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Abstract

hi this work, we propose a new scheduling algorithm (the virtual frame algorithm) for 

handling difkrent types of trafGc using an optimization technique based on the transportation 

problem with upper bounds. The proposed algorithm has independent control for bandwidth

and delay performance, by which we are able to support both real and non-real time 

applications simultaneously. This algorithm has many attractive features such as protection,

fairness, scalability, and minimum bandwidth guarantees. The proposed algorithm can work 

as a traffic shaper at the output of each switch, which reduces network congestion and data 

loss in the down stream.

The new algorithm was simulated and its per&rmance was tested using MATLAB. Four

types of traffic were simulated at the aggregation level and were used as input for testing the 

performance of the proposed algorithm. Each input traffic had its own quality of service 

requirements that expressed either a real or non-real time application.

A comparison was done between the proposed algorithm and some of the other well-known 

algorithms. It indicated that the proposed algorithm and those other algorithms under 

consideration were almost equal in providing the same quality of services but the proposed 

technique has the advantages of simple controllability as well as ease of implementation.

The main contribution of this work is introducing a totally new ^proach to model the 

scheduling problem in communication networks. The new algorithm provides a great amount 

of controllability embedded into the different degrees of freedom it possesses. The simplified 

model developed provides a very simple technique in the sense of complexity. It can be 

implemented either in software or hardware.
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Chapter 1

Introduction

1.1 Overview
Computer netwoiks are in a transient stage, turning ûom relatively slow communication 

links and data-oriented services to high-speed networks and a diverse set of services. Many 

of these services, such as voice, video, and other applications, will have very restricted real­

time constraints and will require not only high bandwidth, but a predictable "quality of 

service" (QoS) not offered by current best-efbrt services.

The large amounts of bandwidth promised by future high-speed networks may also give the 

possibility of integrating such real-time applications together with more traditional data- 

oriented services in a single uniûed network. Thus while the scaling of bandwidth to more 

than tens of gigabits per second in next generation networks will certainly have a prokund 

effect on all aspects of networking, the need to support mixed services by accommodating 

the perfarmance requirements of real-time applications raises essential issues beyond just 

bandwidth or bandwidth-delay product scaling [1].

Traditional communication network applications such as ûle transfer, electronic mail, and 

remote log-in are examples of non-real time applications, for which the performance metrics 

of interest are typically average message/packet delay and throug^iput [2].

The characteristics of real-time communication applications are different ûom those of the 

non-real time. The distinctive feature of real-time communication is the fact that the value of 

the communication depends upon the times at which messages are successûiUy delivered to 

the recipient. Typically the desired delivery time for each message across the network is 

bound by maximum delay or latency, resulting in a deadline being associated with each



message. This delay is an ^plicaüon-layer end-to-end delay constraint. If a message arrives 

at the destination after its deadline has expired, its value to the ^plication may be greatly 

reduced. In some circumstances messages are considered "perishable", that is, are useless to 

the application if delayed beyond the deadline. In effect, the messages are discarded and 

considered lost. However, some real-time applications do not require early arrival diat may 

be even considered harmftd, as it requires buffering at the receiver to achieve constant end- 

to-end delay [3].

Real-time applications are usually classiGed as either soft or hard real-time. Soft-real-time

applications can tolerate some number of lost messages, while hard-real-time applications 

have zero loss tolerance. The protocols needed to handle traffic for these two kinds of 

applications may differ dramatically. In general, soft-real time applications require less 

stringent services and allow for maximum network utilization.

Another important performance metric for real-time traffic is delay jitter, commonly 

defined as the maximum variation in delay experienced by packets in a single connection. 

For example, if the minimum end-to-end delay is 1ms and the maximum delay is 6 ms, then 

the delay jitter is 5 ms [4]. Many real-time applications, particularly interactive ones, require 

a bound on jitter, in addition to bound delay. As we will see, some methods of real-time 

communication specifically manage the jitter, while other does not. Some applications such 

non-interactive television and audio broadcasting, demand bounds on delay jitter but not 

delay. The dif&rent performance metrics and reliability requirements of real-time traffic 

suggest that network protocols and architectures previously developed for data-oriented 

communication applications may not be suitable for supporting real-time and integrated real­

time/non-real-time applications.

1.2 General goals (or real-time communication techniques
All methods of real-time communication aim to provide real-time message delivery with 

eitho" low or zero loss rates (soft or hard real-time, respectively) [5]. The following are some 

of the main required features far real-time communication:

# Efficient utilization of the network resources



# Achieving quality of service requiranents for large networks and large numbers of 

connections

* Low jitter 

« Low delay

* Integration with non-real-time services

# Adaptation to network and trafGc conditions

• Moderate buffer requirements within the network

• Low processing overhead per packet or cell within the network

13 Characteristics of real time trafBc
A large number of real-time communication applications are expected to be served in an 

integrated network. Some of these applications are multimedia conferencing, shared

workspace, remote medical diagnosis, telephony, distributed interactive simulation, audio 

and video broadcasts, and games [6], [7].

The description of sources is made easier by the fact that in many real-time applications, 

the source of the data is a sensor, which samples a physical quantity to produce a digital

signal. The sensor samples the physical quantity at regular intervals T and the data generated 

by the sensor are fed into the networks as a real-time stream [8], [9]. Many such sources can 

be approximated by one of the following three source models, as shown in Figure 1.1: 

CowaAzMf rafe Fixed size packets arrive at deterministic intervals. Certain real­

time applications, such as air trafBc control, generate data which have few redundancies and 

which are too important to be compressed in a lossy way.

FariaAk M  rafg On/Off: The source alternates between a period in which Bxed-size

packets arrive with deterministic spacing between idle periods.

fg rW k  Wl* vanaAfig j?acW  In each period, the source submits a single packet of 

variable length to the network. An example is video; different Bames may experience 

varying compression ratios for the same quality of service.



n
(a)

t n n n  n n n
(b)

(c)

Figure 1.1 Packet arrivals from (a) continuous data sources, (b) voice sources with silence interval 
detection and (c) compressed video source (P = packet size, t = time, T -  packet interval time).

1.4 Quality of service requirements for different applications
In this section, we describe a suitable way to classify trafBc types in hi^-speed networks 

Bom the quality of service (QoS) point of view. A variety of applications with diBerent 

requirements will be supported in an integrated Ashion in broadband networks [10], [11]. For 

this reason it is very helpful to categorize trafBc at the application layer as follows:

7: This trafBc is divided into two types (lA  and IB) of real-time high bandwidth 

services (RT-HBS).

%pg 7/4: Delay-sensitive isochronous higb bandwidth services (DSHB). Isochronous means 

that this call requires a Bxed higb bandwidth for the duration of the call. Examples of this 

trafBc are constant bit rate (CBR) conference video and other real-time high bandwidth CBR 

service.

7B: Delay-sensitive non-isochronous higb bandwidth service. This trafBc is also RT- 

HBS type but it is non-isochronous in that each call alternates between active and inactive 

periods, and generates a high-bandwidth data stream during the active periods. Examples of 

this type of trafBc are variable bit rate (VBR) video and LAN-LAN interconnects. This



trafBc is further divided into sub-classes. For example, VBR video and LAN-LAN calls will 

be separately grouped for admission control, bandwidth allocation, and bufGer management.

2: Delay-insensitive high bandwidth services. These are essentially non real-time bulk 

information transport services. The user may specify the extent of delay that is tolerable; 

specihed in the units of minutes, hours, or as over night delivery. There are different 

alternative overlay methods far appropriately serving this type of trafBc. Essentially the 

network transports this type of trafBc during slack periods. Hence, it calls for suitable ways 

of storing the bulk information, identifying network slack periods, and scheduling of the 

transmission. Examples of this traffic type are document images, video delivery services.

2: Low-bandwidth statistically multiplexed services (SMS). Calls of this type are delay 

sensitive with end-to-end delay requirements ranging from a few ten milliseconds to a few

hundreds of milliseconds. Examples of such traffic are packetized voice, inter-active data, 

and inquiry-response messages. All the previous traffic types requirements are shown in 

Figure 1.2 [11].

Tolerable
delay

Types

Voice, office 
automation

Type IB

LAN-LAN 
VBR Video

Etc.

Type 2

Deliver of 
video, Bulk 

data

Type lA

CBR video

Required bandwidth 

Figure 1.2 Traffic types and their delay-bandwidth requirements [11].



1.5 Thesis Objectives
The overall objectives of this research are: to investigate the techniques used for scheduling 

in communication netwoiks, to develop a new scheduling technique that is efhcient and 

simpler to implement, to evaluate the per&tmance of the new technique, and to compare it to 

the well-known schedulers.

1.6 Motivations and scope of the thesis

After surveying most of the previous work related to scheduling in communication 

networks, we classified most algorithms based on one of the following: (1) priority-based 

schemes, (2) delay-based schemes, (3) bandwidth-based schemes, and (4) bandwidth delay 

product schemes. The above-mentioned schemes are not capable of providing the required 

quality of service for all different traffic classes due to conflicting requirements. An 

optimization model should be used to develop a scheduler that can handle the conflicting 

requirements of delay, bandwidth, and loss probability.

In this thesis we choose the transportation problem model to develop a new scheduler for 

the following reasons: (1) The word “transportation” itself implicitly has the meaning of 

transferring or the meaning of switching which absolutely suites our case, (2) It has the 

required priority scheme in an optimized way, and (3) The simplicity of the solution 

methodology of such model. It is mentioned in the literature that the solution of this problem 

for small-scale problems (10-15 variables) can be done by a pencil and paper.

1.7 Thesis outline
Chapter two gives the basic information about scheduling in communication networks. The 

main principles of design as well as the important requirements needed from the scheduler 

are presented.

Chapter three provides a comprehensive survey about the most well known schedulers used 

in the area of communication. This chapter is divided into friur main parts. The frrst part 

gives the common ways of classifying the schedulers. Part two is a general overview about



the difkrent approaches and directions used in this area. A detailed discussion about the 

well-known schedulers used in WANs is presented in part three. Schedulers used in LANs 

are introduced brief by in part 6)ur.

Chapter 6 u r presents the basic background about the transportation problem model and its 

mathematical terminologies used in the literature. The transportation problem with iqyper 

bounds is discussed. The analogy between the transportation problem model and the

scheduling problem in the communication networks is introduced. At the end of this chapter, 

the proposed algorithm as well as its 5nal 6)rm is presented.

Chapter five discusses the simulation results obtained fiom the simulator and gives insight 

about the new technique in the sense that it can treat different situations very efficiently. 

Also, it explains all the other nice features of the new proposed algorithm. Comparisons

between some of the well-known schedulers and the proposed algorithm are done at the end 

of the chapter.

Chapter six gives conclusion and insight into the main contributions of the thesis. Also, 

some of the ideas about future work are discussed.

Appendix A gives some details about the stochastic processes and how the traffic presented 

in communication networks can be modeled using these stochastic processes. At the end of 

this appendix we give details about the model used for traffic generation in our simulation. 

Appendix B presents the MATLAB source code used far building the simulator.



Chapter 2

Schedulers design considerations

2.1 Introduction

Scheduling problems in general describe the phenomena of having a large number of 

entities requesting the same resource. Schedulers are responsible for handling these requests. 

This large number of entities is most likely 6)rming a queue just ahead waiting to fulhll its 

request. The 6rmation of waiting lines is, of course, a common phenomenon that occurs 

whenever the current demand far a service exceeds the current capacity to provide that 

service. In the following sections we discuss the scheduling problem in communication 

networks as well as the necessary designing considerations.

2.1.1 Computer communicatlom networks and scheduling

Computer networks allow users to share (or multiplex) resources such as printers, hie 

systems, long-distance trunks, and sites on the World Wide Web. Sharing, however, 

automatically introduces the problem of accessing the shared resources. Given a set of 

resource requests in the service queue, a server uses a scheduling discipline to decide which 

request to serve next. Scheduling disciplines are important because they are the key to fairly 

sharing network resources and to supporting performance of different applications, such as 

telephony and interactive games.

Some real-time ^)plications require a guaranteed maximum delay and cannot tolerate any 

packet loss. As an example consider a distributed process control system. In such a system, a 

message that indicates a reactor vessel is about to exceed its pressure limit must be received 

in time. Likewise, a response message that indicates the appropriate safety method to be 

taken must be guaranteed a successful and timely delivery. A lost or late message in either



case could be catastrophic. Hard real-time applications are thus intolerant to packet loss or 

delay [12].

The theory of real-time scheduling has been developed and ^yplied primarily to scheduling

of jobs on a main frame as a shared resource. For real-time communication, the link 

corresponds to the main frame as the shared resource, while packets are the units of work

requiring these resources, just as jobs must compete for use of the main frame. With this 

analogy, most real-time scheduling methods are immediately applicable to the scheduling of 

packets on a link. This discipline may be optimized for uniformity as in Round Robin (RR) 

[13], for simplicity as in first come first serve (FCFS), or for several other criteria as in 

priority-based schedulers [14].

To complete the scope of scheduling in communication networks, we define the 

schedulable region of a system as the set of points in the space of possible loads (traffic in the 

case of communication networks) for which the quality of service is guaranteed [15], [16], 

[17]. As such, this concept is a generalization of the concept of a stability calls region, that is, 

of the general concept of stability calls for finding the region in the space of loads for which 

the average time delay is finite [18], [19]. In our case, the set of constraints that determines 

the schedulable region is defined by the QoS constraints. Examples of such constraints 

include hard time delay constraints, loss probability, average throughput, and delay jitter. A 

schematic diagram for the schedulable region is given in Figure 2.1, assuming that the 

scheduler is serving three different classes of traffic.

Class II

Class I

Class III

Figure 2.1 A schematic diagram for a three class schedulable region.
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2.2 Design principles of schedulers
The main design principles that have to be considered in designing a scheduling policy 

[20] are:

# Priority levels.

# Work-conserving and non-work-conserving.

# Aggregation level of modeling.

» Service discipline for each priority level.

2J1.1 Priority scheme levels

In a priority-scheduling scheme, each connection is given a priority level. If there are n 

priority levels, and a higher-numbered priority level corresponds to a cormection with higher 

priority, the scheduler serves a packet from priority level k  only if  there are no packets 

awaiting service in levels k+l,k+2, .....n. Priorities allow a scheduler to favor packets in a 

higher priority level, giving them quicker service than those packets with lower priority level. 

These priority levels can be set in a fixed manner or dynamic manner.

2.2.2 Work-conserving and non-work-conserving

A scheduler is a work-conserving type if  it is idle only when there is no packet awaiting 

service. In contrast, a scheduler is termed a non-work-conserving if it is idle sometimes even 

if it has packets to serve. Different applications require different quality of service. 

According to the nature of the application, the designer decides which type is to be used. 

Work-conserving schedulers are mainly used to control the delay. On the other hand the non- 

work-consaving schedulers are used to control the delay jitter. The word controlling here 

simply means sometimes holding the packet or delaying the packet which is of course totally 

the opposite of quickly servicing the packet [21], [22].

2.23 The agrégation level of modeling

The third principle in the design of scheduling disciplines is the degree of aggregation to 

which individual connections are aggregated in setting their appropriate service order. At one 

extreme, the scheduler uses a single state variable to describe all connections, which must all, 

therefore, share the same quality of service. At the other extreme, the scheduler maintains a
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per-connection state, and can give difïereiü connections di@erent bandwidth and delay 

bounds. With an intamediate degree of aggregation, the schedula" treats all pawdkets horn 

connections in the same class the same way (that is, maintains per-class state). In this 

scheme, the sdieduler provides different qualities of service to (different classes, while 

connections within a class share the same service quality. Classes of service, therefore, are an 

intermediate way between pa"-connection savice guarantees and single shared service 

guarantees [23], [24].

2.2.4 Service disc^xline for each priority ievel

The fourth and the final principle in designing scheduling disciplines is the order in which 

the scheduler serves packets from connections (or aggregates of connection) at the same 

priority level. There are two fundamental choices: serving packets in the order they arrive or 

serving than out of orda according to a pa-packet service tag. With the second option, the 

properties of the schedula depend heavily upon how the schedula computes the tag, and fi)r 

example, whether or not each packet is serviced in an optimized way. Nevertheless, all the 

scheduling disciplines that serve packets in non-FCFS orda need to sort packets implicitly or 

explicitly, which results in an implementation overhead [25], [26].

The main problem with FCFS is that it services the packets according to their bufkring 

orda in most cases. This policy does not allow packets that require a Iow a delay to skip to 

the head of the queue. In contrast, if we serve in orda of service tags, we can give packets 

that require a low delay a Iow a tag value than others in the queue, which allows than  to 

jump to the head of the queue. The service tags are implemented in many ways as in potential 

function trend or the o tha stamping mechanisms. A second problem with the FCFS service 

is regarding fairness. Fairness in this case for individual connections is not provided in its 

max-min sense. Connections receive service roughly in proportion to the speed at which they 

send data into the network. FCFS service encourages an endpoint to bdiave greedily, because 

greediness in this case is rewarded to the endpoint by simply allowing it to send more and 

more data in a fasta  rate than the o tha  usas. That is very oppressive for the o tha 

coimections.
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2.3 Scheduler requirements
An ideal scheduling discipline has to fWGll four important requirements. These 6)ur 

requironents are contradictory with each other. It is very difGcult to achieve all of them 

simultaneously. The four-scheduler requirements are:

# Ease of implementation 

e Fairness and protection

# Per&rmance bounds.

# Help providing an efBcient policy 6 r  admission control.

2J.1 Ease of implementation

In high-speed networks, a scheduler must make a decision step in a very short time (in 

order of ms) to choose the next packet eligible for transmission. It is desired for the number 

of steps (operations) required for such decision is as few as possible. The discipline should be 

implementable inexpensively in hardware. If a switch is serving N  simultaneous connections, 

a scheduler that takes 0(7V) time does not scale, and we prefer a scheduler that takes 0(1) 

time. Wide area switches can serve up to 100,000 simultaneous connections. Thus, scaling is 

particularly important for wide area switches [27].

23.2 Fairness and protection

A scheduling discipline allocates a share of the link capacity and output queue bufkrs to 

each connection it serves. To give a solid definition for fairness, we call an allocation at a 

switch &ir if  the allocation satisfies a pre-set criterion. For example a well-known criterion 

called max-min is used for many protocols. This criterion can be stated in a simple fimn as 

follows: (a) resources are allocated in order of increasing demand (b) no connection gets a 

resource share larger than its demand (c) connections with unsatisfied demands get an equal 

share of the resource [28].

Protection means how the scheduler protects all connections fiom any misbehaving 

connection/connections so as not to afkct the performance they are supposed to receive. To 

put the definition in a more precise way, we say that the scheduler provides protection if it
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guarantees a minimum bandwidth to every individual connection (in fact it depends on the 

degree of aggregation) regardless of the behavior of any odier connections. For example, a

first come first serve (FCFS) discipline does not provide protection, because the mean delay 

of a source may increase if  the sum of the arrival rates over all sources increases. Thus, a

misbehaving source, by sending too fast, increases the mean delay of all other connections. 

In contrast, with Round Robin scheduling, a misbehaving source overflows its own queue, 

and the other sources are unaffected [29].

Fairness and protection are linked together in some sense. The relationship between 

fairness and protection is that a fair scheduler automatically provides protection, because it 

limits a misbehaving connection to its fair share. However, the converse needs not to be true. 

For example, if connections are policed at the entrance to the network (that is, the network 

forces them to conform to a pre-declared traffic pattern) they are protected fi*om each other, 

but their resource shares may not be fair.

2 3 3  Performance bounds

The third main requirement of a scheduhng discipline is that it would permit a network 

operator to guarantee arbitrary per-connection perfi)imance bounds. An operator can 

guarantee performance bounds for a connection only by reserving some network resources, 

either on-the fly, during the call establishment phase of the connection or in advance. Since 

the amount of resources reserved for a connection depends on its traffic intensity, 

guaranteed-performance connections must agree to limit their usage. The relation between 

the network operator and the user can be seen as a legal contract; the user agrees that its 

traffic will remain within certain limits, and, consequently the operator guarantees that the 

network will offer the connection’s demands. Note that for the operator to meet the 

connection’s demands it has to have full control through many schedulers in tandem. In 

heterogeneous networks this assumption is yet impossible, since different parts of the 

network may have different scheduling disciplines. Thus up to date guaranteeing end-to-end 

perfi)rmance bounds is a hard problem, and an area of active research [27], [30].
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There are main four performance bonnds used in the literature. They may also be called the 

quality o f service (QoS). These four bounds are the: bandwidth (throughput), delay, delay- 

jitter, and packet loss probability.

23.4 Help providing an efBclent policy for admission control

A scheduling discipline should help in permitting easy admission control. A switch 

controller should be able to decide, given the current set of connections and the descriptor for 

new connections, whether it is possible to meet the new connection's performance bounds

without disturbing any of the existing connections. Moreover, the scheduling discipline 

should not lead by any means to underutilizing the network resources. For example, with first 

come first serve (FCFS) discipline, we can give all connections a worst-case-delay bound by 

restricting the number of connections and the largest burst size that each coimection may

send. However, this typically results in an underutilizing the system resources [29], [31], 

[32].
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Chapter 3

Survey of previous work

3.1 Introduction
In the scheduling area of research there are many deGnitions and acronyms, some of them 

sometimes have very close meaning. We try to make clear what is meant by these terms on 

the spot. And, it should not be confusing for the reader that sometimes the analysis of the 

subject is taken 6om certain point of view, while in some other places the analysis o f the 

same subject is made 6om a different perspective.

This chapter is divided into four main parts. Part one presents the important ways of 

classifying schedulers in general (section 3.2). Part two gives some of the main directions 

and approaches that have been proposed in the scheduling area (sections 3.3 to 3.5). Part 

three focuses on the mathematical and implementation details of some of the well-known 

schedulers (sections 3.6 and 3.7), to compare and contrast these disciplines since they are 

closely related. In part four, a brief discussion of some of the techniques that have been 

implemented far the local area (LANs) networks is presented (sections 3.8 to 3.11). This 

final part is presented basically because the WAN that is our main concern is a large number 

of LANs connected together through the whole network. So we need some basic information 

about the LANs.

3.2 The most common scheduler classifications in communication networks
The most common ways used to classify schedulers in the literature are:

1) Prioritized and fair queuing schedulers

2) Latency-rate schedulers, rate-proportional schedulers, and trafhc-reshaper schedulers

3) schedulers and the scAgcWer-bngaf schedulers.
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3^.1 PHorWzed and fair queuing schedulers

In prioritized and fair queuing schedulers [21]-[23], [25], [30], [31], [33], [34] priorities

may be designated by the end-user, or may be assigned according to some properties of the 

packet, such as the arrival period or deadline. In addition, priorities may be statically 

assigned for all packets in a connection, or may be assigned dynamically at the time of 

arrival of a packet. The scheduler may enforce priorities at the completion of the current 

transmission, or may elect to preempt an active transmission in favor of a newly arrived 

packet.

Prioritized queuing is generally done by sorting packets into different service classes and 

assigning delivery priorities, drop priorities, and so forth, to each service class. For instance, 

the assured forwarding (AF) specification is defined as a set of 12 service classes; four AF 

classes with three packet drop precedence each [21], [25]. A packet’s class is indicated by the 

value found in the IP packet distributed service (DS) field (also known as the Type-of- 

Service [TOS] or Traffic Class Octet) in the IP header. An AF class based queuing system 

maps a packet’s DS field onto AF class, which it uses as the key to order IP packet delivery.

The alternative, known as fair queuing, is designed to ensure that all users of a router are 

treated approximately equally. Without appropriate safeguards, an abnormally aggressive 

stream of packets coming from a single source can drown out more conservative sources, 

which will thus suffer abnormally large packet delivery latencies, packet drops, and low 

effective bandwidth. In one form, the router identifies each packet flow and uses packet-by- 

packet Round Robin (PRR) scheduling to deliver one packet from each flow in turn, 

provided that a packet is available. Given the difficulty of maintaining information for all 

flows through a router, many variations of this basic algorithm have been devised.

3.22 Latency-rate schedulers, rate-proportional schedulers, and trafRc-reshaper 

schedulers

The second way of classifying schedulers is by dividing them into three main sub- 

categories that are Latency-rate schedulers (LR), rate proportional schedulers, and traffic- 

reshaper schedulers [24], [26]-[28], [35]-[37].
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The analysis of schedulers provides a means to describe the worst-case behavior o f a 

broad range of scheduling algorithms in a sinq)le and elegant manner. For a scheduling 

algorithm to belong to this class, it is only required that the average rate of service offered by 

the scheduler to a busy period, is at least equal to its reserved rate. Most of the known w oik-

conserving schedulers, including Weighted Fair Queuing (WFQ) also known as Packet-by- 

packet General Processor Sharing (POPS), Virtual Clock (VC), Self-Clock Fair Queuing 

(SCFQ), Weig)ited Round Robin (WRR), and DeGcit Round Robin (DRR), exhibit this

property and can therefore be modeled as ZR-schedulers.

The behavior of an LR scheduler is determined by two parameters, © the latency and p  

the allocated rate. The latency of an ZR-switch is the worst-case delay seen by the Grst packet 

of the busy period of a session, that is, a packet arriving when the session's queue is empty. 

The latency of a particular scheduling algorithm may depend on its internal parameters, its

transmission rate on the outgoing link, and the allocated rates of various sessions.

The rate proportional switch includes Starting Potential Based Fair Queuing (SPFQ) [27], 

and Frame Based Fair Queuing (FFQ) [28]. These severs are sharing one common 

philosophy that is based on isolating the users that gives rise to ideal delay and disturb the

fairness behavior of the scheduler.

The trafBc-reshaper schedulers are those that have a reshaper 6)r the Gows entering the 

switch and these reshapers are considered themselves as a part of the scheduling algorithm 

itself One weU-known reshaper is token bucket. A token-bucket reshaper (regulator) 

regulates linear bounded arrival processes (LBAP) that can be characterized by a linear

function that includes two parameters,© and p, so that the number of bits transmitted in any 

interval of length f -F o  . Here p corresponds roughly to the long-term average rate

allocated by the network to the source (which may be substanGally larger than source's true 

average rate), and o the longest burst a source may send, given the choice of p, while still 

obeying the LBAP descriptor.
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Intuitively, the regulator collects tokens in a bucket, which 611s np at a steady drip rate. 

Each token is eSecdvely permission 6 r  the source to send a certain number of bits into the 

network. When a packet arrives at the regulator, the regulator sends the packet if the bucket 

has enou^ tokens. Otherwise, the packet waits either until the bucket has enough tokens or 

until the packet is discarded. If the bucket is already 6dl of tokens, incoming tokens over6ow 

are not available to hiture packets. Thus, at any time, the largest burst a source can send into 

the networks is roughly proportional to the size of the token bucket.

In other words, a token bucket collects Exed size tokens in a token bucket and permits 

transmission of a packet only if the sum of the token sizes in the bucket adds up to the 

packet's size. Figure 3.1 shows a schemadc diagram for the token bucket construction. Upon 

departure, the regulator gets rid of tokens corresponding to the packet size 6x>m the token 

bucket. The regulator periodically adds tokens to the bucket (at a rate p). However, the 

bucket overflows if  the number of tokens crosses some threshold, called its depth, o. A token 

bucket limits the size of a transmitted burst to a little more than the bucket’s depth (since 

tokens may arrive while the bucket's worth of packets are being transmitted), and over the 

long term, the rate at which packets depart the regulator is limited by the rate at which tokens 

are added to the bucket. The regulator delays a packet if it does not have sufBcient token 6)r 

transmission. Typically, we initialize the bucket to be full. We can simply consider the token 

bucket reshaper as a trafSc light signal 6 r  the trafBc to 6ow 6om certain sources to the 

switch. It is a very powerful tool in controlling the traffic flow through the whole network.

Tokens arrive periodically
P

Token Bucket

Input

Data
Buffer

^  OuQmt

Figure 3.1 Token bucket regulator [20].
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3J1.3 Rate-based schedulers and the scheduler-based schedulers

The third way of classifying schedulers (the most convenient one) is by dividing the 

algorithms into two main categories, the schedulers and the fcAegfu/er-bofecf

schedulers [29], [32], [38].

Rate-based schedulers include Hierarchical Round Robin (HRR), Weighted Fair Queuing 

(WFQ), named also as packet Generalized Processor Sharing (PGPS), and Rate-Controlled 

Static Priority (RCSP). In these types of schedulers the quality of service requested by a

connection is translated into a transmission rate or bandwidth. There is a predefined set of 

allowable rates, which are assigned static priorities. The designated bandwidth guarantees a 

fixed maximum delay for each packet in that rate class, i.e., this policy gives an upper bound 

on the delay that may be experienced by the specified packet (connection). We should notify 

the reader that some algorithms have been mentioned in both types of classification (2) and 

(3). For instance, fair queuing is mentioned in both types depending on the particular 

feature/features under consideration. Sometimes there is some kind of overlap between some 

of the feature/features.

Schedule-based schedulers include Earlier Due Date for Delay (EDD-D), Earlier Due Date 

for Jitter (EDD-J), Smallest Response Time (SRT), and Preemptive Cut Through (PCT). 

These types of schedulers, instead, analyze the potential interaction between packets of 

different connections, and determine if there is any possibility of a deadline being missed. 

Thus, priorities are assigned dynamically based on a deadline. Rate-based schedulers have 

the advantage of simple implementation, while scheduler-based schedulers allow bandwidth, 

delay, and jitter to be independently allocated.

33  Scheduling trends and trafBc classes
A number of proposals have been put finth to provide network support fi)r diverse 

application requirements. Generally, a priority mechanism gives priority to traffic with 

deterministic delay bounds, followed by trafBc with statistical bounds, and finally best effort 

trafBc. Priorities also simplify the decision of whether to accept a new connection or not.
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Tenet approach [19], [39] aims to provide connection-speGiûc QoS, divided into three 

classes of guarantees: deterministic with delay and delay jitter bounds, statistical (delay 

bounds with acceptable delay-loss probability), and best effort. At each node, trafBc is 

processed by multi-class earliest due-date scheduling, with class priority decreasing 6om 

deterministic to best eSbrt trafBc. Admission control is based on peak rates and average rates 

for connections with statistical guarantees. Connections are set up through the real-time 

channel administration protocol (RCAP) [40], while data are transported in IP-like packets 

with added channel identifier and jitter correction factor.

Sriram [11] mixed the notions of trafBc classes and per-connection guarantees in a round- 

robin scheduler. High-bandwidth CBR connections with stringent performance requirements 

use their own queue with individual time slice assignments, whüe other coimections may be 

combined into a single assignment. Connections are admitted if a model based on on/ofF 

sources approximated by the first two moments predicts sufficient QoS.

Clark et al. [14] proposed a three-level hierarchy: guaranteed, predicted, and best efb rt 

service. A connection requests a particular rate based on the worst-case queuing it can accept. 

The connection will be accepted if there is sufBcient remaining capacity at every link along 

its path to accommodate its assigned rate. Predicted service uses the bandwidth not allocated 

to guarantee service; admission control for predicted service is not precisely defined. 

Predicted service uses FIFO+ scheduling with several priority classes to reduce delay 

variance for multi-hop connections. Best effort trafBc is assigned the lowest priority, 

isolating all other classes of trafBc fiom it. Cladc advocates reserving a fixed bandwidth for 

this class.

3.4 Different approaches for statistical guarantees on delay and loss for soft 

real-thne applications
For soft real-time applications, a number of researchers have advocated statistical 

guarantees on packet loss and on servicing these applications regarding connection-level. 

These methods are based on three main techniques, source-based, bounding, and observation- 

based qiproaches.



21

3.4.1 Source-based approaches

In the source-based approach to providing QoS guarantees [41], [42]; trafBc sources at the 

network's edge and within the network are characterized by relatively "simple" models. An 

example of such a source is the on/off voice source [41], [42], [43]. So as to determine 

whether or not the multiplexed sources will receive their required QoS, the queuing behavior 

of the multiplexed trafBc sources is then analyzed. In [41], the QoS parameter of concern is 

the packet loss; in [40] the parameter of concern is the delay.

One advantage of this qxproadh is its simplicity that makes it well suited far real-time, on-

line implementation. For example, the connection admission control mechanism based on the 

approximate QoS scheme described in [41] executes the algorithm used with a very small 

number of computation operations.

3.4.2 Bounding approaches

The bounding approach explicitly considers the effects of multiplexing on a connection 

traffic characteristic, and hence its performance, as the traffic passes through various 

multiplexers. In [17], no special assumptions are made about the actual cell interarrival times, 

as is done in traditional queuing analysis. Instead, for each connection, a random bound on 

the number of arrivals in any interval of time of length t  is specified, typically far a set of 

values for k. Given these stochastic bounds on traffic at the edge of the network, bounds 

could be computed for each connection after it passes through each multiplexer along its path 

in the network. In that work, performance bounds on the per connection distribution of delay 

are computed for a sample 27-connection 13-node network, and are shown to be tight for 

some traffic parameter values but quite loose for others.

The most important note about this approach is its reliance on the ability to bound the 

maximum length of each queue's busy period for a given set of traffic speciftcations. If this 

condition is not satisfted, no bound can be computed, even th o u ^  it may be known using 

classic queuing analysis that the queues themselves are stable.
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3.43 ObservaÜon-based approaches

This approach depends on knowing previous history of the network. The measurements of 

certain types of trafBc sources are used to identify an arriving connection and in determining 

the connection acceptance decision. The main advantage of this approach is that the 

connection does not have to specify its trafBc parameters. However, the connection must 

belong to one of the known classes, and its trafBc must, presumably, correspond to the 

characteristics of that class if  the guarantees are to be satisBed [14], [15], [44].

In the on-line approach described in [14] the bandwidth requirements o f already admitted

token bucket controlled connections are determined from the current measured behavior of 

these connections rather than the traffic parameters declared by these connections when they 

arrived to the network. This measured behavior, together with the declared parameters of an 

arriving connection, are then used in making a decision for the connection 

acceptance/rej ection decision for the incoming connection. The main point that has to be 

recognized for this approach is that the QoS requirements are not guaranteed, but instead 

they are a kind of predicted guarantees. The great advantage for these approaches is that the 

network is often fully utilized. The main disadvantage of these approaches is that it is based 

on estimation, which can be inaccurate.

3.5 The Effect of different policies on the performance
In this section, we discuss how the different policies affect the performance of the 

scheduling process with respect to the classes of services being serviced. Priority policies 

(static or dynamic): These policies affect the order of service and determine which packets

get discarded when the buffer fills up [45], [46].

In [1] Awater and Schoute investigated the combined low-delay low-loss effect through 

dynamic programming. When the buffer fills, the oldest low-delay packet is replaced. For a 

slotted system with Bernoulli arrivals, they found that a threshold policy performs best, with 

service priority given to the low-delay packets as long as the number of low-loss packets is 

below a given threshold, where the threshold depends on the desired tradeoff between loss
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and delay. Several different scheduling algorithms &r providing varying degrees of priority

to real-time were examined in [47].

Laxity-based policies such as the asynchronous time-sharing system (ATS) [15] also offer 

a trafBc class suitable 6)r soft-real time sources. In the MARS scheduling algorithms, the so- 

called class n  trafBc gets the slots in a round-robin cycle not needed by class I (delay 

bounded) trafBc. Within the class II trafBc, the scheduler again delays packets as long as

possible without violating their delay constraint.

Deadline-based policies divide the end-to-end deadline into per-node deadlines. In many 

real networks, however, only a subset of nodes is congested and has trouble meeting packet 

deadlines. Thus to increase node utilization and to reduce the delay variance, it has been 

suggested [48], [49] to use the laxity divided by the number of hops left to travel as the 

scheduling criterion. The metric also has the advantage that it readily gives the same delay 

performance to connections with large and small number of hops. The method has the 

disadvantage that the laxity measure for all packets in the queue (or at least the first few) has 

to be recomputed at every scheduling instant.

3.6 Review of the most common schedulers
The key point to understand the majority of schedulers lies on understanding the 

hypothetical fluid-flow system known as the Generalized Processor Sharing (GPS) [50]. GPS 

is characterized by positive real numbers, Li, L2, ...., L„. The switch serves all of the 

nonempty queues simultaneously at a rate proportional to their reserved weights. A flow is 

called backlogged whenever it has data in its queue. Let Si(T,t) be the amount of flow i trafBc 

served in interval {t,i\. Then, for any two backlogged flows i,j in the interval {r,f\, the 

Allowing relation holds:

,;=A% ....n (3.1)
I ;

Where n is the total number of Bows sharing the GPS server. GPS is hypothetical because it 

can serve n flows simultaneously treating each one as inBnitely divisible fluid. The most
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natural way of approximating this discipline in the dfgiml worW would be bit-by-bit 

W ei^ted Round Robin (WRR), or more practically packet-by-packet WRR far some very

small uniform packets.

Another way of approximating GPS in the real world is simulating it in parallel, that is,

computing the time a packet would complete service had it been served by GPS, then serving 

packets in order of computed completion times. This is the well-known Weighted Fair

Queuing (WFQ) algorithm [30], and other time stamping algorithms do for emulating GPS.

The GPS scheduler has a main drawback: the scheduler has to keep track of each 

connection and update a variable according to the reservation and traffic pattern history of 

each connection for each packet and later timestamp each packet with an index indicating 

their virtual finish times. The complexity of this process for emulating GPS makes Weighted 

Fair Queuing WFQ impractical to implement on high-speed networks. Figure 3.2 shows 

some of the different algorithms that were inspired by the GPS. They can be divided into 

clusters. Each cluster started with one basic algorithm or one basic philosophy. The rest of 

the algorithms in the same cluster are derivatives after making a slight modification to the 

basic algorithm [51]. In the following sections we review some of the common schedulers 

that are based on the hypothetical GPS model.

WRR VCURR WFQ D-EDDHRR

J-EDD

Round Robin

GPS

Stamping function & potential function

Figure 3.2 Emulation of the most well-known schedulers in communication networks.
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We will compare six algorithms, three work-consevmg which are Fair Queuing (FQ) [30], 

Virtual Clock (VC) [31], and Delay Earliest-Due Date (Delay-EDD or EDD-D) [40], and 

three non work-conserving which are Jitter Earliest-Due-Date (Jitter-EDD or EDD-J) [12], 

Stop-and-Go (S&G) [27], and Hierarchical Round Robin (HRR) [36]. For the sake of 

comparison, a description of how each algorithm works is presented, fallowed by the trafBc 

models used far studying each algorithm. Then, intensive mathematical comparison is done 

between the difkrent algorithms. Finally, we discuss the implementation issues far these 

algorithms.

3.6.1 Fair Queuing, Virtual Clock and Delay-EDD

The aim of Fair Queuing is simple: if N channels share the output link, then each channel 

should get 1/N of the bandwidth, with the provision that if any channel uses less than its 

share, the slack is equally distributed among the rest. This can be achieved by doing a bit-by- 

bit round robin (BR) service among the channels. Channels can be given different fractions 

of the bandwidth by giving them weights; a weight corresponds to the number of bits the 

channel receives per round of BR service. In Virtual Clock, each packet is allocated a virtual 

transmission time, which is the time at which the packet would have been transmitted were 

the server actually doing time division multiplexing. In Delay Earliest-Due-Date, each packet 

is assigned a deadline, and the packets are sent in order of increasing deadlines.

3.6.2 Jitter Earliest-Due-Date, Stop-amd-Go and Hierarchical Round Robin

The Jitter-EDD scheduler extends Delay Earliest-Due-Date to provide delay-jitter bounds. 

In this scheduler, a packet is stamped with the difference between its pre-calculated deadline 

and the actual finishing service time. A regulator located at the entrance of each switch holds 

the packet for the period calculated in the previous step befare the packet is made eligible to 

transmit. A Stop and Go scheduler target is mainly to maintain the 'smoothness' property of 

the trafBc as it traverses the network. Time is divided into frames. In each frame time, only 

packets that arrived at the switch in the previous frame are sent. The Hierarchical Round 

Robin scheduler has several levels. Each level offers round robin service far a frxed number 

of slots. Each channel is allocated a specifred number of slots.
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3.63 TrafBc models used for the schedulers under consideration

The scheduling problem requires that the clients should specif their trafBc parameters, so 

that each switch can reserve sufBcient resources. In Virtual Clock, Stop-and-Go, and 

Hierardiical Round Robin a transmission rate AR averaged over an interval AI is given. In 

the fallowing analysis. Fair Queuing is assumed to have the same trafBc parameters just far 

comparison.

Delay Earliest-Due-Date (Delay-EDD) and Jitter Earliest-Due-Date (Jitter-EDD) have a 

different model than the one used above which uses three parameters. These three parameters 

are Ami», which is the minimal packet interarrival time, which is an average packet 

interarrival time, and /, which is the interval over which Xave is computed. The two 

parameters Xmin and Xave are used to characterize bursty traffic and to offer statistical 

guarantees [52], [53].

We should relate the two traffic models mentioned together. In EDD disciplines a switch 

uses Xave to do bandwidth allocation, and to ensure that delay bounds can be met. We 

can assume that Ajnm is equal to . Then the f)llowing correspondence holds:

(3.2)
Y rain

3.6.4 Mathematical analysis and comparison among work conserving schedulers

In each of the Fair Queuing, Virtual Clock, and Delay-EDD, at each switch, there is a state 

variable associated with each channel to monitor and enf)rce the rate far that channel. In Fair 

Queuing, it is called Finish Number (F); in Virtual Clock the variable is called auxiliary 

Virtual clock {auxVC)\ and in Delay-EDD it is called Expected Deadline (ExD).

In all three cases, wccFC, F, and FcD are used as priority indices of packets; packets are

served in the order of increasing priority index. The computation of these indices is shown in 

Table 3.1. The subscript i is the channel number, the superscript k is the switch number and 

(J* is the local delay bound assigned to the channel at channel establishment time. The delay 

bound is the maximum allowed difference between the arrival time and departure time of a
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packet Êom the switch for the channel. In Virtual clock Delay-EDD, is the packet 

arrival time; in Fair Queuing, is the number of rounds that have been completed &r a 

hypothetical bit-by-bit round robin server at switch t , n, is the w ei^ting factor, and f  , is the 

packet length measured in number of bits. In Virtual Clock, FWck, is the average packet 

interairival time.

Virtual Clock Fair Queuing Delay-EDD

max(v4T,mccFC*) f;*+-max(E*,F;*) ExD  ̂ <r— ExD. +  ATmin.

mocFC* <— -F FWck, ExZ^ 4- max(^T -F (f*,ExD*)

Stamp packet with ouxFC* Stamp packet with F/‘ Stamp packet with ExD*

Table 3.1 Comparison ofVirtual Clock, Fair Queuing and Delay-EDD [53]. 

Virtual clock and Fair Queuing are eompletely equivalent

Vtick, <=> —

(3.3)

(3.4)

(3.5)

If we combine and compare the two state equations for both Virtual Clock and Delay-EDD, 

we have

* In Virtual Clock,

*— max(y4T +  -FFWct,) (3.6)

# In Delay-EDD,

^  max(^T-F(f*,ErD* -FA"^ ) (3.7)

We have the following mapping

(3.8)

(3.9)
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In Delay-EDD, is the minimum packet interairival time and is the local delay 

bound. In Virtual Clock, FHcA} is the average packet interairival time. It is clear that we 

have two m ^or diffierences:

1-Delay-EDD imposes the restriction of minimum spacing between packets, while Virtual 

Clock does not. 2-Delay-EDD decouples the delay and bandwidth requirements by using 

both and (f*, while Virtual Clock has counterpart FMctf.

The two difkrences are the reason why Delay-EDD, in coiqunction with the establishment

and admission control scheme described in [40], can provide both delay and bandwidth 

guarantees, while Virtual Clock can provide only bandwidth guarantees.

Virtual Clock has a mechanism to handle priorities. In this case channels with higher 

priority will get lower delay. However, without imposing minimum spacing between packets 

and a priority allocation scheme similar to the delay bound allocation scheme in [40], Virtual 

Clock cannot provide deterministic delay bounds.

3.6.5 Delay-EDD and Jitter-EDD

The comparison between Delay-EDD and Jitter-EDD is shown in Table 3.2. It should be 

mentioned here that we are using difkrent notation than the one used in Table 3.1 6)r the 

state equations, but it can be shown that they are equivalent. The variable is the

expected arrival time of the coming packet. It is related to ExD* ofTable 3.1 by:

ExD*4#^Ex/i,*+Z^^ (3.10)

The variable is the amount to time the packet arrives ahead of schedule at the current 

switch.

There are two major differences between Delay-EDD and Jitter-EDD:

1-There is one more term in calculation of Ahead in Jitter-EDD: PreAhead. PreAhead is a 

value carried 6om the previous switch; it tells the switch how much packet is ahead of 

schedule with respect to the previous switch, i.e., the difkrence between the deadline and the

actual finishing time of the packet in the previous switch.
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2- Jitter-EDD holds the packet for units of time, and then calculates its deadline and 

hands it to the scheduler, while Delay-EDD extends die deadline by time units and 

hands the packet immediately to the scheduler.

Delay-EDD Jitter-EDD

^m ax(E r4* 4 -% ,^ ,,^ r)

Deadline AT  -f Ahead -f 

Stamp packet with Deadline

^  max(Ex/4,* +  T ) 

+-max(Ex/4^ — .^r,Prg/4AgwJ)

Hold the packet for Aheadtime 

Deadline <— AT +  Ahead -f df 

Stamp packet with Deadline

Table 3.2 Comparisons between Delay-EDD and Jitter-EDD [53].

The Jitter-EDD has the following properties:

1-The trafBc pattern of a channel is preserved at each switch in spite of network load 

fluctuation; if  the trafBc 6om a channel obeys the ^  speciGcation at the entrance of the 

network, then this trafBc will also obey ( 3 ^  ^  at each switch.

2- Let switch 0 be the source, be the local delay bound assigned to channel i at switch h 

and rf be the service time of the packet at switch h. If a packet from channel i enters the 

network at time EnierTYme, the earliest time it can arrive at switch t  is

E/rTerTY/Mg -f ̂  -t- the earliest time and the latest time the packet can leave the

switch are EnterTime +  y ^  and EnterTime +  /  ] respectively.
h—Q h=Q

3- Property 2 implies that the maximum residence time of a packet on channel r at switch ^ is 

The packet service in Jitter-EDD is described in Figure 3.3.
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Figure 3.3 Packet Service in Jitter-EDD [53].

3.6.6 Jitter-EDD compared with the three work conserving schedulers

It should be noticed that the three work conserving disciplines: Fair Queuing, Virtual clock, 

and Delay-EDD, do not have explicit properties similar to the three properties o f the Jitter- 

EDD. But, in some sense they have parallel properties to the previous three properties of the

Jitter-EDD. These parallel three properties are:

1- For all three-service disciplines, even if the trafBc pattern of a channel obeys an average 

rate bound at the entrance of the network, a switch may face a higher instantaneous input rate 

over that channel due to network load fluctuations.

2- For Delay-EDD, if  a packet Bom channel ; enters the network at time EnterDme, the

earliest time it can arrive at switch ^ is EnterTïme +  ; the earliest time and the latest

K ft
time it can leave the switch are EnterTime +  ̂ / f  and EnterTime +  , respectively.

/i= 0 h~Q

Since Virtual clock and Fair Queuing do not provide a worst-case delay bound, they do not 

have a similar property.

3- For Delay-EDD, the maximum residence time of a packet on channel ; in which A:
k-\

A=0 h=Q
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3.6.7 Stop-and-Go and Hierarchical Round Robin

Both Stop-and-GO and HRR use a multi-level framing strategy. In both Stop-and-Go and 

HRR, the time axis is divided into periods of length T, each called a 6ame. Bandwidth is 

allocated to each channel as a function of the 6ame time.

Stop-and-Go deSnes departing and arriving ûames for each link. At each switch, the 

arriving 6ame of each incoming link is mapped to the departing hrame of the output link by 

introducing a constant delay ^  where 0 < 6 < T . All the packets 6om one arriving 6ame of 

an incoming link and going to output link / are delayed by ^ and put into the corresponding

departing frame of I. According to the Stop-and Go discipline, the transmission of a packet 

that has arrived on any link I during frame/should always be postponed until the beginning 

of the next frame. Since packets arriving during frame /  of the output link are not eligible fr)r 

transmission until the next frame, Stop-and Go is a non-work conserving service discipline.

Within each frame, the service order of packets is arbitrary.

One level HRR is equivalent to a non-work conserving round-robin service discipline. Each 

channel is assigned a fraction of the total available bandwidth, and receives that bandwidth in 

each frame, if it has sufBcient packets available fr>r service. The switch ensures that the 

assigned bandwidth is also the designated service rate frar that channel in each frame. This 

means that, in a frame, after providing a charmers bandwidth allocation, even if the switch is 

available and more packets from that chaimel are queued frrr transmission, the packets will 

not be served until the next frame. Since these extra packets are not eligible frrr transmission 

until the next frame, HRR is a non-work conserving service discipline. Within eadi frame, 

the service order of packets is arbitrary.

Stop-and-Go has the Allowing properties that are parallel to the properties given befrrre for 

the Jitter-EDD which are as follows:

1- If at the entrance of the network the traffrc for a certain chaimel obeys the average rate 

constraint, the traffrc will obey the same constraint throuj^out the network.
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2- If a packet 6om channel f enters the network at time EnferTïme, the earliest time it can
k~\

arrive at switch t  is EnferDme +  ̂  -  2)T ; the earliest time and die latest time it can
A=0

k k

leave switch t  are EnterZime+ 0 ^ ^  +  ( t  —1)7 and Enferrime+ ^ 0̂  4- tT  respectively,
ft—0 ft=0

where switch 0 represents the source and 6* is the synchronizing time between the input link 

and the out link at switch ft, 0 < < T .

3- Property 2 indicates that the maximum packet residence time at switch k is: 2T+^.

HRR posseses the following properties:

1- If the trafhc 6om a channel obeys, at the entrance of the network, the average rate

constraint, the traffic will obey the same constraint at each switch. If the traffic rate is higher 

at the entrance, the first switch will smooth out the traffic, and the traffic of the channel will 

obey the average rate constraint at downstream switches.

2- If a packet over a channel i enters the network at time EnterTime, the earliest time it can
k ~ \

arrive at switch k is EnferTÜ/w+ ^  ; the earliest time and the latest time it can leave the
h=0

k

switch are EnierTYme+ Y l f* and EnferTYmg + (^+ !)T , respectively. Here, switch 0 is
h=0

.Aconsidered to be the source, and r, is the service time of a channel i packet at switch ft.

3- The maximum packet residence time in a switch is 2T (for a three level HRR).

It should be noted that property 2 fixr HRR does not give a tight bound on the minimum 

delay that a packet can incur as in Jitter-EDD and Stop-and-GO. However, HRR does 

provide an upper bound on delay. Thus HRR provides delay bounds but not tight delay jitter 

bounds. Also, it is important to note that property 3 is derived firom property 2 fi)r both Jitter- 

EDD and Stop-and Go, while property 3 holds by itself &)r HRR due to the nature of a non- 

work conserving service discipline.
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3.7 Implementation considerations

W e have compared the service disciplines from the mathematical point of view, 

hnplementation can be done in hardware or software. The choice of data structure and 

algorithms determines the complexity of implanentation. Thus, it is hard to compare among

them due to different ways of implementations. We will briefly give the outlines of the 

necessary steps to implement the algorithms.

3.7.1 Virtual Clock, Fair Queuing, and Delay-EDD

The three algorithms have been shown to be quite similar, and their implementation is 

identical. In any of them, when a packet arrives, per-channel state has to be retrieved and 

updated. Then, the packet is stamped with a priority index and placed in a priority queue. 

When the output link becomes free, the server removes the packet at the head of the priority 

queue and sends it.

The efficient implementation of a priority queue for Fair Queuing in software has been 

investigated in [54], and the results indicated that a simple linked list is a good priority queue 

implementation. The same result of course applies to the other two disciplines.

3.7.2 Jitter-EDD

Jitter-EDD can be implemented in the same way as Delay-EDD with the addition of a 

regulator. A regulator has to delay a packet an additional amount of time in order to 

reconstruct the input traffic stream. It can do so by constructing lists of packets for each 

delay value and placing them in a calendar queue [40].

3.7.3 Hierarchical Round Robin

HRR is mainly designed to be implemented in hardware three are counters associated with 

each service level, and these are loaded at the beginning of each frame time. Transfer of 

control between levels is based on simple combinational logic operating on the values of the 

counters. The choice of the next packet to send involves only one step in the hardware, and 

can be done at very high speeds. Per-channel queuing of the data is done using custom VLSI 

[55].
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3.7.4 Stop-and-Go

Stop-and-Go can be implemented by a nnmber of FIFO queues, a service controller, a 

transmission queue and a transmission switch [56]. Each queue corresponds to a frame time 

and stores packets for channels that are allocated at that frame time. At the beginning of each 

frame time, the service controller is interrupted and it places the packets present in the 

corresponding queue (which have been collected in the previous frame time) at the head of 

the transmission queue. The switch services packets from the head of the transmission queue. 

In this way, the service of the packets from a frame of larger frame time may be interrupted, 

on a non-preemptive basis, by starting a new frame of smaller frame time.

The periodic interruption of the service controller requires a set of timers. The major cost 

associated with the implementation is in the design of timers. Another important issue 

regarding the implementation is the synchronization of the output frames at all the output 

links and introducing a fixed delay at each input link. To summarize all the previous 

discussion regarding the above-mentioned techniques that have been used to service the real­

time applications, we compare them in Table 3.3.

iVcipgrry VC FQ D-EDD SG HRR J-EDD

Throughput Guarantee Yes Yes Yes Yes Yes Yes

Delay Guarantee No Yes Yes Yes Yes Yes

Jitter Guarantee No No No Yes No Yes

Work Conserving Yes Yes Yes No No No

Table 3.3 Over-all Comparison among the different algorithms.

3.8 Scheduling in local area networks (LANs)
Scheduling messages fr)r transmission over a local area network is the function of the 

Medium Access Control (MAC). Much progress has been made in scheduling hard real-time 

messages for transmission over a local area network (LAN). The basic idea has been to 

emulate existing centralized scheduling algorithms. This is because there is already a well- 

developed theory fr)r centralized scheduling. For example the rate monotonie scheduling 

algorithm [57] was originally proposed far uniprocessor scheduling of a set of hard real-time
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tasks, but has now received attention as a basis for scheduling messages in local area 

networks. In the following sections we wiU give a brief description of the trafBc modeling 

used in handling the scheduling problem in LANs, fallowed by a short discussion about the 

algorithms used for scheduling in LANs.

3.9 TrafBc modeling
Researchers working with LANs divided the hard real-time messages into two main 

categories, synchronous messages and asynchronous messages. A distributed hard real-time 

system will typically contain both types of messages [58], [59]. There are many other 

classiBcations, but we are limiting our discussion to these two types in particular.

3.9.1 Synchronous messages

It is assumed that there are n streams of synchronous messages ,5/,.........5  ̂in the network.

A synchronous message stream 5, consists of a sequence of messages with constant 

interarrival times. Messages in a synchronous message stream are referred to as synchronous 

messages. The period Pi of stream S',- is the interarrivai time of messages in stream S,-. For a 

message M to be a synchronous message it should have the following properties:

# An arrival time, which is the time at which the message becomes available for 

transmission. The arrival time of a synchronous message is the beginning for its synchronous 

message stream.

# A length, which is the number of time units required to successfully transmit the entire 

message.

# A deadline, Dj&f, which is the time by which the message must be successfully transmitted. 

The deadline of a synchronous message is often taken to be the end of the period in which it

arrived, i.e., the arrival time of the next message in the stream.

Given a set of synchronous message streams with periods fy, f    yPn and message

lengths Ly, 2^, Lj, ,1^, the utilization of the synchronous messages streams is deBned as

p . i i )
,=i 4
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The utilization re^maaaats theiMxipcHtioii of time that will be needed for transmitting this 

set o f synchronous messages streams.

3.9.2 Asynchronous messages

In contrast to synchronous messages, asyndnonous messages have stochastic interarrival 

times and prior to their arrival the system may not have any knowledge of their timing 

characteristics [60]. Like synchronous messages, asynchronous messages may be associated 

with an arrival time, and a length, a deadline Djy. Another time constraint that has often laeeai 

used for an asynchronous message M is the laxity of the message at time t, denoted 

The laxity of the message M  is defined as the amount of time remaining before transmission 

of the message must begin if the message is to meet its deadline. That is,

=  —t — 'T (3.12)

where Lm is the length of the message and x is the propagation delay of the network.

If the average arrival rate of asynchronous messages to a network is A,, and the average 

message length is L, then the demand utilization Ua of the asynchronous messages is defined 

as

(3.13)

If the deadlines of some asynchronous messages are missed, the actual utilization may be 

lower than the demand utilization.

3.10 Protocols for synchronous messages
Three main approaches that were used to handle synchronous messages are:

1- Priority driven protocols, each message is assigned a priority (the priority is preferred to 

be based on the relative urgency of the message). The protocol then employs global priority 

arbitration to determine which message should be transmitted next. As is clear, this approach 

is equivalent to the scheduling approach used in WAN's because it uses priority concept in 

its processing methodology.
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2- Bounded access protocols, the amount of time during which a node may not have access to 

the chaimel is bounded. The protocol then employs this inArmation A guarantee 

synchronous messages.

3- Global reservation protocols, synchronous messages are guaranteed by reserving future 

access time A the channel.

Using a priority driven protocol A transmit synchronous messages is similar A scheduling

periodic tasks on a processor; both cases involve scheduling access to a serially used resource 

for a set of real-time processors. In [57], the rate monotonie algorithm is introduced, for 

scheduling independent periodic tasks on a uniprocessor. The rate monotonie algorithm 

assigns priorities to tasks in inverse proportion to their periods. Tasks with a smaller period 

are assigned a higher priority.

An important parameter that is used frequently to measure the efficiency of these 

algorithms is called the worst-case achievable utilization. A protocol is said to have an 

achievable utilization U if it can guarantee all synchronous messages from streams with total 

utilization no more than U. For the rate monotonie algorithm it has been been proved that the 

worst-case achievable utilization for a set of n periodic tasks is -1). For large n, this 

approaches ln2 which is approximately 0.69. Provided that the total utilization of a set of 

tasks is less than 0.69, then the set of tasks can always be scheduled by the rate monotonie 

algorithm. The rate monoAnic algorithm can easily handle asynchronous tasks. It has a 

relatively low runtime overhead, because task priorities are assigned during system design 

time, and at run time it only remains A preempt low priority tasks upon arrival of a high 

priority task [61], [62].

In a protocol with a bounded access time, the amount of time that elapses before a node 

gains exclusive access A the channel is bounded. Therefore, a node with a message A send 

can begin transmission of the message within a bounded amount of time. Because of this, the 

worst-case proportion of time available A a given node A transmit its message can be 

calculated. This information can then be used A guarantee synchronous messages.
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Another way to guarantee synchronous messages, without using rate monotonie scheduling 

or a bounded access time, is to reserve future access to the channel [63]. One approach is to 

maintain a global list of the future channel reservation times. When a new synchronous 

message stream is initiated at a node, the node Grst uses its local copy of the reservation list 

to determine whether the messages in the new stream can be guaranteed. If so, a control 

packet must be broadcast to all nodes to inArm them of the change in the schedule. Great 

care must be taken to guard against inconsistency between the local copies of the reservation 

list [63]. Inconsistency can arise due to transmission errors or failures on individual nodes.

Also an %Q)proach to reserving future channel access can be employed with a slotted ring

protocol such as FDDI-II [60], [64]. In a slotted ring, the ring is divided into a number of 

6xed sized slots, each capable of holding one padcet [65]. Synchronous messages may be

guaranteed by dedicating a slot in the ring to messages in a given stream. This slot will be 

reserved for exclusive use of the given synchronous message stream until such time that the 

stream is terminated. For example, this method is used by FDDI-II to handle voice traffic.

3.11 Protocols for asynchronous messages
Asynchronous messages arrive randomly during runtime and must thereAre be scheduled 

dynamically. Because Aere are usually insufBcient resources A handle all contingencies wiA 

respect to asynchronous messages, the goal in designing a network protocol for hard real- 

time asynchronous messages is A minimize the proportion of messages that miss Aeir 

deadline. The ability A handle asynchronous messages well makes a system more responsive 

A changing conditions and will be essential in Ae next generation of higibly Astributed and 

dynamic real-time systems [64], [66].

Several ^)proaches may be adopted by a protocol designed Ar Ae transmission of 

asynchronous messages, which are:

1- Optimal transmission policy. The protocol may attempt to emulate an “optimal” 

transmission policy m order A reduce Ae proportion of messages that are lost. A protocol is 

optimal if no oAer protocol can achieve a lower message loss.
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2- Multi-version messages. The protocol may use multi-version messages in order to reduce 

the proportion of messages that are lost. Multi-version messages have several versions of 

different lengths. In order to reduce message loss, a shorter version of a message may be 

transmitted when the network trafhc is h i^  (burst) or when message deadlines are ti^ t.

3- Message guarantee. The protocol can attempt to guarantee ahead of transmission time 

whether a message will be successfully sent. This gives more time for recovery action in the 

case that a message is lost.
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Chapter 4

The transportation problem and the virtual frame 
algorithm

4.1 The classical transportation problem
A wide class of optimization problems can be modeled as a transportation problem. The 

transportation problem received its name because it arises very naturally in the context of 

determining optimal shipping patterns. However, many problems having no relation with 

transportation may 6t the mathematical model h)r the transportation problem and thus be

solved by one of its simple and efficient solution procedures [67].

To illustrate a prototype of the transportation problem, suppose that /» factories supply n

warehouses with a certain product. Factory i (r=l,2,..... ,w) produces units (total or per unit

time), and warehouse y (/=1,2,..... ,n) requires 6/ units. Srçpose that the cost of shipping 6om

factory ; to warehouse y is directly proportional to the amount shipped, and that the unit cost 

is Cÿ. Let the decision variables Xÿ be the amount shipped hom 6ctory ; to warehouse,/.

The corresponding mathematical model 6)r the transportation problem is the following. 

Findxÿ (;=1,2,...., 7M;y=l,2, , n) in order to minimize
m n 

i= l j= \

subject to the constraints
n

2 2 :  = 1,2,...,m (4.2)
j=i
m

,^ ry  = l,2,...,« (4.3)
/=]
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Xg > 0, yôr a/Z ; aW  y (4.4)

It is the sinqile structure of this model, particularly that all of the constraints coefGcients 

equal either zero or one, which permits the use of a much more efScient solution procedure

than the complete simplex method. The basic procedure of examining a sequence of

constantly improving, basic feasible solutions until an optimal one is reached is the same as 

with the simplex method, but it can now be done more simply [67].

It should be noted that the model has feasible solutions only if
m n

ÿ i  ûf =  ^  bj (4.5)
j = \

This may be verified by observing that the restrictions require that both
m n m n

2 a ,  and
/=1 7=1 1=1 7=1

This condition implies that the total supply must equal the total demand when the system is 

in balance. If the problem has a physical significance and the condition is not fulfilled, it 

usually means that either a, or bj actually represents a bound rather than an exact 

requirement. If this is the case, a fictitious “factory” or “warehouse” can be introduced to 

take up the slack in order to convert the inequalities into equalities and satisfy the feasible 

condition.

If Xij represents a total amount to be shipped rather than a shipping rate, it may have 

physical significance only for integer values. Fortunately, because of the simple structure of 

the model, it can be shown that there must exist an optimal solution involving only integers if 

all Of and are integers [67], [68].

Rather than writing all of the equations involved, the model for a transportation problem is

usually written in a concise form, as illustrated below in Table 4.1. This cost and 

requirements table is sufficient to completely specify a transportation problem preparatory to 

its solution. The actual calculations are made directly on the “transportation array" which is
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similar to the one shown in Table 4.1 except that all the tenns are replaced with the 

decision variables Xg 6om each source to each destination.

Source Destination & cost per unit shipped Supply

1 2 n

1 CJI ^In a ,

2 C21 Cl? ^2n a;

m ^ml ^m2 ^mn dm

Demand b i b2 bn

Table 4.1 Parameter table for the transportation problem [68].

4.1.1 Decision variables bounds

The formulation of the upper bounded transportation problem is just similar to the standard 

transportation problem described by the set of Equations (4.1) to (4.5) except 6 r  a new

added set of bounds on the values of %  given by

fo r  all i and j  (4.6)hj — — ^ij

/ÿ is the designated lower value &r the speciGed Xÿ and Uÿ is the upper designated value for 

the same variable. The upper bounds are introduced so as not to exceed a certain maximum 

shipping amount 6)r each speciGed route between source i and destinaGony [68]. Also, it has 

to be menGoned that the lower bounds on the variables we have are not necessary to be zero 

as in the basic AmnulaGon of the TransportaGon Problem. The lower bounds can be any 

value. These lower bounds wUl be used in our work to ensure minimum bandwidGi as will be 

shown later.
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4.2 The scheduler model
The scheduler is modeled as a single server fed 6om multiple Gnite-sized queues. Time is 

divided into Games of certain duration (in our case the Game duration is set to be 1ms). The 

scheduler we propose here decides on the amount of trafhc to be sent Gom each service class 

in one Game period. The trafBcs entering the buffers are simply the superposition of each 

specific call (voice, video, isochronouse, and best-effbrt) after identifying its content in a 

previous stage. The descripGon of the server with the queues is shown in Figure 4.1.

Class I 

Class n

Class III

Class IV

Server

Out link

Figure 4.1 The scheduler model.

43  The analogy between the transportation problem and the scheduling 

problem
There are similariGes between the transportation problem and the trafBc-scheduIing 

problem. The in the Transportation Problem are analogous to the Twrnter of bits

that can be transmitted within a speciGed set of time Games. The wweAougg; in the 

Transportation Problem are analogues of the düfo m of the diffoent classes. The

challenge of the modeling in our case is how to construct the cost function that will imphciüy 

include some of the system requirements that interprets the QoS requested by each service 

class. Table 4.2 summarizes the analogy between the transportation problem model and the 

scheduling problem model. It should be noted that the bounds shown in EquaGon (4.6) would 

be used with speciGed lower limits so as to ensure minimum bandwidth allocaGons G>r the
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different classes. This is done to ensnie protection. Also, the upper bound may be set at a 

certain value to ensure fairness for all classes, and to reshape the output trafBc.

Two mfgor diSerences have to be noticed about the scheduling problon model with respect 

to the transportation model: 1) The demands which represent the packet storage in the buGers 

are simply no longer constant and depend mainly on the number of the packets arriving and 

departing. 2) The values of Cÿ that represent the cost in the transportation problem &r 

shipping one item or product to the destination are no longer constant for the scheduling 

problem, since the price that has to be paid &r transmitting one packet for the speciGed class 

depends mainly on the situations of the buffers. It will be shown in Equation (4.7) how the 

cost coefGcients are built in a dynamic way. So two parameters are changing dynamically in 

our scheduling problem, the number of packets to be serviced as well as the influence of 

these packets on each other with respect to the diSerent QoS classes. The cost coefficients 

have to reflect three main things: (1) The general system cost per transmitting one packet 

which simply expresses the speed of the output link or in other words the service rate of 

system link. (2) The mutual coupling between each class and the other classes being serviced 

regarding the maximum delay that can be withstood by each class. (3) The buffer states from 

the queue size point of view. Hence, is formulated as follows:

c , - < o X ^ r ' - x

y=i

(4.7)

where to is the time required frxr the link to transmit one byte, rj is the maximum delay 

tolerated by class y. is the number of packets in the buffer fr)r class y. ; is the frame number

( f = 0,1,2..... ,/n-l). /M is calculated with the help of Equation (4.5). a is the number of

packets that can be transmitted within one frame. There are actually many ways 6 r  which we 

can construct the values of the cost function, and the one shown in Equation (4.7) is one way 

of doing that.
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Name and/or 
Symbol

Transportation Problem Scheduling Problem

Representation Value Representation Value
Source i Factory Integer Frame i Integer

Destination j Warehouse Class j N/A

Supply gy Products of factory i Integer Capacity of frame Bytes

Demand bj Amount required by each
consumer

Integer Packets waiting for 
service in each buffer

Bytes

Xij Products from source i to 
destination j

Integer Packets transmitted 
from class j in frame i

Bytes

4- Cost of product unit from 
source i to destination j

Unit
cost

Time delay due to 
transmitting one packet
from class j

Sec/Byte

Uy Upper bounds Integer Upper bounds Bytes

h Lower bounds Integer Lower bounds Bytes

Table 4.2 The analogy between the transportation problem and the scheduling problem.

4.4 The proposed algorithm
A brief description of the algorithm is written in steps below.

Begim

1 - Cownr the bnfîer occupancy of each class at the start of each time Aame.

2- Ca/cw/ofe the number of 6ames to satisfy Equation (4.5).

3- IFwzZuare the cost coefBcients according to Equation (4.7).

4- an optimization step using any linear programming method to evaluate

5- Tywwporr 6)r all service classes for the Grst 6ame.
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6- by starting from step (1) if t < T ^ ..

End

Where T««. is a preset simulation time. The algorithm is described in brief in its tabulated 

form in Table 4.3. It has to be mentioned that w in Table 4.3 represents any number of 

classes just far the sake of illustration. In our case we are dealing with four classes. Also, we 

should mention that the Snal form of the algorithm is achieved mathematically with slight 

modihcation of the algorithm described above as will be shown in section 4.5.

Class
Class 1 Class 2 Class w &

Frame'

Cll Cl2 Xu

packet

I

Table 4.3 The tabulated form of the proposed scheduling algorithm.

4.5 The virtual frame algorithm
The scheduling algorithm described in the previous section will just transmit data horn the 

Grst frame. The rest of the m-1 frames are just calculated for the mathematical validity. Also, 

the number of variables to be optimized is m xn. Hence, we proposed that we could combine
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the m-1 frames (fallowing the ûrst 6ame) into one 6ame called the w r A m Z T h a t  6ame 

will virtually carry all the other packets in replacement of the other m-1 hames. This step 

was mainly done to reduce the number of variables in a dramatic way from /M x n variables to 

2x71 = 2n variables (in our case /; = 4). So, the only modiScation that will be done to the 

algorithm shown in the previous section is basically stq) (2). That is done by mathematically 

combining the TM-7 hames into one 6ame.
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Chapter 5

Numerical simulation

5.1 Introduction
Numerical simulations were per&rmed in order to get an idea about the performance of the 

scheduler. The performance criterion is measured using &)ur main statistics. These 6)ur 

statistics are relative share, average delay time, average queue length, and probability of 

packet loss (loss ratio).

The transient performance of the system was briefly studied. The steady state performance 

of the system was considered to have an estimate of the schedulable region on a rate base 

concept. The output link utilization was measured under different loading conditions in many 

different runs. The output link utilization is dehned by the ratio between the actual data that 

has been transmitted and the maximum data that can be transmitted in a certain period of 

time. Finally, we investigated the effect of frame duration on the per&rmance of the 

scheduler.

5.2 Numerical simulation setup
The simulation code for the scheduler was written in MATLAB (see Appendix B). The 

simulator was run for 40 fam es for the frst set of results. The simulation was run for 15 

seconds real time for the second, third, and fourth set of results. We repeated the runs several 

times and faund that the results were close to each other.

Four types of traffc were simulated at the aggregation level; voice, video, isochronous, and 

best-efkrt. The traffc sources used were defned using three parameters: the conforming rate 

, the burst rate c , and the conkrming probability p. Appendix A discusses this three-

parameter model in detail. All sources had a value o fp  = 0.5 and c  = 3 . The packet size
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was simulated by a normal distribution with average size A equal to 60 bytes and a standard 

deviation of 10 bytes (&r all classes). The output speed link is assumed to be 155 Mbits/s.

The results obtained for steady state per&rmance, output Hnk utilization, and e% ct of 

6ame duration are entirely based on setting fAree of the class traffic rates to their maximum 

acceptable rate. That maximum acceptable rate was determined 5)r each trafhc stream 

according to the packet length (average and standard deviation) so as not to exceed a certain 

rate 6om the link speed point of view. Otherwise the packets become overhqyped which is 

not practically accepted. Incrementing the ybwfA trafhc stream in steps until reaching its 

maximum acceptable permissible rate, we measured the 6)ur main per&rmance criteria 

described in the previous section.

We set the cost coefficient values (cost function coefficients) at 1, 1, 1, 1 for the basic 

frame and 6, 5, 4, 3 for the virtual frame. It was found from the numerical simulation that the 

scheduler performance depends on the differences between the cost frmction values for the 

basic frame and the corresponding values in the virtual frame. The choice of the buffer size 

was 60, 120, 120, and 200 packets respectively for the four difrerait classes introduced 

before.

The lower limits for the different classes are 10%, 25%, 20% and 0% of the frame capacity 

for voice, video, isochronous, and best-efkrt respectively. The upper limits are set equal to 

the frame capacity &r all classes. A lthou^ the upper limit of each service class is equal to 

the full frame c^racity, traffrc from each class will never reach this upper limit because the

scheduler guarantees certain minimum limits for all classes. Thus, protection is assured in 

our proposed algorithm.

5 3  Transient performance
From Figure 5.1 we see that each service class has a different time constant. We concluded 

that the transient performance depends on two parameters: the buffer size and the trafBc 

rates. Thus, we can see fr»ur different transient responses for the fr»ur different classes we 

have.
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Figure 5.1 The transient behavior of the scheduler. Rates are kept maximum for all classes. Voice : +, Video ; 
* , Isochronous : 0 , and Best-effort ; A.

5.4 Steady state performance
To give more in sis ts  on the way we measure the steady state performance, we introduce 

what is known as the schedulable region in a little different perspective than the one 

mentioned in chapter 2. The schedulable region is a four-dimensional space (we have 6)ur 

classes) that represents the maximum available space (maximum number of users) at which 

the scheduling algorithm can serve all classes fulhlling their quality of service requirements. 

But instead of dealing with the dehnition as maximum users we deal with it or redehne it as
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maximimi rates. It has to be mentioned here that measuring the schedulable region is based 

on two main methods. The hrst method is to insert the required quality of services parameters 

as constraints within the simulator code. Then, change the input trafGc rates (i.e., number of 

users) for the different classes up till violating any of the constraints. The second method of 

measuring the performance is to change the rates without putting any constraints. Then, 

measure the provided quality of service 6om which we can deduce the permitted number of 

users that can be served within certain offered quality of service. In this work we used the 

second method of measuring the performance. The output link utilization simply expresses 

the percentage of the system capability we use. In other words it measures how the scheduler 

uses the system resources efficiently.

Based on the above discussion, we have measured the &)ur main per&rmance criteria o f the 

system but with slight modification. Throu^put measures the amount of trafGc (bytes or

packets) transmitted through the switch from each class versus time. In our case measuring 

the throughput in absolute terms will not give a true picture about the relative participation of 

each class with respect to the frame capacity and the relative share of each class. And, 

actually what we are more concerned about is the relative contribution of each class 

compared to the total traffic outgoing firom the switch.

Figure 5.2 shows the relative share of each class (as defined before) when the rate o f each 

class is varied. The rate of each class was scaled by the factor C/A, where C/A represents the 

maximum number of packets that could be transmitted on a link with speed C given that the 

average packet size is A. In Figure 5.2 (a), voice has the variable rate; the share is alternating 

between the best-effbrt and the voice traffic. The scheduler gave the lower limit share for the 

voice, video and isochronous, and distributed the empty portion of the frame capacity in an 

optimized way fr)r the fr)ur classes. During the alternating process between the voice and the 

best-effbrt, the video and the isochronous traffics were not affected. It is clear friat protection 

is fuUy achieved fbr the voice, video, and isochronous according to their designated shares 

(upper and lower limits) that were set friom the beginning. Also, it is clear how the scheduler 

is fairly distributing the available frame capacity between the high priority traffics and the
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low priority trafGcs in an optimized way. Figure 5.2 (a) insures fairness and protection fbr 

the different classes.

In Figure 52 (b), video has the variable rate; the share is alternating between the video and 

the best-effbrt. The share of the best-effbrt is relatively high at the beginning of this 

alternating process, since the video trafGc (with variable rate) has the highest lower limit 

among the 6)ur classes (25%). During this alternating process the voice and the isochronous 

have got their lower limit shares and in addition they have got an extra share for the empty 

6ame capacity. Figure 5.2 (b) guarantees fairness and protection fbr all the fbur classes.

In Figure 5.2 (c), isochronous has the variable rate; the share is alternating between the

isochronous and the best-effort. The best-effort has relatively high share at the beginning of 

this alternating process, since the isochronous traffic has the second highest lower limit 

among the four classes (20%). Video and voice were fully protected by taking their 

designated shares and even extra shares. That implies that the protection and fairness are 

accomplished for all classes.

In Figure 5.2 (d), best-effort has the variable rate; the scheduler perfbrmed as required in

the sense that the share of the three traffics voice, video, and isochronous are not affected by 

the growth of the best-effort traffic, which was exactly demanded. Again, the fairness and

protection are fully achieved for the four classes according to pre-set configuration of the 

scheduler.

Figure 5.3 (a), (b), (c), and (d) shows the output utilization associated with each separate 

run of Figure 5.2 (a), (b), (c), and (d) respectively (point-by-point). It is obvious that the 

output link utilization ranges between 97% and 99%. Thus, we can say that the scheduler is 

working perfectly in the sense of efficient use of system resources.
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Figure 5.2 Relative share for each class when the rate of one of the service classes is varied; (a) voice traffic 
(b) video traffic (c) isochronous traffic (d) best-effort traffic. Voice : +, Video : * , Isochronous : 0 , and
Best-effort : A.
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Figure 5.3 Output link utilization associated with the variable rate of different classes corresponding to 
Figure 5.2 (a) voice traffic (b) video traffic (c) isochronous traffic (d) best-effort traffic.

Figure 5.4 shows average queue size of each class when the rate of each class is varied. 

Figure 5.4 (a), voice has the variable rate; shows the average queue size fbr voice trafGc is 

below its maximum buffer capacity limit (60 packets) at the low rate of voice trafGc. The 

other three classes have average queue size approximately equal to the maximum bufkr limit
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for each class respectively (120 packets 6)r both video and isochronous and 200 packets fbr 

best-eGbrt). These three classes have very high trafhc rates and consequently they have full

buffer occupation due to the limited buffer capacity.

In Figure 5.4 (b), video has the variable rate; the curve &r average queue size of video 

trafGc can be divided into three main portions. The hrst and third portions have a relatively 

high rate of increase compared to the second portion. In the Srst portion the scheduler gave a 

relatively low share to the video trafGc so the queue size was increasing at a higher rate. In 

the second portion of the curve when the video trafGc started to have high trafGc rate, the 

scheduler gave it a high share. Hence, the average queue size was not increasing rapidly. In 

the third portion of the curve although the scheduler gave the video traffic extra share, its 

queue size still has a high rate of increase. This is due to the burst traffic rates of all traffics at 

this moment, i.e., the extra high share was not enough.

In Figure 5.4 (c), isochronous has the variable rate; the average queue size of the 

isochronous traffic is linearly increasing almost with a constant rate. The scheduler gave the 

isochronous traffic extra share to cope with its increasing demand in all time finmes. But, the 

video and voice traffics have already very high traffic rates and they have high priorities so 

there was not enough fi"ame capacity fbr the isochronous. The priority scheme implicitly 

depends on cost function coefficients given to the different traffics as well as the upper and 

lower limits.

Figure 5.4 (d), best-effort has the variable rate; shows that all the four class buffers are full 

even for the one with the increasing rate (best-effort in this case). This is mainly because the 

best-effort traffic has the least priority among all traffics; therefore even at the low traffic rate 

it still has full buffer occupancy. Especially that all the other three classes have high traffic 

rates from the beginning.
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Figure 5.4 Average queue size of each class when the rate of each class is varied; (a) voice traffic (b) video 
traffic(c) isochronous traffic (d) best-effort traffic. Voice : +, Video : * , Isochronous : D, and Best-effort : A.

Figure 5.5 (a), (b), (c), and (d) shows the output link utilization associated with each 

separate run of Figure 5.4 (a), (b), (c), and (d) respectively (point-by-point). The output link 

utilization varies between 97% and 99%. It has to be mentioned that due to the statistical 

nature of the input trafBc, the utilization has the variations shown in Figure 5.5. But in 

general we can say that the overall output link utilization is ^)proximately 98%, which is 

quite appropriate.
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Figure 5.5 Output link utilization associated with the variable rate of different classes corresponding to 
Figure 5.4 (a) voice traffic (b) video traffic (c) isochronous traffic (d) best-effort traffic.

Figure 5.6 shows the average loss ratio of each class when the rate of each class is varied. 

Figure 5.6 (a), voice has the variable rate; shows that the average loss ratio &r the voice is 

increasing with the increasing rate of the voice trafGc. This is expected since the voice has 

limited buGer capacity (60 packets). The average loss ratio of the video and isochronous 

trafBcs is almost zero. They have the h ip est reserved minimum share among all the 6)ur
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classes (0.25% and 0.2% respectively). Best-efbrt has very high average loss ratio, because 

it has the least priority with minimum reserved share of 0%.

In Figure 5.6 (b), video has the variable rate; the average loss ratio of the voice is 

increasing at a lower rate than that of Figure 5.6 (a) but it started already at a high value. The

reason for that is that the video that has the highest minimum share has variable rate. 

Consequently, the voice could have more share in (h) rather than (a) 6)r the empty frame

capacity during the portion of the curve at which the video has a low traffic rate. The voice 

loss ratio started with a high value because it has already a high initial input traffic rate and 

limited buffer. The video and isochronous have almost negligible average loss ratio. The best 

effort has the highest average loss ratio. It must be noticed that the average loss ratio for the 

best-effort started with relatively low value compared to the starting value of average loss 

ratio of the one shown in Figure 5.6 (a). This is because the traffic with the variable rate in 

(b) is the video. The video has the highest minimum designated share so there was more 

available fiame capacity for the best-effort in Figure 5.6 (b) rather than the available fi*ame 

capacity in Figure 5.6 (a).

In Figure 5.6 (c), isochronous has the variable rate; the voice has an increasing rate o f loss 

ratio slightly higher fiian the increasing rate of loss ratio compared to Figure 5.6 (b). The 

video traffic has a high rate while the isochronous has the variable rate. Because the reserved 

minimum share for the video is higher than reserved rninimum reserved share for the 

isochronuse, the voice did not have enou^ fiame capacity as in Figure 5.6 (b). Hence, the 

loss ratio of the voice has increased. Video and isochronous have low loss ratio, while the 

best-effbrt has higb loss ratio. The loss ratio of the best-efbrt has started with low value due 

to the same reason mentioned above regarding Figure 5.6 (b).

In Figure 5.6 (d), best-efkrt has the variable rate; the average loss ratio is very high fbr the 

best-effort traffic since it has the lowest priority among all classes. The voice traffic has the 

second highest loss ratio, this is mainly due to two reasons. The first that it has low bufter 

capacity, and the second because the voice has relatively low designated minimum share.
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Taking into account that the video and isochronuse have hig^l trafGc rates, it was expected to 

have a high voice loss ratio according to the pre-set conSguration.

Figure 5.7 (a), (b), (c), and (d) show the output link utilization associated with each 

separate run of Figure 5.6 (a), (b), (c), and (d) respectively (point-by-point). It shows that the 

output link utilization is ranging again between 97% and 99%.
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Figure 5.6 Average packet loss ratio for each class when the rate of one of the service classes is varied; (a) voice 
traffic (b) video traffic (c) isochronous traffic (d) best-effort traffic. Voice : +, Video : * , Isochronous : 0 , and
Best-effort : A.
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Figure 5.7 Output link utilization associated with the variable rate of different classes corresponding to 
Figure 5.6 (a) voice traffic (b) video traffic (c) isochronous traffic (d) best-effort traffic.

Figure 5.8 represents the average delay for each class when the rate of each class is varied. 

In Figure 5.8 (a), voice has the variable rate; the average delay 5)r the voice trafhc is quite 

low in the neighborhood of 1ms. This is due to the high priority of the voice. The average 

delay of the video and isochronuseare is in the neighborhood of 2-3ms. This is also quite 

appropriate fbr both trafBcs. The average delay of best-efbrt trafGc is in the range of 3-4ms.
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The average delay for best-efbrt traffic is nordinearly increasing because the voice traffic

with low traffic rate has a relatively reserved low minimum share. At the same time the video 

and isochronous traffics have very high traffic rates and their designated minimum shares are 

h i^ e r than the voice.

In Figure 5.8 (b), video has the variable rate; the average delay for the voice is slightly 

higher than the average delay for the voice in Figure 5.8 (c). That is mainly due to the higher

reserved minimum share for the video (with the variable rate in Figure 5.8 (b)) compared to 

the reserved minimum share of the isochronous (with variable rate in Figure 5.8 (c)). The 

average delays for the video and isochronous in Figure 5.8 (b) and (c) are low and almost 

identical. The average delays for the best-effort in Figure 5.8 (b) and (c) is almost linearly 

increasing because the traffic with variable rate in both figures has reserved high minimum 

share (video in Figure 5.8 (b) and isochronous in Figure 5.8 (c)).

In Figure 5.8 (d), best-effort has the variable rate; the average delays for all classes are 

increasing in a relatively higher rates at the beginning of curve. This happened because the 

three traffics with the highest reserved minimum shares have very high traffic rates, while the 

traffic with the lowest designated minimum share has the variable rate in this case. The 

average delay for the best-effort has a nonlinear rate of increasing due to the bursty case. But, 

in general the delay for all classes is in the range of few milliseconds, which is quite 

reasonable for a switch.

Figure 5.9 (a), (b), (c), and (d) shows the output link utilization associated with each 

separate run of Figure 5.8 (a), (b), (c), and (d) respectively (point-by-point). The results

indicate that the output link utilization varies between 97% and 99%. The results of the 

output link utilization for all of the simulation runs proved that the system resources are very 

efficiently used under the proposed scheduler. The output link utilization has been always 

one of the main issues under consideration for any scheduler performance.
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Figure 5.9 Output link utilization associated with the variable rate of different classes corresponding to 
Figure 5.8 (a) voice traffic (b) video traffic (c) isochronous traffic (d) best-effort traffic.

5.5 The effect of 6"ame duration
This set of results is related to the effect of the hame length (duration in seconds) on the 

performance of the scheduler. We varied the value of the frame duration from 0.4ms to 1.8ms 

in a 0.2ms steps. The rates far the four classes were set at their maximum possible values 5)r 

this test then the four main per&rmance criteria were measured. It is recommended to have a 

frame size between 1 and 2ms, mainly to minimize the delay for all classes in general.
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In Figure 5.10 the four different performance criteria are measured against the variable 

6ame duration. For very low values of 6ame duration (0.4 and 0.6 ms) the scheduler favored 

voice and video trafhcs in the sense that their average share is maximum with respect to the 

other classes. Also, the average loss ratio and the average delay for both trafhcs is minimum. 

On the other hand, isochronous has relatively low share and high loss ratio. Best effort is 

almost neglected, which is very oppressive 6 r  this trafhc.

For high values of frame duration (above 1.6 ms) the scheduler starts to act much better for 

best-effort while the other traffics are highly affected due to the fact that they suffer from a 

very high loss ratio and relatively high delay.

For moderate values of die frame duration (0.8, 1 and 1.2 ms) the scheduler acts balanced

for all traffics. These results strongly lead us to recommend that the frame duration be any of 

the above-mentioned moderate values. This is recommended mainly to have high flexibility 

as well as high controllability for driving the scheduler to act as requested with respect to all 

quality of service requirements regarding all classes. This conclusion is only valid for the 

system parameters being chosen fr)r the simulation. Figure 5.10 shows that the problem is a 

trade-off between some contradicting objectives and many constraints.

The implementation of the algorithm can be done either in software or hardware. It is 

essentially required that the scheduler takes its decision within the minimum possible time. 

We might try to have parallel processes frar both the counter and the scheduler decision to 

select the right amount o f data to be transmitted frem each different class in each individual

frame. All the above-mentioned considerations imply that the duration of the frame is 

bounded.
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5.6 Comparison of the virtual &ame algorithm with some other algorithms
In chapter 3 we made three kinds of comparisons among the different well-known 

schedulers. The Grst comparison dealt with the mathematical structure for each scheduler, 

and we made a m oping between them whenever possible. The second comparison Reused 

on the implementation issues hom the practical point of view that implicitly discussed the 

complexity of each algorithm. The third comparison was done regarding the performance
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metric (i.e. controllability, scalability, 6imess, protection, and quality of service parameters)

achieved by each scheduler. As mentioned previously, most of the scheduling techniques are 

based on the hypothetical model that is known as the general processing sharing (GPS) 

model. These different algorithms are based on different priority schemes that are implicitly 

or explicitly derived from stamping or virtual functions. The proposed technique is based on 

an optimization model that has a totally different nature than all the other techniques. Hence 

it is meaningless to map them from the mathematical structure point of view. However the 

comparison can be held for the other two perspectives, namely the performance metric and 

the complexity of the system.

The controllability accompanied with the proposed algorithm showed great flexibility in 

forcing the scheduler to act almost as pre-required. Compared to most of the other 

algorithms’ tools of controlling the performance, it seems that the proposed algorithm is the 

easiest one for doing that. For the required protection and fairness, the proposed algorithm 

has almost equal capability compared with the other algorithms in providing these two main 

requirements. Regarding the scalability issue the proposed algorithm can serve many classes, 

since the price of adding x more classes is only twice x variables which is very reasonable.

One of the most important issues regarding comparison among different algorithms is the 

complexity. This is quite an essential feature from the practical point of view. The modified 

model that inspired the virtual frame algorithm is very simple regarding implementation. 

Although it seems to be a little bit complex due to the optimization nature of the algorithm, in 

fact it is not since the modified algorithm has reduced the number of variables to double the 

classes it serves. This step makes the algorithm quite simple to be implemented. Indeed, the 

other algorithms and the proposed one have many nice features, but what really makes the 

proposed algorithm quite distinctive with respect to the other algorithms is its complexity. 

Table 5.1 gives the comparison between the proposed algorithm (VF) and some other 

algorithms.

The proposed technique has the disadvantage of working at the aggregated level of traffic. 

The other techniques work at the user level, which has the disadvantage of increasing
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complexity thus limiting the possibility of implementation. For the time being the aggregated 

level quality of service guarantee seems to be quite satis&ctory for the Internet.

VF VCL FQ D-EDD SG HRR J-EDD

Throughput Guarantee Yes Yes Yes Yes Yes Yes Yes

Delay Guarantee Yes No Yes Yes Yes Yes Yes

Jitter Guarantee No No No No Yes No Yes

Work Conserving Yes Yes Yes Yes No No No

Table 5.1 Comparison among the VF algorithm and some other algorithms.
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Chapter 6

Conclusions and future work

6.1 Conclusions
The schediiling problem was handled using different algorithms that were based on static 

and/or dynamic priority levels. In this work, we proposed a totally new scheduler using an

optimization technique based on the transportation problem with upper bounds.

Numerical simulations were performed using MATLAB. The simulation results indicated 

that the proposed algorithm has five degrees of fi-eedom for controlling the performance; (1) 

cost coefficients, (2) upper bounds, (3) lower bounds, (4) service order within each finme, 

and (5) firame duration. The proposed algorithm shares many good features with other 

scheduling algorithms, such as protection, fiiimess, scalability and controllability o f dealing 

with all scenarios. As well, this technique is simple and can be implemented using software 

or hardware. The reduction of the number of variables to twice the number of classes made 

the number of iterations less.

Some recommendations for the network operator can be drawn out fimn the simulation 

results. (1) The firame duration should be set within a certain range so as to have a

considerable amount of controllability of the scheduler performance. (2) The upper bounds 

on each service class can be used to manage the output traffic.

6.2 Future work
In future work, we would like to extend the scope of the algorithm to handle the delay jitter 

problem, to explore choice of the cost coefficients, and to guarantee a per-user quality of 

service instead of guaranteeing it just for the aggregated level.
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The 6ame capacity for each class share in the proposed algorithm was determined 

according to an optimized scheme. As well, the order of service within each 6ame was hxed 

such as voice packets at the beginning of the 6ame, fallowed by video packets, isochronous

packets, and finally best-effort packets. That trend in filling the capacity of the frame is not 

o f course the optimum one. In future work we want to use the proposed algorithm in its

optimized fashion to have a dynamic order of service within the firame, i.e., according to the 

different possible scenarios this could be a very effective tool of having more controllability 

for leading the scheduler to the pre-required performance.
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Appendix A

Stochastic processes and traffic modeling

A.1 Introduction
Typically the trafSc modeling 6)r any kind of data stream (audio, video,..etc.) is a 

stochastic process [69], [70]. In 1994, a vital event in the Geld of network trafBc modeling 

occurred with the publication of the paper titled "On the Self-Similar Nature of Ethemet 

Traffic” [71]. The authors reported the results of a comprehensive study of Ethemet traffic 

and demonstrated that it had a self-similar (i.e., fractal) characteristic. This meant the traffic 

had similar statistical properties at a range of time scales: milliseconds, seconds, minutes, 

hours, even days and weeks. Another consequence is that the merging of traffic streams, as in 

a statistical multiplexer (switch), does not result in smoothing of traffic. Again, bursty data 

streams that are multiplexed tend to produce a bursty aggregate stream. This first paper 

ignited a huge amount of researches all around the globe.

The results showed the self-similarity in the ATM traffic, compressed digital video 

streams, and web traffic between browser and servers. Although a number of researchers had 

observed ovo" the years that network traffic didn't always obey Poisson assumptions used in 

queuing analysis, this paper far the first time provided an explanation and a systematic 

approach to modeling realistic data traffic patterns [71].

To date researchers are divided into two camps; one advocated that the entire network 

engineering has to be rewritten coping with the new perspective of traffic modeling, and the 

other disagreed. Traditionally, generalized Markovian models have described networks. The 

main property that is very distinctive fbr these models that they have limited memory of the 

past (they are called memoryless). And consequently they reflect short-range dependence. In
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a Maikovian model, smoothing of bursty data is possible. Averaging of bursty trafBc over a 

long period of time give rise to a smooth data stream. A network based on hactal nature will 

have very difkrent parameters and congestion control techniques.

On any way the problem has not been solved yet. There is still big argument about the 

accurate modeling of traffic. We will give more insight on both types of modeling, the

traditional way (non-self-similar) and the new self-similar modeling from the mathematical 

perspective.

From these two main categories mentioned above many traffic models had been inspired

[72], [73]. It is not our intention to favor one model or another, but we try to give clear 

picture about these processes used for traffic modeling. We will discuss the main differences 

between what is called non self-similar stochastic processes and the self-similar stochastic 

processes especially those confusing definitions corresponding to both of them.

In our simulation we used one of these processes, which is the renewal process. The 

parameters used to simulate the renewal process are based on what is called the three- 

parameter model. At the end of the chapter we show how to derive these parameters &)r

simulation.

A.2 Non self-similar stochastic processes
The main definition of stochastic process states that it is a family of random variables 

where the random variables are 'Indexed" by the time parameter f. For example number of 

people sitting in a movie theater as a function of time is a stochastic process, as is also the 

atmospheric pressure in that movie theater as a function of time. It is always referred to a

random process as a stochastic process [74], [75]. The classification of random process 

depends upon three quantities: the state space; the index (time) parameter; and the statistical

dependencies among the random variables X(t) for different values of the index parameter t .

The set of possible values (or states) that may take on is called its state space. If these 

states or values are discrete, then we say we have a discrete-state process, often referred to as
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a chain. On the other hand, if  the set vaines are continuons in nature rather than discrete, then 

we say that we have a continnons-state space.

For the index (time) parameter, if the permitted times which may take place betwem 

successive events are Gnite or discrete, then we say we have a dkcrete-fiwe /parameter 

process; if the permitted times can take any value (Gnite or inGnite) on the time axis, then we

have a continuous-time parameter process.

The crucial distinguishing property of a stochasGc process is the relaüonship of the random 

variables or to other members of the same fannly. One must specify the complete 

join distrihuGon funcGon among the random variables so as to characterize the fuU model fbr

the stochastic process under consideration.

There are many ways to classify the stochastic processes. One of these ways is the 

following [75]:

(a) Stationary processes. A stochasGc process .%(r) is said to he staGonary if the cumulaGve 

distrihuGon funcGon (cdf) (x;r) is invariant to shifts in Gme fbr all values of its arguments; 

that is, given any constant i the 6)Gowing must hold:

F;(x;r-t-T) =  F;(x;r) (A.1)

 ) < % , and the notaGon f + r is deGned as theWhere =  f

vector (r. + T.k + r ,..........,r. + r ) .

As associated notaGon, that of wide-sense-staGonary, is deGned with the random process 

if merely both the first and the second moments are independent of the location on the time 

axis, that is, is independent of t and if  4- r )] depends only upon % and not

upon t  Observe that all staGonary process are wide-sense staGonary, but not conversely.

(h) Independent processes. The easiest stochasGc process to consider is the random 

sequence in which {%,} fbrms a set of independent random variables, that is, the joint
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probability density function (pdf) deGned fbr our stochastic process must factor into the 

product, thusly

=    ......

In this case we are stretching things somewhat by calling such sequence a random process 

since there is no structure or dependence among the random variables. In the case of a 

continuous random process, such an indq>endent may be deGned, and commonly referred to

as “white noise”.

(c) M arkov processes. In the year 1907 A.A. Maikov published a paper in which he deGned 

and invesGgated the properGes of what are now known as Markov processes. In &ct, what he

created was simple and highly useful form of dependency among the random variables 

forming a stochastic process.

A Maikov process with discrete state space is referred to as a Markov chain. The discrete- 

Gme Maikov chain is the easiest to conceptualize and understand. A set of random variables 

{%,} Gams a Maikov chain if the probability that the next values (state) is depends only 

upon the current value (state) and not upon any previous values. Thus we have a random 

sequence in which the dependœcy extends backwards one unit in Gme. That is, the way in 

which the entire past history affects the future of the process is completely summarized in the 

current value of the process.

In the case o f discrete-time Maikov chain the instants when the state changes may occur

are preordained to be the integers 0,1,2,....», In the case of the conGnuous-Gme Maikov

chain, however, the transiGon between states may take place at any instant in Gme. Thus 

there is a new concept of new random variable must be considered which describes how long 

the process remains in its current state (discrete) before making a transiGon to some other 

state (indeed the Gme variable plays a signiGcant rule in all stochasGc processes not only fbr 

Maikov processes, and in fact Giere are a bunch of deGniGons far many Gme parameters with 

any stochasGc process). Because the Maikov property insists that the past history be
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completely summarized in the speciGcation of the current state, then we are not 6ee to 

require that a specification also be given as to how long the process has been in its current 

state! This imposes a heavy constraint on the distribution of time that the process may remain 

in a given state. In 6ct, this state time has been proved to be distributed. In a

real sense, then the exponential distribution is continuous distribution, which is 

'̂ memoryless".

Similarly, in the discrete-time Markov chain, the process may remain in the given state for 

a time that must be geometrically distributed; this is the only discrete probability mass 

function that is memoryless. This memoryless property is required of all Markov chains and 

restricts the generality of the processes one would like to consider.

Expressed analytically the Markov property may be written as

' (/L3) ’4.)=̂ rT ('«)=*« 4.)=*
where t i<î2 <    <t„< tn-i and x, is included in some discrete state space.

(d) Semi-Markov processes. The discrete-time Markov chain has the property that at every

unit interval on the time axis the process is required to make a transition firom the current 

state to some other state. The transition probabilities are completely arbitrary; however the 

requirement that a transition be made at every unit time leads to the fact that the time spent in 

a state is geometrically distributed. This imposes a strong restriction on the kinds of 

processes we may consider. Now if we wish to relax that constraint, namely, to permit an 

arbitrary distribution of time the process may remain in a state, then we are led directly to the 

notation of a discrete time semi-Markov process; specifically, we now permit the times state 

transitions to be an arbitrary probability distribution. Note, however, that at the instants of 

state transitions, the processes behaves just like an ordinary Markov chain and, in fact, at 

those instants we say we have an imbedded Markov process.

The same definition of a continuous-time semi-Markov process fallows directly. Here we 

permit state transitions at any instant in time. However, as opposed to the Markov process
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that required an exponentially distributed time in state, we now relax this condition. This 

affords us much great generality. Here, again, the imbedded Markov process is deGned at 

those instants of state transition. Of course, the class of Madcov processes is contained within 

the class of semi-Markov processes.

(e) Special cases of semi-Markov processes.

There are many well-known stochastic processes that can be classiGed as a part o f the 

Markovian 6mily. In fact, they can be classiGed under the big GGe "semi-Markov 

processes". In the fallowing discussion we will be focusing on some of these processes, such

as Random Walks, Renewal process, Birth-Death process, and Poisson process.

(1) Random Walks

A random walk may be th o u^t of as a particle moving among states in some (say,

discrete) state space. What is of interest is to identify the location of the particle in that state 

space. The salient feature of a random walk is that the next position the process occupies is 

equal to the previous position plus a random variable whose value is drawn independently 

from an arbitrary distribution; this distribution, however, does not change with the state of 

the process (except perhaps at the boundary states). That is, a sequence of random variables 

{g",} is referred to as a random walk (starting at the origin) if

+  n =  l,2,.... (A.4)

where =  0 owf %%,... is a sequence of independent random variables with common

distiibuGorL The index n merely counts the number of state transifrons the process goes 

througfr; of course, if  the instants of these transifrons are taken from discrete set, then we 

have a discrete-time random walk, whereas if they are taken from a continuum, then we have 

a confrnuous-frme random walk. It is clear that the name random walk came mainly because 

it describe the "walk" of a particle in some medium. In the case when the common 

distribution fr)r Æ, is a discrete distribution, then we have a discrete-state random walk; in 

this case the transition probability /?yOf going from state i to state _/ will depend only upon 

the difrerence in indices (which is denoted ). An example of random walk is that of
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Brownian motion. A random walk is occasionally referred to as a process with ''independent 

increments".

(2) Renewal process

A renewal process is related to a random walk. However, the interest is not following a 

particle among many states but rather in counting transitions that took place as a function of 

time. That is, we consider the real time axis on which is laid out a sequence of points; the

distribution of time between adjacent points in an arbitrary common distribution and each 

point corresponds to an instant of a state transition. We assume that the process begins at 

state 0 [i.e., Z(o) = 0] and increases by unity at each transition epoch; that is; %(f)equals the 

number of state transition that have taken place by f. In this sense it is a special case of a 

random walk in which g, = land g, = Ofbr We may think of Equation (A.4) as

describing a renewal process in which 5„is the random variable denoting the time at which 

the nth transition takes place. As earlier, the sequence {%„} is a set of independent 

identically distributed random variables where now represents the time between the (n- 

l)th  and nth transition. One should be careful to distinguish the interpretation of Equation 

(A.4) when it applies to renewal processes as here and when it applies to random walk as 

earlier. Simply in the random walk we care about the state in which the particle is found but 

in the renewal process we care about the time elapsed until reaching some other state.

(3) Birth-Death process

A very important special case of Markov chains has come to be known as the birth-death 

process. These may be either discrete- or continuous-time processes in which the deSning 

condition is that transition take place between neighboring states only. That is, one may 

choose the set of integers as the discrete state space (with no loss of generality) and then the

birth-death process requires that if X„ = U then Xn+\ = i ~ X i  or i + 1 and no other.

(4) Poisson process

The heart of all the Markovian processes is the Poisson Process. Simply it enjoys all the 

nice properties of all Markovian processes in the sense that it has a lot of simple relations
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between both the states and the time. It has been used in many applications so far because of 

its simplicity, and specially the queuing analysis. It is the easiest among all of them to be

modeled and simulated.

A 3 Self-similar stochastic processes and network trafQc
The meaning of self-similar is kind of ambiguous one in the sense of the stochastic 

processes. And so as to clarify this terminology regarding the stochastic processes we will

have to go backward to the origin of that terminology as well as some other related words 

which may be confusing. The expressions self-similar as well as those other terms are not 

necessary to have the same meaning exactly but by some mean they are closely related. In 

the following we will be concerned about these terminologies; fractal, scaling, long-range 

dependence, and heavy tailed distribution [76]- [79]

A.3.1 Fractal network traffic

The notion of Fractal, a word invented by Mandelbrot [80], has its origin in geometry. 

Fractals are mathematical objects that posses an order of irregularity and fragmentation 

inherent in many patterns of nature such as clouds, mountains, and coastlines. In a more 

formal manner, fractals are objects that posses a form of self-similarity; parts of the whole 

can be made to ht to the whole in some way by scaling. There&re, scaling and fractal are 

closely related. The close relation between scaling and fractal in geometry also holds in one­

dimensional stochastic processes. One defrnition of a fractal stochastic process is one in 

which the sample paths of the stochastic process have non-integer dimensions; the expected 

measure of the sample path included within some radius scales with the size of the radius. 

Since this is but one statistic of the process, we call a stochastic process fractal if several of 

the relevant statistics exhibit scaling.

At the same time, we may call a stochastic point process fr-actal when a number of the 

relevant statistics exhibit scaling with related scaling exponents, indicating that the 

represented phenomenon contains clusters of points overall (or a relatively large set of) time 

or length scales. Since scaling leads mathematically to the power-low relations in the scaled
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quantities, a fractal process often has its statistics (more than one) mathematically expressed 

lyy]po\v0 ^1ow furwcdmis.

It is natural to view network traffic as a realization of a stochastic point process; each 

packet (or cell) arrival is associated with an arrival epoch. Thai it fallows that the network 

trafhc subject to study may be called fractal when several estimated statistics exhibit ptrwer- 

law behavior over a wide range of time and hequency scales. Indeed, many recent hig^- 

quality measurement studies on local area n^work (LAN) [81], and wide area network 

(WAN) [82], [83], provide prolific evidence that this is the case regardless of where and 

when the measurement took place, the type of traces, and coding methods.

A continuous-time stodiastic process Z(r) is self-similar with a self similarity param eter^ 

((KA<1) if Z(at) and a^Z(r) have identical hnito-dimensional distribution, i.e..

for all hnite positive integer n. Note that this de&nition of self-similarity is in a distributional 

sense, quite different 6om that of a hactal process which is defined in a statistical sense. 

When this self-similar process Z(t) has the property of stationary increments, i.e., the Gnite- 

dimensional distribution of Z (t,, + 1) - Z(fg) do not depend on r, we can construct a 

stationary increments process % =  {%i, .Y;, ...} defmed as

X , =  Z ( n T , ) - Z \ ( n - \ ) T , \  (A.6)

far some positive constant 7) . Then, this discrete-time increment process % will have an 

autocorrelation function of the farm of Equation (A, 11) far 0.5<7K1, making it a long-range 

dependent process. Therefare, the self-similar process Z(t) with stationary incronents serves 

as an underlying process yielding a hactal process. For example. Fractional Brownian 

Motion process with 0.5<7K1 has been used as an underlying process to yield a long-rang 

dependent process (Fractional Gaussian Noise process) by Nonos [84].
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A.3J Long-range dependence

We provide three dehnitions of long-range dependence LRD in the literature, in order of 

decreasing generality. Let =  A: =  0,7,2,...... } be a wide-sense stationary (WSS)

process in the discrete-time domain with mean fi =  E[X^], variance = E  

(normalized) autocorrelation function

and

. ( i ;  (a .7)

Here might represent the number of packets, cells or bytes that have arrived during the 

k-th time interval of size 7] sec. Note that is obtained by

X ,  =  N \ k T , \ - N [ ( k - \ ) T , \  (A.8)

when constructed from an underlying counting process N{t) [78], [85]. The process X is said 

to be a long-range dependent (LRD) process if for fixed its autocorrelation function 

r ( t ;  7^) is non-summable [84], [104], i.e.,

Y ,r { t ,  T,) = oo (A.9)
k= 0

This broad definition depends only on the sum of the autocorrelation function, and not on its 

specific form; thus it reveals little information about the process X.

Because the behavior of the tail of r(&; 7 )̂ completely determines its summability, the

details of how r(k; 7}) decays with k engender much interest. The second and most widely

employed definition of LRD is given by

r ( t ;  7 } )-/(7 } )A :-(^ -^ ^ ) , a s t ^ o o  (A.10)

with 0.5<7K1 and /(7 ] ) a positive function independent of L The quantity 77 is called the 

Hurst parameter and completely characterizes the relation (A.10). We i n t r o d u c e i n  (A.10)
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to emphasize the dependence of the autocorrelation function on the time scale 2̂  in addition 

to the lag The time scale 7} appears to impart speciSc properties to % depending in turn on

the nature of the underlying physical process 6om which % was constructed.

Equation (A.10) specifies the form of the tail of the autocorrelation function, and is a 

special case of (A.9). However, the behavior of r(&; 2^) for small remains arbitrary.

A third defnition speciGes 2^) explicitly for all t  ^ 0 :

T.)'-
1 fo r  k =  0

f o r k > 0

with {h{k)) = h{k + l ) - 2 h { k )+ h{k - 1) the second central difference operator, and g{T^) a 

positive function independent of k. It follows immediately that f [ f )  = H(2H  — l)g(T^) due

to the asymptotic equivalence between difference and differentiation for large k. Thus (A .ll) 

is a special case of (A.10) and therefore of (A.9) as well [86].

In order to distinguish (A.10) and (A. 11) we call .AT an asymptotic LRD process when it

satisfies (A.10) and an exact LRD process when it satisfies (A.ll). For example the discrete- 

time Fractional Gaussian Noise (FGN) process is an exact LRD process with g(2}) = 1.

A 3.4 Heavy-tailed distributions

When self-similarity concerns scaling properties of time-dependent such as the 

autocorrelation function, the heavy-tailed property concerns the marginal amplitude 

distributions of defined in (A.8) inter-anival times, or ON/OFF periods. A random

variable is said to be heavy-tailed if  its survivor or complementary distribution has the 

following form

, asu -*oo  (A. 12)
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for some a  > 0 . Note that for 0 < a  ^ 1 all mommts of [/are inSnite, and in general the n-rA 

moment will be inSnite for?: ^ a .

The heavy-tailed property is widely conceived to be closely associated with self-simdarity 

but it is not. The heavy-tailed property is not necessary to be associated with the self­

similarity [87].

A 4 The model used for input trafBcs
As stated previously, typically a trafSc model is a stochastic process that is based on a set 

of parameters. In this work, we model four types of traGSc. These four types of trafGc are

video, voice, isochronous and best effort traffic. There are many approaches for traffic 

modeling as mentioned be&re. And, there is a debate about the proper model that best

matches the actual real life situation.

In this work, we will be using what is called the three-parameter model (/)g,or , ^  far

describing the traffic generation sources [88], [89]. represents the conforming rate of the

source, a  represents the peak rate of the source, and finally the conforming probability p  

which represents the percentage of the time the incoming trafGc rate is below a pre-specified 

rate . There are direct relations between these three parameters and the main parameters of

the probability density function (pdf) describing the inter-arrival time far the difkrent

streams.

Figure A. 1 shows how these three parameters are related to the pdf of the inter-arrival time. 

The area under the curve to the right of the shaded line is equal to the confarming 

probability.

The pdf far the inter-arrival time can be written in the farm of

= 6exp- 6(f - a) (A. 13)

Where a is called the position parameter, and 6 is called the shape parameter.

The position parameter a can be written as [88], [89]:

a = l/(T (A.14)



90

The average rate can be written in terms of the given three parameters as:

(A. 15)

The shape parameter 6 is given by:

6 =  % / ( ( T - p J (A. 16)

The packets have different sizes. In fact, any distribution can be qyplied for the packet size

and the one used in this study is the normal distribution with certain average as well as pre­

given standard deviation.

I / o

Figure A. 1 The Pdf for inter-arrival time.
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Appendix B

Simulation code

B .l The virtual &ame algorithm. MATLAB Ble

% M A IN L P .M  : s c h e d u l e r  i m p l e m e n t a t i o n  u s i n g  l i n e a r  p r o g r a m m i n g  
% We w o r k  b y  t h e  b u f f e r s  o f  e a c h  s e r v i c e  c l a s s .
% We a s s u m e  f o u r  s e r v i c e  c l a s s e s .
% O u r  s o l u t i o n  v e c t o r  h a s  8 c o m p o n e n t s  a n d  i s  p a r t i t i o n e d  i n t o  tw o  
% e q u a l  p a r t s .  F i r s t  p a r t  i s  t h e  t r a n s m i t t e d  d a t a  
% a n d  s e c o n d  p a r t  i s  d e f e r r e d  d a t a  ( v i r t u a l  f r a m e ) .
% c l a s s  1 i s  a s s u m e d  t o  b e  v o i c e
% c l a s s  2 i s  a s s u m e d  v i d e o
% c l a s s  3 i s  a s s u m e d  i s o c h r o n o u s
% c l a s s  4 i s  a s s u m e d  b e s t - e f f o r t
% d e f i n e  f o r m a t  f o r  d i s p l a y i n g  n u m b e r s :  
f o r m a t  s h o r t  e

% D e f i n e  t h e  n u m b e r  o f  s u p p o r t e d  s e r v i c e  c l a s s e s
c l a s s e s  = 4 ;  
d i m e n s i o n  = 2 * c l a s s e s ;
% D e f i n e  o b j e c t i v e  f u n c t i o n  c o e f f i c i e n t s
c  = z e r o s ( d i m e n s i o n , 1 ) ;

% D e f i n e  t h e  maximum n u m b e r  o f  f r a m e s  t o  c o n s i d e r
m a x _ f r a m e _ i n d e x  = 1 0 ;

% D e f i n e  o u t p u t  l i n k  a n d  f  r a m e  p a r a m e t e r s  
C = 1 5 5 * 1 0 * 6 / 8 ;  % o u t p u t  l i n e  c a p a c i t y  b y t e s / s  
d u r a t i o n  = 0 . 5 * 1 0 * ( - 3 ) ;  % d u r a t i o n  o f  f r a m e  i n  s e c o n d s  
F = f l o o r ( C * d u r a t i o n ) ;  % b y t e s  c a r r i e d  i n  t r a n s p o r t  f r a m e

% c l a s s  1 b l a c k  c l a s s  2 b l u e  c l a s s  3 g r e e n  c l a s s  4 r e d

l e n g t h  mu = [ 2 0 0 ,  2 0 0 ,  2 0 0 ,  2 0 0 ]  ; % A v e r a g e  p a c k e t  l e n g t h

l e n g t h _ v a r  =  [ 1 * 1 0 * 2  1 * 1 0 * 2  1 * 1 0 * 2  1 * 1 0 * 2 ]  ; %variance in b y t e s
a l p h a  - [ 3 ,  3 ,  3 ,  3 ] ;%  s o u r c e  b u r s t i n e s s
% d a t a  r a t e  i n  p a c k e t s / s  w h en  s o u r c e  i s  c o n f o r m i n g
r h o  = C* [ ( 1 8 / 1 0 0 )  ( 1 8 / 1 0 0 )  ( 1 8 / 1 0 0 )  ( 1 8 / 1 0 0 ) ]  . / l e n g t h  mu;
s i g m a - r h o . * a l p h a ;  % b u r s t  d a t a  r a t e  i n  p a c k e t s / s
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% e n s u r e  t h a t  i n t e r a r r i v a l  t i m e  i s  l a r g e r  t h a n  d u r a t i o n  o f  l o n g e s t  
p a c k e t
f o r  j = l : c l a s s e s

i f  s i g m a ( j )  > C / ( l e n g t h _ m u { j ) + 5 * s q r t ( l e n g t h _ v a r {j ) ) )
j
e r r o r ( ' b u r s t  r a t e  f o r  c l a s s  i s  t o o  h i g h ' )

e n d
e n d
p  = [ 0 . 7  0 . 7  0 . 7  0 . 7 ] ;  ^ P r o b a b i l i t y  t h a t  t h e  s o u r c e  i s  c o n f o r m i n g  
r h o _ a  = p . * r h o  + ( o n e s ( 1 , c l a s s e s ) -p). * s i g m a ;

a  = o n e s (1,c l a s s e s ) . / s i g m a ;  % P o i s s o n  p o s i t i o n  p a r a m e t e r ,  u n i t s  o f  
s e c o n d s / p a c k e t
f o r  j = l : c l a s s e s

b ( j ) = s i g m a ( j ) * r h o _ a ( j ) / ( s i g m a ( j ) - r h o _ a ( j ) )  ; % Poisson rate 
p a r a m e t e r ,  u n i t s  p a c k e t s / s e c o n d  

e n d  % T his  i s  t h e  m a i n  m o d i f i c a t i o n  d o n e  f o r  t h e  f o r m u l a  a n d  i t  i s  
d r a m a t i c  c h a n g e

%%%%%%%%%%%%%%%%%%%%%%%%kho8 balak%%%%%%%%%%%%%%%%%%%%%%%%%%%%
B = [40 40  40  4 0 ] ;  % maximum b u f f e r  s i z e  i n  packets

^ D e f i n e  l o w e r  a n d  u p p e r  l i m i t s
U = F* [1 1 1 1] ;
L = F * [ 0 . 1  0 . 2 5  0 . 2  0 . 0 ] ;
Cl = [1 1 1 1]; % t r a n s m i t t e d  d a t a  c o s t
c2  = [6 5 4 3 ] ;  %deferred data cost

% D e f i n e  t h e  s i z e  o f  t h e  b u f f e r  s t a t u s  l o c a t i o n s  
s t a t u s  = 1 5 ;
% I n i t i a l i z e  t h e  a r r a y s  f o r  e a c h  b u f f e r  
* b u f f e r i  = [
% a r r i v a l  t i m e ,  p a c k e t  s i z e  f r a m e  i n d e x
% a r i v a l  t i m e ,  p a c k e t  s i z e  f r a m e  i n d e x

a r r i v a l  t i m e . p a c k e t  s i z e  f r a m e  i n d e x

% b u f f e r  s i z e + 1  
% b u f f e r  s l z e + 2  
% b u f f e r  s i z e + 3  
% b u f f e r  s i z e + 4  
% b u f f e r  s i z e + 5  
% b u f f e r  s i z e + 6  
% b u f f e r  s i z e + 7  
% b u f f e r  s i z e + 8  
% b u f f e r  s i z e + 9  
% b u f f e r  s i z e + l O  
% b u f f e r  s i z e + 1 1  
% b u f f e r  s i z e + 1 2  
% b u f f e r  s i z e + 1 3  
% b u f f e r  s i z e + 1 4  
% b u f f e r  s i z e + 1 5

]

s t a r t  i n d e x  
o c c u p a n c y  ( p a c k e t s )  
b y t e s  r e v  f  
p a c k e t s r c v f  
b y t e s x m t f  
p a c k e t s  x m t f  
b y t e s  l o s t f  
p a c k e t s  l o s t f  
e t a b f  
e t a p f  

l o s s b f  
l o s s _ p  f  

d e l a y f  
d e l a y a  f  

e n p t y f l a g

e n d  i n d e x  
o c c u p a n c y ( b y t e s )  
b y t e s r c v t  
p a c k e t  r c v t  
b y t e s x m t t  
p a c k e t s x m t t  
b y t e s  l o s t t  
p a c k e t s  l o s t t  

e t a b t  
e t a p t

l o s s b t
l 0 B B _ p _ t

d e l a y t  
d e l a y a t  

f u l l  f l a g

% S t a r t  i n d e x  i n d i c a t e s  l o c a t i o n  o f  f i r s t  p a c k e t  t h a t  a r r i v e d  i n  
b u f f e r .
% E n d  i n d e x  i n d i c a t e s  l o c a t i o n  o f  f i r s t  e m p t y  l o c a t i o n  i n  b u f f e r .
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% 8 = e  ==> a r r a y  i s  e n g t y  o r  c o m p l e t e l y  f u l l  
% 8 < e  o r  8 > e  a r r a y  h a s  d a t a  i n  i t
% n u m b e r  o f  b y t e s  i n  b u f f e r  i s  g i v e n  b y  
% m o d ( e - 8 ,  B max)

b u f f e r _ l  = z e r o s  ( B ( 1 ) + s t a t u s ,  3)
b u f f e r  1 ( B ( 1 ) + 1 , 1 )  = 1 ;  
b u f f e r l ( B ( l ) + 1 , 2 )  = 1 ;  
b u f f e r _ l ( B ( 1 ) + s t a t u s ,1 )  
f o r  1=1 : s t a t u s

b u f f e r i ( B ( 1 ) + i ,  3)
e n d

s t a r t  i n d e x  a t  f i r s t  e l e m e n t  o f  m a t r i x  
e n d  i n d e x  a t  f i r s t  e l e m e n t  o f  m a t r i x  
1 ;  % i n i t i a l l y  b u f f e r  i s  e m p ty

i ;

b u f f e r _ 2  = z e r o s  ( B ( 2 ) + s t a t u s ,  2 ) ;  
b u f f e r _ 2 ( B ( 2 ) + 1 , 1 )  = 1 ;  
b u f f e r _ 2 ( B ( 2 ) + 1 , 2 )  = 1 ;
b u f f e r  2 ( B ( 2 ) + s t a t u s , 1) = 1 ;  % i n i t i a l l y  b u f f e r  is e m p t y  

f o r  i = l : s t a t u s
b u f f e r _ 2 ( B ( 2 )+i, 3) = i;

e n d

b u f f e r _ 3  = z e r o s  ( B ( 3 ) + s t a t u s ,  2 ) ;  
b u f f e r _ 3 ( B ( 3 )+1,1) = 1 ;  
b u f f e r _ 3 ( B ( 3 ) + 1 , 2 )  = 1 ;
b u f f e r  3 ( B ( 3 ) + s t a t u s , 1) = 1 ;  % i n i t i a l l y  b u f f e r  i s  empty 
f o r  i = l : s t a t u s

b u f f e r _ 3 ( B ( 3 ) +i, 3) = i;
e n d

b u f f e r _ 4  = z e r o s  ( B ( 4 ) + s t a t u s ,  2 ) ;  
b u f f e r _ 4 ( B ( 4 )+1,1) = 1 ;  
b u f f e r _ 4 ( B ( 4 ) + 1 , 2 )  = 1 ;
b u f f e r _ 4 ( B ( 4 ) + s t a t u s , 1) = 1 ;  % i n i t i a l l y  b u f f e r  is e m p t y  

f o r  i=l : s t a t u s
b u f f e r _ 4 ( B ( 4 ) +i , 3) = i;

e n d

f o r  k = l : m a x  f r a m e  i n d e x

% c a l c u a l t e  t h e  s t a r t i n g  t i m e  o f  e a c h  f r a m e  
f r a m e  s t a r t  t i m e  = ( k - 1 ) ‘ d u r a t i o n ;  
f r a m e _ e n d _ t i m e  = k * d u r a t i o n ;

% u p d a t e  t h e  b u f f e r s  a t  f r a m e  k  
% d i s p ( ' i n p u t  t o  b u f f e r  1 ' )
b u f f e r  1 = t r a f f i c _ i n ( k , f r a m e  s t a r t  t i m e , d u r a t i o n ,  b u f f e r i ,  

s t a t u s , a ( 1 ) , b ( 1 ) , l e n g t h v a r ( 1 ) ,  l e n g t h m u ( 1 ) ) ;
% d i s p ( ' i n p u t  t o  b u f f e r  2 ' )
b u f f e r _ 2 =  t r a f f i c _ i n ( k , f r a m e  s t a r t  t i m e , d u r a t i o n ,  b u f f e r _ 2 , s t a t u s ,  

a (2)  , b ( 2 ) , l e n g t h  v a r ( 2 ) ,  l e n g t h _ m u ( 2 ) ) ;
% d i s p ( ' i n p u t  t o  b u f f e r  3 ' )
b u f f e r _ 3  = t r a f f i c _ i n ( k , f r a m e _ s t a r t _ t i m e , d u r a t i o n ,  b u f f e r _ 3 , 

s t a t u s , a ( 3 ) , b ( 3 ) , l e n g t h v a r ( 3 ) ,  l e n g t h m u ( 3 ) ) ;
% d i s p ( ' i n p u t  t o  b u f f e r  4 ' )
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b u f f e r _ 4  = t r a f f i c _ i n ( k , f r a m e _ s t a r t _ t i m e , d u r a t i o n ,  b u f f e r _ 4 , 
s t a t u s , a ( 4 ) , b ( 4 ) , l e n g t h _ v a r ( 4 ) ,  l e n g t h m u ( 4 ) ) ;

% c a l c u l a t e  t h e  b u f f e r  o c c u p a n c i e s  i n  b y t e s  
s i z e _ b ( l , k )  = b u f f e r l ( B ( 1 ) + 2 , 2 ) ;  % b u f f e r  s i z e  i n  b y t e s
s i z e b ( 2 , k)  = b u f f e r _ 2 ( B ( 2 ) + 2 , 2 ) ;  % b u f f e r  s i z e  i n  b y t e s
s i z e _ b ( 3 , k )  = b u f f e r s ( B ( 3 ) + 2 , 2 ) ;  % b u f f e r  s i z e  i n  b y t e s
s i z e _ b ( 4 , k)  = b u f f e r _ 4 ( B ( 4 ) + 2 , 2 ) ;  % b u f f e r  s i z e  i n  b y t e s

% D e f i n e  u p p e r  a n d  l o w e r  l i m i t s  o n  d e c i s i o n  v a r i a b l e s .
sum_B = 0 ; 
s u m _ u p p e r  = 0 ; 
f o r  i = l : c l a s s e s

U p p e r ( 2 * i - l )  = m i n { [ s i z e _ b ( i , k ) , U ( i ) ] ) ;
L o w e r ( 2 * i - l )  = m i n ( [ s i z e _ b ( i , k ) , L ( i ) ] ) ;
U p p e r ( 2 * i )  = m a x ( [ s i z e  b ( i , k ) - L o w e r ( 2 * i - l ) , 0 ] ) ;
L o w e r ( 2 * i )  = m a x ( [ s i z e _ b ( i , k ) - U p p e r ( 2 * i - l ) ,  0 ] ) ;  
sum_B = s u m _ B + s i z e _ b ( i , k ) ; 
s u m u p p e r  = s u m u p p e r + U p p e r (2 * i - 1 ) ;

e n d

E = m i n (s u m u p p e r , F ) ;

% D e f i n e  m a t r i c e s  A a n d  b
A _ i n e q  = [ ] ;  b i n e q  = [ ] ;  % we d o  n o t  h a v e  i n e q u a l i t y  c o n d i t i o n s .

A eq  = z e r o s ( c l a s s e s + 2 , d i m e n s i o n ) ;
b e q  = z e r o s ( c l a s s e s + 2 , 1 ) ;
b e q (1) = m i n (s u m u p p e r , F ) ;
b e q (2) = s u m B - b e q ( l ) ;
f o r  j = l : c l a s s e s

A e q d , 2 * j - 1 )  =1 ; % f i r s t  ro w  
A e q ( 2 , 2 * j )  = 1 ; % s e c o n d  ro w  
A e q ( i + 2 , 2 * j - l ) = l ;
A e q ( j + 2 , 2 * j ) = l ;
b e q ( j + 2 )  = s i z e _ b ( j , k ) ;

e n d

% c o n s t r u c t  t h e  c o s t  f u n c t i o n  m a t r i x  o u t  o f  c l  a n d  c2
f o r  j  = 1 :  c l a s s e s

c  ( 2 * j - 1 )  = c l ( j ) ;  
c  ( 2 * j ) = c2  ( j ) ;

e n d
% A p p l y  s c h e d u l e r  t o  f i r s t  f r a m e
[ x , f v a l ]  = 1 i n p r o g (c , A i n e q , b  i n e q , A e q , b e q , L o w e r , U p p e r ) ;

% d i s p ( ' o u t p u t  t r a f f i c  f o r  f i r s t  f r a m e ' )
% S t a r t  t r a n s m i t t i n g  d a t a  o u t  o f  b u f f e r s  
% d i s p ( ' b u f f e r s  a f t e r  t r a n s m i s s i o n ' )

% Now we s e r v i c e  t h e  b u f f e r s  i n  r a n d o m  o r d e r  a t  e a c h  
% f r a m e  t o  e q u a l i z e  p e r f o r m a n c e
% T h is  w as  m a i n l y  d o n e  t o  c h e c k  a b o u t  h a v i n g  o p t i m u m s o l u t i o n

i f  s i z e ( x , 1) > 0
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% d i s p ( ' b u f f e r s  a f t e r  o u t p u t ' )

% d i s p ( ' o u t p u t  f r o m  b u f f e r  1 ' )
[ b u f f e r _ l ,  e x i t _ t i m e _ l ]  = 

t r a f f i c  o u t ( C , x { l ) , f r a m e e n d t i m e , b u f f e r _ l , s t a t u s )  
% d i s p ( ' o u t p u t  f r o m  b u f f e r  2 ' )
[ b u f f e r _ 2 ,  e x i t _ t i m e _ 2 ]  = 

t r a f f i c _ o u t ( C , x ( 3 ) , e x i t t i m e l , b u f f e r _ 2 , s t a t u s ) ; 
% d i s p ( ' o u t p u t  f r o m  b u f f e r  3 ' )
[ b u f f e r s , e x i t _ t i m e _ 3 ]  = 

t r a f f i c  o u t ( C , x ( 5 ) , e x i t  t i m e _ 2 , b u f f e r _ 3 , s t a t u s ) ; 
% d i s p ( ' o u t p u t  f r o m  b u f f e r  4 ' )
[ b u f f e r _ 4 ,  e x i t _ t i m e _ 4 ]  

t r a f f i c  o u t ( C , x ( 7 ) , e x i t _ t i m e _ 3 , b u f f e r _ 4 , s t a t u s ) ; 
e n d

D e f i n e  p e r f o r m a n c e  d a t a  a r r a y s ,  a n d  c o l l e c t i o n  o f  t h e  s t a t i s t i c s  
t r a n s m i t t e d  b y t e s / f r a m e  

T h _ b  ( l , k )  = b u f f e r l ( B ( 1 ) + 5 , 1 )
T h _ b  ( 2 , k )  = b u f f e r  2 ( B ( 2 ) + 5 , 1 )
T h _ b  ( 3 , k )  = b u f f e r _ 3 ( B { 3 ) + 5 , 1 )
Th b  ( 4 , k )  = b u f f e r  4 ( B ( 4 ) + 5 , 1 )

% t r a n s m i t t e d  p a c k e t s / f ra m e
T h _ p  ( l , k )  = b u f f e r  1 ( B ( 1 ) + 6 , 1 )  
T h _ p  ( 2 , k )  = b u f f e r _ 2 ( B ( 2 ) + 6 , 1 )  
T h _ p  ( 3 , k )  = b u f f e r _ 3 ( B { 3 ) + 6 , 1 )  
T h _ p  ( 4 , k )  = b u f f e r _ 4 ( B ( 4 ) + 6 , 1 )

% e s t i m a t e  o f  t o t a l  e t a  i n  b y t e s
e t a _ b _ f ( l , k )  
e t a b f ( 2 , k )  
e t a _ b _ f ( 3 , k )  
e t a  b  f ( 4 , k )

= b u f f e r l ( B ( 1 ) + 9 , 1 ) ;  
= b u f f e r _ 2 ( B ( 2 ) + 9 , 1 ) ;  
= b u f f e r  3 ( B ( 3 ) + 9 , 1 ) ;  
= b u f f e r  4 ( B ( 4 ) + 9 , 1 ) ;

e s t i m a t e  o f  t o t a l  e t a  i n  b y t e s
e t a b t ( l , k )  
e t a _ b _ t ( 2 , k) 
e t a _ b _ t ( 3 , k )  
e t a  b  t ( 4 , k )

b u f f e r i ( B ( 1 ) + 9 , 2 )  
b u f f e r _ 2 ( B ( 2 ) + 9 , 2 )  
b u f f e r _ 3 ( B ( 3 ) + 9 , 2 )  
b u f f e r  4 ( B ( 4 ) + 9 , 2 )

% e s t i m a t e  o f  t o t a l  e t a  i n  p a c k e t s
e t a _ p _ f ( l , k )  = b u f f e r i ( B ( 1 ) + 1 0 , 1 )  
e t a _ p _ f ( 2 , k )  = b u f f e r _ 2 ( B ( 2 ) + 1 0 , 1 )  
e t a j p _ f ( 3 , k )  = b u f f e r _ 3 ( B ( 3 ) + 1 0 , 1 )  
e t a _ p _ f ( 4 , k )  = b u f f e r _ 4 ( B ( 4 ) + 1 0 , 1 )

% e s t i m a t e  o f
e t a _ p _ t ( l , k )  
e t a _ j p _ t  ( 2 ,  k) 
e t a _ p _ t ( 3 , k )  
e t a _ p _ t ( 4 , k )

t o t a l  e t a  i n  p a c k e t s
= b u f f e r l ( B ( 1 ) + 1 0 , 2 )  
= b u f f e r _ 2 ( B ( 2 ) + 1 0 , 2 )  
= b u f f e r _ 3 ( B ( 3 ) + 1 0 , 2 )  
= b u f f e r  4 ( B ( 4 ) + 1 0 , 2 )

% e s t i m a t e  o f  t o t a l  l o s s  r a t i o  i n  b y t e s
l o s s b f ( l , k )  = b u f f e r l ( B ( 1 ) + 1 1 , 1 ) ;  
l o s s b f ( 2 , k )  = b u f f e r  2 ( B ( 2 ) + 1 1 , 1 ) ;
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l o s s _ b _ f ( 3 , k )  
l o s s  b  f ( 4 , k )

b u f f e r _ 3 ( B ( 3 ) + 1 1 , 1 )  ; 
b u f f e r _ 4 ( B ( 4 ) + 1 1 , 1 ) ;

% e s t i m a t e  o f  t o t a l  l o s s  r a t i o  i n  b y t e s  
losB_b_t(l,k) = bufferi ( B ( l ) +11,2) 
loss_b_t(2,k) = buffer_2(B(2)+11,2) 
loss_b_t(3,k) = buffer_3(B(3)+11,2) 
lossb t(4,k) = buffer 4 (B(4)+11,2)

% e s t i m a t e  o f
loss_p_f(l,k) 
loss_p_f( 2 , k )  
loss_p_f(3, k )  
loss_jp_f ( 4 , k )

t o t a l  l o s s  r a t i o  i n  p a c k e t s
= b u f f e r i ( B ( l ) + 1 2 ,1 )
= b u f f e r  2 ( B ( 2 ) + 1 2 , 1 )
= b u f f e r _ 3 ( B ( 3 ) + 1 2 , l )
= b u f f e r  4 ( B ( 4 ) + 1 2 , 1 )

e s t i m a t e  o f  t o t a l  l o s s  r a t i o  i n  p a c k e t s
l o s s  p  t ( l , k )  
l o s s  p _ t ( 2 , k )  
l o s s p t ( 3 ,k )  
l o s s _ p _ t ( 4 , k )

b u f f e r i ( B ( l ) + 1 2 ,2 )  
b u f f e r _ 2 ( B ( 2 ) + 1 2 , 2 )  
b u f f e r _ 3 ( B ( 3 ) + 1 2 , 2 )  
b u f f e r  4 ( B ( 4 ) + 1 2 , 2 )

% a v e r a g e  a c c u m u l a t e d  d e l a y  
d e l a y a f { 1 , k )  = b u f f e r i ( B ( l ) + 1 4 ,1 )  
d e l a y a f ( 2 , k )  = b u f f e r _ 2 ( B ( 2 ) + 1 4 , 1 )  
d e l a y a f ( 3 , k )  = b u f f e r _ 3 ( B ( 3 ) + 1 4 , 1 )  
d e l a y a f ( 4 , k )  = b u f f e r _ 4 ( B ( 4 ) + 1 4 , 1 )

% a v e r a g e  a c c u m u l a t e d  d e l a y  
d e l a y a t { 1 , k )  = b u f f e r l ( B ( 1 ) + 1 4 , 2 )  
d e l a y a t ( 2 , k )  = b u f f e r _ 2 ( B ( 2 ) + 1 4 , 2 )  
d e l a y a t ( 3 , k )  = b u f f e r  3 ( B ( 3 ) + 1 4 , 2 )  
d e l a y a t ( 4 , k )  = b u f f e r  4 ( B ( 4 ) + 1 4 , 2 )

% a v e r a g e  q u e u e  s i z e  i n  p a c k e t s

q u e u e _ p ( l , k )  
q u e u e _ p ( 2 , k )  
q u e u e _ p ( 3 , k )  
q u e u e _ p ( 4 , k )

= b u f f e r  1 ( B ( 1 ) + 2 , 1 )  
= b u f f e r  2 ( B ( 2 ) + 2 , 1 )  
= b u f f e r  3 ( B ( 3 ) + 2 , 1 )  
= b u f f e r  4 ( B ( 4 ) + 2 , 1 )

% a v e r a g e  q u e u e  s i z e  i n  b y t e s  
q u e u e _ b ( l , k )  = b u f f e r l ( B ( 1 ) + 2 , 2 ]  
q u e u e _ b ( 2 , k )  = b u f f e r _ 2 ( B ( 2 ) + 2 , 2 ]  
q u e u e _ b ( 3 , k )  = b u f f e r _ 3 ( B ( 3 ) + 2 ,2 )  
q u e u e _ b { 4 , k )  = b u f f e r  4 ( B ( 4 ) + 2 ,2 )

e n d e n d  f o r  l o o p  f o r  k

% D e f i n e  p e r f o r m a n c e  d a t a  a r r a y s
f r a m e s  = ( 0 :m a x  f r a m e  i n d e x - 1 ) ;

f o r  k = l ; m a x _ f r a m e _ i n d e x  
s u m _ t r a f f i c =  0 ;  
f o r  j = l : c l a s s e s

s u m _ t r a f f i c = s u m _ t r a f f i c + T h _ b ( j , k ) ;
e n d
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t r a f f i c (k) = s u m t r a f f i c ;  
r e l a t i v e _ s h a r e _ l  = T h _ b ( 1 , : ) / s u m _ t r a f f i c  
r e l a t i v e  s h a r e _ 2  = T h _ b  {2, : ) / s x im _ t r a f  f  i c  
r e 1 a t i v e _ s h a r e _ 3  = T h _ b ( 3 , : ) / s u m t r a f f i c  
r e l a t i v e _ s h a r e _ 4  = T h _ b ( 4 , ; ) / s u m _ t r a f f i c  

e n d

s u b p l o t (5 3 1 )
p l o t ( f r a m e s , r e l a t i v e  s h a r e l , ' k - ' ,  f r a m e s , r e l a t i v e  s h a r e _ 2 , ' k : ' ,  
f r a m e s , r e l a t i v e  s h a r e _ 3 , ' k o ' ,  f r a m e s ,  r e l a t i v e  s h a r e  4 ,  ' k + ' ) ;
x l a b e l ( ' F ra m e  I n d e x ' , ’ F o n t s i z e ' ,  12) 
y l a b e l ( ' R e l a t i v e  S h a r e  ' , ' F o n t s i z e ' ,  12) 
a x i s ( [ 0  m a x f r a m e i n d e x  0 1 ] )

f r a m e _ s h a r e _ l  = T h _ b ( l , : ) / E ;  
f  r a m e _ s h a r e _ 2  = T h _ b ( 2 , : ) / E ;  
f r a m e _ s h a r e _ 3  = T h _ b ( 3 , : ) / E ;  
f  r a m e _ s h a r e _ 4  = T h _ b { 4 , : ) / E ;

s u b p l o t (5 3 2 )
p l o t ( f r a m e s , f r a m e _ s h a r e _ l , ' k - ' ,  f r a m e s , f r a m e _ s h a r e _ 2 , ' k : • ,  f r a m e s ,
f r a m e  s h a r e _ 3 , ' k o ' ,  f r a m e s ,  f r a m e _ s h a r e _ 4 , ' k + ' ) ;
x l a b e l ( ' F ra m e  I n d e x ' , ' F o n t s i z e ' , 12)
y l a b e l ( ' L i n k  S h a r e  ' , ' F o n t s i z e ' ,  12)
a x i s ( [ 0  m a x f ra m e  i n d e x  0 1 ] )

l i n k u t i l i z a t i o n  = t r a f f i c / F ;

% 8 u b p l o t ( 5 3 3 )
% p l o t ( f r a m e s , l i n k _ u t i l i z a t i o n , ' k - ' ) ;  
p l o t ( f r a m e s , l i n k u t i l i z a t i o n , ' k - ' ) ;  
x l a b e l ( ' F r a m e  I n d e x ' , ' F o n t s i z e ' ,  12) 
y l a b e l ( ' L i n k  U t i l i z a t i o n ' ,  ' F o n t s i z e ' ,  12)
a x i s ( [ 0  m a x _ f r a m e _ i n d e x  0 1 ] )

s u b p l o t (534 )
s e m i l o g y ( f r a m e s , e t a b f ( 1 , : ) , ' k - ' ,  f r a m e s ,  e t a b f ( 2 , : ) , ' k : ' ,  f r a m e s ,
e t a b f ( 3 , : ) ,  ' k o ' ,  f r a m e s ,  e t a b f ( 4 , : ) ,  ' k + ' ) ;
x l a b e l ( ' F ra m e  I n d e x ' ,  ' F o n t s i z e ' ,  12)
y l a b e l ( ' \ e t a _ { b f } ' ,  ' F o n t s i z e ' ,  12)
a x i s ( [ 0  m a x f r a m e i n d e x  1 0 ^ - 1  1 ] )

s u b p l o t ( 5 3 5 )
s e m i l o g y ( f r a m e s , e t a b t ( 1 , ; ) , ' k - ' ,  f r a m e s ,  e t a b t ( 2 , : ) , ' k : ' ,  f r a m e s ,
e t a b t ( 3 , : ) ,  ' k o ' ,  f r a m e s , e t a _ b _ t ( 4 , : ) ,  ' k + ' ) ;
x l a b e l ( ' F ra m e  I n d e x ' , ' F o n t s i z e ' ,  12)
y l a b e l ( ' \ e t a _ { b t } ' ,  ' F o n t s i z e ' ,  12)
a x i s ( [ 0  m a x f ra m e  i n d e x  1 0 * - 1  1 ] )

s u b p l o t (5 3 6 )
s e m i l o g y ( f r a m e s , e t a _ p _ f ( 1 , : ) , ' k - ' ,  f r a m e s , e t a _ j ) _ f ( 2 , : ) , ' k : ' ,  f r a m e s ,
e t a _ p _ f ( 3 , : ) ,  ' k o ' ,  f r a m e s ,  e t a _ p _ f ( 4 , : ) ,  ' k + ' ) ;
x l a b e l ( ' F r a m e  I n d e x ' ,  ' F o n t s i z e ' ,  12)
y l a b e l ( ' \ e t a  _ { p f } ' ,  ' F o n t s i z e ' ,  12)
a x i s ( [ 0  m ax f r a m e  i n d e x  1 0 ^ - 1  1 ] )
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s u b p l o t (5 3 7 )
s e m i l o g y ( f r a m e s , e t a _ p _ t ( 1 , : ) , ' k - ’ , f r a m e s , e t a _ p _ t ( 2 , : ) , ' k : ' ,  f r a m e s , 
e t a _ _ p _ t  (3 , : ) , ' k o ' ,  f r a m e s ,  e t a _ p _ t  ( 4 ,  ; ) , ' k+  ' ) ; 
x l a b e l ( ' F r a m e  i n d e x ' ,  ' F o n t s i z e ' ,  12) 
y l a b e l ( ' \ e t a ( p t } ' ,  ' F o n t s i z e ' ,  12)
a x i s ( [ 0  m a x _ f r a m e _ i n d e x  1 0 * - 1  1 ] )

s u b p l o t (5 3 8 )
p l o t ( f r a m e s , l o s s b f ( 1 , : ) , ' k - ' ,  f r a m e s ,  l o s s b f ( 2 , ; ) , ' k : ' ,  f r a m e s ,
l o s s b  f ( 3 , : ) ,  ' k o ' ,  f r a m e s ,  l o s s _ b _ f ( 4 , : ) ,  ' k + ' ) ;
x l a b e l ( ' F ra m e  I n d e x ' ,  ' F o n t s i z e ' ,  12)
y l a b e l ( ' L o s s  r a t i o _ { b f } ' ,  ' F o n t s i z e ' ,  12)
a x i s ( [ 0  max f r a m e i n d e x  0 1 ] )

s u b p l o t (539 )
p l o t ( f r a m e s , l o s s _ b _ t ( 1 , : ) , ' k - ' ,  f r a m e s ,  l o s s b t ( 2 , : ) , ' k : ' ,  f r a m e s ,  
l o s s b t ( 3 , : ) ,  ' k o ' ,  f r a m e s ,  l o s s _ b _ t ( 4 , : ) ,  ' k + ' ) ;  
x l a b e l ( ' F ra m e  I n d e x ' , ' F o n t s i z e ' ,  12) 
y l a b e l ( ' L o s s  r a t i o _ { b t } ' ,  ' F o n t s i z e ' ,  12)
a x i s ( [ 0  m ax f r a m e  i n d e x  0 1 ] )

' k : ' ,  f r a m e s ,

' k : ' ,  f r a m e s .

s u b p l o t ( 5 , 3 , 1 0 )
p l o t ( f r a m e s , l o s s _ p _ f ( 1 , : ) , ' k - ' ,  f r a m e s ,  l o s s _ p _ f ( 2 , ;  
l o s s  p  f ( 3 , : ) ,  ' k o ' ,  f r a m e s ,  l o s s  p _ f ( 4 , : ) ,  ' k + ' ) ;
x l a b e l ( ' F ra m e  I n d e x ' ,  ' F o n t s i z e ' ,  12)
y l a b e l ( ' L o s s  r a t i o _ { p f } ' ,  ' F o n t s i z e ' ,  12) 
a x i s ( [ 0  m a x _ f r a m e _ i n d e x  0 1 ] )  
p a u s e

s u b p l o t ( 5 , 3 , 1 1 )
p l o t ( f r a m e s , l o s s _ p _ t ( 1 , : ) , ' k - ' ,  f r a m e s ,  l o s s  p  t ( 2 ,  
l o s s  p _ t ( 3 , : ) ,  ' k o ' ,  f r a m e s ,  l o s s _ p _ t ( 4 , : ) ,  ' k + ' ) ;
x l a b e l ( ' F ra m e  Index', ' F o n t s i z e ' ,  12) 
y l a b e l ( ' L o s s  r a t i o  { p t } ' ,  ' F o n t s i z e ' ,  12) 
a x i s ( [ 0  m a x f ra m e  i n d e x  0 1 ] )  
p a u s e

% s u b p l o t ( 5 , 3 , 1 2 )
% p l o t ( f r a m e s , q u e u e  b ( l , : ) , ' k - ' ,  f r a m e s ,  q u e u e  b ( 2 , : ) , ' k : ' ,  f r a m e s ,  
q u e u e  b ( 3 , : ) ,  ' g ' ,  f r a m e s ,  q u e u e  b ( 4 , : ) ,  ' r ' ) ;
p l o t ( f r a m e s , q u e u e b ( 1 , : ) , ' k - ' ,  f r a m e s , q u e u e b ( 2 , : ) , ' k : ' ,  f r a m e s , 
q u e u e b ( 3 , : ) ,  ' k o ' ,  f r a m e s , q u e u e b ( 4 , : ) ,  ' k + ' ) ;
x l a b e l ( ' F ra m e  I n d e x ' , ' F o n t s i z e ' ,  12) 
y l a b e l ( ' L e n g t h b  ' ,  ' F o n t s i z e ' ,  12)
p a u s e

% S u b p l o t ( 5 , 3 , 1 3 )
% p l o t ( f r a m e s , q u e u e j p ( l , : ) , ' k - ' ,  f r a m e s ,  q u e u e _ p ( 2 , : ) , ' k : ' ,  f r a m e s ,  
q u e u e _ p ( 3 , : ) ,  ' g ' ,  f r a m e s ,  q u e u e _ p ( 4 , : ) ,  ' r ' ) ;
p l o t ( f r a m e s , q u e u e _ p ( 1 , : ) , ' k - ' ,  f r a m e s ,  g u e u e _ p ( 2 , : ) , ' k : ' ,  f r a m e s ,  
q u e u e _ p ( 3 , : ) ,  ' k o ' ,  f r a m e s ,  q u e u e _ p ( 4 , : ) ,  ' k + ' ) ;  
x l a b e l ( ' F ra m e  I n d e x ' ,  ' F o n t s i z e ' ,  12) 
y l a b e l ( ' L e n g t h _ p  ' ,  ' F o n t s i z e ' ,  12)
p a u s e
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s u b p l o t ( 5 , 3 , 1 4 )
p l o t ( f r a m e s , d e l a y a f ( 1 , : ) , ' k - ' ,  f r a m e s ,  d e l a y a f ( 2 , : ) , ' k : ' ,  f r a m e s ,  
d e l a y a f ( 3 , : ) ,  ' k o ' ,  f r a m e s , d e l a y _ a _ f ( 4 , : ) ,  ' k + ' ) ;  
x l a b e l ( ' F r a m e  I n d e x ' ,  ' F o n t s i z e ' ,  12) 
y l a b e l ( ' D e l a y  f ' ,  ' Fontsize' ,  12)

s u b p l o t ( 5 , 3 , 1 5 )
p l o t ( f r a m e s , d e l a y _ a _ t ( 1 , : ) , ' k - ' ,  f r a m e s ,  d e l a y a t { 2 , : ) , ’ k : ' ,  f r a m e s , 
d e l a y a t ( 3 , : ) ,  ' k o ' ,  f r a m e s , d e l a y _ a _ t ( 4 , : ) ,  ' k + ' ) ;
x l a b e l ( ' F r a m e  I n d e x ' ,  ' F o n t s i z e ' ,  12) 
y l a b e l ( ' D e l a y t ' ,  ' F o n t s i z e ' ,  12)
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B.2 Input trafBc characteristics. MATLAB Ble

f u n c t i o n  o u t p u t _ b u f f e r = t r a f f i c  i n ( k , f r a m e  t i m e , d u r a t i o n , i n p u t _ b u f f e r ,  
s t a t u s , a , b , l e n g t h v a r , l e n g t h m u )

% t r a f f i c _ i n ( f r a m e  t i m e , d u r a t i o n , i n p u t  b u f f e r , a , b , l e n g t h v a r ,  
l e n g t h m u )
% U p d a t e  t h e  i n p u t  b u f f e r  t o  p r o d u c e  t h e  
% o u t p u t  b u f f e r  a f t e r  g e n e r a t i n g  t r a f f i c  d u r i n g  
% a  c e r t a i n  f r a m e  p e r i o d .
% G e n e r a t e  p a c k e t s  w i t h  
% r a n d o m  i n t e r a r r i v a l  t i m e s  a n d
% r a d n o m  l e n g t h s  w i t h i n  a  s p e c i f i e d  t i m e  d u r a t i o n .
% Random  i n t e r a r r i v a l  t i m e s  a r e  g e n e r a t e d

% a c c o r d i n g  t o  t h e  I n v e r s i o n  m e t h o d .
% k  i s  f r a m e  i n d e x
% f r a m e  t i m e :  t i m e  o f  c u r r e n t  f r a m e  
% d u r a t i o n :  t i m e  d u r a t i o n  o f  o n e  f r a m e  
% i n p u t b u f f e r :  s t r u c t u r e  f o r  b u f f e r  a t  i n p u t  
% s t a t u s :  s i z e  o f  b u f f e r  s t a t u s  w o r d  
% a :  p o s i t i o n  p a r a m e t e r  ( i n  s e c o n d s )
% b :  s h a p e  p a r a m e t e r  ( i n  s e c o n d s * - ! )
% l e n g t h v a r :  v a r i a n c e  i n  l e n g t h  
% l e n g t h m u :  a v e r a g e  p a c k e t  l e n g t h

% g e t  a l l  t h e  i n f o  y o u  c a n  a b o u t  t h e  i n p u t  b u f f e r  
% s i n c e  we h a v e  10  e x t r a  f i e l d s  a t  t a i l ,  we s u b t r a c t  10 
% t o  g e t  a c t u a l  s t o r a g e  s p a c e  f o r  p a c k e t s .

b u f f e r  s i z e =  s i z e ( i n p u t _ b u f f e r ,  1 ) - s t a t u s ;  % s i z e  i n  b y t e s

o u t p u t  b u f f e r =  i n p u t b u f f e r ; % i n i t i a l i z e  u p d a t e d  b u f f e r

B= i n p u t  b u f f e r ( b u f f e r  s i z e + 1 , 1 ) ;  % s t a r t  i n d e x  

e=  i n p u t b u f f e r ( b u f f e r  s i z e + 1 , 2 ) ;  % end i n d e x

o c c u p a n c y _ p  = o u t p u t b u f f e r ( b u f f e r  s i z e + 2 , 1 ) ;  
o c c u p a n c y  b  = o u t p u t  b u f f e r ( b u f f e r  s i z e + 2 , 2 ) ;

b y t e s  r c v  t  = o u t p u t  b u f f e r ( b u f f e r  s i z e + 3 , 2 ) ;  
p a c k e t s r c v t  = o u t p u t b u f f e r ( b u f f e r  s i z e + 4 , 2 ) ;

b y t e s _ l o s t _ t  = o u t p u t  b u f f e r ( b u f f e r  s i z e + 7 , 2 ) ;  
p a c k e t s  l o s t t  = o u t p u t  b u f f e r ( b u f f e r  s i z e + 8 , 2 ) ;

f u l l _ f l a g  = o u t p u t  b u f f e r ( b u f f e r  s i z e + s t a t u s , 2 ) ;

l o c a l  t i m e = 0 ;  % R e s e t  t h e  c o u n t e r  i n d i c a t i n g  r e l a t i v e  t i m e  
b y t e s r c v f - O ; % i n i t i a l i z e  n u m b e r  o f  a r r i v i n g  b y t e s / f r a m e
p a c k e t s r c v f  = 0 ;
b y t e s  l o s t  f = 0 ;  % i n i t i a l i z e  n u m b e r  o f  l o s t  p a c k e t s / f r a m e
p a c k e t s _ l o s t _ f  = 0 ;
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l o s s _ b _ f =  0 ;  % loss r a t i o  p e r  f r a m e  

l o s s _ j p _ f  =  0 ;

w h i l e  l o c a l t i m e  < d u r a t i o n  % c h e c k  t h a t  p a c k e t  a r r i v e d  d u r i n g  c u r r e n t  
f r a m e

% We w a n t  t o  m a k e  s u r e  t h a t  t h e  i n c o m i n g  p a c k e t  h a s  ro o m  i n  t h e  
b u f f e r

% we a r e  s u r e  t h e  p a c k e t  w i l l  b e  s a v e d ,  s o  we m ak e  e m p t y  f l a g  z e r o  
% p a c k e t  w i l l  b e  s a v e d  b e c a u s e  we c o u l d  d r o p  t h e  HOL p a c k e t  
% t o  a c c o m o d a t e  i n c o m i n g  p a c k e t .
% w h en  e m p t y f l a g  = 0 ,  b u f f e r  i s  n o t  e n ^ t y .

e m p t y f l a g  = 0 ;
o u t p u t b u f f e r ( b u f f e r  s i z e + s t a t u s , 1) = e m p ty  f l a g ;

X -  r a n d ( l ) ;  % s o u r c e  r a n d o m  n u m b e r  

% p a c k e t  s i z e  i n  i n t e g e r  b y t e s
p a c k e t  l e n g t h  = f l o o r ( s q r t ( l e n g t h v a r ) * r a n d n ( l ) + l e n g t h _ m u ) ;

% e v a l u a t e  a b s o l u t e  p a c k e t  a r r i v a l  t i m e  a n d  l o c a l  t i m e  w i t h i n  t h e  
f r a m e

i n t e r  a r r i v a l  t i m e = a  -  ( l / b ) * l o g ( 1 - x ) ; % i n t e r a r r i v a l  t i m e  o f  

p a c k e t

% p a c k e t  a r r i v a l  t i m e  r e l a t i v e  t o  s t a r t  t i m e  o f  c u r r e n t  f r a m e
p a c k e t t i m e  = f r a m e t i m e  + l o c a l  t i m e ;  % a b s o l u t e  p a c k e t  a r r i v a l

t i m e

% c h e c k  t h a t  b u f f e r  i s  n o t  f u l l . We d o  n o t  c a r e  i f  b u f f e r  i s  e m p ty  
o r  n o t .

i f  f u l l  f l a g  == 0 % b u f f e r  i s  n o t  c o m p l e t e l y  f u l l
% T h u s  t h e r e  i s  am e m p ty  l o c a t i o n  i n  b u f f e r  a s  i n d i c a t e d  w i t h  

t h e  e n d  i n d e x  e .
o u t p u t _ b u f f e r ( e , 1) = p a c k e t t i m e ; % i n s e r t  a r r i v a l  t i m e  o f  new  

p a c k e t  i n  f r e e  l o c a t i o n
o u t p u t b u f f e r { e , 2 )  = p a c k e t l e n g t h ;  % i n s e r t  l e n g t h  o f  new  

p a c k e t  i n  f r e e  l o c a t i o n
o u t p u t b u f  f e r (e , 3 )  = k ;  % i n d i c a t e  f r a m e  i n d e x  
e  = e + 1 ;  % i n c r e m e n t  e n d  i n d e x  t o  i n d i c a t e  e f f e c t  o f  a d d i n g  a

p a c k e t
i f  e  == b u f f e r  s i z e + 1  % i n d e x  o v e r f l o w

e  = 1 ;
e n d  % e n d  i f  t h a t  c h e c k s  i n d e x  o v e r f l o w
o u t p u t  b u f f e r ( b u f f e r _ s i z e + l , 2 )  = e ;  % e n d  i n d e x

i f  e  == s
% b u f f e r  w a s  n o t  c o m p l e t e l y  f u l l  b u t  i s  now  f u l l  s i n c e

l o c a t i o n
% o f  e m p t y  c e l l  e q u a l s  s t a r t  o f  h e a d  o f  l i n e  p a c k e t
f u l l _ f l a g  = 1 ;  % n o w  we i n d i c a t e  b u f f e r  i s  f u l l  ( w h ic h  i s  

n o t  s a m e  a s  o v e r f l o w e d )
o u t p u t  b u f f e r ( b u f f e r  s i z e + s t a t u s , 2 )  = f u l l _ f l a g ;  

e n d  % e n d  i f  t h a t  c o m p a r e s  s  a n d  e  i n d i c e s

% u p d a t e  b u f f e r  d a t a
o c c u p a n c y _ p  = o c c u p a n c y _ jp + l  ;
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o u t p u t b u f f e r ( b u f f e r  s i z e + 2 , 1) = o c c u p a n c y _ p ; % s i z e  o f  b u f f e r

i n  p a c k e t s

o c c u p a n c y b  = o c c u p a n c y b  + p a c k e t  l e n g t h ;
o u t p u t  b u f f e r ( b u f f e r  s i z e + 2 ,2 )  = o c c u p a n c y b ; % s i z e  o f  b u f f e r

i n  b y t e s

b y t e s _ r c v _ f  = b y t e s _ r c v _ f + p a c k e t _ l e n g t h ;  
b y t e s _ r c v _ t  = b y t e s  r c v t + p a c k e t  l e n g t h ;
o u t p u t b u f f e r ( b u f f e r  s i z e + 3 , 1 )  = b y t e s _ r c v _ f ; % i n p u t  n u m b e r

o f  b y t e s  p e r  f r a m e
o u t p u t  b u f f e r ( b u f f e r  s i z e + 3 , 2 )  = b y t e s _ r c v _ t ; % i n p u t  s i z e  o f

b u f f e r  I n  b y t e s  p e r  f r a m e

p a c k e t s r c v f  = p a c k e t s _ r c v _ f +1 ; 
p a c k e t s r c v t  = p a c k e t s  r c v _ t + l ;
o u t p u t b u f f e r ( b u f f e r  s i z e + 4 , 1) = p a c k e t s r c v f ; % i n p u t  n u m b e r

o f  p a c k e t s  p e r  f r a m e
o u t p u t  b u f f e r ( b u f f e r  s i z e + 4 , 2) = p a c k e t s _ r c v _ t ; % i n p u t  s i z e

o f  b u f f e r  i n  p a c k e t s  p e r  f r a m e

t o u t p u t  b u f f e r
% b y te s  b u f f e r  = s u m ( o u t p u t _ b u f f e r ( l : b u f f e r  s i z e , 2 ) )  

e l s e  % i . e .  f u l l  f l a g  ==1
% b u f f e r  i s  f u l l  we m u s t  d e l e t e  a  p a c k e t  t o  i n s e r t  t h e  n ew  o n e .  
% a  f u l l  b u f f e r  i s  c h a r a c t e r i z e d  b y  
% e= = 8
% Now d r o p  h e a d  o f  l i n e  p a c k e t  t o  m ak e  ro o m  f o r  n ew  p a c k e t  
% 1 .  We c o r r e c t  t h e  b u f f e r  s i z e  i n  b y t e s  s i n c e  HOL p a c k e t  i s

d r o p p e d
% a n d  t h e  a r r i v i n g  p a c k e t  i s  i n s e r t e d  a t  e n d  o f  l i n e  EOL.
% 2 .  We w r i t e  new  p a c k e t  a t  l o c a t i o n  o f  s t a r t i n g  p a c k e t  ( i n d e x

s )  .
% T h i s  e f f e c t i v e l y  d r o p s  t h e  h e a d  o f  t h e  FIFO
% 3 .  We i n c r e m e n t  b o t h  s  a n d  e  t o  m ove t o  n e x t  HOL p a c k e t  w h i c h  
% i s  now  t h e  o l d e s t  p a c k e t  i n  F IF O .

% F i r s t  we g a t h e r  s t a t i s t i c s  o f  p a c k e t  t o  b e  d r o p p e d .
b y t e s  l o s t f  = b y t e s  l o s t  f + o u t p u t _ b u f f e r ( s , 2 ) ;  % increase 

n u m b e r  o f  l o s t  b y t e s / f r a m e
o u t p u t  b u f f e r ( b u f f e r  s i z e + 7 , 1) = b y t e s  l o s t f  ; % n u m b e r  o f  

t r a n s m i t t e d  p a c k e t s / f r a m e

b y t e s  l o s t t  = b y t e s  l o s t  t + o u t p u t  b u f f e r ( s , 2 ) ;  % i n c r e a s e  
t o t a l  n u m b e r  o f  l o s t  b y t e s

o u t p u t  b u f f e r ( b u f f e r _ s i z e + 7 , 2) = b y t e s  l o s t  t  ; % n u m b e r  o f  

l o s t  p a c k e t s / f r a m e

i f  b y t e s l o s t t  > b y t e s r c v t
d i s p ( ' e r r o r :  l o s t  b y t e s  > r e c e i v e d  b y t e s ' ) ;

e n d

p a c k e t s  l o s t f  = p a c k e t s _ l o s t _ f + 1 ;  % i n c r e a s e  n u m b e r  o f  l o s t  

p a c k e t s / f r a m e
o u t p u t b u f f e r ( b u f f e r  s i z e + 8 , 1) = p a c k e t s  l o s t f  ; % n u m b e r  o f  

t r a n s m i t t e d  p a c k e t s / f r a m e
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packets__lost_t = packets lost t+1; % increase total number of 
l o s t  p a c k e t s

output buffer(buffer_size+8,2) = packets lostt ; % number of 
lost packets/frame

if packets lost t > packets_rcv_t
d i s p ( ' e r r o r :  l o s t  p a c k e t s  > r e c e i v e d  p a c k e t s ' ) ;

end
% U p d a t e  t h e  n u m b e r  o f  b y t e s  i n  t h e  b u f f e r  
% b y  d e l e t i n g  t h e  HOL p a c k e t  a n d  r e p l a c i n g  i t  w i t h  t h e  new

p a c k e t
occupancyb = occupancyb - output_buffer(s,2)+ packet_length; 

% d e l e t e  HOL p a c k e t
outputbuffer(buffer size+2,2) = occupancyb; % size o f  buffer

i n  b y t e s

occupancy_p = occupancy_j) ; %delete one packet and a d d  o n e
p a c k e t

output_buffer(buffer size+2,1) = occupancy_p; % size of buffer
i n  b y t e s

% u p d a t e  b u f f e r  s i z e
bytes_rcv_f = bytes rcy_f+packet length;
output buffer(buffer size+3,1) = bytes_rcv_f; % i n p u t  number

o f  p a c k e t s  p e r  f r a m e

bytes_rcv_t = bytes_rcv_t+packet_length;
outputbuffer(buffer size+3,2) = b y t e s r c v t ; % i n p u t  size of

b u f f e r  i n  b y t e s  p e r  f r a m e

packets rcv_f = packets rev f+1;
output buf fer(buffer size+4,1) = packetsrcvf; % i n p u t  n u m b e r

o f  p a c k e t s  p e r  f r a m e

packets_rcv_t = packets rcy_t+l;
output buffer(buffer size+4,2) = packetsrcvt; % i n p u t  s i z e

o f  b u f f e r  i n  b y t e s  p e r  f r a m e

t i m e

l e n g t h

% Now i n s e r t  t h e  new  p a c k e t  a t  l o c a t i o n  s
o u t p u t b u f f e r ( s , 1 )  = p a c k e t t i m e ;  % r e p l a c e  H O L  p a c k e t  a r r i v a l  

o u t p u t  b u f f e r ( s , 2 )  = p a c k e t  l e n g t h ; % r e p l a c e  HOL p a c k e t  p a c k e t  

o u t p u t  b u f f e r ( s , 3 )  = k ;  % i n d i c a t e  f r a m e  i n d e x

s  = s  + 1 ;  % now m ove HOL p a c k e t  o n e  s p o t  i n t o  t h e  F%?0
i f  s  == b u f f e r  s i z e + 1  

s  = 1 ;
e n d
e  = 8 ;  % b u f f e r  i s  s t i l l  f u l l  a s  i n d i c a t e d  b y  e = = s .
o u t p u t b u f f e r ( b u f f e r  s i z e + 1 , 1 )  = s ; % start i n d e x  

o u t p u t  b u f f e r ( b u f f e r _ s i z e + l , 2 )  = e ;  % e n d  i n d e x

t o u t p u t  b u f f e r
t b y t e s  b u f f e r  = s u m ( o u t p u t  b u f f e r ( I z b u f f e r  s i z e , 2 ) )



104

t e n d  % e n d  i f  t h a t  c h e c k s  f o r  b u f f e r  f u l l
local_time=local_time+inter_arrival_time,- % update l o c a l  time

e n d  %End o f  w h i l e

% Now t h a t  we a r e  f i n i s h e d  w i t h  o u r  f r a m e ,  we u p d a t e  o u r  l o s s  r a t i o
i f  bytes_rcv_f == 0 

loss_b_f = 0 ;
else

loss_b_f = bytes_lost_f/bytes_rcv_f;
end
output_buffer(buffer_size+ll,1) = l o s s b f ;

if bytes_rcv_t == 0 
loss_b_t = 0 ;

else
loss_b_t = bytes_lost_t/bytes_rcv_t;

end
outputbuf fer(buffer_size+ll,2) = loss_b_t;
if packets_rcv_f == 0 

lossjp_f = 0;
else

loss_p_f = packets lost f/packetsrcv_f;
end
outputbuffer(buffer size+12,1) = l o s s p f ;

if packets_rcv_t == 0 
loss_p_t = 0;

else
loss_p_t = packets lost_t/packets_rcv_t;

end
output buffer(buffer size+12,2) = losspt;
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B J Output trafBc characteristics. MATLAB Bie

f u n c t i o n  [ o u t p u t  b u f f e r ,  e x i t t i m e ]  =
t r a f f i c _ o u t ( C , x , e n t r y t i m e , i n p u t b u f f e r ,  s t a t u s )

%TRAFFIC_OOT t r a n s m i t  b u f f e r  p a c k e t s
%

% C: o u t p u t  l i n e  r a t e  ( b y t e s / s )
% X : maximum a m o u n t  o f  b y t e s  t o  s e n d  
% t i m e :  t i m e  a t  w h i c h  t r a n s m i s s i o n  i s  t a k i n g  p l a c e  
% i n p u t b u f f e r :  b u f f e r  t o  p i c k  p a k c e t s  f r o m  
% s t a u t s : s i z e  o f  b u f f e r  s t a t u s  w o rd
% t r a f f i c o u t  u p d a t e s  t h e  t i m e  v a l u e  t o  a c c o u n t  f o r  t h e  d e l a y  
% r e q u i r e d  t o  t r a n s m i t  a  p a c k e t .

% g e t  a l l  t h e  i n f o  y o u  c a n  a b o u t  t h e  i n p u t  b u f f e r  
b u f f e r _ s i z e  = s i z e ( i n p u t  b u f f e r ,  1 ) - s t a t u s  ;

o u t p u t  b u f f e r  = i n p u t b u f f e r ;

8 = i n p u t _ b u f f e r ( b u f f e r  s i z e + 1 , 1 ) ;  % s t a r t  i n d e x  
e  = i n p u t  b u f f e r ( b u f f e r  s i z e + 1 , 2 ) ;  % end i n d e x

t i m e  = e n t r y  t i m e  ; % i n i t i a l i z e  s t a r t i n g  t i m e

o c c u p a n c y _ p  = o u t p u t  b u f f e r ( b u f f e r _ s i z e + 2 , l ) ;  
o c c u p a n c y b  = o u t p u t  b u f f e r ( b u f f e r  s i z e + 2 , 2 ) ;

b y t e s r c v f  = o u t p u t  b u f f e r ( b u f f e r  s i z e + 3 , 1 ) ;  
b y t e s r c v t  = o u t p u t _ b u f f e r ( b u f f e r  s i z e + 3 , 2 ) ;

p a c k e t s _ r c v _ f  = o u t p u t  b u f f e r ( b u f f e r s i z e + 4 , 1 ) ;  
p a c k e t s _ r c v _ t  = o u t p u t _ b u f f e r ( b u f f e r _ s i z e + 4 , 2 ) ;

b y t e s x m t f - O ; % i n i t i a l i z e  n u m b e r  o f  t r a n s m i t t e d  b y t e s / f r a m e
b y t e s x m t t  = o u t p u t  b u f f e r ( b u f f e r  s i z e + 5 , 2 ) ;

p a c k e t 8 _ x m t _ f " 0 ; % i n i t i a l i z e  n u m b e r  o f  t r a n s m i t t e d  b y t e s / f r a m e
p a c k e t s _ x m t _ t  = o u t p u t _ b u f f e r ( b u f f e r _ s i z e + 6 , 2 ) ;

e t a b f "  0 ;  % l o s s  r a t i o  p e r  f r a m e
e t a _ p _ f  = 0 ;

d e l a y f "  0 ;  % i n i t i a l i z e  t o t a l  d e l a y  i n  o n e  f r a m e
d e l a y t  = o u t p u t _ b u f f e r ( b u f f e r  s i z e + 1 3 , 2 ) ;

d e l a y a f  = 0 ;  % i n i t i a l i z e  a v e r a g e  d e l a y  p e r  f r a m e

e m p t y f l a g  = o u t p u t b u f f e r ( b u f f e r  s i z e + s t a t u s , 1 ) ;  
f u l l  f l a g  = o u t p u t b u f f e r ( b u f f e r  s i z e + s t a t u s , 2 ) ;

w h i l e  X > 0 % o u r  b u f f e r  h a s  s e m e  c r e d i t  l e f t  t o  t r a n s m i t
i f  e n p t y f l a g  == 1 % b u f f e r  i s  e n p t y ,  l e a v e  t h e  t r a n s m i t  mode 

X "  0 ;  % s e t  X"0 t o  e x i t  w h i l e  l o o p  a n d  s t o p  t r a n s m i s s i o n  
e l s e  % b u f f e r  i s  n o t  e m p ty  a n d  we c a n  p o t e n t i a l l y  s e n d  a  p a c k e t
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packet_size = input_buffer(s,2); % p i c k  H O L  p a c k e t  and c h e c k

i t s  s i z e

i f  X > p a c k e t s i z e  % we c a n  s e n d  t h e  HOL p a c k e t  a n d  h o u s k e e p  
b u f f e r  s t a t u s  w o r d

i f  f u l l f l a g  == 1 % b u f f e r  c o u l d  b e  f u l l  a t  s t a r t
f u l l f l a g  = 0 ;  % b u f f e r  i s  n o t  f u l l  s i n c e  we a r e  a b l e  

t o  s e n d  o n e  p a c k e t
output_buffer(buffer size+status,2)=full_flag;

end

% now  d o  som e s t a t i s t i c s  g a t h e r i n g  s i n c e  we know  a  p a c k e t
w i l l  b e  s e n t

% e x t r a c t  t h e  p a c k e t  a t  HOL l o c a t i o n  s  f o r  t r a n s m i s s i o n
packettime = input_buffer(s,1);
% C l e a r  t h e  l o c a t i o n  o f  t h e  p a c k e t  s o  we c a n  s e e  t h e  a c t i o n  

w h e n  we l i s t  b u f f e i
output_buffer(s,l) = 0; output_buffer(s,2) = 0; 

output_buf fer(s,3)= 0 ;

% d e c r e a s e  t h e  s i z e  o f  t h e  b u f f e r  b y  o n e  p a c k e t
occupancyjp = occupancy_p - 1;
output buffer (buffer size+2,1 ) = occupancy_jp;

l e f t
% d e c r e a s e  t h e  s i z e  o f  t h e  b u f f e r  b y  s i z e  o f  p a c k e t  t h a t

o c c u p a n c y _ b  = o c c u p a n c y b  -  p a c k e t  s i z e ;  
o u t p u t _ b u f f e r ( b u f f e r  s i z e + 2 , 2 ) =  o c c u p a n c y b ;

% i n d i c a t e  t h a t  o n e  m o r e  p a c k e t  l e f t  i n  t h e  c u r r e n t  f r a m e
b y t e s _ x m t _ f  = b y t e s x m t f  + p a c k e t  s i z e ;  
o u t p u t _ b u f f e r ( b u f f e r  s i z e + 5 , 1 ) =  b y t e s  x m t  f ;

b y t e s x m t  t  = b y t e s x m t t  + p a c k e t  s i z e ;  
o u t p u t b u f f e r ( b u f f e r  s i z e + 5 , 2 ) =  b y t e s x m t t ;

packets_xmt_f = packets_xmt_f + 1;
output buffer(buffer size+6,1)= packets_xmt_f;
packets_xmt_t = packets_xmt_t + 1; 
outputbuffer(buffer size+6,2)= packets_xmt_t;

% u p d a t e  t h e  b y t e s  e f f i c i e n c y
i f  bytes_rcv_f == 0 

eta_b_f = 0 ;
else

e t a b f  = bytesxmt f/bytes_rcv_f;
e n d
output_buffer(buffer_size+9,1) = eta_b_f;
i f  bytes_rcv_t == 0 

eta_b_t = 0;
else
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eta_b_t = bytes_xmt_t/bytes_rcv_t;
end
output_buffer(buffer size+9,2) = e t a b t ; 
t u p d a t e  t h e  p a c k e t s  e f f i c i e n c y
if packetsrcvf == 0 

eta_p_f = 0;
else

eta_p_f = packets_xmt_f/packets_rcv_f;
end
outputbuffer(buffer size+10,1) = eta_p_f;
if packetsrcvt == 0 

eta_jj_t = 0;
else

eta_p_t = packets_xmt_t/packetsrcvt;
end

outputbuffer(buffer_si ze+10,2) = eta_p_t;

% c a l c u l a t e  t h e  t o t a l  d e l a y  w i t h i n  t h a t  f r a m e
packetdelay = abs(time - packettime);
% u p d a t e  l o c a l  t i m e  s i n c e  o u r  p a c k e t  n e e d s  t i m e  t o  b e

t r a n s m i t t e d
time = time + packet size/C;
delay_f = delayf+packet delay; 
outputbuffer(buffer size+13,1) = delayf;
delayt = delayt +packet_delay; 
outputbuffer(buffer size+13,2) = delayt;

% u p d a t e  a v e r a g e  d e l a y

if packets_xmt_f == 0 
delay_a_f = 0 ;

else
delay_a_f = delay_f/packets_xmt_f;

end
output_buffer(buffer_size+14,1) = d e l a y a f ;

if packets_xmt_t == 0 
delay a t = 0 ;

else
delay_a_t = delay_t/packets_xmt_t;

end
outputbuffer(buffer size+14,2) = d e l a y a t ;
% now we m ove  t o  t h e  n e x t  p a c k e t  i n  t h e  b u f f e r

8 = 8 + 1 ;  % i n c r e m e n t  s t a r t  i n d e x  t o  m ove t o  n e x t  p a c k e t  a t  
t h e  n e x t  i t e r a t i o n

if s > buffer_size % i n d e x  overflow, w h i c h  does not m ean  
b u f f e r  o v e r f l o w !

S = 1 ;



s i z e

108

e n d  % e n d  i f  t h a t  c h e c k s  i n d e x  o v e r f l o w
o u t p u t b u f f e r ( b u f f e r  s i z e + 1 , 1 ) =  s ;

i f  8 == e  % b u f f e r  h a s  j u s t  b e e n  e m p t i e d  s i n c e  s = e
e m p t y _ f l a g  = 1 ;
o u t p u t b u f f e r ( b u f f e r  s i z e + s t a t u s , 1 ) = e m p t y _ f l a g ;

end

% u p d a t e  a l l o t t e d  q u o t a
X = X -  p a c k e t _ s i z e ;

e l s e  % p a c k e t  i s  b i g g e r  t h a n  a l l o t t e d  q u o t a  x  < p a c k e t  s i z e  
X = 0 ;  % e x i t  t h e  w i l e  l o o p  b y  m a k i n g  z e r o  c r e d i t

e n d  % e n d  i f  t h a t  c h e c k s  t h a t  a l l o t t e d  d a t a  i s  m o re  t h a n  p a c k e t

e n d  % e n d  i f  t h a t  c h e c k s  t h a t  b u f f e r  i s  e n ^ t y  o r  n o t  

t o u t p u t  b u f f e r
% b y t e s _ b u f f e r  = s u m ( o u t p u t _ b u f f e r ( l : b u f f e r  s i z e , 2 ) )

e n d  % e n d  w h i l e  f o r  a l l o c a t e d  o u t p u t  d a t a

e x i t  t i m e  = t i m e ;




