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GOALS OF THE PROJECT 

The objective of the project described in this project was to determine 

whether or not distribution of High Definition Television (HDTV) is possible 

via a broadband communications network based on the Asynchronous Transfer Mode 

(ATM). 

The HDTV information was to be source coded using the HD-MAC bandwidth 

reduction technique. 

To prove the possibility of distributing HD-MAC encoded HDTV information via 

an ATM network, a simple channel coding method was to be developed : 

- to reduce the deteriorating effect of ATM specific transmission 

impairments on HDTV picture quality 

- enabling flexible HDTV broadcasting 

- adding as little overhead as possible to the required transmission 

bandwidth. 

To be able to judge whether or not picture quality deteriorates visibly as 

a result of transmission impairments, a criterion for distortion measurement 

was developed. 

This criterion was embedded in a computer simulation environment. 

For the introduction of ATM specific transmission defects, a model of an ATM 

channel was devised. 

Finally, the various channel coding methods developed, were applied in 

simulations of the ATM distribution of an HDTV service, using the distortion 

criterion for comparison. 

The survey activities of the project were conducted at the Explorations 

department of APT Nederland BV in Huizen and the Product Concept and 

Application Laboratory of Philips Components in Eindhoven. 

During the project I was coached by prof.ir. J. de Stigter of the Eindhoven 

University of Technology, by ir. R.T. Sennema of APT Nederland and by 

ir. W.P.G. Crooymans of Philips Components. 



SUMMARY 

To prove the possibility of distributing HD-MAC encoded High Definition 

Television (HDTV) via an ATM broadband network, the feasibility of 

compensating for ATM specific transmission impairments has to be verified. 

The picture quality of HDTV has to be maintained by applying a channel coding 

method in a transmission format that differs from MAC. 

Furthermore, the addition of channel coding overhead should not cause a 

considerable increase in the required transmission bandwidth. And the 

flexibility of the MAC/packet family of TV standards should be maintained. 

Therefore, a number of different terminal adapters, capable of detecting and 

compensating for most of the damage HD-MAC encoded HDTV information suffers 

in an ATM network, were developed. 

To be able to objectively compare the performances of various methods of 

channel coding, a measurement system for HDTV picture quality was developed. 

This measurement system consists of a distortion criterion based on results of 

research into human perception. 

By applying the measurement system, an objective numerical evaluation of the 

perception of distortion in an HDTV image may be obtained. 

The distortion criterion is embedded in a software environment for the 

simulation of ATM distribution of HD-MAC encoded HDTV. 

ATM specific transmission impairments are introduced by a software model of an 

ATM channel. 

All channel coding methods developed are based on cell sequence numbering 

for the detection of transmission impairments. 

The coding methods differ mainly in their way of masking loss of cells 

containing video samples. 

Comparing these masking methods, using the distortion criterion, a decision in 

favour of line repetition may be taken. Line repetition is a simple method for 

masking loss of samples by repeating pixels of the previous line in a field. 

It is possible to reduce the deterioration of picture quality, due to 

transmission impairments, to a negligible level by using a simple channel 

coding method. 

The transmission format used for the ATM transport enables distribution of 

HD-MAC encoded HDTV information, with a transmission bandwidth that is less 

than 146 Mbit/s. 

Furthermore, HDTV services may benefit from the flexibility of service 

distribution in an ATM network. 
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CHAPTER 1. INTRODUCTION. 

1.1. DEVELOPMENTS IN BROADBAND COMMUNICATIONS. 

One of homo sapiens' major evolutionary advantages has always been his 

ability to exchange large quantities of information. 

At first information was transferred directly from one human being to another, 

by means of speech, possibly illustrated graphically. These forms of 

communication, however, were restricted to transfer over short ranges. 

Using tools, it became quite easy to telecommunicate with people allover the 

world, distance was no longer .a problem. All kinds of information, no matter 

how large the quantity, could eventually be transported across the world. 

Nowadays even man's tools are beginning to communicate with each other, 

introducing yet another requirement upon the transfer of information. Apart 

from being able to convey large quantities of information over whatever 

distance necessary, transmission capacity is becoming vital. 

Translating the capacity requirement into engineering terms, increasing 

transmission speed means extending the available bandwidth of transportation 

systems. In this context bandwidth may represent anyone of a large number of 

different parameters, ranging from the airmail cargo an aeroplane can carry, 

to the number of television entertainment channels available to the public. 

However, in communications engineering a more abstract meaning is given to the 

concept of transmission bandwidth. Here, transmission bandwidth is related to 

the ability of a system to follow variations of an electromagnetic signal. If 

a system cannot follow signal variations accurately, waveform perturbation 

will result. (ref. 1.] 

In communications engineering, there is no fixed relationship between the 

bandwidth of a telecommunications channel and the actual information carrying 

capacity of that channel. The capacity of a communications channel depends 

largely on the transportation method used and on the amount of redundancy 

added to the information. 

Nevertheless, as the overall information flow tends to increase, there is no 

doubt, that broadband telecommunications, providing the necessary large 

amounts of bandwidth, will become even more important than they already are. 

Until recently, it was common practice to perform broadband 

telecommunications via terrestrial radio transmissions or using dedicated 

networks. 

Television (TV) information, for instance, has always been distributed using 
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radio broadcasting. 

As the number of frequency division multiplexed TV channels increased over the 

years, the part of the radio frequency spectrum open for television 

broadcasting was expanded. This led to the extensive TV frequency bands we 

have today. 

Qirect ~roadcast ~atellites (DBS) opened the way to satellite transponder 

relaying of TV broadcasts, so now even satellite channels are occupied by 

television information. 

As equipment facilitating the reception of satellite transmissions is 

still rather expensive, and as mobile communication systems are gaining 

popularity rapidly, it is clear, why dedicated TV networks, the cable 

television (CATV) networks, have been introduced of late. CATV networks allow 

users to share the cost of acquisition and installation of satellite receivers 

and these networks may eventually "clear the air" for mobile communications. 

For, mobile communications are destined to use radio transmission, as the 

position of any of a number of communicating partners may not be fixed, during 

information transfer. 

A major drawback of a dedicated network, however, is its relatively low 

efficiency. When only a few television channels are active in a CATV network, 

for instance at night, the network/s capacity is only partly exploited. The 

network manager has to keep the whole of the network functioning, while only a 

few of the service providers and possibly even less customers are benefitting 

from the network's performances. 

Offering more than one kind of service in a network of communication lines 

will often lead to a need for extension of the network's bandwidth, but it 

also offers a possibility to use the network resources more economically. 

This is of course true for CATV networks, but also for the public telephone 

network operational at present. Consequently, network providers in both 

sectors are preparing to extend their line of services. In particular, 

national telephone companies allover the world are cooperating in the 

specification of a digital network suited for the conveyance of various sorts 

of information. 

The future Integrated ~ervices Qigital Network, ISDN, will accordingly offer a 

number of different digital services in a flexible way. In ISDN, extending the 

bandwidth can be done without restrictions by increasing the number of 

transmission lines, and introducing new digital services will be possible 

without great expenses. 
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In ISDN, optical fibre transport media are used in the interconnections 

between exchanges. For, optical fibers prove to be cheap information carriers 

with enormous bandwidths. 

Consequently, in the future, optical fibre subscriber lines will allow for the 

conveyance of services varying from narrowband telephone traffic to broadband 

datacommunications, to and from the subscriber premises. So, as soon as 

optical fibers and the associated transmission systems are introduced in the 

subscriber lines (local loops) of the ISDN, they may even provide for the 

possible integration of the ISDN and CATV networks into one Integrated 

~roadband ~ommunications Network (IBCN), or simply broadband ISDN (B-ISDN). 

The first specifications for broadband ISDN are being established today, and a 

description of some of the propositions is given in the next section. 

While the development of a broadband multi-service network is 

progressing, we have to realize that the intended line of services for such a 

network is subject to changes. 

Revolutions, the introduction of new services, as well as evolutionary changes 

of individual services already accounted for, have to be considered, while 

specifying the network resources. 

The introduction of facsimile-communications in the telephone network is an 

example of a revolution. A new form of exchanging information unrelated to any 

of the existing services, in a short time became very popular. Including such 

new services in an existing network puts very stringent demands upon the 

flexibility of a network. 

The evolution of existing services may not have equally overwhelming impacts 

on the service providing network, but this form of service development will 

have to be considered also, while concepts are still on the drawing board. 

Service developments that are of particular importance for the 

specifications of IBCN are related to the establishing of new television 

standards. 

Television services, if distributed via an IBCN, will consume large amounts of 

bandwidth in a future multi-service broadband network, even with today's TV 

standards. 

However, a worldwide research effort is directed towards a new TV standard 

creating superior images, High Qefinition Ieleyision (HDTV), in the 

revolutionary approach possibly requiring four times the bandwidth used by any 

of the standards presently operational. So, if in the future we want to 

introduce HDTV services in an IBC network, we will have to adapt the 
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dimensions of such a network to the needs of HDTV services. This makes it 

worthwhile to keep track of developments in the field of HDTV, whilst already 

trying to derive possible ways to distribute HDTV information via a broadband 

communications network. 

So, during the research project described in this report, I have 

investigated the possibilities of distributing HDTV information using the IBCN 

resources, specified in the next section. 

In section 1.3. the information format of the proposed HD-MAC HDTV system, 

used in the project, is described. 

1.2. THE BROADBAND INTEGRATED SERVICES DIGITAL NETWORK. (B-ISDN) 

The future broadband communications network will incorporate a number of 

characteristics for the support of an extensive range of services, broadband 

facilities included. 

The CCITT (International Telegraph and Telephone Consultative Committee) 

organization is currently studying recommendations for IBCN and in the near 

future specifications will be issued by this body, concerning the 

implementation of an IBC multi-service network. 

In writing these specifications special emphasis is placed on the versatility 

and flexibility of the network. 

The most important requirements are that an IBC network should offer multiple 

service capabilities and that variable bitrate or multi-bitrate applications 

should be supported. 

In the February 1988 CCITT-meeting in Seoul it was decided that the target 

B-ISDN solution will be based on the asynchronous lransfer Mode (ATM) , ATM is 

a transfer technique based on the asynchronous lime Qivision multiplexing 

(ATD) of data packets, as opposed to ~nchronous lime Qivision multiplexing 

(STD). 

Both mUltiplexing techniques are based on the transmission of digital data in 

sequences, time division mUltiplexing the various users of a transmission 

link. However, in STD sequences, the data offered by one user recurs in 

equidistant time slots that have a fixed length. 

In ATD there is no fixed sequence position for the data concerning one 

connection, it may appear anywhere in a sequence of packets, depending on the 

amount of information offered by an user's data-source and the number of empty 

packets available in the network sequence. 
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In an STD network a clock generates a continuing sequence of so called 

time slots. Each time slot consists of a small framing (header) field and an 

information (data) field, both containing a number of bits, as is depicted in 

figure 1. 

Header 

n m "I 
Figure 1. A data packet or cell. 

Each of the various users submitted to one transmission line is appointed one 

time slot in a sequence (frame) of, for instance, three time slots. The 

appointed time slot may carry digital information of this user only. 

So, if the users of one transmission line are designated as A,B and C, the 

time slot sequence displayed in figure 2. will occur. 

framing pattern 

cell header (short) 

information field 

Figure 2. Example of time slots in STD. 

At the receiving end of the transmission line the time slots are identified by 

their position in the frame of three time slots. So, in the case of figure 2. 

the first slot in a frame is automatically recognized as information 

concerning the connection of user A. 

In STD the header field of a time slot is only short. 

For identification purposes a certain amount of information has to be 
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transferred from transmitter to receiver at STD connection setup. A receiver 

simply has to have routing and identification information available on each of 

the incoming time slots. Transferring this management information may be done 

by sending it in a time slot reserved for network control and management data, 

for instance time slot C in every frame of three time slots. 

An ATD sequence with fixed length packets, called cells, will look like 

the one in figure 3. As was mentioned earlier, in ATD there is no relationship 

between the position in a sequence of packets and the logical connection an 

information cell belongs to. Consequently, control information for connection 

identification has to be carried in the header field of each cell. 

= cell header (long) 

= information field 

Figure 3. Example of fixed length cells in ATD. 

Empty cells may also appear in an ATD sequence. 

In ATM, cell lengths are fixed. This is not a necessary requirement. In an 

asynchronous transmission system, cell lengths could also be variable. 

Providing for future services in an IBCN means increasing switching and 

transmission speeds. 

The higher the network speeds are, the easier the adaptation to future 

broadband services will be. In the process all kinds of delays inherent to an 

ATM network, such as the total queuing delay, are reduced too. 

These are some of the reasons, CCITT recommends the implementation of a 

downstream (network to subscriber) bitrate of 600 Mbit/sec and an upstream 

(subscriber· to network) bitrate of 150 Mbit/sec. 

If indeed we use fixed length ATM cells we will have to establish the 

actual cell length, the length of the header and the length of the information 

field. 

Recently (June 1989) the celTT organization issued standards for ATM 
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comprised of cells containing a 5 octet header (40 bits) and a 48 octet (384 

bits) information field, resulting in a total cell length of 424 bits. 

Guarding flexibility it seems useful to make ATM transmission as 

transparent as possible, enabling the support of a wide variety of services. 

Some of these services are telephony, telex, facsimile, videophony, radio, and 

television. 

Using ATM as the transmission method in a broadband communications 

network, we will have to compensate for some of the transmission defects 

introduced by asynchronous time division mUltiplexing. 

All transmission paths, even the optical fibers that will be used in a 

broadband network, give rise to bit errors. Coding the information to be 

transmitted efficiently, we should be able to arrive at an acceptably low 

error rate. 

Furthermore, cell loss may appear in an ATM network. Cell loss is caused by 

two phenomena, one being ordinary bit errors, the other being buffer overflow. 

Whenever it is detected that bit errors have damaged the header of an ATM 

cell, this cell will have to be discarded, preventing the network from 

delivering it to a subscriber the message is not intended for. Thus, a cell is 

deliberately destroyed when its header is damaged beyond repair, resulting in 

the loss of one entire cell (48 octets) of user information. 

Buffer overflow appears whenever in a network (switching) node all cells 

of an outgoing link are occupied, and the gathering buffer at the input link 

of the node is full. In this case all arriving cells will be lost, for there 

is no more space to store them until empty cells appear on the outgoing link. 

Compensating for cell loss is quite difficult, because loss of one cell may be 

considered a burst of bit errors. Forward error correction schemes able to 

reduce the influence of cell loss are therefore hard to find, and generally 

they will introduce an enormous redundancy overhead. [ref. 2.] 

Another important aspect of an ATM network is the presence of a certain 

jitter in the instants of cell arrival at the receiver, due to the variation 

in buffering delay in the network. An ATM network itself is not time 

transparent. 

Fortunately, there are several synchronization schemes that make it possible 

to reduce the jitter at the receiving end of the network. [ref. 3.] 

The actual driving force behind the introduction of the B-ISDN in Europe 
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is television. 

Most of the residential subscribers to a future broadband network will not 

need the enormous transmission capacity offered to them, unless indeed they 

depend on it for television broadcasting. Consequently, it seems reasonable to 

demand the B-ISDN to exceed the performances of CATV in terms of picture 

quality, the number of programs offered to a subscriber and evolutionary 

possibilities. 

Improved picture quality of IBeN video services, compared to CATV 

services, should be possible mainly because of the absence of co and cross 

channel interference and the relatively low error rate in optical fibre 

transmission facilities. Furthermore, optical fibre media are highly 

insensitive to distortion caused by electromagnetic compatibility and 

interference. Radio transmissions and the coaxial cables used in CATV are 

known to be quite susceptible to such interference. 

The number of channels offered to a subscriber in an IBCN is practically 

unlimited. The number of channels available simultaneously, however, is 

smaller than in both terrestrial radio and CATV distribution systems. 

The downstream capacity (600 Mbit/sec) of an IBCN subscriber line allows for 

the simultaneous transfer of only a relatively small number (6 to 10) of TV 

channels. Incorporating channel selection systems in remote units and local 

exchanges of the IBeN therefore is necessary to be able to compete with the 

enormous number of channels offered in both CATV and terrestrial radio 

networks. A remote unit (RU) is applied in a proposed local network topology 

for the IBCN. It is a small exchange that connects a limited number of 

subscribers to the network. 

So, in IBCN a subscriber will probably have to send selection information 

uplink in order to make changes in the set of programs offered to him 

simultaneously. As soon as this selection system is operational, the number of 

channels available to a subscriber will only be limited by the number of 

channels that can be received simultaneously by a remote unit or local 

exchange. 

The evolutionary possibilities of television services in the IBeN are 

considerably better, than in any of the existing distribution networks (CATV 

and radio). Interactive TV services, for instance, can never be incorporated 

in a DBS network and even in most of the existing CATV networks it will only 

be possible at enormous expenses for both subscribers and network providers. 

In an IBCN, however, interactive services are considered to be a fundamental 

part of the network's service capabilities. 
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Some examples of interactive TV services are videophony and pay-TV. 

Another aspect of evolutionary possibilities is that the proposed flexibility 

of broadband networks should allow for the upgrading of services. 

Consequently, if the B-ISDN is supposed to deliver television services to all 

of its subscribers, it should also be possible to upgrade these services to 

HDTV without an enormous effort. It should not be necessary to replace any 

subscriber loops, for instance. 

In the next section we will, in order to establish the network 

requirements for upgrading video services, take a look at one of the proposed 

systems for High Definition TV, the HD-MAC system. 

1.3. HD-MAC HIGH DEFINITION TELEVISION SERVICES. 

When it was introduced, broadcast television represented one of the major 

technical achievements of its time. Television receiving and transmitting 

equipment exploited technical knowledge and skills that had only recently been 

acquired. So, at first TV receivers were very expensive. 

This changed when a large audience became interested in television, enabling 

economical production of television sets in large numbers. This in turn 

stimulated researchers everywhere, in the field of electronic engineering, to 

develop more advanced and cheaper TV systems and system components. 

Nowadays, the television standards, established when television was 

introduced, are no longer up to date with what is technically feasible. Take 

for instance the fact that all TV standards are still based on the 

transmission and processing of analogue signals, whereas most modern 

developments in electronics are focused on digital systems, enabling 

relatively simple (software guided) signal processing. 

Three widespread standards for colour TV, operational at present, are the 

European PAL and SECAM systems and the NTSC standard in the United States and 

Japan. As these standards are more or less mutually exclusive, the conversion 

of program material from one standard to another, is not only very expensive 

but it inevitably causes loss of picture quality too. 

So, with the launching of direct broadcast satellites (DBS) , enabling program 

distribution over large areas of the globe, the world would become the 

broadcaster's oyster, if it was not for the incompatibility of today's 

transmission standards. 

A probably even more important disadvantage of the PAL, SECAM and NTSC 

standards is that none of them is really suitable (yet) for the enhancement of 
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service quality, leading to high definition television with high quality 

sound. 

Because of the limited transmission bandwidth of the ordinary PAL, SECAM and 

NTSC standards, the incorporation of additional (sound/data) services and the 

improvement of picture quality will certainly be difficult. 

All this emphasizes the need for the development of worldwide standards 

for future television services that are more in line with the present 

technical knowledge and skills and that allow for future extensions of the 

grade of service. 

It is especially important to establish a worldwide standard for the 

production of television software of superior picture quality. For, this will 

make the exchange of program material less expensive. 

Furthermore, there should be preferably one but for compatibility's sake may 

be more than one transmission standard for television information. Here, 

compatibility means ease of adaptation to existing equipment. 

Obviously, a transmission standard should also be adapted to the 

characteristics of the transmission channel(s) it is intended for. This may 

require agreement on a number of different transmission standards, one for 

each physical medium used for transmission of TV information. 

Both production and transmission standards should include the possibility for 

an upgrading to high definition picture quality and they should provide for 

support of interactive television services. 

In Europe a choice has recently been made for the MAC/packet family of 

transmission standards as successors of PAL and SECAM. The MAC standards were 

developed for transmission via satellite and CATV channels. 

MAC is short for Multiplexed analogue Qomponents and it is a system in which 

the components of colour vision information are carried in a time mUltiplex 

instead of being frequency division multiplexed. 

Today's colour television transmission standards are based on frequency 

division multiplexing of the three components (luminance : Y and chrominance 

: U, V) needed for reconstruction of colour information at the receiver. Due 

to the fact that bandpass filters for regaining the separate components 

realize theoretical characteristics only approximately, frequency 

demultiplexing involves a certain amount of cross-component interference 

(cross-colour and cross-luminance interference). 

In time multiplexing systems these phenomena are completely absent. So, MAC 

itself provides for an improved picture quality, compared to the PAL, SECAM 
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and NTSC colour TV standards, however, it requires more transmission 

bandwidth. 

One variant of the MAC/packet family of transmission standards is the D

MAC standard [ref. 4.]. D-MAC comprises time compression and time multiplexing 

of the analogue picture components in the manner displayed in figure 4., for 

each active video line in a frame. 

I~ 
52 f sec 

"'1 I~ 
52 f sec 

"'1 

compression 

I~ 
52 f sec 

I~ 
64 f sec 

= sound I data I sync. part 

Figure 4. One D-MAC active video line. 

Time compression of the video components results in an increase of the overall 

video bandwidth to 8.4 MHz. The colour difference (U/V) part of a D-MAC video 

line contains U and V in a line alternating fashion, the odd lines contain U 

information and the even lines V components. At the receiver, for each line, 

the missing colour difference component is reconstructed by averaging adjacent 

lines. 

The sound/data part of a D-MAC video line contains services that are 

additional to the video information, such as digital audio, mUltiple language 
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channels and enhanced teletext. The sound/data channel has a maximum capacity 

of over 3 Mbit/sec. The format for one D-MAC frame consisting of 574 active 

video lines in two fields (2:1 interlace) and additional vertical blanking 

intervals is depicted in figure 5. 

An odd field contains the samples of the odd video lines of a D-MAC frame, an 

even field the remaining video lines. 

lleJd .! 

288 
8ctive 
lines 

field 2 

288 
8cfjve 

lines 

,--
one video line 

chrominance 

U. V 

line alternating 

chrominance 

u. V 

line alternating 

64 f sec. 
~I 

luminance Y 

luminance Y 

line-no: 

1 - 22 

23 

310 

311 - 334 

335 

622 

623 - 624 

625 

Figure 5. The D-MAC/Packet system frame format (2:1 interlace), 

Compared to D-MAC, the D2-MAC standard, adopted by the German and French 

governments, needs less transmission bandwidth and has a reduced sound/data 
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capacity. Instead of the 3 Mbit/s of D-MAC, D2-MAC may contain up to 1.5 

Mbit/s sound and data in the horizontal blanking intervals. The frame format 

of D2-MAC is equal to that of D-MAC, except for the capacity of the sound/data 

part. 

As was briefly mentioned before, MAC itself provides for improved picture 

quality, because of the absence of cross-component interference. 

The future HD-MAC standard will enhance this improvement by doubling 

horizontal as well as vertical resolution, resulting in a total resolution of 

about two times that of normal definition (ND-)MAC. [ref. S.J 

Furthermore, the aspect ratio of HD-MAC, representing the ratio of the width 

and height of a screen, will be changed from 4:3 to 16:9. For, the 16:9 aspect 

ratio presents a better match with the cinemascope format and the 

characteristics of the human visual system. 

However, one of the most important aspects of HD-MAC is the fact that the 

quality improvement may be brought about gradually and in an evolutionary 

fashion, starting from the MAC/packet family of transmission standards. 

HD 
source 

HD monitor 

BRE 

BRD 

ordinary TV- .... t 

( PAL / SECAM ) 

Figure 6. HD-MAC's compatibility. 

Consequently, MAC is suited for adaptation to transmission of high definition 
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television. 

A satellite transmission path for the distribution of HD-MAC information, 

demonstrating the compatibility of HD-MAC, can be diagrammed as in figure 6. 

Upgrading MAC by introducing high definition facilities, without loss of 

compatibility with existing MAC systems, can be achieved by applying a 

bandwidth reduction technique to the high definition information. 

The proposed HD-MAC production standard is based on frames of 1250 video lines 

(1152 of them active) of 1440 active pixels each, with a 2:1 interlace and a 

field refresh frequency of 50 Hz. 

This implies that in order to fit HD-MAC to the MAC transmission format (576 * 
720), we have to 

- reduce the video bandwidth by a factor of four 

- preserve a superior picture quality despite the reduction of 

information bandwidth 

- preserve compatibility of the HD-MAC information with normal 

definition (ND-)MAC receivers 

The required reduction of transmission bandwidth is achieved by means of 

motion adaptive sub-Nyquist sampling [ref. 6.], and a trade off between 

resolution and picture update rate. 

Motion adaptation means that the picture sample pattern, that is used, depends 

on the characteristics of the motion in a picture. For this purpose the HD-MAC 

bandwidth reduction encoder (BRE) contains motion estimation algorithms. 

Depending on the amount of motion in (a part of) a picture the encoder adapts 

the picture refresh rate and consequently the transmission period, selecting 

one of the following modes : 

- the stationary mode with a transmission period of 80 ms 

the slow motion mode using a 40 ms transmission period 

- the fast motion mode applying a transmission period of 20 ms 

If the motion is less than 0.5 sample/40 mS' the 80 ms mode is selected. 

In this mode the high definition information (1152 * 1440 pixels) is 

subsampled using the quincunx sample pattern depicted in figure 7.a. Using a 

quincunx instead of an orthogonal sample pattern (figure 7.b.) in combination 

with a two dimensional prefilter, the bandwidth needed to transfer the 

information in a frame is reduced by a factor of two. 

Applying the quincunx sample pattern, the bandwidth is reduced at the expense 

of some of the resolution in diagonal directions of the screen. 
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80 ms mode 

1 3 1 3 1 
1 transmission in first field 

2 4 2 4 
2 transmission in second field 

3 1 3 1 3 
3 - transmission in third field 

4 2 4 2 
4 transmission in fourth field 

1 3 1 3 1 

40 ms mode 20 ms mode 

1 1 1 1 1 1 1 1 

2 2 2 2 1 1 

1 1 1 1 1 1 1 1 

Figure 7.a. Motion adaptive luminance (Y) subsampling. 

1 1 1 

2 2 2 

1 1 1 

Figure 7.b. An orthogonal sample pattern. 

Another factor two bandwidth reduction results from decreasing the picture 

refresh rate, from 25 Hz to 12.5 Hz. In the 80 ms mode, every 80 ms four 

fields are sampled. 

If the motion exceeds 0.5 samp1es/40 ms but is less than 1.5 samples/40 

ms, the 40 ms mode is selected. 

Whenever the amount of motion in (a part of) a picture exceeds 0.5 samp1es/40 

ms, the picture refresh rate has to be higher than 12.5 Hz to avoid temporal 

aliasing, as a result of subsampling. So, in this case the bandwidth cannot be 

reduced by a factor of four, unless not all of the samples are transferred to 
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the receiver. 

The sample pattern, depicted in figure 7.a. is used and only two fields of 

information are transmitted. In the vertical direction, the number of lines 

is only half that of the 80 ms mode. In the 40 ms mode, every 40 ms two fields 

are sampled. 

If the motion exceeds 1.5 samples/40 ms, the 20 ms mode is used. 

In this case all temporal subsampling has to be abandoned, in order to prevent 

aliasing from occurring, near fast, moving objects. 

In the 20 ms mode the horizontal resolution as well as the vertical 

resolution is half the original value. In the 20 ms mode, every 20 ms only one 

field is sampled. 

Figure 7.a. shows the sample patterns used in the various encoder branches 

for subsampling of luminance (Y) information. It should be noted that the 

sample patterns used for each of both colour difference components are 

entirely different. 

The decoder in an HDTV receiver, associated with the ~andwidth Reduction 

Encoder (BRE) , is known as the ~andwidth Restoration Qecoder (BRD). 

It is obvious that this decoder has to be informed about the mode (branch) 

selection ("20", "40" or "SOli) performed in the encoder, as each mode requires 

its own specific way of video decoding. Consequently, the selection 

information is transmitted along with the video information as DATV branch 

decision data. DATV is short for Qigitally Assisted TV. 

Basically, the BRD performs motion compensated interpolation of the 

information received by it, in an attempt to reconstruct the part of the 

information of an HD frame (1152 * 1440 pixels), that was not transmitted. 

The interpolation is realized by means of spatial and temporal digital 

filters. 

To maintain a high resolution in the case of motion in an image sequence, 

selection of the 20 ms mode should be avoided, if possible. 

The 40 ms mode, however, originally was restricted to a limited motion range [ 

0.5 samples/40 ms, 1.5 samples/40 ms ]. 

To increase the motion range, a motion compensating technique was introduced, 

estimating on a pixel-by-pixel basis the amount and the direction of motion in 

a frame and expressing it in motion vectors. A motion vector has to be chosen 

from a set of 169 vectors. 
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For the BRD to perform motion compensated temporal interpolation, these 

vectors have to be transmitted along with the video information and branch 

decision data. Motion compensation extends the motion range of the 40 ms mode 

to a maximum of 12 samples/40 ms. 

Furthermore, a 25 Hz film mode was introduced for the broadcasting of motion 

pictures. In this mode the encoder is forced to choose between the 80 ms and 

40 ms modes. 

The BR encoding and decoding, described above, is applied to luminance (Y) 

components on a basis of blocks of 16 * 16 pixels. So, for each block of 

pixels the encoder selects an encoder mode (branch) and it determines a motion 

vector. 

The same bandwidth reduction coding is used for both chrominance components (U 

and V), but in the BR decoder the motion compensated interpolation is used for 

luminance only. 

In each encoder mode the chrominance resolution is only half that of the 

luminance component in the horizontal as well as in the vertical direction. 

1.4. GOALS OF THE PROJECT AND SURVEY PROCEDURE. 

This report describes the course of action and the results of a survey 

into the possibilities of distributing HD-MAC encoded high definition TV 

services via an ATM broadband network. 

Proving the possibility of distributing HD-MAC encoded information via an IBC 

network will be done by specifying and testing a number of terminal adapters 

to an ATM network for these HDTV services. 

A terminal adaptor (TA) is responsible for the fault tolerant transport of HD

MAC encoded HDTV information, so its most important characteristics are 

related to channel coding and packaging of data. 

A future service specific terminal adaptor (TA) is supposed to be embedded 

in the configuration for the ~ubscriber fremises Network (SPN) that is 

depicted in figure 8. 

In the context of the project, however, we will consider ATM transport to be 

point-to-point and we will only account for the macro-effects of ATM 

transmission. These are the effects that have an immediate impact on the 

service rendered to a subscriber. 

This is the reason for not incorporating a network termination (NT) in our 

models. 
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r------I----- from DBS receiver 
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I TA 

Figure 8. SPN configuration. 

s 
I NT 

In figure 8. the T reference point represents the connection of the 

T 
I 

subscriber premises network (SPN) to the public (ATM) network. It is here that 

a downstream information capacity of 600 Mbit/s and an upstream capacity of 

150 Mbit/s are available. 

At the R reference point luminance, chrominance, branch decision and motion 

vector data are transferred to the BRD in parallel. 

So, the terminal adaptor disassembles cells containing HDTV information and 

after decoding, transfers the information to the bandwidth restoration decoder 

(BRD). 

While specifying terminal adapters (TAs) , special emphasis is placed on 

finding a suitable channel coding technique, as was mentioned earlier. 

Channel coding will have to prevent the transmitted HD information from being 

damaged severely by transmission impairments. 

On the other hand, the channel coding scheme should add as little coding 

overhead as possible. That is, the bandwidth needed to transport HDTV 

information via an ATM channel, using a transmission format that differs from 

MAC, should be increased only slightly by the addition of coding overhead. 

Finally, ATM distribution should enable flexible HDTV broadcasting. 

The flexibility inherent to the MAC format for satellite and terrestrial 

transmission, concerning additional sound and data channels, must not be 

restrained. 

Since there are no objective standards for the measurement of picture 

quality, at first a model of an HD-MAC service has to be created. 

This model should enable us to decide from test results whether or not a 

certain terminal adaptor specification is acceptable. 
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So, the model has to incorporate a measurement system for the observed picture 

quality of an HDTV service. 

To obtain an objective measurement system that indicates the impression a 

certain image makes on an human observer, a distortion criterion based on 

perception research has to be used. 

Furthermore, a model of an ATM channel has to be implemented. This model 

will serve as a source of ATM specific defects in simulations of the 

configuration of figure 9. 

HD 
source BRE 

ERD 

TA 

ATM-channel 

TA 

Figure 9. Configuration for simulations. 

Subsequently, the actual specification and implementation of various terminal 

adapters and channel coding schemes has to be dealt with. 

Finally, the picture quality measurement system may be used to compare the 

performances of these channel coding methods. 

The next chapter deals with the topic of creating an evaluation tool for 

HD-MAC encoded HDTV services, enabling us to compare the performances of a 

number of distinct channel coding implementations. 



CHAPTER 2. MEASURING THE P_ICTURE QUALITY OF AN HDTV SERVICE. 

In this chapter a distortion criterion, or figure of merit, for the 

picture quality of an HD-MAC encoded HDTV service is derived. 

The figure of merit will serve as a means for objective comparison of the 

influence of several channel coding methods on the picture quality of HD-MAC 

encoded HDTV information. 

The figure of merit will be based on Rate Distortion Theory. So, in the next 

section this theory is summarized. 

2.1. RATE DISTORTION THEORY. 

The objective of a communications system generally is to transfer 

information from a source to a destination point using a transmission channel. 

At the destination the source information is reproduced as accurately as 

possible. 

Virtually every transmission channel has limited resources (its bandwidth, for 

instance) and introduces distortion (noise) in the information conveyed by it. 

In order to use a channel's resources as efficiently as possible, data 

reduction may be applied to information that is to be transmitted. Data 

reduction removes the redundancy from source information in part or as a 

whole, thus reducing the requirements for transmission capacity. 

Furthermore, to diminish the deteriorating effect of channel distortion on the 

quality of service of a communications system, channel coding may be applied 

to the information at the transmitter, and decoding at the receiving end. A 

channel decoder should detect and possibly even correct transmission errors, 

by using redundant information. The redundancy was added to the source 

information in the channel encoder, before transmission. 

The block diagram in figure 10. of an entire transmission system depicts data 

reduction and channel coding operations as separate processes. 

To find an optimum coding strategy for a certain information source and 

the associated transmission channel, a parameter, related to the quality of 

the information service, a figure of merit is needed. 

For, the process of finding an optimum coding method should preferably be 

based on objective decisions, concerning the performance of a coding method, 

instead of subjective ratings. 
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Figure 10. Simplified diagram of a communications system. 

A very suitable and solid basis for a measurement system incorporating 

such a figure of merit for both data reduction and channel coding techniques 

is Rate Distortion Theory, as a part of Shannon's Information Theory. 

In his 1948 and 1960 papers Shannon gave a description of information 

facilitating the mathematical and statistical treatment of information and 

communication. 

In Information Theory the amount of information related to a certain object is 

considered to be the shortest possible string of symbols describing the 

object. The amount of information can be expressed in bits, for instance. 

Shannon's Information Theory consists of three major research areas: 

(ref. 7.] 

~ The first area is concerned with data reduction, generally known as 

source codins. 

The goal of research projects in the area of source coding is to find 

efficient ways of eliminatins the redundant information in strings of 

output symbols of a given source. 

~ The second domain deals with channel codins or error detection or 

correction coding. 

Channel coding purposely adds redundancy to source information before 

transmission, in order to make it less sensitive to transmission errors. 

~ Finally, Rate Distortion Theory is a valuable instrument for the 

optimization of both data reduction and channel coding techniques. 

From source coding theory (see ~) it is known, that there exists a lower 



- 22 -

limit on the average amount of information needed to represent a source 

symbol accurately, by means of codesymbo1s. This lower limit, known as the 

entropy, depends on the statistical distribution of output symbols of a 

particular information source : 

H(U) 2: (1. ) 

u E Au 

In this expression Au represents the (finite) alphabet of source symbols 

of an information source and Pu(u) represents the probability, the source 

symbol u appears in the source output. Using "log2" we have derived the 

entropy in bits. 

Rate Distortion Theory describes the deterioration of source symbol 

representation, as the information rate (average amount of information per 

source symbol) of representation (code) symbols is reduced below the 

entropy (H(U» per source symbol. 

For, as a result of reduction of the information rate, source symbols can 

no longer be represented accurately by codesymbo1s. 

For our purpose of establishing and possibly reducing the amount of 

distortion in HD-MAC image sequences, due to ATM specific transmission errors, 

Rate Distortion Theory is the most relevant part of Information Theory. 

Especially the possibility of deriving a figure of merit for the comparison of 

several channel coding methods, will prove to be useful. Therefore, Rate 

Distortion Theory will be the subject of a mathematical description in the 

remainder of this section. 

If we assume an information source with an infinitely wide alphabet of 

symbols Au. it is obvious, that exact representation of source information 

with a limited set of codesymbo1s is not possible. 

Quantisation noise, resulting from analog to digital conversion, is 

considered to be an example of this kind of representation distortion. 

For an information source with a finite symbol alphabet Au, representation 

distortion also appears, if codewords are used, that are too short for 

accurate representation. For, thus an information rate is realized that is 

below the theoretical lower bound: H(U) bits per source symbol. 

The operations associated with source and channel coding may be combined 

into one coding (modulation) process. This is depicted in figure 11. 
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U rate R V recon-
source encoder decoder 

struction 

Figure 11. Source-destination model with encoder and decoder. 

In the above diagram, the transmission channel was omitted, as it does not 

present a further extension to the model. A transmission channel can always be 

represented as a source of distortion, between encoder and decoder. 

In a communications system, as modelled in figure 11., a certain amount of 

distortion in representing the source information at the destination, using a 

set of codesymbols ~, is often quite tolerable. 

rate R 

H(U) / source symbol 

* R(d ) 

o 
o distortion d 

Figure 12. Characteristic shape of a Rate Distortion Function. 

* In these cases, the Rate Distortion Function defines a lower bound R(d ) (bits 
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per source symbol) on the information rate, needed to represent a string of 

symbols of an information source with a distortion less than or equal to d* 

Generally, a Rate Distortion Function is shaped, as depicted in figure 12. At 

low distortion levels the information rate has to be relatively high, whereas, 

at an increased level of tolerable distortion a moderate information rate is 

sufficient. 

In figure 12. the information rate R may be expressed, as was mentioned 

before, in bits per source symbol. However, in order to evaluate the 

distortion of information, a distortion measure d(u,v) has to be defined. This 

subject will be dealt with in sections 2.2. and 2.3. 

The symbol v E ~ indicates the representation (code) symbols used at the 

destination in the communications system depicted in figure 11. 

A representation symbol v can be related to a source symbol u by means of a 

probabilistic relation PVjU(v/u). (referred to as the "test channel", 

[ref. 8.) ). 

For each encoder/decoder pair (figure 11.) this relationship is of course 

deterministic (indicated by v(u», but the characteristics of the best suited 

coderpair, realizing the smallest information rate consistent with an average 

* distortion less than or equal to d , are not known yet. 

So, for the time being we will have to make do with a probabilistic relation, 

comprising all possible coderpairs. 

Together with the probability distribution of the information source PU(u) 

the conditional distribution PujV(u/v) gives rise to a joint probability 

distribution Puv(u,v). 

From the distortion measure d(u,v) and this joint distribution Puv(u,v) the 

average distortion can be obtained 

d h h (2.) 
u E ~ v E ~ 

Puv(u,v) . d(u,v) 

From the set r of all possible conditional probability distributions 

* PVjU(u,v), a subset red ) 

that result in an average 

* 

may be derived, consisting of those distributions, 

* representation distortion less than or equal to d 

red ) - ( PVjU(v/u) (3.) 

In order to find a lower bound on the information rate needed for an average 

* * distortion less than or equal to d , from this subset red ), the distribution 
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realizing the minimum information rate has to be taken. Consequently, the Rate 

Distortion Function, representing this lower bound, can be defined as 

* R(d ) (4.) inf * I(U;V) 
PV;U(v/u) E r(d ) 

('inf' = inferior) 

* In other words, R(d ) equals the smallest average mutual information I(U;V) 

that is consistent with an average representation distortion less than or 

* equal to d 

I(U;V) is a measure for the average amount of information that is 

transferred from source to destination with each codesymbo1. 

* So, the Rate Distortion Function R(d ) specifies the minimum information rate 

at the input (figure 11.) of the decoder, required for a reconstruction of 

* source information with an average distortion less than or equal to d , using 

the representation alphabet Av. 

Rate Distortion Theory states that representation distortion corresponds 

to a reduction of the information rate of the data that is transferred to the 

decoder (figure 11.). 

Consequently, since transmission errors and channel distortion usually result 

in representation errors, they may both be considered a manifestation of loss 

of information. 

This gives rise to the following diagram of a communications system. 

Rtx 

transmitter I 
I 

R err 
I 

transmission 

R rx 

channel I receiver I 

Figure 13. Representing a transmission channel by its information 

loss rate. 

A transmission channel is thus identified by its information loss rate, and 

the diagram in figure 13. is based on equation (5.) 

R rx R - R tx err 

In this equation R represents the information rate at the input of the rx 

(5.) 
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decoder in the receiver, R the information rate at the output of the encoder tx 
in the transmitter and R the average rate of information loss, due to err 
transmission errors. 

* For an average representation distortion less than or equal to d a receiver 

input rate R is required, that is : rx 

* R ~ R(d) rx (6.) 

So the encoder output rate should be 

* R ~ R(d) + R tx err (7.) 

Therefore, assuming the possibility of deriving a distortion criterion or 

figure of merit for HD-MAC encoded HDTV services, the encoder output rate R 
* tx 

can be specified, if it is possible to calculate both R(d ) for an HD-MAC 

source and the average rate of information loss R for an ATM channel. err 
In other words, if a certain distortion measure d(u,v) is specified, along 

with a maximum admissable distortion, and the Rate Distortion Function R(.) 

can be derived, it is possible to specify the information rate at the output 

of the encoder, in the communications system diagrammed in figure 13. 

Having a requirement on the output information rate of the encoder, finding a 

suitable coding method for reliable HD-MAC distribution via an ATM channel 

should be relatively easy. 

Unfortunately, the derivation of the Rate Distortion Function involves 

both defining a distortion criterion d(u,v) and obtaining a probability 

distribution for the information source of a communications system. 

Most information sources are very hard to characterize by means of a 

probability density or probability distribution function and sources of video 

information are no exception. 

In addition, even if a probability distribution could be obtained for a video 

source, the derivation of the Rate Distortion Function would not be a trivial 

matter. 

In fact, the Rate Distortion Function, so far, has only been calculated for a 

combination of a (weighted) square error distortion criterion and an 

information source with a Gaussian (normal) distribution. [ref. 9.] 

A Gaussian probability density function may not be used as an accurate 

approximation of the density function of a video source. [ref. 10.] 
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Consequently, it is not possible to exploit Rate Distortion Theory to the 

extent described above, in the process of designing a channel coding method 

for HDTV distribution via an ATM channel. 

A probability density or distribution function for an HD-MAC encoded HDTV 

information source will not be derived. Furthermore, in the remainder of this 

report no attempt will be made to obtain the Rate Distortion Function. 

However, the kind of distortion criteria used in Rate Distortion Theory will 

be useful as a figure of merit for the quality of service of an HDTV 

distribution system. This figure of merit may then be used to compare several 

channel coding methods. 

A figure of merit for an HDTV distribution system should be strongly 

related to human perception of picture quality of HD-MAC encoded high 

definition television services. 

This is the reason for summarizing some significant characteristics of human 

visual perception in the next section. 

Incorporating the most important aspects of an human observer in a distortion 

criterion based on Rate Distortion Theory will be the subject of section 2.3. 

2.2. CHARACTERISTICS OF HUMAN EYESIGHT. 

To establish the characteristics of human eyesight, the knowledge and 

experience of a number of different areas of science have to be combined. 

First of all, since one of the principal elements of the eye is a lens, part 

of the properties of an human eye is described in the field of physics 

concerned with optics. 

Medical science of course also plays a very important role. In particular, two 

fields of medical science are involved in studying the human visual system, 

anatomy and perception research. 

Human anatomy studies, among other things, the composition and structure of 

the human eye. 

Research into human perception of specific visual patterns studies and 

describes the last stage of the handling of visual information in the human 

visual system, the processing in the cerebral cortex of the brain. 

Research in all three areas of science led to the description of the 

following properties of human eyesight [ref. 11.J. 

The human visual system is characterized by : 

- a sensitivity to intensity changes rather than to absolute intensity 

- a non-linear intensity sensitivity 
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- a limited temporal and spatial resolution. And temporal and spatial 

resolution are mutually dependent 

- a spatial resolution that does not display circular symmetry 

- a limited visual angle 

- a sensitivity to noise stimuli, that depends on the background pattern 

of an image 

- and a reduced sensitivity to colour information 

~ Human perception is based on changes in the intensity of a visual 

pattern. An human observer, within certain limits, is quite insensitive to the 

absolute amount of energy reaching the eye. 

~ A pattern of linearly increasing intensity is not experienced as such 

by an human observer. 

Furthermore, at high background intensities a certain absolute variation in 

intensity will appear to be less conspicuous than in a background with lower 

intensity. 

f[I] 

o 
o I 

Figure 14. Intensity-sensitivity of the human eye. 
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So, if the perceived intensity is plotted versus the absolute intensity, a 

monotonic increasing (convex-n) curve, looking very much like the one in 

figure 14., will result. The horizontal axis represents the absolute intensity 

I, the vertical axis the perceived intensity f[I]. 

From subjective rating experiments it is known, that expression (8.) 

renders an acceptable approximation of the nonlinear intensity sensitivity of 

the human visual system. 

f[I] (8.) 

~ The human eye is a temporal and spatial lowpass filter. This means, 

that at higher temporal and/or spatial frequencies the sensitivity for 

intensity variations decreases, corresponding to the limited resolution of the 

visual system. 

The fact, that motion picture film creates the illusion of continuous 

movement with a picture refresh rate of only 25 Hz is an example of the 

limited temporal resolution of the visual system. 

To illustrate the meaning of the limited spatial resolution, however, the 

concept of spatial frequencies needs to be defined. 

An intensity variation, that consists of one full sinusoidal cycle causes a 

black and a white bar to appear on a monochrome screen. So, if a number of 

cycles is displayed, a lattice structure (grating) will be visible. 

The total number of full sinusoidal cycles per degree angular position in the 

observer's field of vision is one of the possible measures (unit: cycles per 

degree) for spatial frequencies. 

The spatial bandwidth of the human visual system is at the very most 64 

cycles/degree. So, if the spatial frequency of a lattice structure exceeds 64 

cycles/degree, the observer will only perceive an uniform grey plane. 

~ The visual sensitivity for spatial frequencies and the sensitivity 

for temporal frequencies appear to be interdependent. 

If, for instance, an object moves with a considerable speed, the observer will 

not be able to detect high spatial frequencies on the object's surface. So, 

the perceivable spatial resolution decreases, if high temporal frequencies are 

present in an image. [ref. 12.] 
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~ From experiments with gratings it appears, that the sensitivity for 

higher spatial frequencies depends on the orientation of the gratings on a 

screen. 

The sensitivity is at its peak for horizontal and vertical gratings. For 

gratings with different orientations, the sensitivity decreases to a minimum 

for diagonal gratings, that is about 3 dB below the peak sensitivity. 

Incorporating this property of the human visual system in mathematical models 

increases the complexity of an implementation considerably, so most models are 

based on the assumption, that contrast sensitivity is isotropic (circular 

symmetric). 

The resolution of the human visual system depends on the position of 

the intensity variations in the observer's field of vision. 

Only a very limited part of the visual angle is seen with the maximum 

resolution (about 2° * 2°). Outside this part of the field of vision of an 

human observer, known as the centre of fixation, the sensitivity decreases 

rapidly. 

However, the eye usually scans an image. Watching television scenes, for 

instance, is a ceaseless process of movements of the centre of fixation of an 

human observer. 

Consequently, in models of the human visual system this property may often be 

omitted. 

~ The sensitivity for variations in intensity due to distortion (noise 

stimuli) in an image depends in a very involved manner on the background. 

The detectability of a noise stimulus decreases monotonically as the gradient 

of a nearby intensity edge increases. Consequently, the background of an image 

may cause a reduction in contrast sensitivity. [ref. 13.] 

It is, nevertheless, quite difficult to model this specific property 

mathematically. So, if a certain model has to produce quantitative results, 

this property, although significant, is usually not included. 

Moreover, if this characteristic is not implemented, the maximum noise 

stimulus sensitivity is derived. The distortion detectability thus obtained, 

represents the perception of an observer, who is extraordinarily sensitive to 

noise stimuli. 

~ Finally, the human visual system is relatively insensitive to colour 

information. 
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Consequently, errors in the colour difference components of a television image 

will be less disturbing than similar errors in the luminance component. 

The fact that in most colour television systems, for each of both chrominance 

components the bandwidth is less than for luminance, is based on this exact 

property. 

In this project, the reduced sensitivity to colour information is ignored. 

That is, it is assumed that results obtained for luminance are valid for each 

of both chrominance components as well. 

Having given a description of some of the most significant 

characteristics of the human visual system, we will, in the next section, deal 

with the development of a weighted square error distortion criterion for the 

evaluation of picture quality of HD-MAC encoded HDTV services. 

This distortion criterion will be based on the properties described above, for 

as far as possible. 

2.3. A DETERIORATION FUNCTION FOR HO-MAC ENCODED HOIV SERVICES. 

The deterioration function for HD-MAC HDTV services, that is going to be 

derived in this section, will comprise a weighted square error distortion 

criterion. 

The results of calculations of the deterioration function will serve as an 

evaluation tool, a more or less objective estimation of the (subjective) 

picture quality of an HD-MAC encoded HDTV service, distributed by means of an 

ATM channel. 

The derivation of the deterioration function is based on the model of an HD

MAC ATM transmission system, depicted in figure 15. (comparable with figure 

10.) 

In the diagram, u(x,y) represents the intensity of a still, monochromatic 

HD-MAC source image as a function of the position (x,y) on an high definition 

screen. 

The image is assumed to be still, because introducing time (t) as an extra 

dimension in the deterioration calculations would increase the complexity of 

the model significantly. 

Moreover, the perceived distortion for a sequence of images will probably not 

be radically different from that for still images. Even though the limited 

temporal resolution of the human visual system may somewhat reduce the 

perception of distortion, present in parts of one frame of an image sequence 
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Figure 15. Diagram of an HD-MAC ATM distribution system. 

+ 
y) 

In order to reduce the complexity of the model, the image u(x,y) is chosen 

to be monochromatic as well. 

Results of perception experiments show, that distortion of one or both of the 

chrominance components of an HD-MAC image sequence is less conspicuous than a 

comparable amount of distortion in luminance information (property ~ in 

section 2.2.), 

Nevertheless, it is assumed, that the results of calculations of the 

deterioration function for the luminance component (Y) of an HD-MAC image, 

apply to each of both chrominance components (U,V) as well. 

The function err(x,y) symbolizes the transmission errors, introduced in a 

frame, during ATM conveyance. 

The image (frame) displayed on the screen of the receiving terminal may be 

expressed as the superposition of the intensity function of the original 

source image u(x,y) and an errorframe e(x,y). 

u(x,y) + e(x,y) BRD{ TA-l[ s(x,y) + err(x,y) ] } (9.) 

It is assumed, that no picture deterioration results from the HD-MAC encoding 
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and decoding processes. In other words 

u(x,y) - BRD{ BRE[ u(x,y) } } (10.) 

This assumption is valid, because we are not interested in the distortion, 

that is present in recorded HD-MAC pictures u(x,y), compared to the real life 

original. 

Under the assumption (10.), e(x,y) results from transmission errors and 

terminal adaptor coding (TA[.] and TA- l [.}) errors only. 

The deterioration function will compare the perception of the distorted 

frame u(x,y) + e(x,y) to that of the original source image u(x,y). 

Especially the properties ~ and ~ enumerated in the previous section will be 

included in the distortion criterion incorporated in the deterioration 

function. 

Property ~, concerning the nonlinear intensity sensitivity of the visual 

system, will be modelled by taking : 

w(x,y) - f[ u(x,y) ] [ u(x,y) ]0.33 

Characteristic ~, and in particular the limitation of the spatial 

(11.) 

resolution, will be implemented by calculating the convolution of w(x,y) and 

the so called point-spread function a(x,y). This point-spread function 

represents the properties of the lowpass filter for spatial frequencies of the 

human visual system. 

v(x,y) = w(x,y) * a(x,y) (12.) 

The frame v(x,y), that results from equation (12.), is an approximation of the 

way the image u(x,y) is perceived by an human observer. 

Perception experiments have established the lowpass filter transfer function 

A(f ,f ) for spatial intensity variations of the human visual system to be of 
x y 

the form 

A(f ,f ) - A(f ) = [a + c. If I ] . exp[ -b. If I ] x y r r r (13.) 

The assumption of isotropic characteristics has already been accounted for. 

Furthermore, f is the spatial frequency measured in cycles per degree, as was 
r 

mentioned earlier. 
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The point-spread function a(x,y) = a(r), or impulse response, can be obtained 

from a calculation of the inverse Fourier transform of the above expression. 

a(r) = 2.a.b + 2c . 

b2 + (211-r)2 

In this expression r is measured in degrees of the angular position of an 

human observer's visual field. (polar coordinates in a plane) 

(14. ) 

The limitation on temporal resolution of the human visual system will not 

be included in the model. That is, the time dimension is omitted entirely, as 

it would raise the complexity of the model considerably. 

For the picture on the receiver terminal screen expressions can be 

obtained, that are similar to (11.) and (12.) : 

* 0 33 w (x,y) ,.. f[ u(x,y) + e(x,y) ] ,.. [ u(x,y) + e(x,y) ] . 

and 

* * v (x,y) = w (x,y) * a(x,y) 

* Consequently, v (x,y) is an approximation of the wayan human observer 

(15.) 

(16.) 

perceives the image displayed on the screen of the receiver terminal, u(x,y) + 

e(x,y). 

Applying a square error criterion to an individual point (xO'YO) of each 

* of the functions v(x,y) and v (x,y) results in the amount of distortion an 

human observer perceives in that particular position of the terminal screen. 

The figure of merit we need for the comparison of error detection and 

correction coding methods, however, should represent the total perceived 

distortion in an HDTV frame that is affected by ATM specific transmission 

errors. 

(17. ) 

The total perceived distortion in an HDTV frame can be calculated using the 

integral square error expression, if the functions u(x,y) and e(x,y), and 
* . consequently v(x,y) and v (x,y), are assumed to be cont1nuous 

d- J J * 2 [ v(x,y) - v (x,y)] . dx . dy (18.) 

frame 
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To evaluate equation (18.) numerically, and because u(x,y) and e(x,y) are not 

in fact continuous, the equation has to be converted to an expression summing 

the individual distortion values for each picture element (pixel) of an entire 

frame : 

d == * 2 [ v(x,y) - v (x,y) 1 . dx . dy (19.) 
frame 

Thus, we have arrived at a set of expressions enabling us to calculate an 

objective approximation of the distortion experienced by an human observer 

comparing HD-MAC encoded HDTV source frames with corresponding frames that 

were transported by an ATM broadband channel. 

By no means is the deterioration function intended as a model that 

describes the characteristics of the human visual system completely. 

Some important properties of the human visual system are far too complex to be 

mathematically tractable at present, hence they are not incorporated in the 

model. 

Therefore, using the deterioration function for purposes, other than the 

comparison of the amounts of distortion due to transmission errors, should be 

discouraged. 

The above expressions, describing the deterioration function will be 

implemented in a computer simulation environment, that will permit us to 

compare several channel coding methods in a flexible manner. 

The structure of the computer simulation environment is diagrammed in figure 

16. 

Changing the channel coding method is done by substituting a set of terminal 

adapters by another set. 

For simulations, use will be made of source images t(x,y) that are HD-MAC 

bandwidth reduction (BRE) encoded. 

The output of the simulation system will consist of both the results 

(deterioration values : d) of calculations of the deterioration function and 

the bandwidth restoration decoded images u(x,y) + e(x,y) at the output of the 

model of the ATM distribution system. 

Furthermore, the possibility to inspect the information at the input of the 

bandwidth restoration decoder TA- 1 [ s(x,y) + err(x,y) 1 will be included. 
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t(x,y) 1..-----1 BRE output files 1-----.1 t(x,y) 
v ~------------------~ v 

s(x,y) 

model of 
ATM 

channel 

s(x,y) + 
err(x,y) 

v TA- 1 [ s(x,y) + err(x,y) ] 

0.33 w - u 

u(x.y) + e(x,y) * w= [ u+ e 1°·33 
I 
v 
I 

v= w * a 

* * v - w * a 
I 
V 
I 

d - ~ ~ [v - v * ]2 

errorfree 
transmission 

u(x,y) 

Figure 16. The structure of the simulation environment. 

To complete the simulation environment, depicted in figure 16., a set of 

terminal adapters and a model of an ATM channel will have to be specified. 

The ATM channel model must exhibit the behaviour, concerning the introduction 

of transmission errors, that is to be expected in an actual ATM broadband 

integrated services network. 
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The development of such a model is the subject of chapter 3. 

In chapter 4. the design of an algorithm, based on cell sequence 

numbering, for the detection of transmission errors in an ATM cell stream will 

be illustrated. Furthermore, the possibility of correcting damaged DATV 

(digitally assisted TV) information and masking the distortion or loss of 

video information will be considered. 

SUMMARY 

In this chapter a distortion criterion was derived, that will be used for 

the comparison of the performances of several channel coding methods. 

The distortion criterion is based on aspects of the human visual system 

concerning the non-linearity of the intensity sensitivity and the limited 

spatial resolution. 

The distortion measurement system was implemented in a software simulation 

environment. 



CHAPTER 3. MODELLING AN ATM CHANNEL. 

This chapter deals with the development of a procedure for the simulation 

of ATM transmission. 

The ATM channel procedure has to be included in the simulation environment 

depicted in figure 16. 

In the first section of this chapter a description is given of the 

transmission impairments that may arise in an actual ATM channel. 

3.1. DESCRIPTION OF AN ATM NETWORK. 

The Asynchronous 1ransfer Mode (ATM) , the target solution for an 

integrated broadband communications network, is a packet oriented switching 

technique. 

3.1.1. Structure Of ATM Cells. 

In an ATM network each information packet, a so called ATM cell, is 

structured as shown in figure 17. 

header information field 

1 5 53 octets 

header 

VPI VCI HEC 

1 4 16 28 32 40 bits 

Figure 17. Structure of an ATM cell. 

An ATM cell consists of a 5 octet (40 bits) header and a 48 octet (384 bits) 

information field. The header of an ATM cell is a label, describing the most 

important characteristics of the information carried in the cell. 

The VCI (Yirtual Qircuit Identifier) and VPI (Yirtual fath Identifier) 

segments of an ATM cell header identify logical ATM channels and paths 

respectively, and they indirectly indicate the address of the user an ATM cell 

has to be delivered to. 

The REC part of the header contains the Header Error Qheck word that is used 
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to detect and possibly correct damage to a cell header, due to transmission 

errors. 

The pti segment contains a 2 bit 2ayload !ype identifier, describing the kind 

of information that is carried in the information field and 2 bits that are 

reserved for future use. 

The gfc field consists of a bit pattern used for generic flow £ontrol. 

3.1.2. A Possible Implementation Of A Switching Node In An ATM 

Network. 

In a switching node of an ATM network each cell is recognized by its VCI 

and/or VPI. 

In an ATM network, a transmitted cell may pass several network nodes before 

arriving at a receiver. Consequently, the cell may be conveyed over several 

ATM links. 

VCls and VPls, however, are valid for one ATM link only. VCls and VPIs 

identify a logical connection on the physical link between two ATM nodes. In 

each node a cell passes, its header is therefore translated, and the values of 

the VCI and/or VPI are updated. 

So, the header of an ATM cell arriving on the input link of a switching node 

is not just read, it is checked for errors and translated as well. 

Header translation may be done in the building block diagramed in figure 

18. This building block, called a translator, contains look-up tables of VCls 

and VPls. 

VCI 
VPI 

ATM cell in 

/ 

memory 

translator 

V new 
VCl / 

VPl 

TA G 

ATM ce 11 out 

Figure 18. Example of a translator diagram. 

In every switching node of an ATM network, each incoming link has its own 

translator. An example of a small switching node (matrix) is diagrammed in 

figure 19. 
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The translation process involves the modification of VCls and VPls that were 

used on an incoming link, to the values used on an outgoing ATM link. As was 

mentioned before, the VCI and VPI values used on the incoming link of a 

switching node will usually be different from the values used in relation to 

the outgoing link. 

In addition, switching control information contained in so called TAGs, is 

obtained from the translator. For each of the incoming VCls and VPls, the 

control information for the crosspoints in the switching node is stored in the 

translator tables as well. 

The translator look-up tables in a switching node for each call are 

initialized at call set up. 

At call set up, for the connection that is to be established, the VCls and 

VPIs of the incoming link are determined and they are positioned in the 

translator tables along with the VCls and VPIs of the outgoing link and the 

switching control information (TAGs). 

incoming 
links 

I 

2 

ALLOC 
CP 
TR 

outgoing links 

allocator 
crosspoint 
translator 

ALLOC ALLOC 

V V 

I I 
1 2 

Figure 19. Diagram of a small switching node. 

3.1.3. Transmission Impairments In An ATM Network. 

In a digital transmission link bit errors may occur. 
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Optical fiber transmission systems are no exception, but in optical links the 

average bit error rate is far less than 1.10- 6 . 

However, in an ATM network, ordinary bit errors may be the cause of more 

serious transmission errors, if damage is done to the header of an ATM cell. 

Even though the entire header field is protected against bit error damage by 

an Header Error Check (HEC) word, it is possible that the header contents are 

altered substantially. 

Whenever a recalculation of the HEC of an ATM cell in a node reveals that the 

header was damaged beyond repair the cell will be destroyed. Destruction has 

to prevent a cell with a damaged header from being delivered to a user it was 

not intended for, but it causes cell loss for the user the cell was originally 

sent to. 

If damage to an header is not detected and the VCIjVPI that results from bit 

error distortion, is present in the translator tables, the cell will be 

delivered to the wrong user, resulting in cell insertion for the service of 

that user. 

If, however, a VCIjVPI is not present in the translator tables, the cell will 

be destroyed also. 

Inherent to the fact that an ATM network is asynchronous is a need for 

buffering space, in switching nodes for instance. 

For, in switching nodes, congestion may occur. 

Congestion means that in a network switching node, a number of cells of an 

outgoing link is occupied, while on an incoming link information is arriving, 

intended for that particular outgoing link. So, transfer from the incoming 

link to the outgoing link is not possible immediately. 

In this case, to prevent the information from being lost, the incoming cells 

have to be stored temporarily, until empty cells appear in the cell stream on 

the outgoing link. These empty cells will then be used to transport the 

buffered information via the outgoing link. 

Depending on the amount of information offered on an input link of a 

certain switching node and the amount of traffic on the outgoing links, the 

occupation of the buffer storage varies. So, the time an ATM cell is kept in 

storage varies also. 

As a consequence, congestion reveals itself as a variation in the end to end 

transmission delay of an ATM network. A certain jitter can be observed in the 

instants of cell arrival at the receiving end of an ATM transmission path. 

If this phenomenon, called cell delay jitter, is present in ATM cells 
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containing information for a receiver that has to be synchronized to the 

information source, a serious problem arises. A receiver simply cannot derive 

synchronization control from incoming packets of information, if the end to 

end transmission delay varies. 

To solve this problem for synchronous receivers, dejittering buffers may be 

used. A description of a number of methods of dejittering is included in 

section 3.3. 

The fact that an ATM network is asynchronous may also cause loss of 

information cells. 

For, if in a switching node an outgoing link is loaded heavily, and 

congestion occurs, it may happen, that the storage space at the incoming link 

is flooded. 

Whenever buffer overflow occurs, a burst of cell loss will be experienced by 

the end user, for, cells arriving on the input link of the switching node can 

no longer be stored temporarily and hence will be lost. 

3.1.4. An Example Of A Local Network Topology. 

For the efficient handling of distributive services, as well as 

interactive services, the local network topology displayed in figure 20. may 

be applied. 

distribution 
L~ 

head-end 

digital 

II 
X-connect 

II 

remote remote remote 

unit 1 unit 2 unit N 

subscr. 1 k 1 k 1 k 

Figure 20. Local network topology. 

The diagram shows a local exchange (LEX) for the handling of interactive 
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services and a number (N) of remote units (RU) for the distribution of 

information on a local level (only a small number (k) of subscribers per RU). 

The distribution head-end is responsible for the delivery of distributive 

services to the digital crossconnect. 

The remote units are connected to each other and to a digital cross connect 

system, linked to the LEX and the distribution head-end, by a double ring of 

optical transmission links. 

The double ring structure transports broadcast and interactive services from 

the digital cross connect to each of the remote units and vice versa. 

A remote unit is a small exchange connecting a small number (k) of 

subscribers to an ATM network via a local double ring. 

It offers each subscriber an upstream data transmission capacity of 150 Mbit/s 

and a downstream (network to user) capacity of 600 Mbit/s. Furthermore, an RU 

is capable of switching distributive as well as interactive services, it 

handles the signalling for distributive services and it is independent of the 

local exchange (LEX). 

So, in the above topology, the actual distribution of broadcast services is 

not performed in the LEX, but it is realized in the remote units. 

Because of the limited capacity of the subscriber lines connecting an user to 

a remote unit, it will be impossible to offer more than say 6 to 10 broadband 

(60 Mbit/s to 100 Mbit/s) distributive services (TV) to an user 

simultaneously. This means that the user has to send channel selection 

information to the remote unit, to change the set of channels he wants 

delivered to him simultaneously. 

Furthermore, this means that the capacity of the local double ring is the 

actual limiting factor on the total number of distributive broadband services 

offered to a user, not the capacity of the subscriber loop. 

Since the remote units are the active network components of an ATM network 

that are nearest to the end users, it is their task to watch over the 

information that is offered to the network for transmission. 

As was mentioned before, cell loss due to buffer overflow may occur if an 

outgoing link of a switching node is loaded heavily. So, if an user offers 

information, that loads an outgoing link quite heavily, this may interfere 

with the quality of service of another user. 

To prevent users from interfering with the quality of service of other users 

and to stop them from using more network resources than they are paying for, a 

remote units must perform so called policing and load control functions. 

The police function has to guard the amount of information offered by an 



- 44 -

user continuously. 

For ATM transport to be flexible, the amount of traffic offered by an user 

must be allowed to vary. Nevertheless, traffic variations always have to be 

kept within certain limits. 

For the police function to be able to enforce these traffic limits, they have 

to be agreed upon at call set up. 

So, the best moment for load control to be performed is at call set up as 

well. By not permitting the set up of a demanding connection at moments when 

not enough resources are available, overload situations can be prevented 

effectively. 

For the end user, the effect of policing may be the reduction of the 

quality of service. 

If a certain user is generating traffic that exceeds the limits of the 

contract agreed upon at call set up, information distortion caused by cell 

loss, inflicted by the policing function, will occur. 

The implementation of the policing and load control functions requires a 

certain amount of hardware for every incoming link of every remote unit in an 

ATM network. 

So, the flexibility, considered to be the most important advantage of an ATM 

network, involves extra hardware, not needed in communications systems that 

are less flexible. 

In the next section it will be investigated, how the ATM specific 

transmission error behaviour, described above, may be modelled for simulation 

purposes, 

3.2. A~MoDEL FOR THE SIMULATION OF AN ATM CHANNEL. 

For the calculation of the distortion in an HDTV image sequence, due to 

ATM specific transmission errors, a model of an ATM channel is needed. (refer 

to figure 16. for details) 

The model will have to insert errors in a data structure, representing an ATM 

cell stream, in a manner closely resembling the introduction of transmission 

errors by an actual ATM channel, described in the previous sections. 

So, in the data structure, the possibility to remove and to insert cells 

should exist. In other words, it should be possible to modify the length and 

the sequence of the data structure. 

Furthermore, within each cell it should be possible to introduce a bit-error-
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like phenomenon. 

3.2.1. A Data Structure For An ATM Channel Model. 

In the derivation of the deterioration function, time, as an extra 

dimension, was omitted. 

Consequently, using the deterioration function, the distortion is calculated 

one frame at a time. 

In addition, in the software simulation environment, it is not possible to 

start bandwidth restoration (BRD) decoding of an image sequence before all 

information concerning the HD-MAC encoded sequence has been received. 

This means, apart from the fact that it is rather laborious, that it is quite 

useless to introduce cell delay jitter in the ATM cell stream, during 

simulation of an ATM channel. After all, since the BRD algorithms cannot be 

started until all information has reached the destination, no effect results 

from cell delay jitter. Consequently, the distortion caused by (ill

compensated) cell delay jitter cannot be calculated. 

Besides, cell delay jitter can be compensated for quite well, if enough 

storage space is reserved. 

Using one of the methods for dejittering, described in the next section and 

large enough buffers, cell delay jitter will not be a critical parameter in an 

ATM network. [ref.14.] 

The flexible data structure, needed for the implementation of a stream of 

ATM cells, will consist of so called records. 

Each ATM cell will be represented by a single record. 

Since none of the information carried in the header of an ATM cell is used in 

the simulations and because we assume cell loss, cell insertion and bit errors 

to be mutually and statistically independent, a record does not need to 

contain the cell header, merely the information field. 

A record will consequently consist of an array of 48 bytes (octets). 

Even though both cell loss and cell insertion result from bit errors, they 

will be modelled as statistically independent phenomena. Cell loss and 

insertion result from bit errors in the header of a cell, not from damage to 

the information field. 

Bit errors are assumed to be statistically independent, in other words, the 

probability of a certain bit in a cell being altered by a bit error does not 

in any way depend on whether or not any of the previous bits was damaged. This 
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usually is a valid assumption for digital transmission systems. 

As a consequence, the occurrence of bit errors in the header of a cell is 

independent of the appearance of bit errors in the information field. So, cell 

loss and insertion are statistically independent of the occurrence of bit 

errors in the information field. 

Following this reasoning, cell loss and insertion are also mutually 

independent, since loss results from bit error patterns that are different 

from the patterns needed to cause insertion. 

Cell loss may also result from buffer overflow. 

Buffer overflow occurs independently of any of the transmission impairments 

that are characteristic of an ATM channel. However, buffer overflow may cause 

bursts of cell loss to occur. 

As a consequence, in reality, cell loss may not be a statistically 

independent process. If a certain cell is lost, the succeeding cell may have 

an increased probability of being lost as well, due to the probable burstiness 

of the cell loss phenomenon. 

Nevertheless, we will model cell loss as being statistically independent, in 

order to maintain simplicity and because nothing is known yet about the actual 

cell loss statistics. 

Address Information field ..... Next ..... Prev 

A ( 48 octets cell 1 B nil 

B ( cell 2 C A 

c cell 3 D B 

D ( cell 4 E C 

y 

z 

Figure 21. A linked list of ATM cell records. 
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A data structure that is flexible enough to permit both the removal and 

the insertion of records in an array of records is a so called linked list. 

A linked list is a record structure in which pointers, associated with each 

record in the list of records indicate the position of the previous or next 

records in the list. 

The list displayed above contains two sets of pointers, previous-

pointers (~prev), for each record pointing to the previous record in the list, 

and next-pointers (Anext), indicating the location of the next record. The 

value "nil" indicates that a pointer does not identify a location of a record. 

Use of two pointers facilitates proceeding through the list in both forward 

and backward directions. Moving backward in a linked list of cells is useful 

in the implementation of cell loss and cell insertion in the ATM channel 

model, as will be shown in the next section. 

3.2.2. Introduction Of Transmission Impairments. 

Address Information field ",Next "'Prev 

A 48 octets cell 1 B nil 

B cell 2 

C cell 3 ... cell to 
be lost 

D cell 4 

Figure 22. Introducing cell loss in the linked list. 

As the above diagram shows, cell loss is implemented by copying pointers 

from the record, that is to be removed, to both adjacent records. 

Cell insertion is realized by copying pointers from adjacent records to the 

record to be inserted. Subsequently. the pointers in the adjacent records need 

to be modified to point to the location of the cell that is to be inserted. 

(figure 23.) 

The amount of information in an HD-MAC frame is quite large, that is, for 
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a downscaled HD-MAC frame consisting of 576 active lines of 720 pixels each in 

a 2:1 interlace, approximately 2500 cells are needed for the conveyance of 

luminance and DATV data alone. 

Figure 23. Inserting a cell in the linked list. 

A downscaled HD-MAC frame consists of only a quarter of the amount of 

information associated with a full-HD frame (1440 * 1152 / 2:1). Downscaled HD 

(CCIR format) was introduced to reduce processing complexity by a factor of 

four. 

To be able to pass through the information associated with an (downscaled) HD

MAC image sequence only once, implementing cell loss as well as cell insertion 

and bit errors, the program module realizing the ATM channel model has to be 

initialized. 

The procedure realizing the ATM channel model is implemented according to 

the flow chart in appendix A. 

The procedure enables a user to determine whether or not cell loss and cell 

insertion will occur, and the number of times cell loss will be introduced. 

To realize this feature, during initialization, the channel procedure uses a 

random generator to calculate the numbers of the cells that will be lost and 

the number of the cell, preceding the position for cell insertion. 

Subsequently, the procedure starts processing all cells in the linked record 

lis t, that has. to be created before starting the ATM channel procedure, by the 

transmitting terminal adaptor. 

The number of each record in the list is checked with the numbers that 
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were generated randomly for the introduction of loss and insertion. 

If the number of a record equals a cell loss number, it is checked whether or 

not the number equals the cell insertion number too. If this is the case, the 

contents of the cell are exchanged with a random pattern, symbolizing the 

contents of an inserted cell. If not, the cell will be removed using the 

procedure depicted in figure 22. 

If the number of a record does not equal a cell loss number, bit errors will 

be inserted randomly in the information field. Afterwards, the number of the 

cell is checked with the number of cell insertion. In case of equality, a cell 

is inserted immediately after the cell, that is currently being processed, 

applying the procedure depicted in figure 23. 

Having processed a cell, the next cell in the list is processed in exactly the 

same way. This is repeated until the end of the cell list is reached. 

The minimum requirements for channel coding, needed for the distribution 

of HD-MAC encoded HDTV information via an ATM channel, will be implemented in 

the so called terminal adaptor reference-set. 

This terminal adaptor set is intended as a reference. The performances of more 

advanced terminal adaptor sets will be compared to those of the TA-reference 

set, in order to establish whether the features of more advanced channel 

coding methods provide an improvement or not. 

The TA-reference set is characterized by the following eight properties. 

~ To make the ATM conveyance of information as transparent as possible, a 

terminal adaptor should be able to function as independently as feasible. A TA 

should preferably not use features of an HDTV terminal in order to realize 

channel decoding. 

~ The packaging of HD-MAC encoded HDTV information in ATM cells in the 

transmitting terminal adaptor will not be restricted by limitations on the use 

of transmission bandwidth yet. 

More efficient use of transmission bandwidth will be implemented in more 

advanced terminal adaptor versions. 

~ Decision and vector data and video samples will be transferred 

separately, in order to facilitate the use of simple depackaging procedures in 

the receiving terminal adaptor. 
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~ Because of the vast number of video samples in an (downscaled) HD-MAC 

encoded frame, none of the video components (Y, U/V) will be submitted to bit 

error detection or correction coding. This kind of coding would simply involve 

to much coding overhead, reducing the bandwidth efficiency drastically. 

Besides, at bit error rates of 1.10- 6 or less, the distortion caused by bit 

errors in video samples will probably be insignificant, since on the average 

no more than one sample per frame will be damaged severely. 

~ On the contrary, DATV data will be protected against bit errors, by 

adding a parity bit to each dataword. 

The reason or this is that DATV errors cause considerable distortion in an HD

MAC frame, affecting as they do, rectangle blocks of 256 picture elements. 

~ Each DATV word is transmitted twice, in different cells, to be able to 

correct cell loss. 

This 100% redundancy is the reason for not having to code DATV words for bit 

error protection more extensively than by applying a parity bit. 

Whenever in a DATV word a bit error is detected, the 100% redundancy will be 

used to correct the damaged word. 

If in DATV data cell loss is detected, the redundant information will also 

serve as a replacement. 

Hoping to profit from the so called median filters, operational in the 

bandwidth restoration decoder (BRD) , cell loss in video information will be 

masked by replacing samples by picture elements (pixels) of a medium grey 

value. The median filters will average each pixel value using picture elements 

in the vicinity of the pixel being processed, adapting the pixel to its 

surroundings. 

~ At the beginning of each new part of information (decision, vector and 

video data) in an HD-MAC encoded frame, and at the start of each new frame, 

data-type-identification words are added. 

These type identifiers serve a data synchronization mechanism for dejittering 

(section 3.3.) and they facilitate a fast initialization, whenever a terminal 

adaptor is switched on. 

~ CCITT has not published recommendations for the use of so called AAL 

octets yet. 

However, it is to be expected, that of the 48 octet information field of an 
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ATM cell a number of octets for use in the so called ATM Adaptation Layer 

(AAL) will be defined. 

This (OSI model) layer performs the adaptation of information, in the 

information fields of ATM cells, to the format used in the service receiver. 

The number of AAL octets in the information field has not been established 

yet, but recommendations vary between 1 and 4 octets per cell, depending on 

the type of service. 

In the terminal adapters specified for the conveyance of HD-MAC encoded HDTV 

information, use will be made of only one AAL octet. This octet shall contain 

the cell sequence number that is used for the detection of cell loss and cell 

insertion in an ATM cell stream. 

More advanced terminal adaptor sets will differ from the TA-reference-set 

mainly in their method of masking loss of video information. 

One of the possibilities of masking loss of video data is repeating pixel 

values on corresponding horizontal positions in the previous line of the same 

HD-MAC field. This so called line-repetition will most likely mask loss of 

video information quite well, except in the direct vicinity of vertical 

intensity gradients. 

Another method of loss masking is based on the reshuffling of video samples. 

If in case of reshuffling cell loss occurs, this will not cause a part of a 

video line to be damaged. Instead, a number of pixels, spread over an entire 

video frame, will have to be replaced by values of nearby pixels, in the 

previous line for instance. 

Using reshuffling of video samples, the distortion caused by loss of video 

information is not concentrated in one position, that is, a part of a field 

line, it is spread over the entire frame. 

This will probably reduce the perceptibility of cell loss in an HD-MAC frame 

by a considerable amount. 

More advanced terminal adapters will also, if possible, implement a more 

efficient method of packaging HD-MAC encoded HDTV information, reSUlting in a 

more efficient use of the available transmission bandwidth. 

3.3. SERVICE SYNCHRONIZATION IN AN ATM NETWORK. 

In an ATM network transmission delay varies. There is a certain jitter in 

the instants of cell arrival at the receiving end of an ATM network. 

Therefore, ATM transmission is characterized by a non-zero propagation delay 
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P max 
t . p m1n 

t and t . being the maximum and the minimum propagation delay, p max p m1n 
respectively. 

Due to cell delay jitter, it is impossible for a receiver to recover the 

rhythm that was used to transmit cells. 

So, if the nominal clock frequency of a service is used in a terminal to read 

received data, phase drifts may occur. 

Therefore, techniques for the synchronization of a receiver to the 

transmitter frequency have to be applied. 

In a receiving terminal adaptor phase and frequency recovery have to be 

performed. 

Phase recovery is equivalent to smoothing the propagation delay dispersion. 

Smoothing the dispersion is achieved by using a buffer memory to store 

arriving information temporarily. 

The information may then be read from the buffer using the nominal service 

clock. 

The size of the necessary buffer storage depends on the network bitrate and 

the dispersion at . 
p 

Frequency recovery is needed to avoid a phase drift in the receiving 

buffer, due to possible differences between the transmitter and receiver clock 

frequencies. 

To prevent buffer underflow and overflow, the filling level of the receiving 

buffer has to be controlled as well. 

Whenever the filling level of the buffer changes, the phase difference between 

the writing (= network) clock and the reading (= terminal) clock has to be 

regulated. 

Controlling the phase difference may be a quantized or a continuous process. 

Quantized phase slips can be applied, if these slips do not result in a 

considerable information distortion. 

For a video service, discrete phase slips may be implemented as the 

repetition or the omission of an entire video frame, for instance. 

Controlling the phase difference in a continuous manner involves the use 

of a configuration that resembles a Phase Locked Loop. 

The frequency of the terminal, used to read information from the receiving 

buffer, is modified continuously in order to cancel the frequency difference 
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between transmitter and receiver. The configuration of figure 24. is used to 

adapt the terminal frequency to the transmitter clock frequency. 

data in 
~ 

VC 
co 
da 

input 

buffer 

0 ~ 
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data out 

terminal frequency 

I 

LPF VCO 

Figure 24. Continuous adaptation of the terminal frequency. 

The control signals for the VCO (yoltage Qontrolled Qscillator) that 

generates the reading clock, may be derived from one of two different 

parameters, related to the frequency of the incoming bitstream. The VCO 

control signals are smoothed by a lowpass filter (LPF) to prevent the VCO 

frequency from varying too rapidly. 

~ Control information may be derived from the filling level of the 

receiving buffer. For, the filling level is related to the average cell 

reception frequency. The average cell reception frequency is closely related 

to the transmitter clock frequency. 

~ If recurrent (framing) bit patterns are inserted in the service bit 

stream in the transmitting terminal adaptor, these patterns may be detected to 

generate a control signal for the VCO. 

Method 1. for the locking of the terminal clock frequency to the 

transmitter frequency may be used, if it is impossible or unnecessary to 

replace lost cells. 

The second method enables the extraction of the exact transmitter frequency, 

if the rate of recurrence of the bit patterns that are inserted is known to 

the receiver. 

If recurrent patterns are used for the derivation of the terminal clock 

frequency, the loss of cells needs to be compensated. Otherwise, 

synchronization will be lost, whenever cell loss occurs. 
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In the transmission format used in simulations of the ATM distribution of 

HD-MAC encoded HDTV information, recurrent data identification (framing) 

patterns will be inserted at the beginning of each video line. 

These data identification words will be used for synchronization purposes. 

A description of the transmission format is included in the next chapter. 

SUMMARY; 

A data and a control structure for the software modelling an ATM channel 

were obtained in this chapter. 

The channel model will introduce bit errors, cell loss and cell insertion in a 

linked list of ATM cell records. 

As the time dimension was omitted in the simulation environment, for 

simplicity's sake, it is useless to insert cell delay jitter. For, the effects 

of cell delay jitter cannot be measured, 

Anyway, cell delay jitter may be compensated for, using one of the 

dejittering techniques summarized in section 3.3. 



CHAPTER 4. CHANNE:L. CODING FORATM TRANSMISSION OF HDTY 
INFORMATION. 

A channel coding strategy for fault-tolerant ATM transmission of HD-MAC 

information is going to be derived in this chapter. 

Section 4.1. deals with the description of the transmission format that will 

be used. This transmission format differs from the MAC frame format. 

In section 4.2. an error detection algorithm is derived, that is based on the 

use of sequence numbering of ATM cells. 

Finally, section 4.3. deals with the derivation of error recovery procedures 

to be used in the error detection algorithm. 

4.1. THE TRANSMISSION FORMAT FOR ATM DISTRIBUTION OF HD-MAC 
ENCODED HDTY SERVICES. 

In section 1.3. it was mentioned briefly that HD-MAC bandwidth reduction 

encoding (BRE) is a motion adaptive sub-Nyquist sampling technique, for data 

reduction of HDTV information. 

Bandwidth reduction encoding was developed as a data reduction technique 

matching HDTV information to the channel capacity available in the MAC 

transmission format. (figure 5.) 

The MAC format was devised for satellite channels. As a consequence, HD-MAC, 

as well as MAC, is continuous bitstream oriented (CBO). For implementation in 

an ATM broadband network, this is an interesting feature, because bit rate 

fluctuations of broadband services are generally hard to manage, with respect 

to load control and policing. (section 3.2.) 

4.1.1. The Transmission Format. 

In this section the transmission format that will be used in simulations 

of ATM distribution of HD-MAC services, is going to be specified. The format 

will be based on the MAC frame format, but aspects, that are specific for 

satellite and terrestrial transmission paths, will be left out. 

Furthermore, the bandwidth needed for an HD-MAC service to be conveyed via an 

ATM channel, will be obtained. 

HD-MAC bandwidth reduction coding effects a continuous trade-off between 

resolution and picture refresh rate. 

The encoder uses three different transmission periods and sample patterns for 
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different velocity ranges of the motion in a picture. 

~ In the stationary mode (80 ms branch), an HD-frame is sampled 

according to a quincunx pattern (figure 24.) and the transmission period is 80 

ms. 

Therefore, the factor four bandwidth reduction, needed to fit HD information 

in the MAC frame format, is achieved by using a quincunx sample pattern at the 

same time reducing the picture refresh frequency to 12.5 Hz. 

~ In the slow motion mode (40 ms branch), the picture refresh rate is 25 

Hz. 

Use of a different sample pattern (figure 24.) realizes the factor four 

bandwidth reduction, at the expense of halving the resolution in the vertical 

direction of the screen. 

80 ms mode 

1 3 1 3 1 
1 transmission in first field 

2 4 2 4 
2 transmission in second field 

3 1 3 1 3 
3 transmission in third field 

4 2 4 2 
4 transmission in fourth field 

1 3 1 3 1 

40 ms mode 20 ms mode 

1 1 1 1 1 1 1 1 

2 2 2 2 1 1 

1 1 1 1 1 1 1 1 

Figure 24. Motion adaptive luminance subsampling. 

1. In the fast motion mode (20 ms branch), the transmission period is 

reduced to 20 ms to be able to represent image sequences without temporal 

aliasing. 
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The necessary factor four bandwidth reduction, in the 20 ms mode is based 

entirely on the use of a low resolution sample pattern. 

f A 
Y 
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Figure 25. Luminance frequency response. 

f (cpw) x 

The trade-off between resolution and picture refresh rate is visualized in 

figure 25., for the luminance component of HD-MAC pictures. Figure 25. shows 

the luminance response of each of the encoder branches for combinations of 

vertical and horizontal spatial frequencies in an image. 

The units cpw and cph represent the number of perceptible full gycle spatial 

intensity variations ger screen ~idth and height respectively. One full cycle 

is the equivalent of two pixels. 

Both HD-MAC chrominance (colour difference) components (U,V) are 

subsampled as well, but the sample patterns used, differ from those used for 

luminance sampling. In particular, for each of both chrominance components 

fewer samples are obtained than for luminance: 

The chrominance subsample patterns are depicted in figure 26. 

An human observer is known to be relatively insensitive to distortion of 

colour difference information. This is the reason for obtaining only a quarter 

of the number of samples taken for luminance, for each of the chrominance 

components. 

The trade-off between resolution and picture refresh rate for chrominance 

information is shown in figure 21. It depicts the response to spatial 
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frequencies for each of both chrominance components. 

80 

40 

ms mode 

2 4 2 
1 transmission in first field 

2 transmission in second field 
1 3 

3 transmission in third field 

4 transmission in fourth field 
4 2 4 

ms mode 20 ms mode 

2 2 2 1 1 

1 1 1 1 

Figure 26. Motion adaptive chrominance subsampling. 
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Figure 27. Chrominance frequency response. 
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In case of MAC transmission, the HD-MAC video information is shuffled into 

a compatible 625 line MAC frame format, after subsamp1ing. 

To the video components, so called DATV (~igital1y Assisted TV) data is added 

in the vertical blanking interval of each MAC frame. 

DATV data informs the HD-MAC bandwidth restoration decoder (BRD) about the 

"branch" selection ("20", "40", "80") in the encoder and it contains the 

motion vectors needed for motion compensated interpolation in the 40 ms mode. 

The data capacity, needed to convey DATV data, is obtained from table 1. 

Table 1. shows that for each 80 ms period only 5 temporal routes for the 

branch decision signal are allowed. 

Furthermore, motion compensated interpolation is applied in the 40 ms mode 

only. 

Table 1. DATV coding. [ref.15.] 

route . branch decisions vectors . # DATV words 

1 80 80 80 80 - 1 

2 40 40 40 40 169 * 9 169 * 9 

3 40 40 20 20 169 169 

4 20 20 40 40 8 8 

5 20 20 20 20 - 1 

total 1700 

When applying motion compensation, in every first frame of an 80 ms period, 

everyone of the 169 possible vectors has to be coded. 

(y = (x,y), x E [-6, .. ,6], Y E [-6, .. ,6]) 

In every second frame, the best vector of nine neighboring blocks is selected 

and coded. 

In the BR encoder, a DATV word is generated for each block of 16 * 16 pixels 

in an HD-frame. So, the total number of blocks per 80 ms period is 

1440 * 1152 6480 blocks / 80 ms 

16 16 

Coding the 1700 possible DATV words per block in 11 bits, we obtain a DATV 

bitrate of 891 kbit/s. 

A DATV coding scheme, realizing this bit rate, has not been agreed on yet. 
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The format that will be used for ATM transmission, will be based on the 

MAC frame format. (figure 5.) 

However : 

- the sound/data part is omitted entirely, at least for software 

simulations, for, sound and data services are beyond the scope of the 

survey described in this report. 

In an ATM network, the sound and data services (e.g. teletext), contained 

in a MAC frame, may be considered independent services altogether. If these 

services were switched accordingly, a user would be able to select whatever 

sound or data service he wants, to accompany an high definition image service. 

- framing signals, present in a MAC frame, as well as synchronization 

patterns, needed for satellite or terrestrial MAC transmission, will be 

omitted also. 

There simply is no use for this kind of signals. 

In an ATM network, information framing may be implemented by incorporating 

data-identification patterns in the information fields of ATM cells. 

Furthermore, cell delineation may be applied in the packaging algorithms. This 

means that a new part of an information frame is positioned at the beginning 

of a new ATM cell, possibly at the expense of a partly empty cell at the end 

of the previous information segment. 

- reference signals, such as a black reference, for instance, are not 

necessary in a digital environment, such as an ATM network. 

- the parts of the vertical blanking intervals not used for DATV data 

will be omitted. So, the possibility to transport a teletext service in 

the remainder of the vertical blanking intervals is not included in the 

ATM transmission format. 

Synchronization will be based on the use of recurrent data-identification 

words and cell delineation, as framing will be. 

A receiving terminal adaptor will know the kind of information it is 

receiving by monitoring incoming cells for data-identification words and by 

keeping track of cell sequence numbers. 

Video line synchronization, for instance, may be based on the fact, that the 
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first samples of each video line are placed at the beginning of a new cell 

(cell delineation). A fixed number of cells later, all information concerning 

the video line will have reached the receiver, assuming cell loss or insertion 

did not occur. 

The transmission format for ATM will, similar to the MAC format, carry the 

chrominance components U and V in a line alternating fashion. 

Furthermore, luminance and chrominance information will be time multiplexed 

and DATV data will be transmitted separately, ahead of the samples of a video 

frame. 

From the properties of the transmission format for ATM, described above, 

the bandwidth requirements for an HD-MAC service can be obtained. 

Not including the overhead, associated with ATM cell headers and channel 

coding. and assuming 8 bits per sample PCM coding, table 2. may be derived. 

PCM coding, using 8 bits per sample, should suffice to reduce quantization 

noise to an imperceptible level. 

Table 2. Bandwidth requirements of HD-MAC data. 

display format 1152 * 1440 I 2:1 

transmission format . . 

- luminance (Y) 

# pixels I frame 576 * 720 

- chrominance (U+V) 

# pixels I frame 2 * 288 * 360 

- DATV : 

# blocks I frame 90 * 72 

# bits I block I 11 
80 ms 

total 

# bits I frame 5,012,280 

# bits I second 125,307,000 
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Using less than 8 bits per sample would further reduce the bitrate of an HD

MAC service [ref.16.]. (7 bit/sample HDPCM) 

However, from Rate Distortion Theory it is known that this may be hazardous, 

as it will probably increase distortion. So, no attempts were made to develop 

a coding method using less than 8 bits per sample. 

4.1.2. The Objectives Of Applyin& Channel Codin&. 

To specify the objectives of the channel coding method for ATM transport 

of HD-MAC information in detail, three assumptions concerning the behaviour of 

an ATM channel need to be made. 

~ P{ 1 bit error per cell} > P{ cell loss } 

This assumption is valid, if the main cause of cell loss is multiple bit 

errors in a cell's header. 

If an ATM network is dimensioned properly, that is, if enough buffer storage 

is reserved, cell loss caused by buffer overflow or policing will be very 

rare. 

~ P{ cell loss} > P( cell insertion } 

For cell insertion to occur, multiple bit errors in the header must go 

undetected. In addition, the VCIJVPI resulting from bit error damage to a cell 

header, has to be present in the translator tables in a certain network 

switching node. 

So, the assumption that cell insertion is less probable than cell loss is 

quite elementary. 

~ Finally, we assume, that cell insertion will not appear in bursts. 

That is, the occurrence of multiple cell insertion is extremely 

improbable. 

Based on the above assumptions, it is possible to define the following 

three objectives for channel coding. 

~ Maintaining data synchronization is vital. because of the major 
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distortion that will result from misinterpretation of data. 

Furthermore, it may take 40 ms for a receiver to regain synchronization and an 

additional 120 ms for the BRD to restore full HD resolution. 

~ A channel decoding algorithm should detect most cell loss situations, 

to maintain data synchronization. 

Moreover, loss of some segments (DATV) of an HD-MAC frame causes a 

considerable distortion, if accurate reconstruction is not possible. 

~ The algorithm should avoid taking erroneous decisions, even if bit 

errors are present in the cell sequence numbers used for cell loss detection. 

So, it will be useful to protect cell sequence numbers by the addition of a 

parity bit. 

Not all elements of an HD-MAC data frame are equally essential for the 

reconstruction of high definition images at a receiver. 

Because of the enormous number of pixels in a high definition frame, the loss 

of a cell of (47) samples should not be considered a serious impairment. In 

addition, simple methods of masking loss of samples should be capable of 

reducing the distortion drastically. 

Cell loss may cause a severe distortion though, if it causes loss of data 

synchronization. 

On the contrary, loss of DATV cells will usually cause picture quality to 

degrade quite rigorously. For, each DATV word represents the BRD control data 

for 256 pixels. 

A block of 16 * 16 pixels will be decoded using erroneous control data, if 

DATV damage is not corrected. 

This is the reason for protecting DATV words against errors, whereas video 

samples will go unprotected. 

To be able to detect bit errors in DATV data, a parity bit will be added to 

each DATV word. Furthermore, transmitting all DATV words twice (100% 

redundancy), in different cells, the decoder will be able to correct cell loss 

of DATV data. 

So, after channel coding, the transmission capacity, needed to transmit DATV 

data, will be 

2 * (11 + 1) bits / block / 80 ms 
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resulting in a DATV bit rate of 2.052 Mbit/s for full HD. 

A DATV coding standard for 11 bits / block / 80 ms coding has not been 

established yet. 

To avoid the complexity of having to implement such a DATV coding method, 

another coding scheme will be used in simulations of ATM transmission. 

This coding scheme is not based on the information in table 1. 

Each DATV segment, whether decision data (2 bits), the x-component (4 bits) 

or y-component (4 bits) of a motion vector, is coded separately, as is shown 

in table 3. 

Although the amount of coding overhead of the method, described in table 3., 

is considerably larger than for 24 bits / block / 80 ms coding, both coding 

methods are approximately equally robust. 

Table 3. DATV coding for simulations. 

frame 1 (40 ms) frame 2 (40 ms) 

decision data 2 * (2 + 1) 2 * (2 + 1) bitsfblock 

vector data : 

x component 2 * (4 + 1) 2 * (4 + 1) bitsfblock 

y component 2 * (4 + 1) 2 * (4 + 1) bitsfblock 

total: 52 bits / block / 80 ms 

So far, the coding overhead resulting from the use of 1 AAL octet per cell 

for cell sequence numbering has not been mentioned. 

To estimate the total coding overhead, to each group of 47 information octets, 

one AAL octet should be added. 

So, the bandwidth required for transmission of channel coded HD-MAC data, may 

be approximated as in table 4. 

In table 4., the effects of cell delineation, introducing partly empty 

cells at the end of each video line, and data-identification words have not 

been incorporated yet. 

The overhead associated with the header of an ATM cell has not been accounted 

for either. 

So, the actual transmission bandwidth needed in an ATM channel will in fact 

exceed the values calculated in table 4. 

In table 6. of section 5.2. it will be derived that for ATM distribution 

of HD-MAC encoded HDTV information, a transmission bandwidth of 142.63 Mbit/s 
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is required, if the previously described transmission format is used. 

This is less than 149,76 Mbit/s, the bandwidth standardized by CClTT for 

p1esiochronous transmission systems. So, it is possible to transport ATM cells 

containing HD-MAC encoded HDTV information by means of a plesiochronous 

transmission channel. 

Table 4. Full HD bandwidth requirement. 

DATV coding : 

# bits / block / 80 ms 24 52 

luminance + chrominance . . 

# bits / frame 4,976,640 4,976,640 

DATV : 

# bits / frame 90 * 72 * 12 90 * 72 * 26 

total 

# bits / frame 5,054,400 5,145,120 

# bits / second 126,360,000 128,628,000 

+ sequence numbering 129,048,511 131,364,766 
( * 48 / 47 ) 

coding overhead 

# bits /second 3,741,511 6,057,766 

In the next section an algorithm for the detection of transmission errors 

will be derived. 

The algorithm will be the basis of the receiving terminal adapters that will 

be used for simulations. 

4.2. DERIVATION OF AN ALGORITHM FOR DETECTION OF TRANSMISSION 

ERRORS. 

The sequence control algorithm, derived in this section, will be based on 

the use of cell sequence numbers. 

For the conveyance of cell sequence numbers, per ATM cell, four bits in the 

AAL (ATM Adaptation Layer) octet will be reserved. 
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The sequence control algorithm should detect most of the sequence errors that 

may occur in an ATM cell stream. Moreover, it should analyze a sequence error 

in an attempt to establish the kind of transmission error causing it. 

The analysis of sequence errors should provide a terminal adaptor with enough 

information to enable it to mask or correct the consequences of sequence 

errors effectively. 

Having determined the type of a sequence error, and after error masking or 

correction, the algorithm has to synchronize to the incoming cell sequence 

numbers again, before being able to detect new errors. 

The objectives of the use of the sequence control algorithm that were 

stated in the previous section, narrow down to the requirement, that the 

algorithm should be capable of detecting most sequence errors. 

For, a sequence error caused by cell loss or cell insertion causes loss of 

synchronization, if undetected. And, if an undetected combination of cell loss 

and cell insertion does not result in loss of synchronization, it will most 

likely cause a considerable display distortion, as information is 

misinterpreted. 

Finally, if, due to bit errors in cell sequence numbers, the algorithm takes 

erroneous decisions, this may be very hazardous to synchronization as well. 

Because the sequence control algorithm is based entirely on the use of cell 

sequence numbers, the sequence numbering system should be robust. This is the 

reason for adding a parity bit to each cell sequence number, in the 

transmitting terminal adaptor. 

The parity bit should be recalculated by the sequence control algorithm in the 

receiving terminal adaptor, to prevent it from drawing conclusions from 

damaged sequence numbers. 

A cell sequence number will range from 0 to 7. Consequently, it will be 3 

bits long. To these 3 bits, one parity bit is added, for reasons stated 

earlier. 

A cell sequence number might also be only 2 bits long, however, in case of 

bursts of cell loss this would not provide enough detection facilities. For, 

using sequence numbers ranging from 0 to 3, loss of three subsequent cells 

would definitely be indistinguishable from insertion of one cell with a 

matching cell sequence number. 

Using a 3 bit sequence number, the same situation would not arise, unless more 

than six subsequent cells were lost. 

The latter phenomenon is obviously less probable than the loss of three 

subsequent cells. So, compared to 2 bits, a 3 bit cell sequence number 
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provides for increased detection capabilities of the sequence numbering system 

and a reduced probability of losing data synchronization. 

To derive a sequence control algorithm, the first step will be the 

specification of the most probable sequence error situations. 

Subsequently, a state diagram will be obtained, based on the characteristics 

of the most probable sequence errors. 

Finally, the sequence control algorithm will be derived from the state 

diagram. 

In figure 28. all possible singular sequence errors are gathered and 

illustrated by depicting the chain of cell sequence numbers, associated with 

them. 

Whenever bit errors damage a cell sequence number, the situation in the left 

column of figure 28. will appear. The cell sequence number (i + 2) of the 

cell following the damaged cell (x) indicates that the length of the sequence 

is correct. 

On the contrary, cell loss is characterized by a discontinuity (i ~ i + 2) 

in the sequence of cell numbers. In addition, because of the loss of a cell, 

the sequence is too short. 

Cell insertion is revealed by a discontinuity (i ~ x ~ i + 1) in the 

sequence of cell numbers also, and by the fact, that the sequence is too long. 

i - 2 i - 2 i - 2 

i - 1 i - 1 i 1 

i i i 

seg. err. x i + 2 x 

i + 2 i + 3 i + 1 

i + 3 i + 4 i + 2 

bit errors cell loss cell insertion 

Figure 28. Singular sequence errors. 

The probability of the occurrence of multiple sequence errors is 

approximately proportional to the product of the probabilities of the 

singular errors, causing such a situation. For, the transmission error 

mechanisms are assumed to be statistically independent. 
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For instance 

P{ loss of i cells} -
i P{ cell loss } ] 

( - is approximately proportional ) 

Consequently, the most probable multiple sequence errors, are caused by a 

combination of only two transmission errors. 

There are six possible combinations of two sequence errors 

- bit errors in a sequence number and cell loss 

- bit errors and cell insertion 

- cell loss and cell insertion 

- bit errors in mUltiple cell sequence numbers 

- multiple cell loss 

- multiple cell insertion. 

The latter situation, caused by multiple cell insertion is assumed to be 

highly improbable, as was stated in the previous section. The reason for this 

assumption is that it is very difficult to detect multiple cell insertion, if 

combinations of cell insertion and bit errors in sequence numbers have to be 

detected also. 

The decisions the sequence control algorithm takes, should always aim to 

maintain data synchronization. So, if a situation of multiple sequence errors 

involves cell loss or insertion, the algorithm should detect this by checking 

the length of a sequence of cell numbers. 

From the above description of the most probable sequence error 

situations, the states, needed in a state diagram of the sequence control 

algorithm, are obtained. 

First of all, the occurrence of each of the singular sequence errors should be 

marked by a state in the state diagram, because each sequence error requires a 

specific error recovery method. 

This results in three states, a cell insertion ("insert") state, a cell loss 

state and a bit error state. 

Furthermore, a "steady" state is required, to indicate the situation that the 

sequence of cell numbers is not interrupted by errors. 

If a sequence error is detected, when the algorithm is in the "steady" state, 

it should enter an analysis ("kind") state. If the algorithm does not discover 

a sequence error, it should reenter the "steady" state via a so called "else"

loop. 
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In the "kind" state the properties of a sequence error have to be 

established, in order to determine the kind of transmission error that led to 

the detected situation. 

In the "kind" state a possibility to enter each of the decision states (loss, 

insertion, bit error) should be present. 

Finally, a resequence state is defined. This state is entered, whenever the 

algorithm decides, that cell loss or insertion has occurred. In the resequence 

state, the sequence control algorithm is synchronized to the incoming cell 

sequence numbers again. In other words, the "expected" sequence number is 

updated. 

A state diagram, including the states and transitions mentioned above, is 

depicted in figure 29. 

S. E. 

T. s. CORR. 

T • L. = TOO LONG 

T. S. = TOO SHORT 

CORR. = CORRECT 

S. E. = sequence error 

Figure 29. Simple state diagram of the algorithm. 
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It is impossible to introduce separate states for each possible situation 

resulting from multiple sequence errors, as was done for singular sequence 

errors. The number of situations simply is too large. 

Fortunately, the states depicted in figure 29. may be used to identify 

multiple sequence error situations as well, if some modifications are made to 

the diagram. 

In the first place, from the "kind" state an additional route back to the 

"kind" state ("else"-loop) is needed, in case the analysis of a sequence error 

is not successful immediately, as a result of a multiple sequence error. To be 

able to maintain synchronization, correct decisions should be guaranteed, even 

in these cases. 

Furthermore, the possibility to return from the end states (loss, insertion, 

bit error) to the analysis ("kind") state has to be included. And the 

transitions from the end states to the resequence and "steady" states have to 

be made conditional. This way, if there is any doubt concerning a decision, 

the algorithm simply starts analysis again. 

Adding new transitions and modifying the existing ones in the diagram in 

figure 29. accordingly, it will be possible to recognize multiple sequence 

errors. 

For instance, let us consider the case of the combination of cell 

insertion and bit error damage to a cell sequence number, depicted in figure 

30. 

Assuming the algorithm is in the "steady" state, a sequence error is detected 

encountering x t i + I So, the algorithm enters the "kind" state. 

The next sequence number is y. Since y t i + 1, the algorithm may not decide, 

that cell insertion caused x to appear in the sequence of cell numbers, even 

though that is in fact the case. 

Furthermore, y t i + 2, so x does not result from bit errors in the sequence 

number i + 1. 

Finally, y ~ i + 3, so cell loss did not occur either. 

As a consequence, the algorithm, having examined y unsuccessfully, should 

reenter the "kind" state, via the "else"-loop, rather than take a forced 

decision. 

Entering the "kind" state for the second time, the algorithm encounters i + 2, 

discovering that the sequence is too long. Consequently, it enters the 

"insert" state. Having found i + 3, the resequence state is entered and 

finally, the algorithm returns to the "steady" state (unconditionally). 



- 71 -

i - 2 

i - 1 

i 

x (inserted cell) 

y 

i + 2 

i + 3 

Yr i + 1, Y r i + 2, Y-;' i + 3 

Figure 30. Cell insertion and bit errors in a sequence number. 

This example shows the use of the nelse"-loop connected to the "kind" state, 

for the detection and analysis of multiple sequence error situations. The 

"elselt-loop guarantees that the algorithm's decisions are aimed at maintaining 

data synchronization, in most multiple sequence error situations. 

From the information available, the algorithm cannot decide whether x in 

the sequence of figure 30. results from cell insertion or from bit error 

damage to cell sequence number i + 1. 

Avoiding the misinterpretation of information, it is therefore wise to remove 

both cell x and cell y from the sequence. 

Having removed both cells, the cell loss inflicted by the algorithm, between 

cells i and i + 2, has to be masked or corrected. 

A similar example may be given for the use of the return transitions, from 

the end states, reentering the "kind" state. 

i - 2 

i-I 

i 

x 

i + 1 

Y 

i + 3 

i + 4 

Figure 31. Cell insertion and bit errors in a sequence number. 
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Again it is assumed that initially, the algorithm is in the "steady" state. 

When x is encountered, the algorithm enters the "kind" state. 

The next sequence number is i + 1, so the algorithm enters the "insert" state, 

because the sequence is too long. However, an insertion decision would be 

questionable, since y ~ i + 2. 

In fact, cell insertion is not the only transmission error causing the 

situation displayed in figure 31. 

So, the conditional transition from the "insert" state to the resequence 

state may not be selected, because y ~ i + 2, due to bit error damage. 

Therefore, the algorithm reenters the "kind" state, indicating, that the error 

situation results from more than just cell insertion. 

ELSE 

CORR. 

T.L. = TOO LONG 

T.S. = TOO SHORT 

CORR. = CORRECT 

S. E. = sequence error 

Figure 32. State diagram of the sequence control algorithm. 
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Encountering i + 3, it is clear, that the sequence still is too long, so the 

algorithm again enters the "insert" state. Finally, via the resequence state 

the algorithm returns to the "steady" state. 

The example shows, how using the return route from one of the end states 

(loss, insertion, bit error) back to the "kind" state, uniquely identifies a 

multiple sequence error situation. Furthermore, most overall decisions of the 

algorithm, although perhaps not exact, are correct, for as far as data 

synchronization is concerned. 

Having derived the algorithm's states and most important state 

transitions, the integral state diagram for the sequence control algorithm 

depicted in figure 32., is obtained. 

From the example of figure 30. it is clear that error recovery may be a 

complicated matter. 

The next section will be devoted to the derivation of suitable error recovery 

methods for each of the end states, 

4.3. DATA RECOVERY AND DEPACKAGING USING THE "SEQUENCE CONTROL" 

ALGORITHM. 

It is one thing to detect sequence errors, correcting or masking the 

consequences of these errors is another. 

In the state diagram depicted in figure 32., for each decision state, an error 

recovery procedure has to be defined. 

The error recovery methods will be specified in this section. 

Furthermore, the reliability of the combination of the sequence control 

algorithm and these error recovery procedures will be obtained. 

Apart from the fact that error recovery procedures are needed in the 

decision states, a depackaging procedure has to be implemented in the "steady" 

state. 

The depackaging procedure must be capable of retrieving HD-MAC information 

from ATM cells. 

During depackaging, from each cell the sequence number has to be read. By 

recalculation of the parity bit of each sequence number, its validity is 

checked. 

Furthermore, at the beginning of each new segment of HD-MAC information, the 
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depackaging procedure must look for a data-identification word. If an 

identification word is not encountered, the procedure should warn 

synchronization control about a possible loss of data synchronization. 

Finally, 46 or 47 octets of information, depending on the position of the 

cell, relative to the beginning of a new information segment, have to be 

transferred to the output of the terminal adaptor. 

The first cell of each HD-MAC information segment contains an AAL octet, an 8 

bit data-identification word and 46 octets of information. All other cells of 

a segment contain an AAL octet and 47 octets of data. 

Before transferring HD-MAC information to the output of the terminal adaptor, 

DATV (decision or vector) data has to be decoded. The decoding process should 

render DATV data that is as reliable as possible. And, the DATV words should 

be adapted to the input format of the bandwidth restoration decoder (BRD). 

DATV decoding uses both the relevant and the redundant DATV data words for 

error correction. 

When the relevant DATV data of an HD-MAC frame is unpacked, a parity check for 

each data word is executed. If a parity error is detected, it is noted, that 

the DATV word in question is probably not correct. 

As soon as the corresponding redundant DATV data is unpacked, it is checked 

for parity errors as well. All DATV words that contained bit errors at first, 

may now be replaced by redundant information, that is, if it is not damaged as 

well. 

To evaluate the reliability of received DATV words in the depackaging and 

error recovery procedures, a ternary rating mechanism is incorporated. 

If a certain DATV cell is considered lost, the error recovery procedures in 

the decision states (loss, insertion) replace the DATV words by "fail safe" 

values. For branch decisions, a "fail safe" value identifies the "20 ms" 

decoder branch, for vectors the "no motion" value 0 is substituted. 

The replacement values will get reliability rating 0, since they are not in 

any way related to the DATV data, that was originally sent. If it is 

detected that a certain DATV word is damaged by bit errors, it will get 

reliability rating I, for damaged words are related to the transmitted data, 

although the exact relation is unknown. 

Finally. if a DATV word is found to be correct, it will be rated 2. 

For video samples there is no way of telling, whether they were damaged 

during transmission or not, since samples are not coded. 

As a consequence, the depackaging procedure's only task is to take care of 
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placing the video samples in the right position in the field memories of the 

BRD. 

To assure correct placing of samples, video line synchronization is needed. 

Cell delineation is a very helpful feature in maintaining video line 

synchronization. For, applying cell delineation means that a video line is 

contained in a fixed number of cells, and that the first sample of a new line 

is positioned at the beginning of the information field of a cell. 

Consequently, if the depackaging procedure finds the beginning of a video 

field (data-identification words), it is able to calculate the position of the 

first sample of each line in the field, assuming data synchronization is 

maintained. 

In the bit error state of the sequence control algorithm, the status of 

the information carried in the cell, that is being processed, is unknown. 

The algorithm decides that the sequence number of the cell was damaged by bit 

errors, during transmission, but it is unlikely that the information field was 

damaged by more than a limited number of bit errors. 

Consequently, the recovery procedure used in the "steady" state may be 

executed in case of a bit error decision also. 

Whenever the sequence control algorithm decides that cell loss was the 

cause of a sequence error situation, it is practically certain, that at least 

one ATM cell was lost during transmission. 

However, it is possible, that cell loss occurred more than just once. 

Moreover, cell loss may not be the only cause of the error situation at all. 

All this complicates matters considerably, if an attempt is made to derive an 

error recovery procedure for the "loss" state. That is, if the objective is to 

design a recovery procedure, that performs optimum error recovery for every 

error situation possible. 

On the other hand, if it were tolerable to perform suboptimal recovery, the 

derivation of a generic loss recovery procedure would be less complicated. 

A simple method of suboptimal loss recovery uses two cell markers. 

One marker indicates the position of the cell, prior to the cell, that caused 

the algorithm to detect a sequence error in the first place. 

The other marker, points to the cell, that led the algorithm to decide that 

cell loss took place. 

All cells between both marked cells, are considered lost. So, using the cell 

sequence numbers of the two marked cells, the recovery procedure starts 
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masking or correcting cell loss, for each intermediate cell. 

If an intermediate cell contained DATV data, the data words will, for the time 

being, be replaced by "fail safe" values. Loss of video samples will be 

masked. 

For the masking of sample loss, a number of techniques is applicable. 

Some of these masking methods will be used in simulations of the HD-MAC 

distribution system. A description of masking techniques is given in section 

5.1. 

The fact that the method for loss recovery, described above, is 

suboptimal, will be illustrated using the example in figure 33. 

sequence error: 

cell loss decision 

i - 2 

i-I 

i 

i + 3 

i + 5 

i + 6 

i + 7 

Figure 33. Suboptimal loss recovery. 

Assuming the algorithm is in the "steady" state initially, it detects a 

sequence error encountering i + 3 and enters the "kind" state. 

Examining sequence number i + 5 results in the conclusion that the sequence is 

not continuous. So, even though the sequence is obviously too short, the 

algorithm reenters the "kind" state, via the "else"-loop. 

The next sequence number is i + 6, indicating, that the sequence still is too 

short. The "loss" state is entered for the second time. This time, however, 

the sequence is continuous, so, after having performed error recovery and a 

resequence operation, the algorithm returns to the "steady" state. 

Applying the error recovery procedure, described above, to the sequence of 

figure 33., means masking or correcting loss of all cells between i and i + 5. 

An optimum recovery procedure, however, would preserve the information in cell 

i + 3 and correct or mask i + 1, i + 2 and i + 4 only. 

So, the SUboptimal recovery procedure replaces cell i + 3, even though it was 

not damaged. 
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If, because of this, video samples are lost, it results in an increase in 

display distortion. If the information in question is DATV data, however, 

replacement of an extra cell slightly increases the probability of losing both 

the relevant and the redundant part. 

The consequences of using the suboptimal recovery procedure, will appear 

with an average of once every 9~ hours of continuous HD-MAC distribution. So, 

the average increase of display distortion resulting from the use of the 

suboptimal recovery procedures described above, is insignificant. Performing 

suboptimal error recovery is quite tolerable. 

The calculation was based on the following probabilities of transmission 

errors : 

Table 5. Estimated error probabilities. 

P{ bit errors} 1.10- 6 (per bit) 

P{ cell loss } 

P{ cell insertion 

(per cell) 

(per cell) 

The cell loss probability in table 5. corresponds to the occurrence of cell 

loss with an average of once every 5 minutes of HD-MAC distribution. 

Usually, error recovery, in case of cell insertion, consists of the 

removal of a number of cells from a sequence. 

However, the example of figure 30. shows, that removing cells may mean that 

cell loss is inflicted. 

As a consequence, in the "insert" state, an error recovery procedure will be 

applied, that is very similar to the one used in the "loss" state. 

As with cell loss, the recovery procedure uses two markers. One to indicate 

the position of the cell preceding the sequence error and one pointing at the 

cell that led the algorithm to decide, that cell insertion took place. 

All intermediate cells will be removed, as they are assumed to be part of the 

cell insertion situation. Possible cell loss, inflicted in this manner, will 

be masked or corrected, as is done in the procedure used in the "loss" state. 

The reliability of the combination of the sequence control algorithm and 

the error recovery procedures may be expressed by calculating the average 

interval between two cases of loss of data synchronization. 



- 78 -

Loss of data synchronization occurs, whenever the algorithm takes an 

erroneous decision or performs the wrong recovery action, and whenever cell 

loss or cell insertion remain undetected. 

Using the estimated probabilities of table 5., it follows, that loss of data 

synchronization will take place with an average of once in about 10 years of 

continuous HD-MAC transmission. 

So, the sequence control algorithm will prove to be quite reliable. That is, 

as long as the characteristics of transmission impairments do not differ to 

much from the values summarized in table 5. 

In table 5. the bursty nature of cell loss has not been accounted for. So, in 

practical situations loss of data synchronization may occur a bit more often. 

However, if loss of data synchronization would occur once every few months, 

this still would not be considered disturbing. 

In the next chapter, the results of simulations of the HD-MAC 

distribution system are summarized. These results will be used to compare a 

number of cell loss masking methods, to evaluate the corresponding channel 

coding methods. 

SUMMARY 

Using the transmission format described in this chapter, the capacity 

required for the transmission of HD-MAC encoded HDTV information is about 

142.63 Mbit/s. 

The sequence control algorithm, that was obtained in section 4.2., provides a 

reliable means of detecting cell loss, cell insertion and bit errors in cell 

sequence numbers. 

If the algorithm is combined with suitable error recovery procedures, 

correction or masking of transmission impairments will be possible under most 

practical error c 
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In this chapter the results of simulations of the HD-MAC distribution 

system are summarized. 

The results consist of distortion values calculated using the deterioration 

function. 

The distortion values will be used to compare several channel coding methods, 

that differ mainly in their way of masking loss of video samples. 

In section 5.1. the most important methods of masking video sample loss are 

described. 

5.1. MASKING Loss OF VIDEO SAMPLES. 

In the terminal adaptor reference set a method of masking is implemented, 

that is based entirely on replacing lost samples by a medium pixel value. 

In the case of 8 bit/sample PCM coding, the medium value is 128. 

By replacing lost samples by a medium value, the median filters in the 

bandwidth restoration decoder should be able to reduce the visibility of 

sample loss. For, the motion compensated interpolation performed by the median 

filters averages each sample value using adjacent pixels. 

Masking sample loss by substituting medium pixel values does not require 

sample encoding in the transmitting terminal adaptor. 

The processing needed to mask lost samples in the receiving terminal adaptor 

is not very complex either. 

So, substituting medium pixels values is a simple technique for the masking of 

loss of video samples, preserving data synchronization. 

In spite of the interpolation performed in the BRD, the masking 

capabilities of the substitution of medium pixel values are limited. 

Especially in the direct vicinity of moving objects, loss of a cell of video 

samples may be very perceptible. For, near moving objects, the "20 ms" BRE 

branch will be selected. This means that the BRD will receive fewer samples 

per block, for the reconstruction of images. Loss of these samples will be 

more conspicuous than loss of samples of a part of an image that is encoded in 

the stationary ("80 ms") mode. 

A method of masking loss of cells, containing video samples, usually 

causing less display distortion, repeats parts of video lines. 

Whenever samples are lost, they are replaced by pixels on the same horizontal 

position in the previous line of a video field. 
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Using line repetition, lowpass filtering is applied in the vertical direction 

of the screen, in case of loss of samples. Consequently, intensity gradients 

in the vertical direction of the display are smoothed. 

This will generally cause a negligible distortion. 

If, however, line repetition is applied in the direct vicinity of a sharp 

vertical intensity edge, its effect will be quite disturbing. Black pixels 

might be copied into a white background, for instance. 

An advanced terminal adaptor, that will be used in simulations of the HDTV 

transmission system, will be based on line repetition. 

This terminal adaptor therefore has to contain a video line memory, in 

addition to the memory space needed to store DATV data during decoding. A line 

buffer consists of 720 consecutive 8 bit wide memory locations. 

The processing needed to perform line repetition is of a minor complexity. 

If loss of samples results in a distortion concentrated in a geometric 

form, a part of a line for instance, it will generally be more disturbing than 

distortion that is spread over the screen. 

So, medium value substitution and line repetition cause more distortion than a 

masking technique that fills an ATM cell with samples gathered from positions 

across a video field. 

The operation corresponding to the gathering of samples is called 

reshuffling. The samples of a field are shuffled to another position, as it 

were, before the lines of a field are copied into ATM cells. 

Having reshuffled the samples in the transmitting terminal adaptor, cell loss 

will always result in the loss of pixels originating from various positions on 

the screen. So, cell loss will not cause a distortion concentrated in a small 

part of the screen. 

In addition, for each lost sample, a value of a nearby pixel may be 

substituted, thus reducing the perceptibility even further, as with the line 

repetition. 

In the receiving terminal adaptor the reshuffling operation has to be 

reversed. 

This means that the terminal adaptor must include a deshuffling memory. The 

size of the storage needed, depends on the extent of the segment of a field 

that is used for reshuffling. If, for instance, reshuffling is applied to one 

video field at a time, the receiving terminal adaptor has to have a field 

memory. A field memory consists of 288 consecutive line memories. 

On top of this, the processing involved in deshuffling is relatively complex. 
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Finally, the deshuff1ing operation performed in the receiving terminal adaptor 

introduces a delay, not present in terminal adapters that are not based on 

shuffling. For, all information of a shuffling segment must have reached the 

receiving terminal adaptor, before the samples may be transferred to the BRD. 

So far, only methods were considered, that mask the consequences of loss 

of samples. 

There exists, however, a possibility to correct loss of samples, using a 

method similar to the well-known £yclic ~edundancy £heck (CRC). 

The information fields of a number of consecutive cells may be symbolized as a 

two dimensional array of data. The separate information fields are the rows in 

the array depicted in figure 34. 

cell 1 information field 

cell 2 

~ lost 
cell 

cell n 

cell n + 1 parity bits 

Figure 34. Cyclic redundancy check for cell loss correction. 

To implement the CRC correction method, in the transmitting terminal adaptor, 

a parity bit is calculated for each column of bits in the two dimensional 

array. The parity bits for all columns are transmitted in a separate cell 

(n + 1). In addition, to enable the detection of cell loss, each cell is 

appointed a cell sequence number. 

Whenever in the receiving terminal adaptor, cell loss is detected, the 

information field of this cell may be reconstructed. 

By simply recalculating the parity bit for each column of the two dimensional 

array, the missing row is recovered. 
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Applying the CRC correction method, exact reconstruction is possible only, if 

the location of cell loss is known. Furthermore, the information fields of the 

n + I cells in a block should be free of bit errors. 

For reliable CRC recovery, the number of cells (n) in a block should not 

be to large. For, the probability that cell loss occurs twice, within one 

block, should be minimal. 

On the other hand, the coding overhead has to be minimised. The number of 

parity bit cells should therefore be relatively small. 

So, when defining the block size, a compromise has to be found. 

Using CRC cell loss recovery, the receiving terminal adaptor has to 

contain a memory for the storage of all (n + 1) cells in a block. 

Furthermore, a terminal adaptor should be capable of performing a fast parity 

calculation, otherwise, a considerable decoding delay will arise. 

All this means that CRC loss recovery is possible only at the expense of 

relatively complex terminal adapters in the transmitter as well as in the 

receiver. 

Therefore, this method of sample loss recovery will not be implemented in the 

simulation environment, unless masking of sample loss proves to be inadequate. 

Whether or not this is the case, is described in the next section. 

5.2. RESULTS OF SIMULATIONS. 

5.2.1. Cell Space Reguirements. 

The HD-MAC encoded information, that has to be transported via an ATM 

channel, is encoded for error protection as well. Subsequently, it is copied 

into ATM cells. 

To derive the transmission bandwidth needed to convey HD-MAC encoded 

information via an ATM channel, a summary of the channel coding is given. 

In the information field of each cell, that is to be used for HDTV 

transmission, one AAL octet is reserved for cell sequence numbering. 

In addition, if a cell marks the beginning of a new information segment in a 

video frame, room is reserved for an 8 bit data identification word. The data 

identification word serves as a recurrent pattern, needed for data 

synchronization (section 3.3). 

So, in the first cell of each information segment, 46 octets are available. In 

all other cells, 47 octets are left to be filled with HDTV data. 
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To the DATV words that are 11 bits long, a parity bit is added. 

The resulting 12 bit words are transmitted twice, to enable cell loss 

recovery. 

As a consequence, for DATV a bandwidth is needed, that corresponds to 

2 * (11 + 1) bits / block / 80 ms. 

In each 40 ms frame, 77760 bits are needed for the transmission of DATV data, 

because there are 6480 blocks / 80 ms. 

So, if 208 cells are reserved for DATV transport, a total capacity of 78192 

bits is available. 

Per HD-MAC encoded video line, a total of 1080 samples (Y 720, 

U/V 360) has to be transmitted. 

If 23 cells are reserved for the conveyance of one video line, a data 

capacity for exactly 1080 (= 46 + 22 * 47) samples is available. 

DATV 

1 8 16 384 bits Information fields of 

ID Irelevant 
-r 

# fj, consecutive cells : 

# # = cell sequence 
number 

. ID data identification 

I I 
word 

# 
208 

ID Iredundant 
cells 

# 

# 

. 

I I # '11 
-L 

One video line 

'--_"'--_----'--_s_am_p_l_e_s---' L...-_L...-_s_am_p_l_e_s __ ---l • ·1 # samples 

I <If----- 23 ATM cells (1080 octets free) ---_£>1 

Figure 35. The transmission format in detail. 

So, if video samples and DATV data are transmitted separately, a high grade of 
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packaging efficiency is realized. For each video line, all 23 cells are 

completely filled, at the same time realizing cell delineation for line 

synchronization. 

Figure 35. depicts the transmission format for the DATV data in a frame 

and for a video line. Cell headers are omitted, only the information fields of 

consecutive cells are considered. 

The frame transmission format is shown in figure 36. A frame consists of the 

relevant and redundant DATV data and two fields of samples. 

field 1 

288 
video 
lines 

field 2 

288 
video 
lines 

Figure 36. The 

relevant DATV 

redundant DATV 

1<31---- 104 cells -----!I> 1 

chrominance 

1<3 
1<3 

U, V 

line 
alternating 

chrominance 

u, V 

line 
alternating 

luminance Y 

luminance Y 

1080 samples 

23 ATM cells 

transmission format for one HD-MAC 

1>1 

1>1 

encoded HDTV frame. 

The requirements for cell space for an HD-MAC encoded HDTV service are 

derived in table 6. 

In table 6. the bandwidth needed for the transmission of sound/data services 

was not included. In the D-MAC frame format (figure 5.), for sound/data a 
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capacity of about 3 Mbit/s is reserved in the horizontal blanking intervals. 

So, for distribution of HD-MAC encoded HDTV data via an ATM channel including 

sound/data channels a bandwidth of approximately 146 Mbit/s is needed. That 

is, if use is made of the error protection coding and packaging, described 

above. 

Table 6. HDTV cell space requirement. 

DATV coding : 

# bits / block / 80 ms 2 * (11 + 1) 

luminance + chrominance 

# cells / line 23 

# cells / frame 576 * 23 

DATV : 

# cells / frame 208 

total 

# cells / frame 13 456 

# cells / second 336 400 

# bits / second 142.63 M 

5.2.2. Comparison Of Channel Coding Methods. 

The main difference between the performances of the terminal adapters, 

that will be compared, results from the various ways of masking loss of video 

samples. 

The terminal adaptor coding methods are compared using distortion values 

calculated with the deterioration function. 

Distortion has been calculated under various circumstances, however, the 

values used for comparison were all derived under the following conditions. 

A test image sequence called "RENATAl" was used. This image sequence 

consists of downscaled HDTV frames (576 * 720 pixels) with an aspect ratio of 
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4:3. 

The conditions related to the ATM transport of HDTV information may be 

summarized as follows : 

- the insertion of cells was switched off 
-6 

- the bit error probability was set to 1 * 10 per bit 

- cell loss was set to occur once in 2 video frames. 

To obtain an evaluation of the average deterioration of the picture 

quality of an image under the above transmission conditions, the simulation 

program has to introduce transmission errors in different positions in the 

data stream. 

That is, each time the program is executed, the transmission impairments have 

to be introduced randomly. Doing this, the calculated distortion values will 

vary, according to an unknown probability distribution. 

If the error introduction and distortion calculation are repeated a number of 

times, an approximation for the average distortion may be derived. 

In addition, using methods of statistics theory, the reliability of the 

calculated distortion average may be obtained. 

The reliability will be expressed using so called confidence intervals. 

[ref.17.] 

The size of a confidence interval is related to the standard deviation of the 

probability distribution of distortion values. 

The average of n values of the random variable X is obtained from 

and the variance is 

n 
E 

i=l 
n - 1 

For a normally distributed random variable X, a confidence interval is defined 

by a confidence level T and by 

P{ X - k ~ ~ ~ X + k } - T 

In other words, the probability that the true mean ~ lies in the confidence 
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interval, defined by k, is equal to T. 

And 

With 

S 

c 

n 

k S . c 

J(n) 

the standard deviation 

a constant obtained from the Student-t 

distribution with n degrees of freedom, for 

a confidence level T 

the number of X values available 

Table 7.a. Comparison of loss masking methods. (n = 60, T = 0.95) 

TA-specification average deterioration pixe1error-equivalents 

(0) 

medium value 4.105 * 10- 12 
18.76 

substitution 
(± 43 %) 

8.965 * 10- 13 4.10 
line repetition 

(± 25 %) 

reshuffling, 1. 208 * 10-12 5.52 
over an entire 
field (± 20 %) 

2.188 * 10- 13 1.00 

(± 37 %) 

It is unlikely that the unknown distribution of the calculated distortion 

values resembles a normal distribution. 
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However, if the number (n) of distortion values is relatively large (~ 20), 

the average is approximately normally distributed and the above expressions 

may be used to derive a confidence interval. 

In tables l.a. and 7.b., containing the average deterioration values for all 

three methods of loss masking used, the confidence interval is expressed as a 

percentage (0) : 

o k * 100 / X 

Table l.b. Comparison of loss masking methods. (n - 120, r - 0.95) 

TA-specification average deterioration pixel error-equivalents 

(0) 

medium value 3.839 * 10- 12 17.55 
substitution 

(± 23 %) 

1.103 * 10- 13 5.04 
line repetition 

(± 36 %) 

reshuffling, 1. 339 * 10-12 6.12 
over an entire 
field (± 19 %) 

2.188 * 10-13 1.00 

(± 31 %) 

Table l.a. contains the average deterioration calculated from 60 available 

distortion values. For the derivation of table l.b. the number of iterations 

was increased to 120. 

The unit "p ixelerror-equivalents" was introduced in an attempt to give the 
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average deterioration values a more absolute meaning. 

The value of one pixelerror-equivalent was calculated under the condition that 

no cell loss occurs in two video frames. Only bit errors were allowed to 

interfere with picture quality. 

If bit errors occur only once per video frame, the average deterioration 

resulting from such events represents the value of a pixelerror-equivalent. 

So, on the average, one bit error in an HD-MAC encoded video frame causes a 

distortion that is estimated to be 2.188 * 10-13 (± 37 %). 

The rightmost columns of tables 7.a. and 7.b. contain the average 

deterioration expressed in pixelerror-equivalents. 

From this column we obtain that masking sample loss by substituting medium 

pixel values causes an average distortion that is equal to the distortion 

caused by about 18 bit errors (17.55 and 18.76 respectively). 

For line repetition the resulting distortion is much less, about 4.5 bit 

errors. 

Once again it has to be expressed that the distortion criterion, 

described in this report, does not account for modelling human perception 

accurately. 

The results of calculations of the distortion criterion represent an 

objective estimation of the impression a certain deterioration of picture 

quality makes on an human observer. 

The results are therefore suited for a comparison of amounts of distortion 

resulting from different causes. An absolute evaluation of distortion should 

not be derived from the criterion. 

From tables 7.a. and 7.b. it may be concluded that masking sample loss by 

substituting medium pixel values reduces distortion somewhat less than the 

other two masking methods. 

However, masking based on reshuffling is not as superior as would be 

expected. The calculated distortion, resulting after reshuffling based 

masking, in fact slightly exceeds the deterioration reSUlting from line 

repetition. 

This is in contradiction with expectations and it is probably caused by the 

following facts. 

~ The distortion criterion does not incorporate the property of the human 

visual system that determines the exceptional sensitivity for geometric 

structures (circles, rectangles, triangles, etc.). 
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This characteristic alone would provide reshuffling with an advantage over 

both other methods. For, these methods always result in deterioration that 

is shaped as a part of a video line. 

On the other hand, if samples are reshuffled over an entire field, cell 

loss will introduce errors in fault~sensitive areas of a picture as well 

as in other parts. 

Methods of masking sample loss that are not based on reshuffling, cause a 

distortion that is much more restricted to small areas in a video field. 

So, in most cases fault-sensitive parts will not be harmed. 

Taking into consideration, that cell loss occurs with an average of once 

per 5 minutes of continuous HDTV distribution, everyone of the three masking 

methods effects an adequate distortion reduction. 

Line repetition, however, combines simple processing and a requirement for 

only a small buffer memory with an excellent preservation of picture quality. 

So, perhaps line repetition may be regarded as the preferred masking method. 

In the next section pictures of frames resulting from the simulations of 

the distribution system are presented. 

The distinctions between the performances of the three masking methods are 

illustrated photographically. 

5.3. PICTORIAL RESULTS OF SIMULATIONS. 

In this section, the tangible results of simulations of the HDTV 

distribution system are presented. 

During simulations, the image sequence "RENATAl" was used. Furthermore, the 

transmission error probabilities were grossly exaggerated, to render a good 

visibility of the errors. 

In figure 37. the deterioration resulting from undetected cell loss is 

illustrated. 

The first field of the depicted frame was decoded in the usual manner, but 

somewhere in the upper part of the second field, 47 pixels are missing. A cell 

containing samples was lost and consequently all subsequent samples were 

shifted 47 positions left. 

This horizontal displacement causes the observed "shadow" image to appear. 



CHAPTER 6. CONCLUSIONS AND RECOMMENDATIONS. 

6.1. CONCLUDING REMARKS. 

The model of the human visual system that was incorporated in the 

measurement system for the picture quality of High Definition Television 

(HDTV), has only limited validity. 

The distortion criterion may be used to indicate differences in the 

performances of error protection methods. 

However, it should not by no means be considered an accurate model for human 

perception. For, several important properties of the human visual system were 

not included. And the time dimension was left out as well. 

It is possible to transport HD-MAC encoded High Definition Television via 

an ATM broadband network. 

The transmission bandwidth needed to convey HDTV, using a transmission frame 

format that differs from the MAC format, is about 146 Mbit/s. That is, if a 

capacity of 3 Mbit/s sound and data, accompanying the vision information, is 

reserved. 

If the simple channel coding method, described in this report, is used, 

picture distortion, due to transmission impairments, is effectively reduced. 

Summarizing the characteristics of the channel coding method, it is seen that 

for ATM distribution of HD-MAC encoded HDTV 

- DATV data has to be protected against both bit errors and cell loss 

- video samples do not have to be coded for error protection 

- it is sufficient to mask loss of samples resulting form cell loss, exact 

reconstruction is unnecessary 

a facility for the detection of cell loss and cell insertion is needed 

- it is vital that terminal synchronization is maintained. 

Considering that in an HDTV cell stream, cell loss occurs with an average of 

once every 5 minutes, it is obvious that a simple method for the masking of 

sample loss will do. 

The most important aspect of cell loss detection combined with sample loss 

masking is the fact that synchronization is maintained. 

Therefore, correction of sample loss, using decoders that are usually rather 

complex, is unnecessary. 

In fact, if line repetition is used to mask loss of samples, a decoder 
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terminal adaptor may even be quite cheap. 

Only a small buffer memory is needed, to store one line of a video field and 

processing is really simple. Furthermore, no video sample encoding is needed. 

Packaging and depackaging of HDTV information in ATM cells is performed in 

terminal adapters. 

As a consequence, for the distribution of HD-MAC encoded HDTV services, MAC 

encoders and decoders are unnecessary, whereas for satellite reception, a MAC 

decoder is required. 

ATM provides for flexible bandwidth allocation to users. 

HDTV benefits from this flexibility, as interactive TV services may be 

offered, for instance. 

Furthermore, the flexibility of the sound/data part in a MAC frame may be 

extended, if sound/data services are switched separately. For, as a result, a 

user will be able to select whatever sound/data service he wants, to accompany 

HDTV image information. 

6.2. RECOMMENDATIONS. 

The HD-MAC bandwidth reduction coding, used for source coding of HDTV 

information, provides for a considerable reduction of the data capacity needed 

to transport High Definition Television. 

A further data reduction might be possible, if the transmitted samples were 

coded using differential coding methods, instead of the 8 bit / sample Pulse 

Code Modulation (PCM) used in simulations. 

This however, involves the risk of reducing the data rate to drastically, 

introducing visible distortion (Rate Distortion Theory). 

So, a survey into extended data reduction might be useful. 

On the other hand, it might be possible to provide for a decreased bit 

error sensitivity, using other methods to encode video samples. 

Such a coding method should eliminate most of the weighing differences 

between the most and least significant bits of a sample. 

As a consequence, no more grave pixel errors will occur, for, the distortion 

of a pixel, caused by one bit error, is bounded. 

The sequence numbering used in simulations, differs from the standards 

issued recently by CClTT. 
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ceITT recommendations state that a four bit sequence number, along with a four 

bit error protection should be used. 

This provides for more extensive sequence error detection capabilities. The 

exact consequences, however, should be examined more closely. 

SUMMARY 

To verify the possibility to distribute High Definition Television (HDTV) 

via an ATM broadband network, a simple channel coding method was developed. 

Using this channel coding strategy, the deterioration of picture quality, due 

to transmission impairments, was reduced to a negligible level. And, the 

required transmission bandwidth was increased only slightly, as only a small 

coding overhead was added. 

In addition, HDTV services that are distributed via an ATM network benefit 

from the network's flexibility. 
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ApPENDIX A. 

"FLOW CHART OF THE ATM CHANNEL MODEL." 
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procedure ATM CHANNEL 
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ApPENDIX B. 

"GLOSSARY OF ABBREVIATIONS." 



AAL 

ATD 

ATM 

B-ISDN 

BRD 

BRE 

CATV 

CBO 

CCIR 

CCITT 

cph 

cpw 

D-MAC 

D2-MAC 

DATV 

dB 

DBS 

gfc 

HD 

HD-MAC 

HDTV 

HEC 

Hz 

IBCN 

ISDN 

ISO 

LEX 

nil 

NT 
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ATM Adaptation Layer 

Asynchronous Time Division Multiplexing 

Asynchronous Transfer Mode 

Broadband Integrated Services Digital Network 

Bandwidth Restoration Decoder (HD-MAC) 

Bandwidth Reduction Encoder (HD-MAC) 

Cable Television 

Continuous Bitstream Oriented 

International Radio Consultative Committee 

International Telephone and Telegraph 

Consultative Committee 

cycles per height (unit of spatial 

frequenies) 

cycles per width (unit of spatial 

frequencies) 

MAC variant with ± 3.0 Mbit/s sound / data 

capacity 

MAC variant with ± 1.5 Mbit/s sound / data 

capacity 

Digitally Assisted Television 

deciBell 

Direct Broadcast Satellite 

generic flow control 

High Definition 

High Definition MAC variant 

High Definition Television 

Header Error Check 

Hertz, unit of frequency (s-l) 

Integrated Broadband Communications Network 

Integrated Services Digital Network 

International Organization for 

Standardization 

Local Exchange 

value indicating end of record list 

Network Termination 



NTSC 

OSI 

PAL 

PCM 

pixel 

pti 

RU 

SECAM 

SPN 

STD 

sync 

TA 

VCl 

VPI 
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National Television System Committee, 

TV standard 

Open Systems Interconnection (ISO model) 

Phase Alternating Line, TV standard 

Pulse Code Modulation 

picture element 

payload type identifier 

Remote Unit 

Sequential Couleur a Memoire, TV standard 

Subscriber Premises Network 

Synchronous Time Division Multiplexing 

synchronization 

Terminal Adaptor 

Virtual Channel Identifier 

Virtual Path Identifier. 
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Figure 37. "RENATA" if cell loss remains undetected. 

Figure 38. "RENATA" cell loss masked by substitution. 
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Figure 38. depicts "RENATA" as received by an HDTV terminal that is linked 

to an ATM network, if sample loss is masked by substituting medium pixel 

values. 

The structure of the distortion caused by cell loss is clearly visible. In 

case of cell loss, 47 consecutive pixels are replaced by medium values. 

The interpolation performed in the Bandwidth Restoration Decoder somewhat 

lessens the visibility of the replaced pixels. 

The version of "RENATA" depicted in figure 39. is based on line 

repetition for the masking of sample loss. 

Displayed is one of the critical cases. In the calendar in the left part of 

the image, a black line is copied into a white background. 

Still, cell loss is concealed quite well. For, one more case of cell loss is 

present in the frame. It is left to the reader to find it. 

Figure 39. "RENATA" restored using line repetition. 

Finally, in figure 40. the results of reshuffling are depicted. 

In this case, loss of a cell results in the loss of 47 samples spread over the 

image. 

The reshuffling pattern used, had the quincunx structure depicted below. 
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• • 
• 

• • 

If the frame in figure 40. is subtracted from the source frame, it appears 

that both white dots in the lower left corner of the image are not part of a 

quincunx pattern. So, they are probably caused by bit errors in samples. 

Again, it is left to the reader to find distorted pixels as a result of loss 

of a cell containing video samples. 

Figure 40. "RENATA" reshuffled. 

SUMMARY: 

The ATM bandwidth needed to transport HD-MAC encoded HDTV information is 

about 146 Mbit/s, if 3 Mbit/s is reserved for sound/data channels. 

CClTT standardized a bandwidth of 149.76 Mbit/s for plesiochronous 

transmission systems. 

So, it is possible to transport ATM cells containing HD-MAC encoded HDTV data 

via plesiochronous systems. 

Considering that in an ATM channel, cell loss occurs with an average of once 
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every 5 minutes (probability: 1 * 10-
8
), anyone of the methods for the 

masking of sample loss applied in simulations provides for a sufficient 

reduction of picture distortion. 

However, line repetition sticks out, as it combines relatively simple 

processing with an excellent distortion reduction. 
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