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Abstract 

Performance Evaluation and De-jittering for the 

Transport of Multimedia Traffic over ATM Networks 

By 

Khaled Shuaib 

Advisor: Professor Tarek N. Saadawi

In this work we evaluate the performance of AAL5 in transporting MPEG-2 streams. In 

the case of AAL5, the consequences o f using the CRC and Length fields of the CPCS 

PDU Trailer for error detection on the perceptually received video quality are observed. 

A new cell loss padding technique is proposed, which takes advantage of the Length field 

in the case of AAL5 to conceal the impact of cell losses. The proposed technique is 

based on passing the incomplete PDUs and the Length field to the decoder TS layer or to 

an AAL-SSCS where parsing and padding is performed based on the available 

information and the kind of incomplete TS packet. The sensitivity of MPEG-2 Transport 

Stream packet types to communication network impairments specifically bit errors and 

data loss, is observed and evaluated. Through an intensive experimental study, the 

characteristics of CDV and CTD in an ATM network transporting CBR traffic under
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diverse operating conditions are evaluated. We examine the effect o f changing network 

parameters, such as the number of nodes and background load conditions, on the 

performance parameters o f both CDV and CTD. Our results revealed the distributions o f 

CTD and CDV could not be fit into any of the standard distributions (such as normal, 

gamma, ... etc.). The results also present the auto-correlation behavior o f CTD as a 

function of both load and number of traveled hops. Also presented a verification study o f 

the Square Root Law (SRL) the ATM FORUM proposed to estimate the standard 

deviation o f the CTD for a multi node network. In addition, this work includes a de- 

jittering scheme, which can be used in the transport o f MPEG-4, and MPEG-2 video to 

absorb any introduced network jitter is proposed. The essence o f the de-jittering scheme 

is based on the statistical approximation of delay variation in the arrival times o f video 

packets carrying encoded clock reference values and a filtering and re-stamping 

mechanism.
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1 Introduction

Asynchronous Transfer Mode (ATM) is considered the core technology for B-ISDN 

networks, and it is reaching a certain level o f maturity that allows for its deployment in 

local as well as wide area networks. The ATM standards [8,36,38,39] define a fast 

packet switched network in which data is fragmented into fixed size, 53 byte cells. It 

defines the manner in which cells are switched and routed through network packet 

switches and links. The ATM standards are currently servicing and will continue to serve 

as the transport technology for a wide spectrum of applications and traffic types with 

different performance requirements ranging from real time video to best-effort data. A 

key benefit o f ATM technology is its ability to provide Quality o f Service (QoS) 

guarantees specific to the application type. Data, voice, and video have different QoS 

requirements. Real time multimedia applications, such as videoconferencing and video 

on demand, impose requirements on an inter-network because the traffic they produce 

must be delivered on a certain schedule and with upper bounds on delay, jitter, bit errors 

and cell losses to be useful. However, in traditional best effort data services, such as File 

Transfer Protocol (FTP), or Simple Mail Transfer Protocol (SMTP) in which variation in 

delay or latency often go unnoticed, and therefore retransmission of corrupted data is 

always possible.
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The ATM Forum Traffic Management group has completed its Traffic Management 4.0 

specification [36] which defines the following five service categories: constant bit-rate 

(CBR), real-time variable bit-rate (rt-VBR), non-real-time variable bit-rate (nrt-VBR), 

unspecified bit-rate (UBR), and available bit-rate (ABR). The CBR service category is 

intended to provide circuit emulation for compatibility with existing constant bit-rate 

synchronous circuits such as T1 or T3 circuits. It is also well suited to carry real-time 

streams such as audio and video. The CBR traffic class has the highest priority in the 

network and, therefore, will provide bounded cell delay, cell delay variation, and cell loss 

characteristics. The VBR service category is divided into two subclasses, one for real­

time and the other for non-real-time services. The rt-VBR service category is intended 

for services that have variable bit-rates combined with stringent real-time requirements. 

Rt-VBR traffic provides strict bounds on cell delay, cell delay variation, and cell loss. 

The nrt-VBR service category can be used when timely delivery of information is 

important, but some amount of jitter can be tolerated. Nrt-VBR does not strictly bound 

cell delay and cell delay variation like real-time rt-VBR does.

The UBR service category provides no bandwidth guarantees. If  congestion occurs in the 

network, cells will be discarded with no feedback to the sender. UBR is the lowest 

priority traffic class and provides no quality of service guarantees. The ABR service 

category is designed for bursty traffic whose bandwidth requirements are roughly known. 

With ABR service the network will provide a guaranteed minimum bandwidth, but a
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higher maximum bandwidth is available i f  the network is not congested. Table 1 

provides a summary of the service characteristics for the various service categories.

The ATM Forum and the ITU-T [7,38] have defined QoS parameters which quantify end- 

to-end network performance at the ATM layer. The QoS parameters include a traffic 

descriptor which specifies the rate and characteristics of users traffic, negotiable network 

performance parameters, and fixed non-negotiable characteristics of the network. A 

traffic descriptor may contain two or more o f  the following parameters: peak cell rate 

(PCR), sustained cell rate (SCR), minimum cell rate (MCR), cell delay variation 

tolerance (CDVT), and maximum burst size (MBS). The traffic descriptor describes the 

rate (both peak and average), the burstiness, and jitter tolerance for a connection. The 

PCR defines the maximum instantaneous rate at which a user can send data while the 

SCR is the long term average rate over an interval. For CBR services the peak and 

sustained cell rates will be the same while for other service classes the sustained rate will 

be lower than the peak rate. For each ATM connection, one or more ATM layer QoS 

objectives are negotiated between the network and the end-system. The network agrees 

to meet or exceed the negotiated QoS as long as the end-system maintains the negotiated 

traffic contract. Since QoS commitments are probabilistic in nature and the actual QoS 

can vary over the duration of the connection, short term performance observations can be 

worse or better than the agreed upon QoS commitment. QoS commitments can, 

therefore, only be evaluated over the long term and over multiple connections with 

similar QoS commitments. ATM uses usage parameter control (UPC) to limit and police
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traffic at the ingress to the network so that quality of service can be maintained. Traffic 

is policed in an ATM network using the Generic Cell Rate Algorithm (GCRA). Both 

CBR and VBR traffic is policed based on a peak cell rate and a cell delay variation 

tolerance while VBR traffic is also policed for sustained rate and maximum burst size.

Table 1 : ATM Layer Service Categories

Feature ATM Layer Service Categories
CBR VBR-RT VBR-NRT UBR ABR

Guaranteed
bandwidth

Yes Yes Yes No Minimum

Suitable for
bursty
traffic

No No Yes Yes Yes

Feedback 
based rate 
control

No No No No Yes
(Using RM 
cells)

Traffic 
Descriptor 
Parameters 
Policed by 
the
Network

Peak Cell 
Rate,
Cell Delay
Variation
Tolerance

Peak and 
Sustained 
Cell Rates, 
Maximum 
Burst Size, 
Cell Delay 
Variation 
Tolerance

Peak and 
Sustained 
Cell Rates, 
Maximum 
Burst Size, 
Cell Delay 
Variation 
Tolerance

None Minimum 
and Peak 
Cell Rate 
Cell Delay 
Variation 
Tolerance

Network
QoS
Parameters

Cell Transfer 
Delay, Cell 
Delay 
Variation, 
Cell Loss 
Ratio

Cell Transfer 
Delay, Cell 
Delay 
Variation, 
Cell Loss 
Ratio

Cell Loss 
Ratio

None Cell Loss 
Ratio

The ATM Forum [38] recommends the use of the CBR traffic class and AAL-5 for the 

transmission o f MPEG-2 video. Other service types such as rt-VBR can also be used as a
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cost-effective delivery mean o f MPEG video. If  variable rate MPEG-2 is to be carried 

using rt-VBR service, it must be shaped to conform to an ATM service contract. When 

traffic shaping is performed, there is a tradeoff between the burstiness of the traffic, the 

quality o f video, and the buffering requirements. Our discussion in this work is limited to 

CBR type ATM services for constant rate video transmission. The new emerging 

video/multimedia applications such as Video On Demand (VOD), video 

teleconferencing, distance learning, and HDTV are based upon the efficient and reliable 

transmission of video, audio, graphics, and data over computer networks. In 

multiplexing, compressing, and transporting such voluminous information over even a 

reliable network like ATM, problems such as network congestion, and information loss 

become unavoidable. End-to-end performance and Quality of Presentation (QoP) of the 

transported traffic over an ATM network is greatly influenced by the choice o f an ATM 

adaptation layer (AAL) [2,8], which enhances the services provided by the ATM layer to 

support the functions required by the next higher layer. While AAL1 can be used to 

transport Constant Bit Rate applications, AAL5 was chosen by the ATM Forum to carry 

both constant and Variable Bit Rate real and non real time services and applications.

This work deals with the transport of real-time MPEG multimedia traffic over an ATM 

network. MPEG is the most recently standardized and adopted coding system for 

multimedia applications. MPEG compression and encoding technique is based on 

exploiting both spatial and temporal redundancies; it achieves compression ratios up to 

50:1 and can encode a video or audio source with several levels of qualities. Figure 1
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presents a high level over view of how MPEG video is transported over a computer 

network.

I,P,B
video

DeMUX
videoMUX Channel

specificATM

decoder audio

MPEG

Encoder

Figure 1: MPEG Transporting Overview

In transporting MPEG over ATM several issues arise that must be addressed in order to 

achieve the desired quality o f service on an end-to-end basis. These include the choice of 

an ATM adaptation layer, encapsulation methods o f  MPEG into AAL protocol data units 

(PDU), the choice o f jitter and delay filtering techniques on the cell level, error 

concealment schemes for data loss, and investigation of the sensitivity of MPEG-2 

packets to bit errors and data loss for possible application of selective error correction 

methods.

In this work we first, address the sensitivity of MPEG-2 Transport Stream packet types to 

bit errors and cell losses by means of emulating ATM network impairments, and 

observing their effects on the perceptually received video quality when decoded and 

presented on a TV monitor.
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Second, we evaluate the performance o f AAL5 in transporting, real time, MPEG-2 

Transport Streams in the presence o f bit errors, cell losses and jitter. Third, we propose a 

cell loss concealment technique which could be used as part of the decoder or the used 

AAL to minimize the effect of cell losses on the subjectively received and evaluated 

quality o f MPEG-2 Transport Streams.

Fourth, we conduct a performance evaluation o f the end-to-end ATM layer in supporting 

CBR MPEG-2 traffic with the focus on Cell Delay Variation (CDV) and Cell Transfer 

Delay (CTD) by studying the impact o f changing different network parameters (such as 

background load, and assigned bandwidth) on the CDV and CTD for MPEG-2 CBR 

connections and consequently on the observed multimedia Quality of Presentation (QoP). 

We envision that statistical modeling o f CDV and CTD based on real time measurements 

and under various network conditions, is a key issue in designing and minimizing the cost 

o f CDV filtering techniques while preserving the desired multimedia QoP. Fifth, we 

propose a de-jittering scheme that can be used for both MPEG-2 and MPEG-4 and 

provide an overview of the MPEG-4 system. Finally, we conclude the thesis along with 

our future work.
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2 Motivation

As the communication networks are forced to support an ever-increasing number o f 

bandwidth-hungry applications, there is an urgent need to efficiently consolidate the 

existing transmission methods throughout the public and private networks in order to 

accommodate the new telecommunications economic and marketing imperatives. B- 

ISDN technology offers such a solution by providing a uniform method of transporting a 

variety o f services including voice, video, data and images using the Asynchronous 

Transfer Mode (ATM). An important benefit o f ATM technology is its ability to provide 

Quality o f Service (QoS) guarantees for any application it supports regardless of how 

stringent characteristics it may have. Today, ATM is considered the core technology for 

B-ISDN networks, and is currently commercially deployed in local as well as wide area 

networks. However, as any other data communication system, ATM networks have their 

share o f common transmission impairments, such as bit errors, cell losses, the end-to-end 

cell delay, and Cell Delay Variation (CDV). The impact o f the cell-specific impairments 

on the ATM performance needs to be quantified in order to use this technology as 

efficient as possible.

End-to-end performance and Quality of Presentation (QoP) of the transported MPEG-2 

video over an ATM network is greatly influenced by the choice of an ATM adaptation 

layer (AAL), which enhances the services provided by the ATM layer to support the

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



9

functions required by the next higher layer. While AAL1 can be used to transport 

Constant Bit Rate (CBR) video, AAL5 was chosen by the ATM Forum to carry both 

constant and Variable Bit Rate (VBR) video. The ATM adaptation layer type 5 

originally was designed for data application then was chosen by the ATM FORUM for 

the transport o f multimedia traffic for its design and implementation simplicity, without 

any real evaluation of its performance in doing so. In data application retransmission is 

always possible since data is not delay sensitive; However, live multimedia application 

such as video and audio are transmitted under a delay constraint condition where 

retransmission is usually not possible or very costly. Moreover, all ATM based 

multimedia devices such as MPEG-2 codecs were designed to support AAL5; an 

empirical investigation of the performance of ALLS for multimedia application is a must. 

The novel aspects of this thesis are as follows:

•  Since MPEG-2 was chosen and accepted as the international standardized 

compression technique for multimedia applications, researchers have worked hard on 

evaluating its video layer (compression layer); however, little work has been done in 

the evaluation of the MPEG system layer. In a real audio-visual application, the 

system layer is used to multiplex different streams such as video and audio. In our 

work the system layer has been investigated and shown to have a significant impact 

on the quality o f the decoded video and audio.
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•  A new technique developed by us to improve the received transported video quality 

under ATM/AAL5 network impairment

• An Empirical evaluation of the ATM layer in transporting CBR traffic under diverse 

operating conditions is essential for accurate analytical modeling and characterization 

of its performance parameters such as end-to-end delay, cell delay variation and cell 

losses, such evaluation was conducted and results are presented in this thesis.

•  A new de-jittering scheme is proposed which could be used to absorb any introduced 

network jitter and preserve the video quality. The MPEG standards assume a 

constant delay network and since this is not usually the case de-jittering is a must to 

preserve the temporal relationship between video objects
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3 MPEG Overview

3.1 History and Applications.

Video compression methods use mathematical algorithms to reduce (or compress) video 

data by eliminating and/or grouping and/or averaging similar data found in the video 

signal. Numerous attempts have been made to find the best method o f capturing, storing 

and playing back digital video from the desktop. While each attempt brings us closer to 

the ideal, these advances have come at the cost of incompatibility and conflicting 

standards. The International Standards Organization (ISO) has worked very hard during 

this evolutionary period to overcome these conflicts and has been successful in creating 

internationally accepted standards for digital video.

While the number o f competing compression methods has diminished greatly over the 

last few years, there is still some confusion as to which method is the right one. First rule 

o f thumb is stick to the standards. Standards don't guarantee that the solution is the best, 

but they are there for a reason. Years ago two large companies fought over Beta versus 

VHS video tape formats. Beta clearly had better quality, but millions o f dollars were lost 

when VHS was adopted because o f other factors and became the defacto standard.
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MPEG (Motion Picture Expert Group) is not a defacto standard, it is an internationally 

accepted ISO standard. Some of the most brilliant minds in the video and computer 

industries spent several years looking at every possible hill motion compression solution 

and are responsible for the MPEG specification and standard. MPEG is also not an 

attempt by one company to push a proprietary format on the computer and video 

industry. This is an open format available to all. Unlike the Beta/VHS example, MPEG 

not only is the standard, but it is clearly the winner in terms o f quality and performance.

There are a wide variety of MPEG resolutions and the ISO MPEG committee has defined 

several MPEG formats (MPEG-1, MPEG-2, MPEG-4). The MPEG compression 

algorithm is intended for compression o f full-motion video. The compression method 

uses two forms o f energy compaction: prediction is used to exploit temporal redundancy 

between frames through storing only the differences between them, and discrete cosine 

transform [1,5,6] is applied spatially within each frame. In MPEG there are three types of 

video frames: the intraframe coded frames (I), predictive coded frames (P), and bi­

directional coded frames (B). The MPEG approach is optimized for motion-intensive 

video applications [1,5,6], and its specification also include an algorithm for the 

compression o f audio data at the ratios ranging from 5:1 to 10:1.

The MPEG first-phase standard (MPEG-1) [1] is targeted for compression o f full-motion 

video at rates o f 1 to 1.5 Mbps in applications, such as interactive multimedia, CD 

storage, and broadcast television. MPEG-2 standard [5,6] is an extension of MPEG-1
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and intended for higher resolutions at bit rates from 1.5 to 15 Mbps in applications, such 

as video on demand, telemedicine, HDTV, and cable over satellite and broadband 

network broadcasting. The MPEG-2 standards also address scalable video coding for a 

variety of applications with different image resolution, such as video communications 

over ISDN networks using ATM. The MPEG-4 [30,31,32] standard is not yet finalized 

and although its encoding rage spans a large spectrum (6 Kbits- 35Mbits) it is mostly 

intended for low bit rate applications from 6-64 Kbps such as video telephony, interactive 

application over the Internet, and multimedia applications over error prone wireless 

network.

3.2 MPEG Video Compression and Coding.

3.2.1 Compression Method and Coding Principles.

The goal of video compression is to massively reduce the amount of data required to 

store or transport the digital video file or sequence of images by means o f spatial and 

temporal redundancy reduction, while retaining the quality of the original video. With 

this in mind, there are several factors which need to be taken into account when 

discussing digital video compression.

• Real-time Versus Non-Real-time

• Compression Ratios

• Lossless versus Lossy

• Inter frame Versus Intra frame
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• Bit Rate Control

Real-time Versus Non-Real-time - The term “real-time” has been badly abused. In the 

compression world it means the ability to process 30 frames per second sustained. Some 

compression systems can capture, compress & store to disk, and decompress & play back 

video (30 frames per second) all in real time. Other systems are only capable o f 

capturing some o f the 30 frames per second and/or are only capable of playing back some 

o f the frames. Insufficient frame rate is one o f the most noticeable video deficiencies. 

Without a minimum of 24 frames per second, the video will be noticeably "jerky”. In 

addition, the missing frames will contain extremely important lip synchronization data. 

In other words, if  the movement of a person’s lips is missing due to dropped frames 

during capture or playback, it is impossible to match the audio with the correct video.

Compression Ratios - A second issue is often referred to when working with 

compressed video. The compression ratio describes how much smaller than the original 

video the compressed video is. If the compression ratio is higher, then more compression 

has been applied to the video. Generally, the higher the compression ratio, the potentially 

poorer the video quality. With MPEG, compression ratios of 50:1 are common, with good 

image quality. Motion JPEG (Joint Photographic Experts Group) provides ratios ranging 

from 5:1 to 20:1, although 10:1 is about the maximum for maintaining a good quality 

image.
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Lossless Versus Lossy - The “loss” factor determines whether there is a loss of data (and 

therefore quality) between the original image and the image after it has been compressed 

and played back (decompressed). The more compression there is, the more likely that 

quality will be affected. Virtually all compression methods lose some data when 

compressed. Even if the quality difference is visually lossless, these are considered 

“lossy" compression methods. At this point in time, the only "lossless" algorithms are for 

still image compression. Using current methods, lossless compression can usually only 

compress a photorealistic image by a factor of 2:1.

Inter frame Versus Intra frame - This is probably the most widely discussed and 

debated compression issue, and constitutes the basic difference between MPEG and 

Motion JPEG. Motion JPEG uses the “intraframe” method, which compresses and stores 

each video frame as a discrete picture. MPEG, in contrast, uses a combination of the 

intra frame and “inter frame” method. Inter frame compression is based on the idea that 

although action is happening, the background in most video scenes remain stable, a great 

deal o f the scene is redundant. Under MPEG, compression is started by creating a 

reference frame, called an “I” or intra frame and it acts as a random access point. Each 

subsequent frame o f the video is compared to the previous frame and the next frame, and 

only the differences between the frames is stored. Since only the differences are stored, 

the amount o f data is substantially reduced. This process is repeated for a user definable 

number of frames (usually 9 to 120 depending on the application), then another "I" frame
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is created, and the whole process is repeated. This combination o f frames is referred to as 

a “GOP” or Group o f Pictures.

Bit Rate Control - The final factor to be aware of with video compression is bit-rate 

control, which is especially important if your system has a limited bandwidth. A good 

compression system should allow the user to control the total or average data rate.

Compressed digital video such as MPEG is inherently variable rate since its complexity 

and motion content affect the encoding bitrate required to maintain picture quality. ATM 

networks have the flexibility to support both constant rate and variable rate services and 

can provide statistical gains when using variable rate MPEG. However, uncontrolled 

burstiness will lead to inefficient use o f network resources by occasionally requiring 

excessively high processing, storage (buffering), and transmission capacity from the 

network. These requirements motivated the early implementers and providers of digital 

video services to use a constant bitrate channel for delivering real-time video to 

customers. Digital video encoder manufacturers, accordingly, implemented additional 

rate-control and buffering in the encoder to generate a constant bitrate stream for 

transmission and distribution applications. The fullness of the rate-control buffer 

dynamically controls the quantization resolution so that the number o f bits generated per 

picture satisfies the bitrate constraints of the video stream. These rate adaptation methods 

not only lead to variable video quality but also may result in poor utilization of
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bandwidth since the rate must be selected to accommodate the most complex scenes, and 

the encoder may need to use stuffing bits to maintain the constant bitrate.

Variable bitrate encoding can achieve improved coding efficiency by better matching the 

encoding rate to the video complexity. Variable rate encoding is currently used in 

storage applications such as Digital Versatile Discs (DVDs) to achieve significant storage 

savings. Using variable bitrate MPEG, it should be possible to achieve substantial 

savings in networking resources while maintaining video quality, i f  the burstiness of the 

video can be controlled using some pre-specified constraints. In addition, it is possible to 

offer a more constant video quality than can be provided using constant rate encoding. 

Savings in storage resources, such as server capacity, allow more movies or video 

sequences to be stored using the same capacity. Similarly, savings in networking 

resources imply that the same amount of switching, buffering, and transmission capacity 

can be used to deliver more video content to the customer while maintaining the 

application level Quality o f Service (QoS) requirements. Either source coding or output 

shaping or a combination of the two can be used for adapting MPEG video streams for 

transmission over variable bitrate ATM channels. To achieve such savings, it is 

imperative that we control the burstiness and bitrate variability o f a single stream or a set 

of multiplexed streams in order to make the stream(s) adhere to a traffic contract while 

maintaining the desired video quality. The bandwidth saving for transmission 

applications may be smaller than for storage applications due to additional restrictions 

that the network places on the video’s burstiness [17,43].
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3.2.2 Basic Coding Units in MPEG.

The MPEG algorithm uses the following basic units as in Table 2:

Block: A block is the smallest coding unit in the MPEG intraframe DCT coded frames. 

It is made up o f 8 x 8 pixels and can be one o f three types: luminance (Y), red 

chrominance (Cr), and blue chrominance (Cb).

Macroblocks: A macroblock is defined as the minimum coded unit and consists o f four 8 

x 8 blocks of Y, one 8 x 8  block Cr and one 8 x 8 Cb block. The maximum dimension of 

a macroblock is 16 pixels, and each video picture is divided into a series o f macroblocks, 

from left to right and from top to bottom.

Table 2: Basic Units of MPEG-2 Video Encoding

Basic Units o f MPEG-2 Video Encoding

Sequence Layer Random Access Unit: Context

Group o f Pictures Layer Random Access Unit: Video Coding

Slice Layer Primary Coding Unit

Macroblock Motion Compensation Unit

Block DCT Unit

Slice: A slice is the basic resynchronization unit since coding of each slice is done 

independently from its adjacent one. A slice forms the horizontal strip of a video picture 

and it is the main processing unit in MPEG.
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Picture: A single frame o f a video sequence in MPEG is called a picture.

Group-of-Pictures: A Group-of-Pictures (GOP) is a sequence o f coded pictures arranged 

in a specific pattern for example 1BBPBBPBBI. It provides random access and its 

characterized by tow parameters: M, the distance between an I frame and the next P 

frame, typical values (0,1,2); and N the distance between two consecutive I frames, 

typical values (0 to 15).

Sequence: A sequence is a series o f GOPs.

3.2.3 Picture Types in MPEG-2.

MPEG is quite flexible and offer trade off between coding efficiency 

based on application-specific parameters. MPEG-2 defines three 

pictures:

Intra-picture s (I-pictures): I-Pictures are compressed using intra frame coding (spatial 

redundancy reduction only); that is, they do not reference any other pictures in the coded 

bit stream. They provide for random access, but offer only moderate compression.

and random access 

different types of
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Predicted pictures (P-pictures): P-pictures are coded using motion-compensated 

prediction from past I-pictures or P-pictures. The compression for P-pictures is higher 

than for I-pictures and both spatial and temporal redundancy reductions are achieved. P- 

pictures can be used as reference point for additional motion compensation.

Bi-directionally predicted pictures (R-pictures): B-pictures provide the highest degree 

of compression. They are coded using motion-compensated prediction from either past 

and/or future I or P pictures. Since B-pictures are not used in the prediction o f other B or 

P pictures, such pictures can accommodate more distortion and hence yield more 

compression than I or P pictures. Moreover, because B-pictures reference both past and 

future pictures the coder has to reorder the pictures that are involved in the codec process 

so that each B-picture is produced after all the referenced pictures. This introduces a 

reordering delay which depends on the interval between consecutive B-frames. Figure 2 

shows a typical MPEG-2 video sequence and the relationship among picture types. The 

I-picture is coded first then next the P-picture and then the interpolated B-picture between 

the two.

Backward prediction Forward prediction 

Figure 2: Frames Types in MPEG
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3.2.4 Statistical Characteristics of MPEG Video.

Traffic from video sources is envisaged to be a substantial portion of the traffic in 

broadband networks [17,18,21]. Statistical sources models o f different types o f  video 

traffic are needed to design networks that achieve acceptable picture quality at a 

minimum cost, and to control and shape the output rate. For instance, source models are 

needed to do admission control and bandwidth allocation [24,25,37,43]. Since a 

significant fraction o f video traffic is expected to be generated by MPEG sources, it is 

important to understand the statistics of traffic from MPEG sources. It is not our intend 

in this thesis to model sources of MPEG video, but to show statistics o f some MPEG 

video clips and their bursty nature. For example, Figure 3 and Figure 4 show how the bit 

distribution and burstiness of MPEG-2 clips depending on the video content. The 

MPEG-2 video clips were: an action movie encoded as a variable bit rate with a peak o f 6 

Mbits and an average rate of 3 Mbits and a talking head clip encoded as a variable bit rate 

with a peak o f 3 Mbits and an average rate o f 2 Mbits. Both clips were 15 minute long 

encoded using the same GOP structure IPBBPBBPBBPBBPBBI using a commercial 

MPEG-2 encoder. Figure shows the bit distribution o f an MPEG-4 video clip encoded at 

30 fps, with a GOP structure IPBBPBBPBBPBBI. The MPEG-4 video clip was a 15 

minute action movie clip encoded as a variable bit rate with a peak of 268 kbps and an 

average rate o f 75 kbps using a software MPEG-4 encoder. As seen from Figure 3 and 

Figure 4, the MPEG-2 action movie exhibit much more variation and burstiness in its 

video frame sizes than the talking head clip which is expected due to the fact that action 

video has more frequent scene changes and fast motion scenes than talking head. Similar
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characteristics o f burstiness and wide frame bit distribution as that o f the MPEG-2 action 

movie clip can be seen in Figure 5 for the low bit rate MPEG-4 action movie clip. For 

more details on the statistical modeling o f MPEG video sources the reader is referred to

[24,25,27].
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Figure 3: Bit Distribution o f the MPEG-2 Action Movie Clip
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Figure 4: Bit Distribution of the MPEG-2 Talking Head Video Clip
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Figure 5: Bit Distribution o f the MPEG-4 Action Movie Video Clip
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3.2.5 Compression Stages in MPEG.

Compression o f digital data is based on various computational algorithms, which can be 

implemented either in software or in hardware. To achieve the desired compression ratio 

both spatial and temporal redundancy reduction techniques are needed. Here we discuss 

the MPEG encoder structure and its compression stages. Figure 6 describes a block 

diagram o f an MPEG encoder with its various stages. The idea behind the buffer at the 

output o f the encoder is to maintain a constant output data rate. When it begins to get 

empty, it sends an underflow message to the quantizer to increase the bit rate, and when it 

begins to get full an overflow message is sent to the quantizer to reduce its bit rate.

It is important to understand that the MPEG standards do not define an encoding process, 

but they specify the syntax of coded bit stream.

DCT coding:

The Discrete Cosine Transform (DCT) is based on and related to the Discrete Fourier 

Transform (DFT). In principle, the DCT introduces no loss to the source image samples; 

it merely transforms them to a domain in which they can be more efficiently encoded. To 

transform and concentrate the video energy o f an image into few coefficients, the actual 

image is divided into blocks o f 8 x 8 and then transformed using a two dimensional (2D) 

DCT which can be considered as a one dimensional DCT on the columns and a one 

dimensional DCT on the rows. Each 8 x 8  block o f source image samples is effectively a 

64-point discrete signal which is a function o f two spatial dimensions.
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Figure 6: Typical MPEG Encoder 

The DCT takes such a signal as its input and decomposes it into 64 orthogonal basis 

signals. Each contains one of the 64 unique two dimensional spatial frequencies which 

comprise the input signal spectrum. The output o f  the DCT is the set o f 64 basis signal 

amplitudes or "DCT coefficients" whose values are uniquely determined by the particular 

64-point input signal.

The DCT coefficient values can thus be regarded as the relative amounts of the 2D spatial 

frequencies contained in the 64-point input signal. The coefficient with zero frequency in 

both dimensions is called the "DC coefficient" and the remaining 63 coefficients are 

called the "AC coefficients". Because sample values typically vary slowly from point to 

point across an image, the DCT processing step lays the foundation for achieving data 

compression by concentrating most of the signal in the lower spatial frequencies. For a
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typical 8 x 8  sample block from a typical source image, most o f the spatial frequencies 

have zero or near-zero amplitude and need not be encoded

Quantization:

The next stage o f the encoding process after the DCT is Quantization. Quantization is 

defined as division of each DCT coefficient by its corresponding quantizer step size using 

a 64-element quantization table specified by the application, followed by rounding to the 

nearest integer. Quantization is a many-to-one mapping, and therefore is fundamentally 

lossy. It is the principal source of lossiness in DCT-based encoders. The quantization 

reduces the amplitudes o f the coefficients which contribute little or nothing to the quality 

o f the image, with the purpose of increasing the number o f zero coefficients. 

Quantization also discards information which is not visually significant.

When the aim is to compress the image as much as possible without visible artifacts, each 

step size ideally should be chosen as the perceptual threshold for the visual contribution 

of its corresponding cosine basis function. These thresholds are also functions of the 

source image characteristics, and display application.

In MPEG-2 and when both iner- and intra coded pictures are present, quantization is done 

based on the picture type. The intra coded blocks contains energy in all frequencies and 

are very likely to produce "blocking effects" if  too coarsely quantized; on the other hand,
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prediction error type blocks (inter coded) contain predominantly high frequencies and can 

be subjected to much coarser quantization

Entropy Coding:

The final DCT-based encoder processing step is entropy coding. This step achieves 

additional compression by encoding the quantized DCT coefficients more compactly 

based on their statistical characteristics. Compression is done by serializing the DCT 

coefficients and arranging them in a zig-zag manner as shown in Figure 7. The scanning 

starts from the DC coefficient and follows the zig-zag pattern till it reaches the last AC 

coefficient

In MPEG-2 an alternative scanning method might be used as shown in Figure 7. The 

sequence of coefficient is then entropy coded using a VLC. The output of the VLC 

consists of a string of zeroes which can be increased by the data scanning method. The 

string of zeroes is then replaced with a code length representing the number of zeroes in 

the string.
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Figure 7: Scanning in MPEG

Motion Compensation and Estimation:

For temporal redundancy reduction o f a video signal, MPEG uses the motion 

compensation prediction (P) and interpolation or bi-directional (B) techniques (inter­

picture coding). The basic motion compensation units used are called macroblocks (16 x 

16 blocks). Prediction motion compensation is based on the assumption that the current 

picture can be modeled as a translation o f the picture at some previous time. 

Interpolation motion compensation is based on the reconstruction o f the video signal by
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adding a correction term to combination o f past and future reference. Although 

in terpo la te  prediction introduces coding delay and complexity, it has great advantages 

such as: noise reduction because of the averaging process, complete coverage of 

uncovered scenes, and bit rate reduction.

The coding process for P and B frames includes the motion estimator, which finds the 

best matching macroblock in the available reference frames as shown in Figure 8. 

Motion estimation is used to extract the information from video sequence. For every 16 x 

16 block (macroblock) of P and B frames, one or two motion vectors are calculated. One 

motion vector is calculated for P frames, while two motion vectors are calculated for 

interpolated B frames.

The MPEG standards do not specify the motion estimation technique, however block 

matching techniques are usually used. In block matching techniques, the goal is to 

estimate the motion of a block of size (n x m) in the present frame in relation to the pixels 

o f the previous or future frames. The block is compared with a corresponding block 

within a search area of size (m + 2p x n + 2p) in the previous or the future frame, as seen 

in Figure 8. In a typical MPEG system, a macroblock or a match block is 16 x 16 pixels

i.e. n = m = 16, and the parameter p = 6 (Figure 8).
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Figure 8: Motion Compensation and Prediction in MPEG

MPEG-2 Scalability Featnres:

One of the most attractive features about MPEG-2 is its scalable syntax. Scalable syntax

[6,20,21,26,27] allows reconstruction of useful video with a user defined acceptable 

video quality from the total bit stream. Different scalability schemes are used for 

modeling MPEG-2 video traffic as two layers. This is achieved by structuring the total 

bit stream as layers, starting with the base layer and adding a number o f enhancement 

layers as desired by the application type. In order to achieve a scalable syntax codecs 

must support Layered Source Coding (LSC) techniques. With LSC it is possible to 

generate and control a high priority (HP) layer (or base layer) which contains the most
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important video information and whose transport over a communication network should 

be guaranteed to ensure a user defined acceptable video quality.

The difference between the HP layer and the original bit stream is to be encoded as a low 

priority (LP) enhancement layer and to be transmitter on demand or as best effort traffic 

since loss of video at this level is not so critical. Many forms of scalability exist. For 

example, temporal, spatial, and SNR scalability provide variations in temporal, spatial, 

and amplitude resolution o f the video.

3.3 MPEG-2 System Layer.

The MPEG-2 (ISO 13818-2) is known as the compression specification for audio and 

video, where the MPEG-2 system layer specification is known as (ISO 13818-1). The 

system layer provides a transmission medium independent coding and encapsulation 

technique to build bit streams containing one or more MPEG programs. This is made 

possible through a formal grammar and a set of semantic rules for the construction of bit 

streams that include provisions for the following functions:

1) Synchronization of multiple compressed streams on decoding.

2) Interleaving and multiplexing of multiple compressed streams into a single stream.

3) Initialization and management o f buffering at the decoder.

4) Clock recovery and time identification

5) Error detection.

6) Encryption, and data privatization.
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Each program in MPEG-2 is composed o f one or several Elementary Streams (ES) with a 

common time base. An Elementary Stream is a generic term for any single encoded bit 

stream (audio, video, or data) with a common time base. An Elementary Stream consists 

o f successive access units (video pictures or audio frames). Each ES is packetized into a 

Packetized Elementary Stream (PES), the multiplexed with other PES to form either a 

Program Stream (PS) or a Transport Stream (TS). The process describing the different 

stages o f the MPEG-2 system layer is described in Figure 9.

F

T

MPEG-2 Video ES. MPEG-2 PES.w System
ES ES Layer

Encoder Audio ES. Packetizer PES. MUX— p. —>

MPEG-2 Encoder

Figure 9: MPEG-2 System Layer

3.3.1 Packetized Elementary Stream (PES).

The MPEG-2 Elementary Streams are packetized individually to form individual 

Packetized Elementary Streams. The structure of a PES provides a method o f packaging 

subparts o f a longer video, audio, or data ES where timing and header indicators are 

added to facilitate re-assembly and decoding at the decoder side. PES packets are of
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either constant or variable length* and the length was not specified by the MPEG-2 

standards. A PES packet consists o f a header and a payload. While the payload is 

nothing but information from an ES, the header contains vital and crucial information and 

indicators. For example, an optional Cyclic Redundancy Check (CRC) might be included 

for error detection and protection mechanisms. A PES header starts with a 24 bit field to 

identify the start o f it, the Stream_ID 8 bit field specifies the type and number o f the ES 

in the PES packet, and the PES_Packet_Length 16 bit field is to indicate the number of 

bytes in the PES packet following its last byte. Among the many optional PES header 

fields are the following:

•  Scrambling _Control field (2 bits) for encryption.

• Priority_Indicator field (1 bit) to indicate priority among PES packets.

•  PTS_DTS field (2bits) and takes one of the following values:

1. "00" : No Presentation Time Stamp (PTS) or Decoding Time Stamp 

(DTS) is present in the current PES packet.

2. "10" : Only a PTS present in the current PES packet.

3. "11": Both PTS and DTS are present in the current PES packet.

4. "01" : Forbidden, reserved for future applications.

Figure 10 describes the structure o f a PES, and shows some of the header fields. For a 

complete PES structure format the reader is referred to [6].
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24 bits 8 16
Packet Start code Stream II PES packet 

____Length____

Optional
PES
Header

Payload

among many

SC PI PTSJDTS
2 bits 1 2

Figure 10: MPEG-2 PES Packet Format 

3.3.2 Program Stream (PS).

A program stream is defined as a collection of one or more Elementary Streams with a 

common time base. A PS is similar to the MPEG-1 syntax since it utilizes variable 

length packets called packs and each pack consist of a number o f  constant or variable size 

multiplexed PES packets. Because of the long size packs used, a loss of one pack may 

lead to a loss of a video frame, therefore; a PS is only suitable for an error free 

environment. The variability in the pack size makes the MPEG decoder dependent on a 

pack-length field encoded within the pack header to distinguish the boundaries (start and 

finish) of a pack, therefore; a PS is intended for synchronized applications. Relevant PS 

applications would include program storage and playback from a local digital storage 

media such as a CD ROM or a local video on demand server.

3.33  Transport Stream.

The MPEG-2 Transport Stream (TS) is a multiplex of a one or more digital programs 

which may consist of an ES, a PS or a TS. Each program may have its own individual
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time base or it may share a time base with another program. In the TS syntax, PES 

packets are segmented and encapsulated into fixed size TS packets o f 188 bytes each. 

The TS is designed for transmission in errored conditions and includes features for error 

resiliency and packet loss detection. Figure 11 describes the general structure format of a 

TS.

Header Payload Header Payload

4 bytes 184 bytes /

SYNC TEI PUS! TP PID TSC AFC CC

8 bits 1 1 1 13 2 2 4

Figure 11: MPEG-2 TS Format 

Transport Stream packets begin with a 4 byte prefix containing the following fields: 

Sync: the Sync_byte is a fixed 8 bit field whose value is '0100 0111' (0x47), it is used by 

the decoder to identify the start of a TS packet every 188 bytes.

TEI: the transport error indicator is a 1 bit flag. When set to '1* it indicates the presence 

o f at least one corrupted bit in the TS packet.

PUSI: the payload unit start indicator is a 1 bit flag. When set to T , it indicates that the 

payload of the TS packet should start with the first byte of a PES packet or a Program 

Specific Information (PSI) section.

TP: the transport priority bit is used to prioritize TS packets within the same stream.
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PID: the packet ID is a 13 bit field used to distinguish the kind of data stored in the TS 

packet payload and the reconstituting o f ES's from the multiplexed TS.

TSC: the transport scrambling control is a 2 bit field which specifies the encryption mode 

o f the TS packet payload.

AFC: the adaptation field control is a 2 bit field which indicates the contents type o f the 

payload.

CC: the continuity counter is a 4 bit field which gets incremented every time a non 

duplicate TS packet with the same PID is sent.

The payload of a TS may consist of the following:

1) Information from PES packets which consist o f more headers, timing information like 

picture decoding and presentation time stamps, and media information (video, audio).

2) Adaptation Field (AF), which may contain MPEG related information like the 

Program Clock Reference (PCR) field used by the decoder for clock recovery, and 

private information like the encryption key management.

3) PSI tables which provide the decoder with the necessary and sufficient information for 

de-multiplexing, decrypting and decoding a TS. The PSI tables carried in the TS are of 

four types:

PAT: the program association table provides the correspondence between a program 

number and the PID values o f the TS packets which carry the program map table (PMT). 

PMT: provides the mapping between program numbers and ES's that comprise them, and 

it is the complete collection o f all program definitions for a TS.
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NIT: the network information table provides the physical network parameters such as 

FDM frequencies, and it is transmitted as a private section with a reserved program 

number (0x0000).

CAT: the conditional access table provides the association between one or more 

conditional access systems, their entitlement management messages (EMM) streams, and 

any special parameters associated with them, such as entitlement control messages 

(ECM). In the broadcasting applications the CAT is used to control the subscriber 

accessible channels and to enable the user to block certain programs.

3.4 MPEG-4.

After completing the MPEG-1 and MPEG-2 standards, MPEG is currently completing 

the work on developing a new coding standard for very low bit-rates. This activity, 

known as MPEG-4 [30,31,32,33], is targeted at video bit rates from 6 kbps to 4 Mbps for 

applications such as:

• Videotelephony and videoconferencing with low delay requirements

• Symmetric and asymmetric remote expertise and classrooms (tele-medicine, tele­

mechanic, and distant learning).

•  Interactive information based retrieval.

•  Very low bit-rate scalable multimedia distribution over error prone networks for 

portable and mobile receivers.
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MPEG-4 is an object based compression technique where natural and synthetic 

audiovisual objects (AVO) can be arranged into an audiovisual scene using scene 

description. The MPEG-4 specifications describe three layers, the compression layer, the 

system or sync layer and the delivery layer.

At the compression layer elementary streams (ES) are formed, where an ES may contain 

one o f the following:

•  Object Descriptor Stream: Identify describe and associate ESs together.

•  Scene Description Streams: A scene descriptor is encoded as a Binary Format for 

Scene (BIFS) and it describes the spatial and temporal positioning of audiovisual 

objects in a scene.

•  Media Streams: Coded audiovisual information.

•  Object Content Information Streams: Carries information such as content 

classification descriptors, keywords, language...etc.

•  Timing information: Clock reference values for synchronization and decoding AVOs.

The system or sync layer (SL) is where each ES is divided into one or more access unit 

(AU). Each AU is then divided into SL-packets to form a SL-packetized stream (SPS) 

where timing, synchronization and random access information as will as padding bytes 

are inserted to facilitate proper encapsulation, decoding, composition and playback of 

media objects. However, a sync layer packet does not contain information on its length 

or on ES identification, this information is to be provided by the lower layer protocols by
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which the SL packetized stream is encapsulated for delivery. The interface between the 

compression layer and the sync layer is called the elementary stream interface (ESI).

An optional and application dependent layer called the FlexMux layer exists between the 

sync layer and delivery layer. The FlexMux layer is used to interleave one or more 

elementary streams into a FlexMux stream. The FlexMux layer also can be utilized for 

the proper framing of SL-packets to fit the profile of the underlying transport protocol.

The Delivery layer in MPEG-4 consists of the Delivery Multimedia Integration 

Framework (DMIF) [32]. This layer is media unaware but delivery technology aware. 

The delivery layer ensures transparent access to MPEG-4 content irrespective of the 

transport network technology used (e.g. IP or ATM). The boundary between the sync 

layer and the delivery layer is called DMIF application interface (DAI). The DAI is a 

generic API dependent on the operation system and the programming language used. It 

is used to define the functions of the DMIF layer and to allow the DMIF user to specify 

the quality o f service (QoS) requirements of the desired stream to be transported using 

any permissible transport protocol stacks (TransMux layer). The TransMux layer is not 

specified by MPEG-4 and could consist of any stack of protocols with properties 

consistent with the MPEG-4 requirements.
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4 MPEG-2 over ATM Networks

4.1 Introduction.

Asynchronous Transfer Mode (ATM) is considered the core technology for B-ISDN 

networks, while MPEG-2 is the most recently standardized and adopted coding system 

for multimedia applications. The new emerging video/multimedia applications such as 

Video On Demand (VOD), video teleconferencing, distance learning, and HDTV are 

based upon the efficient and reliable transmission of video, audio, graphics, and data over 

computer networks. In multiplexing, compressing, and transporting such voluminous 

information over even a reliable network like ATM, problems such as network 

congestion, and information loss become unavoidable. End-to-end performance and 

Quality of Presentation (QoP) of the transported MPEG-2 video over an ATM network is 

greatly influenced by the choice of an ATM adaptation layer (AAL) [14,22], which 

enhances the services provided by the ATM layer to support the functions required by the 

next higher layer. While AAL1 can be used to transport Constant Bit Rate (CBR) video, 

AAL5 was chosen by the ATM Forum to cany both constant and Variable Bit Rate 

(VBR) video.

Through a combination of spatial and temporal compression techniques, MPEG-2 video 

can be compressed up to approximately 50:1 while preserving image quality. The spatial
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compression techniques are same as those used by JPEG and include Discrete Cosine 

Transform (DCT), quantization and entropy coding. The temporal compression 

techniques used rely on block-based motion compensation to reduce the temporal 

redundancy. In MPEG three main picture types are defined. Intra-coded pictures (I- 

pictures) are coded without reference to other coded pictures. They provide access points 

to the coded sequence where decoding can begin, but are coded with only moderate 

compression. Predictive coded pictures (P-pictures) are coded more efficiently using 

motion compensated prediction from a past intra or predictive coded picture and are 

generally used as a reference for further prediction. Bidirectionally-predicted coded 

pictures (B-pictures) provide the highest degree o f compression but require both past and 

future reference pictures for motion compensation.

An MPEG-2 program is a single bit stream that may consist of multiplexed video, audio, 

and data. The individual program components called elementary streams are packetized 

into either constant or variable size packets to make the individual packetized elementary 

streams (PES). The MPEG-2 system layer then multiplexes the different PES’s into 

either a Program Stream (PS) intended to be transported over a lossless error free 

network, or into a Transport Stream (TS) designed for transmission over noisy and lossy 

networks. A transport stream consists o f fixed size packets of 188 bytes, the first four 

bytes are the header fields, while the remaining 184 bytes form the payload.

Figure 12 shows the format of TS packets. The payload may consist o f one or more of 

the following:
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a) PES packets which besides the element stream data, contain timing information like 

picture decoding and presentation time stamps.

b) Adaptation Field (AF), which may contain one or more o f the following: MPEG 

related information like the Program Clock Reference (PCR) field used by the 

decoder for clock recovery, private information like the encryption key management 

or simply padding bits for alignments o f TS packets.

c) Program Specific Information (PSI) [3,6] tables to provide the decoder with the 

necessary information for demultiplexing, decrypting and decoding a TS.

4.2 Sensitivity of MPEG-2 Transport Stream to Network Impairments.

The sensitivity o f various types of the MPEG-2 TS packets to errors is valuable 

information when selectively applying Forward Error Correction (FEC) codes to 

minimize their overhead while preserving the video quality. In investigating the 

sensitivity o f the MPEG-2 TS for bit errors and cell losses we used two groups o f TS 

video clips. Group 1 has the encoding sequence IBBPBBPBBPBBPBB encoded at 5.77 

Mbps with automatic I frame insertion on scene changes. Group 2 consists of MPEG-2 

ESs which we downloaded from [4], and we used a software multiplexer to form TSs. 

Group 2 has the encoding sequence IBBPBBPBBPBB encoded at 1.5 Mbps.

Figure 13 and Figure 14 show the bit distribution o f two encoded sequences, Nature at 

5.77 Mbps and Suzi at 1.5 Mbps.

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



43

H eadei Payload Headei Pay load

4 bytes  1 84 bytes  .

SYNC TEI PUS TP PID TSC AFC CC

8 bits 1 1 1 13 2 2 4

SY NC : Synchronizat ion byte 
TEI  : Transpor t  Error  Indicator  
PUSI  : Payload Uni t  Start  Indicator
TP : Transpor t  Priori ty
PID : Packet  ID
TSC : Transpor t  Scrambl ing  Cont rol
AFC : Adaptat ion Field Control
CC : Cont inui ty Coun te r

Figure 12: MPEG-2 TS Packet Format

1000000 
900000 
800000 

B ite 700000 
600000 
500000 
400000 
300000 
200000 
100000 

0
1 27 53 79 105 131 157 183 209 235 261 287 313 339 365 391 417 443 469 495 521

frame number

Figure 13: Bit Distribution o f the MPEG-2 Video Clip Nature
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Figure 14: Bit Distribution of the MPEG-2 Clip Susi.

For decoding and playing back the TSs we used an Optivision hardware decoder at 30 

frames per second.

Errored (with bit errors) and incomplete MPEG-2 TS video clips were generated in two 

ways:

1) Bit Error Rates (BER) ranging from 10‘3 to 10*8, and Cell Loss Ratio (CLR) ranging 

from 10‘2 to 10"6 with normal or uniform distributions.

The resulting errored and incomplete streams were decoded in two ways:

a) With AAL5 PDUs dropped for each cell lost or for a single bit error.

b) With no AAL5 segmentation, the resulting streams were decoded as they were.

2) Bit errors or cell losses in specific fields and packets were as follow:
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a) Bit errors in each field o f the 4 byte header were inserted with a certain frequency, 

and the resulting transport stream was decoded to observe the impact

b) Bit errors were generated within the payload of transport stream packets of the 

same type according to a header field (PUSI =1, PID = 0x000, etc.), and the errored 

transport streams were decoded.

d) Transport stream packets o f each desired type, as in part b, were segmented using 

AAL5, and ATM cells were dropped, one at time. The resulting corrupt AAL5 PDU 

was dropped, and the resulting data stream was decoded.

To investigate the sensitivity o f TS packets based on frame types, we prioritized packets 

from I frames using the TP bit and forced bit errors or cell losses within TS packets of P, 

and B frames. The resulting transport streams were decoded and compared with 

unprioritized errored and incomplete transport streams. As expected, protecting TS 

packets o f I frames from bit errors or cell loss greatly improved the received video 

quality even with much higher error rates.

The video quality was evaluated based on the frequency of picture freezing, picture tiling, 

color changing, and irregular motion o f still pictures, or “blurring”. Table 3 and Table 4 

summarize the observed artifacts o f bit errors in the header fields o f a TS packet and cell 

losses in different TS packet types respectively.
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When an error occurs in the Sync, or PID field, the effect is equivalent to a TS packet 

loss. A bit error in the AFC will cause the decoder to interpret the bytes that follow the 

header incorrectly. For example, if  the AFC value is changed from (01), which indicates 

to the decoder that the payload only consists of video information, to (11), the decoder 

will assume the payload comprises both video and adaptation field information, and the 

presented picture is affected.

A PUSI field o f one will indicate whether the payload of a TS packet starts with the first 

byte of a PES packet or with a one byte pointer to a section o f a PSI table within the TS 

packet The TS video clips we used were formed using PES packets of variable lengths, 

each containing one video frame; therefore, a bit error in the PUSI field or bit errors and 

cell losses in the payload of TS packets with PUSI=1 caused screen blanking and picture 

mixing which greatly degraded the video quality.

Table 3: Sensitivity of TS Packet Header to Bit Errors

Field Artifacts
Sync Tiling, Blurring, Picture Freezing, Color change
TEI No artifacts (decoder dependent)

PUSI No playback, Screen Blanking
TP No artifacts
PID Tiling, Blurring, Picture Freezing, Color change
TSC No artifacts
AFC Tiling, Blurring, Picture Freezing, Color change
CC No artifacts
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Table 4: Sensitivity of TS Packet Types to Bit Errors and Data Loss

TS Packet 
with Bit Errors

Artifacts: 
Cell Losses

PID 0x0000 
PID OxlFFF 

RAI=1

PUSI=1

Packets from I 
frames 

Packets from P 3  
frames

No Playback 
No Artifacts 

Screen Blanking, Picture 
Freezing 

Screen Blanking, Picture 
Freezing 

Tiling, Blurring, Color 
Change 

Tiling, Blurring, Color 
Change

No Playback 
Tiling, Blurring 

Screen Blanking, Picture Freezing

Screen Blanking, Picture Freezing

Picture Freezing, Tiling, Blurring, Color 
Change

Tiling, Blurring, Color Change

The Random Access Indicator (RAI) is a one-bit field of the AF. The payload o f TS 

packet with a RAI=1 is greatly sensitive to errors since it contains the first byte of a video 

sequence header, and acts as a random access point.

TS packets with PID=0x0000 make up the Program Association Table (PAT) [6] which 

is used to enable the decoder to map the different PIDs of TS packets to their associated 

programs. Errors in the PAT may block the decoder from starting a program. Cell losses 

in null packets (PID = OxlFFF) causes a temporary loss o f synchronization among 

packets, and tiling and blurring artifacts are observed.
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4 3  Performance Evaluation of AAL5 in Transporting MPEG-2 Transport

Stream.

When an MPEG-2 TS is encapsulated using AAL5, as in Figure IS, two fields o f the 8 

byte AAL5 trailer are used for error detection. The Cyclic Redundancy Check (CRC), 4 

bytes, is used for bit error detection over the entire PDU and the Trailer, while the Length 

Field (LF), 2 bytes, is used for cell loss detection. When there is a CRC error, a complete 

Protocol Data Unit (PDU), in this case 8 ATM cells, is discarded even for a single bit 

error. A discrepancy in the PDU length (caused by cell loss) will also result in the loss of 

two transport stream packets or a total o f376 bytes. Dropping the last cell in a datagram, 

which contains the end o f datagram flag, could cause four packets to be dropped. In our 

experiments, we distinguished between two basic network impairments, bit errors and 

cell losses. PDUs with errored bits are referred to as errored PDUs, while those with lost 

cells are referred to as incomplete PDUs. In the case o f errored PDUs, the experiments 

we conducted prove (Figure 16) that passing the errored PDU to the higher layer greatly 

improves the received video quality. This encourages us to believe that enabling the 

CRC should be optional. However, passing incomplete PDUs to the higher layer yielded 

no improvement over discarding the PDU when no corrective measures are taken.

Recently, deliberation at the ATM Forum has concluded that passing incomplete PDUs 

along with the LF is highly desirable. Next, we present how the length field when passed

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



49

along with the AAL5 CPCS PDU to the upper layer can be used to improve the video 

quality.

P a c k e t i z e d  E l e m e n t a r y  S t r e a m  P a c k e t

M P E G - 2  

Sy s t em  L a y e r TS P a c k e t TS P a c k e t TS P a c k e t

1 88 by t e s

C o m m o n  Pa r t  
C on v e r g e n c e  
Sub  l a y e r  o f  
A A L5

TS P a c k e t TS P a c k e t

C P C S  P D U T ra i l e r

3 76 by t e s

S A R S u b l a y e ■ □ □ □
48 b y t e s  s e g m e n t s

8 by t e s  □
\ T M  L a y e r □mu □

53 b y t e s  A T M  cel l s

Figure 15: Encapsulation o f MPEG-2 TS Packets Using AAL5

4.4 A cell Loss Padding Technique for the Transport of MPEG-2 Transport 

Stream over AAL5.

In dealing with information loss when MPEG video is transported over a computer 

network where retransmission is not possible, there usually are two approaches, Forward
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Error Correction (FEC) which is best suited for bit errors but involves transmission 

overhead, and error concealment at the MPEG decoder. The use of error concealment 

techniques is based on utilization o f the available information to estimate the lost portions 

o f the video signal and usually increases computational overhead and complexity. We 

present a simple, yet proven, effective cell loss padding technique which is suitable to be 

used with AAL1 or AAL5.

Figure 16: Effect of CRC on Video Quality in the Presence of Bit Errors
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Why is padding necessary? Padding preserves synchronization among packets and PCR 

values, and maintains the integrity o f CBR TSs. In the case o f AAL5, where two TS 

packets are encapsulated as a PDU, the essence of the proposed technique is based on 

passing the incomplete PDUs and the LF to a SSCS o f the AAL5 or to the decoder TS 

layer. If the actual length matches the encoded length, no cell loss occurred and no action 

is taken. However, when the length field is incorrect, padding is performed based on the 

following set of parameters {LF, AFC, PID, Adaptation Field Length (AFL)} to conceal 

artifacts resulting from data loss.

At the encoder side, padding with stuffing bytes of ones within the AF of TS packets is 

performed when necessary, and null TS packets are also generated to form CBR TSs. 

Such facts become significant when considering padding at the decoder side.

4.5 Cell Loss Padding Strategies.

Among several padding strategies conducted, the one that yielded the best results in 

concealing data loss is described as follows:

1) Actual length is greater than the encoded length (parameters are parsed for second TS 

packet):

a) {LF > encoded one, AFC = '01'}, 40 bytes of zeroes were inserted at the end of 

second TS packet.
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b) {LF > encoded one, AFC = '11', AFL > 148}, at the end of second TS packet, bytes 

of ones were inserted to complete the AF and packet is completed with bytes o f zeroes 

for video data.

c) {LF > encoded one, AFC = TO*}, 40 bytes o f ones were inserted at the end of 

second TS packet.

d) {LF > encoded one, PED = OxlFFF}, 40 bytes o f ones or zeroes were inserted at the 

end o f second TS packet.

2) Actual Length is less than the encoded length:

a) {LF < encoded one}, and header o f first TS packet is lost, padding was done with 

the cell format as in Figure 17 a at the beginning o f first TS packet, or the incomplete 

first TS packet was replaced by a zero energy packet as in Figure 17 b.

b) {LF < encoded one}, and header of first TS packet is present, parsing for the second 

TS packet Sync, and PID fields was done at byte number 189 and 191-193 within the 

PDU, if present, padding of 48 bytes o f zeroes, ones or a combination o f both is 

inserted at the end of second TS packet based on its {AFC, AFL, PID} as in 1. 

Otherwise, the lost cell was padded for at byte 144 as in Figure 18 a or the rest of the 

second TS packet was removed, and the PDU was completed as in Figure 18 b.
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44  b y tes

CC47 0 0 0 ..PID 00

47 CC01PID 00 0 0 0 ..

144 b y tes

Figure 17: Cell Loss Padding 1

44 bytes

0 0 0 .. 47 00PID CC

44 bytes

0 0 0 .. 47 00 CCPID 0 0 0 ..

144 bytes

Figure 18: Cell Loss Padding 2

Figure 18 summarizes the overall performance and effectiveness of the proposed cell loss 

padding technique. Figure 19 shows a snapshot o f the video sequence Nature in the 

presence of cell losses to show the effect of padding on the video quality.
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Table 5: Performance of Padding Technique

Scene
Motion

Without Padding With Padding

Intense Picture freezing, Blurring, 
Tiling, and Color Change 

(Continuos)

Blurring ,and Tiling 
(Continuos))

Moderate Picture freezing, Blurring, 
Tiling, and Color Change 

(Occasional)

Blurring, and Tiling 
(Occasional)

Low Picture freezing, Tiling. 
(Occasional)

Blurring and Tiling 
(Very Infrequent)

Still Tiling, Color Change 
(Occasional)

Tiling 
(Very Infrequent)

rUr * ] ' v » ' - -

m?k '

‘iW s'J
With Padding Without Padding

* J* * j

i '  % 4 t *
r- . ^  - :

4* i

Figure 19: Effect of Cell Loss Padding
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When AAL1 is used, each TS packet o f 188 bytes is segmented into 4 segments o f 47 

bytes each, and a 1 byte header which contains a 4 bits Sequence Number (SN) is 

attached to each segment to form the 48 bytes necessary for the ATM cell payload. 

The sequence count value o f the SN makes it possible to detect the loss or misinsertion 

o f  cells. Using the SNs, padding is done based on the position of the lost cell in a 

similar fashion as in the case o f AAL5

4.6 Advance Coding Techniques for the T ransport of MPEG-2 Video over 

Im paired Computer Networks.

4.6.1 E rro r Concealment Techniques.

The MPEG-2 standard specifies several techniques to improve video quality when 

operating over impaired computer network networks. These include scalability and 

error concealment. An MPEG-2 decoder can utilize available spatial and temporal 

information to regenerate lost or errored video information. The network has the 

capability to pass valuable information about the placement of bit errors to the decoder 

using the AAL-5 cyclic redundancy check and length fields. In most cases these fields 

provide enough information to isolate the bit error to an area of a picture (a particular 

macroblock or slice). In addition, the MPEG-2 standard makes the frequency of 

resynchronization points in the stream (the occurrence of a new slice) flexible so that 

errors may be localized to a small portion o f the picture. Once an errored macroblock
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is identified, it may be concealed by using surrounding macroblocks from the same 

picture or from previous pictures.

In spatial concealment, the decoder can estimate a lost macroblock from surrounding 

macroblocks in the same frame by averaging the DC coefficients of its neighboring 

blocks. This method will estimate the low frequency characteristics of the lost 

macroblock and should be sufficient for concealing monochrome macroblocks or 

macroblocks with a low level of detail.

Temporal concealment utilizes the redundant information in previous or future frames 

to estimate a lost macroblock. The simplest implementation is to replace the lost 

macroblock with the macroblock in the same position o f the previous frame which 

works well for low-motion video sequences. The effectiveness of temporal 

concealment techniques can be improved by averaging the motion vectors of 

surrounding macroblocks to estimate the lost macroblock’s movement from the 

previous to the current frame.

4.6.2 Hierarchical Coding and Scalable Syntax.

Hierarchical coding allows reconstruction of useful video from pieces of the total bit­

stream. The MPEG standard specifies scalable syntax to support this process. 

Scalability is achieved by structuring the total bit-stream in two or more layers starting
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with a stand-alone base layer and adding a number of enhancement layers. When 

video streams are transmitted over a network, the QoS parameters can be set 

differently for each layer. The base layer should be transmitted with a higher priority 

to ensure low cell loss while the enhancement layers can be transmitted with lower 

priority. This allows video quality to be controllable by the user or to vary with the 

available network bandwidth.

Layered or scalable coding is one approach to provide robust transmission of video 

based multimedia traffic in impaired transmission environments. Scalable coding 

provides the ability to achieve video o f more than one resolution or quality 

simultaneously. Scalable video also supports the concept of prioritized video streams 

to improve transmission robustness, error resiliency, and compliance with network 

bandwidth constraints. The following paragraphs discuss the various forms of 

scalability including their potential applications.

In data partitioning the video bit stream is split at the source into two layers, the base 

layer and the enhancement layer. The base layer contains all of the key header fields, 

motion vectors and low-frequency DCT coefficients. The enhancement layer contains 

less critical information such as high-frequency DCT coefficients. The video stream is 

partitioned using a Priority Break Point (PBP) that specifies the contents o f each layer 

or partition. The choice of a priority break point can be based on the MPEG-2 video 

frame type, the characteristics of transmission link, the available bandwidth, or any
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other application specific requirements. For example, a  priority break point could be 

set so that most of the Intra-coded (I) frame information is present in the base layer, 

while only minimum information of Predictive-coded (P) or Bi-directional-coded (B) 

frames is contained in the base layer. When partitioned video is transmitted over an 

ATM network, the base layer is transmitted using a channel with guaranteed quality o f 

service requirements to preserve its integrity, and the enhancement layer is transmitted 

using a less reliable channel. At the receiver side, the two layers are combined to 

produce the original video stream whenever possible. If  errors occur in the 

enhancement layer, the video will be reconstructed using only the base layer.

SNR scalability provides a way of transmitting two layers of the video stream at the 

same spatial and temporal resolutions but with different quality levels. The base layer 

encoding process is identical to that for non-layered encoding. The quantized DCT 

coefficients from the base layer (after being inverse quantized) are subtracted from the 

input DCT coefficients o f a block. The resulting quantization error from each block is 

next re-quantized with the same or different quantization parameters and encoded to 

form the enhancement layer bit stream. In SNR scalability the base layer is identical 

to a non-layered bit stream and could be decoded as a stand-alone layer using a non­

layered or SNR decoder. However, since the enhancement layer is encoded using the 

DCT coefficients of base layer, it is useless in the decoding process without the base 

layer. When both base and enhancement layers are added and decoded, they 

regenerate a higher quality reproduction o f the input video. In a SNR scalable
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decoder, the dequantized base and enhancement layer DCT coefficients are obtained 

independently from their respective bit streams before they are combined to form the 

refined higher quality bit stream. Potential applications of SNR scalability include 

providing a high degree o f error resilience to transmission errors since the more 

important data (base layer) can be sent over a channel with better error performance. 

In addition video services with multiple qualities can be provided over a 

heterogeneous network.

There are three more forms o f scalability: spatial, temporal, and hybrid. These forms 

of scalability are considerably more complex than data partitioning and SNR 

scalability. Spatial scalability generates two video layers with different spatial 

resolutions from the same bit stream. The lower layer may consist o f a different video 

format, providing interoperability between the lower layer and the upper layer (e.g. 

lower layer H.261, MPEG-1 and higher layer MPEG-2). Temporal scalability 

partitions frames from the input video stream into two or more layers, each with either 

the same or different temporal resolutions. When layers are combined, they provide 

the full temporal resolution as in the input video stream. Hybrid scalability provides a 

way of combining two or more types o f scalability such as SNR, temporal, and spatial 

to generate three or more layers of video. However, the degree o f complexity in 

hybrid scalability is proportional to the number of desired layers.
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5 Analysis of Cell Transfer Delay and Cell Delay 
Variation in the Transport of CBR Traffic over ATM

5.1 Introduction.

As the communication networks are forced to support an ever-increasing number of 

bandwidth-hungry applications, there is an urgent need to efficiently consolidate the 

existing transmission methods throughout the public and private networks in order to 

accommodate the new telecommunications economic and marketing imperatives. B- 

ISDN technology offers such a solution by providing a uniform method o f transporting a 

variety of services including voice, video, data and images using the Asynchronous 

Transfer Mode (ATM). An important benefit o f ATM technology is its ability to provide 

Quality of Service (QoS) guarantees for any application it supports regardless of how 

stringent characteristics it may have. Today, ATM is considered the core technology for 

B-ISDN networks, and is currently commercially deployed in local as well as wide area 

networks. However, as any other data communication system, ATM networks have their 

share of problems caused not only by the common transmission impairments such as bit 

errors, but are also related to the variations in end-to-end cell delay (cell delay variation), 

and the cell transfer delay. Those factors are functions of the network loads, number of 

nodes/switches involved, etc. The impact of the cell-specific impairments on the ATM
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performance needs to be quantified in order to use this technology as efficient as 

possible.

In this work we examine the two end-to-end ATM QoS parameters: cell delay and cell 

delay variation or cell jitter. The end-to-end delay an ATM cell experiences travelling the 

ATM network is mainly due to the cell buffering performed by the ATM switches that 

are built to support the asynchronous statistical multiplexing and to switch dynamic 

traffic load. Constant Bit Rate (CBR) communication traffic services such as real time 

voice, and video applications are very sensitive to cell delay and cell delay variation, 

requiring tight conformance from the network to meet their specified Quality o f Service 

(QoS) contracts.

In our multimedia laboratory, experiments have been conducted to characterize CTD and 

CDV in ATM network. Several simulation studies [9,10,11] have revealed that the 

amount of traffic load carried by the ATM switch greatly influences the characteristics of 

both CTD and CDV. The uniqueness o f our work is due to its empirical and experimental 

nature under a controlled environment, which more accurately reflects the real behavior 

and true characteristics of CTD and CDV in ATM networks under diverse operating 

conditions. This chapter starts with a description of our system and test-bed 

configuration. Experimental results, analytical modeling, and characterization of CDV 

and CTD under diverse network condition then discussed.
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5.2 System Description.

5.2.1 Test-bed Architecture.

Our laboratory measurements were performed using two ATM switches and a single B- 

ISDN ATM test set (used as both a source and sink). Figure 20 illustrates this 

architecture.

Traffic Generator

Traffic Analyzer
ATM Switches

Figure 20: Test-Bed Architecture for Delay and Jitter Measurements

This system provided a controlled environment for our tests and allowed us to emulate 

networks of different size (with up to 16 ATM nodes/ switches), and to exam them under 

almost any set of conditions that we considered important for our study. It was always 

carefully configured and synchronized, to preserve all the major characteristics o f a real 

network except perhaps for the delay associated with signals transmission over large 

WAN (a small factor of negligible impact especially on jitter analysis). Thus, our end-to-

Fiber/OC3
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end measurements and the performance analysis presented in this chapter should quite 

adequately depict behavior o f a typical WAN.

5.3 ATM Test Set

The ATM test set that we used, designed for high-speed protocol testing (at constant and 

variable bit rates), provided complete physical, ATM and AAL layer generation 

capability. It also analyzed data received from the switches, determined the network’s 

end-to-end Quality o f Service (QoS) performance, and monitored its overall operation. 

For example, data for the two QoS parameters associated with the network, the Cell 

Delay Variation CDV and the Cell Transfer Delay (CTD) was captured and then 

analyzed off line.

The test equipment comprised of several modular components allowing custom 

configuration for various test applications. For our study we used two separate OC3 ATM 

Generator/Analyzer modules, one for the foreground traffic (duplex operation), and one 

for the background traffic (duplex or simplex transmission). ATM cells from the two 

created streams were independently generated then received by the first ATM switch on 

two distinct ports. The background traffic source was subsequently routed internally 

through the switch to all desired output ports, then taken with a physical OC-3 connection 

to the second switch where it was also internally routed in a similar fashion. The 

foreground source was routed physically with an OC-3 connection from one emulated
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node to the next as shown in Figure 20. On the output of each node (used port) both 

traffic sources (background and foreground) meet to compete and share the buffer as they 

exit from the ATM switch. All generated cells are time stamped as they exit a generator 

module, and time recorded as the analyzer module receives them

Each Generator/Analyzer module was capable of providing one physical port and up to 

eight programmable traffic sources with distinct bandwidths, and type o f  services (e.g., 

CBR, VBR, UBR, ABR).

5.3.1 Cell Generator.

Each Generator/Analyzer module was capable of providing one physical port and up to 

eight programmable traffic sources with distinct bandwidths, and type o f  services (e.g., 

CBR, VBR, or UBR). Their cells accepted any user-supplied values including the virtual 

path identifier (VPI), the virtual channel identifier (VCI), the cell loss priority (CLP), and 

the generic flow control (GFC). In addition, the Generator/Analyzer modules could insert 

a time-stamp to mark each test-cell departure instant from the generator. The test cells 

contain 6-byte timestamp in their payload, stored low byte first, starting at payload byte 

39. The timestamp in the payload is protected by a 10-bit CRC and is ignored when an 

error is detected. During our tests, the cell generator was setup to provide CBR service 

(only) for both the foreground and background signals. The permanent virtual circuits 

(PVC) were used exclusively to route them across our test-bed.
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5.3.2 Cell Analyzer.

Each Analyzer port included 16 programmable cell filters for separating incoming cell 

streams into 16 sub-streams that could be simultaneously analyzed in real time to provide 

cell traffic statistics for any or all o f them.

To obtain statistics such as mean, variance and standard deviation of the CTD, CIT and 

subsequently CDV parameters, we used data from histograms provided by the test-set. 

Each histogram contained large quantity of data correlating measured values of a given 

parameter (displayed on the horizontal or x-axis) with the corresponding number o f 

occurrences (indicated on the vertical or y-axis). These important relationships, captured 

by the Adtech were further processed using standard spreadsheet techniques. At the end, 

each tested sub-stream had its own set of statistics that when combined revealed vital 

aspects o f the ATM cell behavior under diverse conditions created in our test-bed.

5 3 3  ATM Switch.

The heart o f our test-bed were two ForeRunner ASX/200 WG self-contained ATM 

switches. Both of them had a non-blocking switching capacity of 2.5 Gbps and were 

capable to support up to 16 users or networking devices, each running at speeds up to 

155.52 Mb/s via dedicated multimode fiber optical links. They had a single switch 

fabrics, used UNI 3.0 dual leaky bucket support for traffic policing. Their major
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hardware components consisted of a switch board, a switch controller, and network 

modules. The switch-board contained the VPI/VCI lookup tables, and routing circuits to 

ensure a cell received from an input port was correctly switched to one or more output 

ports. The ASX-200 WG switch-board could accept up to four network modules, which 

themselves contained up to four OC-3 I/O ports each.

The switch controller provided the distributed connection set-up engine for a network of 

ATM switches. The switch controller primarily provided management access through 

SNMP (Simple Network Management Protocol) and was responsible for storing and 

updating all SNMP management information. The network modules acted as the I/O 

ports with four OC-3 physical interfaces (for maximum o f622 Mb/s aggregated traffic).

53.4 Timing Arrangements.

Since the objective o f our experiments was to qualify the variation in end-to-end cell 

delay, cell delay jitter, in a WAN environment, our test-bed timing/ synchronization 

arrangements reflected this assumption by ensuring that the transmit data streams used 

the same clock as the received data streams. To accomplish it both switches used the 

network clock as their timing source, i.e., they used the recovered clock from the 

incoming signals as the transmit clock.
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5.4 Experimental Results and Analysis.

Cell Delay Variation or Jitter is considered to be one of the major problems of packet 

switched networks. It is often claimed that the application introduces much more jitter 

than the network so that CDV due to the network becomes negligible. However, in 

applications with tight delay requirements and constraints such as video and voice it 

becomes important to study and control jitter even at the ATM layer level.

Several studies [9,12] have been done to provide modeling and estimation of CDV and 

CTD characteristics in ATM networks. In order to evaluate the high-speed and broadband 

characteristics of ATM technology, it needs absolute accuracy for dependability and 

objectivity of evaluation results. In [9], the obtained results were based on simulation, 

where in [12] the vBNS wide area network was used under limited control over the 

network conditions. Our study is based on a fully controlled LAN network were more 

variations of network parameters are possible for the emulation of WAN type networks.

For the measurements and analysis of CDV and CTD of CBR traffic, we used a 4001 

Kbps CBR (periodic test cells) as our reference connection. A  single background traffic 

source (0-149,760 Kbps, periodic CBR) was used for loading purposes. The background 

load was incremented on a 10% of the OC-3 rate bases. Networks of 4, 6, 8 and 10 nodes 

were emulated under all possible load conditions by symmetrically switching between 

modules on the two used ATM switches as shown in Figure 21.

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



68

Top ATM Switch with 
3 Modules, each has 4 

ports

Bottom ATM Switch with 
3 Modules each has 4 

ports

BG Traffic 
Generator

Figure 21: Test-Bed Configuration for a Multi-node ATM Network

5.5 Measurement Results of CDV/CTD.

CDV is an essential measure of ATM performance evaluation since ATM networks 

support various types of simultaneous applications with unique characteristics and QoS 

requirements. In an ATM network it is often the case where several input streams are 

routed within the switch to the same output port sharing a common buffer. CDV is 

defined as the variation in the end-to-end delay of cells within the same media stream. 

The value of CDV and its accumulation within an ATM network is dependent on several 

parameters such as, the number of nodes, traffic load, switch buffering capacity and 

mechanism, and the number of internal switch operations [13,15,16,18,19].

The data for CTD and CDV analysis was collected using a special feature in the ATM 

test set called Save Histogram Results. This feature allows the collection o f data (contents
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o f histogram bars) from runs for any time period to be saved and then imported to a 

spreadsheet program for offline processing and report generation. All data were collected 

in psec then converted to ATM cell time slots (2.735 psec, transmission time o f ATM 

cell).

All runs were made for a period of 3 minutes several times then analyzed and compared 

for accuracy with runs made for 1 hour period, the three minute run was most of the times 

more than 98% accurate as the data for the 1 hour run. Our accuracy criterion was based 

on error differences in the mean, and variance.

In performing the experiments and for computation and analysis purposes CDV was 

defined as the difference between the inter-departure and inter-arrival of two consecutive 

cells. I f  Di, Dm , Aj and Am represent the departure and arrival times o f two successive 

cells then CDV (Ji) is given by

Ji — (At- (Dj-Du)  

where J[ could be positive indicating cell spreading ,or negative indicating cell clustering. 

For CBR traffics, as in our case, (Di -Dm ) was replaced by a constant T, the reciprocal of 

the used reference traffic rate.

CTD o f a cell (Li) was obtained automatically by the ATM tester used, using the 

difference between the departure and arrival times, that is

Lf-Ai -Di
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5.5.1 Analysis of Mean and Standard Deviation.

For the analysis o f CTD and CDV three network performance parameters were evaluated 

to study the impact o f various network conditions on the referenced 4001 Kbps CBR 

traffic connection, the mean, variance and Cell Loss Ratio (CLR). All captured data with 

cell losses were excluded from analysis of CTD and CDV. Cell losses were only 

observed for runs over 8 and 10 hops with load conditions between 93% and 97% of the 

OC-3 rate, Table 6 summarizes the CLRs observed for those runs.

Table 6: Cell Loss Ratios Observed for 93% and 97% of Load Conditions

8 hops (load 93 to 97 % of OC-3 rate) 10 hops (load 93 to 97%of OC-3 rate)

CLR= 1.5 x 10^ to 5.5 x 10’J CLR= 2.5 x 1 O'” to 6.2 x 10'^

Figure 22 and Figure 23, respectively, show how the Standard Deviation of CTD and 

CDV of the baseline traffic source tends to grow as the traffic load increases. The 

growing is slow under low and moderate network load conditions (0%-80% of OC-3 rate) 

and increases with a much sharper slope when the background load exceeds 80%, a 

similar result was also reported in [9]. The analysis of the mean as a function of the 

traffic load revealed that there was no change in the mean of CDV which contradict the 

results of simulation as presented in [9]. Figure 24 shows the change in the mean o f CTD 

for the 2,6, and 10 node cases as the traffic load increases. Although, the CTD mean tend 

to grow with an increasing traffic load, its maximum change is much less than with the 

results presented in [9,12]. The change in mean of CTD as a function of number o f hops
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is shown in Figure 25 for background load cases o f no load, 50% load and 90% load. 

From Figure 25 it is apparent that the change in the mean o f CTD is approximately linear, 

with its slope being dependent on the load conditions.

Standard deviation of CTD
12
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10hops
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6
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Figure 22: Change in the Standard Deviation of CTD as a Function o f Background Load

Conditions
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Figure 23: Change in the Standard Deviation o f CDV as a Function o f Background Load

Conditions
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Figure 24: Change in the Mean of CTD as the Network Load Changes
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Figure 25: Change in the Mean of CTD as the Number of Hops Changes

In the ATM Forum B-ICI specification [8,37], it is suggested that the accumulation of 

CDV across multiple switching nodes can be approximated by the Square Root Law 

(SRL). The SRL state that the end-to-end CDV a cross a network of N nodes is 

approximately equal to the CDV for an individual node times the square root of N (e.g. 

On =oi ■̂ N). The SRL was based on the assumption of normal distribution for CTD 

across a node regardless of traffic load conditions, and also assumed that the CDV across 

each node is independent from the next node. Assuming that cri = cn+i = or (the standard 

deviations of the CTD across a node), then the SRL is used to estimate the standard 

deviation of end-to-end delay o f node N as follows.
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Our preliminary results verify that, the SRL can fairly approximate the change in the 

standard deviation o f the CTD only when the traffic load distribution is uniform across all 

nodes, that is, both the referenced estimation node and any other node on the network 

have the same or close applied background load conditions. For our verification o f the 

SRL we used the standard deviation of CTD o f the first hop, to estimate the standard 

deviation of CTD at any other node.

The SRL tend to over estimate the accumulation of end-to-end CDV, with an increasing 

percentage of error as number o f switching nodes increases. The error percentage in the 

SRL estimation is also increasing as the difference in load conditions between the 

referenced and desired node increases. However, the estimation accuracy o f the SRL 

tends to grow with the intensity of equally applied load conditions. The reason for that 

being that the auto-correlation of CTD tend to die as the load increase as will be shown in 

the next section. Table 7 summarizes the over all performance of the SRL under uniform 

load conditions.
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Table 7: Performance o f  the SRL under Uniform Load Conditions

Load Hop Number

2 4 6 8 10

0 (Tact 0.900 1.190 1.452 1.645 1.829

Cfcst 0.944 1.335 1.636 1.889 2.111

%error 4.9 12.2 12.7 14.8 15.5

30 CTact 1.005 1.432 1.711 1.863 2.240

CTest 1.044 1.477 1.809 2.089 2.335

%error 3.91 3.13 5.73 12.09 4.23

60 CTact 1.208 1.721 2.070 2.411 2.856

CTcst 1.258 1.779 2.179 2.516 2.813

%error 4.20 3.39 5.29 4.39 -1.50

90 CTact 4.438 6.021 7.739 9.154 10.28

CTest 4.356 6.160 7.545 8.712 9.741

%error 1.85 -2.32 2.50 4.85 5.24

5.5.2 Auto-correlation of CTD/CDV.

The auto-correlation function is a measure o f dependency between events. To investigate 

the dependency between the cell transfer delays k  cells a part, the normalized auto­
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correlation function was used. The normalized auto-correlation function for cell i and cell 

i+k  was defined as follow

a ( k )  = * Zff(C7Z>, -  f i ) { C T D i+k  -  M )

In the case of CDV, the CTD term in the above equation was replaced by the CDV, 

where n is the total number o f referenced cells, C7D, is cell transfer delay of cell i, n  is 

the mean of CTD, and <? is the variance of CTD. This measure of interest is useful in 

studying the effect o f varying network parameters on the CTD behavior of a cell relative 

to another. In calculating correlation between the CTD/CDV of cells we used end-to- 

end delays of 8192 ceils captured and stored by the ATM test set, Figure 26 and Figure 

27 are the normalized auto-correlation curves obtained. The correlation curves revealed 

the following observations. First of all, by increasing the background traffic load while 

keeping the number o f traveled hops the same, the correlation tends to decay. This 

phenomena is due to the fact that, greater traffic load means more randomness in the cell 

spacing and cells delay. Second, from Figure 27, it is shown that the cells are becoming 

less positively correlated with more nodes added to the traveled path, which contradict 

the founding in the studies done by [9,12].
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Auto-Correlation: CTD, 10 hops: Load 0,50,90 % 
of OC-3 rate
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Figure 26: Normalized Auto-correlation of CTD as a Function of Background Load
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Auto-Correlation: CTD, no load: 1, 4 ,10 hops
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Figure 27: Normalized Auto-correlation of CTD as a Function o f Number of Hops

Third, the addition in number of nodes to the path a cell is travelling implies less 

deterministic experienced queuing behavior among cells through the new longer path. 

Fourth, although in our study, both foreground and background traffic sources used were 

periodic, however our results revealed that no periodicity in the local maxima of the auto­

correlation function, as reported in the simulation study [9]. Fifth, although it is not 

obvious in the presented figures because of the window size taken, the correlation decays 

as the cell number increases, because as the distance between the two referenced cells 

increases the associated delay correlation between them decreases.
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Finally, by studying the normalized auto-correlation behavior o f CDV, as in Figure 28, 

no specific pattern can be concluded as a function of number of hops for the no load 

condition. However, correlation between CDV of cell i and cell i+k is decaying as the 

load increases which is consistent with the CTD case, Figure 29. It is also worth 

mentioning how the load becomes the dominant factor in shaping up the correlation 

behavior as seen in Figure 30. By comparing Figure 28 and Figure 30 its clear how by 

increasing the load from 0% to 90% the correlation as a function o f number of hops 

changed. In Figure 28 there were more correlation in the 4 hop case than both the 1 and 

10 hop node situations; however, when the load increased to 90% the most correlation is 

noticed to be in the 1 hop data set and similar for data sets from the 4 and 10 hops.
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Figure 28: Auto-correlation of CDV as a Function of Number o f Hops
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Auto-Correlation: CDV, 4 hops: load 0, 50, 90 %
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Figure 29: Auto-correlation of CDV as a Function of Background Load
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Auto-Correlation: CDV, load 90%: 1,4,10 hops

O•O

Figure 30: Effect o f Background Load on the Auto-correlation of CDV for Multiple Hops 

5.5.3 CDV/CTD Distribution and Curve Fitting.

In determining the type of distribution for the collected CTD and CDV data o f a run, we 

first used a smoothing filter provided by the ATM test set. The filter averages all 

histogram bars with different heights between each cell interval, then the Mean Square 

Error (MSE) criteria was used to optimize the parameters of each distribution type to best 

fit the distribution of the on hand data. Based on the MSE obtained for several standard 

distributions, attempts were made to fit the CTD data to both the Normal and Raleigh
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distribution and the CDV to the normal distribution. As a goodness o f fit measure the 

Chi Square test was performed. Table 8 summarizes the results o f the attempts made to 

fit actual data for the runs o f {(0% load, 10 hops, CDV), (50% load, 2 hops, CDV)} to 

the normal distribution and the runs of {(0 load, 10 hops, CTD), (50% load, 2 hops, 

CTD)} to the Normal and Rayleigh distributions.

jc — X
f  ( x ) =  r e  ----------- = -    Rayleigh

a  2  a  2

1 ( *  ~ M V
/ ( * ) =   rz e  2 a  1  Norm ala V 2  n

The p .d .f  of the Normal and Rayleigh distributions are given by the two following 

equations respectively

c r = ( 2  ~ ) d

E { x }  =  (XtJ x / ^

Where p. and E{x} are the means, and a  is the standard deviation.

The Chi-Square test as shown from the results in Table 8 reveal the failure of fitting 

attempts. Figure 31, Figure 32, Figure 33 and Figure 34 show the histograms of the rums 

for {(CDV, CTD: Load 0, 10 hops), (CDV, CTD: Load 50, 2 hops)} and the attempts to
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fit them to a normal or Rayleigh distribution. The Chi-Square test for a population on N 

samples is described by the following equation

Where Xt is the measured value and Xt at is the estimate value

Table 8: Chi-Square Fitting Results

Test case x2 95% x2

Normal
Load 0,10 hops 1163.4 14.7

CTD Load 50,2 hops 3355.2 12.0

Rayleigh
Load 0,10 hops 17620.1 14.7
Load 50,2 hops 8388.3 12.0

CDV Normal
Load 0,10 hops 935.2 25.0
Load 50,2 hops 5733.2 23.7

CDV: Load 0,10 hops

0.25
0.2

_  0.15 
x
5=* 0.1 

0.05 
0

g  actual 
Hnormal, fit'

o r ^ - L o i o c o L O c o h -  
s i o c o ^ ^ r>>: |s: ht 

' 1 ' 1 O  CM V  (O

time slots

Figure 31: Data Fitting of CDV, 0% Load and 10 Hops Case
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Figure 32: Data Fitting for CTD, 0% Load and 10 Hops

C T d: L o ad  50, 2 h o p s

■  a c tu a l

■  no rm al, fit 

□  ray le ig h  f it  j

12.6 13.5 14.6 t | m J 5 ^ o t s  16.6 17.7 18.8

Figure 33: Data Fitting for CTD, 60% Load and 2 Hops
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CDV: Load 50,2 hops
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Figure 34: Data Fitting for CDV, 50% Load and 2 Hops
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6 MPEG-4 System: Timing Model and Multiplexing

6.1 Introduction.

The Motion Pictures Expert Group (MPEG) was established to develop a common format 

for coding and storing digital video and associated audio information. After completing 

the MPEG-1 and MPEG-2 standards, MPEG is currently completing the work on 

developing a new coding standard for very low bit-rates. This activity, known as MPEG- 

4 [30,31], is targeted at video bit rates from 6 kbps to 4 Mbps for applications such as:

• Videotelephony and videoconferencing with low delay requirements

• Symmetric and asymmetric remote expertise and classrooms (tele-medicine, tele­

mechanic, and distant learning).

•  Interactive information based retrieval.

• Very low bit-rate scalable multimedia distribution over error prone networks for 

portable and mobile receivers.

6.2 MPEG-4 System Overview.

MPEG-4 is an object based compression technique where natural and synthetic 

audiovisual objects (AVO) can be arranged into an audiovisual scene using scene 

description. The MPEG-4 specifications describe three layers, the compression layer, the 

system or sync layer and the delivery layer.
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At the compression layer elementary streams (ES) are formed, where an ES may contain 

one o f the following:

• Object Descriptor Stream: Identify describe and associate ESs together.

•  Scene Description Streams: A scene descriptor is encoded as a Binary Format for 

Scene (BIFS) and it describes the spatial and temporal positioning o f audiovisual 

objects in a scene.

• Media Streams: Coded audiovisual information.

• Object Content Information Streams: Carries information such as content 

classification descriptors, keywords, language...etc.

• Timing information: Clock reference values for synchronization and decoding AVOs.

The system or sync layer (SL) is where each ES is divided into one or more access unit 

(AU). Each AU is then divided into SL-packets to form a SL-packetized stream (SPS) 

where timing, synchronization and random access information as well as padding bytes 

are inserted to facilitate proper encapsulation, decoding, composition and playback of 

media objects. However, a sync layer packet does not contain information on its length 

or on an ES identification, this information is to be provided by the lower layer protocols 

by which the SL packetized stream is encapsulated for delivery. The interface between 

the compression layer and the sync layer is called the elementary stream interface (ESI).
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An optional and application dependent layer called the FlexMux layer exists between the 

sync layer and delivery layer. The FlexMux layer is used to interleave one or more 

elementary streams into a FlexMux stream. The FlexMux layer can also be utilized for 

the proper framing o f SL-packets to fit the profile o f the underlying transport protocol.

The Delivery layer in MPEG-4 consists o f  the Delivery Multimedia Integration 

Framework (DMIF). This layer is media unaware but delivery technology aware. The 

delivery layer ensures transparent access to MPEG-4 content irrespective of the transport 

network technology used (e.g. IP or ATM). The boundary between the sync layer and the 

delivery layer is called DMIF application interface (DAI). The DAI is a generic API 

dependent on the operation system and the programming language used. It is used to 

define the functions of the DMIF layer and to allow the DMIF user to specify the quality 

o f service (QoS) requirements of the desired stream to be transported using any 

permissible transport protocol stacks (TransMux layer). The TransMux layer is not 

specified by MPEG-4 and could consist of any stack o f protocols with properties 

consistent with the MPEG-4 requirements.

6.3 Multiplexing and Transporting MPEG-4 Video.

The generic term TransMux layer implies the use of any potential protocol stacks that 

supply a transport multiplex for content compliant with the MPEG-4 standards. 

Examples o f such protocol stacks are the RTP/UDP/IP, H.223/PSTN or MPEG-2
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TS/AAL/ATM. As an optional intermediate step and where it applies the MPEG-4 

specified FlexMux tool can be used. Figure 35 shows the MPEG-4 packetization and 

multiplexing process. As could be seen from Figure 35 the FlexMux layer is used to 

interleave one or more elementary streams into one FlexMux stream, which is, then 

mapped into a TransMux stream. Each SL-packetized stream is identified by a unique 

FlexMux channel. The FlexMux layer could be bypassed if only one elementary stream 

is to be mapped into the TransMux stream.

Elementary Streams
Elementary Stream Interface

Sync Layer

FlexMux
Channel

SL • Packetized Streams
DMIF^Agjjilicatlon Interface

FlexMux Layer

FlexMux Stream

TransMux Layer

SLSL SL

FlexMux

MPEG-2
TS/AAL
/ATM

RTP/UDP
/IP

TransMux Streams

Figure 35: MPEG-4 Packetization and Multiplexing Process
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The structure of the FlexMux layer is designed to provide two modes of operation, the 

simple mode and the MuxCode mode as shown in Figure 36.

FlexMux PDU

Index Length SL-PDU

Header Payload

(a) Simple Mode ( a single elementary stream )

FlexMux PDU

Index Length Version SL-PDU SL-PDU

H Payloat H Payload

(b) MuxCode Mode ( multiple elementary streams )

Figure 36: FlexMux Mode Operation

The basic data unit o f the FlexMux is the FlexMux packet. The FlexMux packet is 

variable in length and encapsulates one or more SL-packets originated either from the 

same or different elementary streams. SL-packets originated from different elementary 

streams are identified by the number o f the FlexMux channel carrying them. Therefore, 

arbitrary interleaving of SL-packets is possible and the sequence o f resulted FlexMux 

packets is called a FlexMux stream. Although the FlexMux stream can be parsed as a 

single data stream when retrieved from storage or transmission, it requires proper framing
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o f its packets by the underlying layer for random access, error detection and error 

recovery.

As mentioned above, two different modes o f operation are defined for the FlexMux and 

identified by the value of the index field o f the FlexMux packet header, the simple mode 

(index <=239) and MuxCode mode (240 <=index <=255). In the simple mode one SL 

packet is encapsulated as a FlexMux packet and tagged by an index equal to the FlexMux 

channel number. In the MuxCode mode one or more SL packets are encapsulated in one 

FlexMux packet. In this mode the index field of the FlexMux packet header is used to 

associate and define the allocation o f the FlexMux packet payload to different FlexMux 

channels.

6.4 Transporting MPEG-4 using the MPEG-2 Transport Stream Syntax.

Due to the desire o f making MPEG-4 as independent from the network as possible, the 

MPEG-4 standards do not specify the TransMux layer to transport the MPEG-4 objects 

over the network. The MPEG-2 standards defined a transport stream protocol [3,6] to 

multiplex and transport MPEG-1 and MPEG-2 elementary streams. This transport stream 

could be easily extended and used for the transport of MPEG-4 data as well. From the 

set-up box manufacturer point o f view, it is desired to make a universal transport protocol 

so that only a single device is needed at the receiving end to decode and playback an
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MPEG coded bit stream. For that reason the MPEG-2 transport stream protocol is 

considered to be a good candidate for the transport of MPEG-4 data.

A transport stream as defined by the MPEG-2 standards consists of fixed size packets of 

188 bytes, the first four bytes are the header fields, while the rem aining 184 bytes form 

the payload and any other additional headers. Figure 37 shows the structure of TS 

packets. The payload may consist of one or more o f the following: a) Encapsulated 

elementary stream packets (SL-packets, FlexMux packets), b) Adaptation Field (AF), 

which may contain one or more o f the following: MPEG related information like the 

Program Clock Reference (PCR) field used by the decoder for clock recovery, private 

information like the encryption key management or simply padding bits for boundary 

alignments of TS packets, c) Program Specific Information (PSI) tables to provide the 

decoder with the necessary information for de-multiplexing, decrypting and decoding of 

TS.
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Header PayloadHeader Payload

4 bytes 184 bytes

TPSync. PUSI PID TSC AFCTEI CC

8  bits 1 1 1 13 2 2 4

Sync Synchronization Byte

TEI Transport Error Indicator

PUSI Payload Unit Start Indicator
TP Transport Priority

PID Packet ID

TSC Transport Scrambling Control
AFC Adaptation Field Control
CC Continuity Counter

Figure 37: MPEG-2 TS Packet Structure

When framing SL packets for encapsulation within an MPEG-2 TS and the FlexMux tool 

is not used, a TS packet will contain a complete or a part of a SL packet, but if the 

FlexMux tool is used a TS packet may contain one or more FlexMux packets.

Since neither the SL nor the FlexMux packet header syntax in MPEG-4 provides for a 

sync word identifying the start o f  such packet, the SL packet or the FlexMux packet 

should start at the first byte of the TS packet payload. In this case, the payload unit start
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indicator flag o f the TS packet header should be set to 1. To adjust the TS packet size to 

188 bytes, padding bits o f the SL can only be applied through the FlexMux packet when 

the FlexMux tool is used, otherwise, padding bits of the TS adaptation field are used.

When an MPEG-4 elementary stream is carried by an MPEG-2 TS, it is identified by the 

Elementary_Stream_PED field within the TS program mapping table. The 

Elementary_Stream_PID field specifies the PID of TS packets that convey the initial 

object descriptor section specified by MPEG-4. The MPEG-4 initial object descriptor 

section consists o f an initial object descriptor and a stream map table and it is transmitted 

as other PSI sections. Using the stream map table and the PID field of the TS packet 

header, TS packets of MPEG-4 are mapped to their specific elementary streams.

6.5 Timing Model Overview.

In MPEG-4 the timing model is very similar to MPEG-2 since it relies on clock 

references and time stamps to properly decode, compose, and playback media objects 

[46,47]. The concept o f a clock with its clock references is used to synchronize the clock 

at the receiver to the clock at the video source. Time stamps are used to indicate the 

precise decoding, composition and playback instances of events (video frames in MPEG- 

2, video object planes and composition units (CU) in MPEG-4).
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The MPEG-4 sync, layer packet consists o f a SL packet header and a SL packet payload. 

The SL packet header consists o f many specific fields such as sequence number for 

continuity check in case o f data loss, time stamps such as the object clock reference 

(OCR), composition time stamps (CTS) and decoding time stamps (DTS). OCR values 

are encoded as sample values o f the source object time base (OTB) and inserted 

periodically in the SL packet header with a frequency depending on the application.

When a SL packet caries an OCR value, an OCR flag is set indicating that. Each ES 

when generated by an encoder may have its own OTB or may be slaved to an OTB o f 

another ES. In the latter case, the OCR ES ED field in the SL packet header indicates 

the ES from which the time base for the slaved ES should be derived. The decoder uses 

the OCR values to reconstruct and adjust the OTB of each stream and map it to the 

encoders’ OTB using well-known PLL techniques. When all media objects in a session 

are using the same OTB or when one of OTB of an ES is declared as a master clock it is 

then possible to lock the system time base (STB) of the receiving terminal to that OTB. 

Otherwise, since the OTBs o f all objects may run at different speeds and resolutions than 

the STB, a mapping method is necessary to map the values o f time stamps expressed in 

terms of any OTB to the STB o f the receiving terminal. A detailed explanation of how 

this can be done is described in [30]. When MPEG-4 is transported using the MPEG-2 

TS syntax, the PCR of the TS can be used to reconstruct the STC while all other OTBs 

can be mapped to it. Figure 38 shows the timing and decoding model in MPEG-4 for two 

elementary streams.
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FlexMUx
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Figure 38: Timing and Decoding Model for Two MPEG-4 Elementary Streams

As shown in Figure 38 data enters the FlexMux buffer from the network-decoder 

interface demultiplexer. Information is received by the decoder buffer in the form of SL 

packets. The SL packet headers are parsed and removed at the entrance to the decoder 

buffer and access units are formed. Access units with OCR values are extracted for OTB 

re-construction via a PLL. The reconstructed OTB then mapped to STC to account for 

any resolution or speed differences. The media object decoder extracts access units from 

the decoder buffer at precisely defined point in time and decode them according to their
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DTSs to form composition units which are to be composed and integrated within a scene 

according to their CTSs and the scene descriptor.
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7 De-jittering in MPEG

7.1 Introduction.

When multimedia information traverses over packet switched networks, it experiences 

impairments that may lead to degradation in the required quality o f service (QoS). 

Multimedia systems store, retrieve, and communicate complex representation of 

information. Maintaining timing relationships among packets in a single media stream 

or between packets from different media streams is an essential criterion in multimedia 

networking. The Motion Pictures Expert Group (MPEG) is the most recent and 

international accepted multimedia standards. The MPEG standards assume a constant 

network delay when the multimedia information is transported. However, since it is 

difficult if  not impossible to maintain a constant network delay, it is the function o f the 

synchronization and de-jittering algorithms to re-adjust the timing relationship between 

multimedia packets from the same or several media streams to assure a synchronized 

playback o f information [10,23,28,29,35,38,40,41,42,43],

Using the assumption of a constant delay network between the source and destination the 

MPEG standards recommend the use of a Phase-Locked Loop (PLL) to keep the local 

decoder clock synchronized to the encoder clock. This synchronization is achieved by 

comparing the clock stamp references in the received MPEG stream with the instant time 

from a local register, which is driven by the decoder clock. From this comparison, a
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phase error can be derived to adjust the decoder clock, as shown in the block diagram o f 

Figure 39. When the phase error is positive, the decoder STC is running  behind the 

source clock, and data has to be held in memory for an additional delay before being 

decoded and therefore more memory is needed to be allocated. When the phase error is 

negative the STC at the decoder is running ahead of the source clock and data is being 

decoded early.

OCR or PCR
Low-pass 

filter and gain
Voltage

Subtractor error control controlled
oscillator System dock 

frequency

STC Counter

Figure 39: STC Recovery Using PLL

If the network delay varies, jitter will be passed to the system clock reference. As a 

result, the PLL must perform additional filtering in order to correctly estimate the STC at 

the decoder. This in turn slows down the responsiveness of the PLL and affects the 

maximum phase error introduced by the PLL between the encoded clock reference values 

based time line and the local system time clock reference line.

The error filtered by the PLL is dependent on the delay o f the received packet carrying 

the PCR, which will only reflect the true jitter value if the delay of that packet is equal to
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the average network delay. To assure an unbiased reconstructed STC, the filtered jitter 

value by the PLL must be adjusted to account for the difference between the delay of the 

received packet with a PCR and the average network delay. By choosing not to adjust for 

this difference, the decoder buffer might overflow or underflow.

To account for any introduced network jitter to assure a stable recovery o f the STC, de- 

jittering must be performed before the encoded clock reference values are passed to the 

PLL used in recovering the STC. The next section describes our proposed de-jittering 

scheme and how it can be applied when a TS carrying MPEG-2, or MPEG-4 elementary 

streams is being used.

7.2 Description of the De-jittering Scheme.

The proposed de-jittering scheme is based on the statistical estimation o f jitter added to 

packets carrying reference clock values from which the system time clock is to be 

recovered. Such packets are usually sent periodically and can be identified by means of a 

header flag or a field indicating the presence of a reference clock value. For example, 

packets carrying program clock reference values in a TS are identified by the PED field of 

the TS packet header. In MPEG-4, the header o f SL packets also carries a flag indicating 

the presence of an object clock reference. Once a packet with a PCR or an OCR is 

identified, it is parsed for clock adjustment to account for introduced jitter and therefore, 

minimize the phase error of the PLL to provide a more stable system time clock. The
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applied adjustment step is calculated by converting the jitter from seconds to clock tics

based on the resolution o f the clock reference (i.e. OCR, or PCR).

7.2.1 Basic Assumptions and Steps of De-jittering.

1. The sender periodically transmits packets with a nominal period T.

2. A reference clock value carrying a snap shot o f the encoder time base is periodically 

inserted and sent periodically every Tref  second (N packets). The first packet with 

reference clock value received is used to initiate the decoder clock by setting its 

system clock to that value, and this is done by default as per the MPEG standards. To

perform de-jittering a local counter is also initiated to the reference clock value. This

local clock is used for the registration of arrival times and updated along with the 

STC. In the case of MPEG 7^/ could be the inter PCR or inter OCR period 

depending on the specific transport mechanism used.

3. Register the arrival times of all packets (N) received between two successive packets 

carrying a reference clock value and calculate their jitter values (Ju i= l,...N ) as the 

difference between their theoretical (A„) and actual (Aai) arrival times. The 

theoretical arrival times of the N  packets are calculated using the arrival time o f the 

packet carrying the reference clock value (A a rtfJ) as a reference point.

A-ti ~ A a.refj + i T) (I)

Ji — A,i - Aai (2)

4. Calculate the sample mean jitter ( n k) as
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where the value o f [xk can be positive, negative or zero depending on the delay

experienced by the reference packet (A-cv). The sample mean jitter, f ik, will be 

positive, negative or approach zero depending on Drcv and N. Figure 40 shows a 

typical tim ing diagram for the received packets.

Source

; al

Receiver
rev

Figure 40: A timing Diagram for Received Packets 

5. Estimate the jitter o f the TS packet carrying the next reference clock value as the 

difference between its actual arrival time and its corrected theoretical arrival time

(Acxrefj). The corrected theoretical arrival time of the video packet carrying a

reference clock value can be found as in equation (4).

Ac.t,rtfj~ (A a.refj-I  ̂(N+I)T) - fX  k (4)

Jrefj =  ACXrefj — Aa.refj (5)
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By using the AcXnfj  the value Jnfj  is now estimated based on the average network 

delay rather than on the delay of a single packet The corrected theoretical arrival 

time o f the new received packet carrying a reference clock value will now be used as 

a reference point for the calculation of the sample mean jitter of the next N packets as 

in step 2 and 3 with Aa,nfj replaced with .4C. *«.//. Since the jitter calculation of the next 

N packets is now based on a reference packet with an estimated average network

delay, p k should be close to zero and exhibit little variation under the same network 

conditions.

6. Using the resolution of the STC, translate the jitter value Jn/j to an adjustment step 

(A) in terms of number of STC tics and re-stamp the reference clock value to account 

for the adjustment before sending it to the PLL.

A = Jnfj ( sec) STC resolution (tics per sec)) (6)

This will minimize the phase error of the PLL and provide a more stable STC 

reconstructed based on the average network delay.

7. Once a new packet with a reference clock value is received, the steps of de-jittering ( 

2 through 6 ) are repeated till a new video packet with a reference clock value is 

received.

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



105

73 Experimental and Simulation Setup.

7.4 Experimental setup.

To test the performance o f the proposed de-jittering scheme, experiments were conducted 

to collect jitter data when MPEG video is transported over an ATM network as shown in 

Figure 41.

An MPEG-2 video was generated at constant TS rate o f 4.096 Mbps from the MPEG 

encoder and transported over the ATM network over an OC-3 connection using AAL5 

with two TS packets per AAL-5 PDU [2, 5]. A program clock reference value was 

inserted in transport stream packets every 80 ms by the encoder, therefore given the 

length o f a TS packet being 188 bytes, N is approximately 218 TS packets or 109 AAL5 

PDUs since two TS packets are encapsulated as an AAL5 PDU. The network test 

equipment (NTE) traffic generator module was used to generate and load the ATM 

switch with background traffic to introduce jitter within the MPEG stream. The MPEG 

stream was passed through the NTE’s analyzer module, just before it was being decoded, 

to register the arrival times of AAL-5 PDUs carrying the video stream and mark those 

with a reference clock value, in this case a PCR.
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Figure 41: Experimental Setup

7.5 Simulation.

Using both simulated and real time jitter data collected from the experiments, simulations 

were conducted to test the performance o f  the de-jittering scheme. Figure 42 shows the 

flow o f the simulation.

Beside the jitter introduced by the network, there is additional jitter introduced as a result 

of encapsulating two transport stream packets to form an AAL-5 PDU without any regard 

to the position of a reference clock value within the PDU. This encapsulation scheme 

introduces packing jitter since when a reference clock value is in the first transport packet 

it has to wait for the second packet to constitute a PDU [34]. The reference clock value 

packing jitter occurs when the reference clock value insertion mechanism switches from
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inserting a reference clock value from the first to the second TS packet of the PDU, we 

will refer to this phenomenon as a reference clock value switch or a PCR switch.

TS packets carrying the PCR value can easily be identified by parsing for their 13 bit 

Packet ID (PID) located at the second and third bytes of each TS packet. The parser 

function used in the de-jittering scheme parses the header fields of TS packets for their 

PID and continuity counter (CC) (a 4-bit field). When there is data loss, TS packets are 

lost in pairs in case of bit errors or cell losses due to the AAL-5 Cyclic Redundancy 

Check (CRC) being applied over the whole PDU. Loss of TS packets is indicated by a 

discontinuity in the CC.

J itte re d
TS

Packets
J itte red

PC R Jitte r 
A djustm ent 

Step (A)

J it te r  Free 
PC R

i r

PC R Re­
stam ping
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PLL and  
STC 

Recovery

P a rse r &  J i t te r  Estim ation

Figure 42: De-jittering Simulation
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The de-jittering scheme as described in the previous section was simulated and applied 

using both simulated and real time jitter data. Certain modifications were applied to the 

de-jittering scheme due to the use of AAL-5 and MPEG-2 transport stream. For example, 

when MPEG video is received, two TS packets are buffered in AAL-5 to form a PDU, 

then transported to the decoder system layer. Network jitter in this scenario is only due 

to variation in the arrivals of the last ATM cell of a PDU and that implies jitter 

calculations with a nominal period of 2T. Moreover, T„f in the de-jittering scheme was 

replaced with the inter PCR period (Tpa) since the MPEG-2 transport stream was used.

In the case o f a PCR switch the jitter value was adjusted to offset the packing jitter as in 

the following equation

Jpa-j ~ Acxpcrj ~ A^pcrj £ (188  TS rate) (7)

A PCR switch in the simulation was identified by a similar method as in [34],

7.6 Simulation results and analysis.

The performance of the de-jittering scheme can be judged by looking at the inter frame 

decoding jitter. In MPEG a number o f video frames1 are buffered before the start o f the 

decoding process. A video frame is decoded when its DTS as compared by the STC is 

reached. If video is encoded at M  frames per second, the inter frame decoding period will 

be 1/M  second. However, since the STC is reconstructed and adjusted based on the
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received PCR values, the inter frame decoding period will only be constant if  the inter 

PCR jitter is zero. The inter frame decoding jitter (Ja) can be found as

Jd =(Ck - C k_x) - ( l / M )  (8)

where C* and Ct-i are the values of the STC at the decoding times of frame k  and frame k- 

1.

Before applying the de-jittering scheme, every time a PCR arrives at the decoder, the 

PLL had to adjust the STC to correct for any introduced inter PCR jitter (Jpcrj -Jpcrj-i)• 

Once de-jittering is performed and the inter PCR jitter is removed through the applied 

adjustment step A, the PLL will only adjust for (£*) as in equation (9) to reconstruct the 

STC based on the average network delay. Figure 43 shows the jitter values the PLL has 

to correct for before and after de-jittering is applied when an MPEG TS at 30 fps, 

transported over a single hop as per the encoding conditions described in the 

experimental setup. The background traffic load used for this setup was Poisson at 90% 

o f the OC-3 line rate.

1 The num ber o f  fram es buffered is dependent on the buffer size used.
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Figure 43: PCR jitter the PLL has to Correct for Before and After De-jittering

Ek = («W + Pk ) ~ (epcr + Mk-l ) (9)

where epcr is a constant error value in estimating Jpcrj  due to the fact that the nominal 

period of PCR insertion (Tpcr) is not equal to an integer number o f the nominal period T. 

This error value is dependent on the transmission rate and the Tpcr used and can be 

calculated as follow:

e„r —per
per T - T

(10)

The value of f ik should be close to zero and exhibit little variation under the same 

network conditions as was explained in step 5 o f the de-jittering algorithm.
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Figure 44 and Figure 45, respectively show the inter frame decoding jitter distribution 

before and after de-jittering for an MPEG TS at 30 fps, transported over a single hop as 

per the encoding conditions described in the experimental setup. The background traffic 

load used for this setup was Poisson at 90% of the OC-3 line rate. Statistical analysis o f 

the inter frame jitter for this case revealed an 84% reduction in the inter frame jitter 

standard deviation after de-jittering.

Simulated jitter values were also used to test the performance of the de-jittering 

technique. As an example of simulating a worst case network jitter scenario, a uniform 

network jitter distributed between ±10 msec was used assuming an MPEG TS rate of 

1.536 Mbps with a frame rateat 30 frame per second and a Tpcr o f 100 msec (N is around 

102 TS packets, 51 AAL5 PDUs).

Figure 46 and Figure 47 show the inter frame decoding jitter histograms before and after 

de-jittering for this case.
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7.7 Performance Bounds and Analysis o f the De-jittering Scheme.

In this section we examine the performance of the de-jittering scheme by studying the 

estimation error in the sample mean jitter ( p k) due to the use o f finite number o f packets

(N). An upper bound on the probability of error in the estimation o f p k will be derived. 

Assuming that the jitter values o f received video packets {JO are independent and 

identically distributed {i.i.d) with standard deviation <x then according to the Central

1 AT
Limit Theorem, the sample mean jitter p k = —Y j  has a p .d .f  close to normal with a

N t t

standard deviation equal to a  /  J~N , providing that N is large enough.

The Tchebycheff Inequality is applied as a loose bound in (11) to find the relationship

between the probability of error, P(e) in the estimate of p  using p k, the number N, and 

the tolerance interval e . The tolerance interval is defined as e = a J ^ , where Jmax is the 

maximum jitter value allowed for the desired application and a  e  (0,1). The tolerance 

interval as defined then will represent the amount by which the sample mean can differ 

from the true mean.

P \ { p k > p  + e )o r{p k < p - e ) \ <
s  N

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



115

p\iMk ^ < p - a l m)>< (U)

As was shown in [44,45] the uniform probability density function (p.d.j) exhibits the 

largest entropy of all other p.d.fs, that is, it has the largest standard deviation. For a 

uniform p .d .f  distributed between -Jmax and +Jmax, and its standard deviation <j  will be

gives, for the same number N, an upper bound on the probability o f error in the

estimation of p  using p t . Therefore, a m inim al value of N can be found to satisfy the 

de-jittering design parameters (£, , andP(e)). In the next section we show the

relationship and trade-off between (N, e, , andPje)) using equation (11) for the

experimental jitter distribution and equation (12) for a uniform simulated jitter 

distribution.

^ 22. .  Since the Tchebycheff Inequality is only dependent on the standard deviation,

substituting £ 2 2 . for the standard deviation in equation (11) as follow: 
V3

P U p k > p + o cJ mtx)or{pk < / / _ a / f U <

P\(Mt + m )or(pt < p - a J ^ ) \ < —^ — = P(e)
3a N

(12)
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7.7.1 Performance Examples.

The de-jittering scheme proposed in this paper is dependent on the number of video 

packet received (N) between two consecutive clock reference values, used to reconstruct 

the clock at the receiver. Numerical examples are introduced to show how the different 

parameters o f the proposed de-jittering scheme are related. The video packet jitter values 

o f the experimental example described in the previous section will be used. In that 

example Jmax was 481 usee and the standard deviation a  was 120 usee. If  a tolerance 

interval e  =  ocJaax= 0.1 Jm„r was desired with a probability of error equal to 0.1, equation

(11) gives the number N needed to satisfy these conditions as 63 packets. If  equation

(12) was used instead to give the most conservative value for N assuming that the video 

packet jitter was uniformly distributed between (-Jmax and +Jmax), N would be 333 

packets. Figure 48 shows how N varies depending on the desired probability of error, 

P(e), while using the same tolerance interval (0.1 Jmax) for the experimental jitter 

distribution and the above assumed uniform jitter distribution. For the same example, 

Figure 49 shows the effect of choosing different tolerance interval on N while keeping 

P(e)= 0.1.
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Figure 48: An Example of How the Choice of P(e) Affect the Value o f N, Number of 

Video Packets Used in the Sample Mean Jitter Calculation.

From Figure 49, its shown that if the tolerance interval is 0.1 and P(e) is 0.1, N can 

be as low as 63 packets for the experimental jitter distribution.
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Figure 49: An example o f How the Choice of Tolerance Interval Affect the Value of N, 

Number of Video Packets Used in the Sample Mean Jitter Calculation.
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8 Conclusion and Future Work

8.1 Summary and Conclusion.

The work in the thesis can be summarized as follow:

• We have conducted simulations and experiments on several MPEG-2 transport stream 

clips with different bit rates and encoding sequences to investigate the sensitivity of 

MPEG-2 transport stream to bit errors and cell losses. To improve the received video 

quality when transported over ATM networks we proposed a cell loss padding 

technique. The proposed scheme could be incorporated as part of a Service Specific 

Convergence Sublayer (SSCS) of the AAL used or as part of the MPEG-2 decoder 

when decoding a TS. The results presented could be used to selectively apply FEC to 

m inim ize the overhead involved while minimizing degradation in the received video 

quality. Results obtained showed that passing MPEG video transport stream packets 

to the decoder layer rather than discarding them improves the perceptually received 

video quality and therefore, the enabling of CRC of the AAL5 should be optional 

based on the user application. In the case o f data loss, simple padding techniques for 

the lost data were shown to result in a video quality better than discarding 

uncompleted AAL5 PDUs or passing them to the upper decoding layer.

•  We have conducted an intensive and comprehensive empirical study on the transport 

o f ATM CBR traffic under diverse operating conditions. Our results revealed the
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effect o f changing several network parameters such as the applied traffic load and 

number o f switching nodes on the performance and characteristics of the transported 

CBR traffic. Under the most extreme network conditions presented in this study the 

end-to-end delay of a cell was below (350ps) and the maximum peak-to-peak CDV 

was under (240ps). From the overall observations and analysis o f CDV and end-to- 

end delay of CBR traffic, the failure of standard distributions (Normal, Rayleigh etc) 

in adequately and accurately modeling their behavior was shown. An example of 

how distinct and different the distributions o f CDV and CTD could be under different 

operating conditions is shown in Figure 50. Quantifying the end-to-end delay and 

CDV in a WAN ATM network is essential to building the next generation of 

multimedia services.

CTD: Load 90, 8 hops
0.10 
0.08 _ 
0.06 . 
0.04 . 
0.02  .  

0.00  -

f(x)

time slots

Figure 50: CTD Distribution for Load 90% and 8 Hops

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



121

• In this work an overview o f the MPEG-4 system and timing model was provided. 

Clock reference values, time stamps and a PLL are used to reconstruct the system 

time clock at the decoder and achieve clock synchronization. For this to work, the 

end-to-end delay between the decoder and encoder must be constant. Variable 

channel delay introduces error and distortion in the STC recovery and therefore, a 

robust de-jittering scheme is desired to make an MPEG system decoder exhibit good 

performance even without the best designed PLL. This work present a novel de- 

jittering scheme that can applied to preserve the temporal relationship between video 

objects and therefore preserve the desired quality o f service.

8.2 Intended Future Work.

Our intended future work fall under the umbrella of variable bit rate (VBR) multimedia

traffic transported over ATM and IP networks and will consist o f the following:

• Study the characteristics of delay and delay jitter of VBR MPEG when transported 

over an ATM network using the VBR service category for transmission. In 

Transporting VBR MPEG over an ATM network, several issues rise such as, traffic 

shaping, video smoothing, video scheduling, and preserving the user desired quality 

of service. The delay and jitter analysis is affected by such issues and become more 

complicated. Our future work will be centered on building simulation tools to enable 

us perform our intended VBR video delay and jitter analysis under diverse network 

operational conditions. We will use pre-encoded MPEG VBR video streams and
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develop a scheduling mechanism to deliver such streams over an ATM based 

network. Our objective will be to design our scheduling technique in a way to ensure 

the preservation o f video quality while minimizing the use of network resources. 

Using such scheduling technique, the inter-departure times o f ATM cells carrying 

VBR MPEG encoded video can be registered. The second step is to model a multi­

hop ATM network with several queuing mechanisms and study the distribution of 

delay and jitter when the pre-encoded VBR MPEG streams are scheduled to pass 

through the modeled ATM network.

• Our second future work objective is to extend our de-jittering scheme to the VBR 

case. Also, to test the performance o f the proposed de-jittering scheme using MPEG- 

4 video data rather than MPEG-2. Another aspect o f our intended future work will be 

to use the de-jittering scheme in an IP environment. MPEG video can be transported 

over IP using the real time protocol (RTP) for encapsulation. Once MPEG video is 

encapsulated using RTP packets, it is transported using UDP/IP. Since the 

characteristics of an IP network is different from those o f an ATM network, the de- 

jittering scheme must be adjusted and modified to be used in such an environment.
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