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Abstract

PERFORMANCE ANALYSIS OF A MULTISERVER
DISCRETE-TIME QUEUEING SYSTEM WITH
CORRELATED BATCH ARRIVALS FOR
ATM BASED B-ISDN

by

Arshad Hussain

Advisor: Professor Mohamed A. Ali

Most queueing analyses performed in literature are based on characterizations of
queueing phenomena in continuous-time terms. Recently in telecommunication
industries, Broadband Integrated Services Digital Network (B-ISDN) has received
considerable attention for its capability of providing a common interface for future
communication needs including video, data and voice. Since information in B-ISDN is
transported by means of discrete units of 53-octets Asynchronous Transfer Mode (ATM)

cells, interests in discrete-time systems have increased.

This research dissertation presents general discrete-time analytical models for the
characterization of the queueing performance of an ATM network in terms of the overall
performance characteristics such as buffer occupancy (in cells), jitter distribution and its
impact from spatial correlation of the mono- media streams. Multistream arrivals within
the same time slot are assumed to be genefally correlated batch processes, but batches are

independent from slot to slot. Traffic generated from mono-media sources in a multi-
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media session, such as voice and video, are of a stream type, and tend to be correlated.
Lack of independence among mono-media sources in a multi-media environment, and the
related temporal characteristics embedded in the behavior of mono-media sources,
introduce cross-correlation among various mono-media streams. These correlations if not
properly taken into account, as this dissertation shows, can impact network performance,

such as jitter and synchronization.

The main characteristics of the present treatment lies in introducing two critical new
features crucial for the accurate assessment of the queueing performance of an ATM
network with multi-media traffic bandling capabilities. First, unlike most of the
conventional analysis which assume a 1-D known arrival process, e.g., MMPP, BMAP,
DBMAP, etc., this dissertation presents 2-D general independentl (GI) arrival process
models. Second, the model assumes multiple correlated batches of information units ,
arriving in the same time slot, enter multiple queues with multiple servers. The media
servers are of different types, such as audio server, and video server. Specifically, spatial
correlations present in multi-media traffic are taken into account and numerical examples
showing the overall performance of the proposed queueing model are presented. These
results are then compared with that of the conventional single queue models, i.e., GI-D-c.
This dissertation has established the fact that GI-D-c model and the like under or
overestimate the average system contents depending on the degree of correlation among

the mono-media streams and the server configurations.

' The numbers of messages entering the system during the consecutive time-slots are assumed to be
independent and identically distributed (i.i.d) non-negative discrete random variables with an arbitrary
(general) probability distribution.
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Several experimental measurements in multi-media videoteleconference sessions are
performed to explore and characterize the spatial correlations among mono-media
sources. All experiments were performed in a Local Area Network (LAN) employing
CSMA/CD. In all the experiments described in this dissertation, such correlations are
demonstrated. It is envisioned that such correlations would also exist in Wide Are
Networks (WAN) such as B-ISDN/ATM. Conclusions are reached regarding the
influence of spatial correlation on ATM network performance by employing the

experimental data into the proposed two-queue analytical model.
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Chapter 1

Introduction

1.1 Introduction

Asynchronous Transfer Mode (ATM) is emerging as the technology of choice for future
Broadband Integrated Services Digital Network (B-ISDN). These B-ISDN networks are
either synchronous transfer mode (STM) or asynchronous transfer mode (ATM), to
handle both constant and variable bit-rate traffic applications. STM provides fixed
bandwidth channels, and therefore is not flexible enough to handle the different types of
traffic typical in multimedia applications. On the other hand, ATM is suitable for
multimedia traffic, since it provides great flexibility in bandwidth allocation by assigning
fixed length packets, called cells, to virtual connection. ATM can also increase the
bandwidth efficiency by buffering and statistically multiplexing bursty traffic at the
expense of cell delay and loss. The defining characteristics of this technology lies in its
cell-based structure that allows ATM to carry voice, video and data in the same transport
and switching equipment. An ATM network may be viewed as a collection of network
nodes connected by a set of transmission links, whereby the Store-and- forward principle

is used to transmit ATM cells from a source to a destination.

Multimedia systems combine a variety of mono-media sources, such as, data, voice,

audio, graphics, animation, images, and full motion video, into a wide range of
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applications. Traffic generated from mono-media sources in a multimedia session, such
as voice and video, are of a stream type, and tend to be correlated. Lack of independence
among mono-media sources in a multimedia environment, and the related temporal
characteristics embedded in the behavior of mono-media sources, introduce cross-
correlation among various mono-media streams. These correlation if not properly taken
into account, as this paper will show, can impact network performance, such as jitter and
synchronization. For instance, packets (such as ATM cells) that are generated from voice
and video in a teleconference environment are generally bursty in nature and cross-
correlation among batches of voice and video, if not properly taken into account, may

result in network’s performance degradation.

Several attempts have been made to characterize the queueing performance of ATM
networks transporting multimedia traffic [2], [44], [45], and [S1]. The difficulty with
analytical modeling of multimedia sources and their &eatment over an ATM network is
that the traffic behavior is not known as well as that of a mono-media source. Most of
these analyses have assumed a known arrival process, e.g., semi- Markov arrival process
and bursty model [43], and Point Process [44], to represent each of the many mono-media
sources and the corresponding multi-media aggregate. The main problem associated with
these approaches is that the assumed process cannot capture the source characteristics and
therefore multimedia traffic is treated as independent for the most part. These correlations
if not properly taken into account, as this dissertation shows, can impact/deteriorate the

network performance. The penalty is in terms of jitter and loss of synchronization.
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1.2 Thesis Objectives

This thesis seeks to develop novel multimedia traffic models for the characterization of
the queueing performance of an ATM network in terms of the overall performance
characteristics, such as, buffer occupancy (in cells), cell delays, and jitter behavior. The
main characteristics of the present treatment lies in introducing two critical new features
crucial for the accurate assessment of the queueing performance of an ATM network with
multi-media traffic handling capabilities. First, unlike most of the conventional analysis
which assume a 1-D known arrival process [43]-[45], this thesis presents 2-D general
independent' (GI) arrival process models. Second, unlike most of the conventional
analysis which have always assumed a single queue for all the incoming multi-media
traffic, this thesis assumes a separate queue for each type of mono-media traffic
comprising the multi-media traffic aggregate. Specifically, considering the problem in the
context of discrete-time queueing models, and without lack of generality, we assume a
multi-media session consisting of two mono-media correlated sources (voice and video),
where each stream consists of independent batches. The media servers are of different

types. such as audio server, and video server.

We consider two queueing approaches. In the first approach we assumes multiple queues
with separate group of servers. In this model we assume that the two mono-media streams

are transmitted in parallel and join two separate queues at the multiplexer or switching

' The numbers of messages entering the system during the consecutive time-slots are assumed to be
independent and identically distributed (i.i.d) non-negative discrete random variables with an arbitrary
(general) probability distribution.
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nodes in the ATM network. C, servers in parallel serve each queue, where "i" is the
mono-media source index within the multi-media session. In the second approach we
consider a single queue with a group of servers. Here it is assumed that the multi-media
source traffic over an ATM network is transmitted in a single high speed channel and
handled at the multiplexer / switch using a single queue with a group of (parallel) servers,
e.g., GI-D-c [43]. Several numerical examples illustrating the main features and the
overall performance analysis of our proposed model are presented. These results are then

compared with that of the conventional analysis results.

These objectives are carried out in two phases. First, the intuition that mono-media traffic
comprising a multi-media session are correlated, is experimentally substantiated under
different temporal conditions for a given LAN architecture with video-teleconferencing
sessions. Specifically, we explore and characterize the correlation among audio and video
streams, within a given time slot, in a real-time video-conferencing session. Second, the
measured data of the experimental phase are used to calculate the spatial correlations
among mono-media streams and the joint probability density functions (pdf). It is
important to emphasize that even though the measurements and computation of spatial
correlation are carried out in an Ethernet LAN environment, it is envisioned that such
correlations would also exist in Wide Area Networks (WAN) such as B-ISDN/ATM and

multi-media wireless systems.
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Chapter 2

ATM and the Future of Multi-media

Standardization work on the Broadband ISDN (B-ISDN) has been underway within the
CCITT SG XVIII now ITU-T SG13), and the basic recommendations are now complete.
This section will examine the technical developments behind the CCITT
Recommendations, focusing on basic principles of ATM, B-ISDN services and the

network as seen from the user's point of view.

2.1 What is ATM?

In ATM, all types of information are segmented and input to information fields of short
blocks called cells as shown in Figures (2.1-2.2). These cells are transferred with a header
containing the destination address and other information. ITU-T specifies a cell
configuration with a 5-octet (1 octet = 8 bits) header length and a 48-octet information
field length.

The types of information to be handled by the communications networks can be roughly
classified into two categories. The first type is handled as constant generation of
information such as telephone communications, while the second type is generated as
burst (packet) information, such as PC communications. ATM can accommodate both

constant and burst information by means of cell-based transfer techniques.
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In the case of constant data, cells are assigned at certain cycles, while for burst data cells
are assigned every time information is generated. One of the features of ATM is that it
maintains both the real-time data transfer characteristics of circuit switching and the
flexible speed assignment of packet switching. This is achieved by dividing all of the
information into very small cell units and transferring and switching these units at super-
high speed. Thus, ATM can be considered to be a method in which circuit switching and
packet switching are integrated. With ATM, any type of information can be transferred
and switched in real time or non-real time at either fixed or variable speed, according to
the characteristics of the constant or burst data sources. Therefore, it can handle various
information transfer patterns, and offers high flexibility with regard to changes that may
take place in communications of the future. Information from several terminals can be
multiplexed to a single ATM line, allowing an efficient network to be realized by
utilizing the maximum transfer capacity of the line.

In ATM, cells are multiplexed on a single ATM line from several terminals, as shown in
Figure (2.3). To identify the cells representing the same communications, Virtual Channel
Identifiers (VClIs) contained in the headers are used. VCIs are defined on a link-by-link
basis between terminal and switching system, and between switching systems. In addition
to switching cells from an input link to an output link, an ATM switching system also

changes the values of VClIs.

2.2 Background and Objectives of the B-ISDN
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As opposed to the B-ISDN, the present ISDN networks are referred to as Narrowband
ISDN (N-ISDN). In the N-ISDN, the rates of information transfer speeds are based on the
basic rate of 64kbit/s, ranging up to 1536/1920kbit/s. In the B-ISDN, the maximum
transfer rates will be two orders of magnitude higher, at 155.52Mbit/s or 622.08Mbit/s.
The reason why these transfer rates are needed is that business communications and
office automation through workstations and LANs is expected to make severe demands
on the communications network. In particular, the B-ISDN with its ATM technology will
be an efficient way to implement multimedia communications, with video information
added to the conventional voice and data information. Also in the background is recent
progress in optical technology.

It is now possible to construct high-quality, low-cost communication channels directly to
the user's home or workplace, raising the possibility of B-ISDN services such as High
Definition Television (HDTV) broadcasting offered at 155.52/622.08Mbit/s. These
developments in very-high-speed switching are due to progress in optical-fiber, high-
integration LSI and ATM switching technology. The B-ISDN will offer many benefits to
both user and carrier. For the user, it will answer the need for faster and more varied
kinds of communications services. For the carrier, it will be flexible enough to cope

economically with unforeseen developments in future communications networks. .

2.3 Types of Communications Services
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In addition to all of the services offered by conventional telephone and packet switched
networks, the N-ISDN offers digital switching at speeds ranging from 64kbit/s to
1536/1920kbit/s. In the same way, the B-ISDN will offer all of the services provided by
the N-ISDN, in addition to high-speed broadband services.

B-ISDN services will be available in two broad categories, interactive and distribution.
The following offers some examples of services that could be provided under these
categories.

Interactive Services: Interactive services feature bi-directional communications
between terminals. Communications can be simultaneous, as in telephone conversations,
monitoring by remote cameras or TV conferences, or non simultaneous, as in the case of
store-and forward message transfer services or database retrieval services.

Distribution Services: Distribution services refer to television broadcasting and
other kinds of services in which information is passed from a provider to an indeterminate

number of recipients.

2.4 Characteristics of B-ISDN Services

As related above, the B-ISDN can offer a wider variety of services than conventional
communications networks. But another of its outstanding characteristics is a new

approach to transmission speeds, multi-media communications and quality control.
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9
Transmission Speeds: Transmissions over the B-ISDN can be conducted using
either a Constant Bit Rate (CBR) or a Variable Bit Rate (VBR). CBR services are
provided at a fixed transmission speed. Within the B-ISDN, for example, the 64kbit/s to
1536/1920kbit/s services offered by the N-ISDN will be provided under this category. But
thanks to ATM technology, the B-ISDN will also be able to offer Variable Bit Rate
services for cases in which the amount of information to be transmitted is not constant. In
video conference, for example, the amount of information varies depending on the

amount of movement within the pictures.

2.5 Service Categories and Example B-ISDN Services

Multimedia Communications: The N-ISDN has provided a new framework for
research into a variety of integrated, multimedia services. The B-ISDN will inherit the
results of this research, and develop them further in the direction of distribution and
variable-speed applications. As the cost of ISDN terminals falls. entirely new ways of
using the network are expected to emerge. In order to support these new services, the B-
ISDN will support functions such as the establishment of multiple media, and the
addition or deletion of new media during a communications session.

Service Quality: The quality demand of communications varies according to the type
of application. In a telephone conversation, for example, the transmission must be carried

out in real time. In data communications, on the other hand, the paramount consideration
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is the elimination of transmission errors. In the past, telecommunications networks have
been designed to assure one of these parameter sets. But the B-ISDN will be able to
handle different parameter sets.

Using a single network based on the ATM technology, it will be possible to offer a
variety of communication speeds and fixed or variable bit rates for a variety of media,
with the right kind of communications quality for every application, and even different bit
error requirements for low-speed and high-speed applications.

For this reason, the B-ISDN does not make fixed assumptions about service quality.
Instead, it allows the terminal to request a certain kind of quality. For example, one
method would be to combine a certain set of quality parameters and offer this set as a
service class. During the call establishment phase, the terminal could examine a menu of
available classes and choose the one most suited for the application. A good deal of work

remains to be done on the formulation of service classes and quality negotiation
procedures between the terminal and network, but this flexibility will make it easier to

obtain the maximum benefits from B-ISDN communications.

2.6 Outline of the B-ISDN Protocols

Communications within the B-ISDN are regulated by protocols for transmission,
reception and communications between terminals and the network. Figure (2.4) shows the

B-ISDN protocols reference model for each layer of the B-ISDN.
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Connections between terminals and switches, or between the different switches in the
network, are achieved via the Physical Layer. Physical connections will be made over
optical fibers, but during the introductory stage use will also be made of existing coaxial
cables.

Above the Physical Layer is the ATM Layer, which executes the transmission and
exchange of user information. In the ATM Layer, all information is converted into blocks
of 53 octets, called cells. For continuously generated information, cells are allocated over
a fixed period, while for information that comes in bursts the cells will be allocated
whenever they are needed.

The ATM Layer carries out the processing and exchange of cell for all types of
communications, but for some applications it will be necessary to use another layer,
called the ATM Adaptation Layer (AAL). An AAL can be designed with functions to
handle each kind of message or media supported by the network. In the case of voice
communications, for example, the call originating side will detect talking periods and
assemble cells, while the receiving side will convert the cells back into voice information.
An important characteristic of the B-ISDN is that the network does not request
retransmission of cells. If an error is detected, the cell is simply discarded. This method
makes it possible to achieve very high transmission rates with little degradation, thanks to
the high quality of recent optical-fiber technology. On the other hand, however, the AAL
must be able to compensate for not-received cells or erroneous cells. One very simple
way to compensate would be to simply use previously received information. But as

pointed out above, different applications require different types of communications
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quality. One aspect of the interface which should be understood is the relation to the
Synchrbnous Optical Network (SONET) or Synchronous Digital Hierarchy (SDH). The
SONET is a standard technology for multiplexing existing digital PCM channels, in order
to serve the Network Node Interface (NNI). A SONET STS-1 frame is organized as a
two-dimensional structure comprising of 9 (rows) by 90 (columns). The signal rate can be

given as follows:

810 Y, 80002T9™MES 8 21 _ 5184 Mpps
frame second  byte

The derivation given above can be applied to any signal, for example, an STS-12 signal,
there are 1080 (12x90) columns. One can easily obtain the STS-12 signal rate from

12x90x0.576 Mbps, or 622.08 Mbps. In other words, SONET signals are modular.

2.7 SONET/SDH

SONET (Synchronous Optical Network) is an optical transmission interface originally
proposed by Bellcore and standardized by ANSI. A compatible version, referred to as
synchronous digital hierarchy (SDH), has been published by CCITT in Recommendations
G.707, G.708, and G.709*. SONET is intended to provide a specification for taking

advantage of the high-speed digital transmission capability of optical fiber.

The SONET standard addresses the following specific issues [76]:

* In what follows, we will use the term SONET to refer to both specifications. Where differences exist,
these will be addressed.
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1. Establishes a standard multiplexing format using any number of 51.84-Mbps
signals as building blocks. Because each building block can carry a DS3
signal, a standard rate defined for any high-bandwidth transmission system that

might be developed.

2. Establishes an optical signal standard for interconnecting equipment from

different suppliers.

3. Establishes extensive operations, administration, and maintenance (OAM)

capabilities as part of the standard.

4. Defines a synchronous multiplexing format for carrying lower-level digital
signals (DS1, DS2, CCITT standards). The synchronous structure greatly
simplifies the interface to digital switches, digital cross-connect switches, and

add-drop mulrtiplexers.

5. Establishes a flexible archtiecture capable of accomodating future applications

such as broad ISDN with a variety of transmission rates.

Three key requirements have driven the development of SONET. First was the need to
push multiplexing standards beyond the existing DS-3 (44.736-Mbps) level. With the
increasing use of optical transmission systems, a number of vendors have introduced their
own proprietary schemes of combining DS-3s into an optical signal, for details please
refer to Tables (2.1) & (2.2). In addition, the European schemes, based on the CCITT

hierarchy, are incompatible with North American schemes. SONET provides a

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



14

standardized hierarchy of multiplexed digital transmission rates that accommodates

existing North American and CCITT rates.

A second requirement was to provide economic access to small amounts of traffic within
the bulk payload of an optical signal. For this purpose, SONET introduces a new

approach to time-division multiplexing.

A third requirement is to prepare for future sophisticated service offerings, such as virtual
private networking, time-of-day bandwidth allocation, and support of the broadband
ISDN ATM transmission technique. To meet this requirement, a major increase in
network management capabilities within the synchronous time-division signal was

needed.
2.7.1 Signal Hierarchy

The SONET specification defines a hierarchy of standardized digital data rates (Table
2.1). The lowest level, referred to as STS-1 (synchronous transport signal level 1), is
51.84 Mbps. This rate can can be used to carry a single DS-3 signal or a group of lower

rate signals, such as DS1, DSl¢, DS2, plus CCITT rates (e.g., 2.048 Mbps).

Multiple STS-1 signals can be combined to form an STS-N signal. The signal is created

by interleaving bytes from N STS-1 signals that are mutually synchronized.

For the CCITT synchronous digital hierarchy, the lowest rate is 155.52 Mbps, which is

designated STM-1. This corresponds to SONET STS-3. The reason for the discrepancy is
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that STM-1 is the lowest signal that can accommodate a CCITT level 4 signal (139.264

Mbps).
2.7.2 System Hierarchy
SONET capabilities have been mapped into a four-layer hierarchy Figure (2.5):

® Photonic: This is the physical layer. It includes a specification of the type of
optical fiber that may be used and details such as the required minimum poers and
dispersion characteristics of the transmitting lasers and the required sensitivity of

the receivers.

® Section: This layer creates the basic SONET frames, converts electronic signals to

photonic ones, and has some monitoring capabilities.

® Line: This layer is responsible for synchronization, multiplexing of data onto

SONET frames, protection and maintenance functions, and switching.

® Path: This layer is responsible for end-to-end transport of data at the appropriate

signaling speed.

Figure (2.6) shows the physical realization of the logical layers. A section is the basic
physical building block and represents a single run of optical cable between two optical
fiber transmitter/receivers. For shorter runs, the cable may run directly between two end

units. For longer distances, regenerating repeaters are needed. The repeater is a simple
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device that accepts a digital stream of data on one side and regenerates and repeats each
bit out of the other side. Issues of synchronization and timing need to be addressed. A line
is a sequence of one or more sections such that the internal signal or channel structure of
the signal remains constant. Endpoints and intermediate switches/multiplexers that may
add or drop channels terminate a line. Finally, a path connects to end terminals; it
corresponds to an end-to-end circuit. Data are assembled at the beginning of a path and

are not accessed or modified until they are disassembled at the other end of the path.
2.7.3 Pointer Adjustment

In conventional circuit-switched networks, most multiplexers and telephone company
channel banks require the demultiplexing and remultiplexing of the entire signal just to
access a piece of information that is addressed to a node. For example, consider that T-1
multiplexer B receives data on a single T-1 circuit from T-1 multiplexer A and passes the
data on to multplexer C. In the signal receive, a single DSO channel (64 kbps) is
addressed to node B. The rest will pass on to node C and further on into the network. To
remove that single DSO channel, B must demultiplex every bit of the 1.544 Mbps signal,
remove the data, and remultiplex every bit. A few proprietary T-1 multiplexers allow for
add-drop capability, meaning that only part of the signal has to be demultiplexed and

remultiplexed, but this equipment will not communicate with that of the other vendors.

SONET offers a standard add-drop capability, and it applies not just to 64-kbps channels
but to higher data rates as well. SONET makes use of a set of pointers that locate

channels within a payload and the entire payload within a frame, so tha tinformation can
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be accessed, inserted, and removed with a simple adjustment of pointers. Pointer
information is contained in the path overhead that refers to the multiplex structure of the
channels contained within the payload. A pointer in the line overhead serves a similar

function for the entire payload.
2.8 Transmission of ATM Cells

The B-ISDN specifies that ATM cells are to be transmitted at a rate of 155.52-Mbps or
622.08-Mbps. As with ISDN, we need to specify the transmission structure that will be
used to carry this payload. For 622.08-Mbps, the matter has been left for further study.
For the 155.52-Mbps interface, two approaches are defined in .413: a cell-based physical

layer and an SDH-based physical layer.
2.8.1 Cell-based Physical Layer

For the cell-based physical layer, no framing is imposed. The interface structure structure
consists of a continuous stream of 53-octect cells (Figure 2.1). Since there is no external
frame imposed in the cell-based approach, some form of synchronization is needed.
Synchronization is achieved on the basis of the header error check (HEC) field in the cell

header. The procedure is as follows Figure 2.6:

1. In the HUNT state, a cell-delineation algorithm is performed bit by bit to

determine if the HEC coding law is observed (i.e., match between received HEC
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and calculated HEC). Once a match is achieved, it is assumed that one header

has been found, and the method enters the PRESYNCH state.

2. In the PRESYNCH state, a cell structure is now assumed. The cell delineation
algorithm is performed cell by cell until the encoding law has been confirmed

delta times consecutively.

3. In the SYNCH state, the HEC is used for error detection and correction. Cell
delineation is assumed to be lost if the HEC coding law is recognized as

incorrect alpha times consecutively.

Finally, ATM cells are used to convey operations, administration, and maintenance
(OAM) information. A virtual-path identifier of 0 and a virtual-channel identifier of 9

identifies OAM cells.

The advantage of cell-based transmission scheme is the simplified interface that results

when both transmission and transfer mode functions are based on a common structure.
2.8.2 SDH-based Physical Layer

For the SDH-based physical layer, framing is imposed using the STM-1 (STS-3) frame.
Figure 2.7 shows the payload portion of an STM-1 frame. This payload may be offset
from the beginning of the frame, as indicated by the pointer in the section overhead of the

frame. As can be seen, the payload consists of a 9-octet path overhead portion and the
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remainder, which contains ATM cells. Since the payload capacity (2,340 octets) is not an

integer multiple of the cell length (53 octets), a cell may cross a payload boundary.

The H4 octet in the path overhead is set at the sending side to indicate the next
occurrence of a cell boundary. That is, the value in the H4 field indicates the number of
octets to the first cell boundary following the H4 octet. The permissible range of values is

0to 52.

The advantages of SDH-based approach include [77]-[78]:

® it can be used to carry either ATM-based or STM-based (synchronous transfer
mode) payloads, making it possible to initially deploy a high-capacity fiber-based
transmission infrastructure for a variety of circuit-switched and dedicated

applications and then to readily migrate to the support of B-ISDN.

® Some specific connection can be circuit-switched using an SDH channel. For
example, a connection carrying constant-bit-rate video traffic can be mapped into
its own exclusive payload envelope of the STM-1 signal, which can be circuit

switched. This may be more efficient than ATM switching.

® Using SDH synchronous multiplexing techniques, several ATM streams can be
combined to build interfaces with higher bit rates than those supported by the
ATM layer at a particular site. For example, four separate ATM streams, each

with a bit rate of 155-Mbps (STM-1), can be combined to build a 622-Mbps
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(STM-4) interface. This arrangement may be more cost-effective than one using

a single 622-Mbps ATM streams.
2.9 Multi-media systems

Several definitions for the terms multi-media application and muiti-media system are
described in the literature. Three criteria for the classification of a system as a multi-
media system can be distinguished: the number of media, the types of supported media,

and the degree of media integration [1].

The most simple criterion is the number of media used in an application. Using only this
criterion, even a document processing application that supports text and graphics can be

regarded as a multi-media system [33].

The types of supported media are an additional criterion [1]. In this case, we distinguish
between time-dependent and time-independent media. A time-independent media object
is usually presented using one presentation unit. An example is a bitmap graphic. Time-
dependent objects are presented by a sequence of presentation units. An example is a
motion picture sequence without audio (i.e., a video sequence) presented frame after
frame. Because the integration of time-dependent media objects is a new and essential
aspect in information processing, some authors define a multi-media system as a system
that supports the processing of more than one medium with at least one time-dependent

medium [1].
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The degree of media integration is the third criterion [1]. In this case, integration means

that the different types of media remain independent but can be processed and presented

together.

Combining all three criteria, we propose the following definition of a multi-media
system: a system or application that supports the integrated processing of several media

types with at least one time-dependent medium [1].
2.10 ATM and the Future of Digital Video

One clear advantage of ATM is its ability to support video, voice, and data
simultaneously’. As ATM deploymeﬁt begins, however, ATM and existing networks, i.e.,
Ethernet, Token Ring, and circuit-switched WANSs such as T1 and Integrated Services
Digital Network (ISDN), will coexist for many years. To fully take advantage of ATM
and existing networks, video applications must therefore interoperate over these network

types, and these networks must interoperate with each other.

There are numerous considerations and tradeoffs to consider when developing an
infrastructure for video applications, and no two networks will be identical. However, in
the emerging milieu of hybrid shared LAN, switched LAN, and WAN networks, many of
which will include ATM and other technologies, there are guidelines to follow in the

creation and deployment of these networks. Moreover, the addition of ATM as a common

’ ATM has the capability to support any traffic type that has been adapted to it with the appropriate
ATM Adaptation Layer (AAL). All of these ceils of various traffic types are switched along virtual
connections through an ATM network.
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video, voice, and data transport mechanism that transparently spans the LAN and the

WAN creates additional options.

From the network perspective, video applications fall into one of the three areas:

e Packetized video, which runs over traditional LANs at the MAC (Medium Access
Control; e.g., Ethernet) or network (e.g., IP) layers, and that will therefore be
transported into ATM networks through LAN emulation, layer 3encapsulation, or
multiprotocol over ATM (MPOA). These applications will use LAN switches,
routers, and ATM switches, such as LightStream® ATM switches, Cisco routers, and

Catalyst™ and EtherSwitch® LAN switches.

e Constant-bit-rate video, which runs over traditional 64-kbps or multiple 64-kbps (or
ISDN) lines, and will be transported over ATM using circuit emulation. These
applications will use ATM service multiplexers, ATM switches, or existing leased-

line facilities.

e Packetized video, which will run natively over ATM using an MPEG2-to-ATM
convergence layer. Standards for doing such video transmission are still in the nascent
stages of development and probably will not be widespread for several years. These
applications will make use of specialized MPEG2 video to ATM codecs®, still in early

stages of development.

* A codec is a device that provides compression and decompression of a digital video signal. aithough it
is commonly used to refer to a product that also digitizes an analog video signal. such as NTSC. PAL. or
SECAM signal from a television or VCR, and then applies compression.
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2.11 Packetized Video vs. Constant Bit Rate (CBR) Video

Video applications are either packetized, which means that they are bursty or variable bit
rate, or they are constant bit rate. The packetized video types were designed to run over
traditional LANs, and make use of some type of compression algorithm whose output is
dropped into traditional packets, whether they are IP packets (or the equivalent) or
Ethernet frames (or the equivalent). Because packetized video runs over LAN
infrastructures, it can perform even better when the LAN infrastructure has protocol
support and enhanced features to guarantee quality of service. In addition, when LAN-
based video will run over ATM, there must be some translation from ATM to the legacy

LAN, whether by LAN Emulation or by Multiprotocol over ATM.

When packetized video runs natively over ATM, there must be a convergence layer
between the video stream and the ATM Adaptation Layer (AAL), most likely ALLS,
according to the most recent work of the ATM Forum. Such work is in the early stages
and the development of standards-based video compression algorithms for two-way, low-
Bandwidth, high-quality video in the form of MPEG4 is also still underway. The ATM
Forum is tackling MPEG2 over ATM, which is well suited for applications such as video

broadcasting in LANSs or by cable TV.

In the case where video must run over px64-kbps lines for wide-area transmission, the
compressed bursty video bitstream must be transformed into a CBR bitstream to meet the
requirements of transmission over these CBR digital lines. Traditional videoconferencing

equipment, such as made by Intel, PictureTel, VTel, and Compression Labs, uses some
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variant of the H.320/H.261 protocol suite. This protocol suite uses buffers to ensure that
bits are always sent at every “clock-tick”, regardless of the original structure or traffic
shape of the bursty video stream. Such CBR video, when transmitted over an ATM
network requires circuit emulation, where the ATM transport is emulating the traditional
px64-kbps or ISDN circuits that the H.320 equipment is expecting as its underlying

network.

AALS will be used for real-time variable bit rate (VBR) and available bit rate (ABR)
traffic to deliver bursty data as LANs today. AAL1 will be used for constant bit rate
(CBR) traffic (H.320-compliant videoconferencing equipment) where a time-stamp is

needed for precise transmission epochs.

2.12 Multicasting and Service Multiplexers in ATM

ATM networks inherently support multicasting, where a single source can set up
connections to multiple users. This multicasting is designed to be able to copy cells down
the multicast tree only at the last possible branch point, so that multiple individual
connections are not set up through the network to each user. This conserves network

bandwidth.

Because video streams can be compressed, they do not require the full dedicated
bandwidth given to an ATM 155-Mbps (OC-3) port, even though MPEG or MPEG2
streams can require at least 1.5-Mbps each. To maximize the investment payoff in ATM

switches, multiple input and output feeds can be multiplexed up to full ATM DS3/E3 or
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even OC-3 speed, to be fed into the ATM switch. Such an approach allows fanout of the
video ports, giving high port density per ATM connection without tying up switch ports
for individual video connections. The benefits of ATM, however, are presented through

the service multiplexer.

2.13 Usage Parameter Control/Traffic policing

Given that there will likely be numerous services deployed by an ATM network,
including data, voice, and video, to ensure performance guarantees for different services,
call admission control will be necessary in ATM networks. In particular, it is not possible
to speak of large-scale ATM networks deployed for high-end video and ignore the
requirements for usage parameter controls. The usage péxameter control (UPC), or traffic
policing function, ensures that incoming traffic does not exceed the contract negotiated
between the user and the network. Without such a function, already-established
connections may incur performance degradation from users who violate their contract.
The use of UPCs, therefore, is required for ATM networks that support video traffic. The
UPCs ensures that all traffic types conform to their contract and receive their requested

level of performance from the network.
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Chapter 3

Spatial correlation in multi-media traffic

3.1 Introduction

The intuition that mono-media traffic comprising a multi-media session are correlated, is
experimentally substantiated under different temporal conditions for a given Local Area
Network (LAN) architecture with videoteleconferencing sessions. Specifically, we
explore and characterize the correlation among audio and video streams, within a given
time-slot, in a real-time videoteleconferencing session. Experimental measurements
focused on multi-media traffic streams produced by individual workstations engaged in a
videoteleconferencing session. The objective is to characterize the degree of spatial
correlation between audio and video streams. For a pair of audio and video batch (a, ,v,)
bytes, respectively, in the (i) time slot, i = 1,2,...N, the correlation coefficient p, [34],
can be computed if the joint probability density function (pdf) of the arrival process is

known. A detailed example is solved in Appendix-I.

It is important to be able to develop a method of measuring traffic data for a videotele-
conference session as well as to be able to produce statistical estimates. Furthermore, in
order to build 2 mathematical model for a real mono-media packet (or cell in ATM)

arrival streams, we need some statistics such as the average, the variance of the number of
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arriving packets, and the corresponding cross-correlation function. This is why we

propose here how to collect and process data in order to produce these statistics.

We are interested in a set of parameters which can be obtained from real data with high
accuracy. These parameters are interarrival time, type of information (audio or video)
transferred between the two participants of a conferencing session, and the number of
bytes (size) of information carried by the packet. In section 3.3 we have given a detailed
account of the information that can be obtained through protocol analysis for a

conference session.

A conventional method of discretizing the real time line into fixed length slots is given
below, where “pkt I” through “pkt N’ represent the total number of packets generated

during the videoconferencing session.

pkt! pkt2 pkt3 pkt4 pkt5 pkt6 pkt7 N-1  pktN

llll l lJ ........ llrealti;ne
T

discrete time

During the analysis, we chose fixed length time intervals, henceforth referred to as time
slots, containing batches of audio and video packets. In particular, a batch of audio or
video represents the number of bytes in a given time slot. If a packet arrival time falls on
the boundary of the time slot then it is put in the next time slot. The pdf of the conference

&

data for a time slot of length 7 and for batch sizes “/” and “/, is the frequency
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distribution of the joint occurrence of the form Pr[a =j,v= j] , where o represents

audio and v represents video respectively. A typical pdf is shown in figure (3.3).

The pdf curves are sensitive to time slot length. This is because we used Ethernet
(CSMA/CD) as the media access mechanism. As is well known, that a non-deterministic
media access mechanism, like that of Ethernet, backs off exponentially in the face of
contention, and hence causes gaps in the interarrival time of the packets. It is obvious that
if we choose a smaller time slot length then the arrival epoch of the packet might not fall
in this time slot and hence most of the small size time slots remain either empty or has
smaller information carrying bytes. But as the time slot length is increased in steps then
the arrival epochs of the packets will fall in the time slots which were missed previously.
This leads to variations in the batch sizes of audio and video inside the time slots and
hence the frequency distributions of the joint occurrence results in pdf’s with longer tails.
Furthermore, statistics such as the average, the variance of the number of arriving
packets, and the corresponding cross-correlation between the mono-media packet arrival

streams are affected by the time slot variations.

The cross-correlation between audio and video batches can be computed by using:

_ Cov(a,v)
0,0

a v

Pa.v
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Where a represents audio and v represents video respectively. The cross-correlation thus
computed oscillates between positive and negative values. A negative correlation means
that, within a short time slot (of the order of 10 msec - 80 msec), the probability of having
video bytes is much higher than that of having audio bytes. In fact, within a short time
slot one might get only video bytes and no audio at all. However, as the time slot length is
increased, the spatial correlation takes on positive values and increases with time. Keep in
mind that even though we are varying time slot lengths, it does not mean that the
temporal characteristics of the arriving packets are changed. Also remember that we are
computing cross-correlation between the batches of audio and video information bytes

which is not temporal correlation.

Teleconferencing sessions were established by using a commercially available
videoconferencing product, ProShare Personal Conferencing Video System 150° [6],
designed by Intel Corporation. Several experiments were carried out to explore and
characterize the spatial correlations among mono-media streams. The experiments have
confirmed the feasibility of the approach and illustrate the presence of multi-media traffic
correlations. Prior to describing the multi-media traffic analysis in Section 3.3, an outline
of the experimental environment is given in Section 3.2. Section 3.4 details the

Experimental measurements for different temporal conditions.
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3.2 Experimental Environment

This section presents relevant background information about the environment used for
development and execution of the experiments. A summary of the elements and
organization of the system is first given, followed by a technical abstract in Section 3.2.2.
describing the ProShare system 150% used for videoconferencing. Section 3.3, details the

experimental results and analysis.
3.2.1 Synopsis

The environment used for development and experimentation consists of a collection of
four dedicated workstations, which are physically connected to a Local Area Network as
shown in Figure (3.1). Workstations running Windows for Workgroups operating system
have Ethemet access and provide support for development, as well as a platform for
executing applications. Two workstations are used for ProShare Personal Conferencing
Video System 150 [6]. This allows audio and video data to be transferred over the LAN.
The third workstation is used as a conferencing manager running LANDesk Personal
Conferencing Manager® [35]. This workstation monitors the conferencing activities, i.e.,
displays details about each active call, amount of bandwidth allocated and in use, number
of active calls, and service level for videoconferencing. The fourth workstation is used as
a protocol analyzer running LANDesk Traffic Analyst® [36], which is a full featured
packet monitoring product. It supports packet capture and decode from both the local and

the remote segments. In addition, it displays real-time statistics such as packet rate, and
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error rate for all or part of the network traffic. We used it to develop our own protocol

decoder and packet capture filters for PSVideo by using the compiler that comes with it

(371.
3.2.2 ProShare System 150°

PSVideo system is equipped with a video and audio capture board , camera, headset,
external speakers and software. The connection established by one PSVideo system to
another operates on top of datagrams. With datagram protocol, packets do not have to be
acknowledged by the receiver and therefore are not guaranteed to be delivered in the same
order that they are sent. The PSVideo software time stamps successive audio and video
packets. After reception, packets are resequenced before playback. Audio packets are
given priority while video packets are either delayed or dropped in order to keep audio
delivery in synch. The received packets are buffered by the software to reduce jitter and
perform resequencing. Dropped packets are not retransmitted, because packets would

arrive late and not be of any use [38].

Multi-media applications depend on Codecs (compressor/decompressors), which may be
voice, video, or data. Codecs are algorithms amenable to software-only or hardware-
assisted playback and provides bit rate reduction by removing superfluous information.
Video coding schemes are categorized into source and entropy coding. Source coding is
lossy and produces low quality video pictures. Source coding can be further divided into
intraframe and interframe coding. Interframe coding removes both spatial and temporal

redundancies from sequences of similar pictures, including those containing moving
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objects, whereas intraframe removes only the spatial redundancy within a picture [39],
[40]. Entropy coding achieves bit-rate reduction by using the statistical properties of the
signals and, in theory, is lossless. ProShare Video System uses a software assisted capture
board with embedded i750 chip, as video Codec, called Indeo Video [40]-{41], which
employs both interframe and intraframe compression by dividing the video stream,
respectively, into delta and key frames [42]. A key frame is not subjected to interframe
coding. They are used only to provide a reference for subsequent delta frames and a point
of access to the video. Delta frames are smaller than key frames and removes superfluous
information from previous frames, creating the interframe compression. To maintain its
data rate during high motion sequences, Indeo Video Codec starts subsampling using
interframe compression, producing delta frames with less information. Subsampling
reduces the resolution of the image and the Codec starts to work with bigger pixel blocks,
hence reducing the number of pixels in an image. We don't know the exact subsampling
rate of Indeo Video Codec but a comparison of Indeo Video and other products is
presented in [41], which clearly states that Indeo Video utilizes subsampling to reduce the
number of pixels in an image by less than four times. On the other hand if every frame is

a key frame then the Codec drops frames in order to maintain its data rate.

Audio compression in PSVideo is handled by GSM Algorithm which is similar to the one
employed by the European cellular phone system known as Global System for Mobile

Communications (GSM) [38)].
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3.3 Multi-media Traffic Analysis

Protocol analysis involves recording network activity and capturing, filtering, and
viewing packets. In a real-time videoteleconferencing session, audio and video packets
are interleaved before transmission. In order to capture and discriminate the contents of
various packets exchanged during a videoteleconferencing session, the author developed
protocol decoder and packet capture filters. The main communication protocol is IPX
over NetBEUI® carrying Ethernet II frames. Multi-media traffic measurements were
carried out in two different phases. In the first phase, traffic measurements were carried
out in a videoteleconference session to analyze and isolate the contents of the captured
conference packets. After careful and detailed analysis of the videoconference packets,

Figure (3.2), we observed that:

e Each audio and video packet has three ASCII characters, Media Dependent
Module (MDM), as signature. This signature is three bytes long and is present

at offset 44 in every videoconference packet.

e A single byte follows at offset 47, which is a function code, where the

hexadecimal value represents the function
e 00 = audio/video/data,

e (I =request connection,
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¢ (2 = accept connection,

e (03 =reject/close connection, and

o (4 = clear to send user data.

o The following ten bytes at offset 48 through 57 are reserved for protocol

information.

o The next byte at offset 58 is very important as far as packer contents are

concerned. The hexadecimal value identifies the receive channel contents as:

03 = audio (caller),

04 = video (caller),

06 = audio (callee), and

07 = video (callee).

e We have labeled the next two fields as Reserved Control, in our protocol

decoder since their function is not known.

e Each captured packet, contains video or voice data (but not both) starting at
offset 64 till the end of packet. Regular audio packets are 234 bytes long,
while muted audio packets are 54 bytes in length. Video packets vary in size

(between 62 and 576 bytes).
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In addition to video and voice, streams of 3 to 4 control packets are occasionally
exchanged between the conferencing stations. All control packets were filtered out and
only audio and video information is processed in our analysis. Packets are captured to a
RAM buffer, before they can be permanently stored to a hard disk. To capture data for a
videoconference session a large amount of RAM is needed. Typically to store 30 minutes
of single line decoded data, for a single conference, one needs 32 Mbytes of RAM. The
output generated by our protocol decoder is an ASCII file, typically 35 Mbytes in size
which contains the captured packets information. In the second phase, statistical analysis
were carried out in order to obtain the correlation coefficient from the joint probability

distribution for the multi-media arrival stream.
3.4 Experimental Results

In this section we present experimental results and describe the details of the experiments.

3.4.1 Experiment 1

Extensive audio exchanged between two “talking head” participants

This experiment simulates a scenario of extensive audio exchange between the two
"talking head” participants. The phrase "talking head" is used when the video camera is
focused on the participant’s faces. The video-conference session in this experiment was
30 minutes long. The participants were continuously speaking thus generating a lot of

audio packets. A significant number of control packets are exchanged between the two
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workstations during the course of a conference. These control packets were removed from
the captured file during the data analysis. Table (3.1) lists the total number of captured
packets, the total number of control packets for both Caller and Callee. For a given time
slot length, the number of bytes contained within batches of video/audio were measured.
Typical pdf curves are shown for varying time slot lengths in Figures (3.3)-(3.10). The

cross-correlation between audio and video is shown in Figures (3.11)-(3.12).

3.4.2 Experiment 2
Extensive audio and video exchanged between two participants

This experiment simulate a scenario of extensive audio and video exchanged between the
two participants. It contains excessive high motion sequences and video transitions.
Traffic measurements and analysis carried out in Experiment #1 were repeated again in
this experiment and the results for short time slots are also included in Figures (3.11)-
(3.12). The total number of captured packets and control packets for both Caller and
Callee are also included in Table (3.1). Note that, although this experiment contains
excessive high motion sequences and video transitions, the total number of captured
packets in this experiment is less than that of Experiment #1. This is because the codec is
no longer able to keep up with the high motion sequences, and consequently, starts to
drop video frames in order to maintain its data rate at the expense of picture quality. As
expected, and shown in Figure (3.11), the results and data analysis of this experiment are

generally in good agreement with experiment #1. This indicates that the correlations
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among mono-media traffic streams in a muiti-media session seem to always exist

regardless of the temporal behavior.

3.4.3 Experiment 3

Regular videoconference

This experiment simulate a scenario of a regular conference session. The two participants
talk and move as they would in a normal conversation. Traffic measurements and data
analysis carried out in the previous experiments were repeated and the results are
included in Figures (3.11). The total number of captured packets and control packets for
Caller and Callee are included in Table (3.1). The results and data analyses of this

experiment are generally in agreement with the previous results.
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Chapter 4

Discrete-Time Models for Multi-media Traffic

4.1 Introduction

In the literature, authors have considered time-correlated (mono-media traffic) arrival
processes. Multi-media traffic behavior is not known as adeptly as mono-media traffic,
which makes it difficult to model it analytically and handle over ATM networks. Most
analyses have assumed a known arrival process, €.g., semi- Markov arrival process and
bursty model [43], Point Process [44], or among the most popular Markov-modulated
arrival processes, Markov-Modulated Poisson Process (MMPP) [17], to represent each of
the many mono-media sources and the corresponding multi-media aggregate. In [18],
Lucantoni introduced the Batch Markovian Arrival Process (BMAP), in order to improve
the accuracy of the approximations. The BMAP has the same characteristics as the
MMPP, except that cells arrive in batches. Discrete-time versions of MMPP and BMAP
were developed by Blondia and were referred to as Discrete-time Markovian Arrival
Process (DMAP) [14] and Discrete-time BMAP (DBMAP) [15], respectively. Aside from
the possible difficulties in modeling mono-media sources, the mélange of such sources
producing multi-media traffic on a network introduces additional problems. A multi-

media source, comprised of mono-media sources, cannot be treated independent for the
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most part. For example, during a multicast/broadcast conference, usually the active
participants information (combined voice, video, data, etc.) are broadcasted. Lack of
independence among various mono-media streams and their temporal characteristics
introduces cross-correlation’s between them. In [45], La Corte presents an ON/OFF
correlated traffic model for a multi-media arrival process. A Markov process model is
used to represent each of the mono-media sources and the corresponding multi-media
aggregate. The difficulty with that approach is the limitation of a Markovian process in
representing multi-media traffic sources, which puts further constraints on the queueing
model representing the underlying communication network. However, the source model
captures the cross- and auto-correlation of the mono-media sources in a multi-media
environment. The problem of synchronization control is also not addressed in that
reference. In [44], Blondia suggests a versatile point process for the analysis of a class of

discrete-time batch Markovian arrival process (DBMAP).

4.2 Multiple Queues with separate Groups of Servers

In this model we assume that the two mono-media streams are transmitted in parallel and
join two separate queues at the multiplexer or switching nodes in the ATM network as
shown in Figure (4.1) . Each queue is served by C; servers in parallel, where “i” is the
mono-media source index within the multi-media session. For example, in an ATM
network, this may correspond to separate virtual channels each assigned to a different

mono-media source. In the wireless case, this model may be interpreted as having
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(multiple) frequency channels assigned to several monomedia sources all transmitting in

the same time slot (e.g., TDMA).

4.3 The Two-queue Model

In a correlated batch arrival model to be considered in the following section, we assume
that the arrival process consists of two cross-correlated mono-media batch traffic streams,
representing a multi-media session. We consider the case of two separate queues for each

type/class of mono-media arrival streams.
4.3.1 General Assumptions and Terminology

A brief summary of the assumptions for the multiple queues with separate servers

queueing model is given below.
o The buffers have unlimited storage capacity.

o The buffers are emptied through the transmission of the cells they contain. The
number of output links via which the cells are removed (i.e., the number of servers in

the multiple queueing model) are equal to C; > 0 and C; > 0.

e Time is divided into fixed-length intervals, referred to as slors, such that one slot
suffices for the transmission of one cell via each of the output channels of the buffers

(i.e., the service times of cells are deterministic). The transmission of a cell via an
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output buffer starts at the beginning of a slot and ends at the end of this slot. Cells

cannot leave the buffer at the end of the slot during which they arrived in the buffer.

o New streams of cells from a multi-media session consisting of two cross-correlated
mono-media sources, where each stream of cells consists of independent batches,
enters the buffers according to a joint general independent arrival process. Batches of
cells arriving in each stream are assumed to be independent and identically distributed

(i.i.d.) non-negative discrete random variables (r.v. ’s).

¢ The exact locations of the batch arrival instants within the slot length are not specified
here. It is even irrelevant as long as the system is observed at slot boundaries only. If
results are desired at other time instants (such as arrival instants or random time

points), then a more detailed description of the arrival process is necessary.
e [t is assumed that the service and the arrival processes are mutually independent.

Let
P(aI ,az) = Pr[a, =i,a, = j messages arrive during one time — slot], (i, j) >0

represent the common joint probability mass function of the batches of size a; and a;
arriving in the same time slot. The corresponding probability generating function (pgf),
[67]-[70], of the joint arrival process from a multi-media session consisting of two cross-

correlated mono-media sources, is given by
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Eq43.1.1 A2,.2,)=E[z}z} )= ii Pla, =i,a, = j|2,2}

1=0 y=0

The marginal probability generating function for mono-media stream of type 1,

represented by 4,(Z)), is given by:

Eq4.3.1.2 4(z)= )= E[z/*]= ZZ Pla, =i.a, = j]z;

=0 j=0

and the marginal probability generating function for mono-media stream of type 2,

represented by Ax(Z>), is given by:

Eq4.3.1.3 4,(2,) = 401,2,) = E[z}*]= iiP[a, =i,a, = j|Z}

1=0 =0

In the case of independent arrivals where, P[al =i,a, = j]= P[a, =1’]P[a2 = j], the

expression for the probability generating function of the joint arrival process is:

M

A(z,.2,)=E[z} 2} ] = S

=0 4

Pla, =ilPla, = j]ziZ;

Pla, =ilz; }[io Pla, = J']Z:f}

j=

1]
o

Eq4.3.14 = E[z|E[z}]= {

M0

= A!(ZI)AZ(Zz)
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4.3.2 System Contents
Let us denote, respectively, by S," and Sz" the system contents at the beginning of time
slot k of queue 1 and queue 2. S (Z,) and Sy (Zz) denotes, respectively, the pgf of S}

and S, . The system contents S;*' and S¥*' of both queues just before the & service

instant evolves according to the following equations; where C,, i = 1.2; represents the

number of servers in queue 1 and queue 2, respectively.

Sk—C +4t  if StxC

Eq4.3.2.1 Sft=y, e
a ! {A," if S <C,
Sk-C,+4"  if St=C

kel __ J92 2 2 2 2

Eq4.32.2 h _{ p g st ec

Where 4f and A; represents the total number of cell arrivals in mono-media streams of

type 1 and type 2, in the interval between the ¥ and (k+1)" service instants, respectively.

We can write equations (4.3.2.1) and (4.3.2.2) as
Eq4.3.2.3 St =(sk-¢,)-u(sk-c, )+ 4

Eq4.3.2.4 SE = (8§ -G,)-U(SE -C,)+ 4
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where U(x)={1 i x20°

The joint probability generating function (pgf) of the system contents at steady state is

defined as

Eq4.3.2.5 S(z,.2,) = LimE[z5z}]= i i Pls, =i, = j|z/Z] .

ke 1=0 ;=0

At steady state (i.e., when k — ), equations (4.3.2.3) and (4.3.2.4) can be written as

Eq4.3.2.6 S, =(8, ~c)-u(s,-c)+ 4

Eq4.3.2.7 S, =(5,-G,)-U(s,-C,) + 4,
Using standard 2-D z-transform techniques, it is possible to derive from equations

(4.3.2.6) and (4.3.2.7) the expression for the system contents. In the following we have

S(z,,2,) = E[ ZUS-GWIS-Gled  7(5-G:)u(5i-Co)o ]

4.3.2.
Eq 3.2.8 — E[erﬁ ZzAz]. E[Z'(S;-G)‘U(Sn‘cl) . Zz(Sz‘Cz )'U(Sz‘cz)].

We note that the mono-media streams A4;, 4, and the system contents S;, S, are

statistically independent. Let us define S(Z,,2,) = 4(Z,,2,)-G(Z,,Z,) where

Eq4.3.2.9 G(2,,2,) = E|z5-aWis-c) gls-aluts <]

The above expression for G(Z : ,Zz) can be written as,
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iy = 55 Al i = 12 +

=Gy y=0

]

6(z,.2,)

[

Eq4.3.2.10

2
1=0 1=
-] -] C -
2 2 Flsi =iy = jj2r0 2 ZOZC Pls, =is, = j]2;¢

=0, ./=C!

Solving for S(Z;,Z>), the system contents, we finally have

Eq4.3.2.11

Az, 2.) 2075 - 4(2)a(2 )3 3 P20 - Z) (26 - 2)

1=0 ;=0

(2028 - 4(z,.2.)) 26 - 4(2))z8 - 4,(2.))

S(z,.2,) =

Where we have used P , _] P[sl =i,5 = ] Equation (4.3.2.11) contains C,C

unknown constants P(i, j) for 0<i<C, -1and 0<j<C, —1. Even though, there is no
analogous theorem for the fundamental theorem of algebra [58]-[61] in 2-D [46], we can
still solve for the unknown P(i, j) ’s. From the theory of Algebraic Geometry [47],
Multidimensional Residues [48]-[50], and Several Complex Variables [62]-[66], we

present a method for the determination of the unknown P(i , j) ’s

4.3.3 Determining the unknown joint probabilities P(i,j)

The unknown P(i, j) 's in equation (4.3.2.11) can be found by using the notion of union

of the analytic lines described in [48], under the conditions of the local description
theorem. It is assumed that the joint arrival process of the multi-media session is known.

The values of C; & C; are fixed based on the mean arrivals of the mono-media streams

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



46
in a multi-media session. In the closed unit bidisk T ={(2,,2,){z|<1, i=12} (46],

of 2-D complex z-plane we choose a coordinate system such that Z; and Z; represent the

two coordinate axes. With reference to equation (4.3.2.11), the zeros of the polynomials

[Z,C' - 4,(z, )] and [Zfz - Az(Zz)] counting multiplicity lie on the two coordinates Z;

and Z; respectively. The polynomial [Z,C' zf - A(2,,2, )] represents an analytic curve in
the coordinate system. As shown in Figure (4.2), a union of the zeros along the
coordinates Z;, Z; and the analytic curve represents m=>C,C, poles (zeros of

denominator) of S(Zl ,Zl). The be a proper probability generating function the joint pgf

S(Zl,Zz) converges at least inside the unit bidisk. It then follows that the zeros of the
denominator of equation (4.3.2.11) are also zeros of its numerator. We need C,C;
equations (one equation is S (l,l) = 1) in order to solve for the unknown P(i, j) s present
in the numerator. Since m is usually larger than C,C>, the remaining ( m - C,C; ) zeros
comes from the terms outside the double sum in the numerator of S(Z,,Zz), Le..

equation (4.3.2.11). The terms inside the double sum are divided by (Z, -1)(Z, -1),
since both 'Z,l =1, and lZzl =1, are poles of S(Zl ,Zz) , we call it normalization of the

numerator. To proceed further, we find all the zeros necessary in order to obtain the

equations in the unknowns. Please remember that one of the equation comes from the

total probability condition, i.e., S(1,1) = 1, and can be written as follows,
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C-1G, -1

(e, 400K, - 40)]-| 55 264 - e - )| o

1=0 ;=0
Simultaneous solution of all the equations thus obtained gives the unknown P(i , j) ’s.

4.3.4 Average System Contents for the two-queue case

For the sake of completeness, comparison and without lack of generality we assume two
cases. In the first case we assume that the mono-media streams comprising the multi-
media aggregate arrival stream are correlated, i.e., the joint arrival stream is given by
equation (4.3.1.1). In the second case we assume that the multi-media arrival stream is
composed of two mono-media streams which are independent, i.e., the joint arrival

stream is given by equation (4.3.1.4).
4.3.4.1 Case I

By making the substitution Z, = Z, = Z in equation (4.3.2.11) we solve for S'(1), i.e..
the average system contents. The resulting equation is given in terms of the number of
servers, the joint probabilities P(i,j)’s, the first and second moments of the joint arrival
stream A(Z;, Z,) and the mono-media streams 4;(Z;) and 4»(Z). The general expression

is given below.

1=0 ;=0

<= ZZ{(" =Ll CR N CEREUL T8 i)}P(i,J')
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_ (C+C, - 4(1)- 4(1)) -«
(C+G - 4G - 4G - 400)

G-1C~1

@=3 ,ZO[(C: -ifC, - /)|P(:.J)
ay  Herc-ere)-20
) C+C-4(]) [C‘, iC,- A'(I)Jz

“ C - 4/(1)

l(Cl - I)Cl - f‘;(—l)
2 2
(C+C - aQ)C - 4]

1 Al
E(Cz -1)C, - —¥

G+ -2 )G - 40 - 4]

_ zl(C. +C, ~1)(C +C,) - 4()4(1) - f@ _ f?
PTG G - Aa0)(C - 40N - 40)

Eq4.3.4. S'(l)wm{”(q+C2_A"(l)—A5-(l))("cz_a-:fﬁ' ]}

The above result, i.e., equation (4.3.4.1) is used in chapter 5 for numerical results

representing the average system contents for the correlated batch arrivals.
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4.3.4.2 Case 11

Here we use a similar procedure as in case I above, to generate an expression for the
average system contents when the multi-media arrival stream is treated as independent

batch arrivals. The average system contents, i.e., $'(1), can be represented by:

ls {( (C-1)C  ii- 1)) (C-j)+ ((C2 -G jii- 1)) (c - i)}P(i’j)

2 2 2 2

K

(€~ 40N~ 40)

40) %(c, -1)C, - A—"Z(Q
e C-4(1) ] c,l - 4]
C, - 4;(1)
_ %(Cz I)Cz - Az;(l)
(Cl - All(l))[cz - Az'(l)]2
Eq4.3.42 S’(1)=G+w{a+ﬂ—l}
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The above result, i.e., equation (4.3.4.2) is used in chapter 5 for numerical results

representing the average system contents for the independent batch arrivals.

This concludes the proposal for the Two-queue model for the ATM/BISDN network. As
a passing remark even though at first this may seem a difficult and cumbersome
procedure but it is worth the pain. The reason is that we have gotten a closed form
solution for the two-queue model and it only depends upon the muiti-media arrival
streams and the number of servers to be used for each type/class of mono-media. The rest
is just generating numbers for comparison or (pleasure!). The benefit is that we have a
General Independent (GI) arrival model which only requires the arrival stream

specification.

In the following chapter we present detailed numerical analysis for the proposed two-
queue model. Several numerical examples illustrating the main features and the overall
performance analysis of our proposed model are presented. These results are then
compared with that of the conventional analysis GI-D-c results. Both parametric

numerical examples as well as experimental results are presented.

The numerical results represents the graphs of equations (4.3.4.1 & 4.3.4.2). Both
equations (4.3.4.1) and (4.3.4.2) depend upon the number of servers C;, C5, and the first
and second moments of the multi-media stream distribution 4(Z,,Z,), the mono-media

stream distributions A;(Z;) and A(Zy. The values of the constants P(i, j) s are

determined by using the procedure outlined in subsection 4.3.3. It is a very involved

procedure and solving polynomials of the order of degree 30 or even higher is very

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



51

common. The author used self written C++ code and MATHEMATICA® to solve the

system of equations produced by the experimental muiti-media arrival streams.
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Chapter S

Numerical Results

In this chapter different numerical examples for average system contents vs correlation
coefficient and/or time slot length (in the case of experimental analysis) are given; both
correlated and independent multi-media arrival streams are considered. The results are
given for different values of C; and C,. A comparison between the proposed two-queue
model and the known results of the GI-D-c [43] is also presented. All the results are

generated either by self written C code, Numerical Recipes [74], or MATHEMATICA®

[73].
5.1 Example # 1

Let the following table represent a parametric pdf for a general independent arrival

Z =

) 0 1 2
i
ol ¢ P p
z/ @
1 P 1/4-2p 1/4-2p
2 p 118-2p | 1/4-2p

process representing the multi-media traffic. We can write the following equations for the
multi-media stream distribution A(Z),Z,), the mono-media stream distributions 4,(Z;) and
A3(Z;) respectively.

s 1 1 2 2 (1 » 1] -
A(Z,.Zz)=4p+pZ,+pZ;+pZz+(Z—2p)Z,Z.,+(Z—2p)2,‘22+ng+(Z—2p)2,25+(z-2p)2,'2;
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4(z)=4(z,1)= 6p+(%—3p)2, +G-3p)z‘2

1 1
4,(z,)= /4(1,22)=6p+(5-3p)z2 +(3-3p)222
The first and second moments of the above equations along with different values of C;
and C; are substituted in equations (4.3.4.1) and (4.3.4.2) to obtain the average system
contents. Let us select four different configurations of the output buffers, corresponding
to the values of C; =1, 2, and C; = 1, 2, respectively. The parameter p should be

0.055< p<0.125. The upper bound is obtained form the joint pdf table while the lower
bound is obtained from the stability condition for the average system contents. The

9p-81p2

ei g7 2 explained in Appendix I Table (5.1)
+12p-8lp

correlation coefficient is p=

shows the average arrivals, variance of the arrivals, correlation coefficient between the
two mono-media streams, and the average system contents for the correlated and
independent cases for various server configurations. The correlation coefficient and the
average system content plots are shown in Figures (5.1-5.4) for the above mentioned
server configurations. All of the figures reveal that, as the correlation coefficient assume
values from negative to positive the average system contents increases fairly rapidly. The
system can become unstable if the average number of arrivals in the mono-media streams
becomes larger than the number of servers available at the output. As shown in Table
(5.1), the average arrivals in both mono-media streams are less than the number of servers
in a given output configuration. Figure (5.1) shows that, as the server configuration

changes, the average system contents vs correlation also changes. In particular notice that,
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the curves for the correlated and the independent arrival streams are fairly closer, the
reason is that this particular parametric pdf is highly correlated to begin with. If a
different pdf is assumed then the curves might be far apart. Furthermore, since the pdf is
symmetric the curves for server configurations [C; =1, C; =2] and [C; =2, C; = 1] are

the same.
S.1.1 Example # 1: Two-queue vs. Single-queue

Figures (5.1-5.4) presents a comparison between the proposed two-queue model and the
known results of GI-D-c [43]. Please note that, the multi-media batch arrival streams
considered in the literature do not distinguish between the individual batches of the
mono-media arrival streams. From the table given in section 5.1, we can write the

equation for A(Z) by substituting Z,=Z,=Z, as follows:

A(Z):A(Z,Z)=4p+2p2+%.-+(-;——4p)23 +G-2p)z‘

Substituting A(Z) in [equation 4.8, 43], we solve for the system contents of GI-D-c [43].
Figure (5.1) shows the results for C; = C; = 1 server configuration case. The proposed
two-queue model clearly outperforms the GI-D-c model. The GI-D-c model under
estimates the system contents. GI-D-c model performance is even worst for the C; = 1, C,

=2or C; =2, C; =1, server configurations, Fig (5.2).

For server configuration C, = C; = 2, Fig (5.3), it seems that the GI-D-c model performs

as the proposed two-queue model if the multi-media arrival streams are assumed
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independent. But it is not true. The reason is that since the assumed multi-media traffic in
section 5.1 is symmetrical therefore it might look like the GI-D-c model performance is
closer to the proposed two-queue model. Had it not been a symmetrical arrival stream the
results would have been different. Figure (5.4) shows all the server configurations for the

two-queue model and the single-queue model (GI-D-c).
5.2 Example # 2

In this example we present the results based on pdf’s obtained by conducting experiments
as explained in chapter 3. A typical pdf is shown in Fig (3.3). The same procedure is
applied as explained above. Figures (5.5-5.11) provides details of the numerical analysis.
The experimental pdf’s are very large and sparse. To solve problems of this magnitude a
very fast computer and a true multitasking operating system such as UNIX is needed.
MATHEMATICA 3.0 was used to generate all the results. To generate the results of

Figures (5.5)-(5.11) the following procedure was used;
e Pdf's of the experimental data were generated for time-slot lengths of 20-50 msec.

e Equations for the multi-media stream distribution 4(Z;,Z5), the mono-media stream
distributions 4,(Z;) and 4,(Z,) were obtained from the pdf’s.

e The average arrivals in both 4,(Z;) and 45(Z5) are needed since the number of servers
for both audio and video depends on the average arrival in a given time-siot.

The rest of the procedure is outlined in section 4.3.3. Solution for the average system
contents was obtained by using equation 4.3.4.1 (Correlated Batches) and equation

4.3.4.2 (Independent Batches) for all the pdf’s from 20-50 msec. The correlation between
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the two mono-media streams was also obtained from the same pdf’s. Observing the
Figures (5.5)-(5.11) might misguide the reader that the two results of the correlated
batches and the independent batches are very close. But looking at the cross correlation
curves in Figures (3.11)-(3.12) reveals that: (i) the correlation among the mono-media
streams oscillates between negative and positive values; (ii) compression and Ethemet as
a transport method has to do with it; (iii) we are working on the range of pdf’s and hence
correlation from 20-50 msecs time-slot range. Figure (5.13) shows that in the range where
time-slot length is varied from 20-50 msec the correlation moves from -0.145 to 0.158.
The correlation seems to be increasing very rapidly. In such situations the average system
contents for the correlated batches and the independent batches will naturally be very
close, because even though we say (for the sake of completeness and comparison with the
conventional analyses) that the multi-media traffic is independent but the reality is that it

is not so naturally the results of equations 4.3.4.1 and 4.3.4.2 will look almost similar.

The comparisons between the proposed two-queue model and the single-queue model
reveals the same conclusions we reached earlier, i.e., that the single-queue model under or
overestimates the average system contents. Figures (5.9)-(5.11) shows the comparison of

the two-queue model and the single-queue models.

Thus we have established the fact that GI-D-c model and the like under or overestimate
the average system contents depending on correlation among the mono-media streams

and the server configurations.
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Chapter 6

Jitter Distribution

6.1 Introduction

Jitter is defined to be the maximum difference between end-to-end delays experienced by
any two consecutive packets [4]. Hence jitter implies a varying packet (and LDU) rate at
the receiver, i.e., when cells received at the inputs of the buffer in the same time slot are

transmitted over different time slots.

Several synchronization control methods have been proposed for solving the problem of
stream synchronization. In (2], Sreenan suggests elastic buffers and synchronization
server agent models for intra-stream synchronization in continuous media. Similarly, the
issue of skew, the time difference between related audio and video LDU's [3], caused by
the buffer variations in stream start times; in the context of inter-stream synchronization
is treated using group agent models. The use of discrete stream events are also advocated
for event based synchronization in that reference. In [51]), Li et al. considers
synchronization of parallel data streams using the notion of "multi-media data segment"
in a real-time multi-media data delivery system (SRTDD). Data in different media are
assumed to be transferred through the network over different parallel connections
according to their traffic characteristics and transmission requirements. However,

possible correlation among the mono-media streams is not considered. In [52], Nicolaou
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presents a scheme for implementing synchronization among related streams by inserting
synchronization points in each individual stream. In [53], Ferrari proposes a delay-jitter
control scheme that insures media synchronization as long as a bound on the delay can be
guaranteed and the source and sink clocks are kept in synchrony. Every node on the
transmission path in the network is involved in the synchronization control by regulating
the random delay that has been introduced to an arriving packet by the previous hop. Such
a technique might be difficult to implement on an ATM network because it introduces too
much workload on the intermediate nodes that carry thousands of connections. In [54],
Escobar et al. address a flow synchronization control protocol by implementing an end-
to-end synchronization delay. The random delay experienced by each packet is regulated
at the sink node. The actual delay experienced by every data packet cannot exceed the
preset end-to-end delay for the network connection and a global accurate clock is
required. In [55], Little et al. propose computing schedules before transmitting the data
packets. The multimedia traffic is delivered according to the schedule to reach the sink in
time for the presentation. Because of the random disturbance introduced by the networks,
however, scheduling and predicting the traffic is not sufficient to maintain a synchronized
multistream data delivery. Therefore, a compensation mechanism at the receiver is

necessary when synchronization errors occur.
6.1 Jitter distribution for the two-queue case

Figure (6.1) shows, for example, two mono-media streams containing two test cells

received in the same time slot. If the two test cells depart in the same time slot, then there
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will be no jitter corresponding to this sample. This can occur if the queue lengths for both

streams are such that |I{ - T;I =0, where T =R +(,; O corresponds to the queue

length at the beginning of the time slot of arrival of the two test cells; and R, corresponds

to the forward recurrence number in the mono-media stream “i”’. We can then write

I'=R+9Q
7;=R2+Qz'

Assuming that R(Z1 ,Zz) =FE [ZIR; . ZZR’] represents the joint probability generating
function (jpgf) of the forward recurrence numbers. Since R, and Q; are independent, and

with S(Zl ,Zl) as the jpgf of queue lengths, we obtain the jpgf of T, and T as follows:
Eq6.1.1 1(2,.2,)= E[Z[ - Z}]= R(Z,,2,)-8(2,.2,)

From equation (6.1.1) it is straightforward to determine the distribution of jitter (i.e.,
]Tl -5 l )- In the following, our goal is to determine the jpgf of the forward recurrence
numbers, R(Z,,Z,). Suppose 4; represents the batch size, and R represents the number

of cells ahead of the test cell in the mono-media stream “i”, then:

Eq6.1.2 R =R"-C R">C,

! 1 {

Eq6.1.3 R"'=4-C R <C

: [} :
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1 if R'<C

Suppose U(R,") = {O i R">C

then we can write equation (6.1.2) and (6.1.3) as follows,
Eq6.4 R =[Rr-CJ1-U(R)]+[4, - C JU(R")]

The joint probability generating function (pgf) of the forward recurrence numbers at

steady state, (i.e., as n — o0) can be written from equation (6.1.4) as follows:

Eq6.1.5 ] E[Z( h-)(1-u(R))+(4-c)u_[B-G)1-u(&)}{4-Clu,
= ) 2

Using equations (4.3.1.2), (4.3.1.3) and the fact that total probability

D> Play=k.ay = 1] =1, we can write equation (6.1.5) as:

k=0 1=0
C -1, -1 ®
[kt = ) M2, 2) S5 P i - iz
1=0 4=0 1=C, j=C,
R(Z| ’ZZ) = Z(',z(': » (j‘z-l C,—lj @
L ZCZP["I =in =j]Z; 'A2(22)+ ZP["! =i,n =j}Z{-A,(Z,)
1=Cy j=0 1=0 y=C;

The above expression for the joint probability generating function for the forward

recurrence numbers reduces to:
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Eq6.1.6

1 o
A(2,.2,)-z12! - Z, —z;]_[ﬂi}_

GG Z,C'—I
R(zZ Z)=§§q(l’j)¢ 4(%)-Z +4,(Z )—————A'(Z')-Z" -1+ #
MR FAFER | | AR i

A4,(2)-z; ]
A'(Z')[—Z(Ei‘)_l—’“l

S - 7

where we have used q(i, j)=P[r, =i,n= j]. The final expression for the joint

probability generating function of jitter distribution can be obtained by combining

equations (4.3.2.11) and (6.1.6) into equation (6.1.1).

The final result for the jitter distribution ,Tl - T2| can be obtained numerically by first

finding the values of T, and T,. This can be done in a similar way as we did for the

average system contents. The numerical results will be published in Globcom,97.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



62

Chapter 7

Conclusions and future work

We have presented novel queueing models for determining the average system contents
for the two-queue case. These model can be used to study the impact of correlation
among batch arrivals from mono-media sources comprising a multi-media session at the
ATM multiplexer. The models have established that when dealing with bursty or variable
bit rate (VBR) multi-media traffic it is essential that correlation among the mono-media
streams be properly taken into account. Furthermore, assumptions about the arrival
processes based upon the known distributions will lead to the wrong conclusions. Our
investigations have shown that two-queue model is very general and lends itself to be
used in a diverse applications fields. The ATM network would be improperly operated
and managed if accurate traffic data were not available, even in the case where network
resources were dimensioned and the quality of service was evaluated with high accuracy
at the design stage. In the future we will continue analytical modeling and numerical
analysis, for the jitter distribution both for the two-queue and single queue cases. Our

intuition is that jitter will be higher in the single queue case.
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Appendix I

Computing Correlation Coefficient

The correlation coefficient between two random variables X and Y is [34], and [56]-[57]

_Cov(X,Y)

Pr,
X,y ox Gy

The correlation coefficient will be undefined if either of the variances is 0.

EXAMPLE.

Suppose that A(z,,Z,) is represented by the joint pdf given in chapter 5. Then the
following table can be used to lists the expected values of the mono-media arrival

streams.
L@ LW wf(w) | u S (¥)
0 6p 6p 0 0
T | 053p | 0.5-3p 1(0.5-3p) 1(0.5-3p)
2 | 053p | 05-3p 2(0.5-3p) 2(0.5-3p)
5(31) = 3‘91’ £(z,) .= -9p
2 2
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From the above table we can find the variance of the two mono-media arrival streams as
follows:

o

2 ) 3 2
= [u— E(zl)]2 fe, (w)= Z[z -(5-— 9p)J /e, ()
i=0
=025+12p-81p>
2 2 2 . 3 2
7 =[u- )] £, (0= 2 i-(3-92) | 7,9
i=0
=025+12p-81p>
The covariance is computed by the following equation:
Cov(zy,25)=E [(zl - E(z ))(22 —E(z, ))]
=9p-81p?

And finally the correlation coefficient is given by:

_COV(ZI,Zz)_ 9p-81p2

p_ =
/03.%2. 025+12p-81p?
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DIX Ethernet Header (14 bytes at offset 0)
2 4

0 [ 3 s
[ T Destination Adidress (Ghytes) ] )
6 7 8 v 10 "
[ I Source Address (6 bytes) | B
12 13
| ~E Type [S137] {
Novell XNS Header (30 bywes at offset 14)
] 15
[ Checksum (FFTFF) )
16 17
[ Length [T |
¥
19
20 20 2 3 24 28 26 27 28 29 30 3
B IPX Destination Network (00000000 | Destination Node (12 bytes of MAC dddress) [ | Oest. Sacke! (8775 '
32 33 34 35 36 37 I8 19 40 4 [ 43
[ IPX Source Network ((G000001) | ‘Source Node (12 hytes of XIAT Address) { Sre. Socket (§778) )
Intel PSVidea MDAL [Header (20 bytes ar offset 44)
44 45 46 0 - AVD Pkt 02 - Accept
[—_—Pgmm—] 01 - Request 03 - Reject/Close Conn.
417 04 - Clear 1o send
48 49 $0 st 52 53 54 s8 s6 57
{ Reserved (10 hyies)
S8

0-T1 Comrl

VI Conirl (Caller) S-Video Contrl (Caller)
ol ol a2 o1 2-1°CL Contrl (Callee) 6-Audio (Callee)
[ Reserved (Twords] 1 3-Audio (Caller) 7-Video (Caller)

4-Video (Caller) 8-11deo Consr (Callee)

Proshare Audio Video & Data starts here
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Table 2.1: Optical Transmission Standards

SONET ELECTRIC | SONET OPTICAL | CCITT (SDH) | BW [MBPS] |
STS-1 OC-1 51.84 |
STS-3 0OC-3 STM-1 155.52 "
STS-9 0C-9 STM-3 466.56
STS-12 0OC-12 STM-4 622.08 |
STS-18 OC-18 STM-6 933.12 “
STS-24 0C-24 STM-8 1244.16
STS-48 OC-48 STM-16 2488.32 |
STS-192 0C-192 ~9600 ||

Table 2.2: Electrical transmission Standards

North America

BW [MBPS]

DS1=T]

DS2

DSO0 = 64-kbps

001
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