-node distance in 

slow token ring networks. However, this is not the case in our backbone network. 
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Figure 5.8 - Effects of Inter-Node DistaI .. ce on Data Message 
Delay in Token Ring. In the high speed backbone, 
inter-node distance affects the delay performances 
much more significantly than the usual low speed LANs. 
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Assume that our 200 Mbitsfs backbone network consists of 20 nodes with inter

distance of 1 Km, and every node has a number of 1 Kbyte voice packets pending for 

transmission. Then, the round-trip propagation delay, one packet transmission 

time at each node, and the token passing time at each node are approximately 100 

p,s, 40 p,s, and 0.1 p,s, respectively. By a simple calculation, the token rotation 

time, which is defined as the elapsed time from the instant a node captures a token 

till the next instant the same node receives the token again, is approximately 1.3 

IDS. Therefore, a node has to wait for 1.3 IDS to transmit another packet after its 

last transmission of a packet under very high traffic loads. As can be seen in this 

numerical example, the delay performance strongly depends on the token rotation 

time, and in turn the token rotation time has a strong dependence on the round

trip propagation delay in our backbone network. In conclusion, the increase 

in the inter-node distance of the backbone network results in longer round-trip 

propagation delay, and thus much more serious degradation of delay performances 

than usual slow LANs. 

The number of nodes also affects the data message delay performance. If 

we increase the number of nodes, the delay performance becomes degraded because 

of increases in the token rotation time. If the attachment of a new node is done 

without increasing the total backbone cable length, the only source of the delay 

degradation in this case is the packet transmission time which contributes to the 

increase in the token rotation time. Figure 5.9 illustrates the data message delay 

versus the traffic intensity for 20 and 30 nodes, where the node is attached without 

changing the total cable length. The maximum data message delays for the two 

cases are 30.5 ± 1.19 IDS and 34.3 ± 1.46 ms, respectively. The delay degradation 

is approximately 12.3 %, which is less than the one by the variation of the inter

node distance (14.3 %). However, if the node attachment is done by increasing 
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Figure 5.9 - Effects of Number of Nodes on Data Message 
Delay in Token Ring. Node addition is assumed to be done 
without changing the total cable length. 
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cable length, the round-trip propagation delay becomes larger, and thus the delay 

performance becomes much more degraded for the same reason as discussed above. 

Figure 5.10 shows the throughout versus the input traffic intensity. At low 

and moderate traffic intensities the throughput linearly increases with the offered 

traffic load. As the traffic intensity increases above 0.8, the throughput shows a 

saturation. As we increase the traffic intensity further, no congestion is shown. 

This result indicates that the backbone network is stable even at high traffic in

tensities. Intuitively, it is expected that an increase in the voice traffic blend 

results in a higher throughput because more voice packets (longer voice packet size 

than data packet) are transmitted due to the high priority under high voice traffic 

loads. However, the simulation result indicates that when we increase the voice 

traffic blend, there is no noticeable change in throughput. In Figure 5.10, the 

maximum throughputs are 71.1 ± 1.56 %, 73.4 ± 1.52 % and 75.2 ± 1.61 % for the 

voice traffic blends of 0.2, 0.5 and 0.8, respectively. The increase in throughput 

is only 5.7 % as the voice traffic blend is increased from 0.2 to 0.8. This is because 

of the relatively mild priority scheme where voice packets are given priority over 

data packets only at the same node, as discussed in Chapter 4. Therefore, we 

can conclude that a high data throughput can be achieved under high voice traffic 

loads in the backbone network. 

A simulation was performed to investigate effects of data packet size on the 

utilization and throughput performances. Figure 5.11 illustrates the utilization 

versus the traffic intensity. In 'this figure, the utilization sharply increases until 

some point (approximately 762 bytes), and thereafter it relatively slowly increases. 

As shown in this figure, a longer packet size is more attractive in terms of utilization 

performance because a short packet provides a low utilization due to its high amount 

of overhead contained in the packet. 

----------- -------------------------
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However, longer data packets result in degradation of delay performances 

as shown in Figure 5.12, where the voice message delay versus the traffic intensity 

for the data packet sizes of 256, 512, and 768 bytes per packet is illustrated. The 

maximum voice delay is increased from 5.16 ± 0.34 ms to 6.53 ± 0.38 ms (26.5 % 

degradation) when the data packet size is increased from 256 to 768 bytes. In 

addition, the longer packet size requires greater buffer capacity, and thus incurs 

more cost. Furthermore, in order to follow the priority scheme proposed in 

Chapter 4, the data packet should be shorter than the voice packet. Although it 

is hard to determine an optimum data packet size because of the trade-off discussed 

above, we can roughly decide the data packet size using the simulation results as a 

guide. We propose that the data packet size be 512 bytes. The simulation results 

indicate that this size provides satisfactory performances in every respect. With a 

data packet size of 512 bytes, the maximum data and voice delays are 30.54 ± 1.28 

ms and 5.46 ± 0.32 ms, respectively, and the utilization is 73.8 ± 1.68 %. These 

values successfully satisfy the requirements for integration of data and voice. 

Since the performance behavior of the Unbalanced Model is very similar to 

that of the Balanced Model in many aspects, only the delay performance which 

distinguishes the Unbalanced Model from the Balanced Model is described. Fig

ure 5.13 shows the data message delay versus the traffic intensity for the balanced 

and unbalanced loads. In this figure, the data message delays are almost the same 

for the two cases at the traffic intensities below 0.24, and thereafter the message 

delay of the Unbalanced Model becomes larger and larger as the input traffic inten

sity is increased. At high traffic intensities, the Unbalanced Model case produces 

a data message delay as much as 38.9 ± 1.75 ms which is larger by approximately 

27.5 % than the Balanced Model case. This result is because the relatively large 

delays at the heavily loaded nodes contribute to the global mean delay over all 

nodes on the backbone network. 
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Figure 5.12 - Effects of Data Packet Size on Voice Message 
Delay in Token Ring. The longer data packet results in 
a degradation of the delay performance. and requires a 
greater buffer capacity. 
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5.2.1.2 Voice Performances of Token Ring 

In this section, we present the simulation results of two major performance 

measures in voice traffic: the voice delay and voice packet loss probability. The 

effects of the data and voice buffer capacities on these performances are also pre

sented. 

As shown in Figure 5.5, the mean voice delay increases slowly and converges 

to a maximum value when the offered load increases further. As discussed in the 

previous section, this is not the case for data. The mean data message delay 

increases rapidly after a saturation point. This is because voice pending for 

transmission will be lost more frequently as the traffic intensity increases. The 

maximum voice delay is 5.46 ± 0.32 ms und~ a heavy traffic load when the voice 

packet size is 1024 bytes. This result prefectly satisfies the constraint that the 

voice delay cannot exceed 250-300 ms to obtain a high quality voice transmission. 

It was shown, in the previous section, that the data delay is not seriously affected 

when we increase the voice traffic blend to a considerable extent. Therefore, we 

can conclude tha.t the voice service can be successfully supported in the proposed 

token ring without adversely affecting the delay performance of the data traffic. 

The effects of the voice packet size is not a concern here because we have 

already proposed in Chapter 4 that the voice packet size be 1024 bytes to obtain 

toll-quality voice transmission. The effects of the data buffer capacity on the voice 

delay performance was investigated. Figure 5.14 shows the mean voice message 

delay versus the traffic intensity for the data buffer capacities of 10, 20 and 30 

packets per data buffer. It is an interesting observation that the data buffer 

capacity effects the voice delay performance as well as the data delay performance. 

In this figure, the maximum. voice delays are 5.46 ± 0.32 ms, 6.12 ± 0.56 InS and 

6.98 ± 0.67 ms for tha three cases, respectively, indicating that the voice message 

.----.------------
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Figure 5.14 - Effects of Data Buffer Capacity on Voice 
Message Delay in Token Ring. The voice message delay 
becomes degraded with larger data buffer. 



136 

delay becomes degraded as the data buffer becomes larger. The degradation of 

the voice message delay is 27.8 % when the data buffer capacity is increased from 

10 to 30 packets/buffer. Therefore, we need to red.uce the capacity of the data 

buffer in order to achieve a good voice delay performance. However, since a small 

data buffer produces a low throughput and utilization as discussed in the previous 

section, the data buffer should be sufficiently large to obtain good throughput 

and utilization. In other words, there is a trade-off between the delay and 

throughput/utilization performances when we determine an optimum capacity of 

the data buffer capacity. The data buffer capacity should be determined in such a 

way that an unacceptable voice delay performance may not be caused, ana. ali lihe 

same time satisfactory throughput and utilization can be achieved. Our simulation 

results indicate that the data buffer with a capacity of 10-15 packets, which was 

proposed in the previotis section, also produces satisfactory performances in terms 

of voice delay. 

Figure 5.15 depicts the mean voice message delay versus the traffic intensity 

for voice buffer capacities of 1, 2 and 3 packets per voice buffer, respectively. The 

voice delays are almost the same below the traffic intensity of 0.52, and thereafter 

the larger voice buffer produces a longer voice delay. The maximum voice delays 

are 5.46 ± 0.32 ms, 6.12 ± 0.45 ms and 6.98 ± 0.78 ms for 1, 2 and 3 packets/buffer, 

respectiv-ely. A degradation in the vobe delay as much as 27.8 % is shown as the 

voice buffer capacity is increased from 1 to 3 packets/buffer. 

As shown in Figure 5.16, the voice buffer capacity affects the data message 

delay as the data buffer capacity has an effect on the voice delay. At low traffic 

intensities below 0.5, there is no difference in the data delays when the voice 

buffer capacity is increased. The maximum data delays are 30.54 ± 1.28 IDS, 

33.4 ± 1.68 ms and 37.5 ± 1.56 ms for 1, 2 and 3 packets/buffer, respectively. 
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Figure 5.15 - Effects of Voice Buffer Capacity on Voice 
Message Delay in Token Ring. The voice delay becomes 
27.8 % degraded at high traffic intensities with a 
larger voice buffer. 
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The data message delay becomes degraded by 22.7 % when the voice buffer capacity 

is increased from 1 to 3 packets/buffer. Although, as indicated by Figure 5.15 

and 5.16, the capacity of the voice buffer has an effect on the delay performances 

of both data and voice, this effect is not so large as to be seriously considered 

when the optimum capacity of the voice buffer is determined. The determination 

of its optimum capacity becomes more insignificant when it is considered that the 

requirement on the voice delay is successfully satisfied with a very large buffer. 

A more important consideration in determining the voice buffer capacity 

is the voice packet loss probability. The voice packet is lost when a newer voice 

packet arrives while the voice packet is waiting at the voice buffer to be transmitted. 

Figure 5.17 shows the voice packet loss probability versus the traffic intensity for the 

voice buffer capacities of 1, 2, and 3 packets per voice buffer. This figure indicates 

that at low traffic intensities (::; 0.3), there is no noticeable difference in the voice 

packet loss probability among the three cases. However, at high traffic intensities 

(~0.7), the loss probability becomes smaller when the voice buffer capacity is 

increased. The maximum voice packet loss probabilities are 0.0022 ± 0.00012, 

0.0024 ± 0.00015 and 0.0027 ± 0.00015 for the voice buffer capacities of 1, 2 and 

3 packets/buffer, respectively. The improvement in the loss probability is 22.7 

% when we increase the voice buffer capacity from 1 to 3 packets/buffer. Similar 

results were observed when the simulation was performed with different values of 

the voice traffic blend. The voice packet loss probability seems to be insensitive 

to the traffic blend at low traffic intensities (::; 0.3). Many simulation runs were 

performed by giving different values to the parameters to investigate the behavior of 

the voice packet loss probability. In all cases, voice packet loss probability is less 

than 0.01, and thus the backbone network successfully satisfies the constraint that 

the lost voice packets can not exceed 1 % to guarantee the voice quality. By the 
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above discussion, it can be seen that there is a trade-off when an optimum voice 

buffer capacity is determined. A larger voice buffer produces a better performance 

in the voice packet loy~ probability, but yields a worse performance in data/voice 

delay and requires a higher implementation cost. It was shown that a single voice 

buffer produces satisfactory performances in every respect, including the voice 

packet loss probability as well as the data and voice delays. For this reason, we 

propose a single voice buffer be used at each. NIU. Other performances with a 

single voice buffer will be presented later. 

5.2.2 Simulation Results of TDMA 

In a TDMA backbone network, the 200 Mbits/s channel capacity is divided 

into two independent subchannels: a 150 Mbits/s data subchannel and a 50 Mbits/s 

voice sub channel. Many simulation runs were performed to observe the behavior 

of performances in a TDMA backbone network. In these simulations, the TDMA 

backbone network showed similar performance behavior in many respects to the 

token ring backbone network. This is because the data sub channel in TDMA is 

operating with the same token ring protocol which was proposed in Chapter 4. In 

this section, therefore, we only describe simulation results that distinguishes the 

TDMA from the token ring protocol. 

5.2.2.1 Data Performances of TDMA 

Data delay performance shows a similar behavior to that in the token ring 

protocol. In Figure ~.18, the mean data message delays of the TDMA and 

token !"ing are shown as a function of the traffic load. The maximum data delay 

in TDMA is 35.1 ± 2.26 ms under heavy traffic loads. Unlike the token ring 

protocol, the data delay is not affected by the traffic blend at all since voice and 
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Figure 5.18 - Comparison of Token Ring and TDMA in Data 
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data are transmitted on the independent channels. Further discussion about this 

figure will be presented later. 

The traffic load property has a similar impact on the data delay performance 

to the token ring. As in token ring, the inter-node distance and the number of 

nodes also affect the data message delay performance in TDMA. Again similar to 

the token ring, the capacity of the data buffer has an effect on the data delay and 

throughput performances. There is a trade-off for determining the data buffer 

capacity. Many simulations were performed to LTlvestigate the effect of the data 

buffer capacity, and the simulation results indicated that the data buffer capacity 

of 10-15 packets, which was proposed in the token ring protocol, is also a good 

compromise in the TDMA to obtain satisfactory performance in every respect. 

Figure 5.19 shows the utilization of the TDMA and token ring versus the 

traffic intensity. As shown in this figure, the channel utilization of the TDMA 

is also limited to some extent. This is because of the different traffic behavior 

and service requirements in voice and data. The maximum utilization is by 

approximately 10 % higher than that with the token ring protocol. The throughput 

shows a saturation above traffic intensities of 0.8. A congestion is not shown when 

we increase the traffic intensity further. The throughput is independent of the 

traffic blend because fixed time slots are assigned independently for the data and 

voice traffic. When the traffic blend is very low, the utilization and throughput are 

low at high traffic intensities because the voice channel is under-utilized, while the 

busy data channel causes many data packets to wait in the data buffer. Further 

discussion about Figure 5.19 will be presented later. 

The effect of the number of time slots per TDMA frame was investigated. 

As the TDM ~ frames contains more time slots, the throughput performance is 

improved. However, the data delay performance becomes degraded. The 
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simulation results indicate that we can obtain sa.tisfactory performances in terms 

of throughput and message delays with a frame size of 80 time slots per frame. 

5.2.2.2 Voice Performances of TDMA 

In the TDMA, the mean voice delay increases slowly at low tra.ffic inten

sities, and increases sharply after a saturation point. The maximum voice delay 

is comparable to that in the token ring protocol. Since the TDMA provides inde

pendent sub channels for the data and voice, neither the voice performances nor the 

data performances are affected by the voice traffic blend. Similarily, the capacity 

of the data buffer does not have an effect on voice delay performance. The data 

delay performance is not also affected by the voice buffer capacity. At low traf

fic intensities, the voice packet loss probability is not affected by the voice buffer 

capacity. However, at high traffic intensities, the voice packet loss probability 

becomes higher as we increase the voice buffer capacity. In this case, the maxi

mum voice packet loss probability is much less than 0.01, and thus the constraint 

mentioned in the previous section is successfully satisfied. The simulation results 

indicate that a single voice buffer, which was proposed for the token ring, is also a. 

good choice in the TDMA. Many simulation runs were performed with different 

values of the parameters to evaluate the voice delay and voice packet loss proba

bility in the TDMA. In all cases satisfactory performances were achieved. In 

conclusion, the TDMA can also provide successful integration of data and voice 

without adversely affecting performances of each other. 

5.3 Conclusion 

In the previous section, we discussed the simulation results of the token 

ring protocol and the TDMA technique. The simulation results indicated that 
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both protocols can provide successful integration of voice and data services as well 

as satisfactory utilization of the high capacity of the backbone network. In this 

section, we compare the performances of these two protocols and propose the 

best suited protocol for our backbone network based on the simulation results and 

some other criterions. This section also summariz~s optimal values of network 

parameters, which have been proposed in the previous section for the design of the 

network interface unit. 

5.3.1 Comparison of Token Ring and TDMA 

As shown in Figure 5.18, the token ring exhibits a 5.2 % better performance 

in data delay. This is primarily because the full capacity of the 200 Mbits/s 

backbone network can be used for data transmission in the token ring while only 

a 150 Mbits/s subchannel is used for data transmission in the TDMA backbone 

ring. 

The simulation results indicate that the token ring protocol provides a 

lower voice packet loss probability than the TDMA at high tr~ffic intensities. As 

discussed in Chapter 4, the token ring protocol gives a priority to the voice traffic for 

the access to the whole capacity of the backbone channel while the TDMA assigns 

only a small portion of the backbone channel to the voice traffic. Therefore, at 

high traffic intensities, more voice packets may be lost in TDMA than in the token 

ring protocol. Specifically, when the voice traffic blend is high, even more voice 

packet can be lost in the TDMA. 

In Figure 5.19, TDMA shows about a 10 % better performance in uti-

lization. The primary reason for the TDMA's higher utilization is that two 

independent logical subchannels are operating for data and voice, and thus th.ese 

traffic are not affected by each other. At very high traffic intensities, the 50 
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Mbits/s voice channel can be fully utilized by the voice transmission while the 150 

Mbits / s data channel can be fully utilized by the data transmission. Therefore, 

the overall utilization of the backbone channel becomes very high. On the other 

hand, in a token ring backbone, the data packets at some nodes have to wait 

while the channel is utilized for the voice transmissions. For a similar reason, 

the TDMA also provides a better throughput performance. However, the high 

utilization and throughput of TDMA are guaranteed only when the traffic is steady. 

If the traffic has the bursty nature, the TDMA becomes inefficient. For example, 

when transmission of the bulky data is required to be transmitted within a short 

time interval, the TDMA backbone ring can not dedicate its full capacity to the 

transmission of the bulky data because the 50 Mbits / s voice channel is reserved 

exclusively for the voice transmission. Considering from this point of view, the 

TDMA does not have merit even in terms of throughput and utilization for our 

campus environment, where the traffi.~ hM bursty nature. 

By the above performance comparisons, although both protocols satisfy 

the minimum requirements of performances, we can see that the token ring is a 

more suited protocol than the TDMA for our campus backbone network. This is 

because it guarantees the better performances in message delay, voice packet loss 

probability, and is efficient for the bursty traffic environment. In addition, the 

token ring protocol has some other advantages which make it even attractive for our 

backbone network. These include simplicity for hardware implementation, relia

bility, and flexibility and easiness in network reconfiguration. These advantages 

are summarized below. 

I 

1) The TDMA protocol requires more complicated hardware implementation 

of network interface units, and thus higher cost than the token ring. 
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2) Since the TDMA ring requires a central node which is responsible for TDM 

frame generation, total loop length adjustment, and other sophisticated 

control functions, it suffers from a single point of failure at the central 

node. The token ring, on the other hand, can be implemented in 

distributed manner as discussed in Chapter 4. Therefore, the token ring 

is more reliable than the TDMA ring. 

3) When we add or remove a node in the TDMA ring, we have to modify the 

system definition table and change the time slot assignment at the central 

node. In the token ring, on the other hand, insertion or removal of a 

node can be done without diSrupting the network operation. 

4) In the TDMA ring, we have to adjust the amount of data stored in the 

frame buffer memory of the central node every time the total cable length 

is changed for any reason. In the token ring, however, the total cable 

length is independent of the network operation. 

In conclusion, the token ring is the better suited protocol since it not only 

guarantees better delay performan:e and higher efficiency in our bursty campus 

environment, but it also provides many desirable characteristics for our application. 

Therefore, we propose the modified version of the IEEE 802.5 token ring protocol 

be used for our campus backbone network. 

5.3.2 Optimal Values of Network Parameters 

The effects of some important network parameters on the performances 

were 'mvp.stigated in the previous section. In this section, we summarize the 

optimal values of the parameters to optimally design the network interface unit 

which supports the proposed token ring protocol. These parameters include packet 

size of data and voice, and the capacity of data and voice buffers. Many simulation 
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runs were performed with different sets of values of these parameters to determine 

their optimal values. The simulation results indicated that the data packet size of 

512 bytes and the voice packet size of 1024 bytes give us a good trade-off between 

delay and throughput performances. The simulation results also showed that a 

single voice buffer is enough to obtain satisfactory performances in terms of delay 

and voice packet loss probability. In addition, the data buffer with a capacity of 

10-15 packets produced satisfactory performances in every aspect. The optimal 

values listed below will be used for the NIU design in Chapter 6. 

1) Data packet size: 512 bytes 

2) Voice packet size: 1024 bytes 

3) Data buffer capacity: 10-15 packets 

4) Voice buffer capacity: 1 packet 

With the above optimum values of the parameters, we can achieve the 

following performances. 

1) Mean data message delay at high traffic intensities: 30.54 ± 1.28 ms 

2) Mean voice message delay at high traffic intensities: 5.46 ± 0.32 ms 

3) Maximum throughput: 0.734 ± 0.0152 

4) Maximum utilization: 0.738 ± 0.0168 

5) Voice packet loss probability at high traffic intensities: 0.0022 ± 0.00012 



CHAPTER 6 

NETWORK INTERFACE UNITS 

In Chapter 5, we proposed a modified version of the IEEE 802.5 token ring 

protocol as the medium access protocol of the backbone network. The simulation 

results showed that the proposed protocol can successfully support the integrated 

service of data and voice as well as fully utilize the high capacity of the backbone 

network. Based on the simulation results, we proposed the optimal values of 

some important parameters for the design of the N1U. These parameters include 

capacity of data and voice buffers and packet size. In this chapter, we present 

the block diagram of the NIU and discuss its important design issues. 

The functional architecture of the NIU can be separated into two parts: 

physical layer (PL), protocol engine. These two parts correspond to the lowest 

two layers of the OS1 Reference Model. The physical layer provides an interface 

to the MAC layer for the transmission of data to the physical medium. The MAC 

is responsible for controlling the access to the physical medium. In our backbone 

network, the token ring protocol performs this task. The LLC provides two kinds 

of service: unacknowledged connectionless service and connection oriented service. 

In this chapter, we concentrate on the physical and MAC layers. The LLC is not 

described here since the backbone NIU employs the LLC of the proposed IEEE 802 

without any modification. Figure 6.1 iHustrates 2. simplified block diagram of the 

NIU. 
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6.1 Physical Layer 

Figure 6.2 depicts the block diagram of the NIU for the backbone network. 

Basically the NIU acts as a repeater which repeats the incoming bit stream to its 

downstream NIU. Since there is no optical-to-optical repeater in the current 

state of technology, the repeat function of the NIU is performed by opto-electrical 

conversion, electrical regeneration, and electro-optical conversion. 

As discussed in Chapter 2, laser diodes and APDs have more desirable 

characteristics than LEDs and pin diodes pair, including more power and higher 

sensitivity, respectively. Single mode fiber is more suitable than multimode fiber 

for our application due to its high data rate, low attenuation, and long distance 

coverage. Therefore, we propose that laser diodes and APDs be used for the optical 

source and detector in the NIU of the backbone network, respectively. In this 

dissertation, however, we do not give their specifications because the technologies . 

in fiber communications are being developed so rapidly that it is a better strategy ·to 

choose them at the installation time. It is expected that optical transmitters and 

receivers which operate at the data rates of 20 Gbits/s or more can be demonstrated 

in the next few years. 

The incoming optical data stream is first detected by an avalanche photo

diode (APD), amplified, and then sent to the clock recovery circuits. The clock 

recovery. circuit regenerates a clock. The frame is then converted to parallel for

mat, and decoded. The SA, DA, AC, and FCS are stripped off of the received 

packet. If the DA of the received frame is equal to the NIU's own address, then 

the received frame is copied into the receive FIFO, and the MAC notifies the LLC 

of the arrival of a frame. At the same time the incoming frame is repeated onto 

the downstream link. The latency of the backbone NIU in the repeat mode is as

sumed to be three bit time. This bit delay can be obtained using newly developed 
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advanced LSI technologies, including recently developed 400 Mbitsfs regenerator 

ICs [37]. 

A request to transmit begins the process of encapsulating a packet. The 

packet is transferred to the parallel-to-serial converter and is converted to serial 

format. Completion of the packet is done when the frame check sequence word is 

computed and appended to the end of the packet. The packet is then encoded and 

converted to an optical signal using a laser diode. Sophisticated electronics are used 

to reshape input electrical pulses and provide sufficient amplitude from low-level 

input signals to drive the laser diode. 

In Chapter 4 and 5, we proposed that the data and voice packet length be 

512 and 1024 bytes, respectively. Also the capacity of the data buffer has been 

proposed to be 10-15 packets while a single buffer has been recommended for voice. 

Therefore, the capacities of the data buffer and voice buffer should be 5-7.5 Kbytes 

and 1 Kbytes, respectively. 

In order to implement the fault tolerance functions discussed in Chapter 
r 

3, NIU components must include a matrix switch unit as well as an optical bypass 

switch. The matrix switch operates on the electrical domain while the optical 

bypass switch operates on the optical domain. As discussed previously, there is 

no general purpose optical switch available yet. The matrix switch flexibly changes 

the optical transmission paths along the backbone ring in order to cope with the 

optical link failure. The NIU connection on the backbone ring is either normal or 

looped back, depending on the NIU operation status. If either link connected to 

a NIU fails, or the NIU itself fails, data is looped back from the primary link to 

the secondary link through the matrix switch, thereby maintaining a complete ring. 

The firmware program in the NIU controller determines the connection settings 

between the inputs of outputs of the matrix switch. Figure 6.3 shows the matrix 
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switch and t~e If 0 connections depending on the control from the NIU controller. 

It has been shown that this kind of matrix switch, with operation speed of up to 2 

Gbitsfs and switching speed of less than 1 ns, can be realized using EeL Si high 

speed technology [52]. 

The coding and synchronization issues are paramount to the design of the 

NIU, and are treated in the following sections. 

6.1.1 Encoding 

In the design of a high speed backbone network, one of the most important 

decisions is the choice of an encoding scheme. Since the encoding scheme is a 
major contributor to the cost of the NIU, its choice is the key for a cost effective 

backbone network. Successful operation of the backbone network requires encoding 

to combine the functions of data and clock tra.nsmission. Data recovery of the 

serially encoded bit stream requires the recovery of synchronizing clock information 

inherent in the encoded bit stream. This section reviews various encoding schemes 

to choose the one best suited for our backbone network. 

In low speed LANs, the Manchester encoding is usually used due to its 

self-clocking property. In the Manchester encoding scheme, there is a transition 

at the middle of each bit period. The mid-bit transition serv~ as both cIock and 

data. Each bit is encoded into either a high-to-Iow transition (1) or a low-to-high 

transition (0). A modified format, known as differential Manchester encoding, 

is also used in LANs. The IEEE 802.5 token ring network uses this encoding 

scheme. In the differential Manchester encoding, the mid-bit transition is used 

only to provide clocking information. The encoding of a 0 (1) is represented by 

the presence (abs~nce) of a transition at the beginning of the bit period. Both 

Manchester and Differential Manchester coding have many desirable characteristics, 
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including guaranteed clock transitions, zero dc power for transformer coupling, 

and low intersymbol interference. However, these two encoding schemes waste 

substantial bandwidth (only 50 % efficient), and thus are not appropriate for our 

backbone network. 

A possible encoding scheme warranting consideration for our application is 

8-10 encoding. In this code, balance is maintained every 10 bits instead every 

2 bits. There are 256 8-bit bytes but only 252 balanced la-bit patterns. By 

introducing the escape pattern, the code can express all 256 bytes. This code 

guarantees a minimum transition rate which facilitates accurate clock extraction. 

Implementation of this encoding (and decoding) scheme can be accomplished by 

parallel processing one byte at a time. This encoding scheme has bandwidth 

expansion of approximately 1.2. Despite these many desirable properties, this 

scheme is too complicated and produces irregular bandwidth loss caused by the 

need for escape characters. 

The 4-5 code, which is used in the FDDI, has similar properties to the 

8-10 code. In this scheme, a clock transition is not necessarily present in each 

bit-cell but may occur as infrequently as once every 3 bits. This makes the clock 

recovery circuits a little more complex, but affords a big savings in the cost of the 

fiber optic transceivers by keeping the baud rate low. This code is 80 % efficient, 

and requires a code rate of 250 Mbits/s for an effective data rate of 200 Mbits/s. 

The 4-5 scheme also has small intersymbol interference. However, this scheme 

also requires a little complexity for implementation. 

Finally, the 4-6 code is considered for our application. This code is 

balanced over every run of 6. Implementation is easy and the encoding scheme does 

not have the irregular bandwidth loss due to the escape characters. Furthermore, 

it provides a simple error detecting mechanism. However, this encoding scheme 
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also wastes bandwidth. The 4-6 code requires a code bit rate of 300 Mbits/s for 

an effective data rate of 200 Mbits/s. 

There is a trade-off for choosing the encoding scheme for our backbone 

network. The 8-10 code guarantees the highest efficiency but it requires the most 

complicated implementation. On the other hand, the 4-6 code has an advantage 

of easy implementation with powerful error detecting capability, but its efficiency 

is the lowest of the three. The 4-5 code falls between the 8-10 and 4-6 codes in 

terms of efficiency and complexity for implementation. In light of this we propose 

that the backbone network use the 4-5 coding scheme because it does not have a 

significantly dampening factor for our application. 

6.1.2 Synchronization 

Each NIU needs a synchronization scheme to receivie and transmit data. 

In general, as the duration of the transmitted bits become shorter, the required 

tUning accuracy increases. Therefore, our backbone network requires a very 

accurate synchronization scheme. 

The synchronization scheme is based on two schemes that are used by the 

FDDI and the mM Zurich token ring. The NIU uses a phase lock loop (PLL) 

circuit to recover the clocking information from the incoming serial bit stream. The 

PLL circuit is locked in frequency and phase to the local fixed frequency oscillator 

of the transmitter of the previous upstream NIU. The NIU uses its own local 

fixed frequency oscillators to transmit the output serial bit stream. 

Clock recovery is impaired by signal distortion and noise. The incoming 

bit stream and the derived clock deviate in a random fashion called timing jitter, 

which arises from a variety of phenomena. Jitter can be categorized into a data 

dependent component and a random component. The data dependent jitter results 
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from the limited channel bandwidth and imperfections of the clock recovery circuit. 

Thermal noise is a major cause of random jitter in the receiver. Excessive jitter 

can eventually lead to intermittent synchronization failures, which will cause burst 

transmission errors. Timing jitter limits the number of stations which can be 

attached to a ring. The design of the synchronization scheme must, therefore, 

be guided by the objective to minimize jitter accumulation. 

In order to minimize jitter build-up a narrow bandwidth PLL is required. 

On the other hand, the need for fast resynchronization after NIU insertion or 

removal requires wide bandwidth PLLs. It has been shown that the PLL proposed 

by the IBM Zurich token ring network can sucessfully resolve these two conflicting 

requirements [62]. Our backbone NIU employs the PLL proposed by the mM 

Zurich token ring shown in Figure 6.4. In this figure the phase detector tracks the 

phase during normal operation of the PLL. The frequency detector synchronizes 

the frequency of the voltage-controlled oscillator (VCO) of the PLL to the local 

oscillator. The frequency detector is used before the NIU is inserted into the ring 

in case of energy loss or during erroneous conditions. The loop filter is designed 

to obtain a narrow band PLL. Multiplexing allows the frequency detector and 

the phase detector to be switched into the PLL. 

At each NIU the incoming frequency can be different from the outgoing 

frequency. This results in as excess or a deficiency of bits. This frequency 

difference is compensated by using an elasticity buffer - a buffer similar in function 

to a FIFO memory. Idle bits are inserted or deleted when the buffer starts to 

underflow or overflow, respectively. If the outgoing frequency is less than the 

incoming frequency, some idle bits must be inserted before each frame. In this 

way the output phase is reapproximated to the input phase, and jitter is not 

accumulated from station to station. 
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6.1.3 Power Budget 

In contrast to the coaxial cable LANs, there is a strict transmitter-receiver 

power requirement in the optical fiber LANs. The optical power of the received 

signal must exceed a certain threshold value which is a functio:ll of the optical 

receiver. If the power loss exceeds the amount corresponding to the difference 

between the power injected into the fiber by the transmitter and the minimum power 

required by the receiver, then the communication between the transmitter and 

receiver is not acceptable. Connection loss due to splicing, optical connectors, and 

coupling at fiber-to-optical transmitters and receivers greatly affects the backbone 

network parameters, including the number of nodes which can be connected to 

the backbone. The power loss, together with delay distortion, also affects the 

allowable transmission distance. Therefore, the optical power loss should satisfy 

a power budget in order for the network to function properly. Consequently, the 

NIU should be designed so that the power budget requirement is satisfied. It 

should be remembered that this is not an issue in coaxial cable LANs. A loss 

limited system is one in which the loss of the fiber, connectors, splices, plus 

system margin is equal to the difference betwee!l the transmitter output power and 

the receiver sensitivity. A delay distortion limited system is one in which pulse 

spreading in transmission causes intolerable interference between pulses even though 

the loss budget has not been used up. 

The power budget involves Bummjng all power losses incurred between the 

transmitter and the receiver. Optical losses may occur at the transmitter-to-fiber 

coupling points, at all connectors and splices, at the fiber-to-receiver coupling, and 

throughout the fiber itself. Moreover, fiber cabling and environmental conditions 

may introduce additional optical losses and should be included in the power budget 

calculations. 
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A connector is a major source of optical power losses. A 1 x n coupler 

splits the light beam into n outgoing ports. The amount of optical power coupled 

into each output port is a function of the coupler's construction. Assuming equal 

distribution of power over ,each of the output ports, power is reduced by at least a 

factor of lin while traversing the coupler. Additional losses are due to the coupler 

itself, and it is difficult to make the power division uniformly equal. Clearly, 

even when a transmitter-receiver pair conforms to power budget requirements the 

careless use of couplers may introduce extra optical power losses, which results in 

link failure. 

The coding scheme used also affects the calculation of the power budget. 

In addition, the system rise time should also conform to a budget that is imposed by 

the desired bit rate. This budget involves the material and the modal dispersions 

mentioned in Chapter 2. Another source of power loss is optical multiplexing. 

If we use an optical transmitter with minimum output of -16 dBm (m W) 

and an optical receiver with minimum receiver input power of -27 dBm for a bit 

error rate of 1 bit error in 25 Gbits, then the power budget is 11 dB. Thus, 11 

dB is available for total power losses incurred between two NIDs. These power 

losses include: 

1) transmitter-to-fiber coupling loss; 

2) fiber attenuation loss; 

3) connector losses; 

4) receiver-to-fiber coupling loss; and 

5) encoding power penalty. 

IT the tota.l power loss from the above sources is 6 dBm, then the power 

margin becomes 5 dB. The power margin can be increased by using a more 
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sensitive receiver, a more powerful transmitter, more efficient connectors, and/or 

fiber cables with less attenuation. 

6.2 Protocol Engine 

In additiol1 to the transmission and reception of the bit stream, the Nm 

is also responsible for protocol handling. The protocols performed by the Nm 

include token generation, frame encapsulation/decapsulation, address recognition, 

error checking, buffering of frames (transmit and receive), and time-out controls 

for detecting token error. The NIU protocol is best described by using two finite 

state machines (FSM): transmit FSM and receive FSM. These two finite state 

machines should be implemented so that it can run concurrently. Some control 

commands are used to interface these two finite state machines. These commands 

include: 

1) 

2) 

3) 

4) 

5) 

6) 

7) 

8) 

9) 

FSM. 

"voice req pending" , 

"header received" , 

"ED received" , 

"token received" , 

"token recognition error" , 

"SA equals own address" , 

"SA greater than own address" , 

"SA less than own address", and 

"out-or-sync" . 

All the control commands are sent from the receive FSM to the transmit 

The command "voice req pending" is asserted when some other nodes 

have voice packets pending for transmission. In this case, the token holding 
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node does not transmit its packets any more, and initiates token passing when the 

NIU receives the header of the packet that it transmitted (the "header received" is 

issued at this instant). The NIU returns the repeat mode when "ED received" is 

issued by the receive FSM. The three commands, "SA equals own address", "SA 

greater than own address", and "SA less than own address", are issued according 

to the comparison of the received SA and the NIU's own address. They are used 

to regenerate a new token when a token has been lost. The "out-of-sync" signal 

is asserted when the NIU can not achieve synchronization from the incoming bit 

stream. 

The finite state machines also use some commands from the higher layer. 

Some important ones include "insert command", "bypass command", "voice send 

req" , "data send req", and "frame arrived~. The "insert command" and "bypass 

command" are used to insert a new NIU to the backbone ring and isolate an NIU for 

the purpose of fault tolerance, respectively. The "voice send req" and "data send 

req" signals are issued by the higher layer when the data and voice packets arrive at 

the node to be transmitted onto the backbone network, respectively. The signal 

"frame arrived" is used to n~tify the higher layer of the arrival of a frame from the 

backbone network. Figure 6.S and 6.6 show the transition diagram of the transmit 

and receive finite state machines, respectively. The interface signals among these 

two and the higher layer are shown in Figure 6.7. The detailed description of the 

two finite state machines is given below. 

Transmit Finite State Machine 

BYPASS: 

R1: if "insert command" from the higher layer, then enter REPEAT. 

REPEAT: 

"'U' 



R1: always repeat incoming bit stream to the downstream link. 

R2: if "token received" and ("data send req" or "voice send req") , 

then enter TRANSMIT DATA. 

R3: if no "token received" and "voice send req", then set VP to 1. 

R4: if "out-of-sync" from the receive FSM, then enter CLAIM TOKEN. 

R5: if "bypass command" from higher layer, then enter BYPASS. 

TRANSMIT DA.TA: 

R1: initiate transmission by changing TK to 1. 

R2: if "token recognition error" from the receive FSM, then enter ABORT. 

R3: if "voice req pending" from the receive FSM or 

(neither "data send req" nor "voice send req") and 

"header received" from the receive FSM, 

then enter PASS TOKEN. 

R4: if "voice req pending" from the receive FSM or 

(neither "data send req" nor "voice send req") and 

(no "header received" from the receive FSM), 

then enter TRANSMIT IDLE. 

TRANSMIT IDLE: 

R1: transmit idle signals. 

R2: if "header received" from the receive FSM, then enter PASS TOKEN. 

R3: if "out-of-sync" from the receive FSM, then enter CLAIM TOKEN. 

PASS TOKEN: 

Rl: pass token to the downstream NIU and transmit idle. 

R2: if "ED received" from the receive FSM, then enter REPEAT. 

R3: if no "ED received" from the receive FSM, 
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then enter CLAIM TOKEN. 

R4: if "out-of-sync" from the receive FSM, then enter CLAIM TOKEN. 

CLAIM TOKEN: 

R1: transmit the claim token. 

R2: if "SA equals own address" then enter CLEAR RING. 

R3: if "SA greater than own address" then enter REPEAT. 

R4: it "SA less than own address" then continue in this state. 

CLEAR RING: 

Rl: After removing the claim token frames, enter PASS TOKEN. 

R2: if "out-of-sync" from the receive FSM, then enter CLAIM TOKEN. 

ABORT: 

R1: after transmitting SD and ED pair, enter REPEAT. 

Receive Finite State Machine 

IDLE: 

R1: monitor incoming data for the value of SD, AC, DA, SA, and ED. 

R2: if VP of received AC is 1, 

then send "voice req pending" to the transmit FSM. 

R3: if TK of received AC is 1, 

then send "header received" to the transmit FSM. 

R4: if DA = own address, and (SA, AC, FCS are valid) and 

if received frame is token, 

then send "token received" to the transmit FSM 

and enter VALIDATE TOKEN. 

RS: if DA = own address, and (SA, AC, FCS are valid) and 
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if received frame is MAC frame, 

then enter MAC SERVICE. 

R6: if DA = own address, and (SA, AC, FCS are valid) and 

if received frame is LLC frame, 

then enter LLC SERVICE. 

R7: if out of synchronization, then send "out-of-sync" to the transmit FSM 

and enter ATTEMPT SYNC. 

MAC SERVICE: 

R1: if SA equals own address, then send ."SA equals own address" 

to the transmit FSM. 

R2: if SA is greater than own address, 

then send "SA greater than own address" to the transmit FSM. 

R3: if SA is less than own address, 

then send "SA less than own address" to the transmit FSM. 

R4: if ED received, then send "ED received" to the transmit FSM 

and enter IDLE. 

RS: if out of synchronization, then send "out-of-sync" to the transmit FSM 

and enter ATTEMPT SYNC. 

LLC SERVICE: 

Rl: if ED received, then send "ED received" to the transmit FSM, 

and send "frame arrived" to LLC and enter IDLE. 

R2: if out of synchronization, then send "out-of-sync" to the transmit FSM 

and enter ATTEMPT SYNC. 

VALIDATE TOKEN: 

Rl: if token is valid, then send "token received" 
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to the transmit FSM. 

R2: if token is invalid, then send "token recognition error" 

to the transmit FSM. 

R3: if out of synchronization, then send "out-of-sync" 

to the transmit FSM and enter ATTEMPT SYNC. 

ATTEMPT SYNC: 

R1: attempt to reestablish synchronization. 

R2: if successful, then negate "out-of-sync" and enter IDLE. 

R3: if out of synchronization, then send "out-of-sync" to the transmit FSM 

and enter ATTEMPT SYNC. 
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CHAPTER 7 

SUMMARY AND FUTURE WORK 

In this dissertation, a high speed backbone network, whose bandwidth is 

200 Mbits/s or greater, was designed for our campus environment. This chapter 

contains a summary of this disseration and suggestions for future work. 

7.1 Summary 

In order to satisfy the communication requirements of the campus environ

ment, a high speed campus backbone network has been proposed. One major 

goal of the backbone network is internetworking of various LANs, supercomputers, 

ISDNs, and high speed computing facilities such as CAD workstations and image 

workstations on the campus. Integrating voice and data traffic, ar.d. thus inter

connections among PBXs and voice concentrators, is another important goal of the 

backbone network. The backbone network approach to campus internetworking 

. and data/voice integration has a lot of advantages, including small overhead con

cerned with internet packet transmission, simplification of gateway functions, ease 

in the management of communication network, and cost savings. 

The backbone network uses optical fibers as its transmission medium to 

take advantage of many desirable characteristics of fiber optics, including high 

capacity property, low attenuation, and large geographical coverage. The current 

research efforts for optical fiber technologies and a survey of optical fiber LANs 

have been presented. The topology of the campus backbone network is closely 
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related to the characteristics of the fiber optics. Due to technological difficulties 

of the passive connection to fiber cables, the bus topology is not suitable for our 

backbone network. The star topology has proved to be improper for our backbone 

network because of its high cabling ~ost, unreliability, and requirement for complex 

collision detection mechanisms. A double ring structure with fault tolerance 

mechanisms has been employed for the backbone network. This structure offers 

many advantages, including point-to-point connection, long distance coverage 

with small pieces of cable, and the fact that high performance ring access protocols 

can be used. Also, fault tolerance mechanisms guarantee the reliable operation 

of the backbone network in case of link/node failure and power-off. These include 

ring switching, bypass, and loop back. 

Two medium access protocols have been considered to .support the inte

grated service of data and voice as well as fully utilize the high capacity of the 

backbone network: TDMA and token ring protocol. The TDMA provides two 

independent channels for transmission of data and voice. The data services are 

provided by packet switching communication on a ring in which a token passing pro

tocol is used as the medium access method.' The voice service supports multiplexed 

voice channels for which the network provides a circuit switching communication 

among the voice concentrators and the PBXs. A new token ring protocol, which 

is based on the IEEE 802.5 standard has been proposed. The IEEE 802.5 has 

complex control functions, and thus a complex frame format, to provide a stan

dard to various LAN vendors. We have eliminated many complicated miscellany 

of the IEEE 802.5 to provide 8.Il optimum and compact token ring protocol for our 

application. In the proposed token ring protocol, each node can transmit pack

ets until the transmit buffer becomes empty, provided that there is no node with 

pending voice packets for transmission. On the other hand, if there are one or 
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more nodes with voice packets waiting to be transmitted, the current token holder 

can transmit only a. single packet. Voice Presence (VP) indicator bit, which is 

not used in the IEEE 802.5, has been introduced to give a priority to voice traffic. 

The VP bit is set to 1 by one or more nodes with pending voice packets when the 

transmitted frame by the token holding node passes through the nodes. If the 

token holder finds the VP bit is set to 1 when the frame is received back, then it 

stops transmitting packets and passes the token to the next node. Otherwise, the 

node keeps transmitting as long as there are packets in the FIFO queue. In this 

way, the voice message delay can be bounded due to its mild priority structure and 

high throughput can be obtained due to its partly exhaustive transmission strategy. 

Other types of priority are also given to the voice traffic in the proposed token ring 

scheme. When both data and voice packets are waiting at the same node, the 

voice packets are transmitted first. Also the voice traffic is allowed to use longer 

packets than the data traffic. 

The performances of the two medium access schemes are evaluated via sim

ulation. These include message delay of data and voice, throughput, utilization, 

and voice packet loss probability. The simulation results have shown that both 

schemes provide satisfactory performances to integrate voice 8.!ld data as well as 

utilize the high capacity of the backbone network. However, the TDMA tech

nique has been shown to be less suitable for our campus environment mainly due to 

its low efficiency with bursty traffic and hardware complexity. We have proposed 

the token ring protocol as the medium access protocol of the backbone network be

cause of its high performances and simplicity. We have examined effects of some 

major network parameters on the performances. Simulation results indicated that 

the data and voice packet with the sizes of 512 and 1024 bytes, respectively, pro

duce satisfactory performances in all points. It has been shown the data buffer 
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with a capacity of 10-15 packets provide satisfactory performance. The effect 

of the voice buffer capacity has also been investigated. A single voice buffer is 

a good compromise between the message delay and voice packet loss probability 

performances. An unusual simulation result is that the propagation delay has 

a significant contribution to the delay performance, which is not the case in the 

low speed LANs. In our high speed backbone network, the propagation delay is 

comparable or even larger than one packet transmission time because of its capa

bility of high speed transmission. Therefore, we have to give attention when we 

determine the inter-node distance and the total cable length. 

Finally, a network interface unit (NIU) has been designed so that it can 

support the token ring protocol as well as provide an interface to the dual optical 

fiber ri~g. A single mode fiber, laser diode, and avalanche photo diode (APD) 

have been proposed for use in our backbone network as its medium, light source, 

and light detector, respectively. It has been proposed that each NIU contain 5-7.5 

Kbytes data buffer and a 1 Kbyte voice buffer. Some major design considerations . 

of the NIU have been discussed, including encoding, synchronization, and power 

budget. In addition, some encoding schemes for the high speed environment have 

been reviewed, and we have found that there is a trade-off for choosing the best one 

for our backbone network. We have proposed a 4-5 coding scheme because of its 

satisfactory performa."l.ces in every respect. A synchronization scheme, which is 

based en the FDDI and. IBM Zurich token ring, has been proposed for our backbone 

network. The protocol engine of the NIU has been described using two finite state 

machines and some interface signals between them. 

7.2 Future Work 

The scope of this dissertation research is to design the campus backbone 

network. The implementation of the network is a next phase main task. The 
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NIU should be implemented using the design which has been described in Chapter 

6. The type of fibers and specifications of optical source and detector would have 

to be determined at the installation time. The state-of-the-art technologies of 

optical transmitter/receiver and high speed electronic circuitry should be carefully 

reviewed at that time. The next task to be performed in the future would be the 

design and implementation of gateways to provide interconnections between LANs 

and the backbone network. The interconnection protocols and protocol translation 

are important studies concerned with the gateway design. 

The research of data/voice integration on LAN is still in its infant stage. 

Therefore, we encourage development of other methods for integrating data/voice 

on the backbone network. In the future, the backbone network should also be 

able to support video, facsimile in addition to data and voice traffic to follow the 

current trend toward ISDN. The extension of the backbone network to the fully 

integrated services produces many probl"mg. The solu.tion to these problemB if: 

an important research topic. 

---------- --------------------------



APPENDIX A 

SIMULATION PARAMETERS AND PERFORMANCES 

Simulation Parameters 

Simulation run time (t) 

Mean data intermessage time (Ad
t

) 

Mean voice intermessage time (AVt or As,) 

Mean data message length (Ad,) 

Mean voice message length (Avl ) 

Backbone bandwidth (BW) 

Data buffer capacity (Cd) 

Voice buffer capacity (Cv ) 

Data packet size (Ld) 

Voice packet size (Lv) 

Header size (Lh) 

Token size (Lt) 

Internode distance (d) 

Number of nodes (K) 

Performances Measured 

Number of data message sent (Mdol 

Number of data message offered (Md.) 
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Number of voice message sent (MvJ 

Number of voice message offered (Mu.) 

Number of data packets sent (NdJ 

Number of data packets offered (Nd.) 

Number of voice packets sent (NuJ 

Number of voice packets offered (NuJ 

Number of voice packets lost (Nv, ) 
Channel use time for data (Ud) 

Channel use time for voice (Uv ) 

Time at which data message arrives at a node (Td.) 

Time at which the end of data message is sent (TdJ 

Time at which voice message arrives at a node (Tu.) 

Time at which the end of voice message is sent (TuJ 

Total number of bits sent (N!)) = NdoLd + NVoLv 

Total number of bits offered (Ni) = Nd.Ld + Nv.Lv 

Data traffic intensity (Id) = Nd;Ld/(tBW) 

Voice traffic intensity(lu) = Nv.Lv/(tBW) 

Input traffic intensity (I) = Id + Iv 

Voice traffic blend (B) = Iv/ I 

Throughput (THRU) = No/(tBW) 

Channel busy time (BT) = Ud + Uv 

Utilization (U) = (Ud + Uv)/t 

Voice packet lost probability (L,) = Nvl/Nv• 

Mean data message delay (Dd) = E(Tdo - TdJ/Mdo 

Meau voice message delay (Dv) = E(Tvo - Tv.)/Mvo 
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APPENDIX B 

SIMSCRIPT II.5 SOURCE PROGRAM FOR SIMULATION 

"============================================ 
" Campus Backbone Network Simulation 

"============================================ 
" 
" SIGNIFICANT PARAMETERS 

" 
" 
" 
" 
" 
" 
" 
" 
" 
" 
" 
" 
" 
" 
" 
" 

NUM.NODE: Number of nodes 
INTER.NODE: Internode distance 
BACKBONE.BW: Bandwidth 
MEAN.DATA.INTER: Mean inter data message time 
MEAN.VOICE.INTER: Mean inter voice message time 
MEAN.DATA.LENGTH: Mean data message length 
MEAN.VOICE.LENGTH: Mean voice message length 
DATA.SIZE: Data packet size 
VOICE.SIZE: Voice packet size 
HEAD.SIZE: Size of he~der 
TOKEN.SIZE: Size of token 
PACKET.PER.TOKEN: Number of packets per medium access 
DATA.BUF .CAPA: Capacity of data buffer 
VOICE.BUF .CAP A: Capacity of voice buffer 
MODEL: Arrival Model (Poisson or Compound Poisson) 

" INPUT/OUTPUT FILES 
" SIMU01.DAT: Input file 

" SIMU02.DAT: Output statistics file 
',: SIMUlO.DAT - SIMU15.DAT: Output data file for plotting 

" 
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" ======== .. -=================================== 
PREAMBLE 

"============================================ 
PROCESSES 

Every TOKEN.RING may belong to a DATA.RWAIT 
and may belong to a VOICE.RWAIT 

Every PACKET. GENERATOR has a SOURCE, a SERVICE.TYPE 
Every NIU.XMIT has a SOURCE, a DESTI, . 

a PACKET.LENGTH, a SERVICE.TYPE 
and may belong to a DATA.XWAIT 
and may belong to a VOICE.XWAIT 

Every NIU.RCV has a SOURCE, a SERVICE.TYPE 
Define SOURCE, SERVICE.TYPE, DESTI, PACKET.LENGTH 

as integer variables 

RESOURCES include TOKEN 

PERMANENT ENTITIES 
Every NODE owns a DATA.XBUF, a VOICE.XBUF, 

a DATA.RWAIT, a DATA.XWAIT, 
a VOICE.RWAIT, a VOICE.XWAIT 

Define DATA.XBUF, VOICE.XBUF, DATA.XWAIT, DATA.RWAIT, 
VOICE.XWAIT, VOICE.RWAIT as FIFO set 

TEMPORARY ENTITIES 
Every PACKET has a ARRIVAL.TIME, a DESTI 

and may belong to a DATA.XBUF 
and may belong to a VOICE.XBUF 

Define ARRIVAL.TIME as real variable 

Define TYPE, DATA.RBUF, VOICE.RBUF as I-dim integer arrays 

Define NUM.NODE, DATA.SIZE, VOICE.SIZE, TOKEN.SIZE, HEAD.SIZE, 
DATA.BUF.CAPA, VOICE.BUF.CAPA, DATA.SENT, SEED, 
CHANNEL.STAT, VOICE.SENT, HOLDER, 
TRACE; N.SIMU, PACKET.PER.TOKEN, 
STOP, MODEL, DBUFFER, VBUFFER, 
DATA.OFFER, VOICE. OFFER, VOICE.LOST 
as integer variables 

Define MEAN.INTER.DATA, MEAN.INTER.VOICE, 



DJCMIT.TIME, VJCMIT.TIME, TOKEN.PASS.TIME, 
D.DELAY, V.DELAY, BACKBONE.BW, INTER.NODE, 
INTER.NODE.DELAY, RUN. TIME , MEAN.DATA.LENGTH, 
MEAN.VOICE.LENGTH, LAST.TIME, DATA.DEP.TIME, 
VOICE.DEP.TIME, USE.FOR.DATA, USE.FOR.VOICE, 
USE.FOR. TOKEN, PROPO.DELAY 
as reai variables 

Tally TOTAL.USE.FOR.DATA as the sum of USE.FOR.DATA 
Tally TOTAL.USE.FOR.VOICE as the sum of USE.FOR.VOICE 
Tally TOTAL.USE.FOR.TOKEN as the sum of USE.FOR.TOKEN 
Tally TOTAL.DATA.OFFER as the sum of DATA.OFFER 
Tally TOTAL. VOICE. OFFER as the sum of VOICE. OFFER 
Tally TOTAL.DATA.SENT as the sum of DATA.SENT 
Tally TOTAL.VOICE.SENT as the sum of VOICE.SENT 
Tally TOTAL.VOICE.LOST as the sum of VOICE.LOST 
Tally MEAN.V.DELAY as the average ofV.DELAY 
Tally MEAN.D.DELAY as the average of D.DELAY 
Tally MAX.V.DELAY as the maximum of V.DELAY 
Tally MAX.D.DELAY as the maximum of D.DELAY 

Define .SEC to mean DAYS 
Defi1'le .MSEC to mean HOURS 
Define ~MICROSEC to mean MINUTES 
Define .DATA to mean 0 
Define .VOICE to mean 1 
Define .MIX to.mean 2 
Define .IDLE to mean 0 
Define .BUSY to mean 1 
Define .YES to mean 1 
Define .NO to mean 0 
Define .POISSON to mean 1 
Define .COMPOUND to mean 0 
Define .FINITE to mean 1 
Define .INFINITE to mean 0 

END "PREAMBLE 
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"============================================ 
MAIN 

"============================================ 
Define DUR, I, N, BIT.DELAY, SAVESEED2 as integer variable 
Define SPEED as real variable 

Let HOURS.V = 1000 
Let MINUTES.V = 1000 

Let SPEED = 200000000.0 
Let SAVESEED2 = SEED.V(2) 

Use 1 for input 
Read N.SIMU 

For 1= 1 to N.SIMU, 
Do 
"- Read data from SIMUD1.DAT 

Use 1 for input 
Read TRACE, DUR, MODEL, BACKBONE.BW, MEAN.INTER.DATA, 

MEAN.INTER.VOICE, DATA.BUF.CAPA, VOICE.BUF.CAPA, 
DATA.SIZE, VOICE.SIZE, HEAD.SIZE, TOKEN.SIZE, 
INTER.NODE, NUM.NODE, 
MEAN.DATA.LENGTH, MEAN.VOICE.LENGTH, 
PACKET.PER.TOKEN, BIT.DELAY, RUN.TIME, 
DATA.DEP.TIME, VOICE.DEP.TIME 

"- Reset simulation environment 
Let TIME.V = 0.0 
Let LAST. TIME = 0.0 
Let SEED.V(2) = SAVESEED2 
Let SEED = 2 
Let HOLDER = 1 
Let STOP = .NO 
Let CHANNEL.STAT = .IDLE 

"- Adjust units of input data 
Let BACKBONE.BW = BACKBONE.BW * 1000000.0 
Let INTER.NODE = INTER.NODE * 1000.0 

"- Transmission time of data and voice packets 



Let D.XMIT.TIME = (DATA.SIZE + HEAD.SIZE) / BACKBONE.BW 
Let V.XMIT.TIME = (VOICE.SIZE + HEAD.SIZE) / BACKBONE.BW 

"- Propagation delay and node processing delay 
Let INTER.NODE.DELAY = INTER.NODE / SPEED + 

BIT.DELAY / BACKBONE.BW 

"- Token passing time 
Let TOKEN.PASS.TIME = TOKEN. SIZE / BACKBONE.BW + 

INTER.NODE.DELAY 

"- Models for node buffer (infinite or finite capacity 
If DATA.BUF .CAPA EQ 0, 

Let DBUFFER = .INFINITE 
Else 

Let DBUFFER = .FINITE 
Always 
IfVOICE.BUF.CAPAEQ 0, 

Let VBUFFER = .INFINITE 
Else 

Let VBUFFER = .FINITE 
Always 

Reserve TYPE(*) as NUM.NODE 
Reserve DATA.RBUF(*) as NUM.NODE 
Reserve VOICE.RBUF(*) as NUM.NODE 

"- Generate nodes 
Create every NODE(NUM.NODE) 
Create every TOKEN(I) 
Let U.TOKEN(I) = 1 

"- Reset node buffers 
For N = 1 to NUM.NODE, 
Do 

Let DATA.RBUF(N) = 0 
Let VOICE.RBUF(N) = 0 

Loop 

"- All nodes can handle 'Voice and data 
For N = 1 to NUM.NODE, 
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Do 
Let TYPE(N) = .MIX 

Loop 

"- Start generating packets 
For N = 1 to NUM.NODE, 
Do 

Activate a PACKET. GENERATOR giving N, TYPE(N) now 
Loop 
Start Simulation 

Call REPORT 
Call RESET 

Loop 

END "MAIN 
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"============================================ 
. ROUTINE RESET 

"============================================ 
Define N as integer variable 

"- Reset performances measures 
Reset the totals of VOICE. OFFER 
Reset the totals of DATA.OFFER 
Reset the totals of DATA.SENT 
Reset the totals of VOICE.SENT 
Reset the totals of VOICE.LOST 
Reset the totals of D.DELAY 
Reset the totals of V.DELAY 
Reset the totals of USE.FOR.DATA 
Reset the totals of USE.FOR.VOICE 
Reset the totals of USE.FOR.TOKEN 

Release TYPE 
Release DATA.RBUF 
Release VOICE.RBUF 

"- Reset data buffers 
For N = 1 to NUM.NODE, 
Do 



Until DATAJCBUF(N) is empty, 
Do 

Remove the first PACKET from DATA.XBUF(N) 
Destroy the PACKET 

Loop 

"- Reset voice buffers 
Until VOICE.XBUF(N) is empty, 
Do 

Remove the first PACKET from VOICE.XBUF(N) 
Destroy the PACKET 

Loop 
Loop 
Destroy each NODE 
Destroy each TOKEN 
Return 

END "RESET 
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"============================================ 
ROUTINE STOP.SIM: 

"============================================ 
Define N as integer variable 

"- Remove the pending requests for data transmission from queue 
For N = 1 to NUM.NODE, 
Do 

Until DATA.XWAIT(N) is empty, 
Do 

Remove the first NIU.XMIT from DATA.XWAIT(N) 
Destroy the NIU.XMIT 

Loop 

"- Remove the pending requests for voice transmission from queue 
Until VOICE.XWAIT(N) is empty, 
Do 

Remove the first NIU.XMIT from VOICE.XWAIT(N) 
Destroy the NIU .XMIT 

Loop 

"- Reset data packets pending on xmit buffer 



Until DATA.RWAIT(N) is empty, 
Do 

Remove the first TOKEN.RING from DATA.RWAIT(N) 
Destroy the TOKEN.RING 

Loop 

"- Reset voice packets pending on xmit buffer 
Until VOICE.RWAIT(N) is empty, 
Do 

Remove the first TOKEN.RING from VOICE.RWAIT(N) 
Destroy the TOKEN.RING 

Loop 
Loop 
Return 

END "STOP.SIM 
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"============================================ 
PROCESS PACKET. GENERATOR given SA and SERVICE 

"============================================ 
Define SA, DA, SERVICE, LENGTH, TEMP as integer variables 
Define INTER.ARR. TIME as real variable 

If SERVICE = .DATA, 
Let INTER.ARR.TIME = MEAN.INTER.DATA 
Let TEMP = .DATA 

Always 
If SERVICE = .VOICE, 

Let INTER.ARR. TIME = MEAN.INTER.VOICE 
Let TEMP = .VOICE 

Alwa.ys 

Until TIME.V GE RUN.TIME OR STOP EQ .YES, 
Do 

If SERVICE EQ .MIX, 
If RANDOM.F(9) GE 0.5, 
"- Data message is generated 

Let TEMP = .DATA 
Let INTER.ARR.TIME = MEAN.INTER.DATA 

Else 



"- Voice message is generated 
Let TEMP = .VOICE 
Let INTER.ARR.TIME = MEAN.INTER.VOICE 

Always 
Always 

"- Exponential interarrival times 
Wait EXPONENTIAL.F(INTER.ARR.TIME, SEED) .SEC 

"- Choose destination node (uniform) 
Let DA = SA 
Until DA NE SA, 
Do 

Let DA = RANDI.F(l, NUM.NODE, 7) 
Loop 

If MODEL EQ .POISSON, 
"- Poisson Model 

Else 
Let LENGTH = 1 

"- Compound Poisson Model 
"- Determine message length 
"- Message length is exponentially distributed 
If TEMP = .DATA, 

Let LENGTH = EXPONENTIAL.F(MEAN.DATA.LENGTH, 4) 
Else 
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Let LENGTH = EXPONENTIAL.F(MEAN.VOICE.LENGTH, 4) 
Always 
"- Fragmentation of long message 
Let LENGTH = MAX.F(LENGTH, 1) 

Always 

"- Send packet to node queue 
If TIME.V LT RUN. TIME, 

Activate a NIU.XMIT giving SA, DA, LENGTH, TEMP now 
Always 

Loop 

Let STOP = .YES 
Call STOP.SIM 
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END "PACKET.GENERATOR 

"============================================ 
PROCESS NIUJCMIT given SA, DA, LENGTH and SERVICE 

"============================================ 
Define N, SA, DA, SERVICE, LENGTH as integer variables 

If SERVICE EQ .DATA, 
For N = 1 to LENGTH, 
Do 

Let DATA.OFFER = 1 
If DBUFFER EQ .FINITE, 

If N.DATA.XBUF(SA) GE DATA.BUF .CAPA, 

"- Wait data packets outside node 
"- before being stored in node queue 
File this NIU.XMIT in DATA.XWAIT(SA) 
If CHANNEL.STAT = .IDL~, 

"- Try to transmit packet pending on data queue 
Activate a TOKEN.RING now 

Always 
"- Wait in data queue until backbone channel is free 
Suspend 

Always 
Always 
"- Store a data packet in queue 
Create a PACKET 
Let ARRIVAL.TIME(PACKET) = TIME.V 
Let DESTI(PACKET) = DA 
File the PACKET in DATA.XBUF(SA) 
" EVENT TRACE~--
If TRACE = 1, Print 1 line with TIME.V, SA thus 

**. ********'" Sec: A Data Packet arrived at Node ** 
Always 

,,-----------------------
If CHANNEL. STAT = .IDLE, 

"- Transmit packet on backbone channel 
Activate a TOKEN.RING now 

Always 



Loop 

Else 

"- The same procedures for voice traffic 
For N = 1 to LENGTH, 
Do 

Let VOICE. OFFER = 1 
If VBUFFER EQ .INFINITE, 

Else 

If N.VOICE.XBUF(SA) GE VOICE.BUF.CAPA, 
"- Store voice packets in queue 
File this NIUJeMIT in VOICE.XWAIT(SA) 
If CHANNEL. STAT = .IDLE, 

Activate a TOKEN.RING now 
Always 
Suspend 

Always 

"- Voice buffer has finite capacity 
If N .VOICE.XBUF(SA) GE VOICE.BUF .CAP A, 

Let VOICE.LOST = 1 
If CHANNEL.STAT = .IDLE, 

Activate a TOKEN. RING now 
Always 
Suspend 

Always 
Always 
Create a PACKET 
Let ARRIVAL.TIME(PACKET) = TIME.V 
Let DESTI(PACKET) = DA 
File the PACKET in VOICE.XBUF(SA) 
" EVENT TRACE---
If TRACE = 1, Print 1 line with TIM:E.V, SA thus 

**. ********* Sec: A Voice Packet arrived at Node ** 
Always 

"-----------
If CHANNEL.Sl'AT = .IDLE, 

Activate a TOKEN.RING now 
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Always 
Loop 

Always 

END" NIU.XMIT 
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"============================================ 
PROCESS TOKEN.RING 

"============================================ 
Define DA, N, N.PACKET, ACTIVE, TOKEN.TRAVEL, NOW 

as integer variable 
Define. ARR. TIME as real variable 

Let CHANNEL. STAT = .BUSY 

"- Wait for token 
Request 1 TOKEN(l) 
Let TOKEN.TRAVEL = TRUNC.F((TIME.V - LAST.TIME) / 

TOKEN .PASS. TIME) 
Let NOW = MOD.F(HOLDER + TOKEN.TRAVEL, NUM.NODE) 
Let USE.FOR.TOKEN = TOKEN.PASS.TIME * TOKEN. TRAVEL 

"- Determine which node has token at this time 
If NOW EQ 0, 

Let HOLDER = NUM.NODE 
Else 

Let HOLDER = NOW 
Always 
Let ACTIVE = 1 

"- If there is no voice requests on the ba.ckbone 
"- transmit packets either until request for voice 
"- transmission is received or until transmitting queue is 
"- exhausted. Otherwise, transmit only a single packet per 
"- access opportunity. 
"- Transmit voice packets first if there are both data and 
"- voice packets at the same time. 
Until ACTIVE LE 0 OR STOP EQ .YES, 
Do 

Let N.PACKET = 0 



For N = 0 to PACKET.PER.TOKEN - 1, 
Do 

If VOICEJCBUF(HOLDER) is not empty, 
Remove the first PACKET from VOICE.XBUF(HOLDER) 
Let DA = DESTI(PACKET) 
Let ARR.TIME = ARRIVAL.TIME(PACKET) 
Destroy this PACKET 
If VBUFFER EQ .FINITE, 

If VO!CE.XWAIT(HOLDER) is not empty, 
"- Reactivate a suspended transmission 
Remove the first NIU.XMIT from 

VOICE.XWAIT(HOLDER) 
Reactivate this NIU .XMIT now 

Always 
If VOICE.RBUF(DA) GE VOICE.BUF .CAP A, 

"- Suspend transmission because 
"- receiver buffer becomes full 
~- at destination 
File this TOKEN.RING in VOICE.RWAIT(DA) 
Activate a NIU.RCV giving DA, .VOICE now 
Suspend 

Always 
Always 

"- Transmit a voice packet 
Call PROPO giving DA yielding PROPO.DELAY 
Let V.DELAY = TIME.V + V.XMIT.TIME - ARR.TIME 
Let USE.FOR.VOICE = V.XMIT.TIME + PROPO.DELAY 
Work USE.FOR.VOICE .SEC 
Let VOICE.SENT = 1 
Let N.PACKET = N.PACKET + 1 
" EVENT TRACE~--
If TRACE = 1, Print lline with TIME.V, HOLDER, DA thus 
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**. ********* Sec: A Voice Packet Sent From Node ** to Node ** 
Always 

"-------------------------
If VBUFFER EQ .FINITE, 

Let VOICE.RBUF(DA) = VOICE.RBUF(DA) + 1 



Activate a NIU.RCV giving DA, .VOICE now 
Always 

Always 
Loop 

If N.PACKET < PACKET.PER.TOKEN, 
"- Transmit the predetermined number of packets 
"- per access opportunity 
For N = 1 to PACKET.PER.TOKEN - N.PACKET, 
Do 

If DATAJCBUF(HOLDER) is not empty, 
Remove the first PACKET from 

DATA.XBUF(HOLDER) 
Let DA = DESTI(PACKET) 
Let ARR.TIME = ARRIVAL.TIME(PACKET) 
Destroy this PACKET 
If DBUFFER EQ .FINITE, 

If DATA.XWA!T(HOLDER) is not empty, 
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Remove the first NIU.XMIT from DATA.XWAIT(HOLDER) 
Reactivate this NIU.XMIT now 

Always 
If DATA.RBUF(DA) GE DATA.BUF .CAPA, 

"- Suspend transmission of voice packet 
"- because voice buffer is full at 
:l _ destination node 

File this TOKEN.RING in DATA.RWAIT(DA) 
Activate a NIU.RCV giving DA, .DATA now 
Suspend 

Always 
Always 

"- Transmit a data packet 
Call PROPO giving DA yielding PROPO.DELAY 
Let D.DELAY = TIM:E.V + D.XMIT.TIM:E - ARR.TIME 
Let USE.FOR.DATA = D.XMIT.TIM:E + PROPO.DELAY 
Work USE.FOR.DATA .SEC 
Let DATA.SENT = 1 
Let N.PACKET = N.PACKET + 1 



193 

"--.EVENT TRACE---
If TRACE = 1, Print 1 line with TIME.V, HOLDER, DA thus 

**.********* Sec: A Data Packet Sent From Node ** to Node ** 
Always 

,,----------------------
If DBUFFER EQ .FINITE, 

Let DATA.RBUF(DA) = DATA.RBUF(DA) + 1 
Activate a NIU.RCV giving DA, .DATA now 

Always 
Always 

Loop 
Always 

"- Pass token to the next downstream node 
Call PASS.TOKEN yielding ACTIVE 

Loop 
Let LAST.TIME = TIM:E.V 
Relinquish 1 TOKEN(1) 
Let CHANNEL.STAT = .IDLE 

END "TOKEN.RING 

"============================================ 
ROUTINE PASS.TOKEN yielding ACTIVE 

"============================================ 
Define NEXT, NOW, N.LINK, ACTIVE as integer variables 

Let ACTIVE = 0 

Let N .LINK = 0 

Let NOW = HOLDER 

"- Determine the next token holder 
If NOW EQ NUM.NODE, 

For NEXT = 1 to NUM.NODE, 
Do 

If N.VOICE.XBUF(NEXT) + N.DATA.XBUF(NEXT) GE 1, 
"- There is at least one active node 
Let ACTIVE = 1 
Let N .LINK = N .LINK + 1 
Leave 



Else 

Always 
Loop 

For NEX~ = NOW + 1 to NUM.NODE, 
Do 

If N.VOICE.XBUF(NEXT) + N.DATA.XBUF(NEXT) GE 1, 
Let ACTIVE = 1 

Let N.LINK = N.LINK + 1 

Leave 
Always 

Loop 

If ACTIVE EQ 0, 
For NEXT = 1 to NOW, 
Do 

If N.VOICE.XBUF(NEXT) + N.DATA.XBUF(NEXT) GE 1, 
"- There is at least one active node 
Let ACTIVE = 1 
Let N .LINK = N .LINK + 1 
Leave 

Always 
Loop 

Always 

Always 

"- Pass token 
If ACTIVE GE 1, 

Let USE.FOR.TOKEN = N.LINK * TOKEN.PASS.TIME 
Work USE.FOR. TOKEN .SEC 
Let HOLDER .= NEXT 

Always 
Return 

END "PASS.TOKEN 
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"============================================ 
PROCESS NIU.RCV given SA and SERVICE 

"============================================ 
Define SA, SERVICE as integer variable 



If SERVICE = .VOICE, 
"- Receive voice packet only if buffer has enough room. 
If VOICE.RBUF(SA) GE VOICE.BUF.CAPA 

AND VOICE.RWAIT(SA) is not empty, 
Remove the first TOKEN.RING from VOICE.RWAIT(SA) 
Reactivate this TOKEN.RING now 

Always 
Let VOICE.RBUF(SA) = VOICE.RBUF(SA) - 1 

Else 

"- Receive data packet only if buffer has enough room. 
If DATA.RBUF(SA) GE DATA.BUF .CAPA 

AND DATA.RWAIT(SA) is not empty, 
Remove the first TOKEN.RING from DATA.RWAIT(SA) 
Reactivate this TOKEN.RING now 

Always 
Let DATA.RBUF(SA) = DATA.RBUF(SA) - 1 

Always 

END "NIU.RCV 
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"============================================ 
ROUTINE PROPO given DA yielding DELAY 

"============================================ 
Define DA, N.LINK as integer variables 
Define DELAY as real variable 

"- Determine distance from source to destination 
If HOLDER GT DA, 

Let N .LINK = HOLDER + NUM.NODE - DA 
Else 

Let N.LINK = DA - HOLDER 
Always 
Let DELAY = N.LINK * INTER.NODE.DELAY 
Return 

END "PROPO 
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"============================================ 
ROUTINE REPORT 

"============================================ 
Define N, BITS.SENT, BITS.OFFER, MEAN.ARR.RATE 

as integer variables 
Define THRU, LOAD, NORM.THRU, VOICE.LOST.PROB as real variables 

"- Compute performances 
BITSoSENT = TOTAL.DATA.SENT * DATA.SIZE + 

TOTAL.VOICE.SENT * VOICE.SIZE 
BITS.OFFER = TOTAL.DATA.OFFER * DATA.SIZE + 

TOTAL.VOICE.OFFER * VOICE.SIZE 
Let VOICE.LOST.PROB = TOTAL.VOICE.LOST / TOTAL.VOICE.OFFER 
Let THRU = BITS.SENT / TIME.V 
Let LOAD = BITS. OFFER / (TIME.V * BACKBONE.BW) 
Let NORM.THRU = THRU / BACKBONE.BW 
Let TOTAL.USE = TOTAL.USE.FOR.DATA + TOTAL.USE.FOR.VOICE 
Let MEAN.ARR.RATE = 2.0 / (MEAN.INTER.DATA + 

MEAN .INTER.VOICE) 

Use 2 for output 
Start new page 
Skip 4 lines 
Print 20 lines with 

NUM.NODE, 
INTER.NODE / 1000.0, BACKBONE.BW / 1000000.0, 
DATA.SIZE / 8, VOICE.SIZE / 8, TOKEN.SIZE / 8, 
HEAD.SIZE / 8, DATA.BUF.CAPA * DATA.SIZE /8, 
VOICE.BUF .CAPA * VOICE.SIZE / 8, 
MEAN.INTER.DATA * 1000.0, 
MEAN.INTER.VOICE * 1000.0, 
MEAN.DATA.LENGTH * DATA.SIZE /8, 
MEAN.VOICE.LENGTH * VOICE.SIZE / 8 thus 
CHARACTERISTICS OF BACKBONE NETWORK 

Number of Nodes: ** No(~.es 
Internode Distance: *. * Km 
Backbone Bandwidth: ***. * Mbps 



Data Packet Size: ***** Bytes 
Voice Packet Size: ***** Bytes 
Token Frame Size: *** Bytes 
Header Size: ***** Bytes 

Node Data Buffer Capacity: ****** Bytes 
Node Voice Buffer Capacity: ****** Bytes 

Mean Inter Data Message Time: **. *** Msec 
Mean Inter Voice Message Time: **.*** Msec 

Mean Data Message Length: ******* Bytes 
Mean Voice Message Length: ******* Bytes 

Skip 3 lines 
Print 25 lines with TIM:E.V, BITS.OFFER / 1000000.0, 

BITS.SENT / 1000000.0, LOAD, 
TOTAL.DATA.OFFER * DATA.SIZE / 1000000.0, 
TOTAL.DATA.SENT * DATA.SIZE / 1000000.0, 
TOTAL. VOICE. OFFER * VOICE.SIZE / 1000000.0, 
TOTAL.VOICE.SENT * VOICE.SIZE / 1000000.0, 
THRU / 1000000.0, NORM.THRU, VOICE.LOST.PROB, 
TOTAL.USE.FOR.DATA / TIME.V, 
TOTAL.USE.FOR.VOICE / TIME.V, 
TOTAL.USE.FOR.TOKEN / TIM:E.V, 
TOTAL.USE / TIM:E.V, MEAN.D.DELAY * 1000.0, 
MAX.D.DELAY * 1000.0, 
MEAN.V.DELAY * 1000.0, MAX.V.DELAY * 1000.0 thus 
SIM:ULATION RESULTS 

Simulation Time: *. *** Sec 
Total Bits Offered: *****. *** Mega Bits 
Total Bits Transferred: *****. *** Mega Bits 
Normalized Offered Load: *. *** 
Data Bits Offered: *****. *** Mega Bits 
Data Bits Transferred: *****. *** Mega Bits 
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Voice Bits Offered: *****. *** Mega Bits 
Voice Bits Transferred: *****. *** Mega Bits 

Throughput: **. *** Mbps 
Normalized Throughput: **. *** 
Voice Packet Lost Probability: *. ******************* 

Channel Usage For Data: *.*** 
Channel Usage For Voice: *. *** 
Channei Usage for Token: *. *** 
Utilization * *** 

Mean Data Packet Delay: ***.*** Msec 
Max Data Packet Delay: *** .*** Msec 
Mean Voice Packet Delay: ***.*** Msec 
Max Voice Packet Delay: ***. *** Msec 

Use 10 for output 
Print 1 line with MEAN.ARR.RATE, LOAD, 

TOTAL.USE / TIME.V thus 

******** ** **** **** **** · . 
Use 11 for output 
Print 1 line with MEAN.ARR.RATE, LOAD, 

THRU /1000000.0 thus 

******** ** **** **** **** · . 
Use 12 for output 
Print 1 line with MEAN.ARR.RATE, LOAD, 

MEAN.D.DELAY * 1000.0 thus 

******** ** **** **** **** · . 
Use 13 for output 
Print 1 line with MEAN.ARR.RATE, LOAD, 

MEAN.V.DELAY * 1000.0 thus 

******** ** **** **** **** · . 
Use 14 for output 
Print 1 line with MEAN.ARR.RATE, LOAD, 

MAX.D.DELAY * 1000.0 thus 

******** ** **** **** **** · . 
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Use 15 for output 
Print 1 line with MEAN.ARR.RATE, LOAD, 

MAX.V.DELAY * 1000.0 thus 

******** ** **** **** **** . . 
Return 
END "REPORT 
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