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Preface

This book does not aim to make the reader an expert in digital
television (which the author himself is not). Rather, its purpose is
to describe and explain, as simply and as completely as possible, the
various aspects of the very complex problems that had to be solved
in order to define reliable standards for broadcasting digital pictures
to the consumer, and the solutions chosen for the European DVB
system (Digital Video Broadcasting) based on the international
MPEG-2 compression standard.

The book isintended for readers with a background in electronics and
some knowledge of conventional analogue television (a reminder of the
basic principles of existing television standards is presented for those
who require it) and for those with a basic digital background. The main
goal is to enable readers to understand the principles of this new
technology, to have a relatively global perspective on it, and, if they
wish, to investigate further any particular aspect by reading more
specialized and more detailed books. At the end, there is a short
bibliography and a glossary of abbreviations and expressions, which
will help readers to access some of these references.

For ease of understanding, after a general presentation of the
problem, the order in which the main aspects of digital television
broadcast standards are described follows the logical progression of
the signal processing steps on the transmitter side — from raw
digitization used in TV studios to source coding (MPEG-2
compression and multiplexing), and on to channel coding (from
forward error correction to RF modulation). JPEG and MPEG-1
‘predecessor’ standards of MPEG-2 are also described, as MPEG-2
uses the same basic principles.

The book ends with a functional description of a digital IRD
(integrated receiver decoder), or set-top box, which the concepts
discussed in preceding chapters will help to demystify, and with a
discussion of future prospects.




x Preface

This new edition includes an important update of the parts
concerning digital terrestrial television and interactive television
by cable, which were still at the end of the standardization process
at the time of the previous edition, as well as the new functionalities
of the post-2000 receivers and their evolution. A new chapter has
been added to cover the aspects of software interoperability, which
is a prerequisite to the generalization of digital television, especially
terrestrial, in view of analogue switch-off around the year 2010.

H. Benoit
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Introduction

At the end of the 1980s, the possibility of broadcasting fully digital
pictures to the consumer was still seen as a faraway prospect, and
one that was definitely not technically or economically realistic
before the turn of the century. The main reason for this was the
very high bit-rate required for the transmission of digitized 525- or
625-line live video pictures (from 108 to 270 Mb/s without
compression). Another reason was that, at that time, it seemed
more urgent and important — at least in the eyes of some politicians
and technocrats — to improve the quality of the TV picture, and
huge amounts of money were invested by the three main world
players (first Japan, then Europe, and finally the USA) in order to
develop Improved Definition TeleVision (IDTV) and High Defin-
ition TeleVision systems (HDTV), with vertical resolutions from
750 lines for IDTV to 1125 or 1250 lines for HDTV.

Simply digitized, HDTV pictures would have required bit-rates
that were four times higher than ‘conventional’ pictures, of the
order of up to one gigabit per second! This is why most of the
HDTYV proposals (MUSE in Japan, HD-MAC in Europe, and
the first American HD proposals) were at that time defined as
analogue systems with a digital assistance which can be seen
as a prelude to fully digital compression.

However, by the beginning of the 1990s, the situation had
completely changed. Very quick development of efficient compres-
sion algorithms, resulting in, among other things, the JPEG
standard for fixed images and later the MPEG standard for moving
pictures, showed the possibility to reduce drastically the amount of
data required for the transmission of digital pictures (bit-rates from
1.5 to 30 Mb/s depending on the resolution chosen and the picture
content).
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At the same time, continuous progress in IC technology allowed
the realization, at an affordable price, of the complex chips and
associated memory required for decompression of the digital
pictures. In addition, it appeared that the price of a HDTV receiver
would not quickly reach a level affordable by most consumers, not
so much due to the electronics cost, but mainly because of the very
high cost of the display, regardless of the technology used (big 16/9
tube, LCD projector or any other known technology). Further-
more, most consumers seemed more interested in the content and
the number of programmes offered than in an improvement in the
picture quality, and economic crises in most countries resulted in a
demand for ‘brown goods® oriented more towards the cheaper end
of the market.

Mainly on the initiative of the US industry, which could take
advantage of its traditional predominance in digital data proces-
sing to regain influence in the electronic consumer goods market,
studies have been rcoriented towards the definition of systems
allowing diffusion of digital pictures with equivalent or slightly
better quality than current analogue standards, but with many
other features made possible by complete digitization of the signal.
The first digital TV broadeasting for the consumer started in mid-
1994 with the ‘DirecTV’ project, and its success was immediate,
resulting in more than one million subscribers after one year.

However, the Europeans had not gone to sleep — they decided at
the end of 1991 to stop working on analogue HDTV (HD-MAC),
and created the European Launching Group (ELG) in order to
define and standardize a digital TV broadcasting system. This gave
birth in 1993 to the DVB project (Digital Video Broadcasting),
based on the ‘main profile at main level’ (MP@ML) of the inter-
national MPEG-2 compression standard.

MPEG-2 is downwards compatible with MPEG-1 and has pro-
visions for a compatible evolution towards HDTV by using higher
levels and profiles. This resulted in the standardization of three
variants for the various transmission media — satellite (DVB-S),
cable (DVB-C) and terrestrial (DVB-T) — which occurred between
1994 and 1996.

Colour television: a
review of current
standards

Let us begin with a bit of history...

1.1 Monochrome TV basics

It should be borne in mind that all current TV standards in use
today are derived from the ‘black and white’ TV standards started
in the 1940s and 1950s, which have defined their framework.

The first attempts at electromechanical television began at the
end of the 1920s, using the Nipkow disk for analysis and repro-
duction of the scene to be televised, with a definition of 30 lines and
12.5 images per second. This low definition resulted in a video
bandwidth of less than 10 kHz, allowing these pictures to be broad-
cast on an ordinary AM/MW or LW transmitter. The resolution
soon improved to 60, 90 and 120 lines and then stabilized for a
while on 180 lines (Germany, France) or 240 lines (England, USA)
around 1935. Scanning was ‘progressive’, which meant that all lines
pf the pictures were scanned sequentially in one frame, as depicted
in Fig. 1.1 (numbered here for a 625-line system).

These definitions, used for the first ‘regular’ broadcasts, were the
practical limit for the Nipkow disk used for picture analysis;
the cathode ray tube (CRT) started to be used for display at the
receiver side. In order to avoid disturbances due to electromagnetic
re_ldiation from transformers or a ripple in the power supply, the
picture rate (or frame rate) was derived from the mains frequency.
This resulted in refresh rates of 25 pictures/s in Europe and
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Fig. 1.1 Schematic representation of progressive scanning

30 pictures/s in the USA. The bandwidth required was of the order
of 1 MHz, which implied the use of VHF frequencies (in the order
of 40-50 MHz) for transmission. However, the spatial resolution of
these first TV pictures was still insufficient, and they were affected
by a very annoying flicker due to the fact that their refresh rate was
too low.

During the years just preceding World War II, image analysis
had become fully electronic with the invention of the iconoscope,
and definitions in use attained 405 lines (England) to 441 lines
(USA, Germany) or 455 lines (France), thanks to the use of inter-
laced scanning. This ingenious method, invented in 1927, consisted
of scanning a first field made of the odd lines of the frame and then
a second field made of the even lines (see Fig. 1.2), allowing the
picture refresh rate for a given vertical resolution to be doubled (50
or 60 Hz instead of 25 or 30 Hz) without increasing the bandwidth
required for broadcasting.

The need to maintain a link between picture rate and mains
frequency, however, inevitably led to different standards on both
sides of the Atlantic, even when the number of lines was identical
(as in the case of the 441-line US and German systems). Never-
theless, these systems shared the following common features:

e a unique composite picture signal combining video, blanking
and synchronization information (abbreviated to VBS, also
described as video baseband signal; see Fig. 1.3):

Monochrome TV basics 5

Two fields of 312.5 lines each® & I

(2X287.5 visible) N F”S‘P“Se'fi’n;es’; e

Second field retrace
(25 lines)

White --------7
Black
level | T
: '
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Horizontal i1 | level -
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Horizontal | | | Visible part
suppression o
Total line duration

Fig. 1.3 View of a line of a composite monochrome video signal

e an interl'flced scanning (order 2), recognized as the best
compromise between flicker and the required bandwidth.

Soon afterwards, due to the increase in the size of the picture
tube, and taking into account the eye’s resolution in normal view-
ing conditions, the spatial resolution of these systems still appeared
insufficient, and most experts proposed a vertical definition of
between 500 and 700 lines. The following characteristics were
finally chosen in 1941 for the US monochrome system, which
later became NTSC when it was upgraded to colour in 1952:
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e 525 lines, interlaced scanning (two fields of 262.5 lines);

e field frequency, 60 Hz (changed to 59.94 Hz upon the
introduction of colour; see Note 1.1);

o line frequency, 15 750 Hz (60 x 262.5); later changed to 15 734
Hz with colour (59.94 x 262.5);

» video bandwidth, 4.2 MHz; negative video modulation;
o FM sound with carrier 4.5 MHz above the picture carrier.

After World War II, from 1949 onwards, most European
countries (except France and Great Britain) adopted the German
‘GERBER’ standard, also known as CCIR. It can be seen as an
adaptation of the US system to a 50 Hz field frequency, keeping a
line frequency as near as possible to 15 750 Hz; this allowed some
advantage to be taken of the American experience with receiver
technology. This choice implied an increased number of lines (ap-
proximately in the ratio 60/50) and, consequently, a wider bapd—
width in order to obtain well balanced horizontal and vertical
resolutions. The following characteristics were defined:

o 625 lines, interlaced scanning (two fields of 312.5 lines);
o field frequency, 50 Hz;

e line frequency, 15 625 Hz (50 x 312.5);

o video bandwidth, 5.0 MHz; negative video modulation;
o FM sound carrier 5.5 MHz above the picture carrier.

This has formed the basis of all the European colour standards
defined later (PAL, SECAM, D2-MAC, PAL +).

Until the beginning of the 1980s, different systems have been in
use in the UK (405 lines, launched in 1937 and restarted after a
long interruption during the war) and in France (819 lines,
launched in 1949 by Henri de France, who also invented the
SECAM system in 1957). These systems were not adapted to
colour TV for consumer broadcasting due to the near impossibility
of colour standard conversion with the technical means available at
that time, and were finally abandoned after a period of simulcast
with the new colour standard.

1.2 Black and white compatible colour systems

As early as the late 1940s, US TV set manufacturers _and broad—
casting companies competed in order to define the specifications of

10
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a colour TV system. The proposal officially approved in 1952 by
the FCC (Federal Communications Commission), known as NTSC
(National Television Standard Committee), was the RCA pro-
posal. It was the only one built on the basis of bi-directional compat-
ibility with the existing monochrome standard. A monochrome
receiver was able to display the new colour broadcasts in black
and white, and a colour receiver could, in the same way, display the
existing black and white broadcasts, which comprised the vast
majority of transmissions until the mid-1960s.

In Europe, official colour broadcasts started more than 10 years
later, in 1967, with SECAM (séquentiel couleur a mémoire) and
PAL (phase alternating line) systems.

Extensive preliminary studies on colour perception and a great
deal of ingenuity were required to define these standards which,
despite their imperfections, still satisfy most of the end users more
than 40 years after the first of them, NTSC, came into being. The
triple red/green/blue (RGB) signals delivered by the TV camera
had to be transformed into a signal which, on the one hand, could
be displayable without major artefacts on current black and white
receivers, and on the other hand could be transmitted in the band-
width of an existing TV channel — definitely not a simple task.

The basic idea was to transform, by a linear combination, the
three (R, G, B) signals into three other equivalent components,
Y, Cy, Cr(or Y, U, V):

Y = 0.587G + 0.299R + 0.114B is called the luminance signal

Cp, =0.564 (B—Y) or U =0.493 (B—Y) is called the blue
chrominance or colour difference

C;=0.713 (R~ Y) or V =0.877 (R—Y) is called the red
chrominance or colour difference

The combination used for the luminance (or ‘luma’) signal has been
chosen to be as similar as possible to the output signal of a mono-
chrome camera, which allows the black and white receiver to treat
it as a normal monochrome signal. The two chrominance
(or ‘chroma’) signals represent the ‘coloration’ of the monochrome
picture carried by the Y signal, and allow, by linear recombination
with Y, the retrieval of the original RGB signals in the colour
receiver.

Studies on visual perception have shown that the human eye’s
resolution is less acute for colour than for luminance transients.
This means, for natural pictures at least, that chrominance signals
can tolerate a strongly reduced bandwidth (one-half to one-quarter
of the luminance bandwidth), which will prove very useful for
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Fig. 1.4 View of a line of composite colour video signal (PAL or NTSC)

putting the chrominance signals within the existing video spectrum.
The ¥, C,, C, combination is the common point to all colour TV
systems, including the newest digital standards, which seems to
prove that the choices of the colour TV pioneers were not so bad!

In order to be able to transport these three signals in an existing
TV channel (6 MHz in the USA, 7 or 8 MHz in Europe), a
subcarrier was added within the video spectrum, modulated by
the reduced bandwidth chrominance signals, thus giving a new
composite signal called the CYBS (Colour Video Baseband Signal;
see Fig. 1.4). In order not to disturb the luminance and the black
and white receivers, this carrier had to be placed in the highest part
of the video spectrum and had to stay within the limits of the
existing video bandwidth (4.2 MHz in the USA, 5-6 MHz in
Europe; see Fig. 1.5).

Up to this point, no major differences between the three world
standards (NTSC, PAL, SECAM) have been highlighted. The
differences that do exist mainly concern the way of modulating
this subcarrier and its frequency.

1.2.1 NTSC

This system uses a line-locked subcarrier at 3.579 545 MHz
(= 455 x F,/2), amplitude modulated with a suppressed carrier
following two orthogonal axes (quadrature amplitude modulation,
or QAM), by two signals, I (in phase) and Q (quadrature), carrying
the chrominance information. These signals are two linear combina-
tions of (R— Y) and (B— Y), corresponding to a 33° rotation of
the vectors relative to the (B— Y) axis. This process results in a

11
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Fig. 1.6 Colour plan of the NTSC system

vector (Fig. 1.6), the phase of which represents the tint, and the
amplitude of which represents colour intensity (saturation).

A reference burst at 3.579 545 MHz with a 180° phase relative to
the B— Y axis superimposed on the back porch allows the
receiver to rebuild the subcarrier required to demodulate I and Q
signals. The choice for the subcarrier of an odd multiple of half the
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line frequency is such that the luminance spectrum (made up of
discrete stripes centred on multiples of the line frequency) and the
chrominance spectrum (discrete stripes centred on odd multiples
of half the line frequency) are interlaced, making an almost perfect
separation theoretically possible by the use of comb filters in the
receiver.

Practice, however, soon showed that NTSC was very sensitive
to phase rotations intreduced by the transmission channel, which
resulted in very important tint errors, especially in the region
of flesh tones (thus leading to the necessity of a tint correction
button accessible to the user on the receivers and to the famous
‘never twice the same colour’ expression). This led Europeans to
look for solutions to this problem, which resulted in the SECAM
and PAL systems.

1.2.2 SECAM

This standard eliminates the main drawback of the NTSC
system by using frequency modulation for the subcarrier, which is
insensitive to phase rotations; however, FM does not allow
simultaneous modulation of the subcarrier by two signals, as does
QAM.

The clever means of circumventing this problem consisted of
considering that the colour information of two consecutive lines
was sufficiently similar to be considered as identical. This
reduces chroma resolution by a factor of 2 in the vertical direc-
tion, making it more consistent with the horizontal resolution
resulting from bandwidth reduction of the chroma signals.
Therefore, it is possible to transmit alternately one chrominance
compenent, D =1.5(B—7Y), on one line and the other,
D, = —1.9(R—Y), on the next line. It is then up to the receiver
to recover the two Di, and D] signals simultaneously, which can
be done by means of a 64 ps delay line (one line duration) and
a permutator circuit. Subcarrier frequencies chosen are
4.250 MHz (= 272 x Fy) for the line carrying D} and 4.406250
MHz (= 282 x Fy) for D..

This system is very robust, and gives a very accurate tint
reproduction, but it has some drawbacks due to the frequency
modulation — the subcarrier is always present, even in non-
coloured parts of the pictures, making it more visible than in
NTSC or PAL on black and white, and the continuous nature
of the FM spectrum does not allow an efficient comb filtering;
rendition of sharp transients between highly saturated colours is
not optimum due to the necessary truncation of maximum FM

12
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deviation. In addition, direct mixing of two or more SECAM
signals is not possible.

1.2.3 PAL

This is a close relative of the NTSC system, whose main drawback
it corrects. It uses a line-locked subcarrier at 4.433 619 MHz
(= 1135/4 + 1/625 x Fy,), which is QAM modulated by the two
?1310%’1; difference signals U =0.493 (B—Y) and V =0.877

In order to avoid drawbacks due to phase rotations, the phase of
the V carrier is inverted every second line, which allows cancella-
tion of phase rotations in the receiver by adding the V signal from
two consecutive lines by means of a 64 us delay line (using the same
assumption as in SECAM, that two consecutive lines can be
considered as identical). In order to synchronize the ¥ demodu-
lator, the phase of the reference burst is alternated from line to line
between +135° and —135° compared to the U vector (0°).

Other features of PAL are very similar to NTSC. In addition to
the main PAL standard (sometimes called PAL B/G), there are two
other less well known variants used in South America in order to
accommodate the 6 MHz channels taken from NTSC:

e PAL M used in Brazil (525 lines/59.94 Hz, subcarrier at 3.575
611 MHz);

e PAL N used in Argentina (625 lines/50 Hz, subcarrier at 3.582
056 MHz).

1.2.4 MAC (multiplexed analogue components)

During the 1980s, Europeans attempted to define a common
standard for satellite broadcasts, with the goal of improving picture
and sound quality by climinating drawbacks of composite systems
(c_ross-colour, cross-luminance, reduced bandwidth) and by using
digital sound. This resulted in the MAC systems, with a compatible
extension towards HDTV (called HD-MAC).

D2-MAC is the most well known of these hybrid systems, even if
it did not achieve its expected success, due to its late introduction
and an earlier development of digital TV than anticipated. It
replaces frequency division multiplexing of luminance, chromin-
ance and sound (bandwidth sharing) of composite standards by a
time division multiplexing (time sharing). It is designed to be
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Fig. 1.7 Composition of a line of a D2-MAC signal

compatible with normal (4/3) and wide screen (16/9) formats and
can be considered in some aspects as an intermediate step on the
route to all-digital TV signal transmission.

On the transmitter side, after sampling (Note 1.2) and analogue-
to-digital conversion, Y, C, and C; signals are time-compressed by
a factor of 2/3 for Y and 1/3 for €, and C;, scrambled if required,
and then reconverted into analogue form in order to be transmitted
sequentially over one line duration (see Fig. 1.7 illustrating one line
of a D2-MAC signal). The part of the line usually occupied by
synchronization and blanking is replaced by a burst of so-called
duobinary data (hence the ‘D2’ in D2-MAC). These data carry the
digital sound, synchronization and other information such as tele-
text, captioning and picture format (4/3 or 16/9), and in addition,
for pay TV programmes, they carry the access control messages of
the Eurocrypt system used with D2-MAC.

As in SECAM, C}, and C, chroma components are transmitted
alternately from line to line in order to reduce the necessary band-
width and obtain equivalent resolutions along the two axes of the
picture for the chrominance. This resolution corresponds to the
so-called 4:2:0 format (see Section 2.2.2, p. 19); it is almost equiva-
lent to the professional 4:2:2 format used in TV studios. Time
division multiplexing results in the total elimination of cross-colour
and cross-luminance effects, and in a luminance bandwidth of
5 MHz, a substantial improvement compared with PAL or SECAM.

1.2.5 PAL+

This is a recent development, the primary objective of which was to
allow terrestrial transmission of improved definition 16/9 pictures

13
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(on appropriate receivers) in a compatible way with existing 4/3
PAL receivers (Note 1.3). To do this, the PAL+ encoder trans-
forms the 576 useful lines of a 16/9 picture into a 4/3 picture in
Jetterbox format (a format often used for the transmission of films
on TV, with two horizontal black stripes above and below the
picture). The visible part occupies only 432 lines (576 x 3/4) on
a 4/3 receiver, and additional information for the PAL+ receiver
is encoded in the remaining 144 lines.

The 432-line letterbox picture is obtained by vertical low-pass
filtering of the original 576 lines, and the complementary high-pass
filtering is transmitted on the 4.43 MHz subcarrier during the
144 black lines, which permits the PAL+ receiver to reconstruct
a full-screen 16/9 high resolution picture.

In order to obtain the maximum bandwidth for luminance
(5 MHz) and to reduce cross-colour and cross-luminance, the
phase of the subcarrier of the two interlaced lines of consecutive
fields is reversed. This process, known as ‘colorplus’, allows
(by means of a frame memory in the receiver) cancellation of
cross-luminance by adding the high part of the spectrum of two
c}(:nsecutive frames, and reduction of cross-colour by subtracting
them.

A movement compensation is required to avoid artefacts intro-
duced by the colorplus process on fast moving objects, which,
added to the need for a frame memory, contributes to the relatively
high cost of current PAL+ receivers. The PAL+ system results in
a subjective quality equivalent to D2-MAC on a 16/9 receiver
in good reception conditions (high signal/noise ratio).
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Fig. 1.8 View of line 23 of a PAL+ signal (WSS bits)
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In order to inform the receiver of the format of the programme
being broadcast (4/3 or 16/9), signalling bits (WSS: wide screen
signalling) and additional information (sound mode, etc.) are
added to the first half of line 23 (Fig. 1.8), which permits the
receiver to adapt its display format. The WSS signal can also be
used by ordinary PAL 16/9 receivers simply to modify the vertical
amplitude according to the format, which is sometimes referred to
as the ‘poor man’s PAL+".

After this introduction (hopefully not too lengthy), we will
now attempt to describe as simply as possible the principles
which have allowed the establishment of new all-digital television
standards and services, the impact of which is still difficult to
comprehend.

Note 1.1

This slight change in line and field frequencies was introduced in
order to minimize the visual effect of beat frequency between
sound (4.50 MHz) and colour (3.58 MHz) subcarriers in the
receiver. This change was done by using the sound intercarrier
as a reference for the line frequency

(15734 = 4 500 000/286)

Note 1.2

D2-MAC is based on the 4:2:0 digital format (720 points/line for
¥ and 360 for Cy and C;). but for practical reasons, these
numbers had to be slightly reduced to 700 and 350, respectively.
This is due to the fact that the duration of 720 samples at 13.5
MHz (53.33 jis) is more than the useful part of the analogue
video line (52 ps), which could disturb clamping circuits in the
receiver.

Note 1.3

PAL+ development took place between 1990 and 1992; after a
period of experimental transmissions, official broadcasts started
in Germany and other countries after the international 1995
Berlin radio/TV exhibition (IFA). PAL+ is officially adopted
by most countries currently using the PAL system. The WSS
format signalling information will also be used independently of
PAL+ for conventional PAL or SECAM transmissions.
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Digitization of video
signals

2.1 Why digitize video signals?

For a number of years, video professionals at television studios
have been using various digital formats, such as D1 (components)
and D2 (composite), for recording and editing video signals. In
order to ease the interoperability of equipment and international
programme exchange, the former CCIR (Comité Consultatif Inter-
national des Radiocommuncations; Note 2.1) has standardized
con_ditions of digitization (recommendation CCIR-601) and inter-
facing (recommendation CCIR-656) of digital video signals in
component form (Y, C;, Cy, in 4:2:2 format).

Th_e main advantages of these digital formats are that they allow
multiple copies to be made without any degradation in quality, and
the creation of special effects not otherwise possible in analogue
format, and they simplify editing of all kinds, as well as permitting
international exchange independent of the broadcast standard to
be used for diffusion (NTSC, PAL, SECAM, D2-MAC, MPEG).
However, the drawback is the very important bit-rate, which makes
the_:se formats unsuitable for transmission to the end user without
prior signal compression.

2.2 Digitization formats

If one wants to digitize an analogue signal of bandwidth Fj.y, it is
necessary to sample its value with a sampling frequency F; of at
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Amplitude Fs =10 MHz
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Fig. 2.1 Spectrum of a sampled signal (when Fg > 2 % Frnax)

least twice the maximum frequency of this signal to keep its integ-
rity (Shannon sampling theorem). This is to avoid the negative
aliasing effects of spectrum fall-back: in effect, sampling a signal
creates two parasitic sidebands above and below the sampling
frequency, which range from Fy — Frax t0 F, + Fmax, as well as
around harmomics of the sampling frequency (Fig. 2.1).

In order to avoid mixing of the input signal spectrum and the
lower part of the first parasitic sideband, the necessary and suffi-
cient condition is that Fs— Fumax > Finax, Which is realized if
F, > 2Fpax. This means that the signal to be digitized needs to be
efficiently filtered in order to ensure that its bandwidth does not
exceed Fnax = Fs/2.

For component video signals from a studio source, which can
have a bandwidth of up to 6 MHz, the CCIR prescribes a sampling
frequency of F; = 13.5 MHz locked on the line frequency (Note
2.2). This frequency is independent of the scanning standard, and
represents 864 x F, for 625-line systems and 858 x Fy, for 525-line
systems. The number of active samples per line is 720 in both cases.
In such a line-locked sampling system, samples are at the same
fixed place on all lines in a frame, and also from frame to frame,
and so are situated on a rectangular grid. For this reason, this
sampling method is called orthogonal sampling (Fig. 2.2), as op-
posed to other sampling schemes used for composite video sam-
pling (4 x Fy subcarrier locked sampling for instance).

The most economic method in terms of bit-rate for video signal
digitization seems, a priori, to be to use the composite signal as a
source; however, the quality will be limited by its composite nature.
Taking into account the fact that 8 bits (corresponding to 256
quantization steps) is the minimum required for a good signal to
quantization noise ratio (Sy/Nq =259 dB; Note 2.3), the bit-rate
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required by this composite digitization is 13.5 x 8 = 108 Mby/s,
which is already a lot!

Ho_wever, digitization of a composite signal has little advantage
over its analogue form for production purposes (practically the
onl.y one is the possibility of multiple copies without degradation).
Th{s‘is why this is not the preferred method for source signal
digitization in broadcast applications, as the composite signal is
not very suitable for most signal manipulations (editing, compres-
sion) or international exchanges.

2.2.1 The 4:2:2 format

Recommendation CCIR-601, established in 1982, defines digitiza-
tion parameters for video signals in component form based on a
Y, Cy, C, signal in 4:2:2 format (four ¥ samples for two Cy samples
and two C, samples) with 8 bits per sample (with a provision for
extension to 10 bits per sample). The sampling frequency is 13.5
MHz for luminance and 6.75 MHz for chrominance, regardless of
the standard of the input signal. This results in 720 active video
samples per line for luminance, and 360 active samples per line for
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4:2:2
DRSS R
~|— Luminance
& + D T
O Chrominance
@ e & A
CTRE R

Fig. 2.3 Position of samples in the 4:2:2 format

each chrominance. The position of the chrominance samples cor-
responds to the odd samples of the luminance (see Fig. 2.3).

Chrominance signals C, and Cy, being simultaneously available
at every line, vertical resolution for chrominance is the same as for
Juminance (480 lines for 525-line systems, 576 lines for 625-line
systems). The total bit-rate resulting from this process is
13.5 x 8 +2 % 6,75 x 8 =216 Mb/s. With a quantization on 10
bits, the bit-rate becomes 270 Mb/s! However, if one takes into
account the redundancy involved in digitizing the inactive part of
the video signal (horizontal and vertical blanking periods), the
useful bit-rate goes down to 166 Mb/s with 8 bits per sample.
These horizontal and vertical blanking periods can be filled with
other useful data, such as digital sound, sync and other informa-
tion.

Recommendation CCIR-656 defines standardized electrical in-
terfacing conditions for 4:2:2 signals digitized according to recom-
mendation CCIR-601. This is the format used for interfacing D1
digital video recorders, and is therefore sometimes referred to as
the DI format.

The parallel version of this recommendation provides the signal
in a multiplexed form (Cy1, Y1, Cot, Y2, Cis, 13, Cps. .. )onan 8-bit
parallel interface, together with a 27 MHz clock (one clock period
per sample). Synchronization and other data are included in the
data flow. The normalized connector is a DB25 plug.

There is also a serial form of the CCIR-656 interface for
transmission on a 75 § coaxial cable with BNC connectors,
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rgquiring a slightly higher bit-rate (243 Mb/s) due to the use of 9
bits per sample in this mode.

2.2.2 4:2:0, SIF, CIF and QCIF formats

For gppl@catior{s that are less demanding in terms of resolution,
and in view of the bit-rate reduction, a certain number of by-
products of the 4:2:2 format have been defined, as follows.

The 4:2:0 format

This format is obtained from the 4:2:2 format by using the same
chroma samples for two successive lines, in order to reduce the
amount of memory required in processing circuitry while at
the same time giving a vertical resolution of the same order as
the hor.izontal resolution. Luminance and horizontal chrominance
resolutions are the same as for the 4:2:2 format, and thus

® i!.lmi;lance resolution: 720 x 576 (625 lines) or 720 x 480 (525
ines);

° lc_hro;ninance resolution: 360 x 288 (625 lines) or 360 x 240 (525
ines).

Figure 2.4 shows the position of chroma samples in the 4:2:0
format.

In order to avoid the chrominance line flickering observed in
SECAM at sharp horizontal transients (due to the fact that one

4:2:0
+ + + +
O O :
+ + + + + Luminance
+ + + + O Chrominance
O O
s

Fig. 2.4 Position of samples in the 4:2:0 format
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chrominance comes from the current line and the second comes
from the preceding one), Cy, and C, samples are obtained by inter-
polating 4:2:2 samples of the two successive lines they will ‘colour-
ize’ at display time.

This 4:2:0 format is of special importance as it is the input format
used for D2-MAC and MPEG-2 (MP@ML) coding.

The SIF format (source intermediate format)

This format is obtained by halving the spatial resolution in both
directions as well as the temporal resolution, which becomes 25 Hz
for 625-line systems and 29.97 Hz for 525-line systems. Depending
on the originating standard, the spatial resolutions are then:

o luminance resolution: 360 x 288 (625 lines) or 360 x 240 (525
lines);

o chrominance resolution: 180 x 144 (625 lines) or 180 x 120 (525
lines).

Figure 2.5 illustrates the position of the samples in the SIF format.
Horizontal resolution is obtained by filtering and subsampling the
input signal. The reduction in temporal and vertical resolution is
normally obtained by interpolating samples of the odd and even
fields, but is sometimes achieved by simply dropping every second
field of the interlaced input format. The resolution obtained is the

SIF

+ . = o o L +

+ Luminance

O Chrominance

@ Discarded samples

Fig. 2.5 Position of samples in the SIF format
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base for MPEG-1 encoding, and is giving a so-called ‘VHS-like’
quality in terms of resolution.

The CIF format (common intermediate format)

This is a compromise between European and American SIF for-
mats: spatial resolution is taken from the 625-line SIF (360 x 288)
and temporal resolution from the 525-line SIF (29.97 Hz). It is the
basis used for video conferencing.

The QCIF format (quarter CIF)

Once again, this reduces the spatial resolution by 4 (2 in each
direction) and the temporal resolution by 2 or 4 (15 or 7.5 Hz). It
is the input format used for ISDN videotelephony using the H261
compression algorithm.

2.3 Transport problems

It is clear that a bit-rate of the order of 200 Mb/s, as required by the
4:2:2 format, cannot be used for direct broadcast to the end user, as
it would occupy a bandwidth of the order of 40 MHz with a
64-QAM modulation (6 bits/symbol) used for cable, or 135 MHz
with a QPSK modulation (2 bits/symbol) used for satellite. This
would represent 5-6 times the bandwidth required for transmission
of an analogue PAL or SECAM signal, and does not even take into
account any error correction algorithm (these concepts will be
explained later in Chapters 6 and 7 on channel coding and modu-
lation).

Compression algorithms, however, have been in use for some
years for contribution links in the field of professional video, which
reduce this bit-rate to 34 Mb/s, but this is still too high for con-
sumer applications, as it does not give any advantage in terms of
capacity over existing analogue transmissions. It was the beliel that
this problem would not be solved economically in the foreseeable
future (in large part due to the cost of the memory size required)
that gave birth in the 1980s to hybrid standards such as D2-MAC
(analogue video, digital sound) and delayed the introduction of
100% digital video. However, the very rapid progress made in
compression techniques and IC technology in the second half
of the 1980s made these systems obsolete soon after their
introduction.
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The essential conditions required to start digital television
broadcast services were the development of technically and eco-
nomically viable solutions to problems which can be classified into
two main categories:

o Source coding — this is the technical term for compression. It
encompasses all video and audio compression techniques used to
reduce as much as possible the bit-rate (in terms of Mb/s required
to transmit moving pictures of a given resolution and the associated
sound) with the lowest perceptible degradation in quality.

Channel coding — this consists of developing powerful error
correction algorithms associated with the most spectrally
efficient modulation techniques (in terms of Mb/s per MHz),
taking into account the available bandwidth and the foreseeable
imperfections of the transmission channel.

Taking into account the fact that many programmes can be
transmitted on one RF channel, the sequence of operations to be
performed on the transmitter side is roughly as illustrated in Fig.
2.6. We will follow the order of the functional boxes in this figure
when we discuss them in the following chapters.

Programme 1 | MPEG
- [ -

Programme #

-

Forwmd smo = | Fiteringand £ = | Upcormeeson
corraciion (FEC), moduiation nnd ampication |
= ]

*

' !

i i

i i

1 i Brossiaing

i 1 namwork
«—Source coding + multiplexing —» : +—Channel coding + modulalion— 1

i |

i |

Fig. 2.6 Sequence of main operations on the broadcasting side

Note 2.1

The CCIR was the radiocommunication branch of the former
CCITT (Comité Consultatif International du Télégraphe et du
Téléphone), recently renamed the ITU (International Telecom-
munications Union). The CCIR is now called the ITU-R.

Note 2.2

For some multimedia applications (video in PCs mainly), other
sampling frequencies are often used in order to obtain so-called
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square pixels to case mixing of live video and computer images
without aspect ratio distortion. In fact, the aspect ratio of a
standard TV picture and of a computer display is 4/3 (ratio of
the width to the height of the picture); in order to have identical
resolutions in the horizontal and vertical directions, which is the
case for today’s computer display formats, it is necessary that
the ratio of the number of pixels per line to the number of useful
lines is 4/3. This is not the case for CCIR-601 derived formats,
neither in 625-line standards (720/576 < 4/3) nor in 525-line
standards (720/480 > 4/3).

For 525-line standards (480 useful lines), square pixels imply
480 x 4/3 = 640 pixels/line, which is obtained with a sampling
frequency of 12.2727 MHz. This is not an accident since this
resolution of 640 x 480 corresponds to the basic VGA graphics
mode - this mode is. in fact, an uninterlaced or progressive
variant of the NTSC scanning standard (line frequency =
31468 Hz, frame frequency = 59.94 Hz). For 625-line standards
(576 useful lines), square pixels imply 576 x 4/3 = 768 pixels/
line, which requires a sampling frequency of 14.75 MHz.

Note 2.3
Dynamic

The dynamic D of a signal with a maximum peak-to-peak ampli-
tude Fpp, quantized with m steps (with m =2%, where b'is the
number of bits of the quantization), is the ratio between ¥pp and
the maximum peak value of the quantization error, which is
equal to the quantization step Q.

By definition, Q is equal to the maximum peak-to-peak
amplitude Vpp divided by the number of quantization steps m,
i.e. Q= Vpp/m= Vep/28. Hence, the dynamic D (in dB) is equal
to

D(dB) = 20 x log(¥pp/Q) = 20 x log(Vpp x 28/ Vep)
=20 x log2® = b x 20 x log2

Hence
D = b x 6dB

Example 1 (video). A quantization with 8 bits (b=38) results in
D =~ 48 dB.
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Example 2 (audio). A quantization with 16 bits (b= 16) results in
D =96 dB.
Signal to quantization noise ratio

If @ is the quantization step, the quantization noise voltage Ny is

equal to Q/v/12. I .
For a video signal, Vpp is equal to the black-to-white ampli-

tude Vgw, and so Q = Vew/m = Vpw/2°. The signal to quanti-
zation noise ratio, Sy/Ng, is the ratio of the black-te-white
signal Vgw to the quantization noise voltage Ng:

Sy/Ny(dB) = 20 x log(Vsw X 28 % V12/ Vaw)
— 20 x log(2® x V12) 2= b x 6 +20 x log 12

or

Sy/Ny = D+ 10.8dB

Therefore, in the case of example 1 above (video signal quan-
tized with 8 bits), D = 48 dB and Sy/N, = 58.8 dB. _

For an audio signal, the signal to quantization noise ratio, Sa/
Ny, is the ratio of the root mean square (RMS) signal_VRMls to
the quantization noise voltage Ng. If we assume a sinusoidal
signal of maximum peak-to-peak amplitude Vpp, the corres-
ponding maximum RMS voltage is Vrms = Vep/2 /2. Thus

Sa/Nq(dB) = 20 x log(Vep x 2" x V12/Vpp x 24/2)
— 20 x log(2? x V12/24/2)

Sa/Nq(dB) 2 b x 6+ 20(log V12 — log2+/2)
=~ D+ 20 x 0.09

or
Sa/Nq =D+ 1.8 dB

Thus, in the case of example 2 (audio signal quantized with 16
bits), D =2 96 dB and Ss/Nq = 97.8 dB.
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Source coding:
compression of video
and audio signals

In the preceding chapter, we explained why compression was an
absolute must in order to be able to broadcast TV pictures in a
channel of acceptable width. A spectrum bandwidth comparable to
conventional analogue broadcasts (6-8 MHz for cable or terrestrial
broadcasts, 27-36 MHz for satellite) implies in practice
maximum bit-rates of the order of 30-40 Mb/s, with the necessary
error correction algorithms and modulation schemes, which are
explained in Chapters 6 and 7.

We will now examine the principles and various steps of video and
audio compression which allow these bit-rates (and in fact much less)
to be achieved, and which are currently being used in the various video/
audio compression standards. These compression methods use general
data compression algorithms applicable to any kind of data, and exploit
the spatial redundancy (correlation of neighbouring points within an
image) and the specificities of visual perception (lack of sensitivity of
the eye to fine details) for fixed pictures (JPEG), and the very high
temporal redundancy between successive images in the case of moving
pictures (MPEG). In the same way, audio compression methods
exploit particularities of the human aural perception to reduce bit-
rates by eliminating inaudible information (psychoacoustic coding).

3.1 Some general data compression principles

3.1.1 Run length coding (RLC)

When an information source emits successive message elements
which can deliver relatively long series of identical elements
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(which, as explained later in this chapter, is the case with the DCT
after thresholding and quantization), it is advantageous to transmit
the code of this element and the number of successive occurrences
rather than to repeat the code of the element; this gives a variable
compression factor (the longer the series, the bigger the compres-
sion factor). This type of coding which does not lose any informa-
tion is defined as reversible. This method is commonly employed
for file compression related to disk storage or transmission by
computers (zip etc.); it is also the method used in fax machines.

3.1.2 Variable length coding (VLC) or entropy coding

This bit-rate reduction method is based on the fact that the prob-
ability of occurrence of an element generated by a source and
coded on n bits is sometimes not the same (i.e. equiprobable) for
all elements among the 2" different possibilities. This means that, in
order to reduce the bit-rate required to transmit the sequences
generated by the source, it is advantageous to encode the most
frequent elements with less than n bits and the less frequent ele-
ments with more bits, resulting in an average length that is less than
a fixed length of = bits.

However, if this is to be done in real time, it implies a previous
knowledge of the probability of occurrence of each possible ele-
ment generated by the source. We have this knowledge, for example,
in the case of the letters of the alphabet in a given language, and
this allows this method to be used for text compression. This
method is also valid for video images compressed by means of
DCT, where energy is concentrated on a relatively small number
of coefficients, as opposed to the temporal representation of the
video signal where all values are almost equiprobable.

One can demonstrate that the information quantity @ trans-
mitted by an element is equal to the logarithm (base 2) of the
inverse of its probability of appearance p:

Q =log,(1/p) =—log,(p)
The sum of the information quantity of all elements generated by

a source multiplied by their probability of appearance is called the
entropy, H, of the source:

H =7 pilogy(1/pi)
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Fig. 3.1 Application of the Huffmann coding algorithm (grey zones indicate horizontal
links)

The goal of variable length coding (VLC), or entropy coding, is
to approach, as near as is possible, the entropic bit-rate (corres-
ponding to an averaged number of bits per element as near as
possible to the source’s entropy). The most well-known method
for variable length coding is the Huffmann algorithm, which
assumes previous knowledge of the probability of each element.
1t works in the following way (illustrated in Fig. 3.1):

e Each element is classified in order of decreasing probability,
forming an ‘occurrence table’ (left part of Fig. 3.1).

e The two elements of lowest probability are then grouped into
one element, the probability of which is the sum of the two
probabilities. Bit ‘0’ is attributed to the element of lowest
probability and ‘1” to the other element; this reduces by one the
number of elements to be classified.

The new element is then grouped in the same way with the
element having the next highest probability. ‘0’ and ‘1’ are
attributed in the same way as above, and the process is
continued until all the elements have been coded (sum of the
probability of the last two elements =100%). 1

In this way, the Huffmann coding tree is built (central part of Fig.
3.1): the code for each element is obtained by positioning
sequentially the bits encountered in moving along the Huffmann
tree from left to right.




28  Source coding: compression of video and audio signals

To illustrate this method, we have assumed a source generating
eight elements with the following probabilities: P(A)=40%,
p(B)=50%, p(C)=20%, p(D)=2%, p(E)=10%, p(F)=3%,
p(G)=14%, p(H) = 6%. In this example, the average word length
after coding (sum of the products of the number of bits of each
element and its probability) is 2.51 bits, while the entropy
H =Y pilog,(1/p;) is equal to 2.44 bits; this is only 3% more
than the optimum, a very good efficiency for the Huffmann algo-
rithm. In this example with eight elements, a pure binary coding
would require 3 bits per elements, so the compression factor 7
achieved with the Huffmann coding is

n=2.51/3.00 = 83.7%

This type of coding is reversible (it does not lose information) and
can be applied to video signals as a complement to other methods
which generate elements of non-uniform probability (DCT fol-
lowed by quantization for instance). The overall gain can then be
much more important.

3.2 Compression applied to images: the discrete
cosine transform (DCT)

The discrete cosine transform is a particular case of the Fourier
transform applied to discrete (sampled) signals, which decomposes
a periodic signal into a series of sine and cosine harmonic func-
tions. The signal can then be represented by a series of coefficients
of each of these functions.

Without developing the mathematical details, we will simply
indicate that, under certain conditions, the DCT decomposes the
signal into only one series of harmonic cosine functions in phase
with the signal, which reduces by half the number of coefficients
necessary to describe the signal compared to a Fourier transform.

In the case of pictures, the original signal is a sampled bidimen-
sional signal, and so we will also have a bidimensional DCT
(horizontal and vertical directions), which will transform the lumi-
nance (or chrominance) discrete values of a block of N x N pixels
into another block (or matrix) of N x N coefficients representing
the amplitude of each of the cosine harmonic functions.

In the transformed block, coefficients on the horizontal axis
represent increasing horizontal frequencies from left to right, and
on the vertical axis they represent increasing vertical frequencies
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from top to bottom. The first coefficient in the top left corner
(coordinates: 0, 0) represents null horizontal and vertical frequen-
cies, and is therefore called the DC coefficient, and the bottom
right coefficient represents the highest spatial frequency compon-
ent in the two directions.

In order to reduce the complexity of the circuitry and the
processing time required, the block size chosen is generally 8 x 8
pixels (Fig. 3.2), which the DCT transforms into a matrix of 8 x 8
coefficients (Fig. 3.3). A visual representation of the individual
contribution of each coefficient to the appearance of the original
block of 8 x 8 pixels can be seen in Fig. 3.4: the appearance of the
original picture block can be obtained by averaging each of the 64
squares in Fig. 3.4 by its coefficient and summing the results.

720 pixels (90 blocks) 8 pixels

143/118/136/114]120|112|129(134]
131)121{126|143[134|123(124(133
147|127|134|136{ 113} 111|140/ 129]

151{128{132(139(115[116/134( 131
150|124/112|134(126]129{132(125
134 93 |116|136{124|137| 138|131,
144(142/119(147|162|149/123/132
143|117|103{125)122{109{ 128|132

8 pixels

576 pixels (72 blocks)

Picture Block

Fig. 3.2 Cutting out blocks of 8 x 8 pixels (values represent the luminance of a pixel)
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Fig. 3.3 Transformation of a block of 8 x 8 pixels into a matrix of 8 x 8 coefficients using
the DCT
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Fig. 3.4 Contribution of each of the DCT coefficients to the appearance of the 8 x 8 pixel
block

Depending on the number of details contained in the original
block. the high frequency coefficients will be bigger or smaller, but
generally the amplitude decreases rather quickly with the fre-
quency, due to the smaller energy of high spatial frequencies in
most ‘natural’ images. The DCT thus has the remarkable property
of concentrating the energy of the block on a relatively low number
of coefficients situated in the top left corner of the matrix. In
addition, these coefficients are decorrelated from each other.
These two properties will be used to advantage in the next steps
of the compression process.

Up to this point, there is no information loss: the DCT transform
process is reversible. However, due to the psycho-physiological
specificities of human vision (reduced sensitivity to high spatial
frequencies), it is possible, without perceptible degradation of
the picture quality, to eliminate the values below a certain
threshold function of the frequency. The eliminated values are
replaced by 0 (an operation known as thresholding); this part of the
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Fig. 3.5 Result of thresholding and quantization

process is obviously not reversible, as some data are thrown
away. The remaining coefficients are then quantized with an accur-
acy decreasing with the increasing spatial frequencies, which
once again reduces the quantity of information required to encode
a block; here again the process is not reversible, but it has little
effect on the perceived picture quality. The thresholding/quantiza-
tion process is illustrated in Fig. 3.5.

The thresholding and quantization parameters can be used
dynamically to regulate the bit-rate required to transmit moving
pictures, as will be explained in Section 3.4.

A serial bitstream is obtained by ‘zig-zag’ reading of the
coefficients, as shown in Fig. 3.6. This method is one of those
allowing a relatively long series of null coefficients to be obtained
as quickly as possible, in order to increase the efficiency of the
following steps — run length coding followed by variable length
coding (see Section 3.1).

3.3 Compression of fixed pictures

The first applications aimed at reducing the amount of information
required for coding fixed pictures appeared in the 1980s, and they
had as their primary objective the significant reduction of the size
of graphics files and photographs in view of storing or transmitting
them. In 1990, the ISO (International Standards Organization)
created an international working group called JPEG (Joint Photo-
graphic Experts Group) which had the task of elaborating an
international compression standard for fixed pictures of various
resolutions in ¥, C;, Cp, or RGB format. The resulting international
standard (widely known as JPEG) was published in 1993 under the
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Fig. 3.6 ‘Zig-zag’ reading of the coefficients of the matrix

reference ISO/IEC 10918, and it can be considered as a toolbox for
fixed picture compression. We will not describe it in detail, as it is
not the object of this book, but we will nevertheless go through its
main steps, as it has largely inspired the way in which MPEG
works.

It should be noted that JPEG compression can be either lossy or
lossless (reversible), depending on the application and the desired
compression factor. Most common applications use the lossy
method, which allows compression factors of more than 10 to be
achieved without noticeable picture quality degradation, depend-
ing on the picture content. We will only examine the case of lossy
JPEG compression, as the coding of I (intra) pictures of MPEG
uses the same process; lossless JPEG compression uses a different
predictive coding which is not based on DCT, so we will not discuss
it here.

Lossy JPEG compression can be described in six main steps:

—

. Decomposition of the picture into blocks — the picture, generally
in ¥, Cp, C, format, i divided into elementary blocks of 8 x 8
pixels (Fig. 3.2), which represents for a 4:2:2 CCIR-601 picture
a total number of 6480 luminance (Y) blocks and 3240 blocks
for each C, and C}, component. Each block is made up of 64
numbers ranging from 0 to 255 (when digitized on 8 bits) for
luminance, and —128 to 4127 for chrominance C; and C,.
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2. Discrete cosine transform — as explained previously, the DCT
applied to each Y, Cy, C; block generates for each one a new
8 x 8 matrix made up of the coefficients of increasing spatial
frequency as one moves away from the origin (upper left corner)
which contains the DC component representing the average
luminance or chrominance of the block. The value of these
coefficients decreases quickly when going away from the origin
of the matrix, and the final values are generally a series of small
numbers or even zeros. So, if the block is of uniform luminance
or chrominance, only the DC coefficient will not be zero, and
only this coefficient will have to be transmitted.

3. Thresholding and quantization — this step takes into account the
specificities of human vision, particularly the fact that the eye
does not distinguish fine details below a certain luminance level.
It consists of zeroing the coefficients below a predetermined
threshold, and quantizing the remaining ones with decreasing
accuracy as the frequency increases. Contrary to the 63 other
(AC) coefficients, the DC coefficient is DPCM coded (differ-
ential pulse code modulation) relative to the DC coefficient of
the previous block, which allows a more accurate coding with a
given number of bits. This allows the visibility of the blocks on
the reconstructed picture to be reduced, as the eye, although not
very sensitive to fine details, is nevertheless very sensitive to
small luminance differences on uniform zones.

4. Zig-zag scan — except for the DC coefficient, which is treated
separately, the 63 AC coefficients are read using a zig-zag scan
(Fig. 3.6) in order to transform the matrix into a flow of data
best suited for the next coding steps (RLC/VLC).

5. Run length coding — in order to make the best possible use of the
long series of zeros produced by the quantization and the zig-
zag scan, the number of occurrences of zero is coded, followed
by the next non-zero value, which reduces the amount of
information to transmit.

6. Variable length coding ( Huffmann coding) — this last step uses a
conversion table in order to encode the most frequently
occurring values with a short length, and the less frequent
values with a longer one. These last two steps (RLC and VLC)
alone ensure a compression factor of between 2 and 3.

When the compression/decompression time is not of prime
importance, which is often the case for fixed pictures, all the
above-described steps can be done entirely using software. There

! .
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Fig. 3.7 Principle of JPEG decoding

are, however, a number of specialized processors Which can speed
up this process very much. The simplified p_rmqple of a JPEG
decoder can be seen in the block diagram in Fig. 3.7.

3.4 Compression of moving pictures (MPEG)

In 1990, the need to store and reproduce moving pictures and the
associated sound in digital format for multimedia applications on
various platforms led the ISO to form an expert group along the
same lines as JPEG, with members coming from the numerous
branches involved (computer industry, telecoms, consumer
electronics, semiconductors, broadcasters, universities, etc.); this
group was called MPEG (Motion Pictures Experts Group).

The first outcome of its work was the International Standard
ISO/IEC 11172, widely known as MPEG-1. The main goal was to
allow the storage on CD-ROM or CD-I (single speed at that time)
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of live video and stereo sound, which implied a maximum bit-rate of
1.5 Mb/s. In addition to the intrinsic spatial redundancy exploited by
JPEG for fixed pictures, coding of moving pictures allows exploit-
ation of the very important temporal redundancy between successive
pictures which make up a video sequence.

Given the very high compression rate objective for these
applications (more than 100 compared to the original 4:2:2/
CCIR 601 picture), the difficulty of the task is reduced from
the beginning of the process by sacrificing the resolution. The
format chosen for the pictures to be encoded is the SIF format
(described in Section 2.2.2 — uninterlaced pictures, 360 x 288 @
25 Hz or 360 x 240 @ 30 Hz depending on the original video
standard), which corresponds roughly to the resolution of a
consumer video recorder.

The sound compression algorithm used for the accompanying
audio channels is known as MUSICAM, also used in the European
digital radio system (DAB, Digital Audio Broadcasting). We will
examine the principles of audio compression in Section 3.5.

The MPEG-1 standard consists of three distinct parts, published
in November 1992:

e MPEG-1 system (ISO/IEC 11172-1): defines the MPEG-1
multiplex structure (cf. Chapter 4);

o MPEG-1 video (ISO/IEC 13818-2). defines MPEG-2 video
coding;

¢ MPEG-1 audio (ISO/IEC 13818-3): defines MPEG-2 audio
coding.

However, the picture quality of MPEG-1 was not suitable for
broadcast applications, since, among other things, it did not take
into account the coding of interlaced pictures or evolution towards
HDTV. The MPEG group thus worked on the definition of a
flexible standard optimized for broadcasting. This international
standard is known as MPEG-2.

As its predecessor, MPEG-2 is specified in three distinct parts,
published in November 1994:

o MPEG-2 system (ISO/IEC 13818-1): defines the MPEG-2
streams (cf. Chapter 4);

o MPEG-2 video (ISO/IEC 13818-2): defines MPEG-2 video
coding;

e MPEG-2 audio (ISO/IEC 13818-3): defines MPEG-2 audio
coding.
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MPEG-2 is, among other things, the source coding standard used
by the Furopean DVB (Digital Video Broadcasting) TV broad-
casting system, which is the result of the work started in 1991 by the
ELG (European Launching Group), later to become the DVB
committee.

3.4.1 Principles behind the video coding of MPEG-1 (multimedia
applications) :

As indicated previously, the main objective for MPEG-1 was to
reach a medium quality video with a constant total bit-rate of
1.5 Mby/s for storing video and audio on CD-ROM. The video
part uses 1.15 Mb/s, the remaining 350 kb/s being used by
audio and additional data required by the system and other
information. However, the MPEG-1 specification is very flex-
ible and allows different parameters to be chosen depending on
the compromise between encoder complexity, compression rate
and quality.

The video coding uses the same principles as lossy JPEG, to
which new techniques are added to form the MPEG-1 ‘toolbox’;
these techniques exploit the strong correlation between successive
pictures in order to considerably reduce the amount of informa-
tion required to transmit or store them. These techniques, known
as ‘prediction with movement compensation’, consist of deducing
most of the pictures of a sequence from preceding and even
subsequent pictures, with a minimum of additional information
representing the differences between pictures. This requires the
presence in the MPEG encoder of a movement estimator, which is
the most complex function and greatly determines the encoder’s
performance; fortunately, this function is not required in the
decoder.

As we are talking about moving pictures, decoding has to be
accomplished in real time (this means an acceptable and constant
processing delay); this implies, for the time being at least, some
specialized hardware. The coding, which is much more complex,
can be done in more than one ‘pass’ for applications where real
time is not required but where quality is of prime importance
(engraving of disks for instance); real time (which does not mean
null processing time) will, however, be required for many applica-
tions, such as ‘live’ video transmissions.

The practical realization of the encoder is therefore a trade-off
between speed, compression rate, complexity and picture quality.
In addition, synchronization time and random access time to a
sequence have to be maintained within an acceptable limit (not
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Interpolation Interpolation

Fig. 3.8 Concatenation of the three types of pictures in MPEG

exceeding 0.5s), which restricts the maximum number of pictures
that can be dependent on the first picture to between 10 and 12 for
a system operating at 25 pictures/s.

The different types of MPEG pictures

MPEG defines three types of pictures (Note 3.1) which are
arranged as shown in Fig. 3.8.

o I (intra) pictures are coded without reference to other pictures, in
a very similar manner to JPEG, which means that they contain
all the information necessary for their reconstruction by the
decoder; for this reason, they are the essential entry point for
access to a video sequence. The compression rate of I pictures is
relatively low, and is comparable to a JPEG coded picture of a
similar resolution.

P (predicted) pictures are coded from the preceding I or P
picture, using the techniques of motion compensated prediction.
P pictures can be used as the basis for next predicted pictures,
but since motion compensation is not perfect, it is not possible to
| extend very much the number of P pictures between two I
pictures. The compression rate of P pictures is significantly
higher than for I pictures.

B (I;idirgctional or bidirectionally predicted) pictures are coded by
bidirectional interpolation between the I or P picture which
precedes and follows them. As they are not used for coding
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N=12
Group of pictures (GOP)

Fig. 3.9 Example of an MPEG group of pictures for N=3 and M =12

subsequent pictures, B pictures do not propagate coding errors.
B pictures offer the highest compression rate.

Depending on the complexity of the encoder used, it is possible
to encode I only, I and P, or I, P and B pictures, with very different
results with regard to compression rate and random access resolu-
tion, and also with regard to encoding time and perceived quality.

Two parameters, M and N, describe the succession of I, P and B
pictures (Fig. 3.9):

e M is the distance (in number of pictures) between two successive
P pictures;

e N is the distance between two successive I pictures, defining a
‘group of pictures’ (GOP).

The parameters generally used are M =3 and N =12, in order to
obtain a satisfactory video quality with an acceptable random
access time (< 0.5 s) within a bit-rate of 1.15 Mb/s. With these
parameters, a video sequence is made up as follows: 1/12 of its
pictures are I pictures (8.33%), 1/4 are P pictures (25%) and 2/3 are
B pictures (66%); the global compression rate is maximized by the
fact that the most frequent pictures have the highest compression
rate.

Re-ordering of the pictures

1t is obvious that the sequence of the pictures after decoding has to
be in the same order as the original sequence before encoding. With
the above parameters (M = 3, N = 12), the correspondence between
the original picture number and its coded type is as follows:

1(D) 2(B) 3(B) 4(P) 5(B) 65};)0;@) 8(B) 9(B) 10(P) 11(B) 12(B)

26

r

——

Compression of moving pictures (MPEG) 39

However, in order to encode or decode a B (bidirectional) pic-
ture, both the encoder and the decoder will need the I or P preced-
ing picture and the I or P subsequent picture. This requires
re-ordering of the original picture sequence such that the decoder
and the encoder have at their disposal the required I and/or P
pictures before the B pictures are processed. The re-ordering thus
gives the following sequence:

1(1) 4(P) 2(B) 3(B) 7(P) 5(113) 6(B) 10(P) §(B) 9(B) 13(1) 11(B)
2B)...

The increase in compression rate permitted by the B pictures has to
be paid for by an increase in encoding delay (two extra picture
durations) and in the memory size required for both encoding and
decoding (one extra picture to store).

Decomposition of an MPEG video sequence in layers

MPEG defines a hierarchy of layers within a video sequence, as
illustrated in Fig. 3.10. Each of these layers has specific function(s)
in the MPEG process. Starting from the top level, the successive
layers are:

e Sequence — this is the highest layer which defines the context
valid for the whole sequence (basic video parameters, etc.).

e Group of pictures (GOP) — this is the layer determining the
random access to the sequence, which always starts with an I
picture. In the above example (M =3, N =12), the GOP is made
up of 12 pictures.
Time
Sequence el DN
Group of pictures

mhllilll

Block

'--lliI

Picture

Macroblock

(8x8 pixels)

(4 blocks)

Fig. 3.10 Hierarchy of the MPEG video layers
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o Picture — this is the elementary display unit, which can be of one
of the three types (I, P or B).

o Slice — this is the layer for intra frame addressing and
(re)synchronization, for instance for error recovery. Itis deﬁped
as a suite of contiguous macroblocks. The ensemble of the slices
covers the whole picture without any overlap between different
slices. The size of a slice can theoretically range from one
macroblock to the whole picture, but it is often a complete row
of macroblocks.

o Macroblock — this is the layer used for movement estimatior},‘
compensation. A macroblock has a size of 16 x 16 pixels and is
made up of four blocks of luminance and two blocks of
chrominance (one C; and one Cj,) covering the same area (Fig.
3.11).

o Block — as in JPEG, a picture is divided into blocks of 8 x 8
pixels. The block is the layer where the DCT takes place.

One macroblock = 16x16 Y samples (4 blocks)
+ 8x8 Cy, samples (1 block)
+8x8 C, samples (1 block)
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Fig. 3.11 Composition of a 4:2:0 macroblock (0 = Y samples, * = Cp and C, samples)
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Owing to the division of the picture into an integer number of
macroblocks, the horizontal resolution of MPEG-1/SIF is reduced
to 352 pixels for luminance (22 macroblocks) from the 360 pixels of
the original SIF picture, since 360 is not a multiple of 16. The
effective resolution is then 352 x 288 @ 25 Hz (22 x 18 = 396
macroblocks) for pictures originating from 625-line systems, and
352 x 240 @ 30 Hz (22 x 15 = 330 macroblocks) for pictures ori-
ginating from 525-line systems.

Prediction, motion estimation and compensation

We have indicated before that P and B pictures were ‘predicted’
from preceding and/or subsequent pictures. We will now see how.

In a sequence of moving pictures, moving objects lead to differ-
ences between corresponding zones of consecutive pictures, so that
there is no obvious correlation between these two zones. Motion
estimation consists of defining a motion vector which ensures the
correlation between an ‘arrival’ zone on the second picture and a
‘departure’ zone on the first picture, using a technique known as
block matching. This is done at the macroblock level (16 x 16
pixels) by moving a macroblock of the current picture within a
small search window from the previous picture, and comparing it
to all possible macroblocks of the window in order to find the one
that is most similar. The difference in position of the two matching
macroblocks gives a motion vector (Fig. 3.12) which will be applied
to all three components of the macroblock (Y, Cy, Cp).

Motion
vector

Interpolation

Fig. 3.12 Simplified illustration of motion compensation
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In comparing a P picture and an I picture, or two P pictures, due
to the temporal distance between these pictures (three pictures in the
case of M =3, N=12), block matching will generally not be perfect
and motion vectors can be of relatively high amplitude. That is why
the difference (or prediction error) between the actual block to be
encoded and the matching block is calculated, and encoded in a
similar way to the blocks of the I pictures (DCT, quantization, RLC/
VLC). This process is called motion compensation.

For B pictures, motion vectors are calculated by temporal
interpolation of the vectors of the next P picture in three different
ways (forward, backward and bidirectional); the result giving the
smallest prediction error is retained, and the error is encoded in the
same way as for P pictures. Only the macroblocks differing from
the picture(s) used for prediction will need to be encoded, which
substantially reduces the amount of information required for cod-
ing B and P pictures. As the size of the moving objects is generally
bigger than a macroblock, there is a strong correlation between the
motion vectors of consecutive blocks, and a differential coding
method (DPCM) is used to encode the vectors, thus reducing the
number of bits required. When the ‘prediction’ does not give a
usable result (for instance in the case of a moving camera where
completely new zones appear in the picture), the corresponding
parts of the picture are ‘intra’ coded, in the same way as for I
pictures.

Output bit-rate control

The bitstream generated by the video (or audio) encoder is called
the elementary stream (ES). In order to fulfil the constraints of the
channel (transmission or recording/playback) and of the specified
input buffer for the reference MPEG decoder, the bit-rate of this
elementary stream must generally be kept constant (Note 3.2). This
is not guaranteed by the coding process described above, taking
into account the very differing amounts of detail and movement in
the pictures to be encoded.

In order to control the bit-rate at the output of the encoder, the
encoder output is equipped with a FIFO buffer; the amount of
information held in this buffer is monitored and maintained within
predetermined limits by means of a feedback loop modifying the
quantization parameters, which have a major influence on the bit-
rate of the encoded bitstream. In this way, it is possible to obtain a
constant bit-rate, with a resolution that depends on the picture
content and amount of movement in the picture (the more move-
ment, the lower the resolution). A very schematic block diagram of
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Fig. 3.14 Schematic diagram of the MPEG decoder

an MPEG encoder, which gives only a poor idea of its real com-
plexity, is shown in Fig. 3.13.

) The decoder (Fig. 3.14) does not have to perform motion estima-
tion and so is much simpler, which was one of the main objectives
of the standard, as there will be many more decoders than enco-
ders, the application of MPEG being mostly ‘asymmetric’.

3.4.2 Video coding of MPEG-2 (broadcast applications)

MPEG-2 can be described as a ‘compression toolbox’. It is more
c_ompl@:x than MPEG-1, to which it can be considered a superset,
since it uses all the MPEG-1 tools and adds some new ones.
MPEG-2 is also upwards compatible with MPEG-1, which means
that an MPEG-2 decoder can decode all MPEG-1 compliant
elementary streams.
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MPEG-2 Levels and Profiles

The MPEG-2 standard has four levels which define the resoluti'on
of the picture, ranging from SIF to HDTV, and five profiles whlch
determine the set of compression tools used, and hence there is a
compromise between compression rate and the cost of the decoder.
Certain combinations of levels and profiles of little interest are not
used. Figure 3.15 illustrates the main characteristics of the different
levels and profiles of MPEG-2.
The four levels can be described as follows:

o the low level corresponds to the SIF resolution used in MPEG-1
(up to 360 x 288);

o the main level corresponds to standard 4:2:0 resolution (up to
720 x 576);

o the high-1440 level is aimed at HDTV (resolution up to
1440 x 1152);

o the high level is optimized for wide screen HDTV (resolution up
to 1920 x 1152).

L Maimum no
MmN

P saive-ue xvw

Notes :

1~ 100 Mbit/s at high profile.

2 80 Mbivs at high profile.

3 - 20 Mbit/s at high profile.

4 - Profileflevel combinations not shown are not defined as conformance points.

5— A maximum of one SNR enhancement layer (in addition to the base layer) is
allowad in SNA Scalable, Spatially Sealable and High Profiles.

&~ A maximum of one spatially scalable enhancement layer (in addilion to the base
layer and SNR enhancement fayer) is allowed in Spatially Sealable and High Profiles.

Fig. 3.15 MPEG-2 levels and profiles (source: Going ahead with Digital Television; ©ODVB
Project Office 1995)
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In the case of profiles, it is a little more complicated:

The simple profile is defined in order to simplify the encoder and
the decoder, at the expense of a higher bit-rate, as it does not use
bidirectional prediction (B pictures).

The main profile is today the best compromise between
compression rate and cost, as it uses all three image types (I,
P, B) but leads to a more complex encoder and decoder.

The scalable profiles (hierarchy coding) are intended for future
use. They will allow transmission of a basic quality picture (base
layer) in terms of spatial resolution (spatially scalable profile) or
quantization accuracy (SNR scalable profile), and of
supplementary information (enhanced layer) allowing the picture
characteristics to be enhanced. This could be used, for instance,
to transmit in a compatible way the same programme in basic
resolution on standard decoders and in higher resolution on
special HD decoders, or alternatively to allow a basic quality
reception in the case of difficult receiving conditions and
enhanced quality in good receiving conditions (terrestrial TV).

o The high profile is intended for HDTV broadcast applications in
4:2:0 or 4:2:2 format.

There is an ascending compatibility between profiles, and a
decoder of a given profile will be able to decode all lower profiles
(left part of Fig. 3.15).

The most important combination in the short term, as it is the
one retained for consumer broadcast applications in Europe, is
known as main profile at main level (MP@ML). It corresponds to
MPEG-2 encoding of interlaced pictures in 4:2:0 format with a
resolution of 720 x 480 @ 30 Hz or 720 x 576 @ 25 Hz, with a
toolbox including coding of I, P and B pictures. Depending on the
compromise struck between bit-rate and picture quality and the
nature of the pictures to be transmitted, the bit-rate will generally
be between 4 Mb/s (giving a quality similar to PAL or SECAM)
and 9 Mb/s (near CCIR-601 studio quality).

Apart from the resolution of the original picture and the process-
ing of interlaced pictures, which we will discuss later, the complete
process described in Section 3.4.1 for MPEG-1 is valid for MPEG-
2 (MP@ML) encoding and decoding, and in particular the layer
hierarchy (from block to sequence) shown in Fig. 3.10. There is a
small difference, however, in the definition of the slices, as they do
not necessarily cover the whole picture and are only made up of
contiguous blocks of the same horizontal row (Fig. 3.16).
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Fig. 3.16 The MPEG-2 slices in the most general case

If we exclude the levels and profiles, the main new feature of
MPEG-2 compared to MPEG-1 is the processing of interlaced
pictures, which introduces some complexity and certain specific
modes. For best results, interlaced pictures will have to be
processed in different ways depending on the importance of
movements between the two fields of a picture: the extreme cases
are, on the one hand, pictures originating from cinema films, where
the two fields come from the same cinema picture (at least in 50 Hz
systems), and on the other, TV pictures from sporting events where
differences due to motion between the two fields of a picture can be
important.

MPEG-2 specific prediction modes (interlaced pictures)

The temporal sequence of the vertical position of the lines belong-
ing to successive fields in an interlaced system is shown in Fig. 3.17.

For the intra coding of interlaced pictures, MPEG-2 permits one
to choose between two image structures, a frame and a field:

o The frame structure (also called progressive) is best suited for
cases where there is little movement between two successive fields.
Macroblocks and blocks are then cut out of the complete frame
(Fig. 3.18), and so the DCT is applied to consecutive vertical
points separated from each other by a period of 20 ms (duration
of a field in 50 Hz systems), which is no problem for the parts of
the picture with little movement. In this mode, however, it is
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Fig. 3.17 Position of lines of successive fields in an interlaced system
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Fig. 3.18 Cutting blocks out of macroblocks (frame mode)

po;sible to code the most animated blocks in the inter-field mode,
which means positioning the blocks in one field only.

The ﬁeld.structure (also called interlaced) is preferable when
there are important movements between successive fields; in this
case, in order to avoid an important high vertical frequency
content which would reduce the efficiency of the compression
steps following the DCT, macroblocks are cut out of one field
(Fig. 3.19), which is then considered as an independent picture.

In the case of motion estimation, different modés are also
possible; a macroblock can be predicted in frame, field or
mixed modes:
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Fig. 3.19 Cutting blocks out of macroblocks (field mode)

e In the flrame mode, a macroblock taken from an odd field is used
to predict a corresponding macroblock in the next odd field, and
th!: same holds for even fields. The motion vectors correspond in
this case to the duration of two fields (40 ms).

e In the ﬁeld.mode, the prediction of a macroblock is made using
the p_recedlng field, and motion vectors correspond to the
duration of one field (20 ms).

e In thc‘ mixed mode, prediction is made from macroblocks
belonging to two frames.

The diagrams of the MPEG encoder and decoder of Figs 3.13 and

3.1f1 also apply to MPEG-2, given the very limited level of detail
which they show.

3.5 Compression of audio signals

A total of 14 proposals were on the table at the beeinni

: : E ginning of the
MPEG audio works, of which only two (MUSICAM for%ayers I
and II, and ASPEC for layer I11) have been used as a basis for the
final MPEG audio specification.

3.5.1 Principles of MPEG audio

Here again, the limitations of the human ear will be exploited in
oriijqr to rclduc.clthe amount of information required to encode
audio signals without deteriorating in i i
of the sound to be reproduced. ATy
F or a long tlinlm, it has been known that the human ear has a
maximum senm.tllvily for audio frequencies ranging from 1 to 5
kHz. The sensitivity curve, which represents the audibility or
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Fig. 3.20 Sensitivity of the ear as a function of frequency (signal A is audible)

perception threshold as a function of frequency in the absence of
any ‘disturbing’ signal, is shown in Fig. 3.20, where it can be seen
that signal A is audible, since it exceeds the audibility threshold.

More recently, however, it has been suggested that this curve is
modified in the presence of multiple signals; for instance, in the case
of two signals of relatively near frequencies, the strongest signal has
the effect of increasing the perception threshold in the vicinity of its
frequency, which makes the ear less sensitive in this frequency
region. This effect is illustrated in Fig. 3.21, where it can be seen
that signal A, previously audible, is now ‘masked’ by signal B which
is more powerful than A. This effect is known as frequency masking.

There is also another effect called temporal masking: a sound of
strong amplitude also masks sounds immediately preceding it or
following it in time, as illustrated in Fig. 3.22.

In order to quantify these effects as precisely as possible, a lot
of experiments have been conducted which have led to the defin-
ition of a psycho-acoustical model of human hearing. This model
was used as the basis for the conception of a perceptual encoder,
characterized by a masking curve and a quantization of signals that
vary as a function of the signals to be encoded.

The principle of the coding process consists of first dividing the
audio frequency band into 32 sub-bands of equal width by means
of a polyphase filter bank. The output signal from a sub-band filter
corresponding to a duration of 32 PCM samples is called a sub-
band sample. The principle of perceptual coding is illustrated in
Fig. 3.23.
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Fig. 3.21 Frequency masking effect (signal A is masked by signal B)
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Fig. 3.22 Temporal masking effect

The psycho-acoustical model allows elimination of all sub-band
signals below their perception threshold, as they would not be
heard by the listener, and defines the required quantization
accuracy for each sub-band in order that the quantization noise
stays below the audibility threshold for this sub-band. In this way,
frequency regions where the ear is more sensitive can be quanti-
fied with more accuracy than other regions. Simplified diagrams
of the MPEG audio encoder and decoder are shown in Figs 3.24
and 3.25, respectively.

Analysis of the signal to determine the masking curve and
quantization accuracy is not carried out for each PCM sample,
being carried out instead in a time interval called a frame, which
corresponds to the duration of 12 x 32 PCM samples (MPEG-1
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Fig. 3.25 Principle behind the MPEG audio decoder

layer 1) or 12 x 96 PCM samples (MPEG-1 layer 2). In this
interval, the encoder has to evaluate the maximum amplitude of
the signal in order to define a scaling factor, which is coded on 6
bits, covering a dynamic range of 128 dB in 64 steps of 2 dB. All
information necessary for sound decoding is supplied at the frame
level, which is the smallest unit for random access to the sequence
(comparable to the group of pictures for video).

3.5.2 The MPEG audio layers

The MPEG audio standard defines three coding layers which offer
very different compression rates for a given perceived audio quality.

e Layer I or ‘pre-MUSICAM’ - this uses the PASC algorithm
(precision adaptive sub-band coding) developed by Philips for its
DCC digital audio cassette. It uses one fixed bit-rate chosen
among 14 possibles ranging from 32 to 448 kb/s; subjective hi-fi
quality requires 192 kb/s per audio channel, and therefore 384
kb/s in stereo. The main advantage of layer I is the relative
simplicity of the encoder and decoder.

The psycho-acoustical model used is known as model 1.
Quantization accuracy of the sub-band coefficients is defined for
the whole duration of the frame by a 4-bit number which allows
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a coding from 0 to 15 bits for each sub-band, and the 6-bit
scaling factor is also defined for the whole frame.

Layer II — this is the main mode used in the DVB system and
uses the algorithm known as MUSICAM which was developed
for the European digital radio (DAB, digital audio broad-
casting). For an equivalent audio quality, layer II requires a
30-50% smaller bit-rate than layer I, at the expense of a
moderate increase in complexity for the encoder and the
decoder. The bit-rate is fixed and chosen from 32 to 192 kb/s
per channel, the hi-fi quality being obtained from 128 kb/s per
channel (256 kb/s in stereo).

The psycho-acoustical model used is the same as for layer I
(model 1), but the frame duration is three times longer. In order
to reduce the bit-rate, the quantization accuracy of the sub-band
coefficients decreases with the frequency (quantization defined
on 4 bits for low bands, 3 bits for medium bands and 2 bits for
high bands) instead of the fixed format used in layer I. In
addition, two or three consecutive sub-band samples can be
grouped and coded with the same coefficient.

Layer III — this is the now famous MP3 format, which is a
development using a different psycho-acoustical model (model
2), a Huffmann coding and a DCT based signal analysis instead
of the sub-band coding used in layers I and II. For a given
quality, the compression rate achievable with layer IIT is
approximately twice as high as with layer II, but the encoder
and decoder are substantially more complex and the encoding/
decoding time is much longer. Hi-fi quality requires only 64 kb/s
per channel (128 kb/s for stereo).

Layer III is mainly intended for unidirectional applications on
low bit-rate media (ISDN for instance), and its use is not foreseen
for consumer digital TV broadcasting, so we will not discuss it
further.

As is the case for MPEG-2 video levels and profiles, MPEG
audio layers are upwards compatible, which means that a layer 111
decoder will be able to decode also layers I and II, and a layer II
decoder will also decode layer 1.

The DVB digital TV standard allows the use of layers I and II
of MPEG-1 audio (Note 3.3). Four main audio modes are
possible:

stereo — in this mode, the left and right channels are coded
completely independently;
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e joint_stereo — exploits the redundancy between left and right
channels in order to reduce the audio bit-rate (two codings are
possible: intensity_stereo or MS_stereo, see Note 3.4);

e dual_channel — two independent channels carrying uncorrelated
sounds (e.g. bilingual);

e mono — only one audio channel.

3.5.3 Format of the MPEG audio frame

The audio frame is the elementary access unit to an MPEG audio
sequence. It is made up of four main parts:

e a header of 32 bits;

parity (CRC) over 16 bits;

e audio data of variable length;

o ancillary data (AD) of variable length.
Format of the layer I frame (see Fig. 3.26)

The MPEG audio layer I frame represents 384 PCM samples of the
audio signal, and contains 12 successive sub-band samples. As
the number of samples is independent of the sampling frequency, the
frame duration is inversely proportional to the sampling frequency.
This duration is 12 ms at 32 kHz, 8.7 ms at 44.1 kHz and 8 ms at 48 kHz.

Header CRC AUDIO data AD
System Parity Allocation | Scaling |Sub-band samples (SBS) | Ancillary
32 bits 16 bits bits/SBS factors  |(12x32 sub-band samples)| data

«The header carries the synchronization and system information (see Table 3.1). -

*The use of the parity {CAC) is optional.
*The 'bit allocation per SBS’ field contains 32 integers coded on 4 bits, each of them
defining the resolution for coding the samples of one of the 32 sub-bands.

*The ‘scaling factors' field contains 32 integers coded on 6 bits, each of them giving
the multiplication factor of the of one sub-band.

Fig. 3.26 Simplified representation of the MPEG audio layer I frame
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Format of the Layer II Frame (see Fig. 3.27)

In this case, the frame is made up of 12 granules, each representing 96
(3 x 32) PCM audio samples, and so there are 1152 samples in total.
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Header | CRC AUDIO data AD

- les (SBS; .
System | Parity |Allocation|Selection| Scaling Suzhﬁzzdpzi?;ﬁ:f)f(m ) Ancillary
32 bits | 16 bits |bits/SBS | SCFSI | factors sub-band samples each) data

«The header carries the synchronization and system information (see Table 3.1).
*The use of the parity (CRC}) is optional.
+The ‘bit aliocation per SBS’ field contains 32 integers coded on 2—4 bits depending

on the sub-band, each of them defining the resolution for coding the samples of one of
the 32 sub-bands and whether or not these sub-band samples are grouped in threes.

«The SCFSI (scale factor selection information) field indicates whether the scale factor
is valid for the whole frame duration or whether there are two or three different scale

factors.

« The *scaling factors’ field contains 32 integers coded on 6 bits, each of them giving
the multiplication factor of the samples of one sub-band for the portion of the frame

defined by the SCFSI.

Fig. 3.27 Simplified representation of the MPEG audio layer II frame

Table 3.1 The fields of the MPEG audio frame header (all layers)

Field Comment No. of bits
Syncword 1111 1111 1111 (FFF hex) 12
ID Always ‘1’ for MPEG-1 audio 1
Layer 11=1, 10=1I, 01 =1II, 00 =reserved 2
Protection_bit 0 if redundancy is added, 1 otherwise 1
Bit-rate_index 15 values (0000 = user defined, 4
1111 = forbidden)
Sampling_frequency ~ 00=44.1 kHz, 01 =48, 10=32, 2
11 =reserved
Padding_bit 1 =padding (necessary at F; = 44.1 kHz) 1
Private_bit Not specified 1
Mode 00 =stereo, 01 =joint, 10=dual, 2
11 =mono
Mode_extension Sub-band range in intensity_stereo mode 2
Copyright 1 =copyright, 0=free 1
Original/copy 1 = original, 0 = copy 1
Emphasis 00 =none, 01 =50/75 ps, 2

10 =reserved, 11=1J17
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The duration is thus three times the duration of the layer I frame, i.c.
36 ms at 32 kHz, 26.1 ms at 44.1 kHz, 24 ms at 48 kHz. The audio
part of the layer IT frame differs from that of layer I, and its bit
allocation is more complex due to the numerous coding options.

Note 3.1

A fourth type of image (D type) is foreseen by MPEG-1, which is
very rough and simple to decode as it only uses the DC coefficient
for coding. D pictures are mainly intended for browsing quickly
inside a video sequence (e.g. for a picture search).

Note 3.2

In case of TV broadcasting, many programmes are transmitted
in one channel (see next chapter “source multiplexing™). In this
case, constant bitrate coding (CBR) is replaced advantageously
by a variable bitrate coding (VBR) in which the instantaneous
bitrate allocated to a programme can vary according to the
needs (movements in the image).

The instantancous bitrate allocation to each of the pro-
grammes of the multiplex must of course take into account the
bitrate needs of the other programmes at the same moment.

Since the probability that all programmes require simulta-
neously a maximum bitrate is low, this allows most of the time
to allocate a higher bitrate to a programme during phases of
important movements in the scene without quality alteration of
the other programmes.

This type of coding is known as statistical multiplexing.

Note 3.3

The MPEG-2 audio standard includes all the features of
MPEG-1, but adds some new extensions such as an MPEG-1
compatible multichannel sound mode (5 channel surround
sound for instance), which is also foreseen in the DVB
specifications). This compatibility is ensured by transmitting
two main left and right channels compatible with the MPEG-1
standard and adding supplementary information in the
‘ancillary_data’ field which indicates in which extension
packets (with different PID) the multichannel information can
be found. These extension data are simply ignored by a stand-
ard MPEG-1 decoder and processed only by an appropriate
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extension in the MPEG-2 decoder. The principle of compatible
‘surround’ encoding and decoding is illustrated in Fig. 3.28.

The MPEG-2 standard includes also the possibility of using
sampling frequencies of half the standard values (16 kHz/
22.05 kHz/24 kHz), which divide the required bit-rate by a
factor of 2, but which also reduce the audio bandwidth in the
same ratio.

Note 3.4

With layers 1 and II, only the ‘intensity_stereo’ mode of
joint_stereo is allowed; layer III allows intensity_stereo and
MS_stereo, and even a combination of both.

Ceit] C MPEG-1

audio
data

MPEG-1

Centre C— encoder

Right R—

MPEG-2

Left surround LS —— extension

i encoder MPEG-2
Right surround RS — auxiliary
data
Coder
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MPEG-2
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RS «—

Fig. 3.28 Principle of MPEG-2 (MPEG-1 compatible) ‘surround” encoding/decoding




4 Source multiplexing

4.1 Organization of the MPEG-1 multiplex:
system layer

Audio and video encoders deliver as their output elementary
streams (ES) which are the constituents of the so-called compres-
sion layer. Each elementary stream carries access units (AU) which
are the coded representations of presentation units (PU), i.e.
decoded pictures or audio frames depending on the nature of the
elementary stream.

These bitstreams, as well as other streams carrying other private
data, have to be combined in an organized manner and supplemen-
ted with additional information to allow their separation by the
decoder, synchronization of picture and sound, and selection by
the user of the particular components of interest. Part I (system) of
ISO/IEC 11172 International Standard (MPEG-1) defines the rules
governing the constitution of a system layer grouping video, audio
and private data elementary streams into a single bitstream, as well
as the constraints on the elementary streams necessary to allow
their combination (optional padding streams are also foreseen, for
instance, to obtain a constant rate).

The main basic functions of the system layer which surrounds (or
‘packetizes’) the compression layer are as follows:

e packetization and combination of multiple streams into one
single bitstream;

o addition of time stamps on elementary streams for synchroniza-
tion at playback;
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o initialization and management of the buffers required to decode
the elementary streams.

A complete MPEG-1 system encoding device therefore has to effect
video and audio encoding, the multiplexing of these data, private data
and the necessary information to synchronize the audio and video
parts of the decoder, and to indicate the necessary resources required
for decoding the MPEG-1 bitstream (such as the size of the buffers
required for decoding individual elementary streams with a theoretical
reference decoder known as system target decoder — STD).

Each elementary stream is cut into packets to form a packetized
elementary stream (PES); a packet starts with a packet header
followed by the elementary stream’s data. Table 4.1 details the
different fields of an MPEG-1 packet.

The packet header starts with a start code on 32 bits, the last
eight of which indicate the type (audio, video, private) and the
identification number of the elementary stream from which it
comes. The header indicates then the packet length (in bytes, on
16 bits; hence a maximum length of 64 kbytes) and the buffer size
required by the STD for decoding. It may also contain optional
time stamps: a decoding time stamp (DTS) indicating the decoding
time of the first access unit (AU) of the packet, and/or a
presentation time stamp (PTS), indicating the time at which the
corresponding presentation unit (PU) should be presented
(displayed or made audible, depending on its nature). These

Table 4.1 Structure of the MPEG-1 packet

Field Definition (comment) No. of bits
Start_code_prefix Start code (00 00 01 hex) 24
Stream_id PES type (4 MSB) and number (4 LSB) 8
Packet_length Length of the packet (number of bytes to 16
follow these two)
Stuffing_bytes Optional stuffing (value FF hex) 0to 16 x8
Bits ‘01 Beginning of STD_buffer field 2
STD_buffer_scale Buffer size unit (0 = 128 bytes, 1
1 = 1024 bytes)
STD_buffer_size  Buffer size (in multiples of 128 or 1024 13
bytes)
PTS (optional) Presentation time stamp (4 code bits 40
+ 33 bits + 3 marker bits)
DTS (optional) Decoding time stamp (same structure as PTS) 40
Packet_data_byte Data (N =packet_length less the six Nx8

following fields)
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time stamps are used for audio and video synchronization and are
sent frequently (the standard specifies a maximum interval of 0.7 s
between consecutive stamps of a PES). Time stamps are coded on
33 bits, which represent an absolute time expressed in periods of a
90 kHz reference clock (see also SCR and STC below).

A packet can carry a variable number of data bytes (within the
16-bit length limit), depending on the characteristics of the trans-
mission or digital storage medium (DSM) for which it is destined.
The standard also foresees the possibility of adding stuffing bytes
to the packet (up to 16 bytes per packet), for instance to align on
the physical sectors of a storage medium.

Packets are grouped in packs, the header of which contains
timing and bit-rate information by means of the system clock
reference (SCR) and mux_rate fields. The SCR field is used in the
decoder to synchronize a 90 kHz system time clock (STC) common
to all elementary streams, and which is used as a time base and
measuring unit for the DTS and PTS time stamps sent in the
packets. The pack header, which is detailed in Table 4.2, starts
with a start code on 32 bits.

The first pack of an MPEG-1 system stream always starts with
a pack header. The system header, detailed in Table 4.3, starts
with a start code on 32 bits. It is a special packet which delivers
all the system parameters used during this stream (maximum
bit-rate, identification of audio, video private data, minimum
size of the input buffers, etc.). The system header can optionally
be repeated at any new pack in the MPEG-1 stream in order to
ease the access to a random point in the sequence.

Table 4.2 Structure of the MPEG-1 pack header

Field Definition (comment) No. of bits
Pack_start_code Start code (00 00 01 BA hex) 32
Bits ‘0010 Beginning of SCR field 4
SCR[32... 30] System clock reference (4 MSB) 3
Marker_bit Always 1 1
SCR[29 ... 15] System clock reference (15 intermediate 15
bits
Marker_bit Always 1 1
SCR [14 ... 0] System clock reference (15 LSB) 15
Marker_bit Always 1 1
Marker_bit Always 1 1
Mux_rate MPEG multiplex bit-rate (in multiples of 22
50 bytes/s)
Marker_bit Always 1 1
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Table 4.3 Structure of the MPEG-1 system header

Field

Definition (comment)

No. of bits

System_header_start_code
Header_length
Marker_bit

Rate_bound

Marker_bit
Audio_bound

Fixed_flag
CSPS_flag
System_audio_lock_flag
System_video_lock_flag

Marker_bit
Video_bound

Reserved_byte
Stream_ID,

Bits ‘117
STD_buffer_bound_scale;

STD_buffer_size_bound,
Stream_ID,

Bits ‘11”
STD_buffer_bound_scale,

STD_buffer_size_bound,

Start code

(Number of bytes to follow)

Always 1

Maximum bit-rate (mux_rate) in
the sequence

Always 1

Number of audio PES in the
bitstream (0-32)

Indicates fixed (‘1’) or variable
(‘0’) bit-rate

‘1’ =bitstream uses the
constrained parameter set

‘1’ =harmonic relation between
STC and audio Fiampling

‘]’ =harmonic relation between
STC and frame frequency

Always 1

Number of video PES in the
bitstream (0-16)

Reserved for future extension

Identification of first PES (type
and number)

Beginning of STD_buffer field

Buffer size unit (0 = 128 bytes,
1 = 1024 bytes)

Buffer size (in multiples of 128 or
1024 bytes)

Identification of second PES (type
and number)

Beginning of STD_buffer field

Buffer size unit (0 = 128 bytes,
1 = 1024 bytes)

Buffer size (in multiples of 128 or
1024 bytes)

etc. ... for (n —2) other PES Idem for all PES (max: 16 video,

32 audio, 2 private)

32
16

1
22

1
6

13

(n—2)
x24

The number of elementary streams in an MPEG-1 elementary

stream is specified as follows:

e video, 0-16;

e audio, 0-32;
e private data, 0-2.
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Pack no. 1 Pack no. 2 - etc

l

Pack
header

Last
packet

End
code
(IS0 11172)

System
header

(variable number)

Contents:

System information, Contents:

Contents:

Pack_start_code (32 bits) number and type of PES audio,
System_clock referencs] elementry streams, PES video,
Mux_rate PID of PES private data

Fig. 4.1 Composition of the packs of an MPEG-1 bitstream

The MPEG-1 system stream ends with an ‘end’ code on 32 bits
(00 00 01 BY hex). Figure 4.1 illustrates the content of a complete
MPEG-1 stream.

4.2 Organization of the MPEG-2 multiplex:
program and transport streams

In the same way as for MPEG-1, MPEG-2 elementary streams
(ES) are packetized in order to form the video, audio and private
data PESs. As in the case of MPEG-1, packets from PES start with
a packet header, the format of which is illustrated in Fig. 4.2 and
detailed in Table 4.4 below.

The system part of MPEG-2 (ISO/IEC 13818-1), which defines
the organization of the multiplex, foresees two different ways of
multiplexing these PESs, in order to form two different kinds of
bitstreams depending on the application. Figure 4.3 illustrates
schematically the way in which these two types of bitstreams are
constructed.

Program stream

The MPEG-2 program stream is made up of one or more PESs
(video, audio, private) which must necessarily share the same system
time clock (STC). This type of stream is suitable for applications
where the transmission channel or storage medium is supposed to
introduce only a very low number of errors (bit error rate,
BER < 107!%). This type of medium is usually called quasi error-
free (QEF). This is generally the case in multimedia applications
based on CD-ROM or hard disk. In these cases, packets can be
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1 byte

Start_code_prefix

Start_code_prefix

PES_header flags

Start_code_prefix
Stream _id
Packet. length

3 flag-bytes

ﬁ S_header_length'

Packet_length
{stream_idl = ...) Flag dependent

subfields

PES_scrambling_control (2 bits)

Fig. 4.2 Structure of the MPEG-2 PES header

Table 4.4 Structure of the MPEG-2 PES header

Field Definition No. of bits

Start_code_prefix Start code (00 00 01 hex) 24

Stream_id PES identification 8

Packet_length Length of the packet (in bytes after 16
these two)

PES_scrambling_control Indicates whether PES is scrambled 2
and control word number

Flags Varjous flags 14

PES_header_length Length of the remaining part of the 8
PES (x+y)

PES_header_subfields Variable field depending on flags x bytes

Stuffing Optional stuffing y bytes

relatively long (e.g. 2048 bytes), and as the stream organization is
similar to the MPEG-1 system stream, we will not discuss it here
(see Section 3.1).

This kind of multiplex will most probably be used for storage of
MPEG-2 video on the digital versatile disk (DVD), which will soon
be available.
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Fig. 4.3 Conceptual diagram of the generation of MPEG-2 transport and program streams

R

Error-prone media

Transport stream

As its name implies, the MPEG-2 transport stream is primarily
intended for the transport of TV programmes over long distances
via transmission supports or in environments susceptible to the
introduction of relatively high error rates (BER higher than
10~%). These types of media are defined as error-prone.

In these cases, the packet length should be relatively short, in
order to allow implementation of efficient correction algorithms,
which will be detailed in Chapter 6. The length of the MPEG-2
transport packet therefore has been fixed to 188 bytes for the
transmission of TV programmes via satellite, cable or terrestrial
transmitters following the European DVB standard.

This type of stream can combine in the same multiplex many
programmes which do not need to share a common system time
clock (STC). However, the different PESs which make up a given
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PEST packet (>184 byles) PES2 = 184 bytes

PES packet | [ 1§ 3 I I =

Transport
packet
stream
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[  PES header

B Transport packet header
1 Data (audio, video, etc.)

Fig. 4.4 Arrangement of the PESs that make up an MPEG-2 transport stream (PESI is split
between the transports packets PT1, PT3 and PT4; PES2 fits exactly into the transport
packets PT6)

programme have to use the same clock in order that the decoder
can synchronize them. Figure 4.4 illustrates the way in which the
PESs that make up a transport stream are organized.

4.2.1 Composition of the MPEG-2 transport packet

A transport packet of 188 bytes is made up of a packet header of 4
bytes and a payload of up to 184 bytes, preceded by an optional
adaptation field (see Fig. 4.5). In this context, the payload means
the data from the PES composing the TV programmes, to which
arc added a certain number of data allowing the decoder to find
its way in the MPEG-2 transport stream. The format of the
transport packet header is illustrated in Fig. 4.6 and detailed in
Table 4.5.

The ISO/IEC 13818-1 prescribes that a transport packet should
carry only data coming from one PES packet, and that a PES
packet should always start at the beginning of the payload part
of a transport packet and end at the end of a transport packet
(as shown in Fig. 4.4).

As transport packets (188 bytes including 4-byte header) are gen-
erally (much) shorter than PES packets (e.g. 2048 bytes), PES packets
will have to be divided into data blocks of 184 bytes. Since the length
of PES packets is not generally an exact multiple of 184 bytes, the last
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Useful data
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4 T

\— Packet header 188 bytes

Fig. 4.5 Composition of the transport packet

8 bits 111 13 bits 22 4 bits
Sync Continuity
0x47 ED counter

% Transport_priority \\_—‘ Adaptation_field_centrol
Payload_unit_start_indicator Transport_scrambling_control
Transport_error_indicator

Fig. 4.6 Detail of the transport packet header

Table 4.5 Structure of the MPEG-2 transport packet header

Field Definition (comment) No. of bits

Sync_byte Synchronization byte (10000111 = 47hex) 8

El Transport_error_indicator (indicates error 1
from previous stages)

PUSI Payload_unit_start_indicator (start of PES 1
in the packet)

TPR Transport_priority (priority indicator) 1

PID Packet identifier (identifies the content of 13
the packet)

SCR_flags Transport_scrambling_flags (transport 2
scrambling type)

AF Adaptation_field_flag (presence of 1
adaptation field in packet)

PF Payload_flag (presence of payload data in 1
the packet)

CE Continuity_counter (between truncated 4

PES portions)
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Fig. 4.7 Composition of the packet containing the end of a PES

transport packet carrying a PES packet will have to start with an
adaptation field, the length of which will be equal to 184 bytes less the
number of bytes remaining in the PES packet (Fig. 4.7).

In addition to this ‘stuffing’ function, the adaptation field will be
used to carry various optional data and the program clock reference
(PCR), which has the same role in an MPEG-2 program as the SCR
has in an MPEG-1 system stream. The minimum repetition rate of
the PCR is 10 times a second. In some cases, the payload of a
transport packet can be solely composed of an adaptation field of
184 bytes (e.g. for the transport of private data). Figure 4.8 illus-
trates the general format of the adaptation field, the content of
which is detailed in Table 4.6.

y

y—x-1 (bytes)

\ Flags

Adaptation field length

\ % N Stuffing
Optional fields

Fig. 4.8 Detail of the adaptation field

Table 4.6 Composition of the MPEG-2 adaptation field

Field Definition No. of bits
Adaptation_field_length Total length (y — 1) bytes 8
Flags Information on the next field 8
Optional_fields Optional data field (x bytes) x*x8

Stuffing value FFh y—1-x)x8
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4.2.2 Organization of the transport multiplex: MPEG-2 and DVB-
SI tables

As we have seen, the MPEG-2 transport multiplex can transport
more than one programme, each of them being composed of one
or more PESs. In order that the receiver can find its way in this
jungle, MPEG-2 has defined four types of tables, which together
make up the MPEG-2 program specific information (PSI). Each
table, depending on its importance, is made up of one or more
sections (maximum 256 sections, each of which has a maximum
1024 bytes, except for the private sections which can be of up to
4096 bytes).

The repetition frequency of the tables is not specified by the
standard; however, it must be high enough (10-50 times per
second) to allow the decoder to access quickly the required
programme, e.g. in the case of a physical (RF) channel change.

The MPEG-2 tables
Program allocation table (PAT)

The presence of this table is mandatory, and it is carried by
the packets of PID equal to zero (PID = 0 x 0000). Its structure
is detailed in Table 4.7. Its purpose is to indicate, for each

Table 4.7 A section of the program allocation table (PAT)

Ficld (PAT) Comment No. of bits
Table_id (00) Always 00 for the PAT 8
Section_syntax_indicator ~ Always 1 1
0 Always 0 1
Reserved 2
Section_length Max. value 1021 (2 MSB =0) 12
Transport_stream_id Stream identification (in a network) 16
Reserved 2
Version_number Incremented at every PAT change 5
Current_next_indicator 1 =current PAT, 0 =next 1
Section_number Number of current section (1st=00) 8
Last_section_number Number of last section (Nyor — 1) 8
Program number 0% 0= network information table (NIT) 16
Reserved 3
Network_PID PID of the NIT 13
Program_number 1 Programme number (1 = Ist prog.) 16
Reserved 3
Program_map_PID PID of the (PMT) 13
...etc. 4 bytes per additional programme bod
CRC_32 CRC on 32 bits 32

@ Program 0 (network information table, NIT) is optional.
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programme carried by the transport multiplex, the link between the
programme number (from 0 to 65 535) and the PID of packets
carrying a ‘map’ of the programme (program map table, PMT).
The PAT is always broadcast ‘in the clear’ even if all programmes
of the multiplex are scrambled.

Program map table (PMT)

There is one PMT for each programme present in the multiplex. Its
structure is detailed in Table 4.8. It indicates (in the clear) the PID
of the elementary streams making up the programme and, option-
ally, other private information relating to the programme, which
can eventually be scrambled (e.g. the ECM, which is one of the two
pieces of information necessary for unscrambling programmes with
conditional access, the other being the EMM carried by the CAT;
see below and Chapter 5). The PMT can be transported by packets
of arbitrary PID defined by the broadcaster and indicated in the
PAT (except 0 x 0000 and 0 x 0001 which are reserved for PAT
and CAT, respectively).

Conditional access table (CAT)

This table must be present as soon as at least one programme in the
multiplex has conditional access. Table 4.9 details its structure. It is
transported by the packets of PID = 0 x 0001 and indicates the
PID of packets carrying the EMM for one (or more) conditional
access systems.

Private tables

These tables carry private data, which are either in free format
(see Table 4.10) or in a format similar to the CAT, except for the
section length which can be as much as 4096 bytes, compared with
1024 for the other tables.

The additional DVB-SI tables

To the above MPEG-2 tables, the DVB standard adds comple-
mentary tables (service information, DVB-SI) which, among
other things, allow the receiver to configure itself automatically
and the user to ‘navigate’ by means of an electronic program
guide (EPG) the numerous programmes and services available.
DVB-SI is made up of four basic tables and three optional

ones.
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Table 4.8 A section of the program map table (PMT)

Field (PMT) Comment No. of bits
Table_id (02) Always 02 for the PMT 8
Section_syntax_indicator Always 1 1
0 Always 0 1
Reserved 2
Section_length Maximum value 1021 (2 12
MSB=0)
Program_number Prog. number (1 to 65 536) 16
Reserved 2
Version_number Incremented at every PMT 5
change
Current_next_indicator 1=current PAT, 0=next 1
Section_number Always 00 (only one section) 8
Last_section_number 8
Reserved 3
PCR_PID PID of program clock reference 13
(PCR)
Reserved 4
Program_info_length Length of the useful data 12
(bytes)
Stream_type; Nature of elementary stream no. 8
1
Reserved 3
Elementary PID, PID of elementary stream no. 1 13
Reserved 4
ES_info_length; N, =length of descriptors; field 12
Descriptors; Additional data N, bytes
Stream_type, Nature of elementary stream no. 8
2
Reserved 3
Elementary_PID, PID of elementary stream no. 2 13
Reserved 4
ES_info_length, N, = length of descriptors, field 12
Descriptors, Additional data N, bytes
. etc. (ES no. x)
CRC 32 CRC on 32 bits 32

Basic tables

Network information table (NIT) This table, as its name implies,
carries information specific to a network made up of more than one
RF channel (and hence more than one transport stream), such as
frequencies or channel numbers used by the network, which the
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Table 4.9 A section of the conditional access table (CAT)

Field (CAT) Comment No. of bits
Table_id (01) Always 01 for the CAT 8
Section_syntax_indicator Always 1 il
0 Always 0 1
Reserved 2
Section_length Max. value 1021 (2MSB = 0) 12
Reserved 16
Reserved 2
Version_number Incremented at every CAT 5]
change
Current_next_indicator 1 =current PAT, 0=next 1
Section_number Number of current section 8
(1 =00)
Last_section_number Number of last section (N — 1) 8
Descriptors Access control data Maximum
1012 bytes
CRC_32 CRC on 32 bits 32
Table 4.10 A private data section
Field (private) Comment No. of bits
Table_id Any (except 00h to 3 Fh and FFh) 8
Section_syntax_indicator 0 = free format, 1 =standard 1
Private_indicator User-defined flag 1
Reserved 2
Private_section_length Max. value 4093 (2MSB = 1) 12
Private_data_byte® Private user data Maximum
4093 bytes

2 The private data byte part is assumed here to be in free format (syntax_indicator = 0). If
the syntax_indicator =1, the format of this part is similar to the CAT (except length).

receiver can use to configure itself for instance. This table is by
definition the programme number 0 of the multiplex.

Service description table (SDT) This table lists the names and
other parameters associated with each service in the multiplex.

Event information table (EIT) This table is used to transmit
information relating to events occurring or going to occur in the
current transport multiplex and even in other transport streams.

Time and date table (TDT) This table is used to update the
internal real time clock of the set-top box.
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Optional tables

Bouguet association table (BAT) This table can be used as a tool
for grouping services that the set-top box may use to present the
various services to the user, e.g. by way of the EPG. A given service
or programme can be part of more than one bouquet.

Running status table (RST) This table is transmitted only once
for a quick update of the status of one or more events at the time
that this status changes, and not repeatedly as with the other tables.

Stuffing tables (ST) These tables are used, for example, to
replace previously used tables which have become invalid.

Insertion of sections into the transport packets

Contrary to the PES, sections do not necessarily start at the
beginning nor finish at the end of a transport packet. Whenever a
section or a PES starts in a transport packet, the PUSI indicator
(payload_unit_start_indicator) is set to 1. In the case of a section,
the packet can start with the end of another section, whether or not
it is preceded by an adaptation field (AF). In order to know where
the new section starts, the first byte or the payload is a pointer_field
giving the offset of the beginning of the new section. This case is
illustrated by Fig. 4.9, where a new section starts in a transport
packet after an adaptation field and the end of a preceding section.

4.2.3 Navigating an MPEG-2 multiplex

The following main steps have to be performed by the decoder in
order to find a programme or a service in an MPEG-2 transport
multiplex, once this multiplex is acquired, i.e. tuning to the RF
channel is accomplished (in the case of a DVB compliant network,
zapping within a network or bouquet would be eased by the
DVB-SI information used to build the EPG) (see also Fig. 5.3):

1. As soon as the new channel is acquired (synchronization), the
decoder must:

(a) filter the PID 0 packets to acquire the PAT sections;

Pointer_field Section start

————

Fig. 4.9 Section start in a transport packet (general case)
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(b) construct the PAT from the data of the sections;

(c) present the available choice to the user (with DVB-SI, this
choice could have been made before, if coming from a
channel belonging to the same network or bouquet).

2. Once the user choice is made, the decoder must:
(a) filter the PID corresponding to the PMT of this programme;
(b) construct the PMT from the relevant sections;

(c) filter the packet indicated by the PCR_PID field of the PMT,
recover the PCR and synchronize the system clock (STC);

(d) present the choices to the user, if there is more than one
audio or video PID (assuming this choice has not previously
been made by a user preference preset or through the EPG).

3. Once this choice has been made, the decoder must filter the PID
corresponding to this choice.

The audio/video decoding can now start.

The part of this process that is visible to users is the interactive
presentation of the EPG associated with the network or bouquet,
which can be built by means of the PSI and DVB-SI tables in order
to allow them to navigate more easily the large number of
programmes and services available.

However, zapping with digital TV is not as quick as with
conventional analogue TV, as the synchronization process can be
relatively long (1 s or more), due to the complex operations that
have to be accomplished by the set-top box, i.e.:

e synchronization of the channel decoding part (only when
changing the RF channel);

o acquisition of the PCR to synchronize the system clock of the
MPEG-2 decoder;

o waiting for the next I picture to start real decoding (this alone
can take up to 0.5 s).




Scrambling and
conditional access

The proportion of free access programmes among analogue TV
transmissions by cable or satellite is decreasing continuously, at the
same time as their number increases; hence, it is almost certain that
the vast majority of digital TV programmes will be pay-TV ser-
vices, in order to recover as quickly as possible the high invest-
ments required to launch these services. Billing forms will be much
more diversified (conventional subscription, pay per view, near
video on demand) than what we know today, made easier by the
high available bit-rate of the system and a ‘return channel’ (to the
broadcaster or a bank) provided by a modem.

The DVB standard, as explained in the previous chapter, envis-
ages the transmission of access control data carried by the condi-
tional access table (CAT) and other private data packets indicated
by the program map table (PMT). The standard also defines a
common scrambling algorithm (CSA) for which the trade-off
between cost and complexity has been chosen in order that piracy
can be resisted for an appropriate length of time (of the same order
as the expected lifetime of the system).

The conditional access (CA) itself is not defined by the standard,
as most operators did not want a common system, everyone guarding
jealously their own system for both commercial (management of
the subscribers’ data base) and security reasons (the more open the
system, the more likely it is to be ‘cracked’ quickly) . However, in
order to avoid the problem of the subscriber who wishes to access
networks using different conditional access systems having a stack
of boxes (one set-top box per network), the DVB standard envis-
ages the following two options:
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—

. Simulcrypt. This technique, which requires an agreement
between networks using different conditional access systems
but the same scrambling algorithm (for instance the CSA of the
DVB), allows access to a given service or programme by any of
the conditional access systems which are part of the agreement.
In this case, the transport multiplex will have to carry the
conditional access packets for each of the systems that can be
used to access this programme.

2. Multicrypt. In this case, all the functions required for conditional
access and descrambling are contained in a detachable module in
a PCMCIA form factor which is inserted into the transport
stream data path. This is done by means of a standardized
interface (common interface, DVB-CI) which also includes the
processor bus for information exchange between the module and
the set-top box. The set-top box can have more than one DVB-
CI slot, to allow connection of many conditional access modules.
For each different conditional access and/or scrambling system
required, the user can connect a module generally containing a
smart card interface and a suitable descrambler.

The multicrypt approach has the advantage that it does not
require agreements between networks, but it is more expensive to
implement (cost of the connectors, housing of the modules, etc.).
The DVB-CI connector may also be used for other purposes (data
transfers for instance).

Only the future will tell us which of these options will be used in
practice, and how it will be used.

5.1 Principles of the scrambling system in the
DVB standard

Given the very delicate nature of this part of the standard, it is
understandable that only its very general principles are available,
implementation details only being accessible to network operators
and equipment manufacturers under non-disclosure agreements.

The scrambling algorithm envisaged to resist attacks from
hackers for as long as possible consists of a cipher with two layers,
each palliating the weaknesses of the other:

e a block layer using blocks of 8 bytes (reverse cipher block
chaining mode);

e a stream layer (pseudo-random byte generator).

—
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Table 5.1 Meaning of transport_scrambling_flag bits

Transport_scrambling_flags Meaning

00 No scrambling

01 Scrambling with the DEFAULT control word
10 Scrambling with the EVEN control word

11 Scrambling with the ODD control word

The scrambling algorithm uses two control words (even and odd)
alternated with a frequency of the order of 2 s in order to make
the pirate’s task more difficult. One of the two encrypted control
words is transmitted in the entitlement control messages (ECM)
during the period that the other one is in use, so that the con-
trol words have to be stored temporarily in the registers of the
descrambling device. There is also a default control word (which
could be used for free access scrambled transmission) but it is of
little interest. ‘

The DVB standard foresees the possibility of scrambling at two
different levels (transport level and PES level) which cannot be
used simultaneously.

Scrambling at the transport level

We have seen in the preceding chapter (Fig. 4.6) that the transport
packet header includes a 2-bit field called ‘transport_scrambling_-
flags’. These bits are used to indicate whether the transport packet
is scrambled and with which control word, according to Table 5.1
above.

Scrambling at transport level is performed after multiplexing the
whole payload of the transport packet, the PES at the input of the
multiplexer being ‘in the clear’. As a transport packet may only
contain data coming from one PES, it is therefore possible to
scramble at transport level all or only a part of the PES forming
part of a programme of the multiplex.

Scrambling at the PES level

In this case, scrambling generally takes place at the source, before
multiplexing, and its presence and control word are indicated by
the 2-bit PES_scrambling_control in the PES packet header, the
format of which is indicated in Fig. 4.4. Table 5.2 indicates the
possible options.
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Table 5.2 Meaning of PES_scrambling_control bits

PES_scrambling_control Meaning

00 No scrambling

01 No scrambling

10 Scrambling with the EVEN control word
11 Scrambling with the ODD control word

The following limitations apply to scrambling at the PES level:

e the header itself is, of course, not scrambled; the descrambling
device knows where to start descrambling due to information
contained in the PES_header length field, and where to stop due
to the packet_length field;

e scrambling should be applied to 184-byte portions, and only the
last transport packet may include an adaptation field;

o the PES packet header should not exceed 184 bytes, so that it
will fit into one transport packet;

o the default scrambling word is not allowed in scrambling at the
PES level.

5.2 Conditional access mechanisms

The information required for descrambling is transmitted in spe-
cific conditional access messages (CAM), which are of two types:
entitlement control messages (ECM) and entitlement management
messages (EMM). These messages are generated from three differ-
ent types of input data:

e a control_word, which is used to initialize the descrambling
sequence;

e a service_key, used to scramble the control word for a group of
one or more users;

e a user_key, used for scrambling the service key.

ECM are a function of the control_word and the service_key,
and are transmitted approximately every 2 s. EMM are a function
of the service_key and the user_key, and are transmitted approxi-
mately every 10s. The process for generating ECM and EMM is
illustrated in Fig. 5.1
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User_key

Service_key

Control_words ———|

Encryption:
ECM = f(control_word, service_key)
EMM = f(service_key, user_key)

Fig. 5.1 Schematic illustration of the ECM and EMM generation process

In the set-top box, the principle of decryption consists of
recovering the service_key from the EMM and the user_key,
contained for instance in a smart card. The service_key is then
used to decrypt the ECM in order to recover the control word
allowing initialization of the descrambling device. Figure 5.2
illustrates schematically the process for recovering control_words
from the ECM and the EMM.

ECM CONTROL_WORDS

EMM

Decryption:

control_word = {ECM, service_key)
service_key = {EMM, user_key)

Fig. 5.2 Principle of decryption of the control words from the ECM and the EMM
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Fig. 5.3 Process by which the EMM and the ECM are found in the transport stream

Figure 5.3 illustrates the process followed to find the ECM and
EMM required to descramble a given programme (here pro-
gramme no. 3):

1. the program allocation table (PAT), rebuilt from sections in
packets with PID=0 x 0000, indicates the PID (M) of the
packets carrying the program map table (PMT) sections;

2. the PMT indicates, in addition to the PID of the packets
carrying the video and audio PESs and the PCR, the PID of
packets carrying the ECM;

3. the conditional access table (CAT), rebuilt from sections in
packets with PID =0 x 0001, indicates which packets carry the
EMM for one (or more) access control system(s);

4. from this information and the user_key contained in the smart
card, the descrambling system can calculate the control_word
required to descramble the next series of packets (PES or
transport depending on the scrambling mode).

The above-described process is indeed very schematic; the support
containing the user_key and the real implementation of the system can
vary from one operator to another. The details of these systems are, of
course, not in the public domain, but their principles are similar.
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5.3 Main conditional access systems

Table 5.3 indicates the main conditional access systems used by
European digital pay TV service providers.

Most of these systems use the DVB-CSA scrambling standard
specified by the DVB. The receiver has an internal descrambler
controlled by an embedded conditional access software which cal-
culates the descrambler control words from the ECM messages and
keys contained in a subscriber smart card with valid access rights
updated by the EMM messages.

Systems allowing pay per view often have a second card reader
slot for a banking card as well as a modem to order the pro-
grammes as well as charging the bank account.

Table 5.3 Main conditional access systems

System Origin Service providers

Betacrypt Betaresearch/IrDETO Premiere World, German cable
CryptoWorks  Philips Viacom, MTV Networks

Ir'DETO IrDETO Access Telepiu, Stream, Multichoice
Mediaguard SECA (Canal+) Canal+, Canal Satellite, ITV Digital
Nagravision Kudelski SA Via Digital, Quiero, Dish Network
Viaccess France Telecom TPS, AB-Sat, Arabesque, SSR/SRG
Videoguard News Datacom (NDS)  BSkyB, Stream
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Channel coding
(forward error
correction)

Once the source coding operations have been performed (including
multiplexing and eventually scrambling), a transport stream made
of 188 byte packets is available for transmission to the end users via
a radiofrequency link (satellite, cable, terrestrial network).

We previously indicated that these transmission channels are,
unfortunately, not error-free, but rather error-prone due to a lot of
disturbances which can combine with the useful signal (noise,
interference, echoes). However, a digital TV signal, especially
when almost all its redundancy has been removed, requires a very
low bit error rate (BER) for good performance (BER of the order
of 1071°-10712, corresponding to 0.1-10 erroneous bits in
1 hour for a bit-rate of 30 Mb/s). A channel with such a low BER
is called quasi-error-free (QEF).

It is therefore necessary to take preventive measures before
modulation in order to allow detection and, as far as possible,
correction in the receiver of most errors introduced by the physical
transmission channel. These measures, the majority of which
consist of reintroducing a calculated redundancy into the signal
(which obviously reduces the efficiency of the source coding), are
grouped under the terms ‘forward error correction’ (FEC) or
‘channel coding’ (this term often includes the modulation process).
Such measures will of course depend on specificities of the physical
transmission medium.

The virtual channel thus created between the input of the FEC
encoder on the transmission side and the output of the FEC
decoder on the receiver side is quasi-error-free and is sometimes
referred to as a super channel.
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Common part for cable, satellite and terrestrial :_satallite and :
- lerresiral ~;
H only :
Transport -

packets
Fig 6.1 The main steps of forward error correction on the transmitter side

Figure 6.1 illustrates the successive steps of the forward error
correction encoding process in the DVB standard. The terms inner
coding and outer coding are seen from the point of view of the
above-mentioned virtual channel. These steps are described in the
following paragraphs, without going too deeply into the arcane
world of the sophisticated error correction codes used, as this
would require complex mathematical deviation. However, Appen-
dix A explains the principle by describing some simpler codes, and
the reader who is interested in more detail will find some references
in the short bibliography at the end of the book.

6.1 Energy dispersal (randomizing)

Strictly speaking, this step is not part of the error correction
process. However, the DVB requires that it should be undertaken
before the correction process in order to obtain an evenly distrib-
uted energy within the RF channel.

Transport packets have a length of 188 bytes (see Fig. 6.2), the
first of which is a synchronization byte of value 47hex (0100011 1),
the MSB being transmitted first. In order to avoid long series of ‘0’s
or ‘1’s, which would bring a DC content to the signal, the signal has
to be randomized in order to ensure the energy dispersal in the
channel. This is obtained by scrambling the signal by means of
a pseudo-random binary sequency (PRBS) with the generator
polynome 1+ X' + X', The diagram of the pseudo-random
generator, which is the same for scrambling and descrambling, is
quite simple and is shown in Fig. 6.3.

The generator is re-initialized every eight transport packets by
loading its register with the sequence 100101010000000. In order

Sync.
47h

Fig 6.2 The transport packet before error correction
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Initialization sequence

i 0 0 1

Data output
[__. (scrambled/unscrambled)
Data input
Enable D
& (clear/scrambled)

Fig 6.3 Diagram of the energy dispersal scrambler/descrambler (source: prETS 300 421).
© ETSI 1995. All rights reserved.

V PRBS period = 1503 bytes '

Fig 6.4 Concatenation of packets after energy dispersal (source: prETS 300 421). © ETSI
1995. All rights reserved

that the de-randomizer in the receiver can locate the beginning of
the sequence, the synchronizing byte of the first packet of the
sequence is inverted (47hx becomes B8), the seven others
remaining unchanged. In order that the synchronization bytes are
not scrambled, the enable input remains inactive during that time,
but the pseudo-random sequence is not interrupted. The energy
dispersal device remains active even in the absence of a signal or
with a non-MPEG-2 compliant stream as the input. Figure 6.4
shows the transport packet sequence at the output of the energy
dispersal circuit.

6.2 Reed—Solomon coding (outer coding)

In order to be able to correct most errors introduced by the
physical transmission channel, it is necessary to introduce some
form of redundancy allowing the detection and (up to a certain
limit) correction of transmission errors to obtain a quasi-error-free
(QEF) channel.
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' 204 bytes

Fig 6.5 A transport packet after Reed-Solomon coding

The first error correction coding layer, called outer coding, is
used with all DVB specified transmission media; a second comple-
mentary layer, called inner coding, is used only in satellite and
terrestrial transmissions (here ‘inner” and ‘outer’ are relative to
the virtual QEF channel formed by the physical medium and the
FEC coder and decoder).

The outer coding is a Reed—Solomon code RS(204, 188, T = 8)
which is a shortened version of the code RS(255, 239, T = 8); see
Appendix A for a basic explanation on correction codes. This code,
in combination with the Forney convelutional interleaving which
follows it, allows the correction of burst errors introduced by the
transmission channel. It is applied individually to all the packets in
Fig. 6.4, including the synchronization bytes.

The RS(204, 188, T = 8) coding adds 16 parity bytes after the
information bytes of the transport packets, which therefore become
204 bytes long; it can correct up to 8 erroneous bytes per packet. If
there are more than 8 erroneous bytes in the packet, it will be
indicated as erroneous and not correctible, and it is up to the rest
of the circuitry to decide what to do with it. The overhead intro-
duced by this efficient code is rather low (slightly more than
8% = 16/188). Figure 6.5 indicates the format of the protected
transport packets.

6.3 Forney convolutional interleaving
(temporal spreading of errors)

The purpose of this step is to increase the efficiency of the Reed—
Solomon coding by spreading over a longer time the burst errors
introduced by the channel, which could otherwise exceed the
correction capacity of the RS coding (8 bytes per packet). This
process, known as Forney convolutional interleaving, is illustrated
in Fig. 6.6.

L is the length of the packet to be protected (204 bytes) and
I is the number of branches (here 12) of the interleaving and de-
interleaving devices, called the interleaving depth. Hence I = 12
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Fig 6.6 Forney convolutional interleaving/de-interleaving (source: prETS 300 421). © ETSI
1995. All rights reserved

and L = 204. The interleaving device (in the transmitter) consists
of a switched bank of 12 FIFOs (indexesj = 0—11) of length M x j
(where M = L/I =204/12 = 17), and the de-interleaving device
(in the receiver) consists of the same switched bank, but with
FIFO lengths of M x (11 — ). Thus, 12 successive bytes of index
Jj = 0—11 will pass through the branch of the corresponding index,
and each byte will be delayed, depending on its index, by 0, 17,
34, ..., 187 positions (one position = one byte period) before trans-
mission.

In the receiver, the same process happens simultaneously, and
the byte delayed by j x 17 positions at transmission will be delayed
by (11 —j) x 17 positions, so that the delay is the same for all
bytes, i.e. equal to (j+ 11 —j) x 17 = 11 x 17 = 187 positions,
and the initial order is recovered. However, a burst of errors
affecting successive bytes in the physical channel will be spread
by the de-interleaver over two successive packets, which will
improve the efficiency of the RS coding and in most cases allow
its correction. The synchronization byte always follows the branch
of index j = 0.

Up to this point, the forward error correction (FEC) process has
been the same for all RF transmission media envisaged by the DVB
standard (satellite, cable, terrestrial). In the case of cable, the only
remaining step before filtering and modulation (64-QAM, see
Chapter 7) will be the conversion of the serial bitstream into two
I and Q signals of 3 bits each, representing symbols of 6 bits. This
purely logical operation is called symbol mapping. Figure 6.7 repre-
sents this process schematically (the real process is more complex
due to the differential modulation of the 2 MSBs of the 6-bit
symbols; see Chapter 7).
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Fig 6.7 Example of a possible mapping operation, first converting bytes to symbols and
then converting symbols to I/Q signals (in the case of 64-QAM). (a) Three successive bytes
form four successive 6-bit symbols (64-QAM); (b) 6-bit symbols are converted into I and Q

signals (3 bits each)

For satellite and terrestrial transmissions, channel coding
requires an additional step which aims mainly to reduce random
error due to noise.

6.4 Convolutional coding (inner coding)

The inner coding is a convolutional coding (see explanation in
Appendix A) and is an efficient complement to the Reed—Solomon
coding and Forney interleaving, as it corrects other kinds of errors.
In the case of the DVB standard, the schematic diagram of the
convolutional coder is illustrated in Figure 6.8, and the basic
parameters of the code are indicated in Table 6.1.

The strong redundancy introduced by the basic convolutional
coding (100%, as the convolutional encoder produces two output
bitstreams, each with the same bit-rate as the input stream) allows a
very powerful error correction. This can be necessary with a very
low signal-to-noise ratio (SNR) at the input to the receiver, but it
reduces by a factor of 2 the spectral efficiency of the channel. In
this case, the X and Y output streams from the convolutional
encoder are applied directly (after filtering) to the I and Q inputs

G1=1330c:

Output 1

Output 2

Go=1710a

Fig 6.8 Principle diagram of the DVB-S convolutional coder
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Table 6.1 Basic parameters of the DVB convolutional code

Parameter Abbreviation Value
Code rate R 1/2
Constraint length K 7
First polynomial generator G 1710t
Second polynomial generator Gy 1334
Free distance dree 10

of the QPSK modulator for a satellite transmission (see Chapter 7),
and the useful bit-rate of the channel is half the transmitted bit-rate
(which is what is meant by R, = 1/2).

In this case, symbol mapping (2 bits/symbol for QPSK) is mixed
with convolutional coding. However, this type of convolu-
tional coding allows this redundancy to be lowered by means of
puncturing the output of the convolutional encoder. This involves
not taking all successive bits of the two X and Y output bitstreams,
but only one of the two simultaneous bits with a certain
puncturing ratio. The I and Q streams used for modulation are
obtained by appropriately alternating the X and Y outputs in
order to obtain two balanced bitstreams. In this way, it is possible
to obtain the punctured code rates specified by the DVB standard
(R. =2/3,3/4,5/6 or 7/8), which represent the ratio between the
useful (input) and transmitted (output) bit-rates. These R, figures
are obtained by multiplying the pure convolutional rate (1/2) by
the inverse of the puncturing ratio (input bits/output bits). For

Table. 6.2 DVB inner coding characteristics (derived from prETS 300 421).
© European Telecommunication Standards Institute 1995. All rights reserved

R 12 23 3/4 506 78

diree 10 6 5 4 3
X 1 10 10 101 10101 1000101
Y 1 1111 110 11010 1111010

1 X X Y X Y, XY, Y, X1Y2YsYs
Q i YiXaYa Y1X; X3 Xs Y3 X5X,

Sorpm X1Y1 X1 Y1 Y2X3Y3Y, X1 V112X X1 V1 X YeXs X1 Y12 Y3YaXsYeXy

Notes

On lines X and Y, ‘0 denotes a suppressed bit, ‘1’ denotes a transmitted bit. For terrestrial
transmissions based on OFDM meodulation, additional steps are required after the inner
coding: serialization of the bitstream, inner interleaving and symbol mapping to adapt the
bitstream format to the high number of carriers used (see Chapter 7). The last line of the
table, Sorpm, represents the serialized bitstream (obtained by alternating I and Q lines)
applied to the inner interleaving circuit used in the case of terrestrial OFDM transmission.
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instance, the code rate R, = 2/3 is obtained with a puncturing ratio
of 3/4(2/3 =1/2 x 4/3).

Puncturing increases the capacity of the transmission channel at
the expense of a reduction of the free distance (diee), Which is a
measure of the correction efficiency of the convolutional code.
Given the power of the transponder and the size of the receiving
antenna, the code rate chosen by the broadcaster will therefore be a
trade-off between a useful bit-rate and the service area. Table 6.2
gives the free distance dfe, the puncturing scheme of X and Y
outputs, and the sequence forming the bitstreams applied to the
1 and Q inputs of the QPSK modulator (in the case of satellite
transmission) for the five code rates (R;) specified by the DVB
standard.
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signals

Once the source coding operations (MPEG audio and video cod-
ing, data insertion, multiplexing and eventually scrambling) and
the channel coding (energy dispersal, outer RS coding, interleav-
ing, inner convolutional coding) have been carried out, we have a
data stream ready to be used for modulation of a carrier for
transmission to the end users.

Depending on the medium (satellite, cable, terrestrial network),
the bandwidth available for transmission depends on technical and
administrative considerations, the latter largely depending on the
former. In fact, technical conditions — particularly signal-to-noise
ratio and echoes — vary considerably between signals coming from
a satellite (weak but rather stable since they originate from a low
power transmitter located more than 36 000 km away), those from
a cable network (where signals are generally strong and stable at
the subscriber plug) and those from a terrestrial transmitter where
conditions can vary a great deal (especially in the case of mobile
reception). As a result:

o for a satellite reception, the signal-to-noise ratio (carrier-to-noise
ratio C/N or CNR) can be very small (10dB or less) but the
signal practically does not suffer from echoes;

e by contrast, for cable reception, the SNR is quite strong
(generally more than 30dB), but the signal can be affected by
echoes due to impedance mismatches in the network;

in the case of terrestrial reception, conditions are more difficult,
especially if mobile reception with very simple antennas is
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required (variable echoes due to multipath, interference,
important signal level variations).

This is why modulation techniques have to be different, so that they
can be optimized for the specific constraints of the transmission
channel and for compatibility with existing analogue transmissions:

e on satellite, the channel width is generally between 27 and
36 MHz, because of the need to use frequency modulation (FM)
for transmission of an analogue TV programme (bandwidth 6—
8 MHz with associated sound carriers), due to the low CNR
previously described;

e on cable or terrestrial networks, the channel width varies from 6
(USA) to 7 or 8 MHz (Europe) due to the use of AM with a
vestigial sideband (VSB) for video and one or more audio
carriers.

Digital transmissions will inherit this situation and will therefore
generally have to use the same channel width as their analogue
counterparts, so that, among other things, they can coexist with
them on the same satellite, cable or terrestrial network and be
compatible with existing transmission and distribution equipment.
At the time of writing, only modulations for satellite and cable are
fully normalized by the DVB project office. Terrestrial modulation
is in the final phase of its standardization by ETSI; the basis of this
standard is a bi-mode (2K/8K) OFDM (orthogonal frequency
division multiplexing) modulation.

7.1 General discussion on the modulation of a
carrier by digital signals

Digital signals are streams of rectangular pulses representing ‘0’s
and ‘I’s. Depending on the channel characteristics, many bits can
be combined to form symbols in order to increase the spectral
efficiency of the modulation. However, without filtering, the
frequency spectrum of digital signals is theoretically infinite,
which would imply an infinite bandwidth for their transmission;
this is, of course, not possible. As a result, appropriate filtering will
be required to limit the required bandwidth; this filtering will have
to be chosen in order to optimize the performance of the global
transmission chain. Bandwidth limiting of a signal results in a
theoretically infinite increase of its temporal response, which with-
out special precautions would result in overlapping between
successive symbols: this is called inter-symbol interference (ISI).
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In order to avoid this problem, filtering should satisfy the first
Nyquist criterion, in order that the temporal response presents
zeros at times which are multiples of the symbol period 7. The
most commonly used filter is called a raised cosine filter or, more
simply, a Nyquist filter. In order to optimize the bandwidth occu-
pation and the signal-to-noise ratio, filtering is shared equally
between the transmitter and the receiver, each of which comprises
a half-Nyquist filter (square-root-raised cosine filter). This filtering
is characterized by its roll-off factor, «, which defines its steepness.
Its frequency response is described in Table 7.1 (see also Fig. 7.1).

For a signal with a symbol period T (symbol frequency or symbol
rate 1/7T") the bandwidth B occupied after Nyquist filtering with a
roll-off « is given by the relation:

B=(l+a)x1/2T

Table 7.1 Frequency response of the Nyquist filtering

Frequency 0</<0.5(1—a) 05(1—a)<f <05(1+a) 0.5(1+a) <f < oo
Response 1 0.5{1 + sin[#T(0.5 — f)/aT|} 0
1.0 S
Gain. \ BN 1
0.9 T
\ | /Rolkoff=02
08 2 }
", Y Roll-off = 0.35
0.7 oL
1
0.6 \
0.5,
04 7 \
03 P,
] R
02 T .
1\ Roll-off = 0.5
0.1 I
0 —— L -
0 01 02 03 04 05 08 07 08 09 10

Fig. 7.1 Frequency response of the Nyquist filter for three values of the roll-off factor
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Fig. 7.2 Temporal response of the Nyquist filter for three values of the roll-off
(a=0.2,0.35,0.5)

Figure 7.1 shows the response curve of the Nyquist filtering (nor-
malized to the symbol rate 1/T") for three values of the roll-off
factor (0.2, 0.35, 0.5), and Fig. 7.2 shows the corresponding tem-
poral response (normalized to the symbol period 7'). The temporal
response shows the presence of zeros at instants that are multiples
of the symbol period: in order to reduce the inter-symbol interfer-
ence (ISI) to a minimum, the signal will have to be sampled at these
instants with increasing accuracy as the roll-off decreases.

7.2  Quadrature modulations

In the simplest digital modulation schemes, the carrier is directly
modulated by the bitstream representing the information to be
transmitted, either in amplitude (ASK, amplitude shift keying) or
in frequency (FSK, frequency shift keying). However, the low
spectral efficiency of these modulations makes them inappropriate
for the transmission of high bit-rates on channels with a bandwidth
which is as small as possible.
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Fig. 7.3 The basic quadrature modulation/demodulation process

In order to increase the spectral efficiency of the modulation
process, different kinds of quadrature amplitude modulations
(QAM) are used. These modulations were initially developed to
transmit two independent analogue signals on one carrier (the first
widely known application, developed at the end of the 1940s, is the
modulation of the colour subcarrier of the NTSC system by the
two colour difference signals).

Figure 7.3 represents schematically the process of quadrature
modulation and demodulation. Input symbols coded on # bits are
converted into two signals I (in-phase) and Q (quadrature), each
coded on n/2 bits, corresponding to 2"/2 states for each of the two
signals. After digital-to-analogue conversion (DAC), the I signal
modulates an output of the local oscillator and the Q signal
modulates another output in quadrature with the first (out of
phase by 7/2). The result of this process can be represented as a
constellation of points in the I, Q space, which represents the
various values that I and Q can take. Table 7.2 gives the main
characteristics and denomination of some quadrature modulation
schemes as a function of the number of bits for each of the I and Q
signals.

Table 7.2 Main characteristics of some gquadrature modulations

1/Q coding (bits) Bits/symbol No. of states Abbreviation

1 2 4 QPSK (= 4-QAM)
2 4 16 16-QAM

3 6 64 64-QAM

4 8 256 256-QAM
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Figures 7.4 and 7.5 show, respectively, the constellations of
QPSK modulation (quadrature phase shift keying or 4-QAM)
and 64-QAM. These figures represent the situation at the output
of the modulator, where each point is well distinguished from its

Q
10e 14 ®00
T T !
- 1
118 -1 ®01

Fig. 7.4 Constellation of a QPSK signal
MSBs = 10 Q MSBs = 00

1111 1110 1010 1011 0111 0101 1101 1111
[ L] [ L] L L] °

1101 1100 1000 1001 0110 0100 1100 1110
L] L] [ 4 L] 5@ L] L] °

0101 0100 0000 0001 0010 0000 1000 1010
L) L ) [ ] [ ] 3 @ L] L ] [ ]

0111 0110 0010 0011 0011 0001 1001 1011
° L) e [ ] 11 @ L] L ] L]
+ + + + + + t +
-7 -5 -3 -1 1 3 5 7
[ ] [ ] [ ] e -1-1e [ ® ®

1011 1001 0001 0011 0011 0010 0110 0111

1010 1000 0000 0010 0001 0000 0100 0101

1110 1100 0100 0110 1001 1000 1100 1101

[ ] [ [ ] e 17e ® L] [ ]
1111 1101 0101 0111 1011 1010 1110 1111
MSBs = 11 MSBs = 01

Fig. 7.5 Constellation of a 64-QAM signal
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neighbours, so that there is no ambiguity concerning the symbol
value at this level.

7.3 Modulation characteristics for cable and
satellite digital TV broadcasting (DVB-C and
DVB-S)

In order to make the best possible choice for these modulations,
a number of theoretical studies and practical tests have been
performed for cable as well as for satellite. Figure 7.6 shows the
theoretical bit error rate (BER) in ideal conditions for quad-
rature modulations from 4-QAM (QPSK) to 64-QAM as a
function of the SNR ratio (see Note 7.1). One can see that, for
a given bit error rate, QPSK has an advantage over 64-QAM
of up to 12 dB.

Taking into account the signal-to-noise ratio obtained on the
receiving side, 2 bits/symbol (QPSK modulation) has been found to
be the practical maximum, and therefore the best spectral effi-
ciency, for satellite transmissions. In the case of cable, the signal-
to-noise ratio is much higher, and a 64-QAM modulation (6 bits/
symbol), roughly three times more efficient in spectral terms, can
be used; American standards even use 256-QAM (8 bits/symbol).

4~OAILR X \

10-06 .

16-07 A
% 8 10 12 4 6 8 20 2 26 2 28

SNR

Fig. 7.6 Bit error rate (BER) as a function of signal-to-noise ratio (SNR) for various
quadrature modulations
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Fig. 7.7 A noisy QPSK constellation (weak satellite reception)

Figure 7.7 illustrates the effect of noise on the QPSK constella-
tion recovered at the output of the receiver’s demodulator in the
case of a noisy satellite reception. Figure 7.8 shows the case of a
cable reception of a 64-QAM signal with a low signal-to-noise ratio
(of the order of 23 dB). It is conceivable that, above a certain noise
level, the demodulator will be unable to distinguish, with certainty,
a point in the constellation from its neighbours; there will be
ambiguity surrounding the symbol being received and thus a
potential error. The greater is the number of points in the constella-
tion, the lower the acceptable noise level will be, as the points are
nearer to each other.

We stated earlier in this chapter that the cable reception was
generally characterized by a high signal-to-noise ratio, but that it
could, nevertheless, suffer from important echoes. Figure 7.9(a)
shows the effect of echoes on the constellation, where the different
points cannot be distinguished because of a very high inter-symbol
interference. The use of an appropriate echo equalizer in the
receiver allows the recovery of an almost perfect constellation
(Fig. 7.9(b)).

Other types of transmission disturbances or imperfections in the
transmitting and receiving devices (imperfect frequency response,
interference, intermodulation, etc.) increase the inter-symbol inter-
ference and appear as noise on the constellation, reinforcing the
need for the error correction systems described in Chapter 6.
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Fig. 7.9 (a) A 64-QAM constellation with significant echoes before echo equalizing.
(b) The same constellation after echo equalizing
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Another problem which the receiver has to cope with in the case
of digital QAM modulations is that it does not have an absolute
phase reference to demodulate the constellation (in contrast with
NTSC or PAL subcarrier demodulation, where a reference burst is
sent at the beginning of each line). For this reason, there is a phase
ambiguity of 90° (the carrier recovery system can lock in four
different phase states), which will prevent the receiver from syn-
chronizing itself as long as the demodulation phase is incorrect.

In the case of the QAM modulation used for cable, this problem
is avoided by using a differential modulation for the two MSBs of
the symbol: the state of the MSB of I and Q corresponds to a phase
change and not to an absolute phase state, which allows the re-
ceiver to operate in any of the four possible lock conditions (the
constellation of the LSBs being identical in the four quadrants).
Table 7.3 represents the truth table for differential coding of the
MSB of the I and Q modulating signals used to generate the QAM
employed in DVB-C.

In the case of the (non-differential) QPSK modulation used for
satellite, the ‘out of synchronization’ information can be used to
modify (up to three times) the phase relation between the recovered
carrier and the received signal until synchronization is obtained.

Taking into account all the above-mentioned considerations
(and many others), the main characteristics retained for the DVB
compliant digital TV transmissions are detailed in Table 7.4. Table
7.5 gives the maximum possible bit-rates on a DVB compliant
satellite channel as a function of the channel width and the code
rate for a QPSK modulation with o = 0.35.

Grey areas in Table 7.5 indicate the cases which can be trans-
ported transparently (without transport stream modification) on a
DVB compliant cable channel of 8 MHz with 64-QAM. In this
case, the processing at the cable head-end will be limited to
QPSK demodulation, forward error correction (Viterbi decoding,

Table 7.3 Truth table of the differential coding of the two MSBs in DVB-C

Symbol MSBs MSB of I and Q Phase change (°)

Bir Byr Ir Qr

0 0 Irg Qry 0
0 1 Qr Ir-1 +90
1 0 Qr ILAL -90
1 1 Tr Qr_; 180

Bir and Byr are the two MSBs of the transmitted symbol; I and Qg are, respectively, the
differentially encoded MSBs of I and Q for this symbo}; Ir_; and Qg_, are the MSBs of I
and Q of the preceding symbol.
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Table 7.4 Main characteristics retained for DVB compliant digital TV
transmissions

Parameter Satellite (DVB-S) Cable (DVB-C)
Channel width 26-54 MHz 8 MHz (7MHz possible)
Modulation type QPSK (= 4-QAM) 64, 32 or 16-QAM
Roll-off factor (a) 0.35 0.15

Table 7.5 Maximum bit-rates as a function of the channel width and the code rate
(DVB-S) (derived from prETS 300 421, © European Telecommunication
Standards Institute 1995. All rights reserved)

Channel Maximum Maximum useful bit-rate (Mb/s)

width symbol

(MHz) rate (MHz) R.=1/2 R.=2/3 R.=3/4 R,=5/6 R.=7/8
54 42.2 38.9 51.8 58.3 64.8 68.0

46 35.9 B 58.0

40 31.2 28.8 50.4

36 28.1 25.9 454

33 25.8 23.8 41.6

30 234 21.6 it ‘
27 21.1 194 25.0 29.2 (B2HE L

26 20.3 18.7 25.0 28.1 31.2 Bz8

de-interleaving, Reed—Solomon decoding, de-randomizing) in order
to recover corrected 188-byte transport packets and to reapply
a cable FEC (randomizing, Reed-Solomon coding, interleaving)
before modulation (16 to 64-QAM).

A sample calculation of the spectral efficiency with parameters
of DVB-S and DVB-C can be found in Appendix B.

7.4 OFDM modulation for terrestrial digital TV
(DVB-T)

The European digital terrestrial television system (DVB-T) defined
by the DVB is based on 2K /8K OFDM. It has been released by
ETSI and published under the reference ETSI/EBU 300 744. The
principle behind this type of modulation involves the distribution
of a high rate bitstream over a high number of orthogonal carriers
(from a few hundred up to a few thousand), each carrying a low
bit-rate; the same principle was previously retained for the
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European digital radio system (Digital Audio Broadcast, DAB)
which uses 2K OFDM. Its main advantage is its excellent behav-
iour in the case of multipath reception, which is common in terres-
trial mobile or portable reception: in this case the delay of the
indirect paths becomes much smaller than the symbol period.

OFDM modulation (orthogonal frequency division multiplex-
ing) consists of modulating with symbols of duration T (in QPSK
or QAM depending on the trade-off between bit-rate and robust-
ness) a high number N, of carriers with a spacing of 1/T; between
two consecutive carriers. This determines the condition of orth-
ogonality between the carriers, the spectrum of which can be seen
in Fig. 7.10; for the central frequency of a given carrier, the spec-
trum of the carriers which surround it presents a zero crossing.

The relationship between the frequency f; of the lowest carrier
and that of carrier k(0 < k < N — 1), f, is given by fy = fo + k/Ts.
The frequency spectrum of such a set of carriers shows secondary
parasitic lobes of width 1/T;, which can be seen in Fig. 7.11 (for
N = 32 carriers).

k= 0 1 2 3 4

Reference carrier

—— Adjacent carrier

Fig. 7.10 Spectrum of adjacent carriers with OFDM modulation (source: Revue de I'UER,
no. 224). © EBU/UER (August 1987)
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Fig. 7.11 Spectrum of an OFDM signal with 32 carriers (source: Revue de I'UER, no.
224). © EBU/UER (August 1987)

However, in real terrestrial receiving conditions, signals coming
from multiple indirect paths added to the direct path mean that the
condition of orthogonality between carriers is no longer fulfilled,
which results in inter-symbol interference. This problem can be
circumvented by adding a guard interval A before the symbol
period T in order to obtain a new symbol period T, = A+ Ts.
This guard interval is generally equal to or less than Ty/4; it is
occupied by a copy of the end of the useful symbol (Fig. 7.12).

In order to simplify filtering and to avoid any aliasing due to
sampling, the bandwidth has to be less than half the sampling
frequency, which requires suppression of a certain number of car-
riers at the two extremities of the band (for example, N' = 28
instead of N’ = 32).

< A > < ‘useful’ symbol >
f |
copy

Fig. 7.12 Elaboration of the guard interval
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In general N is much greater than 32, and the relative importance
of the secondary lobes is much smaller than in Fig. 7.11.

For terrestrial digital television, the DVB technical module has
retained an OFDM modulation with 2048 carriers (2K) or 8192
carriers (8K), for which the spectrum can be considered as virtually
rectangular (Fig. 7.13).

The DVB-T standard is mainly used on 8 MHz wide UHF
channels in Europe but it has been designed to accommodate also
channels of 7 MHz (VHF Europe, Australia, etc.) and 6 MHz
(Americas, Japan, Korea, etc.) and thus can accommodate any
existing channel system in the world.

It has also been designed in order to be able to coexist with
analogue television transmissions thanks to a good protection
against adjacent channels interference (ACI) and against interfer-
ence from within the channel itself (co-channel interference or
CCI).

Table 7.6 summarizes the main parameters of DVB-T for Euro-
pean channels of 7 or § MHz.

In order to adapt the bitstream to the OFDM modulation and in
order to further increase the robustness of the system, after an

X

-8 -6 —4 -2 0 2 4 6 8
Frequency relative to the central frequency

Fig. 7.13 Spectrum of a DVB-T channel with a guard interval of Ts/4 (8 or 2K
OFDM)
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Table 7.6 Main parameters of the DVB-T terrestrial system (OFDM 2K or 8K
modulation)

Parameter 8K/8 MHz 8K/7MHz 2K/8MHz 2K/7MHz

1705 (0 to 1704)
1

Total number of carriers (N') 6817 (0 to 6816)

‘Useful’ carriers (data) 6048 512
Scattered pilot carriers 524 131
Continual pilot carriers 177 45
Signalling carriers (TPS) 68 17
‘Useful’ symbol duration (Ts) 896 us 1024 ps 224 s 256 s

1116.07Hz 976.65Hz 4464.28 Hz 3906.25 Hz
761MHz 6.66MHz 7.61MHz 6.66MHz

Carrier spacing (1/T5)

Distance between cxtreme
carriers

Guard interval (A)

Individual carrier modulation

Hierarchical modes

T./4,Ts/8,T/16 or Ts/32
QPSK, 16-QAM or 64-QAM
a=lora=2o0ora=4

identical channel coding to the DVB-S satellite system, data follow
a complex process of interleaving, which happens in two steps:

e A first interleaving process at the ‘bit’ level is applied and forms
matrices of 126 words of 2, 4 or 6 bits depending on the
modulation chosen for the individual (QPSK, 16-QAM or
64-QAM).

o These matrices are then grouped by 12 (2K mode) or 48 (8K
mode) in order to form OFDM symbols of 1512 x 2 bits (2K
mode in QPSK) up to 6048 x 6 bits (8K mode in 64-QAM) which
will be used to modulate the 1512 or 6048 useful carriers.

Given their very high number, these carriers are of course not
modulated individually; this is done by means of an inverse Fast
Fourier Transform (iFFT) on 2048 points (2K mode) or 8192
points (8K mode), which converts the complex input data from
the time domain to the frequency domain.

In 8K mode, the long symbol duration (896 us in the case of 8
MHz channels), combined with the maximum guard interval (A = 1/4,
corresponding to 224 us), allows satisfactory reception even in
the presence of very long echos (difference between path lengths
of up to many tens of kilometres), which allows the creation of
wide area coverage networks using the same channel everywhere
(they are called single frequency networks or SEN), made of trans-
mitters which may be many tens of kilometres from each other.

The 2K mode (Note 7.2) is in principle simpler to implement at
the demodulator side, but this simplification is balanced by a
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division by four of the maximum acceptable echo distance, which
makes it unsuitable for single frequency networks, as well as by a
weaker immunity against impulsive noise interferences, such as
those generated by ignition of older car engines or some electrical
domestic appliances.

However, the carrier spacing in 2K mode, which is four times
bigger than in 8K mode, divides by four the Déppler effect which
happens in case of mobile reception, thus allowing reception at
high speed (up to 250 km/h at the upper end of the UHF band in
2K mode; the maximum allowed speed is four times less in 8K
mode). The maximum speed is also inversely proportional to the
channel frequency, so that use of VHF would allow high speeds
even with the 8K mode.

The DVB-T standard includes a possibility of hierarchical cod-
ing by means of a non-uniform QAM modulation of the carriers,
which features on the constellation a greater distance between
adjacent states located in different quadrants than between adja-
cent states belonging to the same quadrant. Non-uniform con-
stellations are defined by a parameter that can take three
values (o = 1, 2 or 4), which define the distance between the sub-
constellations of each quadrant.

Figure 7.14 represents the constellation of an example of non-
uniform QAM modulation.

This allows the simultaneous transmission of a high priority (HP)
bitstream which modulates the two MSBs of a 16-or 64-QAM
transmission, thus enabling the receiver to consider it as a noisy
QPSK signal, and a second low priority (LP) bitstream modulating
the remaining LSBs which requires a better C/N at the receiver side
for error-free reception. The high priority bitstream is very robust,
but at relatively low bit-rate, whereas the low priority bitstream can
have a higher bit-rate, but with less robustness.

Applications of hierarchical coding can be either the broadcast-
ing on the same RF channel of programmes which can be received
in different conditions, or the same programme which can be
received with different resolution characteristcs (e.g. SD or HD)
depending on receiving conditions.

Simultaneous broadcasting in the same RF channel of a very
robust QPSK bitstream allowing satisfactory mobile reception of a
standard definition transmission and of a QAM bitstream at higher
bit-rate allowing transmission of one high definition or many
standard definition programmes, intended for fixed reception
with a good aerial, is thus possible.

The DVB-T signal is organized in successive frames made of 68
symbols. Four successive frames compose a superframe of 272
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Fig. 7.14 Example of a non-uniform 16-QAM constellation

symbols which allow the transmission of an integer number of RS
protected packets of 204 bytes, avoiding the need to insert stuffing
bytes, whichever parameters allowed by the standard are used.

In order to help the receiver to acquire the signal and to inform it
of the modulation and channel coding parameters, the OFDM
signal includes carriers which are not modulated by the ‘useful’
bitstream (see Table 7.6).

There are continual pilot carriers which have a fixed position,
scattered pilot carriers which shift by three positions at each new
symbol and transmission parameter signalling (TPS) carriers.

Continual pilot carriers are transmitted at a higher power level
than other carriers and are modulated by a pseudo-random
sequence (PRBS) with X! + X? 4 1 as the generating polynom.

e
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e o aEes | 14 bits
Ref Synchronization TPS parameters Parity

Fig. 7.15 Structure of the TPS frame

They allow the receiver to synchronize and to make a channel
estimation (evaluation of the channel alteration due to multiple
trajects, etc.) in view of its correction.

TPS carriers transmit at very low rate all the parameters of the
transmission by means of a very robust differential BPSK modula-
tion (1 bit/symbol). They allow an accelerated acquisition of the
signal as well as a quick response to an eventual change in the
parameters to the receiver.

All TPS carriers transmit simultaneously the same jnformation
bit.

This very high redundancy makes decoding of the TPS informa-
tion possible even when the signal is totally unusable for satisfac-
tory reception.

The TPS information is transmitted once per frame (68 symbols),
thus its length is 68 bits (Fig. 7.15).

Table 7.7 shows the detailed TPS bit allocation. .

Figure 7.16 represents a block diagram of the DVB-T channel
coding and modulation process (specific blocks to DVB-T are in

Table 7.7 Detailed bit allocation of the TPS information

Bits Allocation

b0 Initialization of the BPSK modulator (derived from the reference
PRBS)

bl-bl6  Synchronization sequence (0011010111101110 inverted at each frame)

b17-b22 Number of useful TPS bits (currently 010111 = 23 decimal)
b23-b24 Current frame number (00 = 1,01 = 2,10 = 3,11 = 4)
b25-b26 Carrier modulation (00 = QPSK, 01 = 16 QAM, 10 = 64 QAM,
11 = reserved)
b27-b29 o value (000 = non-hierarchical, 001 = 1,010 = 2,011 = 4,1,
1xx = reserved)
b30-b32 Code rate of unique or HP bitstream (000 = 1/2,001 = 2/3,
010 =3/4,011 = 5/6,
100 =7/8,101...111 =
reserved)
b36-b37 Guard interval (00 = 1/32,01 = 1/16,10 = 1/8,11 = 1/4)
b38-b39 OFDM mode (00 = 2K,01 = 8K, 10 and 11 = reserved)
b40-b53 Reserved (all bits at 0)
b54-b67 Parity (calculated on the whole TPS message with code
BCH 127, 113, t=2)

b33-b35 Code rate of LP bitstream (hierarchical)
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Fig. 7.16 The main steps of channel coding and modulation of DVB-T

da.rk grey). This diagram although very simplified, shows that
thlsuprocess is much more complex than the case of cable or
satellite.

The DVB-T specification was finalized in 1997 and filed by ETSI
under the reference ETS 300 744.

Exercise: Calculation of the useful bit-rate in a common DVB-T
transmission example (UK case):

e 8 MHz channel;

¢ 2K mode (8K or 2K is unimportant for the bit-rate);
e modulation: 64-QAM;

e guard interval: 1/32;

e puncturing rate: 2/3.

We have 1512 useful carriers modulated in 64-QAM (6 bits/sym-

bpl) with a symbol frequency of 4464.286 Hz, which gives a brutto
bit-rate of:

1512 x 6 x 4464.286 = 40500 Mb/s

The bit-rate calculation must take into account the guard interval

(i.e. 32/33 with A =1 /32) and the channel coding overheads (i.e.

%{3 for puncturing and 188/204 for RS coding), therefore the useful
1t-rate:

40 500 x 32/33 x 2/3 x 188/204 = 24 128 Mb/s
This bit-rate, depending on the trade-off between picture quality

and number of programmes per channel chosen by the broadcaster,
allows transmission of four to six TV programmes.




108  Modulation by digital signals

Table 7.8 Main characteristics of DVB compliant digital TV signals

Cat. Parameter Cable (DVB-C) Satellite (DVB-S)  Terrestrial (DVB-T)

MPEG-2 video (MP@ML)
MPEG-1 audio (layer II), AC-3 allowed additionally
MPEG-2 system
DVB-CSA (common scrambling algorithm)
188 bytes (before FEC)
L4 X"+ x
Reed-Solomon (204, 188, T' = 8)
Forney, depth = 12

Source  Video coding
Audio coding
Multipexing
Scrambling

Channel Transport packet
Energy dispersal
External coding
Interleaving

Internal coding Absent Convolutive, R, = 1/2,2/3,3/4,5/6 or 7/8
Mod Roll-off factor 15% 35% NA
Modulation QAM 16 to 64 QPSK OFDM 2K/8K

Channel width 8 MHz (6 and 7 poss.) 27 ~ 36MHz 6, 7 or 8 MHz

Depending on the trade-off between robustness and bit-rate
chosen by the broadcaster (or the broadcasting regulation author-
ity), the DVB-T system can carry the following minimum and
maximum bit-rates in an 8 MHz channel:

Minimum bit-rate: 4.98 Mb/s (QPSK modulation, guard interval
1/4, code rate 1/2)

Maximum bit-rate: 31.67 Mb/s (64-QAM, guard interval 1/32,
code rate 7/8)

One can see that the bit-rate can vary in a ratio from 1 to more
than 6!

7.5 Summary of DVB transmission characteristics
(cable, satellite, terrestrial)

Table 7.8 summarizes the main characteristics of the transmissions
following the DVB standard for the three transmission media.

One can remark that source coding is common to all three media
and that channel coding is simpler for cable transmissions, and that
all media use different, optimized modulations.

Note 7.1

The Ey,/N, ratio (average bit energy/noise density) is preferred
over the C/N ratio (or CNR) for digital modulations, as it takes
into account the number of states of the modulation. In fact,
these two ratios, which describe the same physical reality, are
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related. Ey /N, is related to Es/N, (average symbol energy/noise
density) as follows:

Ey/No = Eg/N,log, M
where M represents the number of states of the modulation

(e.g. four for QPSK, 64 for 64-QAM). E,/N, is itself related
to C/N by the equation:

E/No=(C/N) X Beq x T

where B, is the equivalent noise band (=~ channel width BW)
and T is the symbol period. From this comes the relationship
between Ey /N, and C/N (without FEC):

Ey/No =~ (C/N) x BW x T/log, M

C/N and Ep/N, are usually expressed in dB; this relation
becomes then:

E},/N,(dB) = C/N(dB) + 10log[BW x T/log,(M)].
In addition, it is referred to the symbol rate Ry = 1/7, so:

Ey,/No(dB) = C/N(dB) + 101og[BW /R, x logs (M)
et C/N(dB) = E}, /N, (dB) + 101log[Rs X log,(4)/BW]

In the case of satellite, M = 4 (QPSK); if BW = 33 MHz and
R; = 27.5 Ms/s, then:

C/N = Ey/N, + 2.2(dB)

Note 7.2

The United Kingdom started the first digital terrestrial TV
service based on the DVB-T standard at the end of 1998 (On-
Digital bouquet, recently renamed ITV Digital).

It was decided then to use the 2K version of DVB-T because
the first circuits available at that time were only supporting this
mode, resulting in a significant cost reduction of the receiver,
which, however, disappeared rapidly, since all demodulators
soon supported all possible combinations of the DVB-T
standard.




Reception of digital TV
signals

8.1 Global view of the transmission/reception
process

As a summary of the various concepts explained in the previous
chapters, and as an introduction to the description of an integrated
receiver decoder (IRD or more commonly set-top box), we will
briefly and in simple terms review the various processing steps the
TV signal has to follow from the source to the display on the end
user’s screen.

The upper portion of Fig. 8.1 (similar to Fig. 2.6) illustrates the
steps on the transmission side, which has to deliver a multiplex of
MPEG-2 programmes on one RF channel:

< Source coding/decoding —>
selection

| ol

Fig. 8.1 The complete DVB transmission/reception chain
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@ Video and audio signals of the programmes to be broadcast are
each put through an MPEG-2 encoder which delivers the video
and audio PESs to the multiplexer (about four to eight
programmes per RF channel depending on the parameters
chosen for the encoding).

@ These PESs are used by the multiplexer to form 188 byte
transport packets, which are eventually scrambled (CAT tables
carrying conditional access information ECM/EMM are
inserted in this case), as well as the PAT, PMT, PSI and
DVB-SI tables for the electronic program guide (EPG).

® The RS error correction increases the packet length to 204
bytes; in the case of satellite, the convolutional coding further
multiplies the bit-rate by a factor of between 1.14 (R; = 7/8)
and 2 (R, = 1/2); formatting of the data (symbol mapping)
followed by filtering and D/A conversion produce the T and Q
analogue signals.

@ The I and Q signals modulate (QPSK for satellite and QAM for
cable) an IF carrier (intermediate frequency of the order of
70 MHz).

® This IF is up-converted into the appropriate frequency
band (depending on the medium) for transmission to the end users.

In the case of satellite, the frequency change will bring it to the
required value for the uplink to the satellite transponder, where it
will again be frequency converted for diffusion to the end users in
the KU band (from 10.7 to 12.75 GHz).

Direct diffusion by cable is relatively rare in Europe, and most of
the time the process involves a satellite and a head-end station
which ensures QPSK demodulation/QAM remodulation and
transposition on the appropriate VHF or UHF channel.

The lower portion of Fig. 8.1 shows the complementary steps
which take place on the receiver side; these are, in fact, the reverse
of those on the transmission side:

® In the case of satellite, an initial down-conversion takes place
in the antenna head (low noise converter, LNC), which brings
the frequency into the 9502150 MHz range (input of the
IRD), where it undergoes a second down-conversion (after
RF channel selection) to an intermediate frequency that
is usually 480 MHz. For cable, there is only one down-
conversion from the VHF/UHF channel to an IF of
36.15 MHz in Europe.




112 Reception of digital TV signals

@ The coherent demodulation of this IF delivers the I and Q
analogue signals.

After A/D conversion, filtering and reformatting of I and Q
(symbol demapping), the forward error correction recovers the
transport packets of 188 bytes.

® The demultiplexer selects the PES corresponding to the
programme chosen by the user, which may previously have
been descrambled with the help of the ECM, EMM and the user
key (smart card).

The MPEG-2 decoder reconstructs the video and audio of the
desired programme.

8.2 Composition of the integrated receiver
decoder (IRD)

We have seen above the main steps in the digital TV transmission
and reception processes, which indicate the basics of the IRD
architecture. We will now go into a little more detail, without,
however, going down to the level of electrical diagrams since this
would offer little, due to their very great complexity. In fact,
without even taking into account the cost of such an énterprise, it
is practically out of the question for an individual to build their
own IRD. In addition to the great difficulty associated with find-
ing, assembling and testing the required components, even with the
tools available to a clever electronic amateur (the main ICs
can have more than 200 pins), the greatest difficulty is on the
software side, which represents tens of man-years of work, involv-
ing very diverse specialities. Deep software layers are closely linked
to the hardware, intermediate layers to the broadcast standard,
and the highest layers to the network for which it is designed, and
this is often partly defined by the broadcaster.

In addition, the technological evolution in this field is extremely
rapid, in order to take advantage of the continuous progress of
integration (the lifetime of a hardware generation will probably not
exceed 1 year, with overlaps between generations in production).
This is required in order to reduce, as quickly as possible, the cost
of the digital IRD, which is currently much more expensive than its
analogue predecessor, largely due to the cost of the memory
required (fortunately, the cost of this memory has dropped a lot
in recent months).
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8.2.1 The satellite integrated receiver decoder

The block diagram in Fig. 8.2 represents the main functional
blocks of a 1995/96 satellite IRD and their interconnection. It
does not necessarily correspond to the partitioning used by all
chip makers for manufacture of the ICs. This partitioning can
vary substantially from supplier to supplier, and depends on the
integration level, which increases quickly between two successive
hardware generations.

The signals received from the satellite (frequencies ranging from
10.7 to 12.75 GHz; see Appendix C) are amplified and down-
converted (in two bands) into the 950-2150 MHz range by the
low noise converter (LNC) located at the antenna focus, and
applied to the IRD’s input.

Tuner

The tuner (sometimes called the ‘front end’), generally controlled
by an I>C bus, selects the required RF channel in the
950-2150 MHz range, converts it into a 480 MHz IF and achieves
the required selection by means of a surface acoustic wave filter
(SAW); the signal is amplified and coherently demodulated
according to the 0° and 90° axes to obtain the analogue I and Q
signals. Recovery of the carrier phase required for demodulation
is carried out in combination with the next stages of the receiver
which lock the phase and the frequency of the local oscillator by
means of a carrier recovery loop. Satellite tuners are nowadays of
the zero IF (ZIF) type: the I/Q demodulation is directly per-
formed at the input frequency from the LNB without frequency
down-conversion, which allows a significant cost reduction
mainly due to the removal of the SAW filter, the required select-
ivity being performed by means of a low-pass filter integrated in
the IC.

Analogue-to-digital converter (ADC)

The ADC receives the analogue I and Q signals which it converts at
twice the symbol frequency Fsymp (of the order of 30 MHz in
Europe). In most cases, this is done by means of a dual ADC
with 6-bit resolution which has to work with a sampling frequency
of more than 60 MHz. Here again, the sampling frequency is
locked to the symbol frequency by means of a phase locked loop
(clock recovery loop).
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QPSK

The QPSK block, in addition to its functions of carrier and clock
| recovery loops mentioned before, carries out the half-Nyquist

filtering complementary to that applied on the transmitter side to
the I 'and Q signals. Digitized I and Q signals are delivered on 2 x 3
or 2 x 4 bits of the next functional block (FEC).

Forward error correction (FEC)

The FEC block distinguishes, by means of a majority logic, the ‘0’s
from the ‘1’s and achieves the complete error correction in
the following order: Viterbi decoding of the convolutional code,
de-interleaving, Reed—Solomon decoding and energy dispersal
de-randomizing; the output data are 188 byte transport packets
which are generally delivered in parallel form (8 bit data, clock and
control signals, of which one generally indicates uncorrectable
errors).

The three blocks — ADC, QPSK and FEC — now form a single
integrated circuit (single chip satellite channel decoder).

-—r-
Sord
a
3ord

Descrambler

The DESCR block receives the transport packets and commu-
nicates with the main processor by a parallel bus to allow quick
data transfers. It selects and descrambles the packets of the
required programme under control of the conditional access
device. This function is sometimes combined with the demulti-
plexer.

50t8 |

Demultiplexer

The DEMUX selects, by means of programmable ‘filters’, the PES
packets corresponding to the programme chosen by the user.

950-2150 MHz

Satelite
antenna

MPEG

The audio and video PES outputs from the demultiplexer are
applied to the input of the MPEG block, which generally combines
MPEG audio and video functions and the graphics controller
functions required, among other things, for the electronic pro-
gramme guide (EPG). MPEG-2 decoding generally requires at
least 16 Mbits of DRAM (sometimes more for decoding 625-line
signals, depending on the capabilities of the memory management).

Fig. 8.2 Block diagram of a DVB satellite receiver (1995/96 generation) (the dotted lines represent functions which are sometimes combined)
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Digital video encoder (DENC)

Video signals reconstructed by the MPEG-2 decoder (digital YUV
signals in CCIR 656 format) are then applied to a digital video
encoder (DENC) which ensures their conversion into analogue
RGB + sync. for the best possible quality of display on a TV set
via the SCART/PERITEL plug and PAL, NTSC or SECAM
(composite and/or Y/C) mainly for VCR recording purposes.

Digital-to-analogue converter (DAC)

Decompressed digital audio signals in IS format or similar are fed
to a dual digital-to-analogue converter (DAC) with 16 bits or more
resolution which delivers the analogue left and right signals.

Microprocessor

The whole system is controlled by a powerful 32 bit RISC micro-
processor {uP), which controls all the circuitry, interprets user
commands from the remote control, and manages the smart card
reader(s) and the communication interfaces which are generally
available. The software amounts to many hundreds of kilobytes,
which are partly located in a flash EPROM in order to permit
optional updates during the lifetime of the product (off air or via
the communication ports).

The four blocks - DEMUX, MPEG, DENC and pP — are now
integrated in a single IC, often referred to as a ‘single chip source
decoder’.

Smart card readers

The conditional access device generally includes one or two of these
(one might be for a banking card, for instance). In the case of a
detachable conditional access module using the DVB-CI common
interface (manifested in the shape of PCMCIA slots), the condi-
tional access circuits and the descrambler are located in the detach-
able PCMCIA module. The demultiplexer integrated into the IRD
receives the packets ‘in the clear’ (descrambled).

Communication ports

The IRD can communicate with the external world (PC, modem,
etc.) by means of one or more communication ports. The traditional
RS232 (serial) and IEEE1284 (parallel) ports tend to be progres-
sively replaced by a much quicker USB port. These ports, as well as
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a telephone line interface (via an integrated modem), are the neces-
sary connection points required for interactivity and access to new
services (pay per view, teleshopping, access to networks).

8.2.2 The cable integrated receiver decoder

Basic receiver (without return channel)

The block diagram for this IRD is shown in Fig. 8.3 and, in
principle, differs from its satellite counterpart only in respect of
the tuning, demodulation and channel decoding parts which are
suited to the cable frequency bands (UHF/VHF) and the QAM
modulation prescribed. We will therefore limit the description
below to those blocks specific to the cable application.

Tuner

The tuner selects the desired channel in the cable band (VHF/UHF
from 50 to 860 MHz), converts it into an IF frequency, Fig, centred on
36.15MHz, and achieves the appropriate selection by means of a
SAW; after amplification, the IF signal is down-converted to the
symbol frequency (Fsymp = 6.875MHz) by means of a mixer
oscillator of which the frequency (Fosc = Fir + Fsyms =
43.025MHz) and phase are controlled by a carrier recovery loop
from the following QAM demodulator. The recent QAM demodula-
tors (from 2000 onwards) can accept directly the IF at 36.15MHz,
which avoids the need of the above-mentioned down-conversion stage.

ADC

In the traditional approach (dual conversion), the transposed QAM
signal is applied to an analogue-to-digital converter (ADC) with a
resolution of 9 or 10 bits (< 256-QAM) working at a sampling
frequency generally equal to four times the symbol frequency F.
The sampling frequency is locked to the symbol frequency by means
of a clock recovery loop coming from the next block (QAM). In a
single conversion application (direct IF sampling) the signal at
36.15 MHz is most often undersampled at a frequency in the order
of 20 MHz, not necessarily linked to the symbol frequency.

QAM

This is a key element in the channel decoding process: starting
with the digital QAM signal, it performs digital demodulation and






