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Asynchronous Transfer Mode (ATM) has emerged as one of the most promis¬

ing solutions for the next generation networks since being adopted as the transfer

mode of broadband integrated services digital networks (B-ISDN). With the advent

of the high speed, multimedia networks, ATM must support applications with diverse

traffic characteristics and quality of service (QoS) requirements. An accurate traffic

characterization and modeling is, therefore, of primary importance in implementing

effective flow control strategies and in making efficient use of network resources in

ATM networks.

Recent studies have verified self-similar or fractal-like behaviors of the traffic

over local and wide area networks, which implies that it is more appropriate to

model this traffic using a self-similar process than using a traditional Poisson-based
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process. In this Ph.D. research, we investigate the properties of self-similar processes

in great detail. We present a queueing model with a fractional Gaussian noise arrival

process and deterministic service time. This queueing model is radically distinct from

conventional queueing models whose arrival process does not take into account the

self-similarity of incoming traffic. Our simulation results show that the latter leads to

a substantial amount of inaccuracy in terms of network performance. Based on the

queueing model, we propose a preventive flow control scheme suited for self-similar

traffic using a Connection Admission Control (CAC). This CAC takes into account

the Hurst parameter of traffic sources. The numerical results show that the proposed

CAC ensures the QoS and achieves more admitted connections than the peak rate

allocation CAC does.

In this research, we also propose a rate-based flow control scheme suited for

real-time traffic. The main goal of the flow control scheme is to increase the network

utilization with a margin of degradation in cell loss ratio. The proposed flow control

scheme predicts the evolution of buffer occupancy over time using a linear predictor.

We use a Proportional-plus-Integral-plus-Derivative (PID) controller to update the

optimum sending rate at the transmitter dynamically. The adaptive policy attempts

to keep the buffer occupancy for each virtual channel at a steady level, and the

simulation results show that the proposed scheme works effectively against network

congestion.
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CHAPTER 1
INTRODUCTION

Asynchronous Transfer Mode (ATM) is one of the most promising and widely

recognized solutions for the high speed, multimedia networks of next generation. The

anticipation is mainly due to the scalable building blocks ATM provides to serve as

a stable foundation for evolving public and private networks. ATM is capable of

handling many kinds of information including voice, data, image and video in an

integrated manner and was accepted as the transfer mode for Broadband Integrated

Services Digital Networks (B-ISDN) by the International Telecommunications Union

(ITU) in 1988. With the advent of B-ISDN, ATM must support applications with

diverse traffic characteristics and quality of service (QoS) requirements. An accu¬

rate traffic characterization and modeling is, therefore, of primary importance in

implementing effective flow control strategies and in making efficient use of network

resources in ATM networks.

1.1 Motivations and Objectives

ATM has been effectively making inroads in the world-wide networks and has

made substantial progress in developing key standards regarding signaling, traffic

management and LAN emulation. However, there still exist some challenges that we

need to address in order to facilitate the design and optimal performance of functional

ATM networks. This Ph.D. research presents two of these key issues, namely an

appropriate characterization and modeling of ATM traffic and effective congestion

management schemes suitable for the self-similar or fractal-like traffic expected on

ATM networks.

1
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Recent studies based on the trace of local area network (LAN) traffic, mainly

at Bellcore [1], have led to the conclusion that LAN traffic can not be adequately

represented by traditional Markov-based models, but instead can be more appropri¬

ately matched by self-similar or fractal-like models. More recently, variable-bit-rate

(VBR) video traffic [2, 3, 4] and wide area network (WAN) traffic [5] was also found
to exhibit self-similar characteristics. With the foreseeable prevalence of Internet

services and multimedia applications, ATM networks will be carrying a substantial

portion of self-similar traffic.

As we know when a number of bursty traffic sources are active and no interac¬

tive or preventive action is taken to against it, cell losses tend to occur due to buffer

overflows. Despite that researchers have proposed many flow and congestion control

schemes to solve the problems, whether these approaches take advantage of tech¬

niques in feedback control [6, 7, 8], call admission control (CAC) [9], traffic shaping

and smoothing [10], or resource reservation and buffer management [11, 12, 13, 14],
none of them takes the self-similarity of the traffic into consideration. As a conse¬

quence, a new flow control mechanism incorporating more realistic traffic models is

necessary to avoid the tending degradation [15] of network performance and, at the

same time to maintain better network utilization.

The main objective of this research is to design an effective flow and congestion

control scheme for ATM networks by developing a queueing model to gain better

understandings of the behaviors of a network whose incoming traffic is self-similar in

nature. The primary goal of the flow and congestion control mechanism is to minimize

the impact of traffic overload which induces congestion as well as cell loss, and,

simultaneously, to achieve a better network utilization. In addition, this research will

also undertake a tremendous efforts to develop a hierarchically structured testbed for

exploring network performance and various flow control schemes for ATM networks

under mixed self-similar and Poisson traffic.
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1.2 Dissertation Outline

This dissertation is organized as follows: In Chapter 2, we give an introduction

of ATM technology along with various traffic characteristics in ATM networks. We

describe the ATM cell structure in great detail. The bottom three layers of B-ISDN

reference model, namely Physical Layer, ATM Transport Layer and ATM Adaptation

Layer are presented. Traffic characteristics of Constant Bit-rate (CBR), Variable Bit-

rate (VBR) and Available Bit-rate (ABR) or Best-effort services and QoS in ATM

networks are discussed at the end of this chapter.

In Chapter 3, we first review traditional traffic models including Poisson,

Markov and Markov-Modulated Poisson model. We then focus on self-similar pro¬

cesses and their properties and implication for novel self-similar traffic models. Two of

the most important properties of self-similar processes, namely, Hurst effect and long

range dependence will be discussed and analyzed completely. We introduce variance¬

time plots (VTP) and rescaled adjusted (R/S) statistics to estimate the Hurst pa¬

rameter of a self-similar sample path. We present several synthesized algorithms

for generating self-similar samples, for example, Random Mid-point Displacement

(RMD) algorithm and FFT approximation. In this research, most algorithms for es¬

timating the Hurst parameter and generating self-similar sample path are converted

in Matlab scripts.

In Chapter 4, we introduce a traffic control and management framework in

ATM networks. Important parts of the framework are Connection Admission Control

(CAC), Resource Management (RM), Traffic Shaping, Feedback Control, and so on.

We describe several examples including rate-basted and credit-based flow control

schemes. The performance of several congestion control schemes are re-evaluated by

using self-similar traffic models.
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In Chapter 5, we propose a preventive flow control scheme using a Connection

Admission Control (CAC) suited for generic self-similar traffic, particularly multime¬

dia traffic in ATM networks. This CAC takes into account the Hurst parameter of

incoming traffic sources. To facilitate the CAC, we derive the cell loss probability for

a queueing system with an fGn arrival process and deterministic service time. The

CAC is then implemented based on an upper bound of this cell loss probability. In

addition, a number of numerical results are provided to validate the effectiveness of

the proposed CAC scheme.

In Chapter 6, we propose an adaptive rate-based flow control scheme for real¬

time VBR traffic in ATM networks. The goal of the scheme is to minimize the

impact of traffic overload in order to limit the cell loss rate to an acceptable range

and also increase the network utilization. The proposed flow control scheme is based

on predicting the evolution of buffer occupancy over time using a Proportional-plus-

Integral-plus-Derivative (PID) controller and a linear predictor to adaptively update

the optimum data emission rate at the transmitter. The adaptive policy attempts to

keep the buffer occupancy for each virtual channel at a steady level and the simulation

results show that the proposed scheme works effectively against network congestion.

Along with the design of the new flow control scheme, we also develop a hierarchically

structured testbed to measure network performance and explore various flow control

schemes in ATM networks with diverse classes of incoming traffic.

In Chapter 7, we present three protocols which are playing key roles in the

success of the future Internet Multimedia Network: Resource Reservation Proto¬

col (RSVP), Real-time Transport Protocol/Real-time Transport Control Protocol

(RTP/RTCP), and IP Multicasting Protocol-MBone. To study network dynamics

and real traffic characteristics, we conducted traffic measurements and analysis based

on empirical traces collected in the Laboratory for the Information Systems and

Telecommunications (LIST) in August 1997. We illustrate traces standing for more
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than 500,000 packets in different time scales. The traces are also treated separately

according to the protocols of interest to us, which are IP Multicasting, Transport

Control Protocol (TCP) and User Datagram Protocol (UDP). And finally, we con¬

clude the dissertation with summary and future directions in Chapter 8.



CHAPTER 2
BACKGROUND

2.1 Asynchronous Transfer Mode

The ATM standard is primarily defined by International Telegraph and Tele¬

phone Consultative Committee (CCITT), lately called International Telecommunica¬

tions Union-Telecommunication standardization sector (ITU-T). Some interim stan¬

dards for some aspects of ATM have been developed by a user and vendor group

known as ATM Forum in the absence of CCITT standards [16, 17, 18]. ATM as

an emerging, cell-based technology is expected to integrate the currently separate

networks used for voice, video, and data applications. The merger of these networks

has the potential to provide us significant benefits and convenience. ATM, originally

bonded to emerging Telecommunications technology standards, is an established way

to provide channels with arbitrary bandwidth within a multiplexing hierarchy consist¬

ing of a well defined set of fixed bandwidth channels. Eventually, a side-effect of this

provision of arbitrary-capacity channels, ATM will also be able to support channels

of variable bit rate, and hence, will be capable of achieving a statistical multiplexing

gain (SMG). This service is currently available in speeds ranging from 1.544 Mbps

(T1 or DS-1) to 155 Mbps (Optical Carrier Level 3 or OC-3), with rates expected to

be available down to 64 Kbps and up to 622 Mbps (OC-12) soon. Ultimately, ATM
is expected to scale up to the gigabit range.

As a promising candidate for networking in LANs as well as a replacement

for Time Division Multiplexing (TDM) transmission systems in WANs, researchers

routinely saw ATM as a scalable method for the provision of high-speed network

6
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Attributes Datacom Telecom ATM

Traffic Type data voice data, voice, video
Switching packet circuit cell

Unit variable packet fixed frame fixed cell

Quality best effort guaranteed QoS
Access to Media shared dedicated dedicated

Connection connectionless connection-oriented connection-oriented

Table 2.1: Technology Comparison

connections to routers and end systems. This trend has been so marked that it over¬

takes the development of ATM as a back-bone transmission method and displaces

other development prospects for High-Speed LANs and WANs such as Frame Relay

(FR), Fiber Distributed Digital Interface (FDDI), and Switched Multimegabit Data

Services (SMDS). Additionally, ATM is significantly different from both the popular

data communication and telecommunication technologies in use today. ATM technol¬

ogy stands out by unifying these two worlds by borrowing desirable attributes from

both data communication and telecommunication technologies [19]. The comparison

between data communication, telecommunication, and ATM technology is shown in

Table 2.1. Explicit information regarding ATM will be discussed in the next few

sections.

2.1.1 ATM Layered Structure

The ATM protocol uses a layered structure, B-ISDN protocol reference model

(see Figure 2.1), similar to the Open System Interconnect (OSI) model. However, the

three-dimensional layer structure of ATM protocol is distinct from all other protocol

models in the use of three planes across all three ATM layers plus a higher layer . The

user plane is used for end-to-end data transfer, the control plane supports signalling

used to established a connection, and the management plane supports management
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Figure 2.1: B-ISDN Protocol reference model

and control functions for each network and its endpoints. The primary layers of the B-

ISDN protocol reference model are the Physical Layer that provides for transmission

of ATM cells over a physical medium that connects two ATM devices, the ATM Layer

where cell segmentation and reassembly occurs, and ATM Adaptation Layer (AAL)

that provides support for higher layer services such as circuit emulation, frame relay

and SMDS.

2.1.2 Physical Layer

The Physical Layer of the ATM stack is divided into two sublayers: the Trans¬

mission Convergence (TC) sublayer and the Physical Medium (PM) sublayer. The

TC sublayer is responsible for such tasks as line coding and bit timing, the generation

and verification of the header error control byte, cell mapping and cell delineation

and the PM sublayer provides bit-transmission capabilities on any particular medium

including optical fiber, coaxial cable, Unshielded Twist Pair (UTP), and radio links.

Users have quiet a range of Physical Layers to choose from. The ATM Forum

[20] has issued recommendations for 100 Mpbs and 140 Mbps transmission over multi-

mode optical fiber, a 155 Mbps Synchronous Optical Network (SONET) interface,

a 45 Mbps T3 interface, and is in the process of drawing up recommendations for
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transmission over unshielded twisted pair (UTP). The CCITT/ITU-T has concerned

itself mainly with standards suitable for use with SDH (Synchronotis Digital Hierar¬

chy) /SONET transmission networks and has defined standards for optical fiber at

speed of 155 Mbps, 622 Mbps, and 2.4 Gbps. Some other relevant CCITT/ITU-T

standards for the Physical Layer are G.703, G.707, G.708, G.709 and 1.432 [20, 16].

Proposals to transmit ATM cells at 2 Mbps, 1.5 Mbps, and other speeds also exist.

2.1.3 ATM Layer

The ATM layer is specified in ITU-T Recommendation 1.361 to provide for

transparent transport of the data between AAL entities. This transfer takes place

on a pre-established ATM connection according to a transfer contract consisting of a

Quality of Service (QoS) class, a vector of traffic parameters. The ATM layer takes

streams of 48-byte cell payloads as its input from higher layers, performs cell header

generation, and passes cells to the TC sublayer of the physical layer such that order

is preserved within virtual channels (VCs). Two levels of VCs can be supported at

the user-network interface (UNI) that connects customer premises equipment (CPE)

and ATM switches:

1. A point-to-point, or point-to-multipoint, Virtual Channel Connection (VCC)

consisting of a single connection established between two ATM VCC end points.

2. A point-to-point, or point-to-multipoint, Virtual Path Connection (VPC) con¬

sisting of a bundle of connections established between two ATM VPC end

points.

The ATM cell structure, in Figure 2.2, shows the first five bytes are allocated

to the header of a fixed 53-byte cell. The entire header is protected by a l-byte

Header Error Check (FEC) field. We noticed that there is no retransmission of lost

or corrupted data preformed by this layer. An access flow control mechanism may
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|4 1 byte ►! \* 1 byte ►!

Figure 2.2: ATM Cell Format at UNI and NNI

be implemented at the UNI, although currently no consensus exists as to how this

will work. This access flow control will use the four Generic Flow Control (GFC) bits

and is only meaningful when there is shared access to one ATM UNI port. At the

receiving end, GFC receives as input a stream of cells from the Physical layer, from

which it performs header extraction and delivers cell, in order, to the appropriate

AAL service access point (SAP) using the Virtual Channel Identifier/Virtual Path
Identifier (VCI/VPI) values as identifiers. At switching elements, the ATM layer uses

the VCI/VPI to route the cells. While the VPI and VCI values may change at each

switching element, the ATM layer does this translation.

Interpretation of the values in the Payload Types (PT) and Cell-Loss Priority

(CLP) fields is done at the ATM layer in switching elements. The main feature of

the PT Identifier is to discriminate user cells that carry user information from non¬

user cells [20]. The PT Identifier of a user cell may not only indicate whether the cell

has experienced congestion with Explicit Forward Congestion Indication (EFCI), but
also suggest whether it contains an indication to the AAL protocol. For example, the

(b) at NNI

I I I

GFC

1 1 1
VPI

VPI VCI

VCI

VCI PT CLP

HEC

PAYLOAD (48 bytes)

(a) at UNI
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value “Oil” in the PT field suggests a user cell from AAL5 service class and having

experienced congestion, and the value “110” simply indicates a Resource Management

(RM) cell.
The CLP field may be used for loss priority indication by the ATM endpoint

and for selective cell discarding in network equipment. In a given ATM connection,

and for each user-data cell in the connection, the ATM equipment that first emits the

cell can set the CLP bit equal to 0 or 1. The CLP bit is used to distinguish between

cells of an ATM connection: A CLP bit equal to 0 indicates a higher priority cell and

a CLP bit equal to 1 indicates a lower priority cell which is subject to discard upon

network congestion.

The UNI and Network/Network interface (NNI) are similar, the difference

being that the UNI will connect access ports of ATM switches and Customer Premise

Equipment (CPE) which could include broadband terminals, terminal adaptors, and

cell-based LAN/WAN equipment, while the NNI can only connect trunk ports of

ATM switches. The NNI is intended for ATM subnetworks or networks and, hence,

does not need the GFC field in the ATM cell header. Moreover, the GFC field

has been subsumed into the VPI field, allowing 16 times as many virtual paths.

There exist a number of different UNI/NNI specifications, each of which is basically

a “stack” comprising one particular physical layer and the ATM layer. In addition,

the UNI/NNI encompasses signaling and connection management aspects from the

control plane.

2.1.4 ATM Adaptation Layer

From previous sections, the ATM layer not only uses the service of the phys¬

ical layer to transport cells, but also delivers cell payloads to the upper layers. In

most cases, it is necessary to perform some adaptation functions, for instance, to
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transform a sequence of cells into the byte stream used to transport digitized signals.

This is performed by the ATM Adaptation Layer (AAL), as illustrated in Figure 2.1.

The ATM adaptation layer (AAL) converts the real data stream into a cell stream

and vice versa. Given the wide variety of possible characteristics of the input data

streams, one would expect to find a variety of different adaptation layers. ITU Rec¬

ommendation 1.362 defines the basic principles and classification of AAL functions,

which are described as follows.

AAL Services Classes

• Class A: constant bit-rate (CBR) service with end-to-end timing, connection-

oriented. The examples are fixed-rate video and the circuit emulation services

such as DSl or DS3 transport.

• Class B: variable bit-rate (VBR) service with end-to-end timing, connection-

oriented. The examples are packetized voice and video.

• Class C: variable bit-rate (VBR) service with no end-to-end timing, connection-

oriented

• Class D: variable bit-rate (VBR) service with no end-to-end timing, connec¬

tionless

AAL Functions

• AAL1 is designed to transport connection-oriented, CBR data stream in such

a way that clock information can be recovered at the receiving end (time trans¬

parency). AAL1 is, in effect, a virtual wire. Moreover, it can correct single-bit

errors in the payload and notifies lost cells or misordered cells.

• AAL2 is specified to transport connection-oriented, VBR data streams in such

a way that timing information is recoverable at the receiving end. AAL2 has
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become a key protocol in ATM implementation requiring support for VBR

audio and video, for example, Motion Picture Expert Group (MPEG) video.

In theory, this AAL could be used to synchronize separate streams of data

without the need for elaborate timestamping in the data streams themselves.

Due to the similar timing requirement as AAL1, AAL2 can also correct single¬

bit errors in the payload and notifies lost cells or misordered cells.

• AAL3/4 is the result of standards efforts for two AALs: AAL3 and AAL4,

which are both for transport of VBR streams without explicit timing informa¬

tion. AAL3 is connection-oriented and AAL4 is connectionless, although it is

unclear what meaning this distinction actually has in ATM, and usually these

two services are lumped together. As it turns out, the (then) CCITT merged

AALs 3 and 4 into one single 3/4 type whose procedures can be applied in a

connection-oriented or connectionless manner. Both AAL3 and AAL4 provide

assured and non-assured services. In the assured mode, the AAL guarantees

delivery of AAL Service Data Units (SDU) in order, and any lost SDUs are

retransmitted. In the non-assured mode, this function is performed by higher

layers. The main advantage AAL3/4 has is that it carries a length indication

in its first cell, and, hence, make easier some traffic management function such

as fast buffer reservation.

• AAL5, also known as “Simple and Efficient Adaptation Layer (SEAL),” was

developed in response to a perception that AAL3/4 was inefficient, since only

44 octets of a cell payload carry actual data. AAL5 is a substantially lean

AAL compared with AAL3/4 at the expense of error recovery and built-in

retransmission. The trade-off provides a smaller bandwidth overhead, simpler

processing requirements, and reduced implementation complexity. In AAL5,

there is very little AAL overhead, with just one header and one 32-bit checksum
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Service Class Class A Class B Class C ClassD

Delay Sensitive X X

Constant Bit Rate X

Variable Bit Rate X

Connection-oriented X X X X

Connectionless X X

AAL AAL1 AAL2 AAL3/4 AAL5

Example DS1, DS3 MPEG Video SMDS TCP/IP

Table 2.2: Service Characteristics of AAL Layers

at the end of a frame which may comprise np to 1365 cells. It has been shown

that AAL5 is at least as effective as AAL3/4 in detecting misordered or lost

cells.

Table 2.2 concludes the characteristics of all AAL service classes and their

corresponding layers.

2.2 Quality of Service

ATM networks are expected to be one of the most dominant information

infrastructures in the near future. However, many issues still need to be resolved

before they can meet the glowing expectation. One major challenge, for example,

is to design an efficient CAC and congestion control mechanism suitable for diverse

traffic characteristics in the networks. To facilitate efficient and functional networks,

comprehensive of the characteristics and QoS requirements of the traffic to be carried

is of primary importance.

The primary objective of ATM is to provide the cell transfer in a connec¬

tion with guaranteed performance. The performance parameters, or QoS classes, are

summarized in Table 2.3. A QoS class with a connection can have either specified

or unspecified performance parameters. A Specified QoS class specifies a set of per¬

formance parameters and the target value for the corresponding parameter. In the
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Attribute Accuracy Speed
Cell Error Ratio X

Cell Loss Rate X

Cell Misinsertion Rate X

Cell Transfer Delay X

Cell Delay Variation X

Table 2.3: QoS Parameters

unspecified QoS class, no value is specified for the performance parameters, even

though the network may assign those internal objectives. The performance parame¬

ters as defined in [20] can be further divided in two categories, namely accuracy and

speed, as shown in Table 2.3.

2.2.1 Accuracy

The QoS classes regarding accuracy include Cell Error Ratio (CER), Cell Loss

Rate (CLR) and Cell Misinsertion Rate (CMR). The CER for an ATM connection

is defined as

Crr Number of erroneous cells
Total number of successful transmitted and erroneous cells ’

where successful and erroneous cells found in severely faulty cells block are excluded.

A cell block is a sequence of cells transmitted consecutively on a connection. A

severely faulty cell block occurs when more than a certain number of error cells, lost

cells or misinserted cells are observed in a received cell block.

The CLR is defined for an ATM connection (VCC or VPC) as

CER Number of lost Cells
Number of transmitted Cells

It is noticed that lost and transmitted cells found in severely faulty blocks should be

excluded from the cell population in computing CLR.

The CMR for an VCC or VPC connection is defined as

^„ Number of Misinserted Cells
CMR = — : .

I ime interval
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Again, misinserted cells appearing in severely faulty blocks should be excluded. Cell

misinsertion on a particular connection is most likely caused by an undetected error

in the header of a cell being transmitted on a different connection. This perfor¬

mance parameter is defined as a rate since the mechanism producing mis-inserted

cells is independent of the number of transmitted cells received on the corresponding

connection.

2.2.2 Speed

The QoS classes regarding speed include Cell Transfer Delay (CTD) and Cell

Delay Variation (CDV). The CTD is defined as the elapsed time between a cell exit

from the source and the corresponding cell at destination. The CDV is also called

“jitter.” There are two performance parameters associated with CDV: 1-point CDV

and 2-point CDV. The 1-point CDV describes variability in the pattern of cell arrival

events observed at a single measurement point with reference to a negotiated peak

rate. The 2-point CDV describes variability in the pattern of cell arrival events

observed at the output of a connection portion with reference to the pattern of the

corresponding events observed at the input to the connection portion.

2.3 Traffic Characteristics

Network traffic can be characterized in many ways depending on the adapted

criterion. One of the most widely used criterion is the tolerance of information delay

or loss. For instance, real-time traffic, such as that for CBR service, is distinguished

by its stringent CTD and CDV requirements, whereas best effort traffic, such as

data transmission, demands superior CLR but yields inferior performance in terms

of CTD and CDV. Consequently, an improper call admission control algorithm could

not only underutilize network resources, but also make difficult the delivery of the

QoS of eligible users. Another example for traffic characteristics is that some CBR

traffic such as voice can tolerate a certain portion of cell discarding in a congested
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situation and still remain within the range of good quality, but for some mission

critical data service, even a single bit of data lost could result in the redundancy of

the entire data received.

2.3.1 CBR Traffic

CBR traffic, generated by existing circuit switched systems as well as pack-

etized voice and video sources using fixed rated coders, will be a dominant traffic

in evolving broadband networks. Such traffic types are characterized by stringent

delay requirements. Because of the periodic nature of the traffic, if a packet from a

given source experiences a long delay (or is blocked due to the buffer overflow), then

successive cells from the same source would experiences the same delay (or will be

blocked) until the superposed arrival pattern undergoes a change.

2.3.2 VBR Traffic

The traffic generated by a typical source, in general, either alternates between

active and silent periods and/or has a varying bit rate generated continuously. Fur¬

thermore, the peak-to-average bit rate of a VBR source is often much greater than

one. Presenting VBR traffic to the network as CBR traffic by means of buffer smooth¬

ing has the drawback of underutilization of network resources and QoS degradation.

Although doing so would simplify the network management task, it is more natural

to provide VBR service to VBR sources to achieve higher resource utilization.

The characteristics of the video signal depend primarily on two factors, the

nature of the video scene, and the type ofVBR coding technique employed. Figure 2.3

and Figure 2.4 show the frame size over elapsed time of two typical MPEG 11 videos

generated from recorded TV news and commercial. Several models were introduced

to characterize video traffic with and without scene changes. For instance, a first

order AR model was used to approximate the output rate of video sources. The
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model provides an accurate approximation of the bit rate of a single video source

without scene changes, but is not quite useful for queueing analysis.

Figure 2.3: TV Comercial

2.3.3 ABR Traffic

Available bit-rate (ABR) traffic is usually referred to data applications, i.e.,

any application that is not voice, audio, video, or still image. Despite the fact that

data networks have been operational for a number of decades, traffic characteristics

of data sources are not well understood. The main difficulty comes from the fact

that there does not exist any typical data connection. The problem of characterizing

the source characteristics of ABR traffic is further complicated by the difficulty of

predicting in advance the traffic characteristics of a connection, even if the particular

application type is known. For example, in client-server computing, the amount of

data exchanged and the source behavior may differ significantly from one application

to another. Furthermore, data connections are not generally established between

two users, but between a group of users, as in the case of local area network (LAN)

interconnection.
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Figure 2.4: TV News

The fast growth in the number of personal computers and workstations and

the rising need for interconnecting them together with, for example, servers and

printers in an office has led to the fast expansion of LANs. As the need for interof¬

fice communication rose, LANs were in turn interconnected via bridges and routers.

Consequently, users soon started to demand scalable throughput for large volumes

of data exchange between them. In addition, emerging multimedia applications that

integrate voice, data, image, and video started to change the face of networking in

local and wide areas due to their real time and high bandwidth requirements.

2.4 CPS100 - Example of ATM Switching Design

In spite of the strong competition from the evolving Gigabit Ethernet technol¬

ogy, more and more research and development have been involved with ATM switch¬

ing technology over the years. The main reason is that ATM switches have proved to

be the best option in the backbone of wide area networks (WANs). In this section,

we present a fast packet switch architecture based on a shared medium and output

buffering scheme for which simulation and performance studies have been conducted
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at the University of Florida [21]. The CPS-100 switch1 is an ATM-based switching

system that supports ATM and various data services such as Switch Megabyte Data

Service (SMDS) and Frame Relay for public networks. CPS-100 switch is a time

division, shared medium switch fabric interconnecting time division, shared memory

switching elements. The switch structure is generally composed of the following four

major components:

1. The switching fabric which performs the basic switching function of transferring

cells or packets from input to output. The switching fabric in the CPS-100

switch is composed of a high-speed Virtual ATM (VATM) backplane bus and

is shared with all interface modules.

2. The access interface module provides an interface for customers to access the

services supported by network. The Customer Premises Equipment (CPE)

attaches to an access interface module for transmitting and receiving data via

a dedicated link.

3. The trunk interface module provides an interface for interconnecting switching

systems to support inter-switch communications.

4. The CPU module communicates with all the interface modules in the switch

and performs the high-level control functions, such as connection establishment

and release, memory administration, bandwidth allocation, and maintenance.

2.4.1 Interface Modules

Figure 2.5 illustrates the functional model of a six-port CPS-100 switch. Note

that an access/trunk interface module can support multiple bidirectional links. Both

external trunks and CPE links are connected to the VATM bus via the access/trunk
1The CPS-100 was developed by Loral Data Systems, Sarasota, FL.
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To the Trunk
Interface Module
of other CPS 100
Switch

Figure 2.5: Functional model of the CPS-100 switch

interface module which consists principally of two controllers, namely an ingress adap¬

tor and an egress adaptor. The ingress adaptor receives cells from the incoming link,

buffers them as necessary, and sends them through the switching fabric. Similarly,

the egress adaptor accepts cells from the switching fabric, provides any necessary

buffering, and transmits the cells over the outgoing link. The breakdowns of the two

adaptors are shown in Figure 2.6. These adaptors also perform all the cell-by-cell

processing functions such as Virtual Connection Identifier (VCI) translation, priority

assignment and routing. Since the VCI is generally only local to each switch port,

the VCI of each cell must be translated to the value assigned for the succeeding links.

This operation is performed by a VCI translation table.

The ingress adaptor appends routing overhead on an incoming cell to specify

the output link associated with the virtual connection to which the cell belongs. The

ingress adaptor also looks up other connection related information such as the loss

priority and the service priority of the cell to assist the egress adaptor in making its

buffering and service scheduling decisions. Since all the cells of a virtual connection
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From Link A/B To Link A To Link B

Figure 2.6: Adapter Interface of a Shared Medium/Output Buffering ATM Switch



23

will follow the same route in traversing a switch, the sequence of cells is preserved

without the need of explicit sequence numbers.

The most important function of the egress adaptor is to temporarily buffer

those cells which cannot be delivered to a receiver immediately. A finite buffer mem¬

ory allocated in the egress adaptor is for resolving output contention. If congestion

causes the buffers to fill up, the controller has no choice but to discard cells. The

buffer thus forms a critical resource that needs to be adequately controlled.

A modified Partial Buffer Sharing scheme is implemented in the egress adap¬

tor to ensure satisfactory loss rates for different loss priority classes and fairness in

sharing the resource among competing users. Moreover, a priority-dependent ser¬

vice scheduling scheme is realized to control the order in which cells are sent from

the buffer to the output link. The service scheduling control is necessary for meet¬

ing the different switching delay requirements for different service priority classes.

Service and loss priorities are assigned to each virtual connection during connection

establishment based on the delay and loss requirements specified for the particular

connection.

It is noticed that only one ingress adaptor can have access to the high-speed

bus at any time. So a bus arbitration scheme is implemented for resolving contention

for access among different ingress adaptors. Since the shared medium operates at a

substantially higher speed (approximately 5 Gbps) than that of link interface mod¬

ules, the CPS-100 can be viewed as a non-blocking switch, having no internal buffering

and with no contention visible from outside the switching fabric. Though the high

speed of the switching fabric reduces input contention, it also results in major queue¬

ing taking place at the buffer of egress adaptors. The proposed flow control scheme

can be used along with existing buffer management schemes to avoid immense buffer

overflows.
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2.4.2 Advantages and Limitations of CPS-100 Switch

A principal advantage of the CPS-100 ATM switch structure is its flexibil¬

ity to support multiple kinds of port interfaces. It has been widely recognized that

ATM technology is targeted to support a rich mixture of broadband and narrowband

services as well as the high-capacity interconnection of existing data networking ap¬

plications. Thus, it is important for a switching node to provide different kinds of

interfaces for the diverse applications in a highly flexible and expandable way. In

the CPS-100 switch, this is achieved through a modular design that places the ports

on separate interface modules. Various combinations of port interfaces, link access

speeds and physical media can be supported easily by implementing different inter¬

face modules on the switch. A CPS-100 switch can be configured to support up to

16 of these interface modules.

Another advantage of the CPS-100 switch is that with this architecture dy¬

namic priority functions and multicast operations can be supported flexibly with no

additional hardware complexity. This function is preferable since some applications

such as ATM LANs require the ability to support multiple guaranteed classes of ser¬

vices and full-bandwidth multicasting. Each interface module can implement suitable

buffer management and scheduling policies based on the traffic characteristic as well

as loading conditions to best serve the delay and loss requirements of different traffic

classes. In addition, since the major queueing takes place at the output buffer, each

interface module can perform load monitoring on the buffer usages of different traffic

classes to support congestion control operation. Lastly, the buffer space within an

interface module can be allocated dynamically to each port so as to achieve a lower

probability of memory overflow.

On the other hand, as with other shared medium/output buffering ATM

switches, the CPS-100 switch architecture has the typical limitation of requiring the
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high speed switching fabric to accommodate simultaneous arrivals from different in¬

put ports. The switching fabric and output buffer must effectively operate at a much

higher speed than that of each interface port. The implementation of the high-speed

bus and buffer memory could be complex if the required memory access speed is very

high, thus limiting the capability of the switch to support very high speed interface

ports.



CHAPTER 3
TRAFFIC MODELLING AND SELF-SIMILAR PROCESSES

A recently observed phenomenon related to traffic in Broadband Integrated

Service Digital Networks (B-ISDN) is the “self-similarity” or “burstiness” exhibited

by key services such as compressed video [3], file transfer [5], and WWW [5]. Two

main sources of burstiness are due to the shapes of the marginal distribution as well

as the autocorrelation function of packet arrival rate or interarrival times [22].
When modeling network traffic, packet and connection arrivals are often as¬

sumed to be Poisson processes because such processes have attractive theoretical

properties. A number of studies have shown, however, that for both local-area and

wide-area network traffic, the distribution of packets interarrival time clearly differs

from exponential [23, 24, 25, 26, 27]. Recent works argue convincingly that LAN

traffic is much better modeled using statistically self-similar processes, which have

significantly different theoretical properties than Poisson processes [28, 2]. An appro¬

priate traffic modeling which reflects the burstiness or self-similarity is, hence, critical

to the success of performance evaluation.

The remainder of this chapter is organized as follows. Commonly used Poisson

and Poisson-based traffic models are presented in Section 1. The self-similar processes

and their properties are given in Section 2. Section 3 describes the modeling of Self¬

similar processes, and finally several popular self-similar processes generators are

described in Section 4.

26
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3.1 Poisson-Based Traffic Models

3.1.1 Poisson Process Models

Poisson process models are the oldest traffic models, dating back to the ad¬

vent of telephony primarily contributed by the well-known pioneering engineer A. K.

Erlang in the 1910s. It is well known that the traffic on telecommunication networks

can be modelled and characterized by a Poisson process. One of the most important

traffic characteristics on telecommunication networks is that most human initiated

processes are memoryless. A Poisson process can be characterized as a renewal pro¬

cess whose interarrival times {/„} are exponentially distributed with rate of A, that

is

Pr{/„ < t} = 1 — exp(—Ai). (3.1)

Equivalently, it is a counting process, satisfying

Pr{A(i) — n) = “p • exp(—At), (3.2)
where A[t) is the number of arrivals in a time interval (0, t).

Poisson processes enjoy some elegant analytical properties such as:

1. The number of arrivals in disjoint intervals are independent, which is referred

to as “independent increment” property.

2. Merging independent Poisson processes result in a new Poisson process with a

rate being the sum of the component rates.

The independent increment property renders Poisson a memoryless process.

This, in Pirn, greatly simplifies queueing problems involving Poisson arrivals. In

spite of the analytic simplification, Poisson processes do have a significant modeling
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drawback - the incapacity of capturing the autocorrelation function of {In}, which
to a large extent explains the phenomenon of traffic burstiness.

3.1.2 Markov Process Models

Unlike Poisson process models, Markov process models introduce dependence

into the random sequence {In} so that they can potentially capture traffic burstiness.

Consider a continuous-time Markov process X(t) with a discrete state space i £

{0,1, 2,..., m}. Consequently, a set of random variables X : {Xi} form a Markov

chain, where the dependency extends backwards only one unit in time. In other

words, the way in which the entire past history affects the future of the process is

completely summarized in the current state of the process. This property is so called

“Markov” or “memoryless” property.

Figure 3.1 illustrates an example of 2-state Markov chain where X stays in a

state 0 for an exponentially distributed holding time (required to satisfy the Markov

property) with parameter Ao, and then jumps to state 1 with probability a. In steady

state, we have the state equation

Po

Pi

= Q

1 — a /3
a 1 — ¡3

Po

Pi

Po

Pi

(3.3)

where po and p\ are the steady-state probability of Xq and X\, respectively, and

Q is called a transition probability matrix. Note that in a simple Markov traffic

model, each jump of the Markov process X is interpreted as signaling an arrival, so

interarrival times are exponentially distributed with their rate parameters dependent

on the state from which the jump occurred. This situation results in dependence

among interarrival times as a consequence of the Markov property.
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Figure 3.1: 2-state Markov chain

3.1.3 Markov-Modulated Process Models

Markov-modulated process models constitute an extremely important class of

traffic models. The idea is to introduce an explicit notion of state into the description

of a traffic stream - an auxiliary Markov process is evolving in time and its current

state controls (modulates) the probability law of the traffic mechanism..

Now assume that while X is in state i, the probability distribution func¬

tion (pdf) of arrivals is completely determined by i, and this holds for every? G

{0,1,2,..., m}. Note that when X undergoes a transition to state j € {0,1, 2,..., m},
then a pdf for arrivals takes effect for the duration of state j, and so on. Thus the

pdf for arrivals is modulated by the state of X .

The most commonly used Markov-modulated process is Markov-Modulated

Poisson Process (MMPP) which combines the simplicity of the modulating (Markov)

process with that of the modulated (Poisson) process. In this case, the modulation

mechanism simply stipulates that in state i of X, arrivals occur according to a Pois¬

son process at rate AAs the state changes, so does the rate. As a simple example,

consider a two-state MMPP model, where one state is an “on” state with an associ¬

ated positive Poisson rate, and the other is an “off” state with associated rate zero

(such models are also known as interrupted Poisson). These models have been widely
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used to model voice traffic sources, where the “on” state corresponds to talk spurt,

and the “off” state corresponds to silence.

3.2 Self-similar Processes

One of the most remarkable aspects about self-similarity in ’90s is probably

that it has been consistently observed in recent studies and measurements in network

traffic [27, 5, 29]. Self-similarity is manifested in such a way that there is no natural

length for a “burst” across all time scales. In other words, a bursts consists of

bursty subperiods separated by less bursty subperiods. For instance, fractal images

in computer graphics and snowflakes are probably two of the most well-known objects

exhibiting self-similar or “fractal-like” phenomena where each small portion of them

can be viewed as a reduced-scale duplicate of the whole. Some aspects of “self-

similarity,” coined by Mandelbrot [30], also appears in hydrology, economics, and

communications and is related to so called “1/f noises.” [31]
Self-similar traffic in networks behaves so differently from voice traffic, that

none of the traditional Poisson-based traffic models described in Session 3.1 is able to

capture the fractal behaviors. It is also shown that the generally accepted argument

that aggregate traffic becomes smoother as the number of traffic sources increase

has very little to do with the reality in Ethernet LANs [27]. On the contrary, the

burstiness of LAN traffic typically intensifies as the amount of active traffic increases.

Figure 3.2 illustrates the empirical trace collected from a WWW server at a

typical Internet service provider (ISP) in June 1997. The breakdowns of packet arrival

rate are plotted according to time scales ranging from 0.06 second to 60 seconds. One

can observe the similar appearance of “burstiness” across a wide range of time scales,

where the plot on the top corresponds to the complete trace with a resolution of 60

seconds, the second from the top an extraction of the first one (l/10th) but with ten

times finer resolution (6 seconds), and so on. It is evident that the burstiness persists

over different time-scales, and that the traffic is statistically self-similar.
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Figure 3.2: Self-similarity ofWWW traffic
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3.2.1 Definitions

A wide-sense stationary (WSS) random process X(t) is defined as exactly self¬

similar [1] if a small portion of X(t) can exactly reproduce a large portion of X(t) by

scaling properly. What is of more interest to network performance analysis, however,

is the so called statistical self-similar [1], A WSS random process X(t) is (statistically)
self-similar if each smaller portion shares statistical properties of larger portion ofX(t)

after properly scaled. A more explicit definition of self-similar in [32] is defined below.

Definition 1 X(t) is self-similar with “Hurst parameter” H G (0,1], if

X (t)=\a\~HX (at), Va (3.4)

and

X(t + r) - X(t)=X(r) - X(0), V r (3.5)

where = denotes the equivalence of distribution.

By this definition, a self-similar process has stationary increments as indicated

in (3.5). In addition, this process is also distribution invariant under appropriate scal¬

ing in time and space in a sense that the self-similarity can be observed by comparing

small bursts in a small region with larger ones, with smaller ones superimposed, over

a larger region of the horizontal axis. This distribution invariant characteristic is

observed in an empirical trace show in Figure 3.2 as well. The variations of the defi¬

nition of self-similarity which lead to more important properties will be described as

follows.

Let X(t) be a WSS random process with mean /i, variance a1 and autocorre¬

lation function r(r). In particular, we asstime that r(r) is of the form

t2 2HS(t), as r —> oo (3.6)

r/3S'(r), as r —> oo (3.7)
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where O < H < 1 and S(t) is slowly varying at infinity, namely lim^oo S(tx)/S(t) =

1, for all x > 0. Denote Wm) the new process obtained by averaging the original

series X in non-overlapping sub blocks of size m. That is:

1 m— 1
XW(k) = - Y, Xkm-i (3.8)

171 i=0

Note that for each m, defines a WSS random process.

Definition 2 Denote r^m\T) the autocorrelation function ofX^m\ The process X(t)

is “exactly second-order self-similar” [1] with Hurst parameter H if

r^(r) = r(r), for all m = 1,2,... (3.9)

In other words, X is exactly second-order self-similar if the aggregated pro¬

cesses are indistinguishable from X with respect to their first and second order prop¬

erties. With the relaxation of (3.9), we arrive at the following definition.

Definition 3 X is “asymptotically self-similar” with Hurst parameter H if

r^m\r) = 1/2 • [(r + l)2H + (r — \)2H — 2r2H], as m —> oo. (3.10)

Specifically, for large m, the aggregated process X^ has a fixed autocorrela¬

tion structure determined only by H.

The most striking feature of self-similarity is that the correlation functions of

the aggregated processes do not decay to 0 as m —> oo. This feature is in contrast

to traditional models, all of which have the property that the correlation function of

their aggregated processes decline as m —» oo. i.e.,

r(m)(r) = 0, as 77i —> oo, for r = 1,2, 3,.. (3-11)

Two of the most well-known self-similar processes are fractional Gaussian noise

(fGn) and its incremental version, fractional Brownian motion (fBm), which will be
discussed in detail later in this chapter.
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3.2.2 Self-similarity and Long-Range Dependence

A process satisfying (3.6) is said to exhibit long-range dependence (LRD).

Such processes are characterized by an autocorrelation function r(r) which decays

hyperbolically as r increases. This implication shows that r(r) is non-summable, i.e.

So° r(r) = 00 which contrasts with many conventional short-range dependent (SRD)

processes such as Poisson-based processes which have an autocorrelation function

r(r) which decreases exponentially as r increases and is consequently summable,

namely, ^o° r(T) < °°- Furthermore, the non-summability of the correlations cap¬

tures the intuition behind LRD, namely, that while individual values of r(r) are small

for large r, their cumulative effect is of importance, and produces features which are

drastically different from SRD processes.

Pi'oposition 1 An asymptotically self-similar process X(t) with Hurst parameter H

exhibits LRD as 0.5 < H < 1, and SRD as 0 < H < 0.5.

Proof:

From (3.10), the autocorrelation function ofX^ given Hurst parameter H is

r(r) = \[{t + l)2H + (t — l)2H — 2t2H], We have

r(r) = ir2«-2[r2(—)2« + t2(—)2" - 2t2]2 r r

= i'r2ii~2{-r2[(i + r_1)2if + (1 — t~1)2H — 2]}, (3.12)

(1 + 7--1)2H = 1 + 2Hr-1 + H[2H - 1 )r"2 + • • •, (3.13)

and

(1 - r_1)2H = 1 - 2Ht~1 + H(2H - 1 )r~2 + • • •. (3.14)

Combining (3.12), (3.13) and (3.14), we obtain
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Figure 3.3: Autocorrelation function and long-range dependence

r(r) = ±t2h~2{2H(2H - 1) + /(r)], (3.15)

where /(r) — a\T~2 + a2r-4 + • • •. Since /(r) = 0 as r —> oo, we have

r(r, H) = H{2H - 1 )r2H~2. (3.16)

From (3.16), it is obvious that r(-r) is summable if H < 0.5, and non-summable,

otherwise. □

Figure 3.3 depicts r(r) for several values of H. Of particular notice is r (r) decays

to 0 as t —> oo much slower when H > 0.5 than when H < 0.5. As a result, r(r)

tends to 0 so slowly that ^o° r(r) = °°i which leads to the LRD of X(t).
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3.2.3 Self-similarity and Hurst Effect

Self-similar processes also provide an elegant explanation of an empirical law

known as Hurst’s law or the Hurst effect. For a given set of observations Ad, A2,..., Xn

with sample mean X(n) and sample variance S2(n), the “rescaled adjusted range” or
11R/S statistic” is given by

max(0, di,d2, dn) - min(0, dx, d2,..., dn)
S{n)

where

djt = Xi + X2 + ... + Xk — k ■ X(n), k = 1,2,..., n. (3.18)

Hurst [33] found that many naturally occurring time series well represented by the

relation

E[R(n)/S(n)] —> a • nH, as n —*■ 00 (3.19)

with Hurst parameter H normally around 0.73, and a a finite positive constant in¬

dependent of n. However, if the observations come from a short-range dependent

(SRD) process, then it has been shown in [31] that

E[R(n)/S(n)] —> b ■ n°'5, as n —> 00 (3.20)

with b another finite positive constant independent of n. A Matlab script for Hurst

parameter estimation based on R/S statistic is included in Appendix A.l.

3.2.4 Self-similarity and Slowly Decaying Variances

Another important feature of self-similar processes is that the variance of

the arithmetic mean, fa, decreases slower than the reciprocal of the sample size m.

Research [34] shows that (3.6) is equivalent to

var(X^) —> am~P, as m 00, (3-21)

(3.17)R(n)/S(n)
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where a is a finite positive constant independent of m, and (3 = 2 — 2H. On the other

hand, for short-range dependent processes for which A771'^ (k) = 0,as m —» OO, it

can be shown as well that

var(X<'m')) —> bm~l, as m —» oo, (3.22)

where b is a finite positive constant independent of m. The Hurst parameter estima¬

tion based on (3.21) is called Variance-time plot (vtp). A Matlab script for vtp is

included in Appendix A.2.

3.3 Modeling of Self-Similarity

For decades, self-similarity has been a phenomenon that has been studied ex¬

tensively in several other fields including hydrology [31] and economics [35]. Because

of this exhaustive research, several formal mathematical models have already been

developed which exhibit self-similarity. However, due to the abstract nature of these

models, a practical interpretation for the self-similarity is difficult to find. Two such

models are presented in this section: the fractional Gaussian noise (fGn), and the

fractional autoregressive integrated moving average models (f-ARIMA). We also pre¬

sented fraction Brownian motion (fBm), the companion of fGn, and a construction

based on aggregating many simple renewal rewards processes. The latter is of par¬

ticular significance to this research as it provides a practical interpretation for the

self-similarity found in Ethernet LAN traffic.

3.3.1 Fractional Brownian Motion

The ordinary Brownian motion, B(t), describes the movement of a particle in

a liquid, subjected to collision and other forces. This motion is a self-similar process

with Hurst parameter 1/2 and independent Gaussian increments such that,

B(t)=|t|1/2B(1) (3.23)
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and

E[(B(tx + t) - B(ti))5(*i)] = 0. (3.24)

From (3.23) and (3.24), it follows that

E{[B(tx + r) - B^)}2} = |r| • E[B2{ 1)] (3.25)

Mandelbrot [31] defines fractional Brownian motion (fBm) with Hnrst param¬

eter H as being the moving average of dB(t) in which past increments of B(t) are

weighted by the kernel (t — s)H~1'2,

=

mrw) /> - s)"-1/2 - +jf(* -
(3.26)

where T denotes the gamma function: T(r + 1) = r-r(r) and T(k + 1) = k\ as k being

an integer. By definition in (3.4), we have

BH(t)=tHBH(1). (3.27)

Several important properties of fBm are as follows.

1. Bh(0) = 0

2. E{BH(t)} = 0

3. i + r) - BH(tx))2} = \t\2H ■ E{B2H{1)}

4. E{BH{tx)BH(t2)} = \(\tx\2H + \h\2H - \tx - t2\2H) ■ E{B2h(1)}

3.3.2 Fractional Gaussian Noise

The increments of fBm, G(n), form a stationary sequence called fractional

Gaussian noise (fGn).
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G(n) = BH(n + 1) - BH(n) (3.28)

A fractional Gaussian noise (fGn) is a stationary Gaussian process with mean ¡jl.

variance cr2, and autocorrelation ftmction

r(r) - (l/2)(|r + 1\2H - 2\t\2H + \t- 1\2H) (3.29)

Prom Proposition 1, we prove that r(r) —-> H(2H — 1)\t\2H~2 as t -> oo, which

means fGn exhibits LRD . It can also be shown that the aggregated processes X^
all have the same distribution as X for all 0 < H < 1. Thus, by (3.6), fGn is exactly

self-similar with Hurst parameter H and possesses LRD as long as 1/2 < Lf < 1.

Fractional Gaussian noise was originally introduced in 1968 by Mandelbrot

and Van Ness [31]. The applicability of fGn in traffic models is somewhat limited

by its strict autocorrelation structure. This limitation makes it less suitable for

modeling traffic streams which have very strong short-range dependence; for some

phenomenon, however, fGn can be a reasonable approximation. It should also be

noted that although fGn is a Gaussian process, an fGn sample path can be trans¬

formed into a sample path with arbitrary marginal distribution while maintaining

the Hurst parameter H [36].

3.3.3 Fractional ARIMA(p.d.q) Processes

Autoregressive-moving average (ARMA) processes are often used for modeling

empirical time series. Let p and q be non-negative integers, then the sequence {Xn}
is called ARMA(p,q) if it satisfies the equations

p Q

Xn ~ ^ ] Q/kXn—k T ) ] bk^n—ki (3.30)
fc=1 fc=0

where {wk : k = 0,1,2,...} are i.i.d random variables and are assumed to be either

Gaussian or non-Gaussian. The {a^} are referred to as “AR parameters” while {b^}
are called “MA parameters.” For convenience, denote



40

<£>(!)) = 1 — a\D — ... — apDp (3.31)

and

0(D) = b0 - biD - ... - bqD\ (3.32)

where D is a delay operator, i.e., DkXn = Xn-k- It follows that (3.30) can be rewritten

as

<$>{D)Xn = Q(D)wn, (3.33)

or

Xn = $~1(D)Q(D)wn. (3.34)

We now turn to fractional ARIMA time series. Let A be the difference opera¬

tor, defined by AXn = Xn — ATn_i = (1 — D)Xn. A fractional ARIMA(p,d,q) process

is defined as a stochastic process X = (Xk : k = 0,1,2,...) represented by

${D)AdXn = Q(D)wk. (3.35)

Note that the parameter d in Ad is allowed to take fractional values, either positive

or negative. Logically the fractional difference operator follows as

Ad = (1-D)d = Y.C(d,k){-D)k, (3.36)
k=1

where

k b — n — 1

c(d,k) = n
3=1

T(k - d) (3.37)
j r(-d)r(fc +1)'

For example, if p=q=0 and d is a non-negative integer, then AdXn = wn describes

a model where Xn< differenced d times, yields a sequence of i.i.d. random variables

wn. As a consequence, ARIMA(0,1,0) characterizes a random sequence generated by

random walk. Of particular notice is it has been shown in [34] that for d e (0,1/2)
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a fractional ARIMA(p, d, q) process satisfies equations Eq. 3.6, which makes it an

asymptotical self-similar processes with LRD and Hurst parameter H — d + 1/2.

Fractional ARIMA(p, d, q) processes were first introduced in [37]. One advan¬

tage of fractional ARIMA(p, d, q) processes over fractional Gaussian noise is their

flexibility with respect to modeling both short-range and long-range dependence,

making them better suited to modeling phenomenon such as VBR video traffic [36].

3.3.4 Self-Similarity Through Aggregation

Consider a number of independent sources which alternate between the states

“on” and “off” (renewal-rewards processes) where the amount of time spent in each

state is randomly distributed with a heavy-tailed distribution. An example of such

a heavy-tailed distribution is the stable Pareto distribution (see Appendix B of [5])
with parameter 1 < a < 2. If we construct a new sequence consisting of the number

of sources which are “on” at points in time separated by a fixed length interval then it

has been shown in [1] that the resulting sequence will be asymptotically self-similar.

The notion of generating a self-similar process by aggregating a number of

simple renewal rewards processes provides intuition into the self-similarity of Ethernet

traffic as well as into the nature of a single source on an Ethernet network. If

we consider each workstation (or more likely each user) attached to an Ethernet

network as a renewal-rewards process where the process is “on” if the workstation is

communicating over the network and “off” otherwise, then we see that the amount

of traffic on the network can be thought of as the aggregation of a number of renewal

rewards processes. This also leads to the conclusion that the communication bursts

produced by individual users have a heavy-tailed distribution. This conclusion is

supported by in depth analysis of Ethernet [1] and wide area network traffic traces

[38].
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3.4 Self-similar Traffic Trace Generators

While most network management tools such as HP’s OpenView and IBM’s

NetView have built-in capabilities to monitor and gather trace data, not everyone

has access to such tools. One of the most popular monitoring tools designed as user

commands is “tcpdump,” which is useful to get an overview of what type of or how

many packets are on a network for a given time period. The problem is that not many

people feel comfortable reading and recording them, mostly due to the concerns of

individual privacy or network security. However, to do simulation studies, a lot of

trace data is needed, and gathering and storing this data not only is time consuming

but also requires huge storage space. What is needed is a fast method of generating

synthetic traffic traces for use in simulations. Currently, a number of approaches to

generate self-similar sample paths are available, and we introduce several popular

ones in the following sections.

3.4.1 Random Midpoint Displacement Algorithm

The most well-known algorithm for generating fBm is the “Random Mid¬

point Displacement” (RMD) algorithm. RMD works by progressively subdividing

an interval over which to generate the sample path. At each division, a random

displacement drawn from a Gaussian distribution is used to determine the value of

the sample path at the midpoint of the subinterval. Self-similarity comes about by

appropriately scaling the variance of the displacement. A Matlab script for RMD is

included in Appendix B.l. Examples of the resultant fBm and fGn using this script

are depicted in Figure 3.4, where fBm and fGn are shown in the first and the second

column, respectively. In this figure, various Hurst parameters with a value of 0.1, 0.5,

and 0.9 are shown in the first row, the second row and the third row, respectively.

Note that fGn is simply the increments of fBm. Also note that negative dependence

and LRD are observed as H=0.1 and H=0.9, respectively.
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Figure 3.4: Fractional Brownian motion and fractional Gaussian noise
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3.4.2 Aggregation of Renewal Processes

A self-similar trace generator described in [39] consists of aggregating a num¬

ber of renewal rewards processes to obtain a self-similar process. This approach has

the problem that one must trade off speed for the degree of self-similarity, as in¬

creasing the Hurst parameter requires that the number of renewal rewards processes

be increased. Conversely, one advantage of this method is that it can be efficiently

implemented on a parallel computer. Leland and et al [39] report taking 3-5 minutes

to generate a trace of 100,000 points on a massively parallel computer with 16,384

processors using this method.

3.4.3 M/G/oo with Heavy-tailed Distributed Service Time

Consider an M/G/oo queue, where customers arrive according to a Poisson

process and have service times drawn from a heavy-tailed distribution. In this model,

the value of the sample path at time t is the number of customers in the system at

time t. This model produces sample paths which are asymptotically self-similar.

The drawback of this approach is that, once again, one must trade off speed for the

degree of self-similarity, but unlike the previous approach, this method is not easily

parallelized.

3.4.4 AR.IMA

This method described in [2] generates sample paths from a fractional ARIMA

process which are asymptotically self-similar. This algorithm has the major drawback

that it requires 0(n2) running time to generate a sample path of length n. The

authors of [2] report taking 10 CPU hours to generate 171,000 points using this

method.
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3.4.5 Approximation of Power Spectrum

The method described in [38] is based on the Fast Fourier Transform. The

mathematics of this method are beyond the scope of this research, but the strategy

behind the method is to generate a sequence of complex numbers corresponding to the

power-spectrum of fractional Gaussian noise. The inverse Discrete Fourier Transform

is then used to obtain the time-domain counterpart of this power-spectrum. Because

autocorrelation and power-spectrum form a Fourier pair, the resulting process is guar¬

anteed to have the autocorrelation structure (and, hence, self-similarity) of fractional

Gaussian noise. This method has the property that it is fast (generating 262,144

points takes 80 seconds on a SPARCstation IPX) and that it does not suffer from

the biases associated with the Random Midpoint Displacement algorithm. Because

it is based on the FFT, this method is referred to by its authors as the FFT method

of generating self-similar sample paths. A Matlab script based on this method is

included in Appendix B.2.



CHAPTER 4
CONGESTION AND FLOW CONTROL

The B-ISDN, which is based on the ATM technique, is designed to transport

a wide variety of traffic classes satisfying a range of transfer capacity needs and

network performance objectives. The underachievement, if any, is usually caused by

network congestion which could happen whenever the overall instantaneous input

rate is greater than the link capacity for a certain period of time, i.e.

£AI>C (4.1)

where A/ represents the instantaneous input rate of an active source, and C the

link capacity. To be more general, congestion in ATM networks can be caused by

statistical fluctuation of traffic flows or network failures [20]. In light of the diverse

traffic characteristics in ATM networks, the design of a scheme to adequately control

the data flow into ATM networks so as to avoid congestion becomes a critical factor

for the success of B-ISDN. Aside from the primary role of congestion and flow control

schemes to protect the network and the user in order to achieve network performance

objectives, an additional role is to optimize the use of the network resources so as to

achieve better utilization efficiency.

4.1 General Framework for Congestion Management and Control

For a congestion management and control scheme to be able to support a set of

QoS classes sufficient for all foreseeable services and maintain minimum network and

end-system complexity while maximize network utilization, the following functions

46
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form a framework for managing and controlling congestion in ATM networks and

may be used in appropriate combinations [20].

• Resource Management (RM) [14, 40, 41]: RM provides for allocating network

resources in order to separate traffic flow according to the QoS on traffic con¬

tract. Two critical resources in ATM networks are buffer space and trunk

bandwidth.

• Connection (or Call) Admission Control (CAC) [42, 43, 44]: CAC defines a

set of action taken by the network during call set-up or re-negotiating phase

in order to determine whether a VCC or VPC request can be granted or not.

Apparently routing is part of CAC actions. One important class of applications

of ATM networks is interactive programs such as videoconferencing. In order to

provide QoS requirements for all connections, CAC is an essential mechanism.

• Traffic Shaping (TS) [45, 46]: A key element of the traffic contract from the user

perspective is that the sequence of cells can be sent to the network after a desired

modification of the traffic characteristics and is still compliant with the traffic

parameters in the contract. In other words, the user equipment can process the

source cell stream such that the resultant output to the network is conforming

to the traffic contract. The most popuiar traffic shaping algorithms as proposed

in literatures include Peak Cell Rate Reduction (PCRR) and Buffering. PCRR

can be achieved by operating the sending terminal at a peak rate less than

that in the traffic contract, reducing the possibility of conformance violation.

Buffering operates in combination with the leaky bucket algorithm to ensure

that cells will not violate the traffic parameters of the contract by buffering

cells until leaky bucket would admit them.

• Priority Control [47]: By using Cell Loss Priority bit, the user may generate

traffic flows with different priorities. An ATM switch may selectively discard
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cells with low priority if necessary to protect the QoS of cells with high priority

as much as possible.

• Usage Parameter Control (UPC) [48] is defined as the set of actions taken by

the network to monitor and control traffic in terms of traffic offered and fairness

of ATM connections. The main purpose is to protect network resource from

malicious or unintentional misbehaviors, which can affect the QoS of other al¬

ready established connections, by detecting violations of negotiated parameters

and taking actions accordingly.

• Feedback Control [6, 13, 49, 8] is defined as the set of actions taken by the

network and by the users to regulate the traffic submitted on ATM connections

according to the state of switch such as the dynamic value of Cell Loss Rate,

Cell Transfer Delay or buffer occupancy.

One way to classify congestion control schemes is by the layer of ISO/OSI

reference model at which the scheme operates [50]. For example, there are data link,

routing/networking, and transport layer congestion control schemes. Typically, a

combination of such schemes is used. For sporadic congestion, CAC is used to route

according to load level of the links and to reject new connections if all paths are highly

loaded. For congestion lasting less than the duration of connection, an end-to-end

control scheme can be used. For example, during connection setup, the sustained

and peak rate may be negotiated. A leaky bucket algorithm may be used later by the

source or the network to ensure that the input meets the negotiated parameters. Such

“traffic shaping algorithms” are open loop in the sense that the parameter cannot be

changed dynamically if congestion is detected after congestion. On the contrary, in a

closed loop scheme, sources are informed dynamically about the congestion state or

resource usage of the network and are asked to adjusted their input rate accordingly.

In general, this information is carried by acknowledgment or RM cells via hop-by-hop
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or end-to-end feedback. Hop-by-hop feedback requires each intermediate switching

node to send the information to its previous stage and is, therefore, more suited for

services which feature short-term overloads. On the other hand, end-to-end feedback

is more effective for services with long-term overloads because of its capability to

react to the feedback in a more promptly manner.

4.2 Flow Control Schemes with Feedback

Most congestion control schemes for ATM networks consist of adjusting the

input rates to match the available link rate in attempt to improve the network uti¬

lization efficiency via feedback. Flow control schemes using feedback are spearheaded

by two approaches: rate-based, and credit-based flow control scheme. After a series

of intensive debates in ATM forum, the former was finally selected as the standard of

the flow controller in B-ISDN mainly thanks to its higher cost effectiveness compared

to the latter.

4.2.1 Credit-Based Scheme

This is one of the two leading approaches and also the first one to be proposed,

analyzed, and implemented. The approach consists of per-link, per-VC (Virtual

Channel), and window flow control. Each link consists of a sender node and a receiver

node. Each node maintains a separate queue for each VC. The receiver monitors

queue length of each VC and determines the number of cells that the sender can

transmit on that VC. This number is called “credit”. The sender transmits only as

many cells as allowed by the credit. In the case of a single active VC, the credit must

be large enough to allow the whole link to be full at all times. In other words:

Credit > Link Cell Rate x Link Round Trip Delay, (4.2)

where one can compute the link cell rate by dividing the link bandwidth in Mbps by

the cell size in bits.
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The credit-based scheme as described so far is also referred to as “Flow Con¬

trolled Virtual Circuit (FCVC)” scheme. This initial static version has two problems.

First, if the credits are lost, the sender will not know it. Second, each VC needs to

reserve the entire round trip worth of buffers even though the link is shared by many

VCs. These problems were solved by introducing a credit resynchronization algorithm

and an adaptive version of the scheme.

The credit resynchronization algorithm consists of both sender and receiver

maintaining counts of cells sent and received for each VC and periodically exchanging

these counts. The difference between the cells sent by the sender and those received

by the receiver represents the number of cells lost on the link. The receiver reissues

that many additional credits for VC.

The adaptive FCVC algorithm consists of giving each VC a fraction of the

round trip delay worth of buffer allocation. The fraction depends on the rate at

which the VC uses the credit. For highly active VC, the fraction is larger, while for

less active, the fraction is smaller. Inactive VCs get a small fixed credit. If a VC

does not use its credits, its observed usage rate over a period is low and the VC

gets smaller buffer allocation (and, hence, credits) in the next period. The adaptive

FCVC reduces the buffer requirements considerably, but also the full capacity of the

link, even if there are no other users.

4.2.2 Rate-Based Scheme

The original proposal for a rate-based approach consists of end-to-end control

using a single-bit to control the network. In the proposal, the switches monitor their

queue lengths and, if congested, set the explicit forward congestion indication (EFCI)

in the cell headers. The destination monitors these indications for a periodic interval

and sends an RM cell back to the source. The sources use an additive increase and

multiplicative decrease algorithm to adjust their rates. This particular algorithm
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uses a “negative feedback” in the sense that RM cells are sent only to reduce the rate

but no RM cells are required to increase the rate. The problem is that RM cells may

be lost due to heavy congestion in feedback, and, consequently, the sources will keep

increasing their sending rate and eventually overload it. This drawback is enhanced

by using a positive feedback where it would require a RM cell to increase the rate

but not on decrease. In a more enhanced version, RM cells are sent for both increase

and decrease.

An example of rate-based flow control scheme using a negative feedback is

“Backward Explicit Congestion Notification” (BECN) scheme. This method, pre¬

sented by N.E.T [51, 52], consists of switches monitoring their queue lengths and

sending an BECN cell back to source if congested. The sources reduce their rates by

half on the receipt of the BECN cell until a pre-defined minimum rate is reached. If

no BECN cells are received within a recovery period, the rate for that VC is doubled

once each period until it reaches the peak rate. Note that when the minimum rate is

reached, any further receipt of BECN cell will force the source to stop transmitting.

To achieve fairness, the source recovery period was made proportional to the current

level of transmission rate so that the lower transmission rate, the shorter the source

recovery period [53].
When supporting TCP traffic over ATM networks, a slow-start mechanism

may be used jointly with the BECN scheme to avoid packet losses immediately after

the initial transmission in a overloaded situation. Specifically, instead of starting

the transmission at its peak rate, the source starts with the minimum rate and then

recovers to its peak rate gradually by applying the same recovery procedure as in the

BECN scheme.
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4.3 Impropriety of Poisson-Based Traffic Models

This session presents the simulation efforts to justify the performance of the

flow control schemes introduced in the previous section by using Poisson process

traffic models and self-similar process (SSP) traffic models. The RMD algorithm is

used to generate a self-similar sample path. Since fGn has zero mean, it can not be

directly used to represent a TCP packet size. However, since a linear transformation

does not affect Hurst parameter, it may be used to make the sample paths eligible

for a packet size. Note that due to the re-transmission of erroneous packets in TCP,

any single cell loss of a packet in ATM networks will result in the discard of any

other successfully transmitted cells of this packet. The effective throughput taking

into account the cell discard is so-called goodput.

4.3.1 Network Configuration

Figure 4.1 shows the network configuration of the simulation scenario where

two CPS-100 ATM switches are connected to each other by a trunk link at a speed of

DS-3 (44.5 Mbps). Eight CPEs are attached to each of the two switches. We assume

a one-to-one correspondence among each pair of transmitting and receiving CPEs.

In other words, a virtual path or channel connection is established between each

CPE attached to CPS 100-A and the corresponding CPE attached to CPS 100-B.

The RMD algorithm is iised to generate synthesized self-similar traffic with a target

Hurst parameter at each CPE attached to CPS 100-A. The self-similar data flow is

then destined for the CPS 100-B through the trunk link. Note that the CPEs attached

to CPS100-B send only RM cells with congestion information through feedback. As

active traffic sources aggregate on the outgoing trunk port of CPS100-A, the egress

buffer will build up eventually if there are too many arriving cells in a short period.

The egress buffer is, therefore, a performance bottleneck. Due to balanced traffic

and symmetric network topology, the same value of effective throughput, namely,
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Figure 4.1: Network scenario for Poisson vs. Self-similar traffic models

goodput, is expected from each of the eight connections. The maximum goodput that

may be achieved in this scenario is 0.125.

The Hurst parameter of the generated sample paths is estimated by Variance¬

time plot (vtp) as shown in Figure 4.2. Note that the RMD algorithm renders a

Hurst parameter which is slightly smaller than the target value 0.9. In addition, we

noticed that the sample path generated by Poisson process yields a Hurst parameter

0.5 which is quite different from the range of [0.70 0.90] empirically found on real

networks [27]. In our simulations, for both Poisson process and SSP traffic sources,

the egress buffer size is equal to 500 cells and offered traffic load is maintained at the

same level to facilitate meaningful comparisons.

4.3.2 Effective Throughput Comparisons

Figure 4.3 shows the goodput of VC-1, i.e., the virtual connection between Tx-

1 and Rcv-1, for various flow-control schemes where Poisson process traffic models

are used. Despite the obviously superior performance of the credit-based scheme as
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Figure 4.2: Variance-time plot for synthesized sample paths

verified by the results shown in this Figure [11], the ATM Forum has selected rate-

based flow control scheme to be used for flow and congestion control in ATM networks.

Thus, in studying the effects of self-similar traffic on the network performance, we

concentrate on the BECN scheme with or without the slow start option. Note that

in this session, “rate-based scheme I” and “rate-based scheme II” are referred to the

BECN scheme without and with slow-start, respectively.

Figure 4.4 and Figure 4.5 show the goodput of VC-1 for the BECN scheme

with and without slow-start, respectively. In both figures, Poisson process as well as

SSP with H=0.7 and 0.9, are used as the traffic models. The values of goodput at

steady state are listed in Table 4.1 where the first column is the traffic model for the

sources, the second and fourth columns are the flow control schemes, and the third

and fifth columns are the percentage of over-estimation of goodput by using Poisson

process instead of SSP traffic models. Evidence shows that using a Poisson process
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Traffic model rate-based 1 A% rate-based 11 A%
Poisson 0.0934 - 0.0973 -

SSP, H=0.7 0.0869 7.2% 0.0914 6.5%
SSP, H=0.9 0.0825 13.2% 0.0868 12.1%

Table 4.1: Performance comparison of Poisson process and SSP traffic models
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Figure 4.3: Performance comparison of different flow control schemes

model for Self-similar traffic with H=0.7 renders 7.2 % and 6.5% of over-estimations

of the goodput for the BECN scheme without and with slow-start, respectively. While

using a Poisson process model for Self-similar traffic with H=0.9 results in 13.2 % and

12.1% of over-estimations of the goodput for the BECN scheme without and with

slow-start, respectively. These results demonstrate the failure of Poisson processes as

traffic models for traffic exhibiting self-similarity.

4.4 Classical Control Theory and Congestion Control

For a system as shown in Figure 4.6, classical control theory is Tisually valuable

as a source of insight in the design of feedback controllers. In a feedback flow control
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Figure 4.4: Performance comparison of rate-based scheme I

Figure 4.5: Performance comparison of rate-based scheme II
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Figure 4.6: Generic Feedback Control System

system, this figure is the type of system used to ensure that the network, the con¬

trolled object characterized by input u, internal states x, output y, and unavoidable

uncertainty should perform in a desired manner.

Several important insights from classical control theory are as follows.

1. A feedback controller must combine dual function of estimation and of control.

The estimation reduces uncertainty about current state whose current values

are needed in order to determine current control action.

2. Feedback is the means by which control is achieved in the presence of uncer¬

tainty. Therefore, any feedback system should benefit from a design approach

which take explicit account of uncertainty.

3. Two different types of uncertainty can affect controlled objects: uncertainty

about current values of the internal states; and uncertainty about future val¬

ues resulting from uncertainty about controlled object dynamics governing the

evolution of future state.

The concept drawn from the classical control theory will serve as a basis for

the proposed flow control schemes in Chapter 6.99



CHAPTER 5
PREVENTIVE FLOW CONTROL SCHEME FOR SELF-SIMILAR TRAFFIC

Recent measurement studies have shown that the burstiness of the traffic in

LANs or WANs is associated with long-range dependence (LRD). In Chapter 3, we

showed that LRD can be efficiently characterized by a queueing model with self¬

similar arrival processes such as fractional Gaussian noise (fGn), or autoregressive

integrated moving average (ARIMA) processes. As indicated in [1], the fGn provides

the simplest way to model the LRD and self-similarity. In this chapter, we will,

consequently, consider fGn as the arrival process in an ATM network environment.

To avoid the congestion and buffer overflow resulted from bursty traffic, we

propose a preventive flow control scheme which consists of a new call admission

control (CAC) algorithm. This CAC algorithm uses the Hurst parameter as an

index of burstiness and to characterize the self-similar nature of aggregate traffic in

virtual paths of ATM networks. To facilitate the efficiency of CAC for self-similar

traffic, we derive the cell loss probability for a queueing system with finite buffer and

fGn arrival process. Note that the derivation is served as an extended version of the

work proposed by I. Norros [54], The numerical results reveal that the proposed CAC

algorithm outperforms the peak rate allocation scheme by rendering higher statistical

multiplexing gains (SMG). In addition, the algorithm provides less deviation from the

target cell loss probability than other statistical allocation scheme such as “Equivalent

Capacity”.

58
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5.1 Introduction

The Self-similar process is a realistic model for characterizing the statisti¬

cal behaviors of the traffic corresponding to LANs, WANs, and VBR coded video.

Self-similar processes are characterized by an hyperbolic decay of their autocorrela¬

tion function that cannot be captured by traditional Poisson-based processes. The

burstiness ofmultimedia traffic represents the main reason behind the development of

statistical multiplexing schemes for transport of heterogenous traffic over broadband

networks such as ATM networks. In ATM networks, cells are switched according to

information contained in their headers between ATM switches. When cells arrive

at a switch, they may be stored in a buffer awaiting transmission to their new des¬

tinations. If, within a certain period of time, the number of arriving cells, which

may come from different and often bursty sources, is larger than the number of cells

that can be served, the buffer may overflow and cells may be lost. In video services,

cell loss reduces picture quality. The design of flow and congestion control in ATM

networks is, therefore, faced with the challenge of how to provide required QoS and

still maintain sufficient network utilization to operate an economical viable networks.

Flow and congestion control procedures can be classified into preventive con¬

trol and reactive control with the former preventing the occurrence of congestion

with resource management, and the latter controlling the level of congestion based

on feedback information. Both approaches have advantages and disadvantages. In

ATM networks, a combination of these two approaches is used to provide effective

congestion control. For instance, best effort service uses a reactive scheme while CBR

and VBR are mainly based on preventive schemes.

In the previous chapter, we presented several reactive flow control schemes

such as rate-based or credit-based feedback flow control schemes. In contrast, a

preventive flow control generally involves the following two procedures: call admission

control (CAC), and bandwidth enforcement. Since ATM is a connection-oriented, a
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call setup procedure has to be carried out before a user starts transmitting over an

ATM network. The main objective of this procedure is to establish a path between

the sender and the receiver. In addition, this procedure also allocates resources in

every switch along the path to accepted connections. Generally, CAC deals with the

question whether or not a switch can accept a new connection. CAC may be classified

into two categories, namely, statistical allocation and non-statistical allocation. Non-

statistical allocation is also referred to as so-called peak rate allocation.

The effectiveness of CAC mainly depends on appropriate traffic modeling and

characterization. In this chapter, we investigate the behaviors of an ATM queueing

system with a self-similar arrival process. The service process is deterministic and the

arrival process is modeled by a fractional Brownian motion (fBm) process. The main

goal of this chapter is to design a new effective CAC suited for services exhibiting

self-similarity.

The remaining of this chapter is organized as follows. Section 2 and Section

3 describe peak rate allocation and statistical allocation scheme, respectively. In

Section 4, we develop a queueing model to evaluate the cell loss probability for a

system with fractional Brownian motion arrival processes. In Section 5, we propose

a CAC based on the results obtained from Section 4. Numerical results are presented

in Section 6, and conclusion is given in Section 7.

5.2 Peak Rate Allocation

Peak rate allocation (PRA), also called non-statistical allocation, is the most

widely used CAC due to its simplicity. When a user requests a connection, the

decision to accept or reject the request depends on whether its peak cell rate (PCR)

is greater or less than the available rate . The major drawback of PRA is that the

network resources will be well under-utilized if the ratio of PCR to MCR (mean cell

rate) of the connection is much larger than one. Using PRA for VBR services is one

of the best examples of this situation. Given a PCR/MCR equal to R, the resource
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utilization rate is R-1. Consequently, PRA is best suited for CBR services including

PCM-encoded voice, uncompressed video and applications with low PCR such as

telemetry.

5.3 Statistical Allocation

In statistical allocation, bandwidth for a new connection is not allocated based

on PCR. In consequence, the sum of all peak rates may be greater than the link speed.

Statistical allocation makes economic sense when dealing with bursty sources. One

primary drawback of statistical allocation is its difficulty carrying out effectively,

mainly due to the difficulties in characterizing an arrival process.

An example of statistical allocation is the use of “Equivalent Capacity” [55]
defined as the service rate of the queue that corresponds to a cell loss probability

e. By using an interrupted fluid process as the traffic model, [55] shows that given

a finite buffer size K, peak rate R, MCR p, and the utilization rate p, the required

bandwidth to achieve cell loss probability e is

(5.1)

where a = —ln(e)p(l — p)R.

5.4 Cell Loss Probability in Self-similar Queuing Models

To evaluate the cell loss probability in an ATM connection, we studied the per¬

formance of a queueing system loaded by the composition of independent fractional

Gaussian noise (fGn) processes. We described a proposed diffusion approximation

for the number of arrivals in the interval (0,t], considering an heavy traffic renewal

processes below.

Proposition 2 In a queueing system with renewal arrival process with mean p, the

cumulative counts of arrival, a(t), can be approximated by

a(t) = pt + yfpB(i), (5.2)
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where B(t) is a standard Brownian motion, namely a Gaussian process with indepen¬
dent increments.

(5.2) follows from the equivalent proposition,

^ = *<*>■ <->
which can be proved by Central Limit Theorem [56].

Extending (5.2) to the case of fGn arrival processes, as suggested in [54],

a(t), the number of arrivals up to time t, can be represented by

a(t) = pt +y/püBH(t), (5.4)

where v is the variance coefficient and Bn(t) is a normalized fractional Brownian

motion (fBm) with zero mean and variance \t\2H. Let 8{n) denote the increment of

A(t) in the interval ((n — 1 )T,nT\. We obtain

8(n) = a(nT) — a((n — 1 )T)

= pT + y/Jw{BH(nT) — BH((n — 1)T)}

= pT + v/]üüG(nT), (5.5)

where G(n) is a fractional Gaussian noise with zero mean and a variance equal to

one. From (5.5), it then follows that

E{6(n)} = pT, (5.6)

and

Var(8(n)) = pvE{G2(nT)}
= pv\T\2HE{G2(n)}
= pv\T\2H. (5.7)

From (5.5), (5.6) and (5.7), we conclude that S(n), the increment of A(t), is also
an fGn with Hurst parameter H, mean pT and variance pv\T\2H. From Proposition
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1 in Chapter 3, <5(n) possesses LRD as H > 1/2. Now let C be the fixed service rate,

i.e., the link speed of an output port, then the number of arrivals up to time t, (3(t),

is equal to Ct. Denoting W(t) the number of cells in the queue up to time t, then by

“Reich’s Formula” [57] we have

W(t) = sup[a(i) — ¡3(t) — a(x) + f3(x))
x<t

= sup[a(i) — a(x) — C(t — x)]
x<t

= sup [(p-C)(t-x) +y/vp(BH(t)~ BH(x))). (5.8)
x<t

The following propositions are extended from the theorems originally pre¬

sented in [54] to facilitate the derivation of the cell loss probability for a queueing

system with fGn arrival process.

Proposition 3 W(t) is a self-similar process only ifH — 1.

Proof:

W(at) — sup[(p — C) (at — ax) + y/vjl(BH(at) — Bn(ax))\
x<t

= sup[aH((p - C)al~H(t - x) + ^/vjl(BH(t) - BH(x))\
x<t

= aH sup[a(t) — a(x) — [p — (p — C)a}~H](t — x)] (5.9)
x<t

As H — 1, we obtain

W(at) = asup[o;(t) — a(x) — C(t — x)]
x<t

= alW(t),

which implies that W (t) is a self-similar process with H — 1. □

Note that, from (5.9), when H ^ 1, W(at), the number of cells in the queue

up to time at has the same distribution as aH times the number of cells in a queue

with the original arrival process but with service rate p — (p — C)ax~H.
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Proposition 4 Let p — q represent the utilization rate, k the finite buffer size, then

^JfH ■ C'-'/Wk 1+1/H = constant.

Proof:

Since A(t) has stationary increments, W(t) is stationary and thus has the

same distribution as W(0). Substituting t with 0 in (5.8), we obtain

VP(0) = sup[(/i - C)(—x) + y/vfi(-BH(x)). (5.10)
x<0

Substituting x with -t, and with the fact that Bw(r) is Gaussian, we have

1P(0) = sup[(p-C)(t) + y/vfiBH(t)]
t>o

= may:[y/fwBH{t) - (C - p)t]. (5.11)

Let p{k) be the cell loss probability for a queue with finite buffer size k, then

we have

p(K) = Pr(W(t) >k) = Pr(bU(0) > k)

= Pr(max[^/JIvBH(t) — (C — p)t] > k) (5.12)

= Pr(max[B„(i) - > ^=)- (5-13)
Since Bu(t) is a self-similar process with Hurst parameter H, we have a~HBh (at)=Bn (t).

Substituting a with bH 1, we obtain

b-lBH(bl'Ht)±BH{t)

or, after changing variables,

b-lBH{t)=BH{b~l/Ht). (5.14)

Let (j) denote Pr(max.[BH(t) — at] > b). Using (5.14), we have

(f = Pr(max[H//(i) — at] > b)
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= Pr(max[6_1í?//(í) — b~xat\ > 1)

= Pr(max[BH{b~l^Ht) — b~xat] > 1)

= Pr(max[BH(t) — b~1+1^Hat] > 1). (5.15)

Combining (5.13) and (5.15), we obtain

p(k) = Pr(max[B„(i) - (-C)-‘+V«<£_ií)(] > j) (5.16)

= Pr(max[.B//(t) — ut] > 1) (5.17)

= /M, (5-18)

where u> = ■ Since Bnif) is Ganssian, from (5.17), it is obvious that

f(u>) is a monotonically decreasing function. Therefore, given a cell loss probability,

say e, there exists an inverse function such that u> = f~l (e) =constant.

Denoting p = we have

UJ
IH Ap

y/f™

-1/2H

□

Proposition 5 Given a fractional queueing system with MCR p, variance coefficient

v, Hurst parameter H, service rate C and finite buffer size k, the approximation of

the cell loss probability, p(k), is

p(k)= exp( -(C-p) 2H
1,2—2H

2pv(HH(i - Hy-ny )• (5.19)

Proof:
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From (5.13), we have

p{k) = Pr(W(£) > k)

= Pr(max[BH(t) - t] > —p=z)‘>0 V™ V™
= Pr(max[5//(£) — ——— ] > 0)v

t>o L w J ’

Since BH(t)=tHBh( 1), substituting BH(t), we have

P{k) Pr(max[5H(l) (C — y)t + k
tHV™

>0)

Pr(£H(l) > nhn[ (C - n)t + k
tHV¡^

Q(min[^ v n L

(C — n)t + k
tHV™ ]),

where the Q-function is defined by

Q{-X) ~ V2ñL 6 1 /2dt-
For brevity, denote by f(t). We have

= (1 - H){C - n)t-H -
Vi™

_ tH~\(\-H){C-p)t-kH)
Vi™

(5.20)

(5.21)

(5.22)

no =
-H{ 1 - H)(C - 1 + H{H + l)fc£i-H-2

V™
(5.23)

When t = kH
= £*, /'(£*) = 0, and

no =
(kH)-H~2[( 1 - F)(C - A/)p+2(-ff(fcff) + H{H + 1 )k)

V™
(kH)-H~2[( 1 - H)(C - ai)]H+2(Hk)

V™
> 0. (5.24)

Therefore, f(t) has a minimum when t = t*. Substituting t with t*, and using the

approximation Q{x) = e~x2!2 and the theory of large deviations [58], we obtain
(C - VitcVfi h)Y~H + k

P(k) = qC-— )
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(5.25)

(5.26)

Given p(k) = £, the bandwidth C required to accept a connection can be

computed from (5.26) and is

C = p + H(—2pv\ne)1^2H\ ^ V1 l/H\1 — H (5.27)

5.5 Proposed Call Admission Control Algorithm

The simplest Connection Admission Control strategy can be obtained con¬

sidering Peak Cell Rate (PCR) allocation for each traffic source. PCR can lead to

no loss of cells but to a very poor link utilization. To obtain a better utilization

of resources, it is necessary to accept a small degradation of the Quality of Service

(QoS) while taking into account the statistical properties of actual traffics. To this

end, we propose a Call Admission Control (CAC) algorithm based on (5.27). The

procedure of the proposed CAC algorithm is described below.

1. Each source has to submit the traffic parameters including /i, v, and H, and

desired Cell Loss Ratio e.

2. Compute required bandwidth C according to (5.27).

3. Compare required bandwidth C with available bandwidth C.

4. Accept the connection, if C < C, or reject, otherwise.

5.6 Numerical Results and Discussions

Assume that the offered traffic source has the parameter (u,v) = (1000,100).
To study the influence of buffer size on cell loss probability, we set the allocated

bandwidth C to be 1050 cell/sec. Figure 5.1 depicts the cell loss probability vs.

buffer size for several Hurst parameters, H. It is seen that when H=0.5 or H=0.6 the
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Figure 5.1: Cell loss probability vs. buffer size

cell loss probability decreases significantly as the buffer size increases. However, when

H=0.8 or H=0.9, increasing the buffer size merely renders a margin of improvement

in the cell loss probability. This is contradictory to the results obtained from generic

queueing models which do not take the Hurst parameter into account.

To study the sensitivity of the proposed CAC scheme to the changes in buffer

size, we calculate the number of admitted connections for different buffer size. The

parameters for the traffic source are (u, v, e) = (1000,100,10~8), PCR=2000 cells/sec,

and the output port is a DS-3 link at the speed of 110,000 cells/sec. The number

of admitted connections vs. buffer size is plotted in Figure 5.3 where the number of

admitted connections decreases as the Hurst parameter increases. This is because the

greater the Hurst parameter, the burstier the traffic is, and consequently the larger

allocated bandwidth is required.
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(H, e) = (0.7,10~8) (H, e) = (0.8,10-8) (H, e) = (0.9,10-8)
genuine H estimated CLP genuine H estimated CLP genuine H estimated CLP

0.66 3.2*10~9 0.76 1.7*10~9 0.86 4.7*10~9
0.67 5.2*10-9 0.77 1.6*10-9 0.87 3.9*10~9
0.68 4.7*10-9 0.78 3.2*10-9 0.88 6.7*10~9
0.69 6.1*10-9 0.79 4.1*10-9 0.89 6.3*10-9
0.70 7.4*10-9 0.80 6.4*10-9 0.90 8.5*10~9
0.71 7.7*10-9 0.81 6.8*10~9 0.91 7.7*10~9
0.72 8.4*10-9 0.82 8.5*10-9 0.92 9.4*10-9
0.73 8.7*10-9 0.83 9.6*10~9 0.93 8.7*10-9
0.74 1.2*10-8 0.84 1.3*10-8 0.94 9.7*10~9
0.75 1.3*10-8 0.85 1.6*10—8 0.95 1.2*10—8

Table 5.1: Robustness of the proposed CAC scheme

Assume a finite buffer size, 500 cells, and the parameter (u, v) = (1000,100).

Figure 5.4 shows the number of admitted connections given a certain cell loss prob¬

ability. Note that the number of admitted connections increases significantly as the

cell loss probability increases when we have a larger Hurst parameter. When H is

equal to 0.5, the number of admitted connections remain nearly unchanged as the

cell loss probability increases.

It is of particular interest to investigate the robustness of the proposed CAC,

supposed that the submitted Hurst parameter is different from the genuine value.

From Table 5.1 and Figure 5.2, we found that the requested CLP can be ensured as

long as the genuine Hurst parameter is at least 0.04 less than the submitted value.

This robustness is related to the fact that the CLP is derived from (5.26), which is

an upper bound of the accurate value.

If the peak rate allocation scheme is used as the CAC, then the number of

admitted connections is equal to the ratio of the link capacity to the PCR. Accord¬

ingly, the number of admitted connections in this case is 110,000/2000 = 55. From

Figure 5.4, it is clearly that the proposed CAC algorithm achieves more admitted

connections. Let us define the statistical multiplexing gain (SMG) as the ratio of the

number of admitted connections by using the peak rate allocation to that by using
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genuine Hurst parameter

Figure 5.2: Estimated CLP vs. genuine Hurst parameters

the proposed algorithm. The SMG reaches a maximum value 1.92 as H = 0.5. When

H = 0.9, the SMG increase from 1.05 as e = 10-9 to 1.35 as e = 10~3.

We conducted simple simulations to verify the guarantee of QoS, i.e., the cell

loss probability (CLP). The fGn with Hurst parameter 0.9, buffer size 1000 cells, and

(u, v) = (1000,100) is used as the traffic source. The allocated bandwidth is obtained

from (5.27). The simulation results are summarized in Table 5.2 where the first

column is the requested CLP ranging from 10~3 to 10~9, and the second and the third

column show the estimated CLP by simulation for selected CAC schemes. Clearly

the proposed CAC (PCAC) ensures the QoS. However, with the other statistical

allocation algorithm, Equivalent Capacity (EC), the QoS is violated mainly because

of the use of an inappropriate traffic model which fails to capture the characteristics

of self-similarity.
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requested CLP estimated CLP with PCAC estimated CLP with EC

1(T3 6.2*10-4 3.5*10~2
1(T4 5.9*10~s 4.6*10-3
1(T5 3.7*10~6 7.1*10-4
1CT6 8.1*10—7 1.3* 10“5
10"7 7.4*10~8 9.4*10~5
icr8 1.7*10—9 5.4*10-6
10“9 1.4*10-1° 7.9*10-6

Table 5.2: Guarantee of QoS
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Figure 5.3: Number of admitted connections vs. buffer size
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Figure 5.4: Number of admitted connections vs. cell loss probability

5.7 Conclusion

In this Chapter, we proposed a preventive flow control scheme consisting of

a Connection Admission Control (CAC) taking into account the Hurst parameter of

incoming traffic sources. The CAC is implemented based on an upper bound of the

cell loss probability for the self-similar queueing model with a fGn arrival process.

The numerical results showed that with the proposed CAC, more connections can be

accepted into the networks than with peak rate allocation CAC.

In the proposed CAC, each source has to submit the traffic parameters in¬

cluding p, v, and H, and desired Cell Loss Ratio e. This CAC is, therefore, better

suited for applications such as Video on Demand (VOD). On the other hand, for the

CAC to be able to support real-time traffic, these parameters have to be computed

on the fly. It poses a challenge especially for estimating the Hurst parameter which

requires longer time interval to obtain more accurate estimation.



CHAPTER 6
PID FLOW CONTROL SCHEME FOR VBR TRAFFIC

In communication networks with large delay-bandwidth product, congestion

could happen over shorter time scales than those at which end-to-end protocols such

as congestion control schemes typically operate. In such cases, the congestion can

dissipate rapidly before congestion feedback information returns to the source. Net¬

work designers, therefore, face a challenge. The bursty and cyclic nature of Variable

Bit Rate (VBR) traffic creates another issue for transmission in ATM networks. To

reach the dual goals of keeping cell loss rate low and network utilization high, we pro¬

pose an adaptive rate-based flow control scheme for real-time VBR traffic in ATM

networks.

The goal of the scheme is to minimize the impact of traffic overload in order

to limit the cell loss rate to an acceptable range and also increase the network uti¬

lization. The proposed flow control scheme is based on predicting the evolution of

buffer occupancy over time using a Proportional-plus-Integral-plus-Derivative (PID)

controller and a linear predictor to adaptively update the optimum data emission

rate at the transmitter. The adaptive policy attempts to keep the buffer occupancy

for each virtual channel at a steady level and the simulation results show that the

proposed scheme works effectively against network congestion. Along with the design

of the new flow control scheme, we also develop a hierarchically structured testbed

to measure network performance and explore various flow control schemes in ATM

networks with diverse classes of incoming traffic.

73
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6.1 Introduction

Asynchronous Transfer Mode (ATM) is widely considered to be the next gen¬

eration of high speed internetworking technology mainly due to the scalable building

blocks it provides to serve as a stable foundation for evolving public and private

networks. With the advent of Broadband ISDN, ATM networks must support appli¬

cations with diverse traffic characteristics and quality of service (QoS) requirements.

Therefore, an accurate traffic characterization is of primary importance in implement¬

ing effective flow control strategies and making efficient use of network resources in

ATM networks.

Network traffic is usually characterized by the tolerance of information delay

or loss. For example, the traffic for Available Bit Rate (ABR), or best-effort service,

demands superior Cell Loss Rate (CLR) but yields inferior performance in terms of

Cell Transfer Delay (CTD) and Cell Delay Variation (CDV). On the other hand, real¬
time traffic such as that for Constant Bit Rate (CBR) service is distinguished by its

stringent CTD and CDV requirements. Real-time traffic contrasts significantly from

elastic or best-effort traffic by primarily supporting applications that have dedicated

bandwidth. These applications, however, do have some ability to adapt to network

conditions such as cell delay or cell losses but only within a margin of tolerance [59].
The other type of real-time traffic in addition to CBR traffic is Variable Bit Rate

(VBR) traffic such as that generated in videoconferencing using compression. The

characteristics of VBR video traffic depends primarily on two factors:

1. the nature of the video, namely whether there are frequent or rare scene changes;

2. the coding scheme employed such as, for example, MPEG, H.261 etc.

For teleconferencing and videotelephone applications, the CCITT H.261 stan¬

dard specifies compression techniques at rates of px64 kilobits/second where p ranges

from 1 to about 30. Another well-known compression algorithms for video is MPEG,
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Motion Pictures Expert Group defined by ISO. Compared to H.261, the MPEG

standard was designed for a higher range of rates and much better visual quality.

Although MPEG video is suitable for a large number of multimedia applications

including videoconferencing, distant learning, and video mail, it is not, however,

intended to be broadcast television quality which signals at 10 - 45 Mbps.

An MPEG coder generates three types of frames: Intraframes (I) that use

image compression scheme, Predicted (P), and Bidirectional (B) frames that use

compression with motion compensation. While P frames are coded based on the

previous frame, B frames are based on both a past and a future reference frame.

Therefore, I frames take advantage of spatial locality, and P and B frames exploit

temporal locality. The MPEG algorithm uses several parameters that, when varied,

can lead to a significant change in the characteristics of a video source. Two of these

parameters, lq, the quantization level and fi, the interframe to intraframe ratio, are

of particular interest as they can be used to control the video source via network

feedback [60]. For example, if the network detects a trend of congestion, a feedback

message could be sent to all video sources that would require them to decrease their

sending rate. This can be accomplished by decreasing lq at the expense of a temporary
loss of quality. Similarly, if the cell loss rate of the network temporarily increases,

then, by decreasing fi the frequency of intraframes in the MPEG coding sequence

could be increased. Since intraframes halt error propagation, this action will ensure

that the duration of error propagation is short.

Figure 6.1(a) shows the frame size over time elapsed of a typical MPEG com¬

pressed video with f\ equal to 29 (GOP=30), obtained from a recorded sequence of

TV advertisements. Figure 6.1(b) depicts the relative frequency of the frame size.

The encoding pattern is as follows.

IBBBBBBBBBPBBBBBBBBBPBBBBBBBBBIBB...
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(a) frame size
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Figure 6.1: MPEG frame size and its probability density function

It is noted that between two successive I frames, a P frame is followed by 9 consecutive

B frame. As Figure 6.1(b) shows, the frame sizes of this MPEG video fall into roughly

3 groups, with B frames occupying the frame size of less than 100 cells, I frames larger

than 200 cells, and P frames in between.

The rest of the paper is organized as follows. Section 2 describes a generic

video transmission system with feedback. In Section 3 we present the proposed

adaptive flow control scheme. Section 4 describes the network scenario and the ATM

switch used in our simulation. Section 5 shows some numerical results, and in Section

6 we state our conclusions and future work.
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6.2 Generic Video Transmission System with Feedback

Among all traffic classes in ATM networks, real-time video traffic poses a

unique challenge. Since the required service is delay sensitive, the network must pro¬

vide a resource reservation scheme to allocate network resources for each VBR video

stream. However, the burstiness of VBR video traffic makes it especially difficult

to determine the amount of resources required. On the one hand, if resources are

reserved according to the Sustainable Cell Rate (SCR) of the VBR video sources, un¬

acceptable delays and cell losses may result when the video is transmitted at the peak

rate. On the other hand, if resources reservations are based on the Peak Cell Rate

(PCR) of the video sources, the network could be underutilized most of the time.

One strategy to best compromise both problems is to dynamically adjust the sending

rate of bitstreams according to the network information obtained via a feedback path

between the network and the transmitter.

Figure 6.2 depicts a generic video transmission system, where a video signal

is fed to a video encoder. The encoded bitstream is produced by video compression

codecs such as MPEG or H.261 with an attempt to compress the video stream by

removing spatial and temporal redundancies. The rate controller is able to select the

transmission rate by adjusting the quantization level according to feedback informa¬

tion. This feedback path, however, in some standard such as H.261, has an option to

disable it. This enables users to maximize quality at the expense of bandwidth.

Several flow control strategies for managing overload of VBR video traffic are

described as follows.

• Integrated rate-based flow control: Wei and et al [61] proposed a joint en¬

coder and channel rate control algorithm for ATM networks with leaky buckets

as open-loop source flow control models to balance both issues of consistent

video quality on the encoder side and bitstream smoothness for the statisti¬

cal multiplexing gain (SMG) on the network side. The algorithm considers
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Video sender Video receiver

Figure 6.2: Generic Video Transmission System with Feedback

constraints imposed by the encoder and decoder buffers, the leaky bucket con¬

trol, traffic smoothing, and rate control. The encoder rate control is separated

into a sustainable-rate control and a unidirectional instantaneous-rate control.

Lee and et al. [62] suggested a modified explicit rate indication for conges¬

tion avoidance (MERICA) scheme for both VBR and CBR traffics in ATM

networks. This modified scheme belongs to the class of closed-loop rate-based

congestion control scheme.

• Adaptive credit-based flow control: Goyal and et al [63] presented a receiver-

oriented adaptive credit-based flow control scheme to minimize the buffer re¬

quirement in the network while guaranteeing that cells of VBR encoded video

flows will not be lost. With the proposed bandwidth estimation techniques

which exploit the structure of the video traffic, it also minimizes the end-to-end

delay and jitter for VBR encoded video streams.

• Data recovery: Lost data may be recovered using temporal and spatial interpo¬

lation or forward error recovery methods. Hu and Lin [64] suggested a forward

error control scheme for MPEG video to recover lost cells in ATM networks.

The original MPEG streams are split into n substreams and the substreams are
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skewed by a fixed amount of time from each other. The substreams are trans¬

mitted with the forward error correction code providing a deterministic bound

on the delay and having the implementation simplicity needed for high-speed

video applications.

• Prioritized transmission: Ismail and et al [65] proposed a priority scheme for

MPEG video which is implemented in a software encoder that produces a pro¬

portionate traffic in both (i.e., high and low) priority partitions for all three

frame types used in MPEG. An ATM multiplexer with a pushout buffer scheme

is implemented to provide priority scheduling at the multiplexer for the two pri¬

ority partitions.

• Traffic shaping and smoothing: Burstiness of encoded traffic may be removed

by smoothing it over an interval. Here one has to make a trade-off between cell

losses due to burstiness and allowed delay. Li and et al [66] suggested a new

flow control function called “time-driven” priority, which is an internal traffic

shaping mechanism supporting CBR with deterministic guarantees, and VBR

with statistical multiplexing. The mechanism does not require the identification

and separation of packet flows of different real-time sessions/connections inside
the network.

• Admission control: This mechanism can be used to accept or reject new con¬

nections at the connection set-up phase. ATM networks require traffic char¬

acteristics information such as CLR, PCR, SCR, and CDV for VBR traffic to

guarantee the QoS of a connection.

6.3 Proposed Flow Control Scheme

The proposed flow control scheme is comparable to a classical tracking control

system, in which appropriate feedback is applied to have the system output y[n] track

the input r[n] as Figure 6.3(a) shows. A compensator taking the difference between
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Figure 6.3: Generic tracking system and its application in networks

the reference r[n] and output y[n] as a trigger generates a dynamical signal entering

the plant. The compensator must be well designed so y[n] can track r[n] promptly.
One of the most well-known compensators is probably the so-called Proportional-

plus-Integral-plus-Derivative (PID) controller. Figure 6.3(b) shows the scenario that

applies the tracking system to networks. In this chapter, we exploit this system

theoretic methodology in our proposed flow control scheme.

Figure 6.4: PID flow controller
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In the proposed flow control scheme whose block diagram shown in Figure 6.4,

Rn, the maximum sending rate of the nth frame is determined by the equation,

Rn = Rin - [Kp • (bn -b*) + Kj-( ¿ bi-l-b^ + Ko-ibn-bn-^-Rin (6.1)
i=n—l+1

where Rin is the sending rate for the original bitstream of the nth frame without

feedback, bn the buffer occupancy at the performance bottleneck at the beginning of

the transmission of the nth frame, bn the estimated value of bn, b* the desired buffer

occupancy, and l a non-negative integer.

In Equation 6.1, the actual sending rate Rn is updated once per frame interval,

based on the buffer occupancy obtained from the feedback. The goal of the control

action is to keep the buffer occupancy level close to the desired value b*. The sending

rate Rn is adjusted by the controller so the buffer occupancy is driven to b* promptly.

The estimated buffer occupancy b is obtained by using a linear predictor described

by the following equation,

fc-i

bn = K-k + E/2n-i — (k - 1) • p] • tf (6.2)
i= 1

where g is a constant service rate at the buffer of interest, bn-k the latest reported

buffer occupancy from feedback at the beginning of the transmission of the náframe,
and tf is the frame interval, i.e. the inverse value of the frame rate.

Let en denote the value of the error signal corresponding to the nth frame, that

is en = bn — b*, Aen the difference of two consecutive error signals, and <E»(en,Z) the
cumulative error signals in l frames. We can then rewrite Equation 6.1 as follows.

Rn = Rin - (Kp ■ en + K¡ ■ $(en, l) + KD ■ Aen) • Rin (6.3)

Since <f*(en, 1) = en, without the loss of generality when l > 1 Equation 6.3 can be

further simplified to
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Rn = Rin - {Ki ■ $(e„, l) + KD • Aen) • Rin (6.4)

Clearly we can see that, from (6.4), the instantaneous sending rate of the nth frame
is determined by Kd, a derivative factor, K¡, an integral factor, and l regarding

cumulative error signals. Further, the values and KD control how rapidly the

buffer occupancy approaches the desired buffer size.

6.4 Network Scenario for Simulations

Figure 6.5 shows the network scenario used in our simulations where two

CPS-100 ATM switches, CPS 100-A and CPS 100-B, are connected to each other

with a DS-3 trunk link at a speed of approximately 45 Mbps. The propagation delay

between the two switches is 16.5 ms. There are four CPEs connected to each switch

at both sides of the network. We model the data flows of the network such that they

traverse from sources to corresponding destinations while the feedback transmitted

in the reverse direction. All access ports are at the same speed as that of trunk ports.

We assume a one-to-one correspondence between sources and destinations,

that is, each CPE at the left side of the network makes two VCs, one for voice and

the other for video, to the corresponding CPE at the right. The simplified functional

model of the CPE is shown in Figure 6.6. Due to the stringent QoS requirements

of CBR service, the VCs for voice are given higher service and loss priority than

those of video. Cells from the VCs with same priority will be served on a FIFO

basis. As all traffic aggregates at the outgoing trunk port of Si, the egress buffer

memory and the outgoing link bandwidth of the port become performance bottlenecks

where congestion may occur when too many bursts arrive in a short period. The

resource management (RM) cells carrying buffer information at the egress adapter

are generated periodically and are sent back to all video sources by connections in the
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Figure 6.5: Network Scenario

reverse direction. Due to the balanced network topology, similar network behavior

at each CPE is expected from simulations.

6.5 Numerical Results and Discussions

To evaluate the performance of the proposed PID flow control scheme under

a congested network condition, each VC for voice generates traffic contributing 20%

of the bandwidth of the trunk link, while each VC for video is contending for the

To CPS 100-A

From CPS 100-A

VBR

) VC for CBR
) VC for VBR

(——■■■■ VC for Feedback

Figure 6.6: Functional model of CPE
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remaining 20% of link speed, which is about 9 Mbps or 21,227 cells/sec. The trace

of the video used in the simulation is shown in Figure 6.1. The frame rate of the

video, 1/tf, is 30 frames/sec. In addition, the PCR and SCR is 7,700 cells/sec and

l,700cells/sec, respectively. The normalized network utilization rate p^ is obtained

by estimating the ratio of average VBR bandwidth to the overall bandwidth available

to VBR. To simplify our simulation efforts and put the emphasis on the impact of

K/ and K^, the value of l in Equation 6.4 is set to be 5.

Figure 6.7 and Figure 6.8 show the simulation results where the proposed

flow control scheme is disabled. Figure 6.7(a) and Figure 6.7(b) show the frame size

transmitted at CPE-T1 and that received at CPE-D1, respectively. The CLR (Cell

Loss Rate) defined by the ratio of NT, the total number of cells transmitted, to NLl

the total number of cell lost, can be obtain from Figure 6.8 (a) and Figure 6.8 (b).

The CLR in this case is 0.046 (Afy = 19285, NL — 887). The CLR is clearly less than

5% without using the rate controller, but p^, the normalized network utilization rate,

is as low as 30% which means the bandwidth available to VBR traffic is unused 70%

of the time.

Figure 6.9 and Figure 6.10 show the results for the same statistics as those

of Figure 6.7 and Figure 6.8 when the proposed flow control scheme is used with

(K/, Kd) = (0.2, 0.05). Notice that, with more cells transmitted (and better video

quality) than the case of no feedback, the CLR increases to 0.072 (Afy = 20800, NL =

1488), but pN is improved substantially to 43%. The results under different values of

(Kj. Kq) are listed in Table 6.1. Both CLR and p^ increase as the values of Kj,Kd

increase.

Another opportunity to take advantage of the proposed flow control scheme

and make the most use of available bandwidth is to aggregate more VBR streams. Let

Nvbr denote the number of VCs for video at each CPE. The CLR and pN corresponding

to different value of N^r are shown in Table 6.2. As N„br increases, more bursty video
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(a)

(b)

Figure 6.7: Transmitted and received frame size with no feedback control

(Kj,Kd) CLR Pn

(0.00, 0.00) 0.046 0.301

(0.20, 0.00) 0.073 0.427

(0.20, 0.05) 0.072 0.433

(0.20, 0.15) 0.081 0.456

(0.00, 0.15) 0.053 0.358

(0.10, 0.15) 0.062 0.405

(0.15, 0.15) 0.068 0.418

Table 6.1: CLR and normalized utilization rate under various (K/, K0)
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Figure 6.8: Cumulative number of cells sent and lost with no feedback control
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(a)

(b)

Figure 6.9: Transmitted and received frame size with feedback control
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(b)

Figure 6.10: Cumulative number of cells sent and lost with feedback control
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Nvbr CLR Pn
l 0.072 0.433
2 0.082 0.521
3 0.102 0.604
4 0.167 0.892
5 0.304 0.954

Table 6.2: CLR and normalized utilization rate vs. number of VBR VCs

streams get aggregated on the trunk link. Consequently, both CLR and p^ increase

as predicted.

6.6 Summary

In this chapter, we presented a closed-loop rate-based flow control scheme for

real-time VBR traffic in ATM networks using a methodology based on the classical

PID controller. The primary goal of the flow control scheme is to limit the CLR to an

acceptable range and substantially increase the network utilization rate by adjusting

the sending rate of the video stream at the transmitter dynamically based on the

network condition obtained from the feedback. The simulation results show that the

proposed scheme works quite well.



CHAPTER 7
INTEGRATED SERVICES PROTOCOLS AND TRAFFIC ANALYSIS

The Internet has proven to be the best solution for global sharing of infor¬

mation. Through the Internet, one can access information from world wide web

(WWW) and exchange electronic mail, as well as share applications with others from

any continent on earth. The success of these end-to-end communications is essen¬

tially achieved by two transport layer protocols in the Internet protocol suite, namely,

Transport Control Protocol (TCP) and User Datagram Protocol (UDP), where TCP

provides a connection-oriented, reliable flow between two hosts and UDP provides a

connectionless, unreliable datagram service.

Currently one class of service in the Internet exists normally referred to as

“best effort” whose traffic is characterized by first come first serve scheduling at each

node in the network. Best effort service has worked extremely well for traffic without

time constraint. However, for real-time traffic, such as voice and video, TCP/UDP
has performed well only when networks are underloaded. In order to provide guar¬

anteed quality of service (QoS) for real-time traffic ceaselessly, new classes of service

and new protocols are being introduced on the Internet while retaining the existing

best effort service. Three emerging technologies that will be able to support the

needed Internet multimedia services are “Resource Reservation Protocol (RSVP)”,
“Real-Time Transport Protocol (RTP)”, and “IP Multicast Protocol.”

Network traces have been widely considered as one of the most efficient ways

to study network dynamics, usage characteristics, and growth patterns. They are of

extreme importance to trace-driven simulations for tools like OPNET. In this Chap¬

ter, we describe the three real-time oriented protocols mentioned above in Session 1.

90
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Traffic measurements and analysis based on the traces collected in the Laboratory

for Information Systems and Telecommunications (LIST) is presented in Session 2.

7.1 Protocols for Integrated Services

7.1.1 Resource Reservation Protocol

RSVP is a resource reservation setup protocol designed for an integrated ser¬

vices Internet. The RSVP mechanisms provide a facility to create and maintain a

distributed and dynamic reservation state over a multicast or unicast transmission

path. RSVP also provides many other important features for signalling in the In¬

ternet including receiver oriented reservations, heterogeneous reservations within a

multicast session, and multiple reservation styles. Several of these features directly

impact ATM signalling and IP over ATM signalling, which will be described in more

detail later in this session.

To make a resource reservation at a host with RSVP server installed, the

RSVP server needs to inform two local modules first: Policy Control and Admission

Control as shown in Figure 7.1 [67]. The policy control determines whether the

user has the privilege for reservation, and the admission control decides whether

resources are available for the requested QoS. An error notification will be returned

to the application process if any request fails. The request will be granted only if

both checks get successful. The RSVP server will then continue to set parameters

in a Packet Scheduler and Packet Classifier to acquire the desired QoS. The packet

classifier assigns a QoS class to each packet according to the parameters, and the

packet scheduler maintains the promised QoS for the each stream during packet

transmission.

When the RSVP session is a multicast, RSVP defines merging of reservations

on network links where a single flow is destined to multiple receivers. Just as IP

multicast routing avoids the need to transmit multicast data more than once on a
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Figure 7.1: RSVP Functioning Block Diagrams

single network link, each receiver has no need to make distinct reservations. RSVP

realizes these efficiencies when installing reservations in routers by merging reserva¬

tion requests along the multicast distribution tree to the source. As shown in Fig.

7.2, the reservation for a single receiver does not need to travel to the source of a

multicast tree; rather the reservation travels only until it reaches a reserve branch of

the tree. One can easily show that the reservation overhead is reduced from 0(N2) to

0(N-log(N)), where N is the number of receivers. The reduction becomes significant

when the number of receivers is enormous.

Many of the features of RSVP can be supported at the ATM signalling layer

or by the IP over ATM layer. Local policy at the ingress router will determine which

portions of ATM signalling and which of IP over ATM signalling will be used. It is

desirable to modify ATM signalling for QoS heterogeneity and for QoS renegotiation.

The efforts for modifying ATM signalling to better support RSVP can lead to easier

integration of ATM networks into the Internet. The motivation of ATM signalling

modifications falls into two main areas. First, there is currently no mechanism in
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Figure 7.2: Reservation Merge of RSVP

ATM allowed in a single point to a multipoint Virtual Channel (VC). At a minimum,
the Internet model allows both best effort and QoS service for the same multicast

session, and in general allows each receiver to have a different QoS. Second, RSVP

supports dynamic QoS in reservations, meaning that users may change their QoS at

any time.

7.1.2 Real Time Transport Protocol

Due to its unpredictable delay, TCP, contrasting to UDP, is unsuitable for

applications with real-time characteristics. To use UDP as a transport protocol for

real-time traffic, however, some functionality has to be added. The functionality

that is needed for many real-time applications is incorporated into the Real-time

Transport Protocol (RTP) [68, 69, 70].
The RTP is a protocol providing support for applications with real-time prop¬

erties, including timing reconstruction, loss detection as well as security. RTP helps

ensure reliable, real-time delivery by adding fields containing timestamp and sequence
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number, and these fields can be used by a destination host to reconstruct the tempo¬

ral information of RTP packet streams. In addition, the delivery or data transport is

enhanced by another protocol, RTP Control Protocol (RTCP), designed to provide

minimal control and identification. Since RTCP appears as just another option field

within a RTP packet, RTP can be used without RTCP if desired.

Applications typically run RTP on top of UDP as part of the transport layer

protocol, as shown in Figure 7.7. In practice, RTP is usually implemented within the

application. To set up an RTP session, the application defines a particular pair of

destination transport addresses containing one network address plus a pair of ports

for RTP and RTCP. For example, in a multicast audio/video conference as shown in

Figure 7.5, it is a common situation to have members of the working group join and

leave during the session. It is therefore desirable to know who is participating at any

moment and how well they are receiving the data. For this purpose, each participant

in the conference periodically multicasts a reception report plus the name of its user

on the RTCP port. The reception report indicates how well the current data is being

received and may be used to control adaptive encoding as well as enable a recipient

to select whether or not to receive a particular medium.

Despite that the Internet was its original design target, RTP does not assume

anything about the underlying transport protocol, so it can be used over unicast as

well as multicast. For example, test runs of RTP transmissions over ATM/AAL5 are

in progress in both Internet Engineering Task Force (IETF) and ATM Forum.

7.1.3 IP Multicast Protocol and Multicast Backbone

IP Multicast Protocol facilitates distributed applications to achieve time-

critical communications such as videoconferencing over wide area IP networks [71, 72],
The IP Multicast routers, typically referred to as “mrouters”, take the responsibility

of distributing and replicating multicast data streams to their destinations as opposed
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Figure 7.3: Multicat Backbone (MBone)

to individual IP hosts. The Multicast Backbone (MBone) topology ofmrouters is de¬

signed in such a manner that it facilitates “efficient” distribution of packets without

overloading any node inappropriately.

MBone has grown tremendously since its inception in 1992. MBone is es¬

sentially a virtual network whose multicast services have been currently enjoyed by

thousands of Internet users who participate in conferences in a local or global level.

However, MBone is no longer a simple virtual network sitting on top of the Internet,

but is rapidly being integrated into the Internet itself. MBone is capable of sup¬

porting IP multicast, and the nodes of MBone are linked by virtual point-to-point

links called “tunnels” as shown in Figure 7.3. The tunnel endpoints are typically

workstation-class hosts having operating system support for IP multicast and run¬

ning the “mrouted” multicast routing daemon. These hosts act as routers of multi¬

cast by using a routing protocol called Distance Vector Multicast Routing Protocol

(DVMRP) [73].

Since the first audio conference in 1992 MBone has seen the development

of a wide range of new applications using audio, video, whiteboard, and text as

media. MBone sessions are a combination of these medium. Information about these
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sessions is periodically transmitted across the MBone on a well-known multicast

address. Using the Session DiRectory tool (SDR) as shown in Figure 7.4, MBone

users can obtain a list of advertised sessions, from which one can launch the MBone

tools required to join the sessions as well as create a new session. Examples of the

MBone tools for video stream-VIC and audio stream-VAT are shown in Figure 7.6.

To create a multicast session as shown in Figure 7.5, one must specify valid Class D IP

addresses for its program elements (audio, video, whiteboard and text). Valid Class

D IP addresses range from 224.0.0.0 to 239.255.255.255. In addition to IP addresses,

port numbers should be specified for program elements as well. Port numbers are

used by TCP/IP to identify applications. IP multicast packets are encapsulated for

transmission through tunnels, so that they look like normal unicast datagrams to

intervening routers and subnets. A multicast router that wants to send a multicast

packet across a tunnel will attach another IP header in the prefix of the packet,

and set the destination address in the new header to be the unicast address of the

multicast router at the other end of the tunnel. The multicast router at the other end

of the tunnel receives the packet, strips off the encapsulating IP header, and forwards

the packet as appropriate.

Figure 7.7 shows the positions of various network applications in a TCP/IP

layer structure. These applications are of particular interest to our traffic measure¬

ment of analysis study in the following session.

7.2 Traffic Measurements and Analysis

7.2.1 Network topology and Network tool

The measurement and analysis from network traces has been widely viewed

as one of the most efficient ways to study network dynamics, usage characteristics,

and growth patterns. The measurement in this session was conducted in the Labo¬

ratory for Information Systems and Telecommunications (LIST) at the University of
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Figure 7.4: Session directory (SDR)

Florida, August 1997. The network topology of the LIST_Net is outlined in Figure

7.8. LIST_Net is a 10/100 Base-T Ethernet comprised of two SunSparc Workstations

and more than ten Pentium desktop computers. The two Workstations, “comlabl”

and “robust”, are running SunOS 4.1.3 and Solaris 2.4, respectively, whereas the

desktop computers are running a full range of operation systems including Windows

NT 4.0, Windows Workstation 4.0, Windows 95, and Linux. A “mroute” daemon

is running in “robust” to enable the transmission and reception of MBone sessions.

A software “ICAST” developed by the ICAST Corporation is installed in “gandalf”,

“listl”, and “list4” to facilitate the receptions of MBone sessions on hosts running

Windows 95 or Windows NT.

We used a network tool, “tcpdump”, for data collections in the LIST_Net.

Tcpdump is a tool for network monitoring and data acquisition and was originally

developed by Van Jacobson at Lawrence Berkeley National Laboratory [74] as part

of an ongoing research project to investigate and improve TCP and internet gateway
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Figure 7.8: LIST-NET Topology

performance. Over the past few years, this tool has been steadily improved by the

excellent contributions from the Internet community. With Tcpdump, one can print

out the packets on a network interface in various expressions according to protocols,

port numbers, packet length, and so on. The time resolution of Tcpdump is 1 /¿sec.

7.2.2 Traffic Measurements and Analysis

We monitor and collect the packet flows in the LIST_Net by running Tcpdump

in a Linux host “latchman”. The packets are collected first and then filtered out

according to the algorithm defined in a shell script. The traces represent both LAN

and WAN traffic in a sense that the WAN traffic is corresponding to those packets

destined to or originated from external networks, while the LAN traffic are those

originated from and destined to the LIST_Net. The original trace is further divided

into several groups according to the protocol with which each packet is associated.

The protocols of interest are “IP Multicast” (MBone), “Transport Control Protocol

(TCP),” and “User Datagram Protocol (UDP)”.
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Figure 7.9: Traces in LANs and WANs

Figure 7.9 shows an example of a 200-minute trace, which was collected in the

LIST from 1:00 PM to 4:20 PM, August 25 1997. In this Figure, “MBone” represents

the IP Multicast packets generated from MBone sessions, “TCP” represents TCP

packets in applications such as WWW (HTTP), Telnet, ftp, and e-mail (SMTP),

and “UDP” represents UDP packets in applications such as VIC, VAT, SDR, and

Cu-SeeME. We noticed that both TCP and UDP traces reveal bursty arrival rates,

while the MBone trace remains at a steady level through the end of the run of

Tcpdump.

To compare the traffic characteristics of different protocols, the arrival rate

statistics are summarized in Table 7.1. We use Variance-time Plots (VTP) to esti¬

mate the Hurst parameter, as shown in Figure 7.10. Notice that MBone traffic has

an estimated Hurst parameter equal to 0.5 which implies Short Range Dependence

(SRD), while both TCP and UDP traffic has one in the range of [0.75, 0.90] implying
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Protocol p (packet/sec) a (packet/sec) H

MBONE 29.22 52.10 0.50
TCP 167.78 2457.4 0.78
UDP 24.20 807.81 0.87
ALL 333.82 4239.84 0.81

Table 7.1: Arrival rate statistics
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Long Range Dependence (LRD). In addition, the estimated Hurst parameter for the

overall traffic is 0.81, which implies LRD as well.

Figure 7.11, Figure 7.12, and Figure 7.13 show the Quantile-Quantile plot

(QQ-plot) for MBone, TCP, and UDP traffic, respectively. The purpose of the QQ-

plots here is to determine whether the traces come from a Poisson distribution re¬

gardless of parameter values. If the trace does come from a Poisson distribution, the

plot will be linear. Otherwise, a curvature will be introduced in the plot. It is evident

that both the TCP and UDP traces deviate radically from a Poisson distribution,

while the MBone trace is matched by a Poisson distribution quite well. Figure 7.14
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Figure 7.11: QQ-plot for Mbone traffic

depicts the QQ-plot for the overall traffic and confirms that a Poisson traffic model

is inappropriate for aggregated LAN and WAN traffic. Conventional traffic models

as well as other traffic models suitable for traffic displaying self-similarity and LRD

are discussed in Chapter 3.
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Figure 7.12: QQ-plot for TCP traffic

Figure 7.13: QQ-plot for UDP traffic
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Figure 7.14: QQ-plot for overall traffic



CHAPTER 8
CONCLUSION

8.1 ATM Networks and Self-similarity

Asynchronous Transfer Mode (ATM) has been widely considered to be one

of the most promising solutions for the next generation high speed and multimedia

networks. The anticipation is mainly due to the scalable building blocks it provides

to serve as a stable foundation for evolving public and private networks. ATM is

designed to handle many kinds of information including voice, data, image and video

in an integrated manner, and is expected to support applications with diverse traffic

characteristics and quality of service (QoS) requirements

The discovery of self-similar behaviors in Local Area Networks (LANs) and

Wide Area Networks (WANs) is one the most remarkable milestones in the study of

communication networks of late. To facilitate the design and optimal performance

of functional ATM networks, two key issues are addressed in this Ph.D. research,

namely an appropriate characterization and modeling of ATM traffic, and effective

congestion management schemes suitable for the self-similar or fractal-like traffic ex¬

pected on ATM networks. To study network dynamics and real traffic characteristics,

we conducted traffic measurements and analysis based on empirical traces collected

in the Laboratory for the Information Systems and Telecommunications (LIST). We

found that the traces displayed self-similar characteristics. In addition, the simula¬

tion results in our research confirmed that the traffic in LAN/WANs and the traffic

generated by VBR service in ATM networks are more appropriately modeled by pro¬

cesses based on self-similar instead of traditional Poisson-based processes. In other
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words, the flow control schemes which use Poisson-based traffic models resulted in

an overestimation of their performance.

8.2 Preventive Flow Control

Preventive flow control generally involves the following two procedures: call

admission control (CAC) and bandwidth enforcement. Since ATM is a connection-

oriented, a call setup procedure has to be carried out before a user starts transmitting

over an ATM networks. The main objective of this procedure was to establish a path

between the sender and the receiver. In addition, it also allocated resources in every

switch along the path to accepted connections. In short, CAC dealt with the question

whether or not a switch can accept a new connection.

For generic self-similar traffic, particularly multimedia traffic in ATM net¬

works, we proposed a preventive flow control scheme using a Connection Admission

Control (CAC). This CAC takes into account the Hurst parameter of incoming traffic

sources. To facilitate the CAC, we derived the cell loss probability for a queueing

system with an fGn arrival process. The CAC was then implemented based on an

upper bound of this cell loss probability. The numerical results showed that with the

proposed CAC, more connections can be accepted into the networks than with peak

rate allocation CAC. The simulations also indicate that the QoS is ensured with the

proposed CAC.

8.3 Feedback Flow Control

In communication networks with large delay-bandwidth product, congestion

could happen over shorter time scales than those at which end-to-end protocols such

as congestion control schemes typically operate. In such cases, the congestion can

dissipate rapidly before congestion feedback information returns to the source. Net¬

work designers, therefore, face a challenge. The bursty and cyclic nature of Variable

Bit Rate (VBR) traffic creates another issue for transmission in ATM networks. To
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reach the dual goals of keeping cell loss rate low and network utilization high, we

proposed an adaptive rate-based flow control scheme for real-time VBR traffic in

ATM networks. In other words, the goal of the scheme was to minimize the impact

of traffic overload in order to limit the cell loss rate to an acceptable range and also

increase the network utilization.

The proposed flow control scheme was based on predicting the evolution of

buffer occupancy over time using a Proportional-plus-Integral-plus-Derivative (PID)

controller and a linear predictor to adaptively update the optimum data emission

rate at the transmitter. The adaptive policy attempts to keep the buffer occupancy

for each virtual channel at a steady level and the simulation results showed that the

proposed scheme worked effectively against network congestion. In addition to the

design of the new flow control scheme, we also developed a hierarchically structured

testbed to measure network performance and explore various flow control schemes in

ATM networks with diverse classes of incoming traffic.

8.4 Future Work

Future directions regarding this work are summarized as follows:

• Traffic characterization:

The traces collected in the LIST represent typical network behaviors in a small

workgroup environment. The study of traffic characteristics in a larger environ¬

ment such as Department or Campus will be beneficial to the design of ATM

switches and flow control schemes in the backbone of wide area networks.

• Preventive flow control scheme:

In the proposed CAC, each source has to submit the traffic parameters including

H, a2, H, and desired Cell Loss Ratio e. This CAC is, therefore, better suited

for applications such as Video on Demand (VOD). On the other hand, for the

CAC to be able to support real-time traffic, these parameters must be computed
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on the fly. It poses a challenge especially for estimating the Hurst parameter

which requires longer time interval to obtain more accurate estimation.

• Feedback flow control scheme:

It is well-known that an Integral controller is usually used in conjuction with

a Proportional controller to reduce the steady-state error, and a Derivative

controller is often added to a PI controller to increase the system stability. It

is, therefore, desirable to study and verify the system behaviors of the proposed

feedback flow control scheme in terms of relative stability and steady-state

accuracy corresponding to different parameters. To improve the performance

of the flow control scheme, other sophisticated control designs such as Model

based Predictive Control (MPC), and predictors based on AR model or fuzzy

logic can be used at the expense of complexity. Of particular note is the fact

that both effectiveness and simplicity are key requirements of a flow control

scheme, so the trade-offs are worth further investigation.



APPENDIX A
SCRIPTS FOR GENERATING SELF-SIMILAR TRAFFIC

A.l Random Mid-point Displacement Algorithm

7. Random Midpint Displacement Algorithm

% x: intended Hurst parameter

7, y: number of point to generate

function [a,b,t.scale]=brown(x,y)

h=x;

maxlevel=floor(log(y)/log(2)) ;

start=l;

length=2~maxlevel+l;

t=l/sqrt(1—2“(2*h-2));

a=zeros(length,1);

b=zeros(length,1);

scale=zeros(maxlevel,1) ;

“/.scale factor

7.

for i= l:maxlevel,

scale(i)=t*0.5~(h*(i—1));

end

“/.subdivisión

a(1ength)=randn;

b(length)=a(length);

level=l;
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while level <= maxlevel,

for i=l:2~(level-1),

start=l+2~(maxlevel-level+l)*(i-l);

finish=start+2~(maxlevel-level+1);

mid = floor((finish+start)/2.0);

b(mid)=randn;

temp=b(mid)*scale(level);

a(mid)=(a(start)+a(finish))/2.0+temp;

end

level=level+l;

end

% end of RMD Algorithm

A.2 Power Spectrum Density Approximation

*/. Fast Approximation of Self-similar sample using FFT

•/. develop by Vern Paxson

% h: intended Hurst parameter

'/. n: number of point to be generated

function [x]=ssp(h,n)

n=n/2;

lamda=(l:n)*pi/n;

psd=psd_fgn(h,lamda);

r=rand(l,n);

rexp=-log(l-r);

fpsd=psd.*rexp(1,n);

phase=2*pi*rand(l,n);

z=sqrt(psd).*(cos(phase)+j*sin(phase));

z(n)=abs(z(n));
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zmirr=conj(fliplr(z));

zexpand=[0 z zmirr(2:n)];

x=real(ifft(zexpand));

plot(x);

ra

function [psd]=psd_fgn(h,lamda)

n=size(lamda);

d=-2*h-l;

dprime=-2*h;

A=2*sin(pi*h)*gamma(-d)*(ones(l ,n)-cos(lamda));

al=2*pi*ones(1,n)+lamda;

bl=2*pi*ones(l,n)-lamda;

a2=2*2*pi*ones(1,n)+lamda;

b2=2*2*pi*ones(1 ,n)-lamda;

a3=2*3*pi*ones(1,n)+lamda;

b3=2*3*pi*ones(1,n)-lamda;

a4=2*4*pi*ones(1,n)+lamda;

b4=2*4*pi*ones(1,n)-lamda;

B=al.~d+bl.~d+a2.~d+b2.~d+a3.“d+b3.~d+...

(a3.~dprime + b3.~dprime + a4.~dprime + b4.~dprime)/8/pi/h;

psd=A.*[(abs(lamda)).~d+B];

°/„ end of PSD approximation



APPENDIX B
SCRIPTS FOR ESTIMATING HURST PARAMETER

B.l Variance Time Plot Algorithm

°L Hurst parameter Estimator by VTP

% x: self-simialr sequence

°/, h: target husrt parameter

function [vtp]=vtp(h,x)

n=size(x,2);

vari(l)=cov(x);

r=3;

inc=.141421;

for i=inc:inc:r,

m=round(10~i);

na=floor(n/m);

xa=reshape(x(l:m*na),m,na);

xa=sum(xa)/m;

vari(i/inc+l)=cov(xa);

end

vtp=loglO(vari./vari(l)) ;

figure(2);

hold on

plot(0:inc:r, vtp, ’o’);

hold on

plot(0:r, -(2-2*h)*(0:r));
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7ohold on

axis([0 r -1 0]);

title(’Variance-Time Plot’)

ylabel(’loglO (Normalized Variance)’)

xlabeK’loglO (Aggregation Level (m) )’)

% end of VTP Algorithm

B.2 Rescaled Adjustment Algorithm

7. Hurst parameter Estimator by RS

7. x: self-simialr sequence

7, h: target husrt parameter

function [rs, n]=rs(x,h)

na=max(size(x));

s=zeros(1000,1);

ni=inc;

j=i;

s(1)=1;

while s(j)<na,

j=j+i;

s(j)=l+(j-l)*ni;

end

count=j-l;

rs=zeros(count, 1);

w=zeros(count, 1) ;

for i=l:count,

for k=s(i):na,

w(k)=(sum(x(l:k)))-k*mean(x(l:s(i)));

end
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rs(i)=(max(0,max(w))-min(0,min(w)))/var(x(s(i):na));

end

rs=log(rs);

n=log(s(1:count));

plot(n,rs,’+’)

1 end of RS Algorithm
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