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ABSTRACT 

This thesis describes the Quality of Ser\'ice (QoS) parameters of the Electrical 

Engineering computer network at Texas Tech University for three different network 

configurations. The networks that have been modeled are the IP-Ethemet model, the IP 

over ATM model, and the LANE model. These networks have been modeled and 

simulated using the OPNET Modeler. The three networks have been simulated under 

high-load conditions of the workstations to investigate the performance conditions of the 

network. The three networks have been modeled in a top-down approach and each level 

of the network hierarchy has been described and discussed along with the figures 

showing the layout of the network. All three network models have been simulated and the 

results obtained have been shown through a series of graphs. The results obtained from 

these simulations have been compared to the statistics obtained from the switches in the 

actual network using SNMP. Conclusions and recommendations for further work have 

been discussed. 
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CHAPTER I 

INTRODUCTION 

Computers are often used to imitate, or simulate, the operations of various kinds 

of real-world facilities or processes. The facility or the process of interest is usually 

called a system, and in order to study it scientifically we often have to make some 

assumptions about how it works. These assumptions, which usually take the form of 

mathematical or logical relationships, constitute a model that is used to gain some 

understanding of how the corresponding system behaves. 

If the relationships involving the model are simple enough, it may be possible to 

use mathematical methods to determine the system properties, this is called an analytical 

solution. However, most real-world systems are too complex to allow realistic models to 

be evaluated analytically, and these systems are therefore studied by means of simulation. 

Simulation uses a computer to evaluate a model numerically, and data is gathered to 

estimate the desired tme characteristics of the model. 

Systems can be categorized into two types, discrete and continuous. A discrete 

system is one for which the state variables change instantaneously at separated points in 

time. A continuous system is one for which the state variables change continuously with 

respect to time [1]. Figure 1.1 shows the different methods by which a system may be 

studied. 



System 

Experiment with 
the actual system 

Physical 
model 

Experiment with a 
model of the system 

Mathematical 
model 

Analytical 
solution 

Simulation 

Figure 1.1 Methods of study of a system 

1.1 Actual System versus Experimental Model 

If it is possible (and cost-effective) to alter the system physically and then let it 

operate under the new conditions; it is probably desirable to do so. However it is rarely 

feasible to do this, because such an experiment would be too costly or too dismptive to 

the system. Thus, it is generally necessary to build a model representing the system and 

study it as a model of the actual system. 

1.2 Physical Model versus Mathematical Model 

Physical models are not the typical kinds of models that are usually of interest in 

systems analysis. A mathematical model represents a system in terms of logical and 



quantitative relationships that are then manipulated and changed to see hou the model 

reacts, and thus how the system would react - if the mathematical model is a valid one. 

1.3 Analytical Solution versus Simulation 

After building a mathematical model, the question of interest is, how can the 

model answer the questions for the system it represents. If the model is simple enough, it 

may be possible to work with its relationships and quantities to get an exact, analytical 

solution. However, many systems are highly complex, so that valid mathematical models 

of them are themselves complex, precluding any possibility of an analytical solution. In 

this case the model must be studied by means of simulation, i.e., numerically exercising 

the model for the inputs in question to see how they affect the output measures of 

performance. 

1.4 Simulation models 

Simulation models can be classified along three different dimensions. They are 

discussed in the following sections. 

1.4.1 Static versus Dynamic Simulation Models 

A static simulation model is a representation of a system at a particular time, or 

one that may be used to represent a system in which time simply plays no role. On the 

other hand, a dynamic simulation model represents a system as it evolves over time. 



1.4.2 Deterministic versus Stochastic Simulation Models 

If a simulation model does not contain any probabilistic (i.e.. random) 

components, it is called deterministic. In deterministic models, the output is "determined" 

once the set of input quantities and relationships in the model have been specified. Many 

systems must be modeled as having at least some random input components, and these 

give nse to stochastic simulation models [1], [2]. 

1.4.3 Continuous versus Discrete Simulation Models 

Discrete event simulation concems the modeling of a system as it evolves over 

time by a representation in which the state variables change instantaneously at separate 

points in time. These points in time are the ones at which an event occurs, where an event 

is defined as an instantaneous occurrence that may change the state of the system. 

Continuous simulation concems the modeling of a system by a representation in which 

the state variables change continuously with respect to time. Typically, continuous 

simulation models involve differential equations that give relationships for the rates of 

change of the state variables with time [1], [2]. 

The growth of industrialized nations is largely based on information processing 

and dissemination. In the future the entire business viability of a corporation may depend 

on the network it has in place. At this time, computer networks are already the de facto 

mechanism by which groups are interconnected across the organization to obtain, share, 

disseminate, and store information. 

Experience has shown that stand-alone islands of users do not derive the 

maximum benefit from a telematic service or technology, even in the case of traditional 



business applications. Consequently, in the past few years, tens of thousands of 

corporations have installed, as a first step, departmental local-area networks. In a short 

span of time, department-based local area network (LAN) users, however, found 

themselves isolated from users in other departments of the corporation. This predicament 

soon fueled the enterprisewide LAN-interconnection effort that has taken place, and is 

still under way at this time in many companies. As a result LANs have grown from 

capillary systems, interconnecting pockets of users in an organization, to a web of arteries 

supporting enterprisewide client/server computing and distributed computing and 

distributed applications, in addition to supporting traditional mainframe networks when 

these are still around. 

The same evolution in terms of connectivity is expected in the next few years with 

regards to high-throughput applications such as multimedia and digital video, as these 

broadband-based applications slowly become pervasive in the corporation. In addition, 

many expect to see heavy corporate use of the Intemet and World Wide Web (WWW), 

including downloading of hypertext and hypermedia pages, as well as deployment of 

Web-based corporate intranets. 

1.5 LAN Technologies 

LANs have acquired an important role in the overall connectivity apparatus of 

most organizations. Hence, they deserve to be the subject of detailed planning, 

management, and technology transitioning assessment. After a decade of relative stability 

at the fundamental platform level, LAN technology is now expanding radically in several 

new directions. Technology now reaching or already on the market includes 10-Mbps 



Ethemet, token ring, fiber distributed data interface (FDDI), 100-Mbps Ethemet. gigabit 

LANs, asynchronous mode (ATM) - based LANs at various speeds, virtual LANs 

(VLAN), and emulated ATM LANs (LANE) [3]. 

1.5.1 100 Mbps Ethemet 

100 Mbps is also known as fast Ethemet. 100Base-T uses the carrier sense 

multiple access/collision detect (CSMA/CD) technique as in traditional Ethemet. The 

technology is simple and requires no changes to applications or to the premises wiring 

(for 100Base-T, if category 5 is already in place). The cost per port is attractive, and there 

is no retraining required for network management. On the negative side, however, the 

technology uses shared bandwidth, which is not ideal for multimedia, digital video, or 

LAN-resident voice. 

1.5.2 ATM-Based LANs 

ATM is being positioned by a broad segment of the industry as the technology of 

choice for building and campus backbone networks that carry considerable loads of data 

traffic, and as the only common platform technology to be able to support digital video, 

imaging, and multimedia. The advantage of ATM over other broadband technologies is 

that it is scalable, with aggregate bandwidths in the 5-80 Gps range. Individual users can 

get up to 155 Mbps dedicated to each user. As a connection oriented technology, it does 

not have the interblock jitter that other technologies have. Therefore, the technology is 

better suited to multimedia applications. 



With the rapid evolution of the industry and the need of the industr>' to work as a 

group, the need to communicate with each other is important and hence the evolution of 

the LAN and WAN technologies. Broadband-Integrated Services Digital Network (B-

ISDN) is the most modem type of telecommunications network- one offering 

simultaneous switching of different information types, for the carriage of multimedia 

applications. B-ISDN is the most intelligent of networks. ATM is the switching technique 

at the heart of B-ISDN. ATM is likely to be the universal telecommunications transport 

technique. Intemet Protocol (IP) is the technology that supports the intemet and uses 

protocols that support a wide network that communicates with each other. Thus IP and 

ATM are a part of any network that wants itself to be connected to the outside world. 

The potential of ATM and IP together is unlimited and hence the need to study 

Quality of Service (QoS) parameters in IP and ATM. QoS parameters are the criteria for 

the judgment of the performance of a given network. QoS parameters in the case of IP 

encompass such parameters as delay, throughput, utilization, packets dropped and 

packets filtered. QoS parameters in the case of ATM networks include such parameters as 

ATM delay, Cell Delay Variation, Cell Delay and Cell Loss Ratio [14]. 

This work studies the QoS parameters for the Electrical Engineering network, at 

Texas Tech University, which is in the process of upgradation. The network has NT 

workstations connected through 100Base-T links to a series of Cisco 2924 switches 

which are in tum connected to a Cisco 5000 Catalyst switch. This work also analyses the 

QoS parameters for the network implementing the upcoming technologies such as IP over 

ATM and LAN emulation. 



CHAPTER n 

ETHERNET 

Ethemet was designed by Robert Metcalfe at the Xerox Palo Alto Research 

Center (PARC) in 1973 to provide communication for research and development. 

Ethemet is now the IEEE 802.3 standard and it is called carrier sense multiple access 

with collision detection (CSMA/CD). 

The design of Ethemet preceded the development of the Open System 

Interconnect (OSI) model by at least 5 years, nonetheless it partially conforms to this 

layered architecture model of networking. The OSI model was developed by the 

Intemational Standards Organization as a generic model for data communications. 

However, the OSI model has lost some importance because it does not conform to the 

reality of the network services. 

The OSI model specifies seven layers of functionality, as shown in Figure 2.1. It 

defines the layers, but does not define the protocols that implement the functions at each 

layer. This is important for compatibility, protocol independence, and the future growth 

of technology. Layer 1 is the physical layer. Layer 2 is the data link layer. Layer 3 is the 

network layer. Layer 4 is the transport layer. Layer 5 is the session layer. Layer 6 is the 

presentation layer. Layer 7 is the application layer. 

Implementations of the OSI model stipulate protocol communication between 

homogeneous layers on two processors and an interface for inter-layer communication on 

one processor. Physical communication occurs only at layer 1. The protocols for the other 

layers define virtual connections in the software. In other words only layer 1 physically 



connects to layer 1. All communication, even from layers, transpires through a chain of 

layered control. Peer-layer communication is not possible in this model. Repeaters, 

bridges, routers and gateways must confirm to this too. All other layers communicate 

downward to lower layers in steps, or in the OSI terminology, communicate through 

protocol stacks. 

Application (7) 

Presentation (6) 

Session (5) 

Transport (4) 

Network (3) 

Data Link (2) 

Physical (1) 

Figure 2.1 OSI Model 

Layerl, the physical layer, specifies the electrical and mechanical control of 

actual data circuits. The function is managed by Ethemet transceivers and by Ethemet 

controllers, and the cabling between them. The transmission media layer specifies the 

physical medium used in constmcting the network, including size, thickness and other 

characteristics of the physical medium. The electrical, mechanical, wireless infrared or 



radio frequency or optical pulses travel along Ethemet transmission medium, which may 

be unshielded twisted-pair, coaxial cable, radio frequency, optical fiber, or microwave. 

Layer 2, the data link layer, is software that manages transmissions, error 

acknowledgment, and recovery. The mechanical devices, like transceivers, are mapped 

data units to data units, to provide physical error detection and notification, and link 

activation and deactivation of a logical communication connection. The data link layer is 

also referred to as the media access layer (MAC layer), because these services are defined 

in the IEEE 802.3 logical link control specifications. 

Layer 3, network layer, is the boundary between hardware and software. At the 

network layer, the protocol mechanisms activate the data routing by providing network 

address resolution, flow control in terms of segmentation and blocking, and in case of 

Ethemet, collision handling. The network layer also provides service selection, 

connection resets, and expedited data transfers. The Intemet Protocol (IP) , is a common 

Ethemet program on most Ethemet networks, mn at this layer, as does Intemet Protocol 

Exchange (IPX), which is Novell's implementation. 

Layer 4, the transport layer, controls data transfer and transmission. This software 

is called Transmission Control Protocol (TCP); common on most Ethemet networks. 

Layers 5, 6, 7 are generally supplied by vendor-specific software and are not part of 

Ethemet. 

Layer 5, the session layer, recognizes the nodes on the LAN and sets up tables of 

source and destination addresses. It also establishes a handshaking for each session 

between different nodes. 
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Layer 6, the presentation layer, transfers information from the application 

software to the network session layer to the operating system. The interface at this laser 

performs data transactions, data compression, data encryption, data formatting, syntax 

selection, and device selection and control. 

Layer 7, the application layer, supports identification of communicating partners, 

establishes authority to communicate, transfers information, and applies privacy 

mechanisms and cost allocations. The application layer supports file services, print 

services, and electronic mail. 

All devices on Ethemet at the physical level should have a unique vendor 

supplied serialized address. The Ethemet address refers to the physical number hard-

coded into the Network Interface Card (NIC) or each port of an intermediate node. 

2.1 The Definition of Ethemet 

Ethemet comprises layers 1 and 2 of the OSI model. Layers 3 through 7 are not 

part of Ethemet, although Ethemet is often packaged with the Transmission Control 

Protocol/ Intemet Protocol (TCP/IP); TCP/IP provides network-layer functions. 

Ethemet is represented only by hardware. Software protocols build on the basic 

hardware. The operating system components at each node provide the communications 

functions built on the Ethemet controller function. 

2.2 Ethemet Variations 

This section describes the Ethemet hardware, the variations, and the physical 

differences among them. The generally accepted and applied standards for Ethemet 

11 



networks allow several variations that include both baseband and broadband. The 

standards also specify various transmission media that include baseband cable (50 ohm 

Thicknet coaxial cable, 75 ohm Thinnet), multiple channel broadband Ethemet (cable and 

optical fiber), and various data transmission and encoding schemes. The Ethemet family 

tree is shown in Figure 2.2 [4]. 

Ethemet 

Baseband Broadband 

Coaxial 
cable 

Twisted - pair Coaxial 
cable 

Optical 
fiber 

Figure 2.2 Ethemet Physical Media Family 

2.2.1 Twistedpair 

Twisted-pair wiring forms the underlying physical connectivity for lOBase-T and 

100Base-T Ethemet variants. The most astute choice for twisted-pair wire in new 

installations is generally Category 5 unshielded twisted-pair (UTP). This wire is rated for 

data transmission at speeds up to 100 Mbps. 

2.2.2 Optical Fiber 

Optical fiber is a glass or a plastic tube that carries signals on a laser light at 780, 

1330 or 1610 jim wavelengths. 

12 



2.2.3 Coaxial Cable 

Coaxial cable consists of a conducting outer wire sheath enclosed and insulated 

from a central metal conducting core. This signal is actually carried only by the inner 

core and shielded by the outer tube much like a radar wave guide. 

Thinnet and Cheapemet coaxial cable actually have an impedance of 75 ohm, 

although the network is specified to be a 72.5 ohm network. The higher cable impedance 

limits Thinnet and Cheapemet to shorter segments because the signal degrades and 

attenuates with distance. The thinner cable is also more susceptible to external signal 

interference. 

The Ethemet family includes the baseband coaxial cable network. Major 

specifications for baseband Ethemet cable describe a single-strand cable with a thinned 

copper core, surrounded by a foam material that insulates it from the tinned and braided 

copper shield. Coaxial cable is often used because it provides an electrically balanced 

signal that overcomes the problems of crosstalk, signal self-destmction through 

attenuation, and high impedance. 

2.3 Packet and Frame Components 

Ethemet transmits information in a packet format. This implies that individual bits 

transferred from location to location require a specialized format that includes preamble 

and trailing delays. This is very different from a circuit established for phone 

conversations, the dedicated link between mainframe and terminal, or links between 

modem connected Data Terminal Equipments (DTE's). The information to be 

transmitted, however small or large, must be packaged, weighed, mailed, and checked on 

13 



receipt for proper delivery. This packaged format is called an information packet or 

frame. The same Ethemet format is valid for all versions, variants, and transmission 

speeds or methods; this includes lBase5, 10Base2, 10Base5, lOBase-T, 100Base-T, and 

even wireless Ethemet implementations. The envelope of the packet is called the 

preamble. 

The frame consisting of four components : address, type, data, and error-detection 

fields is shown in Figure 2.3 [5]. 

Frame element 

Destination address 

Source address 

Byte location 

l t o 6 

7 to 12 

Type or length field 13 to 14 

Data Field 

Frame Check Sequence (FCS) 

15tol515(variable) 

Last 4 bytes 

Bytes: 1 to 6 7 to 12 13 to 14 15 1515 (variable) Last 4 bytes 

Destination Source 
Type 

or 
length 

Data FCS 

Figure 2.3 Ethemet Frame 

2.3.1 The Address Components 

The address fields of an information frame consist of the source and destination 

address. Every Ethemet-compatible device has a unique Ethemet address. The first two 

bytes of this field represent a unique manufacturer code assigned by the IEEE, the next 

14 



three bytes are normally assigned for each of the company NICs. This address is 

permanently encoded on a computer chip somewhere in the Central Processor Unit 

(CPU) or the Ethemet controller of a node unit. The Ethemet transmission software does 

not directly access this address; upper-layer protocols build a symbol table to reference 

this address. When a packet is transmitted, these logical IP addresses are resolved to the 

actual physical and source destination addresses. 

2.3.2 The Length Field 

The length field represents the length of the packet in most implementations of 

Ethemet. An Ethemet address does not merely represent a single destination. In fact, 

Ethemet supports three basic addressing schemes. The most common is, of course, the 

destined single address, or single node destination. Ethemet provides the ability to 

broadcast and multicast packets to all nodes or to a selected group of nodes. Broadcasts 

lack any address. This feature is useful for the collision and jam signals, but global 

broadcasts also are performed for network management, control and configuration. 

Specifically, routers, bridges, and gateways broadcast requests for information in order to 

build and maintain the routing address tables. The multicast scheme is similar to a 

broadcast, except that the multicast usually includes a part of the in-use network 

addresses. 

2.3.3 The Data Field 

The data fields contain up to a maximum of 1500 bytes of information. The 

minimum packet size holds 46 bytes. The total overhead is always 18 bytes. 

15 



Transmission of less than 46 bytes requires a minimum-sized packet, and unused data 

space is padded out to this minimum. Transmissions of data streams larger than 1500 

bytes, requires multiple packets. 

2.3.4 The Frame Check 

The Frame Check Sequence, or FCS, is an error detection scheme designed to 

indicate transmission problems. FCS is sometimes referred to as Cyclic Redundancy 

Check, or CRC. The FCS field always contains the 4 bytes of the CRC checksum, and 

completes the Ethemet frame. 
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CHAPTER ni 

INTERNET PROTOCOL 

The most popular way to interconnect LANs is through the use of routers. Routers 

are found at the boundary point between two logical or physical subnetworks. Routing is 

a more sophisticated technique and hence a more effective method of achieving 

intemetworking compared to bridging. 

Intemetworking products, including routers, represent a large fraction of the 

invested enterprise network cost, as well as a large fraction of the yearly network 

development and operating budget. This is because the routers themselves are relatively 

expensive, particularly at the high end and/or for newer protocols, and also because the 

number of devices in the network has increased over the last few years. Routing entered 

the enterprise networking scene in the mid-1980s and has supplanted a large portion of 

the previous multiplexer-based technology. Routers permit the physical as well as the 

logical interconnection of two networks. Routers enable segmentation of traditional first-

and second-generation LANs to increase overall performance. They are used to 

interconnect dissimilar LANs such as token ring to Ethemet. Routers work well for 

traditional data applications, but new broadband video and multimedia applications need 

different forwarding treatment, higher throughput, and tighter QoS control. 

The connectivity provided by routers is supported at the network layer of the OSI 

model. Routing entails the use of network layer information as part of the process of 

deciding which Protocol Data Units (PDUs) to forward and where. Source and 
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destination addresses within the network layer PDU identify the sending and receiving 

networks. 

The use of routers allows the establishment of distinct physical and logical 

networks, each having its own network address space. Routing methodologies are 

becoming increasingly sophisticated, as topologies become larger and more complex. 

There are a variety of protocols supported by various LAN subnetworks that need to 

interwork to make the end-to-end connectivity feasible. The more common network layer 

protocols are IP, IPX, and Apple Talk. Routers can be used to connect networks in 

building/campus proximity or to support wide-area connections. 

Intemet Protocol (IP) is a connectionless network level protocol whose task is to 

interconnect multiple networks, possibly of different types. In the Intemet Protocol suite, 

IP provides services to Transport Layer Protocols (e.g., TCP and UDP) and in that sense 

is situated beneath the Transport Layer. In tum, IP relies on the services of the Data Link 

Layer (e.g., Ethemet and Token Ring) to relay packets to other IP modules. IP is the 

highest level protocol that is actually operating within the network. 

The packets that are created and forwarded by IP modules are called datagrams. 

IP datagrams carry headers that hold control information such as the source and 

destination addresses, priority levels, identifiers, and so on. Because IP connects different 

types of networks that may support different maximum packet lengths, datagrams may 

have to be broken into fragments, which are themselves called datagrams. The various 

resulting fragments may travel independently through the internetwork, following 

completely different routes and possibly arriving out of order at the destination. IP 

therefore has the task of performing reassembly of the fragments before it can deliver 
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data to the higher level protocols, thereby shielding the higher layers from the limitations 

of the underlying networks. 

3.1 IP Addressing 

An IP address is a 32-bit number consisting of two fields: the network number (to 

identify the network), and the host number (to identify a particular host within the 

network). An IP address is specified using the dotted decimal notation. This notation, also 

called dotted quad notation, uses four decimal integers separated by decimal points, 

where each integer gives the value of one octet (i.e., 8 bits) of the IP address. For 

example, the following 32 bit address 

IIOOOOOO 00001001 11001000 01101100 

is written as: 

192. 9. 200. 108 

Thus, an IP address is represented using the A.B.C.D format, where A, B, C, and 

D are decimal numbers between 0 and 255. Each of these decimal numbers represents 

one byte of the IP address. The four bytes (i.e., 32 bits) together represent both the 

network and host address. However, which numbers refer to the network and which 

numbers refer to the host depends upon the Intemet address class. Figure 3.1 illustrates 

the most-commonly used IP address classes [4]. 

The distinction on the class of an IP address can be made by looking at the three 

most significant bits of the address. For example, Class C addresses have three bits set to 

110. Thus, the Class C IP addresses start at 192 as the first byte in decimal notation. 
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no Network Address Local Address 

Class D Format 

Figure 3.1 IP Class Address Format 

When written in dot notation: 

• Class A addresses start with a number between 0 and 127 

• Class B addresses start with a number between 128 and 191 

• Class C addresses start with a number between 192 and 223 

• Class D addresses start with a number between 224 and 239 

An integral part of IP addressing is subnet addressing (or subnetting). Subnetfing 

allows one IP network address to define and identify multiple underlying physical 
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networks. This feature helps in solving the potential problem of mnning out of the finite 

number of available IP network addresses. The subnet routing is achieved using a certain 

number of extra bits from the host (or node) number portion of the IP address. 

Apart from the class A, B, and C types of addresses, the IP model also 

incorporates class D addresses. This IP address is specific for IP multicasting features. 

Using multicast routing, an IP datagram may be sent to a group address so that the 

datagram reaches all the members of the group. 

3.2 Routing Protocols 

Routing deals with the techniques to move Protocol Data Units (PDUs) between 

distinguishable layer 3 entities. Routers build their routing tables through information 

obtained via routing protocols; these protocols allow routers on an intemet to leam about 

one another and to keep current information about the optimal way to reach all attached 

networks. Routers interconnect different types of networks and have the ability to 

determine the best way to reach the destination. Path determination is accomplished 

through the use of algorithmic metrics that are functions of network parameters such as 

path length, available bandwidth, security level of the path, path cost, and path QoS. 

Generally, these metrics, along with the path determinafion, are implemented in software. 

Values (e.g., metrics) required by the path determination algorithm are stored in router-

resident routing tables. The entries of the table are populated through local as well as 

remote information that is circulated around the network [2]. 

While the specifics of the various routing algorithms differ, there are common goals: 
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1. Determine the optimal path to a destination and collect values for metrics (e.g., hop 

count, latency, bandwidth capacity, and path QoS) that consistently result in the best 

route selection for PDU transfer; 

2. Minimize network bandwidth required for rouUng information propagation and also 

minimize router processing required to determine optimal routes; 

3. Converge rapidly on new optimal routes following a network topology change. 

It is the responsibility of routers to forward PDUs belonging to a given set of 

protocols to appropriate subnetworks. The router forwards these PDUs based on 

parameters that are assigned weighted values. A router analyzes and selectively forwards 

network PDUs to specific destinations. This is accomplished by: 

1. Stripping off data link layer PCI(headers and trailers); 

2. Examining the network layer destination address field and determining PDUs 

destination; 

3. Determining where to forward the PDU (specifically, over which physical router port 

to transmit the information); 

4. Enveloping the data in an appropriate data link layer; 

5. Enveloping the data in a physical layer frame; 

6. Transmitting the PDU so generated onto the transmission medium. 

When a router is able to interpret a routed or network protocol's format (which is 

determined by the appropriate hardware and software configuration), it is able to switch 

or route this traffic between networks directly. This process is known as native or direct 

protocol routing. If the format of a protocol is not known (e.g., not enabled at 

configuration and/or hardware/software capabilities are not available, so that the protocol 
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is not supported), then the router silently discards the packet. If the protocol is not 

routable, certain routers are configured to treat all router hops between any two routers 

as a single hop or tunnel. This technique, known as encapsulation or tunneling, is used to 

pass these PDUs through the subnetwork. 

Many routers are of the multiprotocol type. These have the ability to interpret 

different protocols. This implies that interface ports on these routers, when configured 

have the capability to route PDUs for various protocols simultaneously to the correct 

subnetwork and destination. 

There are two routing protocol types for status dissemination: 

1. Protocols that operate within an autonomous network, called interior gateway 

protocols (IGP); 

2. Protocols that operate between autonomous networks, or exterior gateway protocols 

(EGP). 

While within an autonomous network any suitable protocol may be used for route 

discovery, propagation and validation, autonomous networks must make routing 

information available to other autonomous networks using a systemwide protocol. So, 

within an autonomous network, an interior routing protocol is used, and between 

autonomous networks, an exterior routing protocol is used. 

Key IGPs include: 

1. Routing Informafion Protocol (RIP); 

2. Open Shortest Path First (OSPF); 

3. Cisco's Interior Gateway Roufing Protocol (IGRP). 
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Key EGPs include: 

1. Exterior Gateway Protocol (EGP); 

2. Border Gateway Protocol (BGP). 

For effective communication, the exchange of appropriate routing and status 

information among routers is required. The routers exchange information about the state 

of the network's links and interfaces, and available paths, based on different metrics. 

Metrics used to calculate optimal paths through the network include cost, bandwidth, 

distance, delay, load, congestion, security, QoS and reliability. Routing protocols are 

used as the means to exchange this vital information. The three commonly used protocols 

used in the TCP/IP context are RIP, OSPF, IGRP [5]. 

Two methodologies are used for information dissemination: distance vector and 

link state. Routers that employ distance vector techniques create a network map by 

exchanging information in a typically periodic and progressive sequence. Each router 

maintains a table of relative costs (hop counts or other weights such as bandwidth 

availability) from itself to the desfination. The information exchanged is used to 

determine the scope of the network via a series of router hops. After a router has 

calculated each of its distance vectors, it propagates the information to each of its 

neighboring routers on a periodic basis. If any changes have occurred in the network, as 

inferred from these vectors, the receiving router modifies its routing table and propagates 

it to each of its own neighbors. The process continues until all routers in the network 

have converged on the new topology [6]. 
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Distance vector was the early form of dynamic routing. Distance vector protocols 

include RIP and IGRP. Distance vector protocols can be implemented in a very simple 

manner. However they suffer from a number of limitations, including: 

1. Periodic broadcast of routing information using up network bandwidth; 

2. Susceptibility to routing loops; 

3. Slow convergence, particularly in enterprise large networks. 

Enhancements to the distance vector method have been developed to speed 

convergence and reduce the chance of routing loops. These enhancements are hold-down, 

split horizon, and poison reverse. 

Routers using link state protocols leam the topology of the internetwork 

infrastmcture and update each other's tables by periodically flooding the network with 

link state information. This information includes the identification of the links or 

subnetworks directly connected to each router and the cost of the connection. Routers 

using the shortest-path-first algorithm send link state informafion to all routers on the 

intemet; in tum these routers use the informafion to populate a table of routers and 

link/subnetwork connections. After this each router calculates the opUmal path from itself 

to each link: indirect paths are discarded in favor of the shortest path. Link state protocols 

include protocols such as OSPF and IS-IS protocol. 

Link state routing is a newer form of dynamic routing. Here routers broadcast 

their routing updates to all routers within the administrative domain. Since routing 

information is flooded, rather than just sent between neighboring routers, as in the case of 

distance vector environments, each router can develop a complete map of the network 

25 



topology. Given the complete topology map, each router can then calculate the best path 

to each desfination. 

Link state protocols transfer information using link state packets (LSP). The 

transmission of an LSP is also called route advertisement. LSPs are broadcast 

periodically, typically every 15 or 30 min. An LSP is also broadcast when: 

1. A communicafion link to a neighboring router is lost or gained; 

2. The assigned cost of a link changes; 

3. When a new router is added to the network. 

Link state routing will be the preferred choice in the future because it requires less 

bandwidth than distance vector routing and converges much faster following a topology 

change. The higher processing requirement for link state roufing algorithms becomes less 

important as processor performance increases and price per millions of operations per 

second continues to go down. These protocols tend to be resistant to the creation of 

routing loops. In addition, they have low overhead to support the routing funcfion; 

bandwidth fmgality is achieved through the use of more intensive computing resources 

and higher memory requirements for the router. These routing protocols are discussed in 

the following secfions. 

3.2.1 Routing Informafion Protocol (RIP) 

RIP is an IGP that was developed at Xerox's Palo Alto Research Center (PARC). 

RIP is a distance vector roufing protocol. RIP was subsequently implemented for the 

TCP/IP protocol suite in the early 1980s. RIP was implemented on AppleTalk networks, 

where it has been called roufing table maintenance protocol (RTMP), as well as on 
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Novell's Netware. Many products today have RIP implementafions. It uses a datagram 

protocol for proliferafing routing tables [2]. RIP's characteristic features are: 

1. A hop count represenfing the number of routers the PDU needs to pass through to 

reach a desfinafion (subnetwork) is employed to assess the distance between a source 

and a destination. A router is defined to be one hop in distance from directly 

connected networks, two hops in distance from networks that are reachable from one 

addifional router, and so on. The maximum number of hops is 15 (a 

desfinafion/subnetwork is considered unreachable if it has 16 or more hops); 

2. RIP recognizes two types of user devices: acfive and passive. Acfive users, (e.g., 

routers) advertise their view of the routes via a broadcast over their route information 

based on the RIP broadcasts, but do not themselves advertise routes. Updates to 

routers are sent by acfive users (e.g., routers) every 30 sec. A roufing update, however 

is sent inmiediately in the case of network topology change, such as a 

communications link outage. A RIP broadcast is a lisfing of pairs showing (1) every 

network the sender of the RIP message can reach, and (2) the distance, in hops, to that 

network. Note that if the route information is received indicating a lower count hop 

than for the current route, the new route through the neighboring router that issued 

update is designated to be an actual path to be used from that instance onward; 

3. Routers are considered disconnected (fimed out after 180 sec) from a given router's 

point of view unless an update for that path is received by RIP every 180 sec. By 

implication, the inference is that when a route fails, the intemetwork is made aware of 

this occurrence by the lack of a route update. 
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RIP has a number of limitafions. For example, since RIP was originally develop>ed 

to be used for LANs, it becomes inefficient for intemetworks (particularly those 

involving WANs) because it requires a nontrivial amount of bandwidth to operate. Even 

with an Ethemet it increases the traffic, and consequently, the MAC level contention. 

Furthermore if a desfinafion becomes unreachable, the fime required for this status 

information to propagate to all routers in the network can be large. Addifionally, incorrect 

route information may be propagated in case of link failure. As noted, the number of 

allowed hops is kept at less than 16 in a desire to alleviate some of the difficulfies just 

described [6]. 

3.2.2 Interior Gateway Roufing Protocol (IGRP) 

IGRP is a Cisco-proprietary distance vector internal gateway protocol, intended as 

an RIP enhancement. While only Cisco routers support IGRP, IGRP roufing information 

can be redistributed to other roufing protocols. Because RIP uses just hop count as its 

roufing metric, it cannot often select the best route. IGRP addresses this limitation by 

defining a roufing metric that includes: 

1. Route bandwidth; 

2. Route congesfion; 

3. Latency along the route; 

4. MTU of the network in the route; 

5. Reliability of the links in the route. 
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3.2.3 Open Shortest Path First (OSPF) 

OSPF is a link state intemal gateway protocol developed by the IETF. OSPF is an 

open protocol specificafion defined in the Requests for Comments (RFC) 1247; it has full 

Intemet standard protocol status. OSPF aims at allowing more optimized routing 

compared to distance vector protocols by supporting user-definable, least-cost multipath 

roufing. Each router contains a roufing directory that identifies the router's interfaces that 

are acfive, along with status informafion about adjacent routers. OSPF supports the 

definition of contiguous networks and systems as isolated network segments in order to 

reduce the amount of information required at each router related to its autonomous 

network. A router using OSPF calculates the shortest path to the other routers in the 

autonomous network. A router using OSPF calculates the shortest path to all routers in 

the autonomous network by considering itself as the root. This information is periodically 

proliferated to all routers in the same autonomous network. The key features of OSPF are 

[7]: 

1. Authenficates roufing update informafion to ascertain that it is valid; 

2. Converges rapidly upon network topology changes; 

3. Is resilient to roufing loops; 

4. Supports load balancing across mulfiple communicafion links/services, because OSPF 

can store multiple routes for a desfination; 

5. Supports type-of-service roufing, such as link bandwidth or expected link latency. 
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3.2.4 Exterior Gateway Protocol (EGP) 

EGP is a distance vector protocol that does not employ routing metrics. Hence, it 

only propagates reachability informafion. It advertises which networks are available 

through which routers. EGP is used when two or more autonomous networks need to 

exchange roufing informafion. EGP uses point-to-point communication rather than 

broadcast. When a router employs EGP to communicate with another autonomous 

network, the router is called an exterior gateway. EGP was developed by the Intemet 

Engineering Task Force in the mid-1980s. It is used in the intemet to exchange 

reachability information between routers forming the intemet backbone. EGP supports 

the following funcfions: 

1. Neighbor acquisition, enabling handshake between two exterior gateways to 

exchange reachability data; 

2. Polling neighbors for responses. This entails request and confirmation of the 

"acquisifion" of a neighbor. EGP uses "hello messages" to test neighbors. 

Specifically, EGP uses the poll funcfion to force a reachability update of its tables; 

3. Transfer of reachability informafion. 

3.2.5 Border Gateway Protocol (BGP) 

BGP is a distance vector exterior protocol developed by the Intemet Engineering 

Task Force (IETF) as an enhancement to EGP. BGP aims at replacing EGP by providing 

addifional features and eliminafing some of EGP's limitafions. The enhanced capabilifies 

include (1) support for policy-based routing and (2) use of an authenficafion apparatus to 

guard against unauthorized updates to routing tables. BGP was designed so that the 
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exchange of reachability informafion takes place only with other BGP gateways, limiting 

the amount of traffic that can go across on the intemet. Also, the protocol supports the 

maintenance of a virtual connecfion between two end systems for the exchange of entire 

routing tables and table updates. BGP roufing updates consist of pairs, which contain 

network numbers and an autonomous system path [8]. 
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CHAPTER rv 

ASYNCHRONOUS TRANSFER MODE 

The broadband integrated services digital network (B-ISDN) has been designed to 

deliver a wide variety of communicafion services, replacing many different kinds of 

public communicafions services, replacing many different kinds of public 

telecommunicafions networks worldwide. The digital techniques used by B-ISDN are 

capable of handling data voice, and image transmission concurrently. Information in B-

ISDN is digitally coded at the source, and transmitted in variable size blocks, known as 

packets, which are then switched along the network from their source to the destinafion. 

Since all the information on B-ISDN is transmitted in the form of packets, it is possible to 

combine signals of different types arriving from various sources and proceeding to 

multiple desfinafions along the same physical links in the network. This technique, called 

mulfiplexing, depends on the network protocols capable of assigning and verifying the 

source and desfinafion of each packet. The flow of informafion in B-ISDN is shown in 

Figure 4.1. 

4.1 Definition of Asynchronous Transfer Mode 

The Asynchronous Transfer Mode (ATM) is the network protocol that forms the 

basis of B-ISDN, ufilizing opfical fiber, is capable of sustaining much higher data rates 

than regular, or narrowband ISDN. In order to support such high data rates, B-ISDN 

needs to use fast packet switching as provided by ATM. 
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Figure 4.1 Informafion Flow in B-ISDN 

ATM is a high-bandwidth, low-delay, packet-like switching and multiplexing 

technique. In addifion to supporting bursty traffic digital networks, it is also designed to 

support confinuous traffic through circuit-mode emulafion. This is in contrast to circuit-

switched networks, like narrowband ISDN, which allocate physical network resources to 

each call instead of multiplexing packets from different sources along the links at the 

same fime. ATM makes use of common-channel signalling, with all control signals 

traveling on the same dedicated virtual channel. Like other packet-switching schemes, 

ATM allows multiple logical connecfions to exist on a single physical circuit. Unlike 

most packet transmission protocols, ATM packets are fixed in size at 48 bytes (plus a 5-

byte header), and are referred to as cells. Due to the high reliability of modem high-speed 

digital networks, there is very little overhead in each cell for error control. ATM leaves 

most error correction to higher layers in the communications protocol stack. 
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4.1.1 Virtual Channels and Paths 

Virtual channel connecfions (VCCs) are the basic switching units between end 

users on the network. VCCs are also used for control signalling and network management 

funcfions. Each VCC is capable of carrying a variable-rate full-duplex flow of cells. 

VCCs between the same two points along a network are grouped into virtual path 

connecfions (VPCs). VPCs are in tum mulfiplexed along a physical medium. A physical 

connecfion may be subdivided into a number of different virtual paths, each with a 

unique VPI. Each of these virtual paths may be subdivided into a number of separate 

virtual channels, each with a separate VCI. Figure 4.2 shows the Virtual Path and Virtual 

Channel Idenfifiers. 
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Figure 4.2 Virtual Path and Virtual Channel Identifiers 

VCCs begin and end at the user-network interface. A VPC consists of a series of 

virtual path links (physical segments of a network) connected by VP switches. 

An ATM mutliplexor (Figure 4.3) allows a number of virtual channels from 

seperate virtual paths to be combined over a single virtual path. Thus the virtual channels 
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carried by physical links 1, 2 and 3 of Figure 4.3 are combined together into a single 

virtual path carried by physical link 4. 

Physical link 1, VPI=1, VCI=1 

Physical link 2, VPI=2, VCI=1 

Physical link 3, VPI=3, VCI=1 

Physical link 4 
VPI=4,VCIsI,2&3 

Figure 4.3 ATM Mulfiplexor 

An ATM CrossConnect (Figure 4.4) allows rearrangement of virtual paths without 

disturbance of virtual channels which they contain. Thus in Figure 4.4, the contents of 

virtual path VPI=I are crossconnected to virtual path VPI=6; the VCIs remain 

unchanged. In effect, an ATM crossconnect is a simple form of ATM node, which need 

only process the VPI in the cell header. 

VPI=l,VCIsl&2 

VPI=2, VCIs 3 & 4 

VPI=3, VCIs 5 & 6 

VPI=4, VCIs 3 & 4 

VPI=5, VCIs 5 & 6 

VPI=6, VCIs 1 & 2 

Figure 4.4 ATM CrossConnect 

At a VP switch, all VCCs in the same VPC are switched together. At a VC switch 

(which is effecfively a specialized VP switch), VCCs may be split up and rerouted among 
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different VPCs. All ATM cells on a VCC will always be switched together. An ATM 

switch is shown in Figure 4.5. 
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Figure 4.5 ATM Switch 

4.1.2 ATM Cell Format 

ATM cells consist of a 5-byte header and a 48-byte data field. The fixed size of 

the cell allows for efficient switching. When a higher priority stream of cells needs to 

intermpt a lower priority stream using the same physical resource, it only needs to wait 

for the transmission of a relafively small segment of data contained in one ATM cell of 

the lower priority stream. At that fime, transmission of the higher priority stream can 

commence, while the remaining cells in the lower priority stream are forced to wait or be 

discarded. Since all ATM cells are of the same size, a switch need not take the extra step 

of computing the length of a packet before processing it. 

The header consists of a generic flow control (GFC), a virtual path identifier 

(VPI), a virtual channel idenfifier (VCI), a payload type idenfifier (PTI), a cell loss 

priority field (CLP), a header error control field (HEC) at the user interface. Within the 

network, the GFC bits are eliminated, allowing for specificafion of a longer VPI. Some 
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ATM cells, such as the idle cell and cells reserved for operafions, administration, and 

maintenance (OAM) funcfions have predefined cell header values in the first 4 

bytes(excluding the HEC) [9]. A diagram of the ATM cell header format is shown in 

Figure 4.6. 
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Figure 4.6 ATM Cell header 

The GFC field only appears at the user-network interface. It allows the user to 

control cell flow, for example regulafing traffic for different qualities of service. It may 

also be used for medium access control (MAC) functions when multiple terminals share 

the same user-network interface. The contents of this 4-bit field, if any, are specified by 

the end user. 

The VPI and VCI fields are used to identify the virtual path and virtual channel 

for a given cell. All cells on a given VPC share the same VPI. The VPI may change at VP 

and VC switches. Each VCC in a VPC will have a unique VCI. The VCI may change at 

VC switches. All ATM cells on any given VCC will have a common VPI and VCI 

anywhere on the network. 
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The PTI field classifies the data in the 48-byte data field of each ATM cell. User 

informafion is assigned a value of 00. Other values may be assigned for network 

management and maintenance data, allowing such informafion to be transmitted on the 

same VCC as user data. 

The CLP bit, which indicates the priority of the data in the ATM cell, is used by 

the network to alleviate traffic congestion. If the CLP bit is 1, the ATM cell may be 

discarded when the network is congested. A CLP of 0 indicates the cell is of a higher 

priority. The CLP bit may be set by the user to priorifize data at the source, and it may be 

reset by the network if the ATM cell enroute should violate any traffic regulations. 

The 1-byte HEC in each cell is calculated from the other 4 bytes of the header. 

Since the HEC is sizeable in proportion to the rest of the header, it can be used to correct 

single-bit errors in the header, in addifion to detecting both single-bit and multi-bit errors. 

4.1.3 ATM Adaptafion Layer 

ATM directly resides above the physical layer of the network, which may be, for 

instance a fiber-opfic cable using Synchronous Opfical Network (SONET) protocol to 

regulate the transmission of information along the medium. The network architecture also 

includes an ATM Adaptation Layer (AAL) that resides directly above ATM. It is service 

dependent, and allows higher level protocols of various types to transfer information to 

and from the ATM layer. AAL is comprised of a convergence sublayer (CS) and a 

segmentafion and reassembly sublayer (SAR). The CS is applicafion-dependent sublayer 

of the AAL. During transmission, the SAR, located directly beneath the CS is responsible 

for packing applicafion informafion received by CS into ATM cells; during recepfion, the 
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SAR unpacks ATM cells and forwards the informafion to higher-level applications by 

passing the information to the CS. AAL uses different protocol types to support different 

classes of service. For example, AALl is used to support continuous bit rate services 

such as voice traffic and AAL2 supports confinuous variable services such as video 

teleconferencing. The other AAL protocols, AAL 3/ 4 and AAL 5, support packet-based 

information transfer. For both of these protocols, the CS is further divided into a service-

specific convergence sublayer (SSCS) to interface with higher layer applicafions, and a 

common part convergence sublayer (CPCS) to interface with the SAR. The format of the 

CPCS remains constant regardless of the nature of the applicafion residing above SSCS. 

Funcfions such as flow control and retransmission of cormpted informafion are handled 

in the SSCS. The CPCS only contains basic processing funcfions. 

4.1.4 Physical Interface 

Once data from higher levels has been packaged by AAL into ATM cells, the 

cells are sent to the optical transmission interface protocol for transmission over high

speed fiber optic lines. One such protocol, SONET, establishes an industry standard for 

opfical signals, providing expensive mulfiplexing and OAM funcfions as part of 

specification. 

4.1.5 ATM Layer Traffic Control 

The Quality of Service (QoS) of an ATM connection, defined according to 

several ATM performance parameters, is chosen to support a given Service Class on a 
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virtual connection. QoS Classes 1-4 respecfively support Service Classes A-D shown 

below: 

1. QoS 1: Circuit Emulafion, Constant Bit Rate Video - Class A; 

2. QoS 2: Variable Bit Rate Audio and Video - Class B; 

3. QoS 3: Connecfion-Oriented Data Transfer - Class C; 

4. QoS 4: Connectionless Data Transfer - Class D. 

The QoS of each virtual connecfion in an ATM network has a bearing on the 

overall network performance. Therefore, the QoS is an integral part of the Traffic Contact 

that specifies the negotiated characterisfics of an ATM layer connection at the User-

Network Interface (UNI). 

The other part of the Traffic Contract is the Connecfion Traffic Descriptor. This 

descriptor includes specificafions for the Peak Cell Rate (PCR), Cell Delay Variation 

(CDV) Tolerance, and Congestion Defmifion. 

The Peak Cell Rate (PCR) is an upper bound on the traffic flow on an ATM 

connection. The traffic flows to which it applies are characterized according to the value 

of the Cell Loss Priority (CLP) bit in the ATM cell header. A PCR must be specified for 

the CLP flow, which is the flow of cells irrespecfive of CLP value. At the Service Access 

Point (SAP) between the ATM layer and the physical layer, the PCR confirms to GCRA. 

Prior to this point ATM cells from different sources may have been mulfiplexed together 

within the ATM layer. The CDV Tolerance is the upper bound on variations in 

interarrival time. These variafions occur due to factors such as mulfiplexing and network 

overhead in the cell stream. The GCRA at the public UNI effecfively defines the 

relationship between PCR and the CDV [6]. 
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Usage Parameter Control (UPC) is performed on VCCs at VC switches and on 

VPCs at VP switches. UPC consists of a set of acfions taken by the network to control 

traffic in accordance with the negotiated traffic contract so as to protect network 

resources and maintain a connecfion's QoS. In any ATM configuration, the UPC must 

monitor the PCR of the CLP cell flow to ensure that a user never exceeds the traffic 

contract for a connecfion. The UPC also monitors the VPI and VCI of ATM cells passing 

through a switch. The UPC passes cells it idenfifies as conforming and either tags or 

discard cells that are non-confirming. In the CLP cell flow, cells with CLP=I may be 

discarded to maintain the traffic contract based on the aggregate flow of cells with 

CLP=0 and CLP=1. Non-conforming cells with CLP=0 are tagged by setfing CLP=1. 

In addition to UPC, several other functions performed by the network to monitor 

traffic are Network Resource Management (NRM), Connection Admission Control 

(CAC), Selecfive Cell Discarding (SCD), and Traffic Shaping. NRM consists of grouping 

related to VCCs into the same VPC to simplify traffic management and resource 

allocafion. CAC is the set of acfions taken during call setup to determine if a VCC or 

VPC will be accepted by the network. CAC ensures that requests will be only accepted 

when sufficient network resources are available to provide the requested QoS in the 

connecfion's traffic contract without degrading the QoS of exisfing connecfions on the 

network. CAC also determines the parameters of the connection that need to be passed to 

UPC and also allocates and routes network resources for the connection. 
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4.2 LAN Emulafion (LANE) 

The function of the LANE protocol is to emulate a LAN on top of an ATM 

network. Specifically, the LANE protocol defines mechanisms for emulafing either an 

IEEE 802.3 Ethemet or an IEEE 802.5 token ring LAN (LANE does not define 

encapsulation for FDDI : FDDI packets must be mapped into either Ethemet or token 

ring emulated LANs, using exisfing translafion bridging techniques). The implementation 

of LANE is shown in Figure 4.7 [10]. 

Upper Layers 

IP 

MAC (802.3/802.5) 

ATM 

PHY (e.g, SONET) 

Figure 4.7 LAN Emulation 

LANE enables data sent across ATM network to be encapsulated in the 

appropriate LAN MAC packet format. The LANE protocol supports a range of maximum 

protocol data unit (MPDU) sizes, corresponding to maximum size Ethemet and 4- and 

16- Mbps token ring packets. The LANE protocols make an ATM network look and 

behave like an Ethemet or token ring LAN - although operafing at a speed higher than a 

real such network. The motivafion for this approach is that it requires no modifications to 

the higher layer protocols to enable their operafion over an ATM network. 
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The basic function of the LANE protocol is to map MAC addresses into ATM 

addresses. The goal of LANE is to perform such address mappings so that LANE end 

systems can set up direct connections between themselves and forward data. Figure 4.8 

depicts the protocol model. While the current LANE specification defines two types of 

ELANs (one for Ethemet and one for token ring), it does not permit direct connectivity 

between a LEC that implements an Ethemet ELAN and one that implements a token ring 

ELAN. 

4.2.1 LANE Elements 

The LANE protocol defines the operafion of a single ELAN. A single ELAN 

emulates either Ethemet or token ring and consists of the following enfifies. 

4.2.1.1 LAN Emulafion Client (LEC) 

A LEC is the enfity in an end system that performs data forwarding, address 

resolution, and other control funcfions for a single end system within a single ELAN. An 

end system that connects to mulfiple ELANs will have one LEC per ELAN. Each LEC is 

idenfified by a unique ATM address, and is associated with one or more MAC addresses 

reachable through an ATM address. In case of an ATM NIC, for instance, the LEC may 

be associated with only a single MAC address, while in the case of a LAN switch, the 

LEC would be associated with all MAC addresses reachable through the ports of that 

LAN switch which are assigned to the particular ELAN. 

43 



4.2.1.2 LAN Emulafion Server (LES) 

The LES implements the control function for a particular ELAN. There is only 

one logical LES per ELAN, and to belong to a particular ELAN means to have control 

relafionship with that ELAN's particular LES. Each LES is identified by a unique ATM 

address. 

LEC (LAN 
emulafion 
client) 

ATM host 

Ethemet 

Ethemet 

Router 

LANE clients 

LAN 
emulafion 

servers 

ATM network 
(LANE service) 

LEGS 

LAN emulation 
configurafion 

server 

Figure 4.8 LANE protocol model 
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4.2.1.3 LAN Emulation Configurafion Server (LEGS) 

The LEGS is an enfity that assigns individual LANE clients to particular ELANs 

by directing them to the LES that corresponds to the ELAN. There is logically one LEGS 

per administrafive domain, and this serves all ELANs within that domain. 

4.3 IP over ATM 

The mofivation of using native mode protocol as an altemative to LANE is that 

LANE hides ATM features from the higher protocols. Hence, any network layer protocol 

that operates over ATM through LANE cannot benefit from the QoS properties of ATM. 

Consequently, these protocols use unspecified bit rate (UBR) or available bit rate (ABR) 

connecfions only. From a legacy point of view, this is not a major restricfion because all 

existing network protocols have been developed for use over exisfing LAN and WAN 

technologies, none of which can deliver a guaranteed QoS. The bottom line is that current 

network layer protocols expect and deliver only best effort service, similar to the type 

ABR was designed to offer. ABR hides the guaranteed QoS features of ATM to offer best 

effort service expected by protocols [11]. 

One of the key functions of network layer protocols is to offer universal 

connectivity and a uniform service interface to transport layer protocols- independent of 

the nature of the underiying physical network. Unless applicafions mn over common 

network and transport protocols, interoperability between two applications mnning on 

two different networks would be difficult. 

To address the above requirements, the IETF has developed the concept of 

integrated services intemet in the context of IP. This includes a set of enhancements to IP 
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to allow it to support integrated or multimedia services. These enhancements include 

traffic management mechanisms of ATM. For instance, protocols such as resource 

reservafion protocol (RSVP) are being defined to allow resource reservation across an IP 

network, much as ATM signaling allows this within ATM networks. RSVP is a control 

protocol that will be used by applications within IP end systems to indicate to nodes 

transmitting to them the nature (such as bandwidth, jitter, maximum burstiness) of the 

packet streams they wish to receive [10]. 

The IP version 6 (IPv6) protocol, which the IETF has been developing as a 

replacement for the IPv4 protocol, incorporates support for a flow ID within the packet 

header, which the network can use to identify flows, much as VCI/VPIs are used to 

idenfify streams of ATM cells. 
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CHAPTER V 

SIMULATION MODELS 

As communicafion networks expand in scope and diversity, the planning of 

networks has become a formidable challenge. Network monitoring tools that collect 

traffic data, discover and display network technologies, and display alarms are in wide 

use. There is a great need, however, for network design and planning tools that allow new 

networks or proposed changes to existing networks to be quickly evaluated before 

committing to a course of acfion. This need for performance prediction is met through 

simulafion analysis as also through analytical approach. 

In simulation analysis, the computer traces out in detail the implications and 

consequences of a proposed network or change. As a result, simulation is more realistic 

and simulation results are easier to understand than with any other form of analysis. 

5.1 Approach 

Simulation models have been built and tested using the OPNET Modeler. OPNET 

employs a discrete event simulation approach that allows large numbers of closely-

spaced events in a sizeable network to be represented accurately and efficiently. The 

workflow for OPNET Modeler (that is, the steps required to build and simulate a network 

model) centers around the Project Editor. The workflow model is shown in Figure 5.1. 

In the Project Editor workspace, a network model can be created, statistics can be 

collected directly from each network object or from the network as a whole, simulation 

can be executed and the results viewed. 
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Figure 5.1 Workflow Model of OPNET 

The network chosen for modeling purposes is the Electrical Engineering network. 

This network has been modeled according to the already existing network. This network 

presently has 16 Cisco 2924 series of Ethemet switches which are connected to a Cisco 

Catalyst 5000 switch. The links used are Category 5 UTP cables used for transmitting at 

100 Mbps. The workstations modeled are NT workstations and servers have been placed 

in the network. A detailed descripfion of the model and its components follows. 
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5.2 Model components 

The node models used in the three kinds of network configurations are discussed 

in the following secfions [12]. 

5.2.1 NT workstafion 

The NT workstation node model represents a workstation with client-server 

applicafions mnning over TCP/IP and UDP/IP. The workstation supports one underiying 

Ethemet connection at 10 Mbps, 100 Mbps, or 1000 Mbps. Packets are routed on a first-

come-first-serve basis and may encounter queuing at the lower protocol layers, depending 

on the transmission rates of the corresponding output interfaces. RIP, UDP, IP, TCP, 

EEEE 802.3 (Ethemet, Fast Ethemet, Gigabit Ethemet), OSPF are the protocols used by 

the workstafion. The workstation uses either of the following connections: 

1. 1 Ethemet connecfion at 10 Mbps, 

2. 1 Ethemet connection at 100 Mbps, or 

3. 1 Ethemet connecfion at 1000 Mbps. 

The attributes of the workstafion are Client Email, Client FTP, Client Remote 

Login, Client Start Time. These attributes allow for the specification of application traffic 

generation in the node. 

5.2.2 Cisco 2924 Switch 

The Cisco 2924 Switch model represents a switch supporting up to 24 Ethemet 

interfaces. The switch implements the Spanning Tree algorithm in order to ensure a loop 

free network topology. Switches communicate with each other by sending Bridge 
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Protocol Data Units (BPDU's). Packets are received and processed by the switch based 

on the current configurafion of the spanning tree [13]. Spanning Tree Bridge Protocol 

(IEEE 802.ID), Ethemet (IEEE 802.3) protocols are used. 24 Ethemet connections at the 

specified data rate of 10, 100, or 1000 Mbps are possible. The switching rate of the 

switch is 148,800 packets/sec. 

5.2.3 Cisco Catalyst 5000 Switch 

This model represents a specific configuration of switching bridge model. The 

interface boards of this configuration are: 

1. 2-port Fast Ethemet (100 Mbps) 

2. 24-port lOBaseT Ethemet (10 Mbps) 

3. 12-port Fast Ethemet (100 Mbps) 

The bridge implements the Spanning Tree algorithm in order to ensure a loop free 

network topology. Bridges communicate with each other by sending Bridge Protocol 

Data Units (BPDU's). Packets are received and processed by the bridge based on the 

current configuration of the spanning tree. Packets relayed to the ports are discarded by 

the bridge if they exceed a delay of one second. The Bridge protocol takes approximately 

30 seconds to stabilize and completely form the spanning tree. Packets received before 

this interval are discarded [12]. The switching rate of the catalyst switch is 1,000,000 

packets/sec. The implemented protocols are Ethemet (EEEE 802.3), Spanning Tree 

Bridge Protocol (IEEE 802. ID). The interconnecfions possible are: 

1. Two Fast Ethemet hub connecfions (supervisor ports) at 100 Mbps. 

2. Twelve Fast Ethemet hub connecfions at 100 Mbps. 
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3. Twenty-Four Ethemet hub connections at 10 Mbps. 

5.2.4 Cisco 7000 Router 

This model represents a specific configuration of an IP-based router gateway 

model. The interface boards of this configuration are: 

1. 6-port lOBaseT Ethemet (10 Mbps) 

2. 4-port Token Ring (4 or 16 Mbps) 

3. 8-port fast serial, represented as 4 Frame Relay interfaces, and 4 interfaces. 

4. 2-port Fast Ethemet (100 Mbps) 

5. 1-port FDDI (various boards based on connector type) 

IP packets arriving on an IP interface are routed to the appropriate output 

interface based on their destination IP address. The Routing Informafion Protocol (RIP) 

or Open Shortest Path First (OSPF) protocol may be used to automatically and 

dynamically create the roufing tables and select routes in an adapfive manner [12]. The 

IP forwarding rate of the router is 150,000 packets/sec. A typical use of this device is to 

route data between two Ethemet LAN segments connecfion via an IP network. Ethemet 

(IEEE 802.3), Token Ring (lEE 802.5), Intemet Protocol (IP), Roufing Informafion 

Protocol (RIP), User Datagram Protocol (UDP), Open Shortest Path First 

(OSPF)Protocol, Frame Relay (ANSI T1.618) are the implemented protocols. The 

interconnecfions possible are 

1. Six Ethemet hub connecfions at 10 Mbps. 

2. Four Token Ring connecfions at 4 or 16 Mbps. 

3. Four Frame Relay serial connections at selectable data rates. 
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4. Four IP serial connecfions at selectable data rates. 

5. Two Fast Ethemet hub connecfions at 100 Mbps. 

6. One FDDI connecfion. 

5.2.5 ATM -Ethemet Router 

The ATM-Ethemet router model represents an IP-based gateway supporting up to 

two Ethemet interfaces and four ATM interfaces. IP packets arriving on any interface are 

routed to the appropriate output interface based on their destinafion IP address. The 

Routing Information Protocol (RIP) or the Open Shortest Path First (OSPF) protocol may 

be used to dynamically and automatically create the gateway's routing tables and select 

routes in an adapfive manner [12]. 

Packets are routed on a first-come-first-serve basis and may encounter queuing at 

the lower protocol layers, depending on the transmission rate of the corresponding output 

interfaces. The protocols implemented are ATM, IP, UDP, REP, Ethemet, Fast Ethemet, 

Gigabit Ethemet, OSPF. The interconnecfions possible are 

1. Two Ethemet connecfions at selectable data rates, 

2. Four ATM serial line connecfions. 

The ATM UPC Function specifies whether the Usage Parameter Control function 

is enabled or not. The UPC function may tag or discard cells that violate the negotiated 

traffic contract. The ATM QoS Priority Scheme specifies the priority scheme used for 

processing cells from different QoS classes. The RIP Start Time specifies the simulafion 

time (in sec) at which the gateways start sending roufing updates to build the IP routing 

tables. 
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5.2.6 Fore ASX 1000 Switch 

The Fore ASX 1000 node model represents an ATM switch which implements 

VP and VC switching capabilifies in an ATM network. It is capable of switching VCCs 

among 128 VP links [12]. The switch provides for four ATM serial line connections. 

The ATM UPC Function specifies whether the Usage Parameter Control function 

is enabled. The UPC funcfion may tag or discard cells that violate the negotiated traffic 

contract. The ATM Switching Speed specifies the speed at which cells are sent through 

the switch fabric. The ATM QoS Priority Scheme specifies the priority scheme used for 

processing cells from different QoS classes. 

5.2.7 LAN Emulafion Configuration Server 

The ethlane server node model represents an emulated ethemet node with client-

server applications running over TCP/UDP. The Roufing Information protocol (RIP) or 

the Open Shortest Path First (OSPF) may be used to dynamically and automafically 

create the gateway's routing tables and select routes in an adaptive manner. The LANE 

layer provides Ethemet emulafion over ATM [12]. ATM, IP, RIP, TCP, UDP, OSPF, 

LANE are the protocols implemented by the LEGS. It provides for four serial line ATM 

connecfions. 
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5.2.8 LAN Emulation Server 

The ethlane service node model represents the LAN Emulation Server (LES) and 

the Broadcast and Unknown Server (BUS) running over ATM [12]. ATM, LANE are the 

protocols implemented by the LES. It provides four serial line ATM connections. 

5.2.9 Ethemet LANE Router 

The Ethemet LANE router node model represents an IP-based router/gateway 

interfacing one 10 Mbps Ethemet hub interface and two emulated Ethneret LAN 

interfaces. IP packets arriving on any interface are routed to the appropriate output 

interface based on their desfinafion IP address. The Routing Informafion Protocol (RIP) 

or the Open Shortest Path First (OSPF) protocol may be used to automatically and 

dynamically create the gateway's roufing tables and select routes in an adaptive manner. 

Packets are routed on a first-come-first-serve basis and may encounter queuing at 

the lower protocol layers, depending on the transmission rates of the corresponding 

output interfaces [12]. RIP, UDP, IP, Ethemet (IEEE 802.3), OSPF, LANE, ATM are the 

protocols implemented by the LANE router. The interconnecfions possible are 

1. One Ethemet hub connecfion at 10 Mbps, 

2. ATM connecfions at 155.5 Mbps, 

3. Two emulated LAN interfaces. 

The IP Forwarding Rate specifies the rate (in packets/second) at which the 

gateway can perform a routing decision for an arriving packet and transfer it to the 

appropriate output interface. 
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5.2.10 Ethemet Server 

The Ethemet server model represents a server node with server applications 

running over TCP/IP and UDP/IP. This node supports one underiying Ethemet 

connecfion at 10 Mbps, 100 Mbps, or 1 Gbps. The operational speed is determined by the 

connected links data rate [12]. 

The Ethemet MAC in this node can be made to operate either in full-duplex or 

half-duplex mode. Note that when connected to a Hub, it should always be set to "Half 

Duplex". A fixed amount of fime is required to route each packet, as determined by the 

"IP Forwarding Rate" attribute of the node. Packets are routed on a FCFS basis and may 

encounter queuing at the lower protocol layers, depending on the transmission rates of the 

corresponding output interface. RIP, UDP, IP, TCP, Ethemet, Fast Ethemet, Gigabit 

Ethemet, OSPF are the protocols implemented by the server. It provides for 1 Ethemet 

connecfion at 10 Mbps, 100 Mbps, or 1000 Mbps. 

5.2.11 Ethemet Printer 

The Ethemet Printer model represents a printer running over TCP/IP and UDP/IP. 

This node supports one underlying Ethemet connection at 10 Mbps, 100 Mbps, or 1 

Gbps. The operational speed is determined by the connected link's data rate [12]. RIP, 

UDP, IP, TCP, Ethemet, Fast Ethemet, Gigabit Ethemet, OSPF are the protocols 

implemented by the printer. It provides for 1 Ethemet connection at 10 Mbps, 100 Mbps, 

or 1000 Mbps. 
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5.2.12 100 Base-T Link 

The 100BaseT duplex link represents an Ethemet connection operating at 100 

Mbps. It can connect any combination of the following nodes (except Hub-to-Hub, which 

cannot be connected) [12]: 

1. Stafion 

1. Hub 

2. Bridge 

3. Switch 

4. LAN nodes 

It uses the Ethemet packet format and the data rate is 100Mbps. The Propagation 

Speed specifies the propagafion speed (in meters/sec) for the medium. If the "delay" 

attribute of the link is set to "Distance Based", this speed is used to calculate the 

propagation delay based on the distance between two nodes. 

5.2.13 OC-3 Link 

The ATM SONET 0C3 link connects ATM switches, gateways, and stafion 

nodes at selectable data rates [12]. It uses SONET packet format for transmission. The 

transmission rate is 155 Mbps. 
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5.3 Network Models 

The Electrical Engineering network was studied for three different types of 

networks. These networks are described in the following sections. 

5.3.1 IP-Ethemet Network 

This network consists of the following components: 

1. NT workstafions, 

2. Ethemet Servers, 

3. Ethemet Printers, 

4. Cisco 2924 Switches, 

5. Cisco Catalyst 5000 Switch, 

6. Cisco 7000 Router, 

7. 100Base-T Links. 

The layout of the network is shown in a top-down approach in the following 

figures. Figure 5.2 shows the top view of the IP network. This figure shows the Cisco 

7000 router connected to the Electrical Engineering network. The router is connected to 

the Cisco Catalyst 5000 Switch, which is a level below in the network topology 

hierarchy. 
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Figure 5.2 View of Cisco 7000 Router 

Figure 5.3 shows the second layer view in which the Catalyst switch is connected 

to the 16 Ethemet switches. 
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Figure 5.3 View of Catalyst 5000 Switch 

The second floor of Electrical Engineering has 9 Ethemet switches connected to 

the NT workstafions and are connected through 100Base-T connections. The annex of the 

second floor is also included in the network model. Due to the large size of the network 

and for purposes of clarity only a small secfion of the second floor is shown in Figure 5.4. 
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Figure 5.4 Second Floor view 

Figure 5.4 above shows switch 3 which is one of the switches on the second floor. 

The figure shows the various ports of the switch connected to the workstations in each of 

the rooms using 100Base-T links. Each of these switches is connected to the Cisco 

Catalyst 5000 switch through the 100Base-T link. 

The first floor of the Electrical engineering building has 6 switches connected to 

NT workstafions through 100Base-T links. The annex of the first floor is also included in 

the network model. Due to the large size of the network and for purposes of clarity only a 

small secfion of the network is shown in Figure 5.5. 
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Figure 5.5 First Floor view 

Figure 5.5 shows a portion of the first floor that has been modeled. The figure 

shows switches 13 and 14 of the network connected to the NT workstations through the 

100Base-T links. The switches are then connected to the Cisco Catalyst 5000 switch. 

The basement has one switch connected to the NT workstations through lOOBase-

T links. The switch is then connected to the Cisco Catalyst 5000 switch. The basement 

model is shown in Figure 5.6. The basement has switch 16 and the model is shown in 

Figure 5.6. 

5.3.2 ATM over IP Network 

This network consists of the following components: 

1. NT workstafions, 

1. Ethemet Servers, 

2. Ethemet Printers, 

3. Cisco 2924 Switches, 

4. Cisco Catalyst 5000 Switch, 
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Figure 5.6 Basement view 

5. ATM-Ethemet Router, 

6. Fore ASX-1000 ATM Switch, 

7. 100Base-T Links, 

8. OC-3 Link. 

The layout is shown in a top-down approach in the following figures. Figure 5.7 

shows the top view of the IP over ATM network. The figure shows the Fore ASX-1000 
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switch connected to the College of Engineering. This switch is connected to the ATM-

Ethemet router through an OC-3 link. 
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Figure 5.7 Fore ASX-1000 Switch 

Figure 5.8 shows the second level view of the IP over ATM network. This level 

has an ATM-Ethemet router connected to the Electrical Engineering through a lOOBase-

T link to the Catalyst Switch on the level below it and to the ATM Switch through the 

OC-3 link on a level above it. 

Figure 5.9 shows the view of the Catalyst Switch connected to the 16 Ethemet 

switches on the three floors of the Electrical Engineering building. 

The second floor of the EE building has 9 Ethemet Switches connected to the NT 

workstations through 100Base-T connections. The annex of the second floor is also 

included in the model of the network. These switches are connected through the lOOBase-

T links to the Cisco Catalyst 5000 Switch. Due to the large size of the network and to 
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make the network connection visible only a small section of the network is shown in 

Figure 5.10. 
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Figure 5.9 Cisco Catalyst 5000 Switch 

The first floor of the Electrical engineering building has 6 switches connected to 

NT workstations through 100Base-T links. The annex of the first floor is also included in 

the network model. Due to the large size of the network and for purposes of clarity only a 

small secfion of the network is shown in Figure 5.11. 
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Figure 5.10 Second Floor view 

Figure 5.11 First Floor view 
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Figure 5.11 shows a portion of the first floor that has been modeled. The figure 

shows switches 13 and 14 of the network connected to the NT workstafions through the 

100Base-T links. The switches are then connected to the Cisco Catalyst 5000 switch. 

The basement has one switch connected to the NT workstations through lOOBase-

T links. The switch is then connected to the Cisco Catalyst 5000 switch. The basement 

model is shown in Figure 5.12. The basement has switch 16 and the model is shown in 

Figure 5.12. 

Figure 5.12 Basement view 
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5.3.3 LANE NetwnrW 

This network consists of the following components: 

1. NT workstafions, 

2. Ethemet Servers, 

3. Ethemet Printers, 

4. Cisco 2924 Switches, 

5. Cisco Catalyst 5000 Switch, 

6. Ethlane Router, 

7. Fore ASX-1000 ATM Switch, 

8. LAN Emulation Configuration Server (LEGS), 

9. LAN Emulafion Server (LES), 

10. 100Base-T Links, 

11. OC-3 Link. 

The layout is shown in a top-down approach in the following figures. Figure 5.13 

shows the top view of the LANE network. The figure shows the Fore ASX-1000 switch 

connected to the College of Engineering. This switch is connected to the LANE router 

through an OC-3 link. The LEGS and LES are also connected to the ATM switch through 

OC-3 connecfions. 

Figure 5.14 shows the second level view of the LANE network. This level has an 

Ethlane router connected to the Electrical Engineering through a 100Base-T link to the 

Catalyst Switch on the level below it and to the ATM Switch through the OC-3 link on a 

level above it. 
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Figure 5.13 Fore ASX-1000 Switch 

The second floor of the EE building has 9 Ethemet Switches connected to the NT 

workstations through 100Base-T connections. The annex of the second floor is also 

included in the model of the network. These switches are connected through the lOOBase-

T links to the Cisco Catalyst 5000 Switch. Due to the large size of the network and to 

make the network connection visible only a small secfion of the network is shown in 

Figure 5.15. 

The first floor of the Electrical engineering building has 6 switches connected to 

NT workstafions through 100Base-T links. The annex of the first floor is also included in 

the network model. Due to the large size of the network and for purposes of clarity only a 

small secfion of the network is shown in Figure 5.16. 
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Figure 5.14 Ethlane Router 

Figure 5.16 shows a portion of the first floor that has been modeled. The figure 

shows switches 13 and 14 of the network connected to the NT workstations through the 

100Base-T links. The switches are then connected to the Cisco Catalyst 5000 switch. 

The basement has one switch connected to the NT workstations through lOOBase-

T links. The switch is then connected to the Cisco Catalyst 5000 switch. The basement 

70 



model is shown in Figure 5.17. The basement has switch 16 and the model is shown in 

Figure 5.17. 

Figure 5.15 Second Floor view 

Figure 5.16 First Floor view 
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Figure 5.17 Basement view 
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CHAPTER VI 

SIMULATION AND RESULTS 

Simulafion was done for the following three network models: 

1. IP-Ethemet, 

2. IP over ATM, 

3. LANE. 

The three network models were simulated by overloading the end nodes, which in 

this network are the NT workstations. The IP-Ethemet model was also simulated for the 

condifion in which the end nodes were subject to average load condifion. The results 

obtained from these simulations are discussed below. The parameters were collected at 

the global level and also at the node level in the network. The discussion of the results of 

each network follows. 

6.1 IP-Ethemet Model 

The IP-Ethemet model was simulated for the overloaded end nodes as well as for 

the average loaded end nodes. The average load condifion parameters of the workstations 

were set according to the values obtained from the actual switches in the network. Thus 

the IP-Ethemet model was simulated for two different types of loads. 
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6.1.1 Overioad Condition 

6.1.1.1 Global Parameters 

The Ethemet Delay in seconds for this network is shown in Figure 6.1. This 

statistic represents the end to end delay of all packets received by the stations. The delay 

is high when the simulafion just starts. This is due to the time taken by the router and 

switches in forming their roufing tables. The delay then stabilizes to a constant value and 

this indicates the steady state reached by the simulafion. 
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Figure 6.1 Ethemet Delay 
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6.1.1.2 Router 

Figure 6.2 shows a comparison of three parameters for the router. Comparing the 

three graphs in the figure shows that the IP Traffic Sent is exactly the same as the RIP 

Traffic Sent and is also equal to the IP Broadcast Traffic. This leads to the inference that 

the type of routing protocol used by the router is the Routing Informafion Protocol which 

is quite evident because of the fact that the number of hops in the network is less than 16 

and also because it is an easier protocol to implement. 

coe network, router 

0.2 

0.15 

0.1 

0.05 

0 

0.2 

0.15 

0.1 

0.05 

0 

0.2 

0.15 

0.1 

0.05 

0 

RIP. 

1 1 1 

1 

T r a f f i c Sent (packe ts / secD 

IP .T 

1 

1 

r a f f i c Sent (packets /sec) 

IP .B 

1 1 1 

roadcast T r a f f i c Sent Cpackets/sec) 

100 200 300 400 500 
time Csec) 

Figure 6.2 Router Traffic 

Figure 6.2 also shows that the IP Traffic Sent is equal to the IP Broadcast Traffic. 

This is due to the broadcast packets the router sends initially throughout the network to 

gain knowledge about the network topology. The results from the simulation also show 
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that the IP Traffic received by the router is zero. This is because the router is not 

connected to any other router and the load it gets is from the Catalyst Switch only, which 

forwards only Ethemet packets. The OSPF and IGRP protocols are not used by the 

router. The results also show that there are no multicast packets sent by the router 

6.1.1.3 Catalyst Switch 

Figure 6.3 shows the Traffic Received and Traffic Forwarded by the Catalyst 

Switch. It can be clearly inferred from the figure that the number of packets forwarded by 

the switch is equal to the number of packets received. 
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Figure 6.3 Catalyst Switch Traffic 
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The results also show that there are no packets dropped by the Catalyst Switch 

and the switch never gets congested under the conditions when the workstations are 

overloaded. The maximum rate of packets is much less than the maximum of the switch 

which is 1,000,000 packets/sec. 

Figure 6.4 shows the Probability Density Function (PDF) of the traffic received 

and traffic forwarded by the Catalyst Switch. The graph shows that the number of 

packets/sec at the switch tend to vary within a particular range giving the indication that 

the simulation has reached a steady state. 
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6.1.1.4 Switch 3 

Figure 6.5 shows the traffic received and forwarded by the switch. The figure 

shows that the number of packets/sec received by the switch is much less than the 

maximum switching capacity of the switch which is 148,800 packets/sec. Thus the 

switch does not get congested even when the workstations are heavily loaded and the 

number of packets forwarded by the switch is equal to the number of packets received by 

the switch. The results collected also show that the number of packets dropped by the 

switch is zero. 

These simulafions done when the load of the workstafions are heavily loaded 

show that the network performs satisfactorily under high load conditions. 

Figure 6.6 shows the traffic received by the switch in packets/sec and in bits/sec. 

Dividing the two statisfics at any point in time gives the number of bytes in each packet. 

This number of bytes at every point in time is the same as the packet size obtained from 

the actual readings of the Ethemet Switch using Simple Network Management Protocol 

(SNMP). 
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Figure 6.5 Switch 3 Traffic 
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Figure 6.6 Traffic received by Switch 3 
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The statistics shown for Switch 3 were monitored for all the remaining switches 

and all of them showed similar behavior. 

Thus, under overloaded condifions of the workstafions, the network doesn't get 

congested and behaves satisfactorily without any deterioration in the quality of service to 

the user of the network. 

6.1.2 Medium Load Condifion 

6.1.2.1 Global Parameters 

The Ethemet Delay in seconds for this network is shown in Figure 6.7. This 

statistic represents the end to end delay of all packets received by the stafions. The delay 

is high when the simulafion just starts. This is due to the fime taken by the router and 

switches in forming their routing tables. The delay then stabilizes to a constant value and 

this indicates the steady state reached by the simulafion. 

6.1.2.2 Router 

Figure 6.8 shows a comparison of three parameters for the router. Comparing the 

three graphs in the figure shows that the IP Traffic Sent is exactly the same as the RIP 

Traffic Sent and is also equal to the IP Broadcast Traffic. This leads to the inference that 

the type of routing protocol used by the router is the Roufing Information Protocol which 

is quite evident because of the fact that the number of hops in the network is less than 16 

and also because it is an easier protocol to implement. 

80 



( 

u .uy 

J 0.08 

0.07 
1 

0.06 

0.05 

< 

0.04 

0.03 

0.02 

0.01 

n 0 

'—' 

100 200 300 400 500 
time Csec) 

Fig. 6.7 Ethemet Delay 

coe network, router 

100 200 300 

0 .Is 

U .1 

U .Ub 

n 

0.2 

0.15 

0.1 

0.05 

n 

U .13 

0.1 

0.05 

RIP. 

1 1 
' 

1 

Traffic Sent (packets/ sec) 

IP.Traffic Sent Cpackets/sec) 

u 
\ 

IP.Broadcast Traffic Sent (packets/sec) 

. . 
400 500 

time Csec) 

Figure 6.8 Router Traffic 

81 



Figure 6.8 also shows that the IP Traffic Sent is equal to the IP Broadcast Traffic. 

This IS because of the broadcast packets the router sends initially throughout the network 

to gain knowledge about the network topology. The results from the simulation also show 

that the IP Traffic received by the router is zero. This is because the router is not 

connected to any other router and hence the load it gets is from the Catalyst Switch only, 

which forwards only Ethemet packets. The OSPF and IGRP protocols are not used by the 

router. The results also show that there are no multicast packets sent by the router. 

6.1.2.3 Catalyst Switch 

Figure 6.9 shows the Traffic Received and Traffic Forwarded by the Catalyst 

Switch. It can be clearly inferred from the figure that the number of packets forwarded by 

the switch is equal to the number of packets received. 

The results also show that there are no packets dropped by the Catalyst Switch 

and the switch never gets congested when the workstations are overloaded. The 

maximum rate of packets is much less than the maximum of the switch which is 

1,000,000 packets/sec. 

82 



coe network.ee network.catalyst switch.Bridge 

800 

700 

600 

500 

400 

300 

200 

100 

800 

700 

600 

500 

400 

300 

200 

Traffic Received Cpackets/sec) 

Traffic Forwarded (packets/sec) 

100 200 300 400 500 
time Csec) 

-i —r 

Figure 6.9 Catalyst Switch Traffic 

6.1.2.4 Switch 3 

Figure 6.10 shows the traffic received and forwarded by the switch. The figure 

shows that the number of packets/sec received by the switch is much less than the 

maximum switching capacity of the switch; which is 148,800 packets/sec. Thus the 

switch doesn't get congested when the workstafions are operated under overloaded 

conditions and the number of packets forwarded by the switch is equal to the number of 

packets received by the switch. The results collected also show that the number of 

packets dropped by the switch is zero. 
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Figure 6.10 Switch 3 Traffic 

Figure 6.11 shows the traffic received by the switch in packets/sec and in bits/sec. 

Dividing the two statistics at any point in fime gives the number of bytes in each packet. 

The number of bytes for each packet at every point in fime is the same as the packet size 

(in bytes) obtained from the actual readings of the Ethemet Switch. 
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Figure 6.11 Traffic received by Switch 3 

For the medium loaded workstafions, statistics for switch 3 were also collected at 

the ports of the switch. The stafisfics were collected at ports 20 and 22 of switch 3. Port 

22 of switch 3 is connected to the switch 1. Port 20 is connected to a NT workstation in 

EE213. 

Figure 6.12 shows the queue size in the MAC layer for ports 20 and 22 of switch 

3. As expected the queue size is larger for port 22 since that port is connected to switch 1 

and this port thus supports all the traffic generated by switch 1. The load at port 20 is 

because of a single NT workstafion and hence the queue size is smaller at this port. 
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Figure 6.12 Switch 3 Queue size 

Figure 6.13 shows the queuing delay for ports 20 and 22. From the figure it can be 

seen that the queueing delay in case of port 20 is more than that of port 22. The queuing 

delay is being measured at the MAC layer which uses the CSMA/CD technique for 

resolving the contention for the message to be transmitted. Since the load at port 22 is 

more than the load at port 20, port 22 has almost always got packets to be transmitted. So 

since the port 22 is transmitfing its packets it has the access to the MAC layer and the 

load at port 20 is transmitted after exponential backoffs. The reason for the strange shape 

of the queuing delay at port 20 can be evident from at looking at the traffic pattem at port 

20 in Figure 6.12. During the first 120 seconds approximately, the delay is high because 

of the load generated by the workstafion during this period, after this time the load is not 
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generated fill about 310 seconds and hence the delay falls and when the load is generated 

again, the delay starts increasing. 
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Figure 6.13 Queuing Delay at Switch 3 ports 20 and 22 

Figure 6.14 shows the point-to-point ufilization of port 22 and port 20 and as 

expected, the utilization is more in case of port 22 of switch 3. Ufilizafion is defined as 

the ratio of the load that the medium is being subjected to compared to the maximum load 

that the medium can support. 

Figure 6.15 shows the throughput in packets/sec for port 22 and 20. This can be 

expected since the load at port 22 is greater than at port 20 and the switch doesn't get 

congested and hence there are no dropped packets resulting in a higher throughput for 

port 22. 
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Figure 6.14 Switch 3 Channel Ufilizafion 
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The statisfics shown for Switch 3 were monitored for all the remaining switches 

and they showed similar behavior. 

Figure 6.16 shows the comparison for Ethemet delay in case of medium loaded 

workstations and overioaded workstafions. It can be seen from the figure that the delay is 

more in case of medium load condition as opposed to the delay in case of high load 

condition. This is due to the fact that the network does not get congested at any load 

condifion, and hence the time to generate packets of minimum size is more in case of 

medium load condition as opposed to the overload condifion and hence the increased 

delay. 
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Figure 6.16 Comparison of Ethemet Delay 
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6.2 IP over ATM 

The IP over ATM model was simulated for the overloaded workstations. The 

results of the simulafion are discussed as follows. 

6.2.1 Global Parameters 

The Ethemet Delay in seconds for this network is shown in Figure 6.17. This 

statistic represents the end to end delay of all packets received by the stations. The delay 

is high when the simulafion just starts. This is due to the fime taken by the router and 

switches in forming their roufing tables. The delay then stabilizes to a constant value and 

this indicates the steady state reached by the simulafion. 
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6.2.2 Ethemet -ATM Rniiip.r 

Figure 6.18 shows a comparison of three parameters for the router. Comparing the 

three graphs in the figure above it can be seen that the IP Traffic Sent is exactly the same 

as the RIP Traffic Sent and is also equal to the IP Broadcast Traffic. This leads to the 

inference that the type of roufing protocol used by the router is the Routing Information 

Protocol which is quite evident because of the fact that the number of hops in the network 

is less than 16 and also because it is an easier protocol to implement. 
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Figure 6.18 Ethemet-ATM Router Traffic 

Figure 6.18 also shows that the IP Traffic Sent is equal to the IP Broadcast 

Traffic. This is because of the broadcast packets the router sends initially throughout the 
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network to gain knowledge about the network topology. The results fiom the simulation 

also show that the EP Traffic received by the router is zero. This is because the router is 

not connected to any other router and hence the load it gets is from the Catalyst Switch 

only, which forwards only Ethemet packets. The OSPF and IGRP protocols are not used 

by the router. The results also show that there are no multicast packets sent by the router. 

6.2.3 Catalyst Switch 

Figure 6.19 shows the Traffic Received and Traffic Forwarded by the Catalyst 

Switch. It can be clearly inferred from the figure that the number of packets forwarded by 

the switch is equal to the number of packets received. 
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Figure 6.19 Catalyst Switch Traffic 
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The results show that there are no packets dropped by the Catalyst S\\ itch and the 

switch never gets congested when the workstations are overioaded. The maximum rate of 

packets is much less than the maximum of the Switch which is 1,000,000 packets/sec. 

6.2.4 Switch 3 

Figure 6.20 shows the traffic received and forwarded by the switch. The figure 

shows that the number of packets/sec received by the switch is much less than the 

maximum switching capacity of the switch which is 148,800 packets/sec. Thus the switch 

doesn't get congested when the workstations are overioaded and the number of packets 

forwarded by the switch is equal to the number of packets received by the switch. The 

results collected also show that the number of packets dropped by the switch is zero. 
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Figure 6.20 Switch 3 Traffic 
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Figure 6.21 shows the traffic received by the switch in packets/sec and in bits/sec. 

Dividing the two statistics at any point in time gives the number of bytes in each packet. 

This number of bytes at every point in time is the same as the packet size obtained from 

the actual readings of the Ethemet Switch. 
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Figure 6.21 Traffic received by Switch 3 

The statistics shown for Switch 3 were monitored for all the remaining switches and they 

showed similar behavior. 

Thus, even when the workstations are operating under overloaded conditions, the 

network doesn't get congested and behaves satisfactorily without any deterioration in the 

quality of service to the user of the network. 
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6.3 LANE 

6.3.1 Global Parameters 

Figure 6.22 shows the LANE Delay. LANE delay is the delay from when a data 

packet is sent at the LANE layer to when it is received at the destination LANE layer for 

all the LANE clients. 
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Figure 6.22 LANE Delay 

Figure 6.23 shows a comparison of the delay of LANE versus the Ethemet delay 

in the other three simulafions. The figure shows that the delay is the maximum in the case 

of LANE. The presence of an ATM switch increases the delay in the network. One of the 

major reasons for the delay is due to the fime taken by the convergence and segmentation 

and reassembly layers in the AAL layer. The main benefit of using an ATM switch is that 

it reduces the jitter of the packets which is helpful for real-time applicafions. 
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Figure 6.23 Comparison of delays 

Figure 6.24 shows the ATM Cell Delay Variation and ATM Cell Delay. The 

figure shows that the Cell Delay Variafion is very low and hence the reducfion in the 

jitter which is useful for real fime applications such as voice and video. 

6.3.2 Ethlane Router 

Figure 6.25 shows a comparison of three parameters for the router. Comparing the 

three graphs in the figure above it can be seen that the IP Traffic Sent is exactly the same 

as the RIP Traffic Sent and is also equal to the IP Broadcast Traffic. This leads to the 

inference that the type of roufing protocol used by the router is the Routing Information 
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Protocol which is quite evident because of the fact that the number of hops in the network 

IS less than 16 and also because it is an easier protocol to implement. 
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Figure 6.24 ATM Cell Delay and Variation 

Figure 6.25 also shows that the IP Traffic Sent is equal to the IP Broadcast 

Traffic. This is because of the broadcast packets the router sends initially throughout the 

network to gain knowledge about the network topology. The results from the simulation 

also show that the IP Traffic received by the router is zero. This is because the router is 

not connected to any other router and hence the load it gets is from the Catalyst Switch 

only, which forwards only Ethemet packets. The OSPF and IGRP protocols are not used 

by the router. The results also show that there are no mulficast packets sent by the router. 
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Figure 6.25 Ethlane Router Traffic 

6.3.3 Catalyst Switch 

Figure 6.26 shows the Traffic Received and Traffic Forwarded by the Catalyst 

Switch. It can be clearly inferred from the figure that the number of packets forwarded by 

the switch is equal to the number of packets received. 

The results show that there are no packets dropped by the Catalyst Switch and the 

switch never gets congested when the workstafions are operafing under overloaded 

condifions. The maximum rate of packets is much less than the maximum of the switch; 

which is 1,000,000 packets/sec. 
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Figure 6.26 Catalyst Switch Traffic 

6.3.4 Switch 3 

Figure 6.27 shows the traffic received and forwarded by the switch. The figure 

shows that the number of packets/sec received by the switch is much less than the 

maximum switching capacity of the switch which is 148,800 packets/sec. Thus the switch 

doesn't get congested under overload conditions of the workstations and the number of 

packets forwarded by the switch is equal to the number of packets received by the switch. 

The results collected also show that the number of packets dropped by the switch is zero. 
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Figure 6.27 Switch 3 Traffic 

Figure 6.28 shows the traffic received by the switch in packets/sec and in bits/sec. 

Dividing the two stafisfics at any point in fime gives the number of bytes in each packet. 

This number of bytes at every point in time is the same as the packet size obtained from 

the actual readings of the Ethemet Switch. 
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Figure 6.28 Traffic received by Switch 3 

The stafisfics shown for Switch 3 were monitored for all the remaining switches 

and they showed similar behavior. 

Thus, under overloaded conditions of the workstations, the network doesn't get 

congested and behaves satisfactorily without any deteriorafion in the quality of service to 

the user of the network. 
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CHAPTER Vn 

CONCLUSIONS AND RECOMMENDATIONS FOR FURTHER RESEARCH 

7.1 Conclusions 

The study was conducted to see the performance capabilities of the network under 

different network configurations. The network was monitored for three different net\s ork 

configurations. They are: 

• IP-Ethemet Model 

• IP over ATM 

• LANE 

All the three network configurations were simulated for high load conditions. This 

was done to see the performance of the network as a whole under overload conditions of 

the workstations. The network model modelled using OPNET gives the performance of 

the network at individual nodes as well as for the network as a whole. 

The existing model of the Electrical Engineering network consists of NT 

workstations connected to the Cisco 2924 switch, which is in tum connected to the 

Catalyst switch. The LP-Ethemet model emulates the exisfing model of the Electrical 

Engineering network. Results were also collected from the switches in the existing 

network for comparison with the results obtained from the simulafions. 

The simulafion under medium load conditions was done for the IP-Ethemet 

network since the medium load represented the kind of load the network was being 

subjected to in actuality. The attributes for the NT-workstafions were adjusted so as to 

resemble medium load conditions of the existing network. The results obtained from the 
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simulafions show that the packet size resembled almost perfectly the packet size obtained 

from the actual switch stafistics. The other statistics like the number of packets dropped, 

number of packets forwarded, etc., obtained from the actual statistics of the switch 

closely resembled the ones obtained from the simulations. This proves that the 

implementation of the models were correct. 

The network was subject to high load conditions for the three kind of network 

configurations and the results show that the network performs perfectly even under 

overload condifions and does not get congested. 

7.2 Recommendations for Further Research 

This work considers only the Electrical Engineering network for the modeling 

purposes. The next step would be to consider more departments in the College of 

Engineering and possibly model the College of Engineering network as a whole. This 

could be further improved to considering the whole University campus. This would give 

an opportunity at investigating the performance of the network for the Wide Area 

Network (WAN) technologies. 

Another area of research would be investigating the QoS parameters of the 

network using the IPv6 version which has better QoS support features but still has to be 

finalized by the IETF. 
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APPENDIX 

Opfimized Network Engineering Tools (OPNET) provides a system which is 

capable of simulafing communicafions networks. The OPNET program is a window-

based program which uses the MIL3 graphical user interface (GUI) and provides for an 

interactive applicafion software. OPNET uses windows, dialog boxes, buttons and 

scrollbars and uses the workstation mouse for input purposes. The performance of the 

modeled systems is analyzed by performing discrete event simulation. The package 

consists of a number of tools, each one focusing on particular aspects of modeling tasks. 

These tools can be categorized into three major categories that correspond to the three 

phases of modeling and simulafion projects: Specificafion, Data Collection and 

Simulafion, and Analysis. These three phases are conducted in sequence. 

A.l Specificafion Editors 

OPNET supports model specificafion with a number of tools or editors that 

capture the characterisfics of a modeled systems behavior. The model specificafion 

editors are: Project, Node, Process, Link Format, Packet Format and PDF (Probability 

Density Format). A brief description of each of these editors follows. 

• Project Editor 

Used to develop network models. These network models constitute of subnets and 

node models. This editor also includes basic simulafion and analysis capabilifies. 
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• Node Editor 

This editor is used to develop node models. These node models are objects in a 

network model. Node models are made up of modules with process models. 

• Process Editor 

Develops process models. Process models control module behavior. 

• Link Editor 

Create, edit, and view link models 

• Packet Format Editor 

This editor formats packet models. Packet format dictates the stmcture and order 

of information stored in a packet. 

Each editor has its own specific set of objects and operations that are appropriate 

for the modeling task on which it is focused. The Project Editor makes use of node and 

link objects; the Node Editor provides processors, queues, transmitters, and receivers; and 

the Process Editor is based on states and transitions. 

A.2 Modeling Domains 

The Network, Node and Process modeling environments are also referred to as 

the modeling domains of OPNET, since they involve all the hierarchical levels of a 

model. 

• Network domain 

The Network Domain is used to define the topology of a network. The 

communicafing entities in a network are called nodes and the capability of each node is 
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defined by designating their model. The network model can use any number of node 

models. 

The basic object used to build network models is the fixed communicafion node. 

In case of OPNET Modeler, this is the only type of node available. These fixed nodes can 

be assigned arbitrary locafions, but during the simulafion process their positions do not 

change. 

The nodes in the network require the ability to communicate with the other nodes 

in the network model. Several different communication link architectures have been 

provided to interconnect the nodes in the network. 

To break down the complexity of the network, the network can be divided to form 

a subnetwork. A subnetwork is a subset of a larger network's devices that forms a 

network in its own right. These subnetworks can be connected by different types of 

communication links, depending on the type of subnetwork. These subnetworks can be 

nested to an unlimited depth to constmct network topologies. Thus, one can form 

networks of subnetworks, which in tum are formed of other subnetworks, and so on. At 

the bottom of this hierarchy, the lowest level subnetwork is composed only of nodes and 

links, but no other subnetworks. 

• Node domain 

This domain provides for modeling of communication devices that can be 

deployed and interconnected at the network level. In real worid communicafion 

equipment a node corresponds to such devices as routers, bridges, workstations, sw itches 

and so on. 
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• Process domain 

A process can be thought of as similar to an execufing software program. 

Processes in OPNET are based on process models that are defined in the Process Editor. 

The relationship between process model and process is similar to the relationship 

between a program and a particular session of that program mnning as a task. 

Only one process is executed at any fime. A process is executing when it is 

progressing through new instmcfions that are part of its process model. When a process is 

called, it is said to be invoked. A process that is currently execufing can invoke another 

process in its process group to cause it to begin executing. When this happens, the 

invoking process blocks. A process blocks by indicating that it has completed its 

processing for its current location. Once the invoked process has blocked, the invoking 

process resumes execufion where it had left off, in a manner similar to the procedure-call 

mechanism in a programming language such as C. 

OPNET's Process Editor expresses process models in a language called Proto-C, 

which is specifically designed to support the development of protocols and algorithms. 

Proto-C is based on a combination of state transition diagrams (STDs), a library of high-

level commands known as Kernel Procedures, and the general facilities of the C or C-H-

programming language. A process model's STD defines a set of primary modes or states 

that the process can enter and, for each state, the conditions which cause the process to 

move to another state. The condition needed for a particular change in state to occur and 

the associated desfination state are called transifion. 

OPNET simulations are based on a discrete-event modeling approach, where the 

progressions of the model over simulafion time is decomposed into indi\idual points 
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where change can take place. The term for each such point in time is called an e\ent. 

Each event represents a need for model to possibly effect some change in its state or 

involves making a decision. 

OPNET supports dynamic objects which are called packets, since the traditional 

application of OPNET is in communication network modeling. Packets are considered 

dynamic simulation entifies, because they are created and destroyed as the simulation 

progresses. Packets can be created in an OPNET environment by generator modules, 

which are defined as part of the node models. These modules may generate new packets 

according to stochasfically characterized pattems. The packets generated in the models in 

this work are poisson distributions with exponential interarrival time. 

As packets circulate through the various components of a system, they trigger 

actions based on the informafion contained in the packets. OPNET packets are modeled 

as individual enfities with specific data contents. Common operations that process models 

perform on packets include: creating new packets, receiving new packets, copying 

packets, extracfing field values, setfing field values, sending packets to other modules, 

enqueuing packets, dequeuing packets, and destroying packets. 

OPNET simulations are based on a discrete-event modeling approach, where the 

progress of the model over simulation time is decomposed into individual points where 

change takes place. Such a point in time is referred to an event. Each event represents a 

need for the model to possibly effect some change in its state or make some decision. 

Each time that a new event occurs, it is said to be executed by the simulation. As 

new events are executed, simulafion time increases monotonically. Because OPNET 

supports modeling of distributed systems, it allows mulfiple events to occur 

109 



simultaneously. Thus, it is possible for any number of distinct events to occur at the same 

simulafion fime. 

Since OPNET simulafions allow multiple events to occur simultaneously, they 

must also impose the constraint that all events have a duration equal to zero. Thus, 

simulation time is not allowed to progress during an event, but only between events. 

Therefore simulafion time jumps to track the time specified for each new event. 

A simulafion in progress can be viewed as a generator and a consumer of events. 

OPNET simulafions manage events with an event list. The purpose of maintaining an 

event list is to make sure that all events are executed in the proper time order. Each event 

has an associated time at which it is specified to occur. The specification of the execufion 

fime of new events is called event scheduhng. Events are scheduled at particular fimes. 

The simulafion event list maintains all of the events in time-order so that the next 

event may be readily determined when the current one has completed execution. Once a 

simulafion has begun, the event list may confinually grow and shrink as new events are 

scheduled and previously scheduled events are executed or canceled. 

The CSMA/CD implementation in OPNET Modeler is discussed below. 

• CSMA/CD 

Initially, the FSM will be in the idle state and will transition when the first packet 

arrives. The FSM always re-enters the idle state before the next packet arrives, and the 

event driven PKT_ARVL condifional is always applicable. Whenever the channel 

becomes available, any waifing packet is sent with a 1-persistent scheme. 

A system with half-duplex implements the CSMA/CD protocol in OPNET. Such 

a system has a physical interface which permits either transmission or recepfion, but not 
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both simultaneously. In case of a full-duplex capability, it becomes possible to transmit 

and receive concurrently. If a collision is detected, the node can stop the transmission and 

wait a brief period (backoff) before re-transmitfing. This sequence of events is practised 

by the commercial protocol Ethemet and is modeled in OPNET. 

The Ethemet model implemented has three processor modules, a queue model 

which performs the bulk of channel processing, and a pair of transmitter and receiver 

modules on the node level. The model is designed around layered architecture of the 

Open Systems Interconnect (OSI) model which decomposes the services between a user 

and the physical medium into layers, with each layer providing addifional services and 

value to the traveling data entity. The Ethemet model provides the functionality 

associated with the Data Link Layer also called the Medium Access La\er (MAC). The 

transmitter and receiver serve as the physical layer interface. 

The mac process handles both incoming and outgoing packets. Incoming packets 

are decapsulated from their Ethemet frames and delivered to the receiver. The outgoing 

packets are encapsulated within the Ethemet frames and sent by the transmitter. 

The node model for a 16 port Ethemet switch is shown where the transmitter, 

receiver and the mac nodes can be seen. Only a part of the switch can be seen in the 

Figure Al.l . 
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Figure Al.l Ethemet MAC model 

The figure above shows only a portion of the Ethemet sw itch. The node model 

shows the receivers and transmitters connected to the mac layer for the CSMA/CD 

implementafion. 

The process model manages the transmission and recepfion of packets. Following 

initialization, the process waits in the state TX_WAIT for the first output packet to be 

submitted. The process model for CSMA/CD in Ethemet is shown in Figure A 1.2. 
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Figure A1.2 CSMA/CD Process model 

OPNET has been employed by the leading communications organizations 

worldwide in both commercial and govemment sectors for modeling their networks. It 

has been used by organizations such as GTE, Lucent, Hughes, Raytheon and other 

companies. The applicafion of this software in these applicafions bears out the modeling 

and simulafion capabilifies of this software. 
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