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PREFACE

On November 11,1994 the ISO* Moving Picture
Experts Group, known as MPEG, approved the
Audio/Video digital compression standard known
as MPEG-2. Two months later on January 27,
1995, the ITU-T' Rapporteurs Group on ATM
Video approved the H.310 series of standards,
which incorporates MPEG-2 into a coherent
framework for two-way digital Audio/Video com-
munications. It is probably not an understatement
to say that these standards represent one of the
most versatile, and perhaps most complicated,
communication standards ever written.

In this book we first explore the history, funda-
mentals, and details of MPEG-2. The treatment
includes most of the specifics needed to implement
an MPE1G-2 Decoder, including the syntax and
semantics of the coded bitstreams. However,
MPEG-2 Encoders are not specified by the standard.
Indeed the optimization of encoder parameters is

*|nternational Organization for Standards.

an art that many vendors keep as a closdly held
secret. Thus, in this book we can only outline the
fundamentals of encoder design and agorithm
optimization.

We then launch into MPEG-2 applications with
chapters on digital video delivery media, interac-
tive television, High-Definition Teevison
(HDTV), three dimensional stereoscopic television
and VLSl implementation architectures. We finish
up with a progress report on MPEG-4, followed by
an Appendix containing a resource guide of
MPEG Web sites.

Although the basic framework has been estab-
lished, MPEG-2 continues to evolve and to be
applied in a wide variety of applications ranging
from video conferencing to High-Definition Televi-
sion. This only serves to reinforce the old adage
that the more useful a standard is, the more likely it
isto be changed.

TInternational Telecommunications Union—Tel ecommunications Sector.
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1

Introduction to Digital Multimedia,

Compression,

and MPEG-2

1.1 THEDIGITAL REVOLUTION

It is practically a cliché these days to claim that &l
electronic communications is engaged in a digital
revolution. Some communications media such as
the telegraph and telegrams were adways digital.
However, amost al other electronic communica-
tions started and flourished as analog forms.

In an analog communication system, a trans-
mitter sends voltage variations, which a receiver
then uses to control transducers such as loudspeak-
ers, fax printers, and TV cathode ray tubes (CRTS),
as shown in Figure 1.1. With digital, on the other
hand, the transmitter first converts the controlling
voltage into a sequence of Os and 1s (caled hits),
which are then transmitted. The receiver then
reconverts or decodes the bits back into a replica of
the original voltage variations.

The main advantage of digita representation of
information is the robustness of the bitstream. It
can be stored and recovered, transmitted and
received, processed and manipulated, al virtually
without error. The only requirement is that a zero
bit be distinguishable from a one bit, a task that is
quite easy in dl modern sgna handling systems.
Over the years, long and medium distance tele-
phone transmissions have al become digital. Fax
transmission changed to digital in the 1970s and
80s. Digitized entertainment audio on compact

disks (CDs) has completely displaced vinyl records
and almost replaced cassette tape. Digital video
satellite is available in severa countries, and digital
video disks havejust arrived in the market. Many
other video delivery media are aso about to
become digital, including over-the-air, coaxid
cable, video tape and even ordinary telephone
wires. The pace of this conversion is impressive,
even by modern standards of technological inno-
vation.

Almost al sensory signals are analog a the
point of origination or at the point of perception.
Audio and video signals are no exception. As an
example, television, which was invented and stan-
dardized over fifty years ago, has remained mostly
analog from camera to display, and a plethora of
products and services have been built around these
analog standards, even though dramatic changes
have occurred in technology. However, inexpensive
integrated circuits, high-speed communication net-
works, rapid access dense storage media, and com-
puting architectures that can easily handle video-
rate data are now rapidly making the analog
standard obsol ete.

Digitd audio and video signds integrated with
computers, telecommunication networks, and con-
sumer products are poised to fuel the information
revolution. At the heart of this revolution is the
digital compression of audio and video signals.

Peloton - EX1020, Page 16*
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2 Introduction to Digital Multimedia, Compression, and MPEG-2

> microphone loud - AU
ns transducer speaker
sound voltage voltage voltage | transducer sound
variations variations variations
transmitter receiver
amplifier amplifier
Analog Transmission System
p» |mMicrophone 0100011110101 loud - A
n transducer | speaker
sound voltage binary voltage | transducer sound
variations digits variations
) (bits) .
transmitter receiver
encoder decoder
Digital Transmission System
Fig. 1.1  Analog communication systems send voltage variations that track in analogous fashion the waveforms produced by

transducers such as microphones, tax scanners, and so forth. Digital systems first convert or encode the waveforms into a string of Os

and Is called b, "The bits are then sent to a receiver, which decodes the bits back into an approximation of the original waveform.

This chapter summarizes the benefits of digitiza-
tion as well as some of the requirements for the
compression of the multimedia signals.

1.1.1 Being Digital

Even though most sensory signals are analog,
the first step in processing, storage, or communica-
tion is usually to digitize the signals into a string of
bits. Analog-to-cligital converters that digitize such
signals with required accuracy and speed have
become inexpensive over the years. The cost or
quality of digitization therefore is no longer an
issue. However, simple digitization usually results
in a bandwidth expansion, in the sense that transmit-
ting or storage of these bits often takes up more
bandwidth or storage space than the original ana-
log signal. In spite of this, digitization is becoming

universal because of the relative ease of handling
the digital signal versus the anaog. In particular,
signal processing for enhancement, remova of
artifacts, transformation, compression, and so forth
is much easier to do in the digital domain using a
growing family of specialized integrated circuits.
One example of this is the conversion from one
video standard to another (eg., NTSC to PAL*).
Sophisticated adaptive algorithms required for
good picture quality in standards conversion can
be implemented only in the digital domain. Anoth-
er example is the editing of digitized signals. Edits
that require transformation (e.g., rotation, dilation
of pictures or time-warp for audio) are significantly
more difficult in the analog domain.

The density of today's digital storage media
continues to increase, making storage of digital
multimedia signals practical. With digital storage,

*NTSC and PAL are analog composite color TV standards. Japan and North America use NTSC. Most of Europe, Australia

etc. use PAL.
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Introduction to Digital Multimedia, Compression, and MPEG-2 3

the quality of the retrieved signal does not degrade
in an unpredictable manner with multiple reads as
it often does with analog storage. Also, with today’s
database and user interface technology, a rich set
of interactions is possible only with stored digital
signals. For example, with medica images the
quality can be improved by noise reduction and
contrast enhancement algorithms. Through the
use of pseudo color, the visibility of minute varia-
tions and patterns can be greatly increased.

Mapping the stored signal to displays with dif-
ferent resolutions in space (number of lines per
screen and number of samples per line) and time
(frame rates) can be done essily in the digital
domain. A familiar example of this is the conver-
sion of film,* which is ailmost always at a different
resolution and frame rate than the television signal.

Digital signals are also consistent with the evolv-
ing telecommunications infrastructure. Digital
transmission allows much better control of the
quality of the transmitted signal. In broadcast tele-
vision, for example, if the signa were digital, the
reproduced picture in the home could be identical
to the picture in the studio, unlike the present situ-
ation where the studio pictures look far better than
pictures a home. Finally, analog systems dictate
that the entire television system from camera to
display operate at a common clock with a stan-
dardized display. In the digita domain consider-
able flexibility exists by which the transmitter and
the receiver can negotiate the parameters for scan-
ning, resolution, and so forth, and thus create the
best picture consistent with the capability of each
sensor and display.

1.2 THE NEED FOR COMPRESSION

With the advent of fax came the desire for faster
transmission of documents. With a limited bitrate
available on the PSTN, the only means available
to increase transmission speed was to reduce the
average number of bits per page, that is, compress

the digital data. With the advent of video confer-
encing, the need for digital compression® was even
more crucial. For video, smple sampling and bina-
ry coding of the camera voltage variations pro-
duces millions of bits per second, so much o that
without digital compression, any video conferenc-
ing service would be prohibitively expensive.

For entertainment TV, the shortage of over-the-
air bandwidth has led to coaxia cable (CATV?)
connections directly to individual homes. But even
today, there is much more programming available
via satellite than can be carried on most analog
cable systems. Thus, compression of entertainment
TV would alow for more programming to be car-
ried over-the-air and through CATV transmission.

For storage of digital video on small CD sized
disks, compression is absolutely necessary. There is
currently no other way of obtaining the quality
demanded by the entertainment industry while at
the same time storing feature length films, which
may last up to two hours or longer.

Future low bitrate applications will also require
compression before service becomes viable. For
example, wireless cellular video telephony must
operate at bitrates of a few dozen kilobits per sec-
ond, which can only be achieved through large
compression of the data. Likewise, video retrieval
on the InterNet or World Wide Web is only feasi-
ble with compressed video data.

1.2.1 Whatls Compression?

Most sensory signals contain a substantial
amount of redundant or superfluous information.
For example, a television camera that captures 30
frames per second from a stationary scene produces
very similar frames, one after the other. Compres-
sion attempts to remove the superfluous informa-
tion s0 that a single frame can be represented by a
smaller amount of finite data, or in the case of
audio or time varying images, by a lower data rate.

Digitized audio and video signals contain a sig-
nificant amount of dsatistical redundancy. That is,

*Most commercial movie film operates at 24 frames per second, whereas U.S. Broadcast TV operates at approximately 30

frames per second.
"Public Switched Telephone Network.
*Community Antenna Television.
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4 Introduction to Digital Multimedia, Compression, and MPEG-2

samples arc similar to each other so that one sam-
ple- can be predicted (airly accurately from another.
By removing the predictable or similarity compo-
nent from a stream of samples, the data rate can
be reduced. Such statistical redundancy can be
removed without destroying any information what-
soever. That is, the original uncompressed data can
be recovered exactly by various inverse operations.
Unfortunately, the techniques lor accomplishing
this depend on the probabilistic characterization of
the signal. Although many excellent probabilistic
models of audio and video signals have been pro-
posed, serious limitations continue to exist because
of the nonstationarity of the signal statistics. In
addition, statistics may vary widely from applica-
tion to application. A football game captured by a
video camera shows very different correlations of
samples compared to the head and shoulders view
of people engaged in video telephony.

The second type of superfluous data is the
information that a human audio—visual system can
neither hear nor see. We call this perceptual redundan-
cy. If the primary receiver of the multimedia signal
is a human (rather than a machine as in the case of
some pattern recognition applications), then trans-
mission or storage of the information that humans
cannot perceive is wasteful. Unlike statistical
redundancy, the removal of information based on
the limitations of the human perception is irre-
versible. The original data cannot be recovered fol-
lowing such a removal. Unfortunately, human per-
ception is very complex, varies from person to
person, and depends on the context and the appli-
cation. Therefore, the art and science of compres-
sion still has many frontiers to conquer even
though substantial progress has been made in the
last two decades.

1.2.2 Advantagesof
Compression

The biggest advantage of compression is in data
rate reduction. Data rate reduction reduces trans-
mission costs, and where a fixed transmission
capacity is available, results in a better quality of
multimedia presentation. As an example, asingle 6-

*NTSC uses 6-MHz analog bandwidth. PAL uses more.

MHz analog* cable TV channel can carry between
four and ten digitized, compressed, audio visual
programs, thereby increasing the overall capacity
(in terms of the number of programs carried) of an
existing cable television plant. Alternatively, a single
6-MHz broadcast television channel can carry a
digitized, compressed High-Definition Television
(HDTV) signa to give a significantly better audio
and picture quality without additional bandwidth.
We shall discuss in detail the applications of com-
pressed digital TV in Chapters 12 through 15.

Data rate reduction aso has a significant
impact on reducing the storage requirements for a
multimedia database. A CD-ROM will soon be
able to carry a full length feature movie com-
pressed to about 4 Mbits/s. Thus, compression not
only reduces the storage requirement, but aso
makes stored multimedia programs portable in
inexpensive packages. In addition, the reductioti of
data rate allows processing of video-rate data with-
out choking various resources (e.g., the main bus)
of either a personal computer or a workstation.

Another advantage of digital representation/
compression is for packet communication. Much
of the data communication in the computer world
is by self-addressed packets. Packetization of digi-
tized audio—video and the reduction of packet rate
due to compression are important in sharing a
transmission channel with other signals as well as
maintaining consistency with telecom/computing
infrastructure. The desire to share transmission
and switching has created a new evolving standard,
called Asynchronous Transfer Mode (ATM), which
uses packets of small size, called cells. Packetization
delay, which could otherwise hinder interactive
multimedia, becomes less of an issue when packets
are small. High compression and large packets
make interactive communication difficult, particu-
larly for voice.

1.3 CONSIDERATIONS FOR
COMPRESSION

The algorithms used in a compression system
depend on the available bandwidth or storage

Peloton - EX1020, Page 19
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Introduction to Digital Multimedia, Compression, and MPEG-2 5

capacity, the features required by the application,
and the affordability of the hardware required for
implementation of the compression agorithm
(encoder as well as decoder). This section describes
some of the issues in designing the compression
system.

1.3.1 Quality

The quality of presentation that can be derived
by decoding the compressed multimedia signa is
the most important consideration in the choice of
the compression algorithm. The goal is to provide
near-transparent coding for the class of multime-
dia signals that are typicaly used in a particular
service.

The two most important aspects of video quali-
ty are spatial resolution and temporal resolution. Spa-
tial resolution describes the clarity or lack of blur-
ring in the displayed image, while temporal
resolution describes the smoothness of motion.

Motion video, like film, consists of a certain
number of frames per second to adequately repre-
sent mation in the scene. The first step in digitizing
video is to partition each frame into a large num-
ber of picture elements, or pels* for short. The larger
the number of pels, the higher the spatial resolu-
tion. Similarly, the more frames per second, the
higher the temporal resolution.

Pels are usually arranged in rows and columns,
as shown in Fg. 1.2. The next step is to measure
the brightness of the red, green, and blue color
components within each pel. These three color
brightnesses are then represented by three binary
numbers.

1.3.2 Uncompressed versus
Compressed Bitrates
For entertainment television in North America

and Japan, the NTSC' color video image has
29.97 frames per second; approximately 480 vis-

pel

Video Frame

Fig. 1.2 Frames to be digitized are first partitioned into a large number of picture elements, or pels for short, which are typically

arranged in rows and columns. A row of pels is called a scan line.

*Some authors prefer the slightly longer term pixels.

"National Television Systems Committee. It standardized composite color TV in 1953.
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6 Introduction to Digital Multimedia, Compression, and MPEG-2

Table 1.1 Raw and compressed bitrates for film, NTSC, PAL, HDTYV, videophone, stereo audio, and five-channel audio.
Compressed bitrates are typically lower for slow moving drama than for fast live-action sports.

Video Resolution Uncompressed Compressed
(pels X lines X frames/s) Bitrate (RGB}) Bitrate
Film (USA and Japan) (480 X 480 X 24Hz) 133 Mbits/s 3 to 6 Mbits/s
NTSC video (480 X 480 X 29.97Hz) 168 Mbits/s 4 to 8 Mbits/s
PAL video (576 X 576 X 25Hz) 199 Mbits/s 4 to 9 Mbits/s
HDTYV video (1920 X 1080 X 30Hz) 1493 Mbits/s 18 to 30 Mbits/s
HDTYV video (1280 X 720 X 60Hz) 1327 Mbits/s 18 1o 30 Mbits/s
ISDN vidcophene (CIF} (352 X 288 X 29.97Hz) 73 Mbits/s 64 10 1920 kbits/s
PSTN videophone (QCIF) (176 X 144 X 29.97Hz) 18 Mbits/s 10 to 30 kbits/s
Two-channel stereo audio 1.4 Mbits/s 128 to 384 kbits/s
Five-channel stereo audio 3.5 Mbits/s 384 to 968 kbits/s

ble scan lines per frame; and requires approxi-
mately 480 pels per scan line in the red, green, and
blue color components. If each color component is
coded using 8 bits (24 bits/pel total), the bitrate
produced is == 168 Megabits per second (Mbits/s).
Table 1.1 shows the raw uncompressed bitrates for
film, several video formats including PAL*
HDTV," and videophone, as well as a few audio
formats.

We see from Table 1.1 that uncompressed
bitrates are dl very high and are not economical in
many applications. However, using the MPEG
compression algorithms these bitrates can be
reduced considerably. We see that MPEG is capa-
ble of compressing NTSC or PAL video into 3to 6
Mbitsg/s with a quality comparable to analog
CATV and far superior to VHS videotape.

1.3.3 Bitrates Available on
Various Media

A number of communication channels are
available for multimedia transmission and storage.
PSTN modems can operate up to about 30 kilo-
bits/second (kbits/s), which is rather low for gener-
ic video, but is acceptable for personal videophone.
ISDN* ranges from 64 kbits/s to 2 Mbits/s, which
is often acceptable for moderate quality video.

*Phase Alternate Line, used in most of Europe and elsewhere.
"High-Definition Television. Several formats are being used.

Table 1.2 Various media and the bitrates they support.

Medium Bitrate
PSTN modems Up to 30 kbits/s
ISDN 64 to 1920 kbits/s
LAN 10 to 100 Mbits/s
ATM 135 Mbits/s or morc

1.4 Mbits/s
9 to 10 Mbits/s
18 to 20 Mbits/s
20 to 40 Mbits/s

CD-ROM (normal speed)
Digital video disk
Over-the-air video

CATV

LANS® range from 10 Mbits/s to 100 Mbits/s or
more, and ATM** can be many hundreds of
Mbits/s. First generation CD-ROMs'" can handle
1.4 Mbits/s at normal speed and often have dou-
ble or triple speed options. Second generation digi-
tal video disks operate at 9 to 10 Mbits/s depend-
ing on format. Over-the-air or CATV channels
can carry 20 Mbits/sto 40 Mbits/s, depending on
distance and interference from other transmitters.
These options are summarized in Table 1.2.

1.4 COMPRESSION TECHNOLOGY

In picture coding, for example, compression tech-
niques have been classified according to the groups

Integrated Services Digital Network. User bitrates are multiples of 64 kbits/s.

SLocal Area Networks such as Ethernet, FDDI, etc.

** Asynchronous Transfer Mode. ATM networks are packetizcd.

Compact Disk—Read Only Memory.
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Introduction to Digital Multimedia, Compression, andMPEG-2 7

Table 1.3  Picture coding primitive elements. Pulse code
modulation (PCM) is simple binary coding of pels.
Differential pulse code modulation (DPCM) sends
differences of pels.

Coded Element Encoding Example
Picturc element PCM, DPCM Wirephoto
Block of elements Spatial transform JPEG, subband
Translated blocks Motion compensation MPEG-1, -2

Regions Object-based coders

3-D scene elements

MPEG-4 (1998)

Named content (Research only)

of pels on which they operate. Table 1.3 shows a
simplified view of this. Encoding using a few pelsis
considerably simpler than encoding that requires a
complex spatial-temporal processing of groups of
pels. However, performance is lower.

Over the years, to gain compression efficiency
(that is, picture quality for a given bitrate), the
compression agorithms have become more and
more complex. Figure 1.3 shows a rough qudita-
tive comparison of the relative picture quality at
various compression ratios for three different cod-
ing methods.

It is important to note that the less complex the
algorithm, the more rapid the degradation of pic-
ture quality with only small changesin compression
ratio. In general, entertainment applications using
broadcast, cable, or sadlite TV have tended to
require a much higher quality of compressed signa
than video telephony, video groupware, and video
games. Since most entertainment signals have asg-
nificantly larger amount of motion man video tele-
phone sgnds, a smaler compression ratio results
for the high quality that is required. In any case,
both the compression algorithm and the compres-
sion ratio need to be tailored for the picture quality
that is required for the application a hand.

1.4.1 Robustness

As the redundancy from the multimedia signal
is removed by compression, each compressed bit
becomes more important in the sense that it affects
alarger number of samples of the audio or picture
signa. Therefore, an error either in transmission
or storage of the compressed bit can have del eteri-
ous effects for either a large region of the picture
or over an extended period of time.

Picture Quality

JPEG PCM Video

MPEG

} Il 1
T T 1

0 B 1 10

Fig. 1.3 Approximate mcasure of picture quality versus
bitrate in bits/pel of several video compression algorithms.

For noisy digitd transmission channels, video
compression algorithms that sacrifice efficiency to
allow for graceful degradation of the images in the
presence of channel errors are better candidates.
Some of these are created by merging source and
channel coding to optimize the end-to-end service
quality. A good example of this is portable multi-
media over a low-bandwidth wireless channel.
Here, the requirements on compression efficiency
are severe owing to the lack of available band-
widdi. Yet a compression algorithm that is overly
sensitive to channel errors would be an improper
choice. Of course, error correction is usualy
added to an encoded signa aong with a variety of
error concealment techniques, which are usualy
successful in reducing the effects of random isolat-
ed errors. Thus, the proper choice of the compres-
sion agorithm depends on the transmission error
environment in which the application resides.

1.4.2 Interactivity

Both consumer entertainment and business
multimedia applications are characterized by pic-
ture scanning and browsing. In the home, viewers
switch to the channels of their choice. In the busi-
ness environment, people get to the information of
their choice by random access using, for example,
on-screen menus. In the television of the future, a
much richer interaction based on content rather
than channel switching or accessing a different pic-
ture will be required.

Many multimedia offerings and locdly pro-
duced video programs often depend on the con-
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8 Introduction to Digital Multimedia, Compression, and MPEG-2

catenation of video streams from a variety of
sources, sometimes in real time. Commercials are
routinely inserted into nationwide broadcasts by
network affiliates and cable headends. Thus, the
compression algorithm must support a continuous
and seamless assembly of these streams for distrib-
ution and rapid switching of images at the point of
final decoding. It is aso desirable that these simple
edits as well as richer interactions occur on com-
pressed data rather than reconstructed sequences.

In general, a higher degree of interactivity
requires a compression algorithm that operates on
asmaller group of pels. MPEG, which operates on
spatio-temporal groups o pes, is more difficult to
interact with than JPEG,? which operates only on
spatial groups of pels. As an example, it is much
easer to lagt forward a compressed JPEG hit-
stream than a compressed MPEG bitstream. In a
cable/broadcast environment or in an application
requiring browsing through a compressed multi-
media database, a viewer may change from pro-
gram to program with no opportunity for the
encoder to adapt itself. It is important that the
buildup of resolution following a program change
take place quite rapidly so that the viewer can
make a decision to either stay on the program or
change to another depending on the content the
viewer wishes to watch.

1.4.3 Compression and
Packetization Delay

Advances in compression have come predomi-
nantly through better andysis of the sgnd in
question. For picture coding this is exemplified in
Table 1.3. As models have progressed from de-
ment-based to picture blocks to intcrframc regions,
efficiency has grown rapidly. Correspondingly, the
complexity of the analysis phase of encoding has
also grown, resulting in the encoding delay becom-
ing an important parameter. A compression ago-
rithm that looks at a large number of samples and
performs very complex operations usualy has a
larger encoding delay.

For many applications, such encoding delay at
the source is tolerable, but for some it is not.
Broadcast television, even in rea time, can often
admit a delay in the order of seconds. However,

teleconferencing or multimedia groupware can tol-
erate a far smaller delay. In addition to the encod-
ing delay, modern data communications that pack-
etize the information aso introduce delay. The
more efficient the compression algorithm, the larg-
er is the delay that is introduced by packetization,
since the same size packet carries information
about many more samples of the multimedia sg-
nal. Thus, the compression algorithm must aso
take into consideration the delay that is tolerable
for the application.

1.4.4 Symmetry

A cable, satellite, or broadcast environment has
only a few transmitters that compress, but a large
number of receivers that have to decompress. Sm-
ilarly, multimedia databases that store compressed
information usually compress it only once. Howev-
er, the retrieval of this information may happen
thousands of times by different viewers. Therefore,
the overall economics of many multimedia appli-
cations is dictated to a large extent by the cost of
decompression. The choice of the compression
algorithm ought to make the decompression
extremely simple by transferring much of the cost
to the transmitter, thereby creating an asymmetrical
algorithm. The anaysis phase of a compression
algorithm, which routinely includes motion analy-
sis (done only at the encoder), naturally makes the
encoder more expensive. In a number of situa-
tions, the cost of the encoder is aso important
(eg., cameorder, videotelephone). Therefore, a
modular design of the encoder that is able to trade
off performance with complexity, but that creates
data decodable by a simple decompressor, may be
the appropriate solution.

1.4.5 Multiple Encoding

In a number of instances, the original multime-
dia signal may have to be compressed in stages or
may have to be compressed and decompressed
severd times. In most television studios, for exam-
ple, it is necessary to store the compressed data
and then decompress it for editing as required.
Such an edited signal is then compressed and
stored again. Any multiple coding-decoding cycle
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Introduction to Digital Multimedia, Compression, and MPEG-2 9

of the signd is bound to reduce the quality of the
multimedia signal, since artifacts are introduced
every time the signa is coded. If the application
requires such multiple codings, then a higher qual -
ity compression is required, at least in the several
initial stages.

1.4.6 Scalability

A compressed multimedia signa can be thought
of as an alternative representation of the original
uncompressed signa. From this alternative repre-
sentation, it is desirable to create presentations at
different resolutions (in space, time, amplitude,
etc.) consistent with the limitations of the equip-
ment used in a particular application. For example,
if a high-definition television signal compressed to
24 Mbits/s can be simply processed to produce a
lower resolution and lower bitrate signad (eg.,
NTSC a 6 Mbits/s), the compression is generally
considered to be scalable. Of course, the scaability
can be achieved in a brute force manner by
decompressing, reducing the resolution, and com-
pressing again. However, this sequence of opera-
tions introduces delay and complexity, and results
in a loss of quality. A common compressed repre-
sentation from which a variety of low-resolution or
higher resolution presentations can be easly
derived is desirable. Such scdability of the com-
pressed signd puts a constraint on the compression
efficiency in the sense that algorithms with the
highest compression efficiency usually are not very
scalable.

1.5 VIDEOPHONE AND
COMPACT DISK STANDARDS—
H.320 AND MPEG-1

Digital compression standards for video conferenc-
ing were developed in the 1980s by the CCITT,
which is now known as the ITU-T. Specificaly, the
ISDN video conferencing standards are known
collectively as H.320, or sometimes P*64 to indi-
cate that it operates at multiples of 64 kbits/s. The
video coding portion of the standard is called
H.261 and codes pictures at a Common Intermediate
Format (CIF)fo 352 pels by 288 lines. A lower reso-

lution of 176 pels by 144 lines, cdled QCIF, is
available for interoperating with PSTN video-
phones.

In the late 1980s, a need arose to place motion
video and its associated audio onto first generation
CD-ROMs a 1.4 Mbits/s. For this purpose, in the
late 1980s and early 1990s, the ISO MPEG com-
mittee developed digitd compression standards’
for both video and two-channel stereo audio. The
standard®*® is known colloquially as MPEG-1 and
officialy as ISO 11172. The bitrate of 1.4 Mbits/s
available on first generation CD-ROMSs is not high
enough to alow for full-resolution TV Thus,
MPEG-1 was optimized for the reduced GIF reso-
lution of H.320 video conferencing.

1.6 THE DIGITAL ENTERTAINMENT
TV STANDARD—MPEG-2

Following MPEG-1, the need arose to compress
entertainment TV for such transmission media as
satellite, cassette tape, over-the-air, and CATV

Thus, to have available digital compression meth-

ods+%810 for resolution Standard Definition

TV (SDTV) pictures such as shown in FHg. 1.4aor

High Definition TV (HDTV) pictures such as
shown in Fig. 1.4b, 1SO developed a second stan-
dard known colloguialy as MPEG-2 and officially
as ISO 13818. Since the resolution of entertain-
ment TV is approximately four times that of
videophone, the bitrate chosen for optimizing
MPEG-2 was 4 Mbitg/s.

1.6.1 Other Functionalities of
MPEG-2

In addition to simply compressing audio and
video with high quality and low bitrate, a number
of other capahilities'® are needed for full multime-
dia service:

Random Access. For stored multimedia or
Interactive Television (ITV) applications such as
shown in FHg. 1.5 we often need quick access to the
interior of the audiovisual data without having to
start decoding from the very beginning or waiting
along time for the decoder to start up.
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10 Introduction to Digital Multimedia, Compression, and MPEG-2

Fig. 1.4 a) E;cample of a full resolution Standard Definition TV (SDTV) picture. b) Example of a High Definition TV (HDTV)

picture. Courtesy of Richard Kollarits.

Trick Modes: Users of stored multimedia want
al of the features they now have on VCRs. These
indude fast-play forward and reverse, slow-play
forward and reverse, and freeze-frame.

Multicast to Many Terminal Types. Sonic
applications may need to simultaneously broadcast
to many different terminal types over a variety of
communication channels. Preparing and storing a
different bitstream for each of them is impractical.
Thus, a single hit stream is desired that is scalable to

the various requirements of the channels and ter-
minals.

Multiple Audio and Video: Multiple audios are
needed, for example, if many languages are to he
provided simultaneously. Multiple videos may aso
he required if closeups and wide area views are to
be sent simultaneously in the same program.

Compatible Stereoscopic 3D: Compatible 3D
for pictures such as shown in Fg. 1.6, is needed so
that viewers with 3D displays can see 3D program-
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Fig. 1.6 Example of left and right eye views of a stereoscopic 3D picture. Courtesy of C.C.E.TT,, Rennes, France.

Table 1.4 Features offered by MPEG-2.

ming.? while those with normal TVs can see the

' MPEG2 Features
usual monocular display. caturcs

These features of MPEG-2 are summarized in Random access
Table 1.4. How al these features can be combined Trick modes
into a single compron and multlplexmg stan- Multicast to many terminal types
dard tor utilization in a variety of applications is

Multiple audio and video
Compatible stereoscopic 31D

the subject of the following chapters.
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Fig. 1.7 Bits/pel versus complexity of video decoding for
several video compression algorithms.

1.7 COMPLEXITY/COST

Since cost is directly linked to complexity, this
aspect of a compression algorithm is the most criti-
cal for the asymmetrical situations described previ-
ously. The decoder cost is most critical. Figure 1.7
represents an approximate tradeoff between the
compression efficiency and the complexity under
the condition that picture quality is held constant
at an 8-bit PCM level. The compression efficiency
is in terms of compressed bits per Nyquist sample.
Therefore, pictures with different resolution and
bandwidth can be compared smply by proper
multiplication to get the relevant bitrates. The
complexity allocated to each codec should not be
taken too literally. Rather, it is an approximate esti-
mate relative to the cost of a PCM codec, which is
given avalue of 5.

The relation of cost to complexity is controlled
by an evolving technology, and codecs* with high
complexity are quickly becoming inexpensive
through the use of application-specific video DSPs
and submicron device technology. In fact, very
soon fast microprocessors will be able to decom-
press the video signd entirely in software. Figure
1.8 shows the computational requirements in mil-
lions of instructions per second (MIPS) for encod-
ing and decoding of video at different resolutions.
It is clear that in the near future a standard resolu-
tion (roughly 500 line by 500 pd TV signd) will be

*Coder-decoder.

MIPS
— MPEG2 CCIRE01 30 t's 5 Mb/s Encode
10K
—— MPEG1 CIF 30 /s 1.2 Mb/s Encode
| 4k 4 — P'SBACIF151s 100 kbis Encode

—— MPEG2 CCIR601 30 #/s 5 Mb/s Decode Only

—— MPEG1 CIF 30 /s 1.2 Mb/s Decode Only
200 MHz Alpha (30 Watts) ——

5 MHz MIPS R400

WMMM.“I!M}L P*64 CIF 15 /s 100 kbv's Decode Only

s0MHzSPARC 10
/_.

s

4 GCTX (Videophone 2500 7.5 ts 10 kiv's

"\ P64 CIF 7.5 s 100 ks Decode Only

L 10 Jd

Fig. 1.8 Computational requirements in millions of
instructions per second (MIPs) for video encoding and decoding
at different image resolutions.

decoded entirdly in software for even the MPEG
compression algorithm.

On the other hand, the promise of object-based
compression systems, in which we recognize
objects and code them as a whole instead of cod-
ing each pel, will increase the complexity by sever-
a orders of magnitude, thereby requiring special-
ized hardware support. Similarly, higher resolution
images (eg., HDTV’) will raise the processing
speed requirement even higher. Some object-ori-
ented approaches are only marginally harder to
decode, but may require far more analysis at the
compressor. Others envisage wholly new architec-
tures for picture reconstruction, thereby requiring
a far more complex decoder. The real challenge is
to combine the different compression techniques to
engineer a cost-effective solution for the given
application.

In this chapter, we have examined the advan-
tages of digital representation of the multimedia
signal that usually originates as analog signals. Dig-
ital representation is consistent with the evolving
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computing/telecommunications infrastructure and
to alarge extent gives us media independence for
storage, processing, and transmission. The band-
width expansion resulting from digitization can be
more than compensated for by efficient compres-
sion that removes both the statistical and the per-
ceptual redundancy present in the multimedia sg-
nal. Digital compression has many advantages,
most of which come as a result of reduced data
rates. However, when digital compression is bun-
dled as a part of an application, many constraints
need to be attended to.

These constraints impact directly on the choice
of the compression algorithm. Many of these con-
straints are qudlitatively examined in this chapter.
A more detailed analysis of these will be made in
the subsequent chapters.
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Anatomy of MPEG-2

After many fits and starts, the era of Digital Televi-
sion? is finally here. Although a variety of audio
and video coding standards predate MPEG stan-
dardization activity, the MPEG-1 and the
MPEG-2 standards are truly unique integrated
audio-visual standards.®?

Neither the MPEG-1 nor the MPEG-2 stan-
dards prescribe which encoding methods to use,
the encoding process, or details of encoders. These
standards only specify formats for representing
data input to the decoder, and a set of rules for
interpreting these data. These formats for repre-
senting data are referred to as syntax and can be
used to construct various kinds of vaid data
streams referred to as bitstreams. The rules for inter-
preting the data are called decoding semantics; An
ordered set of decoding semantics is referred to as
a decoding process. Thus, we can say that MPEG
standards specify a decoding process, However,
this is dill different than specifying a decoder
implementation.

Given audio or video data to be compressed, an
encoder must follow an ordered set of steps called
the encoding process. This encoding process, however,
is not standardized and typicaly varies, since
encoders of different complexities may be used in
different applications. Also, since the encoder is
not standardized, continuing improvements in
quality are still possible because of encoder opti-

14

mizations even after the standard is complete. The
only constraint is that the output of the encoding
process result in a syntactically correct bitstream
that can be interpreted by following the decoding
semantics by a standards compliant decoder.

2.1 MPEG-1

Although we plan to discuss the anatomy of
MPEG-2, we first need to understand the anatomy
of MPEG-1. This will alow us to make compar-
isons between the standards to clearly show simi-
larities and differences, and wherever appropriate,
compatibilities between the two standards.

The MPEG-1 standard is formally referred to
as 1SO 11172 and consists of the following parts:

e 11172-1: Systems

e 11172-2:Video

e 11172-3: Audio

e 11172-4: Conformance
e 11172-5: Software

Initially, the MPEG-1 standard was intended
for video coding at bitrates of about 1.2 Mbit/s
with stereo audio coding at bitrates of around 250
kbits/s.
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2.1.1 MPEG-1 Systems

The MPEG-1 Systems' part specifies a system
coding layer for combining coded audio and video
data and to provide the capability for combining
with it user-defined private data streams as well as
streams that may be specified a a later time. To be
more specific,*? the MPEG-1 Systems standard
defines a packet structure for multiplexing coded
audio and video data into one stream and keeping
it synchronized. It thus supports multiplexing of
multiple coded audio and video streams where
each stream is referred to as an elementary stream.
The systems syntax includes data fields to assist in
parsing the multiplexed stream after random
access and to dlow synchronization of elementary
streams, management of decoder buffers contain-
ing coded data, and identification of timing infor-
mation of coded program. The MPEG-1 Systems
thus specifies syntax to alow generation of systems
bitstreams and semantics for decoding these bit-
streams.

Since the basic concepts of timing employed in
MPEG-1 Systems are dso common to MPEG-2
Systems, we briefly introduce the terminology
employed. The Systems Time Clock (STC) is the
reference time base, which operates a 90 kHz, and
may or may not be phase locked to individual
audio or video sample clocks. It produces 33-bit
time representations that are incremented at 90
kHz. In MPEG Systems, the mechanism for gener-
ating the timing information from decoded data is
provided by the Systems Clock Reference (SCR) fields
that indicate the current STC time and appear
intermittently in the bitstream spaced no further
than 700 ms apart. The presentation playback or
display synchronization information is provided by
Presentation Time Stamps (PTSs), that represent the
intended time of presentation of decoded video
pictures or audio frames. The audio or video PTS
are sampled to an accuracy of 33 bits.

To ensure guaranteed decoder buffer behavior,
MPEG Sysems employs a Sydems Target
Decoder (STD) and Decoding Time Stamp (DTS).
The DTS differs from PTS only in the case of
video pictures that require additional reordering
delay during the decoding process.

Anatomy of MPEG-2 15
2.1.2 MPEG-1 Video

The MPEG-1 Video® standard was originally
aimed at coding of video of SIF resolution (352 x
240 at 30 noninterlaced frames/s or 352 x 288 at
25 noninterlaced frames/s) at bitrates of about 1.2
Mbit/s. In redity it dso alows much larger picture
sizes and correspondingly higher bitrates. Besides
the issue of bitrates, the other significant issue is
that MPEG includes functions to support interac-
tivity such as fast forward (FF), fast reverse (FR),
and random access into the stored bitstream.
These functions exist since MPEG-1 was originally
aimed at digital storage media such as video com-
pact discs (CDs).

The MPEG-1 Video standard basicaly specifies
the video bitstream syntax and the corresponding
video decoding process. The MPEG-1 syntax sup-
ports encoding methods™**° that exploit both the
spatial redundancies and temporal redundancies.
Spatial redundancies arc exploited by using block-
based Discrete Cosine Transform (DCT) coding of
8 X 8 pel blocks followed by quantization, zigzag
scan, and variable length coding of runs of zero
quantized indices and amplitudes of these indices.
Moreover, quantization matrix allowing perceptu-
aly weighted quantization of DCT coefficients
can be used to discard perceptually irrelevant
information, thus increasing the coding efficiency
further. Tempora redundancies are exploited by
using motion compensated prediction, which
results in a significant reduction of interframc pre-
diction error.

The MPEG-1 Video syntax supports three types
of coded pictures, Intra(l) pictures, coded separate-
ly by themselves, Predictive (P) pictures, coded with
respect to immediately previous |- or P-pictures,
and Bidirectionally Predictive (B) pictures coded
with respect to the immediate previous I- or P-pic-
ture, as well as the immediate next I- or P-picturc.
In terms of coding order, P-picturcs are causal,
whereas B-pictures are noncausal and use two sur-
rounding causally coded pictures for prediction. In
terms of compression efficiency, |-pictures are least
efficient, P-pictures are somewhat better, and B-pic-
tures are the most efficient. In typicad MPEG-1
encoding®*® an input video sequence is divided
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16 Anatomy of MPEG-2

into units of group-of-pictures (GOPs), where each
GOP consists of an arrangement of one I-picture,
P-pictures, and B-pictures. A GOP serves as a basic
access unit, with the I-picture serving as the entry
point to facilitate random access. Each picture is
divided further into one or more dlices that offer a
mechanism for resynchronization and thus limit the
propagation of errors. Each dice is composed of a
number of macroblocks; each macroblock is basi-
caly al6 X 16 block of luminance pels (or alterna-
tively, four 8 X 8 blocks) with corresponding
chrominance blocks. MPEG-1 Video encoding is
performed on a macroblock basis. In P-pictures
each macroblock can have one motion vector,
whereas in B-pictures each macroblock can have as
many as two motion vectors.

2.1.3 MPEG-1 Audio

The MPEG-1 Audio® standard basically speci-
fies the audio bitstream syntax and the correspond-
ing audio decoding process. MPEG-1 Audio is a
generic standard and does not make any assump-
tions about the nature of the audio source, unlike
some vocal-tract-model coders that work well for
speech only. The MPEG syntax permits exploita-
tion of perceptual limitations of the human audi-
tory system while encoding, and thus much of the
compression comes from removal of perceptualy
irrelevant parts of the audio signal. MPEG-1
Audio coding®®  alows a diverse assortment of
compression modes and in addition supports fea-
tures such as random access, audio fast forwarding,
and audio fast reverse.

The MPEG-1 Audio standard consists of three
Layers—I, Il, and Ill. These Layers aso represent
increasing complexity, delay, and coding efficiency.
In terms of coding methods, these Layers are some-
what related, since a higher Layer includes the
building blocks used for a lower Layer. The sam-
pling rates supported by MPEG-1 Audio are 32,
442, and 48 kHz. Severa fixed bitrates in the
range of 32 to 224 kbits/s per channel can be used.
In addition, Layer |1l aso supports variable bitrate
coding. Good quality is possible with Layer | above
128 khits/s, with Layer 1l around 128 kbit/s, and
with Layer Ill at 64 kbit/s. MPEG-1 Audio has
four modes. mono, stereo, dual with two separate

channels, andjoint stereo. The optiona joint stereo
mode exploits interchannel redundancies.

A polyphase filter bank is common to al Layers
of MPEG-1 Audio coding. This filter bank subdi-
vides the sudio signa into 32 equal-width frequency
subbands. The filters are relatively smple and pro-
vide good time-resolution with a reasonable fre-
quency-resolution. To achieve these characteristics,
some exceptions had to be made, First, the equal
widths of subbands do not precisely reflect the
human auditory system's frequency-dependent
behavior. Second, the filter bank and its inverse are
not completely losdess transformations. Third,
adjacent filter bands have significant frequency
overlap. However, these exceptions do not impose
any noticeable limitations, and quite good audio
quality is possble. The Layer | agorithm codes
audio in frames of 384 samples by grouping 12
samples from each of the 32 subbands. The Layer
Il algorithm is a straightforward enhancement of
Layer |; it codes audio datain larger groups (1 152
samples per audio channel) and imposes some
restrictions on possible bit alocations for values
from the middle and higher subbands. The Layer I
coder gets better quality by redistributing bits to
better represent quantized subband values. The
Layer 11l agorithm is more sophisticated and uses
audio spectral perceptua entropy coding and opti-
mal coding in the frequency domain. Although
based on the same filter bank as used in Layer | and
Layer Il it compensates for some deficiencies by
processing the filter outputs with a modified DCT

2.2 MPEG-2

After this brief overview of the parts of the
MPEG-1 standard, we are now well prepared to
delve into a discussion of the various parts of the
MPEG-2 standard. This standard is formally
referred to as ISO 13818 and consists of the fol-
lowing parts:

o 113818-1: Systems

» 113818-2: Video

» 113818-3: Audio

e 113818-4: Conformance
¢ 113818-5: Software
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e 113818-6: Digitd Storage Media—Command
and Control (DSM-CC)

e 113818-7: Non Backward Compatible (NBC)
Audio

+ 113818-8 10-Bit Video (This work item has
been dropped!)

e 113818-9: Real Time Interface

e 113818-10: Digital Storage Media—Command
and Control (DSM-CC) Conformance

We now present a brief overview of the afore-
mentioned parts of the MPEG-2 standard.

2.2.1 MPEG-2 Systems

Since the MPEG-1 standard was intended for
audio—visual coding for Digital Storage Media
(DSM) applications and since DSMs typically have
very low or negligible transmission bit error rates,
the MPEG-1 Systems part was not designed to be
highly robust to bit errors. Also, the MPEG-1 Sys
tems was intended for software oriented process-
ing, and thus large variable length packets were
preferred to minimize software overhead.

The MPEG-2 standard on the other hand is
more generic and thus intended for a variety of
audio visual coding applications. The MPEG-2
Systems* was mandated to improve error resilience
plus the ability to carry multiple programs simulta-
neously without requiring them to have a common
time base. Additionaly, it was required that
MPEG-2 Systems should support ATM networks.
Furthermore, MPEG-2 Systems was required to
solve the problems addressed by MPEG-1 Systems
and be somewhat compatible with it.

The MPEG-2 Systems™® defines two types of
streams. the Program Stream and the Transport
Stream. The Program Stream is similar to the
MPEG-1 Systems stream, but uses a modified syn-
tax and new functions to support advanced func-
tionalities. Further, it provides compatibility with
MPEG-1 Systems streams. The requirements of
MPEG-2 Program Stream decoders are similar to
those of MPEG-1 System Stream decoders. Fur-
thermore, Program Stream decoders are expected
to be forward compatible with MPEG-1 System
Stream decoders, i.e., capable of decoding MPEG-
1 Sysem Streams. Like MPEG-1 Systems
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decoders, Program streams decoders typically
employ long and variable-length packets. Such
packets are well suited for software based process-
ing and error-free environments, such as when the
compressed data are stored on a disk. The packet
sizes are usually in range of 1 to 2 kbytes chosen to
match disk sector sizes (typicaly 2 kbytes); howev-
er, packet sizes as large as 64 kbytes are aso sup-
ported. The Program Stream includes features not
supported by MPEG-1 Systems such as scrambling
of data; assignment of different priorities to pack-
ets; information to assist alignment of elementary
stream packets; indication of copyright; indication
of fast forward, fast reverse, and other trick modes
for storage devices; an optional field for network
performance testing; and optional numbering of
sequence of packets.

The second type of stream supported by
MPEG-2 Systems is the Transport Stream, which
differs significantly from MPEG-1 Systems as well
as the Program Stream. The Transport Stream
offers robustness necessary for noisy channels as
well as the ability to include multiple programsin a
single stream. The Transport Stream uses fixed
length packets of size 188 bytes, with a new header
syntax. It is therefore more suited for hardware
processing and for error correction schemes. Thus
the Transport Stream stream is well suited for
delivering compressed video and audio over error-
prone channels such as coaxial cable television net-
works and satellite transponders. Furthermore,
multiple programs with independent time bases
can be multiplexed in one Transport Stream. In
fact the Transport Stream is designed to support
many functions such as asynchronous multiplexing
of programs, fast access to desired program for
channel hopping, multiplex of programs with
clocks unrelated to transport clock, and correct
synchronization of elementary streams lor play-
back. It also alows control of decoder buffers dur-
ing startup and playback for both constant bitrates
and variable bitrate programs.

A basic data structure that is common to the
organization of both the Program Stream and
Transport Stream data is called the Packetized Ele-
mentary Stream (PES) packet PES packets are
generated by packetizing the continuous streams of
compressed data generated by video and audio
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Fig. 2.1 MPEG-2 Systems Multiplex showing Program and Transport Streams.

(i.e., elementary stream) encoders. A Program
Stream is generated simply by stringing together
PES packets from the various encoders with other
packets containing necessary data to generate a
single bitstream. A Transport Stream consists of
packets of fixed length consisting of 4 bytes of
header followed by 184 bytes of data, where data is
obtained by chopping up datain PES packets.

In Fig. 2.1 we illustrate both types of MPEG-2
Systems, the ones using Program Stream multiplex
and the ones using Transport Stream multiplex.
An MPEG-2 System is also capable of combining
multiple sources of user data along with the
MPEG encoded audio and video. The audio and
video streams are paeketized to form audio and
video PES packets that are then sent to either a
Program Multiplexer or a Transport Multiplexer,
resulting in a Program Stream or Transport
Stream, respectively. As mentioned earlier, Pro-
gram Streams are intended for error-free environ-
ments such as DSMs, whereas Transport Streams
are intended lor noisier environments such as ter-
restrial broadcast channels.

Transport Streams are decoded by a Transport
Demultiplexer (which includes a clock extraction
mechanism), unpackctized by a UePacketizer, and

sent for audio and video decoding to Audio and
Video Decoders. The decoded signals are sent to
respective Buffer and Presentation units that out-
put them to a display device and speaker at the
appropriate times. Similarly, if Program Streams
are employed, they are decoded by a Program
Stream Demultiplexer, DePacketizer, and sent for
decoding to Audio and Video Decoders. The
decoded signals are sent to respective Buffer and
Present and await presentation. Also, as with
MPEG-1 Systems, the information about systems
timing is carried by Clock Reference fields in the
bitstream that are used to synchronize the decoder
Systems Time Clock (STC). The presentation of
decoded output is controlled by Presentation Time
Stamps (PTSs) that are aso carried by the bit-
stream.

2.2.2 MPEG-2Video

This part of MPEG-2, part 2, addresses coding
of video and is referred to as MPEG-2 Video.
Originally the MPEG-2 Video® standard was pri-
marily intended for coding of interlaced video of
standard TV resolution with good quality in the
bitrate range of 4 to 9 Mbit/s. However, the scope
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of MPEG-2 Video was considerably revised® to
include video of higher resolutions such as HDTV
a higher bitrates as well as hierarchical video cod-
ing for a range of applications. Furthermore, it
aso supports coding of interlaced video of a vari-
ety of resolutions.

Actually, MPEG-2 Video does not standardize
video encoding; only the video bitstream syntax
and decoding semantics are standardized. The
standardization process for MPEG-2 Video con-
sisted of a competitive phase followed by a collabo-
rative phase. First an initial set of requirements for
MPEG-2 video was defined and used as the basis
for a “Call for Proposals’ which invited candidate
coding schemes for standardization. These
schemes underwent formal subjective testing and
analysis to determine if they met the listed require-
ments. During the collaborative phase, the best ele-
ments of the top performing schemes in the com-
petitive phase were merged to form an initia Test
Model. A Test Model contains a description of an
encoder, bitstream syntax, and decoding seman-
tics. The encoder description is not to be standard-
ized, but only needed for experimental evaluation
of proposed techniques.

Following this, a st of Core Experiments were
defined that underwent several iterations until con-
vergence was achieved. During the time that vari-
ous iterations on the Test Model*® were being per-
formed, the requirements for MPEG-2 Video also
underwent further iterations.

In Fig. 2.2 we show a simplified codec'®?* for
MPEG-2 Nonscalable Video Coding. The MPEG-
2 Video Encoder shown for illustration purposes
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consists of an Inter frame/field DCT Encoder, a
Frame/field Motion Estimator and Compensator,
and a Variable Length Encoder (VLE). Earlier we
had mentioned that MPEG-2 Video is optimized
for coding of interlaced video, which is why both
the DCT coding and the motion estimation and
compensation employed by the Video Encoder are
frame/field adaptive. The Frame/field DCT
Encoder exploits spatial redundancies, and the
Frame/field Motion Compensator exploits tempo-
ral redundancies in interlaced video signa. The
coded video bitstream is sent to a systems multi-
plexer, Sys Mux, which outputs cither a Transport
or a Program Stream.

The MPEG-2 Decoder in this codec consists of
a Variable Length Decoder (VLD), Inter frame/
field DCT Decoder, and the Frame/field Motion
Compensator. Sys Demux performs the comple-
mentary function of Sys Mux and presents the
video bitstream to VLD for decoding of motion
vectors and DCT coefficients. The Frame/field
Motion Compensator uses a mation vector decod-
ed by VLD to generate motion compensated pre-
diction that is added back to a decoded prediction
error signa to generate decoded video out. This
type of coding produces video bitstreams cdled
nonscalable, since normally the full spatia and tem-
poral resolution coded is the one that is expected to
be decoded. Actually, this is not quite true, since, if
B-pictures are used in encoding, because they do
not feedback into the interframe coding loop, it is
adways possible to decode some of them, thus
achieving tempora resolution scaling even for non-
scalable bitstreams. However, by nonscalable cod-

— —
video Variabl Variabl video
in | Inter frame/field L:m h° F_J l‘:m\he N Inter frame/field out

‘ ngtl ™ ngt
DCT Encoder r—, Encoder é - 2 Decoder DCT Decoder
[ 2 a N
@ ES
Frame/field Motion | @ Frame/field Motion
Estimator and mv
Compensator Compensator

MPEG-2 Nonscalable Video Encoder

MPEG-2 Nonscalable Video Decoder

Fig. 2.2 A generalized codec for MPEG-2 Nonscalable Video Coding.
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Fig. 2.3 A generalized codec for MPEG-2 Scalable Video Coding.

ing we usually mean that we have not gone out of
our way to facilitate scalability.

As you may have guessed by this time, the
MPEG-2 Video standard specifies the bitstream
syntax and decoding process not only for single
layer (MPEG-1 like) video coding but also for scal-
able video coding. Scalability is the property that
alows decoders of various complexities to be able
to decode video of resolution/quality commensu-
rate with their complexity from the same bit-
stream. We will discuss alot more about MPEG-2
scalable video coding in Chapter 9, but for now we
illustrate the general principle by introducing the
generalized scalable codec structure shown in Fig.
23. In MPEG-2 Video there are many different
types of scalability and thus it is difficult to repre-
sent al of them with a single generalized codec.
Our generalized codec structure basically implies
spatial and temporal resolution scalability.

Input video goes through a Pre-Processor that
produces two video signals, one of which (the Base
Layer) is input to an MPEG-1 or MPEG-2 Nonscal-
able Video Encoder and the other (the Enhancement
Layer) input to an MPEG-2 Enhancement Video
Encoder. Some processing of decoded video from
MPEG-1 or MPEG-2 Nonscalable Video Encoder
may be needed in the Mid-Processor depending on
specific scalability. The two bitstreams, one from
each encoder, are multiplexed in Sys Mux (along
with coded audio and user data). Thus it becomes
possible for two types of decoders to be able to
decode a video signal of quality commensurate
with their complexity, from the same encoded bit-
stream. For example, if an MPEG-1 or MPEG-2
Nonscalable Video Decoder is employed, a basic

video signal can be decoded. If in addition, an
MPEG-2 Enhancement Video Decoder is
employed, an enhanced video signal can be decod-
ed. The two decoded signals may undergo further
processing in a Post-Processor.

Since the MPEG-2 Video standard, to be truly
generic, had to include a bitstream and semantics
description for a variety of coding methods and
tools, the implementation of dl its features in every
decoder was considered too complex and thus the
standard was partitioned into Profiles. In MPEG-2
Video, applications with somewhat related require-
ments are addressed via Profiles; a Profile typically
contains a collection of coding techniques (or
tools) designed to address a set of such applica
tions. We will discuss a lot more about Require-
ments and Profilesin Chapter 11.

The MPEG-2 Video standard is a syntactic
superset of the MPEG-1 Video standard and is
thus able to meet the requirement of forward com-
patibility, meaning that an MPEG-2 video decoder
should be capable of decoding MPEG-1 video bit-
streams. The requirement of backward compatibil-
ity, meaning that subsets of MPEG-2 bitstreams
should be decodable by existing MPEG-1 decoders,
is achieved via the use of scalability and supported
in specific profiles. To confirm that the MPEG-2
Video standard met its quality objective for various
Profiles and for individual applications within a
profile, a scries of verification tests have been con-
ducted in association with other international stan-
dardization bodies and a number of organizations.
Thus far, these tests confirm that MPEG-2 Video
does indeed meet or exceed the performance
bounds of its target applications. MPEG-2 Video
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quality has aso been judged sufficient for HDTV3*
Recently, newer applications of MPEG-2 Video
have dso emerged, necessitating combinations of
coding tools requiring new Profiles.

At the time of writing of this chapter in early
1996, two new amendments in MPEG-2 video,
each adding a new profile, arc in progress. One of
the two amendments is nearly complete, and the
second one is expected to be completed by the end
of 1996. Although MPEG-2 video already
includes various coding techniques (decoding tech-
niques, realy), in redlity, these techniques must be
included in one of the agreed Profiles dso (these
profiles can even be defined after completion of
the standard). Next, we briefly introduce what
application areas are being targeted by these two
amendments.

The first amendment to MPEG-2 Video
involves a Profile that includes tools for coding of a
higher resolution chrominance format caled the
4:2:2 format. We will discuss more about this for-
mat in Chapter 5; for now, we need to understand
why it was relevant for MPEG-2 video to address
applications related to this format. When work on
MPEG-2 Video was close to completion, it was felt
that MPEG-2 video was capable of delivering fair-
ly high quality, and thus it could be used in profes-
sional video applications. In sorting out needs of
such applications, besides higher bitrates, it was
found that some professional applications require
higher than normal chrominance spatia (or spatio-
temporal) resolution, such as that provided by the
4:2:2 format while another set of applications
required higher amplitude resolution for lumi-
nance and chrominance signal. Although coding of
the 4:2:2 format video is supported by existing
tools in the MPEG-2 Video standard, it was neces-
sary to verify that its performance was equal to or
better than that of other coding schemes while ful-
filling additiona requirements such as coding qual-
ity after multiple codings and decodings.

The second amendment® to MPEG-2 Video
involves a Profile that includes tools for coding of a
number of simultaneous video signals generated in
imaging a scene, each representing a slightly differ-
ent viewpoint; imaging of such scenes is said to
constitute multiviewpoint video. An example of
multiviewpoint video is stereoscopic video which
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uses two dlightly different views of a scene. Anoth-
er example is generalized 3D video where a large
number of views of a scene may be used. We will
discuss more about this profile in Chapter 5 and a
lot more about 3D/stercoscopic video in Chapter
15; for now, as in the case of 4:2:2 coding we need
to understand why it was relevant to address multi-
viewpoint coding applications. As mentioned earli-
er, MPEG-2 Video already includes several Scala
bility techniques that alow layered coding which
exploits correlations between layers. As the result
of a recent rise in applications in video games,
movies, education, and entertainment, efficient
coding of multiviewpoint video such as stereoscop-
ic video is becoming increasingly important. Not
surprisingly, this involves exploiting correlations
between different views, and since scalability tech-
niques of MPEG-2 Video aready included such
techniques, it was considered relatively straightfor-
ward to enable use of such techniques via defini-
tion of a Profile (which is currently in progress).

2.2.3 MPEG-2 Audio

Digital multichannel audio systems employ a
combination of p front and g back channels; for
example, three front channels—left, right, cen-
ter—and two back channels—surround left and
surround right—to create surreal experiences. In
addition, multichannel systems can also be used to
provide multilingual programs, audio augmenta-
tion for visually impaired individuas, enhanced
audio for hearing impaired individuals, and so
forth.

The MPEG-2 Audio® standard consists of two
parts, one that alows coding of multichannel
audio signals in a forward and backward compati-
ble manner with MPEG-1 and one that does not.
Part 3 of the MPEG-2 standard is forward and
backward compatible with MPEG-1. Here for-
ward compatibility means that the MPEG-2 multi-
channel audio decoder can decode MPEG-1 mono
or stereo audio signals. Backward compatibility
(BC) means that an MPEG-1 stereo decoder can
reproduce a meaningful downmix of the original
five channels from the MPEG-2 audio bitstrcam.

While forward compatibility is not as hard to
achieve, backward compatibility is a much more
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Fig. 2.4 A generalized codec for MPEG-2 Backward Compatible (BC) Multichannel Audio Coding,

difficult and requires some compromise in coding
efficiency. However, backward compatibility does
offer the possibility of migration to multichannel
audio without making existing MPEG-1 stereo
decoders obsol ete.

Initialy, the primary requirements identified for
MPEG-2 Audio were multichannel coding and
compatibility with MPEG-1 Audio. Gandidate
coding schemes were invited via a “Cdl for Pro-
posals.” In response, the various proposed solutions
were found to be very close to each other, and the
collaborative phase was begun without the need
for competitive tests.

A generalized codec® structure illustrating
MPEG-2 Multichannel Audio coding is shown in
Fig. 2.4. A Multichannel Audio consisting of five
signals, left (L), center (C), right (R), left surround
(Ls), and right surround (Rs) is shown undergoing
conversion by use of a Matrix operation resulting
in five converted signals, two of which are encoded
by an MPEG-1 Audio Encoder to provide compat-
ibility with the MPEG-1 standard. The remaining
three signals are encoded by an MPEG-2 Audio
Extension Encoder. The resulting bitstreams from
the two encoders are multiplexed in Mux for stor-
age or transmission.

Since it is possible to have coded MPEG-2
Audio without coded MPEG Video, a generalized
multiplexer Mux is shown. However, in an MPEG
Audio—Visual System, the specific Mux and
Demux used would be MPEG-2 Sys Mux and
MPEG-2 Sys Demux. At the decoder, an MPEG-1
Audio Decoder decodes the bitstream input to it by
Sys Demux and produces two decoded audio sig-
nals; the other three audio signals are decoded by
an MPEG-2 Audio Extension Decoder. The

decoded audio signals are reconverted back to
origind domain by using an Inverse Matrix and
represent approximated values indicated by L", C",
R',Ls" Rs".

To verify the syntax two type of tests were con-
ducted: first, bitstreams produced by software
encoding were decoded in non-real-time by soft-
ware decoders, and second, bitstreams produced
by software encoders were decoded in real-time.
Tests were adso conducted comparing the perfor-
mance of MPEG-2 Audio coders that maintain
compatibility with MPEG-1 to that which are not
backward compatible. It has been found that for
the same bitrate, compatibility does impose a qual-
ity loss which may be difficult to justify in some
applications. Hence, it has been found necessary to
adso include a nonbackward compatible coding
solution, which is referred to as MPEG-2 Part 7-
NBC Audio; further elaboration regarding this
work, which is currently in progress, is provided in
our discussion on part 7.

Both the MPEG-1 and MPEG-2 Audio coding
is discussed in much more detail in Chapter 4.

2.2.4 MPEG-2 Conformance

This part of MPEG-2, part 4, specifies Confor-
mance’ to the MPEG-2 standard; it is also called
Compliance. It specifies how tests can be designed
to verify whether bitstreams and decoders meet the
requirements as specified in parts 1, 2, and 3.
These tests can be used for a variety of purposes,
for example, manufacturers of encoders and their
customers can ensure whether an encoder pro-
duces valid bitstreams, manufacturers of decoders
and their customers can verify if decoders meet
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requirements, and applications users can use tests
to verify whether characteristics of a bitstream
meet the application requirements.

Since MPEG-2, like MPEG-1, does not specify
an encoder, and for that matter not even a specific-
decoder implementation but only bitstream syntax
and decoding semantics, it is essentia to know
numerical bounds that various interim computa-
tions in the decoding process must satisfy so that it
can be assured that the same bitstream decoded on
different decoders will provide nearly identical
results. If certain numerical bounds in interim pro-
cessing calculations are not met, decoding on dif-
ferent decoders may produce not only dlightly dif-
ferent results, but worse, certain errors in
calculations may accumulate over time, eventually
resulting in significant degradation in quality. This
part of the standard therefore specifies bounds to
be met in various steps of video and audio decod-
ing so that errors do not accumulate. Being able to
identify a range of numerical bounds on every cal-
culation that goes on in an audio and video decod-
ing process in real hardware is a challenging task
since it implicitly requires a knowledge of types of
errors and causes of such errors in terms of hard-
ware operations that occur. Furthermore, it is diffi-
cult to be ever sure that all potential restrictions on
error accumulations have been identified. Never-
theless, MPEG-2 technology has undertaken a sig-
nificant effort to devise conformance bounds and
to design a suite of test bitstrcams that have been
generated with great care to illustrate potential dif-
ficulties in conformance of a decoder. These bit-
streams are referred to as “evil bitstreams,” and as
its name suggests are designed to test conformance
of decoders to the MPEG-2 standard almost to the
breaking point.

Reference

Decoder

bitstream

Decoder
under Test

Fig. 2.5 Setup for testing Decoder Compliance.
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Since part 4 is intended to provide conformance
for dl the three primary parts of MPEG-2—Sys-
tems, Video, and Audio-it provides bitstream char-
acteristics, bitstream tests, decoder characteristics,
and decoder tests for these three parts.

In Fg. 2.5 we show an example of a setup for
testing video decoder compliance. It is assumed
that a Reference Decoder exists that satisfies the
criterion for conformance to the MPEG-2 stan-
dard. Although ideally conformance testing should
be possible on every type of decoder, MPEG-2
specification concerns only the decoding process
from a bitstream of a digital output. For example,
in testing MPEG-2 Video conformance for
decoders supporting MPEG-1 like chrominance
resolution (4:2:0), it is expected that the digital out-
put from the Decoder under Test be 4:2:0 for com-
parison with the Reference Decoder providing a
4:2:0 digitd output. In fact the proposed proce-
dure can aso be used for decoder tests when the
digital output is 4:2:2 (as may be the case when
higher chroma resolution is obtained by upsam-
pling 4:2:0 for display); however, the results on the
4:2:2 signa need to be carefully interpreted
(assuming that 4:2:0 resolution is coded in the bit-
stream) since chroma conversion from 4:2:.0 to
4:2:2 is outside of the scope of the standard.

The Statistical Analysis operation generates a
report on the difference file for each conformance
bitstream input. The report consists of first, a his-
togram of pel differences per field between Refer-
ence Decoder and Decoder under Test and sec-
ond, the number and addresses of erroneous
macroblocks and the erroneous component in each
erroneous macroblock. Furthermore, if more than
90% of macroblocks are declared erroneous in a
picture for a specific bitstream, a complete break-

Statistical
Analysis

Peloton - EX1020, Page 38
IPR2023-01239 (Peloton v. NEC)



24 Anatomy of MPEG-2

down is said to have occurred. Other types of
breakdown are also identified such as a short
breakdown (the decoder does not decode the end
of picture and resynchronizes on the next picture)
and long breakdown (the decoder loses the infor-
mation of a picture and resynchronizes on the next
I-picture, next GOP, or next sequence startcode).
In case of probable breakdown on a conformance
bitstream a new stream is created by concatenation
of an easy bitstream followed by the conformance
bitstream followed by an easy bitstream. A visual
test is then conducted to determine if concatenat-
ed parts are visualy different and if the decoder
restarts after a breakdown.

Besides the tests for video decoders, a number
of tests are also specified for audio decoders. A
suite of audio test sequences has also been stan-
dardized and covers various layer decoders. Test-
ing can be done asfor video by comparing the out-
put of a Decoder under lest with the output of a
Reference Decoder. To be caled an MPEG-2
Audio decoder, the decoder shall provide an out-
put such that the root-mean-square level of differ-
ence signa between the output of the Decoder
under Test and the supplied Reference Decoder
output is less than a specified amount for a sup-
plied sine sweep signal. In addition, the difference
signal magnitude must have less than a maximum
absolute value. Further, to be called a limited accu-
racy MPEG-2 Audio decoder, a less strict limit is
placed on the root-mean-square level of difference
signal.

This part is expected to achieve the final status
of International Standard by the end of the first
quarter of 1996.

2.2.5 Software

This part of MPEG-2, part 5, is referred to as
Software Simulation.® As the name suggests, it
consists of software simulating Systems, Video, and
Audio, the three principal parts of the MPEG-2
standard.

The MPEG-2 Systems Software consists of soft-
ware for encoding and decoding of both the Pro-
gram and the Transport Streams.

The MPEG-2 Video Software mainly consists
of software for encoding and decoding of nonscal-

able video. In addition, it also includes some soft-
ware for scalable encoding and decoding.

The MPEG-2 Audio Software consists of soft-
ware for encoding and decoding. Two different
psychoaccoustical models are included in the
encoder.

MPEG-2 Software has in early 1996 achieved
the final status of International Standard. The
source code included in this part of MPEG-2 is
copyrighted by the ISO.

2.2.6 DSM-CC

Coded MPEG-2 bhitstreams may typically be
stored in avariety of digital storage media such as
CD-ROM, magnetic tape and disks, optical disks,
magneto-optical disks, and others. This presents a
problem for users wishing to access coded MPEG-
2 data stored on a Digital Storage Media (DSM),
since each DSM usually has its own control com-
mand language, requiring the user to know many
such languages. Moreover, the DSM may be either
local to the user or at a remote location. When
remote, a common mechanism to access various
DSM over a network is needed; otherwise the type
of DSM being accessed has to be conveyed to the
user. This, however, may not even be known in
many eases. A solution to these two problems is
offered by MPEG-2 DSM-CC.»%%°

MPEG-2 DSM-CC is a set of generic control
commands independent of the type of DSM. The
DSM-CC is intended for MPEG applications that
need to access a variety of DSM without the need
to know details of each DSM. Thus, to dlow a set
of basic functions specific to MPEG bitstreams on
a DSM, control commands are defined as a specif-
ic application protocol. The resulting control com-
mands do not depend on the type of the DSM or
whether a DSM is local or remote, the network
transmission protocol, or the operating system with
which it is interfacing. The control command func-
tions can be performed on MPEG-1 systems bit-
streams, MPEG-2 Program streams, or MPEG-2
Transport Streams. Some example functions are
connection, playback, storage, editing, remultiplex-
ing etc. A basic set of control commands is also
included as an informative (nonmandatory) annex
in MPEG-2 Systems, part 1.
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Depending on the requirements of an applica
tion and the complexity that can be handled, DSM
control commands can be divided into two cate-
gories. In the first category are a set of very basic
operations such as selection of stream, play, and
store commands. The stream selection command is
used to request a specific bitstream and a specific
operation mode on that bitstream. The play com-
mand is used to request playing of a selected bit-
stream and involves specification of speed and
direction of play to accommodate various trick
modes such as fast forward, fast reverse, pause,
resume, step through, or stop. The store command
is used to request recording of a bitstream on DSM.

The second category consists of a set of more
advanced operations such as multiuser mode, ses-
sion reservation, server capability information,
directory information, bitstream editing, and oth-
ers. With the multiuser mode command, more
than one user is allowed to access the same server
within a session. With the session reservation com-
mand, a user can request a server for a session at a
later time. The server capability information com-
mand allows the user to be notified of the capabili-
ties of the server; example capabilities include
playback, fast forward, fast reverse, sow motion,
storage, demultiplex, remultiplex, and others. The
directory information command alows user access
to information about directory structure and spe-
cific attributes of a bitstream such as bitstream
type, IDs, sizes, hitrate, entry points for random
access, program descriptors, and others. Typicaly,
al this information may not be available through
an Application Program Interface (API). Bitstream
editing functions alow creation of new bitstreams
by insertion of a portion of one bitstream into
another bitstream, deletion of a portion of a bit-
stream, and correctly concatenating portions of
various bitstreams.

In Fig. 2.6 we show a simplified relationship of
DSM-CC with MHEG (Multimedia and Hyper-
media Experts Group standard) Scripting Lan-
guage, and DSM-GC. The MHEG standard is
basically an interchange format for multimedia
objects between applications. MHEG specifies a
class set that can be used to specify objects contain-
ing monomediainformation, relationships between
objects, dynamic behavior between objects, and
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[ Scripting
MHEG | Language
DSM-CC
Transport
Network

Fig. 2.6 DSM-CC centric View of MHEG, Scripting
Language, and Network.

information to optimize real-time handling of
objects. MHEG's classes include the content class,
composite class, link class, action class, script class,
descriptor class, container class, and result class.
Furthermore, the MHEG standard does not define
an API for handling of objects on its classes nor
does it define methods on its classes. Finaly, one of
the important things to note is that MHEG explic-
itly supports scripting languages through the use of
a Script Class; however, it does not specify a script-
ing language of its own.

Returning to our discussion on DSM-CC and
its relationship to MHEG, applications may access
DSM-CC either directly or through anh MHEG
layer. Moreover, scripting languages may be sup-
ported through an MHEG layer on top of DSM-
CC. DSM-CC protocols form a layer higher than
Transport Protocols. Examples of Transport Pro-
tocols are TCP, UDP, and MPEG-2 Transport
Stream/Program Streams.

DSM-CC provides access for genera applica-
tions, MHEG applications, and scripting languages
to primitives for establishing or deleting network
connections using User-Network (U-N) Primitives
and communication between a Client and a Server
across a network using User-User (U-U) Primi-
tives. U-U operations may use a Remote Proce-
dure Call (RPC) protocol. Both U-U and U-N
operations may employ a message passing scheme
that involves a sequence of bit-pattern exchanges.

In Fig. 2.7 we show such a stack of DSM proto-
cols consisting of primitives alowing communica-
tions between User—User and User—Network.

Peloton - EX1020, Page 40
IPR2023-01239 (Peloton v. NEC)



26 Anatomy of MPEG-2

User-User
Primitives

User-Network
Primitives

Remote
Procedure
Call

Fig. 2.7 DSM-CC protocol stack.

Next in Fig. 2.8 we clarify DSM-CC User-Net-
work and User-User interaction. A Client can
connect to a Server either directly via a Network or
through a Resource Manager located within the
Network.

A Client setup typically is expected to include a
Session Gateway, which is a User—-Network inter-
face point, and a library of DSM-CC routines,
which isa User User interface point. A Server set-
up typically consists of a Session Gateway, which is
a User—Network interface point, and a Service
Gateway, which is a User—User interface point.
Depending on the requirements of an application
both a User—User connection and a User—Network
connection can be established.

DSM-CC may be carried as a stream within an
MPEG-1 Systems Stream, an MPEG-2 Transport
Stream, or an MPEG-2 Program Stream. Alterna-
tively, DSM-CC can also be carried over other
transport networks such as TCP or UDP Internet
Protocols.

Network

Client

Gateway
(U-N interface

Resource
Manager,

DSM-CC is expected to achieve the final status
of International Standard by mid 1996.

2.2.7 MPEG-2 NBC Audio

Earlier, while discussing part 3 of MPEG-2, we
mentioned that MPEG-2 audio comes in two
parts, one that is backward compatible with
MPEG-1 (part 3), and one that is not. As you may
have guessed, this part, part 7, is not backward
compatible with MPEG-1 and is thus referred to as
Non Backward Compatible (NBC) Audio. Thus
this part of MPEG-2 is intended for applications
that do not require compatibility with MPEG-1
stereo and thus do not need to compromise on
coding efficiency at all.

MPEG-2 NBC Audio is expected to support the
sampling rates, audio bandwidth, and channel
configurations of MPEG-2 Audio, but will operate
at bitrates from 32 kbit/s to the bitrate required for
high-quality audio. This work item was started
late, around the time when work for part 3 was in
an advanced stage, and 0 this work item is cur-
rently still in progress.?®*. It is expected to achieve
a draft standard status by the end of 1996.

The results from NBC Audio tests® indicate
that notably better quality is obtained by nonback-
ward compatible coding as compared to backward
compatible coding. About 10 organizations partici-
pated in NBC Audio competitive tests. A collabo-
rative phase is currently in progress, including the
definition of an initial Reference Model that is the
framework for conducting core experiments. It is
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]

+
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Fig. 2.8 DSM-CC User Network and User-User interaction.
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Fig. 2.9 A generalized Codec for MPEG-2 Non Backward Compatible (NBC) Multichannel Audio Coding.

expected to undergo several iterations before final-
ly achieving convergence.

In Fg. 2.9 we show a simplified Reference
Mode configuration of the NBC Audio coder
under consideration. We now briefly introduce the
structure employed without going into specific
details.

Multichannel audio undergoes conversion of
domain in Time-Frequency Mapping, whose out-
put is subject to various operations currently being
optimized via experiments such asJoint Channel
Coding, Quantization, Coding, and Bit Allocation.
A psychoacoustical model is employed at the
encoder. A Bitstream Formatter generates the bit-
stream for storage or transmission. At the decoder,
an inverse operation is performed by a Bitstream
Unpacker, which is followed by Dequantization,
Decoding, and Joint Decoding. Finaly, an Inverse
Mapping is performed to go back from frequency
domain to time domain representation, resulting in
the reconstructed multichannel audio output.

NBC Audio is expected to achieve the mature
stage of Committee Draft by mid 1996 and the
final status of International Standard by the end of
the first quarter of 1997.

2.2.8 10-BitVideo (Cancelled!)

Earlier, during the discussion of part 2, we had
mentioned that when MPEG-2 video work was
close to completion, it was envisaged that the
MPEG-2 video would be useful in professional
applications because of its ability to achieve high
quality. The two different types of regquirements
for these applications were found to be higher spa-

tial resolution for chrominance (4:2:2 format) and
higher amplitude resolution for luminance and
chrominance, called the 10-bit video. In 10-bit
video, as the name suggests, each video sample is
digitized to 10-bit accuracy rather than the normal
8-hit accuracy. Specific applications of 10-bit video
are production of high-quality video and motion
picture material, archiving, specialized visual
effects, and efficient transmission and distribution.
Although there was sufficient initial interest® in
this part of MPEG-2, the work on this part had to
be abandoned. This was partly due to insufficient
availability of systems for capture, storage, process-
ing, and display of 10-bit video. Another reason
had to do with limitations in resources of organiza-
tions participating in MPEG-2 owing to various
continuing work items in parallel. Moreover, some
organizations felt that at least for the near term,
applications of 10-bit video were too specialized
and lacked a broad base in consumer markets.

This work item has now officially been removed
from the MPEG-2 program of work.

2.29 MPEG-2 RTI

This part of MPEG-2, part 9, is related to
MPEG-2 Systems, part 1, and is primarily intend-
ed for applications where the MPEG-2 System
may be used for real-time interchange of data such
as in telecommunications applications. It specifies
a Red-Time Interface (RTI) between Channel
Adapters and MPEG-2 Systems Transport Stream
decoders. The RTI makes it possible to specify net-
work interconnects and to verify the performance
of various products that include MPEG decoders.
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Lransport Adapter !
stream Channel Chaunel) RTI Decoder
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transport stream RTI specification
with network induced reference point
timing jitter
Fig. 2.10 Conliguration for ilustrating Real-Time Interface (R1T).

Such interconnects may he specified for networks
such as LAN, ATM, and others by other organiza-
tions and standards bodies.

Thus with the specification of an RTI, it will be
possible to build network adaptation layers that
guarantee required timing performance and aso
guarantee that decoders will have correct behavior
in terms of buffers and timing recovery. The RTI is
an optional supplement to the System’s Transport
Stream System Target Decoder (STD) model. In
Fig. 2.10 we show an example configuration for
illustrating the real-time interlace specification.

In this example configuration, a transport
stream generated by an MPEG encoder passes
over a channel such as a network and through a
channel adapter on its way to an RTI decoder. The
transport stream in going through the network is
assumed to suffer from some timing jitter. Then
the reference point at which the RTI specification
really applies is between the channel adapter and
the RTI decoder. The exact value of acceptablejit-
ter depends on the application.

It is expected that RTI will achieve the final
stage of International Standard by the end of the
first quarter of 19%.

2.2.10 MPEG-2 DSM-CC
Conformance

This part of MPEG-2, part 10, is a relatively
new part and is related to part 6, called DSM-CC.
Part 10 of MPEG-2 was originally aimed to be an
exchange format for multimedia scripts; it was
then referred to as Reference Scripting format
(RSF) or more specifically the DSM-RSF, DSM-
RSF was expected to be closely linked to the Mul-
timedia and Hypermedia Experts Group (MHEG)
standard which mainly deals with presentation
aspects of coded audio-visual data. The MHEG
standard, although it does not explicitly include a

scripting language, does implicitly support such
language.

With DSM-CC, it was envisaged™ to be possi-
ble to code a script controlling presentation aspect
of the audio-visual data along with the coded rep-
resentation (MPEG bitstreams) of the audio-visual
data. DSM-RSF was thus expected to play the role
of a specialized multimedia scripting language.
Although many such languages exist, it was felt
that DSM-RSF was necessary to take advantage of
special features of MPEG Audio and Video coding
as well as that of DSM-CC.

The need for this part of the MPEG-2 standard
arose during the DSM-CC work and thus this part
of the standard was started late. During a recent
(March '96) MPEG meeting, this part was
renamed from DSM-RSF to DSM-CC confor-
mance. Thus the original goal of this part has been
revised and thus this part will mainly provide a
means to verify if aspecific DSM-CC implementa-
tion is conformant to part 6 MPEG-2 or not. Part
10 is expected to achieve the stage of Committee
Draft by July 1996 and the final status of Interna-
tional Standard by March 1997.

2.3 SUMMARY

In this chapter we have presented a brief overview
of the various parts of the MPEG-2 standard and
shown the relationship of parts of MPEG-2 to
parts of MPEG-1 where appropriate. As the read-
er may have guessed, from among the various parts
of the MPEG-2 standard, this book primarily
focuses on MPEG-2 Video. In the following chap-
ters we will certainly be discussing coding algo-
rithms, syntax, semantics, profiles, and implemen-
tation aspects of MPEG-2 Video. However, since
we believe that any discussion about an MPEG
standard would be incomplete without a working
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knowledge of MPEG Audio and MPEG Systems,
we include one chapter on MPEG-2 Audio and
another on MPEG-2 Systems. We will then intro-
duce example applications of MPEG-2 and discuss
characteristics of transmission channels and stor-
age media that may be used to transmit or store
MPEG compressed audio and video.

We now summarize a few key points discussed
in this chapter.

e Sydems, Video, and Audio are three prima-
ry parts of the MPEG-1 and the MPEG-2 stan-
dards. Gonformance and Software are two other
parts of the MPEG-1 and MPEG-2 standards.
The MPEG-2 standard has four other parts: Digi-
tal Storage Media-Control and Comand (DSM-
CC), Non Backward Compatible Audio (NBC
Audio), Real-Time Interface (RTI), and DSM-CC
Conformance. Another part of MPEG-2 called
10-bit video has been dropped.

+ MPEG-2 Systems comes in two forms. The
first one, caled the Program Stream, is MPEG-1
like and intended for error-free media. The second
one, called the Transport Stream, is intended for
noisier environments such as terrestrial and satel-
lite channels.

¢ MPEG-2 Video is a syntactic superset of
MPEG-1 Video. It is based on motion compensat-
ed DCT coding, B-pictures, and a Group-of-Pic-
turcs structure asin MPEG-1 Video. Furthermore,
MPEG-2 Video supports tools for efficient coding
of interlace. MPEG-2 Video dso alows scaable
video coding. Compatibility is a specific form of
scaability that can dlow interoperability with
MPEG-1 Video. From an applications standpoint,
MPEG-2 video is organized as profiles, where each
profile contains a subset of al the coding tools of
MPEG-2 Video.

e MPEG-2 Audio comes as two parts. The
first is Backward Compatible (BC) with MPEG-1,
and the second is Non Backward Compatible
(NBC) with MPEG-1. MPEG-2 BC Audio alows
coding of multichannel (such as five-channel)
audio in a backward compatible manner 0 that
from an MPEG-2 bitstream an MPEG-1 stereo
decoder can reproduce a meaningful downmix of
five channels to deliver correct sounding stereo.
On the other hand, MPEG-2 NBC Audio achieves
notably higher coding performance as it does not
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impose the restriction of compatibility with
MPEG-1; this part of MPEG-2 was started late
and is currently in progress.

*  MPEG-2 Gonformance specifies tests to ver-
ify compliance of bitstreams and decoders claim-
ing to meet the requirements specified for MPEG-
2 Systems, Video, and Audio. MPEG-2 Software,
aso referred to as Technical Report, is a C-pro-
gramming implementation of the MPEG-2 Sys
tems, Video, and Audio standards. The implemen-
tation includes a limited encoder and a full
decoder for dl three parts. This software is copy-
righted by 1SO.

» MPEG-2 DSM-GC specifies protocols to
manage interaction of users with stored MPEG-1
and MPEG-2 bitstreams. A very basic type of
interaction consists of actions of DSM in response
to commands by a user; Annex A in MPEG-2 Sys
tems supports such single user, single DSM appli-
cations. The DSM-CC, however, includes more
extensive protocols to extend the basic idea of
interaction to heterogeneous networked environ-
ments and interactive-video applications. Another
part of MPEG-2 that is related to DSM s current-
ly ongoing and is referred to as MPEG-2 DSM-
CC Conformance. This part was originally intend-
ed to specify formats for Reference Scripts and was
expected to be related to Multimedia and Hyper-
media Experts Group Standard (MHEG) which
deals with presentation aspects. However, it is now
expected to deal mainly with compliance aspects of
MPEG-2 DSM-CC.

e MPEG-2 RTI imposes some restrictions on
MPEG-2 Systems and in particular Transport
Streams. It specifies timing of the rea-time ddiv-
ery of bytes of the Transport Stream as a Real-
Time Interface. This part does not override any of
the requirements of MPEG-2 Systems, and com-
pliance to this part of the standard is optiona.
One of the important parameters for RTI specifi-
cation is the network induced timing jitter, which
may depend on the application.
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3

MPEG-2 Systems

Part 1 of 1SO 13818 is caled Systems. As we shall
see, this term has many meanings and applies to
many different contexts. In fact, Systems is the
framework that alows MPEG-2 to be used in an
extraordinary number of applications. For exam-
ple, audio may be sent in several languages. Video
may be sent at several resolutions and bitrates.
Multiple views or 3D stereoscopic video may be
sent that is completely compatible with ordinary
MPEG-2 video.

3.1 MULTIPLEXING

The main function of MPEG-2 Systems is to pro-
vide a means of combining, or multiplexing, several
types of multimedia information into one stream
that can be either transmitted on a single commu-
nication channel or stored in one file of a DSM.*
Since MPEG data are always byte aligned, the bit-
streams are actually bytestreams, and we refer to
them simply as streams.

There are two methods in wide use for multi-
plexing data from several sources into a single
stream. One is caled Time Divison Multiplexing
(TDM), which basically assigns periodic time slots
to each of the elementary streams of audio, video,

*Digital Storage Medium.
tPacket interleaving may or may not be periodic.

32

data, etc. H.320 uses TDM in its multiplexing
standard, which is called H.221.

MPEG-1 Systems' and MPEG-2 Systems use
the other common method of multiplexing, called
packet multiplexing. With packet multiplexing, data
packets from the several elementary streams of
audio, video, data, etc. are interleavedt one after
the other into a sngle MPEG-2 stream, as shown in
Fig. 3.1. Elementary streams and MPEG-2 streams
can be sent either at constant bitratc (CBR) or at
variable bitrates (VBR) simply by varying the
lengths or the frequency of the packets appropri-
ately. In particular, elementary streams can be sent
as VBR, even though the multiplexed MPEG-2
stream itself is transmitted as CBR. This enables
some elementary streams that temporarily do not
require very many bits to give up their proportion-
ate channel capacity in favor of other elementary
streams that temporarily require more than their
share of the overall channel capacity. This func-
tionality is called statistical multiplexing.

3.2 SYNCHRONIZATION

With multimedia information, there is a strong
requirement to maintain proper synchronization
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Fig. 3.1 Packet Multiplexing. At the multiplexer, packets from several clementary streams of audio, video, data, and so forth are

multiplexed into a single MPEG-2 stream.

between the elementary streams when they are
decoded and passed to their various output dis-
plays or transducer devices.

With TDM, the delay from encoder to decoder is
usualy fixed. However, in packetized systems the
delay may vary owing both to the variation in pack-
et lengths and frequencies during multiplexing.
Moreover, if audio and video are prepared and edit-
ed separately prior to multiplexing, some means for
restoring proper synchronization must be provided.
For both MPEG-1 and MPEG-2, synchronization is
achieved through the use of Time Stamps and Clock
References. Time Stamps are 33-hit data fields indicat-
ing the appropriate time, according to a Systems Time
Clock (STC) that a particular Presentation Unit (video
pictures, audio frames, etc.) should be decoded by
the decoder and presented to the output device.
Clock References are 42-bit data fields indicating to
the demultiplexer what the STC time should be
when each clock reference is received.

There are two types of time stamps. A Decoding
Time Samp (DTS) indicates when the associated
Presentation Unit* is to be decoded. A Presentation
Time Stamp (PTS) indicates when the decoded Pre-
sentation Unit is to be passed to the output device
for display. If the decoding and presentation time

are the samet for a particular Presentation Unit,
then either no time stamp is sent or only the PTSis
sent. If no time stamp is sent, then the presenta-
tion (and decoding) time is extrapolated based on
the presentation time for the previous Presentation
Unit and the known sampling rate for that source.

Synchronization and decoding requires buffers
at the decoder to temporarily store the compressed
data until the correct time of decoding, as shown
in Fig. 3.2. When the decoder STC advances to the
time specified by the DTS, the corresponding Pre-
sentation Unit is removed from the buffer and
passed to the decoder. If the PTS is later than the
DTS, the decoded Presentation Unit waits inside
the decoder until the STC advances to the PTS
time.3 Otherwise, the decoded Presentation Unit is
presented to the display immediately. It is the
responsibility of encoders and multiplexers to
ensure that data are not lost due to buffer overflow
at the receiver.

3.3 ELEMENTARY STREAMS

Elementary streams consist of compressed data
from a single source (eg., audio, video, data, etc.)

*MPEG defines Access Units for DTS timing. Here we use the term Presentation Unit to apply to both Presentation and Access

Units since the difference is minor.
1PTS and DTS normally differ only in the case of video.

FPractical MPEG receivers may add a delay to the DTS and PTS values for implementation purposes, in which case buffer sizes

must be increased.
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i Video Decoder . Output
Video Data ol Daw Data Control [\;ld«e?j | P!
Buffer via PTS, DTS ecoder
|
STC
MPEG2 S Filter .
) ystem Counter
S"e‘;;:“fmm Demultiplex CRV
Channel and Extract - STC
Clock
Reference
Startup Val
(CR) tartup Value
Systems Time Clock Generator
Audio )
Audio Data_ | Data Data _ | Decoder o Audio Output
| Buffer 1 Control P Decoder f——pm
viaPTS
Fig. 3.2 MPEG receiver. A demultiplexer switch separates the incoming MPEG-2 stream into its compenent clementary

streams. Compressed clementary stream Presentation Units are stored in buffers. where they wait until the proper time for
decoding, as specified by a decoding time stamp (D'TS) and the System Time Clock (STC). The STC generator is a simple phase
locked loop (PLL) that wracks incoming Clock References (CRs). PLLs and CRs will be desceribed later.

plus ancillary data needed for synchronization,
identification, and characterization of the source
information. 1 he elementary streams themselves
are first packetized into either constant-length or
variable-length packets to form a Packetized Elemen-
tary Stream (PES). Each PES packet* consists of a
header followed by stream data called the payload.

The PES header begins with one of 66 possible
PES Start-Codes. MPEG-2 adso has many other
types o Start-Codes that are used for delineation
of various other types of data. All MPEG-2 Start-
Codes begin with a start_code prefix (Px),
whichisastring of 23 or moret binary Os, followed
by a binary 1, followed by an 8-bit Sart-Code ID
that is usually specified in hexadecimal.: Further-
more, the audio and video compressed data arc
designed to rarely if ever contain 23 consecutive

zeros, thus easing random access to Start-Codes as
well as speeding recovery after the occurrence of
transmission errors.

In PES Start-Codes, the 8-bit Start-Code ID is
caled the stream_id. It ranges in value from
OxBD to OxFE and serves to label the stream, as well
as to specify the type of the stream, as shown in
Table 3.1. Different stream_ids may be used to dis-
tinguish between separate streams of the same type.

Following the stream_id in the PES header are
PES packet_length, flags and indicators for
various features and, finally, optional data whose
presence is determined by the stream type as well
as the values of the flags and indicators. The syn-
tax of the PES header is shown in Fig. 3.3.

The semantics of the PES header variables§ are
as follows:

*MPEG also defines other specialized streams for various purposes, as we shall see later. They are also packeized, but they are

not usually called PESs

tMore that 23 zeros may be used in video streams, if desired, for byte alignment or padding.
fHexadecimal numbers are denoted by the prefix “0x.” For example, OxBC = binary “ 1011 1100.” Numberswithout prefixes

or quotesare decimal.

8Flag and indicator variables are | bit, unless otherwise indicated.
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start_code prefix 23 or more binary 0s, fol-
lowed by a 1. This is the same for al MPEG Start-
Codes.

stream_id (8 bits) Hexadecimal values ranging
from OxBD to OxFE. Defines ID type according to
Table 3.1. May aso be used as an ID number for dif-
ferent streams of the same type.

PES packet_length (16 bits) The number of
bytes that follow. For Transport Stream packets car-
rying video, a value of O indicates an unspecified
length.

padding_bytes Fixed 8-bit values equal to OxFF,
which are discarded by the decoder.

marker_bits Fixed valued bits usually equal to al
binary Is.

Table 3.1 MPEG-2 Systems Start-Code [Ds and stream_ids.

Strecam_ids range from 0xBD to OxFE*. Program
Streams (PS) will be described later. Entitlement
Control Messages (ECM) and Entitlement
Management Messages (EMM) arc part of the
Conditional Access, that is, scrambling control.

Start-Code ID’s
and strcam_id’s

(hexadecimal)

Data or Stream Type

B9 PS End Code

BA PS Pack Header

BB PS System Header

BC PS Program Map [able (PS-PM'T)
BD private_stream_|

BE padding_strcam

BF private_strcam_2

CO 1o DF MPEGI or MPEG?2 audio

EO to EF MPEG1 or MPEG?2 vidco

KO ECM private

Fl EMM private

F2 DSM Command & Control
F4 ITU-T type A (defined by I'TU-T)
F5 I'TU-T type B

F6 - [TU-T type C

F7 [TU-T type D

F8 ITU-T type E

F9 ancillary_stream

FA to FE reserved streams

FF PS Dircctory

*MPEG’s definition of elementary stream is somewhat looser than ours.
MPEG includes values 0xBC and OxIF as stream_ids, whereas we prefer
1o call them Start-Code [Ds, since they never occur in PES packets.
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PES scrambling_control 2 bits, indicates the

scrambling mode, if any.

PES priority 1 indicates the priority of this PES
packet. 1 indicates high priority.
data_alignment_indicator 1 indicates the pay-
load begins with a video Start-Code or audio sync-
word.

copyright
copyrighted.

1 indicates the PES packet payload is

original_or_copy 1 indicates the PES packet

payload is an original.

PTS DTS flags 2 hit field. Vaues of 2 and 3
indicate a PTS is present. 3 indicates a DTS is pre-
sent. 0 means neither are present.

ESCR flag 1 indicates a clock reference (caled
ESCR) is present in the PES packet header.

ES rate flag 1 indicates a bitrate value is present
in the PES packet header.

DSM_trick_mode flag 1 indicates the presence
of an 8-bit trick mode field.
additional_copy _info flag 1 indicates the pres-
ence of copyright information.

PES CRC_flag 1 indicates a crc' is present in
the PES packet.

PES extension_flag 1
the PES packet header.
PES heade data_length (8-bits) Specifies the
total number of bytes following in the optional
fields plus stuffing data, but not counting
PES packet_data. The presence or absence of
optional fields is indicated by the above indicators.

Presentation times

indicates an extension of

PTS (presentation time stamp)
for presentation units.

DTS (decoding time stamp) Decoding times for
presentation units. PTS and DTS can differ only for
video.

ESCR Elementary stream clock reference for PES
Streams (see below).

ES rate (elementary stream rate) The bitrate of a
PES Stream. Normally, ESCR and ES rate are used
only if a PES istransmitted all by itself, in which case
it is called a PES Stream.

trick_mode_control Indicates which trick mode
(fast forward, rewind, pause, etc.) is applied to the
video.

TO/dic Redundancy Check, a parity check for error detection purposes.
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Start PES_packet() stream_id
—

start_code_prefix (Psc)

PES_packet_length

Y

Cstrcam_id= padding_stream?‘.j y p»-| padding_bytes
¥
Y stream_id =? private_stream_2, ECM, EMM,
DSMCC_stream or ITU-T type E_stream??
* n

ESCR flag marker_bits (='10")
ES_rate_flag PES_scrambling_control
DSM_trick_mode_flag PES_priority
additional_copy_info_flag [~e@————— data_alignment_indicator
PES_CRC_flag copyright
PES_extension_flag original_or_copy
PES_header_data_length PTS_DTS_flags

Q’TS_DTS_ﬂags =2or 3??}25 PTS and marker_bits

r_____ (40-bits)
G’TS_DTS_ﬂESS = 3??)J—-> DTS and marker_bits
(40-bits)

fl 77
ESCR_flag = | ESCR and marker_bits

(48-bits)

'
|
]

ES_rate_flag = 177 ES_rate and marker_bits

(24-bits)

(DSM_trick_mode_ﬂag = 1??)1»
trick_mode_control and data
(variable number of bits)

additional_copy_info_flag = 177 } Y |
C —copy 1N additional _copy_info and marker_bits
(8-bits)

i1

G’ES CRC_flag = m
previous_PES_packet_CRC

r———‘ T (16-bits)
( PES_extension_flag = l”D—.
= private and other extension data
i - (variable number of bits)

l stuffing_data

I:ES_packet_data Ir w

End PES_packet()

Fig. 3.3 Syntax of the PES-Packet header for several stream types. A bold facc variable name means simply read in the value of

the variable,
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additional_copy_ info Contains private data for
copyright information.

previous PES packet CRC (16 bits) Contains
the CRC of the previous PES packet, exclusive of
the PES packet header.
extenson_data May include
sequence counters, bitrates, etc.
stuffing data Fixed 8-bit values equal to OxFF
that may be inserted by the encoder. It is discarded
by the decoder. No more than 32 stuffing bytes are
alowed in one PES header.

PES packet_data Contiguous bytes of data from
the elementary stream.

buffer  sizes,

3.4 PROGRAMS AND
NONELEMENTARY STREAMS

PES packets from various elementary streams are
combined to form a Program. A program has its
own STC, and al elementary streams in that pro-
gram are synchronized using PTSs and DTSs ref-
erenced to that STC.

MPEG has defined three nonelementary
streams for transmitting or storing programs. The
first is caled a Program Stream and is aimed at appli-
cations having negligible transmission errors. The
second is caled a Transport Sream and is aimed at
applications having nonnegligible transmission
errors. The third has the strange appellation PES
Sream* and is useful for certain operations in spe-
cific implementations; however, it is not recom-
mended for transmission or storage because of
error resilience and random access limitations.

3.4.1 Program Streams

A Program Stream carries one Program and is
made up of Packs of multiplexed data. A Pack con-
sists of a pack header followed by a variable num-
ber of multiplexed PES packets from the various
elementary streams plus other descriptive data to
be described below. In a PS, each elementary
stream must have its own unique stream_id.

*Some members of MPEG deny the existence of PES Streams.
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A Pack Header, shown in Fig. 3.4, consists of a
Pack Sart-Code, followed by a 42-bit Systems Clock
Reference (SCR), which is used to reset the decoder
STC, followed by the assumed PS bitrate (called
program_mux_rate), followed finally by optional stuff-
ing bytes.

Program Streams (PSs) are suitable for Digital
Storage Media (DSM) or transmission networks
that have either negligible or correctable transmis-
sion errors.

It is the responsibility of the multiplexer to
guarantee that Program Streams are decodable by
al standard MPEC decoders. For this to be possi-
ble, MPEG specifies certain rules for multiplexers
in the form of a Program Sream-System Target Decoder
(PS-STD). The PS-STD is ahypothetical program
decoder, shown in Fig. 3.5, that is synchronized
exactly with the encoder. It consists of a demulti-
plexer, system control, STC, and elementary
stream buffers and decoders.

Bytes from the multiplexed Program Stream are
fed to the PS-STD at the rate specified in the Pack
header." The demultiplexer switch then routes the
PES packets to the appropriate decoder buffers or
Systems control as indicated by the Start-Code IDs
and stream _ids.

The STC is a 42-bit counter incrementing at a
rate of 27MHz.* Each received SCR specifies the
desired value of the STC at the exact arrival time
of that SCR at the PS-STD. However, in rea sys
tems the SCR may have a small error. Thus, most
practical program receivers will use a Phase Locked
Loop (PLL), as shown in Fig. 3.2, to control their
STCs. PLLs will be covered later in this chapter.

Time Stamps are used for PS-STD control. A
coded Presentation Unit is removed from its buffer
and passed to its decoder at the time specified by
its DTS, which is either included in the stream or
obtained from the PTS. The decoded Presentation
Unit is then passed to the output device at the time
specified by its PTS, which is either included in the
stream or extrapolated from a past PTS.

The multiplexer must construct the Program
Stream so that PS-STD buffers never overflow.

"There may be gaps between packs, during which no datais transferred.

*A tolerance of +810Hz is alowed in the STC.
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Start Pack() - start_code_prefix (Psc) ]

‘ Start-Code ID (<0xBA)

system_clock_reference (SCR) and marker_bits (48-bits)
program_mux_rate (22-bits)

Pack
marker_bits (2-bits) Header
reserved_bits (5-bits)
pack_stuffing length (3-bits)
stuffing_bytes

+ y

Cnext startcode = system_header_start_code (PscBB)?? )—>
n System_Header ()
y
——'( next startcode = Pack_start_code (PscBA)??)
n
y
(next startcode = PS_PMT _code (PscBC)W PS-PMT() 1

n

Cnext startcode = PS_Directory_code (PscFF)?'D‘Y—D PS Directory() ———fm]
n

n
cht startcode = PS_end_code (PscB9)??J—> PES_packet() f——fm=-
y

End of
Program Stream

Fig. 3.4 Syntax of a Pack. A Program Stream (PS) is made up of Packs of multiplexed PES packets from the various clementary
streams plus other descriptive data to be described later. Each pack begins with a pack header. The PS ends with Start-Code ID 0xB9.

Also, buffers are allowed to underflow only in cer- In addition to PES packets, PS Packs aso con-
tain prescribed situations. The most straightfor-  tain other descriptive data called PSProgram Specific
ward way to guarantee thisis for the encoder/mul-  Information (PS-PSI), which defines the program

tiplexer to keep track of the timing and buffer and its constituent parts. One speciaized type of
fullness in each of the elementary stream decoders, PS-PSl is called the System Header, which if present
as will be described later. must directly follow the pack header. In the PS Sys-
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STC
Coded + Dela —o
P P 1;:(5 Presentation Y o
ackets Units
Buffer 1 ._____’m Decoder 1 -0
(video) Decoded
Presentation
i Units
° STC
g/l:c ES? P 4 ° Coded + Decoded
Presentation Presentation
Units Decoder n Units
p——————————
o——®| Buffern (non video) Ll
PS-PSI Data
and SCRs

System Time Clock (STC)

Generator B STC

Fig. 3.5 Program Stream-System Target Decoder (PS-STD).

tem Header certain specifications are provided
such as bitrate bound, buffer sizes for the various
elementary streams, and so forth. The syntax of
the PS System Header is shown in Fig. 3.6. Note
that it is different than the PES format of Fig. 3.3.

The semantics of the PS System Header are as
follows:

header_length (16 hits)
the following data.
rate_bound (22 bhits)
gram_mux_rate field.
audio_bound (6 bits) Upper bound on the num-
ber of active audio streams.

fixed_flag 1 indicates fixed bitrate for the MPEG-
2 stream.

The length in bytes of

Upper bound on the pro-

CSPS flag 1 indicates constrained parameters (a
set of limitations on bitrate and picture size).

sygem_audio_lok flag Indicates the audio
sampling is locked to the STC.
system_video lock_flag Indicates the video

sampling is locked to the STC.

video_bound (5 hits) Upper bound on the num-
ber of video streams.
packet_rate restriction_flag
rate is restricted.

Indicates packet

stream_id Elementary stream ID for the follow-
ing data.

P-STD_buffer_bound (14 bits) Upper bound on
the PS-STD buffer size specified in the PES packet
extenson_data. A practical decoder buffer size
should exceed that specified by P-STD_buffer_bound.

Another specialized type of PS-PSl is called the
PS Program Map Tablet (PS-PMT), shown in Fg.
3.7, which contains information about the pro-
gram and its constituent elementary streams. The
semantics for the PS-PMT are as follows:

program_map_table length (16 bits) The
number of bytes that follow.
current_next_indicator 1 indicates this PS

PMT is currently vaid. (More correctly, it will be
valid as soon as the final byte is received.) O indicates
that it is not yet valid, but is about to be valid and is
being sent for preparatory purposes only.
program_map_table version (5 bits)
number, which increments with each change.

Version

program_stream_info_length (16 bits) Num-
ber of bytes in the program descriptors (to be
described later).

program_descriptors( ) Descriptive informa-
tion for this program (to be discussed |ater).

*MPEG uses the term “Program Stream Map.” We use “PS Program Map Table” for clarity later in the chapter.
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Start PS Tstm-Hcader 0

start_code_prefix (Psc)
Start-Code ID (= 0xBB)

'

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
packet_rate_restriction_flag
reserved (7-bits)

d

y
nextbit = 17??

n

Y

End PS System Header ()

stream_id
markerbits (2-bits)
PS-STD_buffer_bound

Fig. 3.6 The PS System Header provides parameters needed for the PS-STD.

dementary_stream_map_length (16 bits) Total
number of bytes in al of the elementary stream (ES)
data that follows, not including CRC.

stream_type (8 bhits) Type of the elementary
stream according to Table 3.2.

edlementary stream_id (8 bits) Each PS Elemen-
tary Stream requires a unique stream_id (see Table
3.

dementary_stream_info_length (16 bits) Num-
ber of bytes in the ES descriptors for this ES.

ES descriptors( ) Descriptive information for
this ES (to be discussed later).

CRC_32 (32 bhits) CRC for the entire program

stream map.

Another specialized type of PS-PSl is called the
Program Sream Directory, which contains locational
information for points of random access within a

stored stream. Usudly, it lists selected video |-
pictures, their locations and sizes, plus time stamps.
However, it can dso be used for audio.

3.4.2 Transport Streams

Transport Streams (TSs) are defined for trans-
mission networks that may suffer from occasiona
transmission errors. They are similar to Program
Streams in that they consist of multiplexed data
from Packetized Elementary Streams (PESs) plus
other descriptive data. However, one more layer of
packetization is added in the case of TS. In gener-
a, relatively long, variable-length PES packets are
further packetized into shorter TS packets of
length 188 bytes. A constant packet length makes
error recovery easier and faster. Another distinc-
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Start PS Program Map Table
PS-PMT()

start_code_prefix (Psc)
Start-Code ID ( =0xBC)
program_map_table_length
current_next_indicator
reserved (2-bits)
program_map_table_version
reserved (7-bits)
marker_bit
program_stream_info_length

program_descriptors()

elementary_stream_map_length
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stream_type

elementary stream_id
elementary_stream_info_length
ES_descriptors()

Finished??

End PS-PMT

Fig. 3.7 'The PS Program Map Table (PS-PMT) describes the program and its constituent elementary streams.

Table 3.2 Elcmentary stream types.

stream_type

Desceription

0x00
Ux01
0x02
0x03
0x04
0x05
0x06

0x07

0x08

0x09

0x0A

0x0B

0x0C

0x0D

0xOE
0xOF-0x7F
0x80 -OxFF

Reserved
MPEGI Video
MPEG2 video
MPEG] Audio
MPEG?2 Audio
private_sections (sce Fig. 3.11)
PES packets containing a privatc stream
(see Fig. 3.3)
MHEG
DSM CC
[TU-T Rec. H.222.1
ISO/IEC 138186 type A
ISO/IEC 13818-6 type B
ISO/IEC 13818-6 type C
ISO/IEC 13818-6 type D
auxiliary
Reserved
User Private

tion between TS and PS is that TS can carry sever-
a programs, each with its own STC. Program
Specific Information (TS-PSl) is aso carried differ-
ently in TSs than in PSs.

Each TS packet consists of a TS Header, fol-
lowed optionally by ancillary data called the Adap-
tation Field, followed typicaly by some or al of the
data from one PES packet.* The TS Header con-
sists of a sync byte, flags and indicators, Packet
Identifier (PID), plus other information for error
detection, timing, etc., as shown in Fg. 3.8. PIDs
are used to distinguish between elementary
streams. Thus, in a Transport Stream, elementary
streams need not have unique stream_id values.

The sematics for the TS packet are as follows:

sync_byte (8 hits) A fixed value 0x47.

transport_error_indicator 1 indicates an uncor-
rectable bit error exists in the current TS packet.

*Datafrom more than one PES packet isnot allowed in aTS packet. Thus, anew PES packet requiresanew TS packet.
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Start transport_packet

sync_byte
transport_error_indicator
payload_unit_start_indicator
transport_priority

PID
transport_scrambling_control
adaptation_{field_control
continuity_counter

'

C PID = 0x1FFF?? ) y p»-| Discard all data

in TS null packet
n

Y

Cadaptation_ﬂeld control =2 or 3?? y

n adaptation_field()
el

Y

n
(adaptation_ﬁeld_control =1or 3??}

+ y
( Is the PID for this packet PES or PSI??
Pes‘ lPSl
C payload_unit_start_indicator = 17? ) Cpayload_unit_start_indicator = 1??)
y n y "
Start New Continue pointer_field Continue Old
PES_packet PES_packet PSI Section
Continue Old
PSI Section
Start New
PSI Section

y Y Y by
v

End transport_packet

Fig. 3.8 Transport Stream ('S) Packet Syntax.
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payload_unit_start_indicator Indicates the
presence of a new PES packet or a new TS-PS|
Section.

transport_priority 1 Indicates a higher priority
than other packets.

PID  13-bit packet IDs. Values 0 and 1 are preas-
signed, while values 2 to 15 are reserved. Vaues
0x0010 to OxIFFE may be assigned by the Program
Specific Information (PSl), which will be described
later. Value Ox 1FFF is for null packets.
transport_scrambling_control (2 bits) Indi-
cates the scrambling mode of the packet payload.
adaptation_ field_control (2 bits) Indicates the
presence of an adaptation field or payload.
continuity_counter (4 bits) One continuity_counter
per PID. It increments with each nonrepeated Trans-
port Stream packet having the corresponding PID.
pointer _field (8 bits) Used only in TS-PSI pack-
ets that contain a new TSPSl Section (to be
described later). Indicates the number of bytes until
the start of the new TS-PS| Section.

The Adaptation Field contains flags and indica-
tors, STC timing information in the form of a Pro-
gram Clock Reference (PCR), which is used in exactly
the same way as the SCR of the Program Stream,
plus other data as shown in Fg. 3.9.

Semantics of the adaptation field are as follows:

adaptation_field__length (8 hits) The number of
bytes following.

discontinuity_indicator 1 indicates a disconti-
nuity in the clock reference or the continuity counter
or both.

random_access indicator 1 indicates the next
PES packet is the start of a video sequence or an
audio frame.
elementary_stream_priority_indicator 1
indicates a higher priority.

PCR_flag 1 indicates the presence of a PCR.
OPCR_flag 1 indicates the presence of an origi-
na PCR.
splicing_point_flag
down is present.
transport_private data flag
ence of private_data bytes.
adaptation_field_extension_flag Indicates the
presence of an adaptation field extension.

program_clock_reference (PCR)  defined above.

Indicates that a splice_count-

Indicates the pres-
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original_program_clock_reference  (OPCR)
This PCR may be used when extracting an original
single program from a multiprogram TS (use with
caution).

splice_countdown (8 hits) Specifies the remain-
ing number of Transport Stream packets, of the
same PID, until a splicing point is reached. Splice
points mark the end of an audio frame or a video
picture.

transport_private data length (8 bits) The
number of private data bytes immediately following.
private data bytes Private data.
adaptation_field_extension_length (8 hits)
number of bytes of the extended adaptation field.

stuffing_bytes  Fixed 8-bit values equal to OxFF
that may be inserted by the encoder. They are dis-
carded by the decoder.

The

Within a TS, PIDs are used to distinguish
between different streams and different PSl. Dif-
ferent streams may belong to different programs or
the same program. In any event, they all have dif-
ferent PIDs.

The program descriptions plus the assignments
of PESs and PIDs to programs are contained in
specialized TS streams caled TS-Program Specific
Information (TS-PSI). The speciadlized TSPS
streams are shown in Table 3.3.

For convenience as well as length limitations,
some of the TS-PSI may be sent in Sctions. If a TS
packet contains the start of any TSP Section,
then the TS packet data starts with an 8-bit point-
er_field that tells how many bytes are contained
in a partial section at the beginning of the TS
packet data. If there is no such partial section, then
pointer_field = 0.

If the TS-PSl is spread over many TS packets
and is sent periodically to assist random tuning to a
broadcast TS, then the pointcr_field enables rapid
access to the very next TS-PSI Section. Again for
convenience, after the end of any TSPl Section,
stuffing bytes= OxFF may be inserted until the
end of the TS packet.

The first TS-PSI stream is caled the Program Asso-
ciation Table (TS-PAT). The TSPAT, shown in Fg.
3.10, is aways carried in TS packets having PID =
0, which are typicaly the first TS packets read by a
receiver. For each program in the TS, the TSPAT
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Start adaptation_field()

|

adaptation_field_length

'

———y(adaptation_ﬁeld_length =07 )

{ n
discontinuity_indicator
random_access_indicator
elementary_stream_priority_indicator
PCR_flag
OPCR_flag
splicing_point_flag
transport_private_data_flag
adaptation_field_extension_flag

y p»-| Program_clock_reference (PCR)
and marker_bits (48-bits total)

PCR_flag=17?

original_
— program_clock_reference
and marker_bits (48-bits total)

— , y
( splicing_point_flag = m———-——f splice_countdown

n

Ctransport ' private_data_flag = 177 )y p| transport_private_data_length

private_data_bytes
n

y
( i i =177 }-—-——»
adaptation._field_extension_flag = 177 adaptation_field_extension_length

n adaptation_field_extension data

END
Fig. 3.9 ‘Iransport Strcam Adaptation Field.
defines a unique nonzero program_number and PMT) for that program. Severa (or in fact al) pro-

an associated TS PMT_PID* to be used later by  gramsmay usethesame TS PMT_PID for carrying
packets that carry the Program Map Table (TS their TS PMTSs, or each program could use a differ-

*This as well as other user defined PIDs are restricted to the range 0x0010 to OxIFFE
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Table 3.3 Transport Stream—Program Specific Information (I'S-PSI) is carried in specialized ‘T'S-PSI streams. Private data may

be carried in Private_sections,

PID Value table_id
TS-PSI 'Iype (13-bits) (8-bits) Function
Program Association Table (T'S-PAT) 0x0000 0x00 Assigns Program Numbers and Program Map Table PID’s
Network Information Table (TS-NIT) Assigned in 0x40 o Specifies physical network parameters
‘T'S-PAT OxFE
Program Map Table (TS-PMT) Assigned in 0x02 Specifies PII values for program components
T'S-PAT
Conditional Access Table (TS-CAT) 0x0001 0x01 Carries information and data for scrambling
Private_scction Assigned in 0x40 to Defined by application
TS-PAT 0xFE
Defined by DSM-CC Assigned in 0x38 to Defined by DSM-CC
DSM-CC 0x3F
TS Description 0x0003 0x03 Optional 'S Description {under study)

ent TS PMT_PID. Programs may be added or
deleted at any time* during the TS by retransmitting
the entire TSPAT with the version number
increasedt by 1. If there are many programs, the TS
PAT may be sent in severa sections, with each sec-
tion typically defining one or more programs.

The semantics of the TS-PAT are as follows:

table id (8 bits)  Set to Ox00
section_syntax_indicator Setto 1.

section_length (12 bits)
(<1021) below in this section.

The number of bytes

transport_stream_id (16 bhits)
user.

ID defined by the

version_number (5 bits) Version number of the
whole Program Association Table, that is, every sec-
tion of a given TSPAT has the same version_num-
ber. A new TSPAT with an incremented
version_number becomes valid when the last section
isreceived.

current_next_indicator 1 indicates that this
Program Association Table is currently valid. (More
correctly, it will be valid as soon as the final section is
received.) O indicates that it is not yet valid, but is
about to be valid and is being sent for preparatory
purposes only.

section_number (8 bits) The number of this sc
tion. It is incremented by 1 for each additional sec-
tion.

last_section_number (8 hitsy) The number of

the final section of the complete Program Associa-

tion Table.

program_number (16 bhits) The program to
which the following TS_PMT_PID is applicable.
Program_numbcr 0x0000 refers to the network PID.
TS PMT_PID (13 bits) The PID of packets that
carry the Program Map Table (TS-PMT) for the
above program_number. This PID may be used to
carry TS-PMT's for several (or al) programs. It may

also carry private data with the format of Fig. 3.11.

network_PID (13 bits) The PID of the Network
Information Table.

CRC_32 (32 hits) CRC for this TS-PAT section.

stuffing_bytes Fixed 8-bit values equal to OxFF
that may be inserted by the encoder. They are dis
carded by the decoder.

The second TS-PSI stream, which is optional, is
caled the Network Information Table (TSNIT). Its TS
packets use the network_PID defined in the TS
PAT. The Network Information Table carries net-
work-specific data describing characteristics and
features of the transmission network carrying the
TS. Such data are very dependent on network
implementation and are therefore considered Pri-
vate. The TS-NIT is carried using the Private_section
data structure shown in Fig. 3.11.

Other private data may aso be carried with
the Private section structure by indicating a

*A programs TS PMT_PID is not alowed to change during the program,
T After reaching 31, version numbers wrap around, that is, start again with 0.
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Start TS Program Association Table (TS-PAT) Section

{

table_id (=0x00)

marker_bit

reserved (2-bits)
section_length
transport_stream_id
reserved (2-bits)
version_number

section_number
last_section_number

section_syntax_indicator

current_next_indicator

b*

program_number
reserved bits (3-bits)

(program_number=0?? }——Ply network_PID |

"¥

ITS Jarogram_mnp_table_PIDI

finished??

stuffing_bytes
to end of TS Packet
(optional)

End of TS-PAT Section

Fig. 3.10 One section of the TS Program Association 'Table (T'S-PAT). The entire T'S-PAT consists of one or more such

sections, PID = 0x00 is always assigned to the TS-PAT.

stream_type = 0x05 (see Table 3.2) or by private
definition of table id values and then using a PID
assigned for TS-PSI Sections.

The semantics of the TS Private_section are as
follows:

table id Values from 0x40 to OxFE. Chosen by
the user.

section_syntax_indicator 1 indicates that this
private section follows the generic section syntax.
private Indicator User-definable flag.

private section_length (12 bits) The number of
remaining bytes in this section {(£4093).
private data byte User-definable.

table id_extension (16 bhits) Defined by the user.
vadon_number (5 bits) Version number only
for this section and table_id. A new version with an
incremented version_number becomes valid when the
last byte of the section is received.
current_next_indicator 1 indicates that this
section and table_id is currently valid. (More correct-
ly, it will be valid as soon as the final byte is received.)
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Start Private section

table_id (0x40 to OxFE)
section_syntax_indicator
private_indicator
reserved (2-bits)
private_section_length
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Csection_syntax_indicator =17? )n_>l private_data_bytes

v
table_id_extension
reserved (2-bits)
version_number
current_next_indicator
section_number

last_section_number
private_data_bytes

CRC_32

stuffing_bytes
to end of TS Packet
(optional)

End private_section

Fig. 3.11 A Transport Stream Private_section. It is used for carrying the Network Information Table (TS-NIT). It may also be

used to carry other implementation data, network parameters or information outside the MPEG standard.

0 indicates that it is not yet valid, but is about to be
valid and is being sent for preparatory purposes only.
section_number Same as TSPAT.
last_section_number  Same as TS-PAT.
CRC_32 SameasTSPAT.

stuffing bytes Fixed 8-bit values equal to OxFF

that may be inserted by the encoder. They are dis-
carded by the decoder.

The third TS-PSl stream is comprised of Pro-
gram MAP Tables (TS-PMT). Each TS-PMT, shown
in Fg. 3.12, carries the defining information for
one program as indicated by its program _number.
This includes assignment of unique PID values*
caled dementary_PIDs to each packetized ele-
mentary stream (PES) or other type of stream in

the program along with the stream_type of each
stream. It also carries descriptive and relational
information about the program and the elemen-
tary streams therein. This information is carried in
data structures called Descriptors. More will be said
about Descriptors later.

The semantics of the TS-PMT are as follows:

table id (8 bits) Set to 0x02
section_syntax_indicator Settol.
section_length (12 bits) The number of bytes
(£1021) following in this section.
program_number (16 bits) Same as TS-PAT.

verson_number (5 bits) Version number only
for this TSPMT Section and for this program. A
new version with an incremented version_number

*User-defined PIDs are restricted to the range 0x0010 to OxIFFE.

Peloton - EX1020, Page 62
IPR2023-01239 (Peloton v. NEC)



48

MPEG-2 Systems

Start TS Program Ma;Table (TS-PMT)

PCR_PID

table_id (=0x02)
section_syntax_indicator
marker_bit '0'
reserved_bits (2-bits)
section_length
program_number
reserved_bits (2-bits)
version_number
current_next_indicator
section_npumber (=0)
last_section_number(=0)
reserved_bits (3-bits)

reserved_bits (4-bits)
program_info_length
program_descriptors()

}4—

stream_type
reserved_bits (3-bits)
elementary PID
reserved_bits (4-bits)
ES_info_length
ES_descriptors()

Finished??

(optional)

stuffing_bytes
to end of TS Packet

End TS-PMT

Fig. 3.12 Program Map Table (T'S-PMT). Each program has a unique program_number and a corresponding 'T'S-PM'I" that
defines the constituent parts of the program. TS-PM'Ls arc carried in TS packets having TS_PMT_PID identifiers defined in the
I'S-PAT.

becomes valid when the last byte of the new TS-PMT
Section isreceived.

current_next_indicator 1 indicates that this
section is currently valid. (More correctly, it will be
valid as soon as the final byte is received.) 0 indicates

that it is not yet valid, but is about to be valid and is
being sent for preparatory purposes only.
section_number (8 bits) Set to 0x00. The entire
TS-PMT for a program must fit in one PSI Section.
last_section_number (8 bits) Set to 0x00.
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PCR_PID (13 bits) The PID that contains the
PCR for this program.

program_info_length (12 bits) The number of
bytes of the program_descriptors( ) immediately fol-
lowing.

program_descriptorsy ) Descriptive informa-
tion for this program (to be discussed later).

stream_type (8 hits) Elementary stream (ES) type
as specified in Table 3.2.

elementary PID (13 hits)
ry this ES.

ES info_length (12 bits) The number of bytes in
the ES_descriptors () for this ES.

ES descriptors( ) Descriptive information for
this ES (to be discussed later).

CRC_32 SameasTSPAT.
stufiing_bytes Same as TS-PAT.

The PID that will car-

TSPMTs for programs that use the same
TS PMT_PID value may be concatenated* and
sent in TS packets using that TS PMT_PID. Also,
private data may be sent in any TS PMT_PID
packets using the Private_section data structure of
Fig. 3.14. Any program definition may be changed
at any time during the TS by simply retransmitting
its changed TS-PMT with its version number
incremented by 1.

The fourth TSPSl stream is caled the Condi-
tional Access Table (TS-CAT). The TS-CAT, shown
in Fg. 3.13, is always carried in TS packets having
PID = 1. The TS.CAT, which may be sent in Sec-
tions, carries entitlement and management infor-
mation to limit access to authorized recipients.
This data may be changed at any time during the
TS by retransmitting the entire TS-CAT with the
version number increased by 1.

The semantics of the TS-CAT are as follows:

table id (8 bits)  Set to 0x0L
section_syntax_indicator Settol.

section length (12 bits) The number of bytes
(<1021} of this section that follow.

vason_number (5 bits) Version number of the
whole Conditional Access Table, that is, every section
of agiven TS-CAT has the same version_number. A

*TS-PMTs arc considered unnumbered PSI Sections.
‘tHowever, unlike the PS, this rate is unspecified in the TS itself.
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Start Conditional Access section()

table_id (=0x01)
section_syntax_indicator
marker_bit

reserved (2-bits)
section_length
reserved (18-bits)
version_number
current_next_indicator
section_number
last_section_number
descriptors()

CRC 32

'

stuffing_bytes
to end of TS Packet
(optional)

v

End CA_section

Fig. 3.13 'The Transport Strcam Conditional Access Table
(TS-CAT) is carried in 'T'S packets having PID = 1. It providces

information on scrambling of the multimedia data.

new TS-CAT with an incremented version_number
becomes valid when the last section is received.
current_next_indicator 1 indicates that this
Conditional Access Table is currently valid. (More
correctly, it will be valid as soon as the final section is
received.) O indicates that it is not yet valid, but is
about to be valid and is being sent for preparatory
purposes only.

section_number  Same as TS-PAT.
last_section_number  Same as TSPAT.
CA_descriptors  To be discussed later.

CRC_32 SameasTSPAT.

stuffing_bytes Same as TS-PAT.

As with the Program Stream, a Transport
Stream-System Target Decoder (TS STD) is
defined to enable multiplexers to create data
streams that are decodable by dl receivers. Also as
in the the PS-STD, the TS-STD inputs data a a
piecewise constant ratet between PCRs. However,
the TS'STD attempts to take into account several
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Coded °
TS - Presentation Delay
Packets Transpont Multiplex | | Elementary Units_ [Decoder 1 -o—p»-
Buffer 1 [—] Buffer 1 1 Decoder (video) 0
video only Buffer 1 Decoded
Presentation
Units
)
System
Stream o Coded
Presentation
Transport Elementary Units g, | Decoder n
Buffer n %3‘#;??: (non video) Decoded
Presentation
Units
Elementa
Transport Dec?,derry L - System
Buffer sys Buffer sys Data and CRs
Fig. 3.14 ‘Transport Stream -System Target Decoder (1'S-STD). Three buffer types are defined: Transport Buffers (TB),

Multiplex Buffers (MB), and Elementary Stream Buffers (ER). Only video uses MBs.

transmission impairments ignored by the PS-STD,
as shown by Fig. 3.14.

The main difference is the definition of three
types of buffers. The first type is the Transport Buffer
(TB) of size 512 bytes. It inputs data at the full rate
of the TS, but outputs data (if present) at a rate Rx
that depends on data type and specification.

The second buffer type, used only for video, is
the Multiplexing Buffer (MB), which is provided to
aleviate the effects of TS packet multiplexing. Its
output rate is specified in one of two ways. With
the Leak Method the MB outputs data (if present
and if EB is not full) at a rate Rbx that depends
on the data type and specification. With the
Vbv_delay Method the output rate is piecewise con-
stant for each picture and is specified by the
encoder using parameters* in the video bit-
stream.

The third buffer is the normal elementary
stream decoder buffer (EB), whose size is fixed for
audio and systems and specified in the video
stream for video (sec vbv_buffer_size). Several TS
STD transfer rates and buffer sizes of interest are
shown for Main Profile Video, Audio, and Systems
in Tables 3.4 and 3.5.

3.4.3 Descriptors

As we have seen, the PS and TS Program Map
Tables carry descriptive and relational information
about the program and the PESs therein. This
information is carried in data structures called
Descriptors.

For example, some programs may consist of mul-
tiple audios, in which severa languages may be pre-
sent in amovie. Also, severa videos may sometimes
be desired, such as severa views of a sports contest.

Program_descriptors apply to programs, and
ES descriptors apply to elementary streams. Ini-
tialy, atotal of 256 possible descriptors are provid-
ed for, asshown in Table 3.6a. A few descriptors of
interest are shown in Tables 3.6b to 3.60.

In certain implementations the ITU-T timing
descriptor allows for much more rapid receiver
clock acquisition than can be achieved by using
Clock References alone.

The semantics of the ITU-T timing descriptor
are as follows:

SC_PESPktR (24 bits) If # OxFFFFFE, this para-
meter indicates that PES packets are generated by

*In real decoders some parameters may arrive too late to emul ate the ideal TS-STD.
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Table 3.4

streams.

Transport Stream—System Target Decader (TS-STD) transter rates for Main Profile Video,* Audio, and Systems

Elementary Stream

TB Rate (Rx)

MB Rate (Rbx)

Low Level Video
Main Level Video
High 1440 Level Video

4.8 Mbits/s
18 Mbits/s
72 Mbits/s

4 Mbits/s
15 Mbits/s
MIN{[1.05xbit_rate, 60Mbs|

High Level Video 96 Mbits/s MIN|[[.05xbit_rate, 80Mbs)]
Audio 2 Mbits/s n.a.
Systems data | Mbits/s n.a.

*The parameters bit_rate and vbv_buffer_size are given in the video stream.

Table 3.5 Transport Stream -System ‘Target Decoder (IS-STD) buffer sizes for Main Profile Video, Audio and Systems streams.
Elementary Stream TB Size MB Sizce EB Size
Low Level Video 4096 bits 496 469 bits ~ EB size vbv_buffer_size
Main Level Vidco 4096 bits 1 915 008 bits — EB size vhv_buffer_size
High 1440 Level Video 4096 bits 320 000 bits vbv_bufler_size
High Level Video 4096 bits 426 667 bits vbv_buffer_size
Audio 4096 bits n.a. 28 672 bits
Systems data 4096 bits n.a. 12 288 bits

Table 3.6a A total of 256 descriptors are provided. The
ITU-T has defined additional descriptors using
descriptor_tags 64 to 69.

descriptor_tag (8-bits) Descriptor Function

Oand 1

2 video_descriptor
audio_descriptor
hierarchy_descriptor

Reserved

registration_descriptor

target_background_grid_descriptor

3

4

3

6 data_alignment_descriptor
7

8 video_window_descriptor

9 CA_descriptor
10 ISO_639_language_descriptor
1] system_clock_descriptor
12 multiplex_bufier_utilization_descriptor
13 copyright_descriptor
14 maximum bitrate descriptor
15 private data indicator descriptor
16 smoothing buffer descriptor
17 STD_descriptor
18 IBP Picture descriptor
19 10 22 DSM - CC
23 t0 63 Reserved
64 to 255 User Private

Table 3.6b Video descriptor syntax and semantics.

video_descriptor( )

Syntax Semantics

descriptor_tag (8-bits) =2

descriptor_length (8-bits) number of bytes following
multiple_frame_rate_flag
frame_rate_code (4-bits)
MPEG_|_only_flag

constrained_parameter_flag

0 indicates a single frame-rate

same as video stream

| indicates only MPEGH

1 indicates constrained
parameters

still_picture_flag

MPEG_]_only_flag = 1??
if yes, quit

1 indicates only still pictures

profile_and_level (8-bits) same as video stream
chroma_formatc (2-bits)

frame_rate_extension_tlag

same as video stream
1 indicates frame-rate

extensions
reserved bits
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Table 3.6¢

Audio descriptor syntax and semantics.

Table 3.6f IPB descriptor syntax and semantics.

audio_descriptor( )

Syntax Semantics

IPB_Picture_descriptor( )

Syntax Semantics

=3
number of bytes following

descriptor_tag (8-bits)

descriptor_length (8-bits)
free_format_flag same as audio strcam
ID same as audio strecam
layer (2-bits)

variable_rate_audio_indicator

same as audio stream

1 indicates bit-rate may
change

reserved (3-bits)

Table 3.6d Hicrarchy descriptor syntax and semantics.

hicrarchy_descriptor()

Syntax Semantics

=18

number of bytes following

1 indicates GOP before each 1
frame, and no prediction
outside the GOP.

! indicates GOPs 2,3,4 . . . arc
all the same size

descriptor_tag (8-bits)
descriptor_length (8-bits)
closed_gop_flag

identical_gop_flag

max_gop-length (14-bits) maximum number of pictures in

a GOP

Table 3.6g ITU-T Timing descriptor syntax.

ITU-T_timing_descriptor( ) Syntax

descriptor_tag (8-hits) =4
descriptor_length (8-bits)

reserved (4-bits)

number of bytes following

hicrarchy_type (4-bits) 1 to 4 indicates video
scalabilities

5 indicates audio external
stream

6 indicates private stream

15 indicates basc layer

reserved (2-bits)

hicrarchy_layer_index (6-bits)

reserved (2-bits)

hierarchy_cmbedded_layer_index
(6-bits)

reserved (2-bits)

hicrarchy_channel (6-bits)

unique id for this layer

id for the next lower layer

transmission channel
{optional)

Table 3.6e Conditional Access descriptor syntax and
sermantics,

CA_descriptor()

Syntax Semantics

descriptor_tag (8-bits) =9
descriptor_length (8-bits) number of bytes following
CA_system_ID) (16-bits)
reserved (3-bits)

CA_PID (13-bits)

private_data_bytes

type of CA system

PID to which CA applies

the encoder at a constant rate. SC_PESPktR is the
ratio of 27MHz to the PKS packet rate.

SC_TESPktR (24 bits) If # OxFFFFFF, this para-
meter indicates that TS packets for the specified ele-

descriptor_tag (8-bits) (=69)
descriptor_length (8-bits)
SC_PESPktR
SC_TESPktR

SC_TSPktR

SC_byte_rate
vbv_delay_{flag

reserved (33-bits)

mentary stream are generated by the encoder a a
constant rate. SC_TESPKtR is the ratio of 27MHz to
the TES packet rate.

SC _TSPktR (24bits) If # OxFFFFFE this parame-
ter indicates a constant Transport Stream packet
rate. SC_TSPKtR is the ratio of 27MHz to the TS
packet rate.

SC_byterate (30 bits) If # Ox3FFFFFFE this
parameter indicates that PES bytes are generated by
the encoder at a constant rate. SC_byterate is the
ratio of 27MHz to (byte_rate/50), that is, SC_byter-
ate = 1 350 000 000/byte_rate

vbv_delay flag “1" indicates that the video para-
meter vbv_delay may be used for timing recovery.

3.5 PRACTICAL SYSTEMS
DECODERS

Practical Systems decoders must take into account
several types of transmission and multiplexing
impairments that are unknown a the time of
encoding of the elementary streams. Aside from
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i » Decoder
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Fig. 3.15 Timing recovery in an MPEG-2 Systems Decoder.

transmission errors and packet losses, which the
PES decoders must deal with, the most debilitating
transmission effect for System decoders is probably
due to transmission delay variation, aso caled jit-
ter. This causes the received SCRs and PCRsto be
in error by an amount dependent on the delay
variation.

To smooth the effects of the PCR errors, practi-
ca decoders commonly utilize Phase Locked
Loops (PLL) to recover stable STC timing. A typi-
cal timing recovery system is shown in Fig. 3.15.
Here, the differences between the decoder STCs
and the received PCRs are averaged (filtered) and
the result is used to either speed up or dow down a
Voltage Controlled Oscillator (VCO) that clocks
the STC counter.

This design can aso dea with smal as well as
large transmission delay jitter by adapting to what-
ever jitter is present in the received data stream. In
this system, the received jitter is estimated as the
peak postive vaue of the difference (STC —

PCR). Extra delay is then introduced to accommo-
date for thejitter by setting Dj equal to the peakjit-
ter value. Increased buffer sizes are also needed in
the presence of jitter.

3.6 PRACTICAL SYSTEMS

ENCODERS

Practical Systems multiplexers must ensure that
conforming MPEG-2 decoders are able to decode
the multiplexed data streams. One mechanism for
achieving this is shown in Fg. 3.16. Here the Sys-
tems Multiplex Controller keeps track of the full-
ness of the decoder and encoder buffers’ and con-
trols the elementary stream encoders to ensure that
buffers do not overflow or unexpectedly underflow.
In some implementations the decoder feeds back
an estimate of thejitter that isencountered during
transmission. The encoder can then adapt its
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Fig. 3.16 Example of a Systems multiplexer.

buffer control to minimize the occurrence of over-
flow or underflow due tojitter in transmission.

3.7 CONCLUSION

In this chapter we have seen that a variety of
mechanisms are provided in MPEG-2 for multi-
plexing Elementary Streams from one or more
programs. Through the Program Map Tables,
Program Descriptors, and Elementary Stream
Descriptors, a decoder can discern the interrela-
tionships between the elementary treams of a

program to develop a strategy for appropriate dis-
play.
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Audio

4.1 INTRODUCTION

Although this book deals mainly with video issues,
we present this chapter to acquaint readers with
the fascinating technology of audio coding. The
methods employed here exploit the properties of
human hearing to a far greater extent than video
coding researchers have been able to utilize the
characteristics of human vision.

The ITU has a plethora of speech compression
and coding standards,® as shown in Table 4.1,
reflecting its various needs for efficient speech
transmission over a variety of telecommunication
networks. For example, ITU-T G.711 issimple &
bit PCM, 64 kbits/s coding of telephone quality
audio with a nonlinearity introduced prior to A/D
and following D/A. ITU-T G.722 utilizes DPCM
coding of monaural AM radio quality audio to

compress the data again into 64 kbits/s. ITU-T
G.728 employs even more compression technology,
specifically Linear Predictive Coding and Vector
Quantization, to squeeze telephone speech into 16
kbits/s. And the now finished G.723 is able to
obtain reasonable quality speech at rates as low as
5.3kbits/s.

SO has relatively few audio compression stan-
dards, compared with ITU-T. ISO MPEG-1
audio,? officially known as 1SO 11172-3, is basical-
ly for two-channel stereo. 1SO MPEG-2 audio,’
officially known as ISO 13818-3, extends this
capability to five-channel surround sound, with the
option of a sixth low-frequency channel. MPEG-2
audio comes in two flavors, one that is backward
compatible* with MPEG-1, and one that is not.

Wideband audio has a considerably larger
bandwidth than telephone speech. This causes the

Table 4.1 Commonly used ITU-T Monaural Speech Coding Standards.

[TU-T Designation Bandwidth (Hz) Sampling Rate (kHz) Bit Rate (kbits/s)
G711 200 to 3200 8 64

(.722 50 to 7000 16 64

G.721 200 to 3200 8 32

G.728 200 to 3200 8 16

(.723 200 to 3200 8 5.3 and 6.3

*Backward compatible means MPEG-1 can play MPEG-2-BC audio strecams. This feature necessarily requires a tradeoff

between MPEG-1 quality and MPEG-2 quality.
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Table 4.2  Audio bitrates and total bitrates for Compact Disk (CD), Digital Audio Tape (DAT), Digital Compact Cassctte!
(DCEC), and MiniDisk™ (M),

Digital Storage Medium Audio Bandwidth (kHz) Sampling Rate (kHz) Stereo Audio Bitrate (kbits/s) Coding
cD 20 44.1 1411.2 PCM
DAT 16 32.0 1024.0 PCM
ProDAT 16 44.1 1411.2 PCM
DAT 16 48.0 1536.0 PCM
DCC 20 44.1 384 PASC
MD 22 44.1 292 ATRAC

uncompressed data rates to be also much larger, as
shown in Table 4.2. Uncompressed audio typically
comprises 16 bits per sample and two channels of
stereo for a total bitrate of 32 times the sampling
rate. However, opticd and magnetic storage
devices are fairly error prone and require 100% to
200% of extra bits for error correcting redundan-
cy. Thus, the total bitrate is two to three times the
audio bitrate.

4.2 AUDIO COMPRESSION
FUNDAMENTALS

Most wideband audio encoding, and MPEG in
particular, heavily exploit the subjective masking

effects of the human ear to make any coding noise
as inaudible as possible. More specificaly, if atone
of a certain frequency and amplitude is present,
then other tones or noise of similar frequency, but
of much lower amplitude, cannot be heard by the
human ear. Thus, the louder tone masks the softer
tone, and there is no need to transmit the softer
tone.

The maximum nonperceptible amplitude level
of the softer tone is called the Masking Threshold. It
depends on the frequency, amplitude, and time his-
tory of the louder (masker) tone, and is usually
plotted as a function of the softer (maskee) noise
frequency, as shown in Fig. 4.1.

In addition to the frequency masking described
above, the human ear is aso affected by Temporal

Audio]
500 Hz
Level Masker
J
Maskee
Threshold
+ # t —t + { —
0.05 0.1 0.2 0.5 1.0 2.0 5.0 10 20 kHz

Maskee Frequency

Fig. 4.1

With Frequency Masking, a louder tone masks softer tones of ncarby frequency. The Masking Threshold is plotted as a

function of the softer (Maskee) noise frequency. If the maskee amplitude is less than the Masking Threshold, the maskee is inaudible.
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Fig. 4.2 The Absolute Threshold. A single tone or noisc by itself is inaudable if it is below the Absolute Threshold.

Masking. That is, aloud tone of finite duration will
mask a softer tone that follows it or very closely
preceedsit in time* Thusin Fg. 4.1, if the masker
tone suddenly disappears, the masking Threshold
does not simultaneously disappear. Instead, it dies
away over aperiod of up to 200 ms, depending on
masker amplitude and frequencyt

If the masker tone decreases in amplitude, then
generally the Masking Threshold also decreases.
However, there is a lower limit below which the
Masking Threshold will not fall no matter how
small the masker. This limit, shown in Fig. 4.2, is
called the Absolute Threshold. A single tone or noise
even with no masker is inaudible if it is below the
Absolute Threshold.

With normal audio signas, a multitude of
maskers are usualy present at a variety of frequen-
cies. In this case, by taking into account the Fre-
quency Masking, Temporal Masking, and Absolute
Threshold for al the maskers, the overall net Mask-
ing Threshold can be derived. Thus, the Masking
Threshold is a time varying function of frequency
that indicates the maximum inaudible noise at each
frequency a a given time, as illustrated in Hg. 4.3.

The Masking Threshold is used by the audio
encoder to determine the maximum alowable
quantization noise a each frequency to minimize
noise perceptibility.

Another technology used by wideband audio
coders is called Subband Coding.® With this approach,
shown in Fg. 4.4, the incoming digital PGM signal
is first decomposed into N digita bandpass signds
by a parallel bank of Ndigital bandpass Analysis fil-
ters. Each bandpass signd is then subsampled (or
decimated) by a factor of Nso that the total number
of samples in al the subbands is the same as the
PCM input. After decimation, each of the band-
pass signals becomes, in fact, a low-frequency base-
band sgnd that can be coded and compressed
using any baseband compression algorithm.

Reconstruction of the origina PCM signa is
accomplished by firstinserting N — 1 zero samples
between each sample of the decimated subband
signals, which increases the sampling rate of each
bandpass signal to its original value. The upsampled
bandpass signals arc then fed to their respective
bandpass Synthesis filters and finaly summed to
obtain the full bandwidth PGM output signal.

*Maskee tones that follow the masker are masked significantly more than maskee tones that precede the masker.

tMogt of the decay is finished by about 30 ms.
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Audio -
z
Level Masker
4
4
200 Hz
Masker Maski
i asking
. iil;}s{kzcr Threshold
A
J 5kHz
+ Masker
' + + t 4
0.05 0.1 0.2 0.5 1.0 2.0 50 10 2 kHz

Maskee Frequency

Fig. 4.3 With normal audio signals containing many maskers at a variety of frequencies, the overall net Masking Threshold is
calculated from the Frequency Masking, Temporal Masking and Absolute Threshold for all the maskers. ‘The Masking Threshold is
a time varying function of frequency that indicates the maximum inaudible noise at each frequency.

Since practical filters can only approximate the
ideal bandpass characteristic, each subsampled
bandpass signa will contain some aias compo-
nents that would normally prevent a distortion free
reconstruction of the original PCM signal. It turns
out, theoretically at least, that by using specialy
designed bandpass filters, the diasing in the band-
pass signals can be made to cancel when they are
summed at the final output. One such set of filters
is called Quadrature Minor Filters (QMFS). A particu-
larly efficient QMF filter bank implementation is
possible through the use of Polyphase Networks.’
Another such set of filters are cdled Lapped
Orthogonal Transforms (LOTs) or Extended
Lapped Transforms (ELTs).® These are basicaly
block transforms with overlapping blocks.

Even with QMFs and ELTs, certain approxi-
mations and compromises are usually necessary,
with the result that performance of the bandpass
filters is never completely ideal. Also, with lossy
compression coding, the bandpass signals them-
selves are rarely recovered with full accuracy at

the decoder, which further contributes to non-ide-
a operation.

43 MPEG-1

In the first phase of MPEG, a compression stan-
dard for two-channel stereo audio was developed
that gives near Compact Disk (CD) quality at a
bitrate of 256 kbits/s. MPEG-1 is officialy known
as|SO/IEC 11172-3.

In principle, the standard does not specify the
encoder, thus allowing for an evolution as technol-
ogy progresses and costs decline. MPEG-1 only
specifies the decoder, and even here the specifica-
tion ignores post processing and error recovery.

The agorithm has three possible Layers* of
operation, namely I, I, or Ill. In principle, the
encoder chooses the Layer depending on how
much quality is needed or equivalently how much
compression is desired. However, in some applica-

* Although MPEG uses the term Layers, they are in no way hierarchical. Audio Layers |, Il, and IIl are three different coding

algorithms.
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Fig. 4.4 Subband Audio Coder {single channel). The incoming signal is fed to a parallel bank of N digital bandpass Analysis
filters to produce N digital bandpass signals, These arc then decimated by a factor of N, coded and transmitted. Fach coded
bandpass signal thus consists of one sample for every & input PCM samples. At the decoder the bandpass signals are upsampled by
a factor of N by the inscrtion of zeros, then fed to a bank of digital bandpass Synthests filters and finally summed to produce the

final PCM output.

tions, decoders only implement the first one or two
layers, which restricts the encoder choices.

MPEG-1 can code a single channel, a stereo
pair, or two independent (perhaps multilingual)
channels. With a stereo pair, the two audio chan-
nels can be coded either separately or jointly. In
the latter case, MPEG-1 provides rudimentary
methods for exploiting the redundancies between
the left and right channels for a modest bitrate
reduction.’

MPEG-1 audio alows for initial sampling rates
of 32, 44.1, and 48 kHz. A variety of fixed bitrates
can be specified, ranging from 32 kbits/s up to 448
kbits/s depending on the Layer, or aternatively a

fixed unspecified bitrate is aso possble. Pseudo-
variable-bitrate operation is possible in Layer I11.

An MPEG-1 audio encoder and decoder exam-
ple for Layers| and Il is shown in Fig. 4.5. A 16-bit
PCM input signa is first fed to a polyphase,
approximately ELT, andysis filter bank consisting
of 32 egually spaced bandpass filters. Thus, each
band has awidth of '/.+ of the PCM sampling rate.

The bandpass andysis filters arc of order 511
and have fairly steep rolloff, providing more than
96 dB of alias suppression. As mentioned previous-
ly, ELTs with no distortion would ordinarily cancel
the dias components at the decoder. However,
with coding and compression, the subbands suffer
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Fig. 4.5 MPEG-! audio encoder and decoder for Layers I and I (single channel). The standard does not specify the encoder in

arder to allow for evolution over time. Thus, this is only an example.

from a certain level of quantization noise, and this
can produce unwanted aias components if they
are not attenuated as much as possible in the
analysis filter bank. Following analysis, each of the
32 bandpass outputs is subsampled (decimated) by
a factor of 32.

For each subband » (» = 0 to 31), the decimated
samples are assembled into blocks of 12 consecu-
tive samples, giving 32 parallel blocks Bn that cor-
respond to 32 X 12 = 384 input samples.

For each block Bn, a Scale Factor SFn is then
chosen from a table of 63 alowable values, such
that when the samples of the block are divided
(i.e., normalized) by that Scale Factor, they all
have absolute value less than 1. This is typically
done by first finding the sample with the largest
absolute value, and then choosing the next higher
value in the table for SFn.

4.3.1 Psychoacoustic Model

In paralle with these operations, the Masking
Threshold is computed for each group of 384
input samples, that is, each group of 32 blocks Bn.
Computation of the Masking Threshold, which is
referred to as the Psychoacoustic Mode, is an
encoder-only operation and is not specified by the
standard. However, MPEG does provide two
examples of Psychoacoustic Models, the first of
which we will now describe* It consists of nine
steps, as shown in FHg. 4.6:

1. Calculation of the Frequency Spectrum via a
windowed FT.t This generaly uses a 512-point
(Layer 1) or 1024-point (Layer IlI) FFT with a
raised cosine Hann window. The resulting spectral
resolution is much finer than the subbands, giving
8 points per subband for Layer | and 16 points per

*Psychoacoustic Model 1 is the simpler of the two. Psychoacoustic Model 2 performs better for Layers 1l and I11.

tFast Fourier Transform.
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Fig. 4.6 Psychoacoustic Model suitable for MPEG-1 TLayers T and [1. The standard does not specify the Psychoacoustic Model.

Thus, this is only an example,

subband for Layer 11, This increased resolution is
needed to accurately estimate masking, especidly
a the lower frequencies.

2. Computation of Sound Pressure Level (Sn) with-
in each block Bn. Either the maximum FFT value
in the block subband is used or a normalized value
of Scale Factor SFn is used, whichever is larger.
For pure tones within the block subband the FFT
value will be larger, whereas for noisdike sounds
the normalized SFn may be larger.

3. Determination of the Absolute Threshold for
each FFT component. These values are smply
taken from empirically derived tables. For higher
quality coding, that is, bitrates 296 kbits/s, the val-
ueis reduced by 12 dB.

4. Detecting the tonal (more sinusoidlike) and
nontonal (more noisdike) components. A tone is
basically an FFT component that is a local maxi-
mum surrounded by at most one or two other signif-
icant components within a predefined bandwidth of
nearby frequencies* The predefined bandwidths

are smaller than a subband for low-frequency tones
and larger than a subband for high-frequency tones.
Tonal components are identified, their frequencies
noted, and their signal powers measured.

Each tona component and its nearby frequen-
cies in the predefined bandwidths are then removed
from the set of FFT components to obtain the non-
tonal or noisdike components. These are then
characterized by measuring the remaining signd
power within each band of a contiguous set of Crit-
ical Bands, which are specified in empiricaly derived
tables. Nontonal components are then assigned a
representative frequency within each Critical Band.

5. Detecting only the relevant tonal and non-
tonal maskers. First, tonal or nontonal components
less than the Absolute Threshold are discarded.
Next, if two tonal components are closer in fre-
guency than a specified amount, then the smaller
component is discarded.

6. Computing the thresholds for each masker.
For each relevant tonal masker, a masking threshold

* This is asignal processing definition of tones. It is not necessarily a good definition of tones as perceived by the human ear.
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function is computed that is an empirically derived
nonlinear function of masker signa power and
masker frequency. For each relevant nontonal
masker, a masking threshold function is aso com-
puted that is a different nonlinear function of
masker power and frequency. A given amount of
tonal masker power generally provides less masking
than the same amount of nontonal masker power.

7. The Masking Threshold at each maskee fre-
quency is then computed as a sum in the signa
power domain* of the Absolute Threshold, the
tonal masker thresholds, and the nontonal masker
thresholds. Typically, Masking Thresholds are
computed separately for each channel of a stereo
pair. However, in some applications it may be pos-
sible to exploit further masking of one stereo chan-
nel by the other.

8. Calculating the minimum masking threshold
value Mn in each block Bn. The minimum value of
the Masking Threshold is computed for frequen-
cies within the block Bn subband. Mn is then set to
this value.

9. Computing the signal-to-minimum_mask
ratio in each block.

SMRn = Sn — Mn (in dB).

Following the calculation of the SMR values,
we then carry out bit assignments, quantization,
and coding for each block Bn. In the case of
stereo, this is done simultaneously for both chan-
nes, which alows for adaptive bit assignment
between channels. Subband samples of each block
Bn are then quantized by a uniform midstep quan-
tizer’ having the assigned number of levels. How-
eva' it assignment and choice of the number of
guantization levels in each block is done differently
in Layers | and Il, as we shall see later.

43.2 MPEG-1 Syntax and
Semantics
Data from dl blocks from both channels,

including bit assignments Rn, Scale Factors SFn,

Start Frame

b

syncword

ID

layer_code
protection_bit
bitrate_index
sampling frequency
padding_bit
private_bit
mode
mode_extension
copyright
original/copy
emphasis

)

( protection_bit=07?

n

Y

( read in audio_data(L'

Layer =377

y

v

End of Frame

Fig. 4.7 Syntax of an MPEG-1 Audio Frame and Header.
Two channcls (one if single_channel) are carried in one Frame
A boldface variable by itself mcans simply read in the value of
the variable.

coded samples, and so forth are then assembled
into a Frame of daa’ preceded by a 32-bit Frame
Header. The syntax of the MPEG-1 Frame and
Header isshown in Fig. 4.7.

The semantics of the MPEG-1 Frame and
Header are as follows:

syncword 12 bits, dl 1 s.

ID 1 bit, indicates the algorithm. ID = 1 for
MPEG-1 audio. ID = 0 for low rate extension of
MPEG-1 as defined in MPEG-2.

layer_code 2 bits, indicates the Layer.
layer_code = 4 — Layer, where Layer = 1, 2, or 3.
protection_bit 1 bit. O indicates crc_check is
present. 1 indicatesitisnot.

*Individual masker and Absolute Thresholds are usually specified indB = 10 log(power).
'A uniform midstep quantizer has an odd number N of levels and contains the zero level. The set of levelsis {i X Q, for i = 0,
+1, 22, £33, ... 2 (M= 1)/2}, where Q is the step size. If samples to be quantized have arange of —1 to +1, then @ = 2/

*Not to be confused with a video frame.
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Table 4.3 Modes of audio for MPEG-1.

mode channel assignment

00 stereo

01 joint_sterco (intensity_sterco for Layers T and I,
ms_stereo for Layer [II)

10 dual_channel

11 single_channel monophonic

bit-rate_index 4 hits, indicates the bitrate. O indi-
cates a nonstandard bitrate. 14 standard values
depend on Layer and ID.

sampling_frequency 2 hits, indicates the sam-
pling frequency, which depends on ID.

padding_bit 1 bit; 1 indicates the frame contains
additional bytes to control the mean bitrate.
private bit bit for private use. This bit will not be
used in the future by 1SO.

mode 2 bits, according to Table 4.3. In stereo
modes, channel 0 is the left channel.
mode_extension 2 bits, used in joint_stereo
mode. In Layers | and Il they indicate which sub-
bands are in intensity_stereo and which are coded in
normal stereo. In Layer Ill they indicate which type
of joint stereo coding method is applied.

copyright 1 bit, 1 indicates copyright protected.
original/copy 1 bit; 1 indicatesan original.
emphasis 2 bits, indicates the type of deem-
phasis.

crc_check  16-bit Cyclic Redundancy Code com-
puted for Header. Used for optional error detection.
audio data( ) Contains coded data for audio
samples.

ancillary_data Contains ancillary data, if any.

4.3.3 Layer | Coding

Layer | is capable of compressing stereo audio
to approximately 384 kbits/s with near CD quali-
ty. It utilizes 15 possible quantizers, with a new
quantizer being selected for each block. Layer |
assigns Rn bits per sample to be assigned to each
block Bn, where either Rn = 0 or Rn = 2 to 15. If
Rn > 0 bits per sample are assigned to a block,
then the samples of that block (normalized by
Skn) are quantized by a uniform midstep quantiz-

Audio 63

er having 28" — 1 levels and step size Qn =
2/(2Rn — 1), If zero bits are assigned, all samples
are set to zero.

For the optimization of subjective quality versus
bitrate, we first note that, to a very good approxi-
mation, the ratio of signal power to quantization
noise (SNR) depends only on the number of quan-
tization levels* In fact, MPEG provides tables of
assumed SNR versus number of quantization lev-
els for audio waveforms. For zero bits per sample
(al samples set to the zero level), SNR = 0 dB,
whereas for 15 bits per sample (32,767 levels), SNR
= 92 dB.

For optimum quality within the constraints of
avalable bitrate, we would like the ratio of noise
power to masking_threshold (NMRn) to be fairly
uniform over the subbands. If the bitrate is high
enough to alow for NMRn < 0 dB for all blocks,
then the quantization noise will be imperceptible.
However, this cannot adways be achieved, especial-
ly for low bitrates.

The quantization bit assignment Rn for each
block may be accomplished through an iterative
procedure that starts out with zero bits per block,
thatis, Rn = 0 and SNRn = 0. For each block Bn,
we compute NMRn from

NMRn = SMRn — SNRn dB

We then look for the block having maximum
NMRn, and increase its bit assignment Rn. If the
old Rn was zero, then 6 bits for the Scale_Factor
SFn must also be take into account. We then
recompute NMRn and repest the process iterative-
ly until @l bits available for coding are used up.
The normalized samples of al blocks assigned Rn
> 0 are then quantized and coded using a fixed
length code’ of Rn bits per sample.

The Layer | decoder is much simpler than the
encoder, since it does not need the Psychoacoustic
Mode or the bit assignment decision process. The
decoder basicaly processes the received stream
according to the syntax below, and then repro-
duces subband samples and PCM audio samples as
described previoudy.

*For Rn > 2, SNR =~ Rn X 6 dB is not a had approximation. For Rn = 2, SNR ~ 7 dB.
Binary values 0 to 2R" — 2 arc used. The value 2R — [ isreserved for synchronization.
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4.3.4 Intensity_Stereo Mode

With the Stereo mode, the left and right chan-
nels are normally coded separately. However, in
case there are not enough bits to achieve high
quality in certain Frames, the Intensity Stereo
mode may be used. This mode exploits a charac-
teristic of human stereo perception in which the
stereo effect of middle and upper frequencies
depends not s0 much on the different content of the
left and right channels, but instead on the differing
amplitudes of the two channels. Thus, to save bits in
Intensity _Stereo mode, the middle and upper sub-
bands of the left and right channel are added
together, and only the resulting summed samples
are quantized, coded, and sent as a single channel.
However, to maintain the stereo effect, Scale Fac-
tors are sent for both channels so that amplitudes
may be controlled independently during play-
back.* The subband number sb_bound at which
Intensity_Stereo coding begins is determined by
the Frame Header mode extension variable.

The syntax of the MPEG-1 Layer | audio_data()
is shownin Fg. 4.8.

The semantics of the MPEG-1 Layer |
audio_data( ) are as follows:

nch Specifies the number of channels. nch = 1 for
monophonic mode, and 2 for all other modes.

ch  Channel number, which ranges from 0 to nch-1.
sb_bound Starting subband number for
intensity_stereo.

allocation[ch][sb] (4 bits) Indicates the number
of bits used to quantize and code the samples in sub-
band sb of channel ch. For subbands in
intensity _stereo mode the bitstream contains only
one allocation per subband.

scalefactor [ch][$h] (6 bits) Indicates the
Scale_Factor of subband sb of channel ch. Actual
values are found from tables.

sampleg[ch][sb][s] Coded data for samples in
subband sb of channel ch.

4.3.5 Layer Il Coding

Layer Il is capable of compressing audio to 256
kbits/s with near CD quality. It utilizes all the com-

pression methods of Layer |, but further reduces
overhead redundancy by exploiting smilarities in
Scale_Factors of successive blocks in a subband, as
well as by reducing the number of quantizer choic-
es for higher frequency subbands. Layer Il is some-
what more complex and has more delay than Lay-
er |, however.

Unlike Layer I, which codes 32 blocks at atime
(one block from each analysis filter), Layer Il codes
96 blocks at atime (three blocks from each analysis
filter). The first step is to check the three consecu-
tive Scale_Factors that occur in the three blocks (b
=0, 1, 2) of each subband. If all three Scale Fac-
tors are nearly identical, then only one value is
sent. If two out of the three Scale Factors are sm-
ilar in value, then two Scale Factor values are sent.
Also, if large temporal masking is present, then
either one or two Scale Factor values may be sent.
Otherwise, dl three Scale Factors must be sent.
Scale Factor selection side-information (scfs)
must aso be sent to tell the decoder which
Scale_Factors were sent.

The next redundancy to be reduced lies in the
number of quantization levels that are alowed in
the middle and upper subbands. Since the sample
values in these bands are almost dways small, coars-
er quantization rarely has an audible effect, and a
saving in bit alocation side information is possible if
only a few choices of quantization are dlowed. In
case a high level tone occurs, 16-bit quantization is
always an option (7 bits for the lower bitrates). The
bit alocation and quantization apply to al three
blocks (36 samples) of each subband.

The next compression feature of Layer Il is to
allow two new quantizations, namely 5-level and 9-
level. In addition, for these new quantizations plus
the former 3-level quantization, sample grouped coding
is used. With sample grouping, three consecutive
quantized samples in a block form one triplet and
are coded together using one code word. For 3-, 5-,
and 9-level quantization, atriplet' is coded using a
5-, 7-, or 10-bit code word, respectively.

The quantization bit assignment for Layer Il
may be derived iteratively as with Layer |. Howev-
er, for Layer Il we also need to take into account

*The rate at which Scale_Factors arc sent (once per block) is not high enough to reproduce excellent quality stereo. Thus, inten-
sity_stereo is useful only for medium quality audio, for example, at bitrates well below 384 kbits/s.
TMPEG calls this triplet agranule. However, granule has another meaning in Layer I11. Thus, we avoid its usage here.

Peloton - EX1020, Page 79
IPR2023-01239 (Peloton v. NEC)



Start audio_data()

Audio 65

(' mode = joint_stereo?? 1 sb_bound=32

vy

sb_bound =4 * (1+mode_extension)

o
-

\

for the first sb_bound subbands and
for all channels
allocation{ch]}[sb)

\

for the remaining subbands if any
allocation[0][sb]
allocation[ 1]{sb}=allocation[Q][sb]

for all subbands and for all channels
PR

-l
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\
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for all channels

—

for the first sb_bound subbands and

-
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‘—-——n@cation[c h][sb]>0 ?

5 y sample[ch][sb][s]

|

tor the remaining s,,xbbands if any

8 (Gllocation[0][sb]>0 77 )~ [ sample[0(sb](s] |

y

s<127

End of audio_data()

Fig. 4.8 Syntax for MPEG-1 audio_data( ) for Layer I. Fach Frame represents 384 samples of input PCM audio.

the variable number of bits due to Scale Factor
coding, bit alocation, side information, and sam-
ple grouping.

The Layer 1l decoder is much simpler than the
encoder. The decoder basicaly processes the
received stream according to the syntax below, and
then reproduces subband samples and PCM audio
samples as described previously.

The syntax of the MPEG-1
audio_data( ) is shownin Fig. 4.9.

The semantics of the MPEG-1 Layer |l
audio_data( ) are as follows:

Layer Il

nch  Specifies the number of channels. nch = 1 for
monophonic mode, and 2 for all other modes.

ch  Channel number, which ranges from 0 to nch-1.
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Start audio_data (get sb_limit, the number of coded subbands, from tables)

! sb_bound=sb_limit i‘_(n mode = joiht-stereo??m_bound =4 * (1+mode_extension)

—

\
for the first sb_bound subbands and
for all channels
allocation[ch][sb]

for the remaining subbands if any
allocation{0}[sb]
atlocation[1]{sb)=allocation[0][sb]

for the first sb_limit subbands and y A ]
for all channels : n
allocation[ch][sb]=0 ?? scfsi{ch][sb]

for the first sb_limit

subbands and for all —*(

channels 0

scfsifch){sb] = 0, 1,2 or 377 D]

EICE +2

o scalefactor[ch][sb][0) scalefactor[ch][sb][0] calefactor[ch][sb][0
. 1 scalefncto:[ch][:bllll scalefactor[ch]{sb][2] [? efactorfehlls ]m
allocaf_lgﬂqlghllsbl scalefactor(ch][sb][2]
y Y Y \j

[

triplet grouping?? )
:yi KT

for the first sb_bound subbands
and for all channels, see if
triplet grouping is used from

tables —
\ y read 3-sample triplet as read 3 samples as
i 1 codeword 3 cod ds
allocation[ch]{sb}>0 7? codewor
(allocationfet{sb samplecodelchl[sbl(trpl] || sample(chlisblls]
n
- ‘ Y ¥

=Y

Y

for the remaining subbands if
any, see if triplet grouping is
used from tables

o

triplet grouping??

‘n

3

’y

—- y read 3-sample triplet as read 3 samples as
| 1 codeword 3 codewords
(allocation[0][sb]>0 7? samplecode[0]{sb]tripl] | | sample[0][sb]{s}
» 1o \ 5]
y { increment trpl; trpl < 12 77 ) n » End of audio_data

Fig. 4.9 Syntax for MPEG-1 audio_data( ) for Layer II. Each Frame represents 1152 samples of input PCM audio. Boldface
means tead in the data from the stream.

sb_limit Number of subbands to be coded. grouped, and the number of bits per sample. Actual
Depends on bit and sampling rates. values are taken from tables.
sb_bound Starting subband number for scfsi[ch][sb] (2 bits) Specifies the number of

intensity_stereo.

trpl  3-sample triplet number.

allocation[ch][sb] 2 to 4 bits (from tables) Spec-
ifies the quantizers used in subband sb in channel ch,
whether three consecutive samples have been

Scale_Factors for subband sb in channel ch and in
which blocks they are valid.

scalefactor [ch][sb][b] (6 bits) Indicates the
Scale Factor for block b of subband sb of channel
ch. Actual values are found from tables.
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Sub-subbands Scale_Factors Scale Factor
—={ Encoder -
32 Subbands
Gto 31
_ Quantized
Analysis Sampie
Flltcr};ank MDCT __{F‘ Scaler Quantizer Huffman L— Buffer Multiplexer
an Encoder
IDecimation| 3]
PCM ] ] \
Inpu
_,_ Buffer Fullness
Calculate Window Sizes, Scale Factor Bands, Bit Rate
Psycho ISMR's[ Allocation and Quantization taking Buffer fullness into . Side
acoustic . Side .
—- account —{ Information
Model Information Encoder +
Transmission
Channel
Scale_Factors Scale Factor '
Decoder -
T - - J’ Quantized
psampling |- Sample
PCM Inverse [ g
and Scaler . Huffman |es— Buffer s
Output | g : E MDCT :j Quantizer
ynthesis Decoder .
Filterbank [ - - Demultiplexer
?’ ﬁ\ 1
Side Side |
Calculate Window Sizes, Scale Factor Bands, Bit Rate W Information
Allocation and Quantization Decoder

Fig. 4.10 MPEG-1 audio encoder and decoder for Layer I1I (single channel). The standard does not specify the encoder in order

to allow for evolution over time. Thus, this is only an example.

samplecodg[ch][sb][trpl] Coded data for
three consecutive samples in triplet trpl in subband
sb of channel ch.

sample[ch] [sb] [s] Coded data for sample s in
subband sb of channel ch.

4.3.6 Layer

Layer 111 is considerably more complex and uti-
lizes many more features than Layers| and I1. It is
capable of compressing stereo audio to 128 kbits/s
with adequate entertainment quality, but usually
not CD quality. An example of an MPEG-1 Layer
[l coder and decoder is shown in Fig. 4.10.

The first improvement over Layer Il is to
increase the frequency resolution. This is achieved

by further processing each subband analysis filter
output using a Modified Discrete Cosine Trans-
form (MDCT). We cal the MDCT outputs sub-
subbands. The increased sub-subband resolution
allows for better perceptual coding, especidly at
lower frequencies where the Masking Threshold
may have considerable variation within a subband.
It dso dlows for some cancellation of aiasing
caused by the polyphase analysis subband filters
within a subband.

The MDCTs can be switched to generate for
each subband either 6 sub-subbands (caled short-
window MDCTSs) or 18 sub-subbands* (caled long-
window' MDCTs). Long-windows give better fre-
quency resolution, while short-windows give better
time resolution. Also, during large transients, the

*The MDCT is a 50% overlapped transform. Thus, it is actually a 12-point or a 36-point transform, respectively,
tIn MPEG Layer |11, the terms window and block are used interchangeably. To avoid confusion with earlier terminology, we use

only the term window.
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lower two subband MDCTs can be switched to
long-windows, while the upper 30 subband
MDCTs arc switched to short-windows. This
assists dynamic adaptation of the coding while
maintaining the higher frequency resolution for
the low frequencies.

Adaptation to the transition of an MDCT
between long- and short-windows is also possible.
This is implemented by two special long-window
MDCTs, one for the long-to-short transition and
one for the short-to-long transition.

After formation of the sub-subbands, the sam-
ples are then assembled in frequency order into
Granules. A Granule consists of one sample from
each long-window sub-subband and three succes-
sve time samples from each short-window sub-
subband, for atotal of 576 samples. Because of the
frequency ordering, the quantized sample ampli-
tudes on the average decrease from beginning to
end of the Granule. Two Granules make up each
audio Frame, which corresponds to 1152 input
PCM samples.

There are not enough bits to alow for a sepa-
rate Scale_Factor for each sub-subband. Thus, the
samples of each Granule are adaptively grouped
into Scale Factor_Bands, and one Scale Factor is
computed for al the samples in the associated
Scale Factor_Band. If for a particular Scale_Fac-
tor_Band, the Scale Factors in both Granules of a
Frame are identical, then the second Scale Factor
need not be transmitted. In this case, the corre-
sponding Scale Factor of the first Granule is used
for both Granules. A further partitioning of scale
factor bands into four Classes facilitates the trans-
mission of this latter side information.

The Granule samples are then nonuniformly
guantized. This is implemented by raising the
absolute value of the samples to the power 0.75
before passing to a uniform quantizer. The quan-
tized samples are then coded using variable-length
codewords. For this purpose the samples are parti-
tioned into five variable sized Regions, each Region
using its own set of Huffman code tables especially
designed for the statistics expected in that Region.
The first three Regions are caled Big Values

*MPEG calls this the countl region. Don't ask.

Regions. Within these Regions the quantized sam-
ples are coded in pairs, that is, two samples per
Huffman codeword. The fourth Region of quan-
tized samples (called the Small Values* Region) con-
sists entirely of zeros and *1s. Samples in this
Region are coded four at a time, that is, four sam-
ples per codeword. The fifth Region, correspond-
ing to the highest frequencies, consists entirely of
zeros and is not transmitted.

The Huffman coding process may generate a
variable number of bits per Frame, thus requiring
abuffer’ to connect to a constant rate digital chan-
nel. In this case, feedback from the buffer is used to
control the quantization to avoid emptying or over-
flowing the buffer. However, a more important use
of the buffer concerns large tempora changes in
the audio signal. In case of a sudden increase in
audio amplitude, the buffer alows for a higher
quality of coding just before the transient when
noise is more audible, at the expense of lower qual-
ity coding during the transient when noise is less
audible. This is called Preecho correction and
results in a significant improvement in overal cod-
ing quality.

To improve error resilience, the Frame Header
and some of the side information of Layer IIl are
not necessarily placed at the beginning of the vari-
able length audio data of each Frame. Instead the
Header and partial side information may occur
later. Specifically, they are placed exactly at the
locations they would appear if the Frames were all
of constant length. For this to work correctly, a
pointer called main_data begin is included
after each Frame Header to indicate where the
audio main_data for the corresponding Frame

actually begins.
The Layer 11l decoder is much simpler than the
encoder. In fact, the Layer Il decoder is only

dlightly more complex that a Layer |l decoder. The
main increase in complexity is due to the over-
lapped MDCTs. Because of the overlap, samples
from two successive inverse transforms must be
added together to produce samples for a subband.

The decoder basicaly processes the received
stream according to the syntax below, and then

TAlternatively, a rate controller may be used to achieve a constant number of bits per frame.
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for all channels and for the four
scale_factor_band_classes (sfbc)

scfsi[ch][sfbc]

\

for both granules and all channels

part2_3_length{gran][ch]

nr_big values{gran]{ch]
global_gain{gran](ch]
scalefac_compress{gran][ch]
window_switching flag[gran][ch]

window_type[gran][ch]

v . n
window_switching_flag[gran](ch . .
mixed_window_flag[gran][ch] }‘{ = 1%5 sl }» for the first two big_val regions

1

for the first two big_val regions
table_select[gran){ch]{region] -

table_select{gran][ch][region]

region0_count{gran][ch]
regionl_count[gran][ch]

for the 3 short window samples
shortwin_gain[gran][ch][sw_samp]

!

|

preflaglgran]ich)
scalefac_scale[gran][ch]
small_values_table_select[gran][ch]

[

—= next gran,ch

To

main_data()

Fig. 4.11a Syntax for MPEG-1 audio_data(). Lach Frame represents 1152 samples of input PCM audio.

reproduces subband samples and PCM audio sam-
ples as described previoudly.

4.3.7 MS_Stereo mode

In addition to Intensity_Stereo Mode, Layer |11
supports an additional stereo mode called Middle-
Side (MS) stereo. With this technique, the frequen-
cy ranges that would normally be coded as left and
right are instead coded as Middle (left + right) and
Side (left — right). This method exploits the fact
that the Side channel can be coded with fewer bits,
thus reducing the overdl bitrate. If MS_Stereo
and Intensity_Stereo are both used, then

MS Stereo applies only to the lower bands where
Intensity _Stereo is not used.

The syntax of the MPEG-1 Layer |llI
audio_data() isshownin Fg. 4.11.

The semantics of the MPEG-1 Layer Il
audio_data( ) are as follows:

nch Specifies the number of channels. nch = 1 for
monophonic mode, and 2 for all other modes.

ch  Channel number, which ranges from 0 to nch-1.
sfb  Scale_Factor_Band. Ranges from 0 to 20.

sfbc  Scale Factor Band Class. The first 6 scale fac-
tor bands are in class 0. Classes 1, 2, 3 contain five
scale factor bands each.

Peloton - EX1020, Page 84
IPR2023-01239 (Peloton v. NEC)



70 Audio

Start main_data()

l

For both granules and all channels

A ™

b

‘ n (* window_switching_flag[gran]{ch)=177 ¥
and window_type(gran]{ch]==27?

—————{(mixed_window_flag[gran][ch] = 177 )

n

\

\

for scale factor bands O to 7
scalefac_l[gran]{ch][sfb]

for scale factor bands Oto 11,
and short window samples 0 to 2
scalefac_s[gran][ch]{sfb][sw_samp]

Y

for scale factor bands 3to 11
7 and short window samples 0 to 2

scalefac_s[gran][ch][sfb][sw_samp]

scfsi[ch][sfbc}=07?
or
gran == 07?

For each scale_factor_band sfb in
the Scale Factor Band Class sfbc
scalefac_l[gran]{ch][sfb]

Y

increment sfbc; sfbc < 4‘@

n

-

Y

ext channel, granule

| Huffmancodebits()
N

ancillary_bits End of main_data()

Fig. 4.11b  Syntax for MPEG-1 main_data( ) for Layer IIL.

gran Granule number O or 1.

main_data _begin (9 bits) Specifies the location
of the audio main_data of a frame as a negative off-
set in bytes from the first byte of the audio sync word.
0 indicates the main data starts after the Header and
side-information.

private bits 3 or 5 bits depending on mode, for
private use.

scfsi[ch][sfbc] (1 bit) Scalefactor selection infor-
mation, asin Layers| and Il. But here it isfor classes
of Scale_Factor_Bands, instead of subbands.
part2_3 length[gran][ch] (12 bits) Specifies
the number of main_data bits used for Scale_Factors
and Huffman code data.

nr_big valueggran][ch] (9 bits The number
of sample pairs in the lowest frequency region (big
values region).
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nr_small_values The number of sample quadru-
ples in the mid frequency region (Small Values
region). It is equal to the remaining samples in the
granule, and is found from part2_3 length and
nr_big_values.

global_gain[gran][ch] (8 bits) Specifies quan-
tizer step size for the granule and channel.
scalefac_compresggran][ch] (4 bits) Specifies
the number of bits used for Scale Factors. Actual
values are taken from a Table.
window_switching_flag[gran] [ch] (1 bit)
Specifies a window other than the normal long win-
dow.

table sdect[gran][ch][region] (5 bits) Speci-
fies Huffman code tables for the first two big values
regions.

regionO_count (4 bits) Specifies number of sam-
ples in subregion O of the big_vaues region.
Depends on window_type and mixed_win-
dow_flag.

regionl_count (3 bits) Specifies number of sam-
ples in subregion 1 of the big_values region.
Depends on window_type and mixed_win-
dow flag.

region2_count The remaining samples of the
big_values region. It is found from nr_big_values,
regionO_count, and r egionlcount.
window_type[gran] [ch] (2 bits) Specifies win-
dow type for the granule.
mixed_window_flag[gran][ch] (1 bit) Speci-
fies that the two lowest subbands have a long window
type, which may be different than the higher 30 sub-
bands.

shortwin_gain[gran][ch][sw_samp] (3 bhitg)
Specifies a gain offset from the global_gain for short
window samples (sw_samp = 0 to 2) of short win-
dows.

preflag[gran][ch] (1 bit) Specifies additional
high frequency amplification.
scalefac_scalgfgran][ch] (1 bit) Specifiesquan-
tization of Scae Factors.

small_values_table select[gran] [ch]

bit) Specifies Huffman code tables for the Small
Values region.

scalefac_1[gran] [ch] [sfb] (0to 4 bits) Scale Fac-
torsfor long windows.

@

*The LFE frequencies typically range from 15 Hz to 120 Hz.
reproduces loud sound effects.
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scalefac_s[gran][ch][sfb][sw_samp] (O to 4
bits) Scale_Factors for each sample (sw_samp = 0
to 2) of a short window.

huffinancodebits() Huffman encoded data

4.4 MPEG-2 AUDIO

For two-channel stereo, the differences between
MPEG-1 and MPEG-2 are minor. The initial
PCM sampling rate choices are extended down-
ward to include 16, 22.05, and 24 kHz. Also, the
preassigned bitrates are extended to as low as 8
kbits/s. The lower sampling and bitrates are sg-
naled by setting ID = 0 in the Header.

For the lower rates, MPEG-2 provides better
quantization tables. Also, in Layer |1, the coding
of Scale factors and intensity_ mode stereo are
improved.

4.4.1 MPEG-2 Backward
Compatible (BC)

The most substantial change in MPEG-2 is the
definition of a compression standard for five-chan-
nel surround-sound that is backward compatible
(BC) with MPEG-1 audio. Thus, MPEG-1 audio
players can receive and decode two channels of
MPEG-2-BG audio, namely the left (L) and right
(R) front speaker signds. However, MPEG-2-BG
allows for up to four additional channels, namely
front center (C), sidefrear left surround (LS),
side/rear right surround (RS), plus an optiona
low-frequency enhancement (LFE) channel.*
MPEG-2-BC achieves Backward Compatibility by
coding the L and R channels as MPEG-1, while
the additional channels are coded as ancillary data
in the MPEG-1 audio stream.

The L, C, R, LS, RS arrangement is often
referred to as */: stereo, that is, 3 front and 2 rear
channels. If LFE is included, it is called 5.1 chan-
nel stereo. The compressed data for these channels
is called the Multichannel or mc coded data.

Other possible channel arrangements are /1, */%,
*/2, and */1, in addition to ¥ (MPEG-1 stereo) and

One or more loudspeakers are positioned for LFE, which usually
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'/» (MPEG-1 monaural). For the cases having three
or less channels, it is possible to define a Second Sereo
Program, perhaps for bilingual, consisting of a sec-
ond left-right pair (L2, R2) that is carried on two of
the unused channels. For example, */» + *4 and “
+ */u designate dual (perhaps bilingua) stereo pro-
gramming on one MPEG-2-BC audio stream.

In the following, we will concentrate mainly on
Layers | and Il. Many of the concepts aso carry
over to Layer |11, where they are coded more effi-
ciently.

4.4.2 Subband Groups

Some of the adaptive and dynamic features of
MPEG-2 are specified for Subband Groups instead
of individual subbands or sub-subbands. Subband
Groups for Layers| and | are defined in Table 4.4.
Layer Il has a similar definition, except that in
Layer 11l they are called Scalefactorband_Groups.

4.4.2.1 Matrixing for Backward
Compatibility and Downward
Compatibility*

In many cases, it is advantageous to transmit
linear combinations of the five input audio chan-
nels instead of the input signals themselves. This is
called Matrixing,*® as shown in the matrix equation

Table 4.4 Subband Groups for MPEG-2 Layers I and 11

Subband Group for Subbands in
Layers Land 1T Subband Group

4] 0

1 1

2 2

3 3

4 4

5 5

6 6

7 7

8 8109

9 10to 11
10 12to 15

11 16 to 31

[LoRoT2'T3 T4 = [LCRISRS] X M

where M isa 5 X 5 numerical matrix. The matrix
converts the Audio Multichannels (L C R LS RS) into
Transmission Channels (Lo Ro T2 T3 T4). Lo and
Ro' are sent as normal MPEG-1 stereo channels,
while T2, T3, T4, and LFE,* if present, are sent as
ancilliary data in the MPEG-1 stream. Matrixing
can produce Lo and Ro that are better renditions
of two-channel stereo, and therefore give better
quality with MPEG-1 decoders. Also, transmission
channels T2, T3, and T4 are often easier to com-
press by exploiting the subjective redundancies and
correlations with Lo and Ro. However, better
MPEG-1 quality can sometimes mean worse
MPEG-2-BC quality when five-channel audio
must be compressed.

For downward compatibility or other reasons,
we may wish to code fewer than five transmission
channels. For example, */. stereo could be pro-
duced by the matrixing:

[LoRo T2 T3] = [LCRLSRS| X M
where M isa b X 4 numerical matrix.

4.4.3 Dynamic Transmission
Channel Switching

The matrix may be defined for al subbands, or
individually for each subband group. The matrix
definitions may aso be changed dynamically for
each new Frame.

4.4.4 Dynamic Crosstalk

Dynamic Crosstalk is the MPEG-2 implemen-
tation of intensity_stereo. It alows for dynamic
deletion of sample bits in specified subband groups
of specified Transmission Channels. As in MPEG-
1, the missing samples are copied from another
specified Transmission Channel. However, scale
Factors are transmitted for the missing samples to

*Downward Compatibility is for decoders that cannot handle the full */» audio channel.
MPEG sometimes uses TO and T1 instead of Lo and Ro. However, the meaning is the same.
#The optional LFE channel is never matrixed with other channels.
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dlow for independent amplitude control, as in
MPEG-1 intensity_stereo.

4.4.5 Adaptive Multichannel
Prediction

In Layers | and Il, further compression of
channels T2, T3, and T4 is alowed using predic-
tive coding. The first eight subband groups may be
coded predictively using up to three samples from
TO plus up to three samples from Tl. Up to six
predictors may be specified, depending on channel
assignment and dynamic crosstalk modes. Layer
11 alows predictive coding of more channels
using more samples.

4.4.6 Phantom Coding of the
Center Channel

This refers to a compression method for the
center channel, wherein the subbands above sub-
band 11 are not transmitted. These are set to zero
at the decoder, and the listener perceives high fre-
quencies only from the other channels. In this
case, the encoder may choose to matrix some of
the center channel into the side channels prior to
coding.

4.4.7 Multilingual Channels

MPEG-2-BC alows for up to seven so called
Multilingual or ml channels. These are monophonic
and would typically contain speech in different lan-
guages, commentary for the visualy impaired,
clean speech for the hearing impaired, educational
side comments, and so forth. A multilingual chan-
nel might be self contained, or it might contain
speech or singing that is to be added to the multi-
channel program signal. For example, the multi-
channel signa might be in */» format, while one of
the multilingual channels is passed to the center
channel speaker.

A maximum of seven multilingual channels can
be carried on a single MPEG-2-BC stream. In
addition, MPEG Systems alows up to 32 audio
streams per program. Thus, in principle up to 224
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multilingual channels could be carried in an
MPEG-2 program.

4.4.8 Syntax and Semantics of
MPEG-2-BCAudio

Space does not permit the inclusion of all
details of the MPEG-2-BC audio stream. Thus,
we will only describe the main structure and
arrangement of data for the three Layers. As
stated above, the Lo and Ro channels are sent as
normal MPEG-1 data. The additional channels
plus descriptive data, which is caled the
mcml_extension( ), replaces the ancillary data
in the MPEG-1 stream. If there is insufficient
capacity in the MPEG-1 stream for al of the
mcml_extension( ), then the remainder may
be carried in an external stream* having a simple
header and packet structure defined by MPEG-
2. The external stream is treated by MPEG Sys-
tems as a separate audio stream, and normally
requires the hierarchy descriptor in the
Systems PSI.

In Layer I, three MPEG-1 Frames plus a packet
from the external stream, if present, are required
to carry the meml_extension(). In Layers Il and IlI,
only one MPEG-1 Frame is needed, plus a packet
from the external stream, if present. The syntax of
the MPEG-2-BC mcml_extension () for Layers
[, Il and Il is shown in Fig. 4.12.

The semantics of the MPEG-2-BG mcml_
extension( ) for Layers|, Il and Il are as follows:

mpeg-l_ancillary data( ) Data for MPEG-1
decoders, which may be defined in the future.
ext_stream_present (1 bit) 1 indicates that an
external stream exists, which contains the remainder
of the datain case it does not al fit in one MPEG-1
compatible stream. This bit is redundant if Systems
PSl is present.

n_ad_bytes 8 bits, indicating how many bytes are
in the MPEG-1 compatible ancillary data in the
external stream.

center 2 bits, indicating if a center channel exists
and if phantom center coding is used.
center_limitedimch][sb] 1 indicates center channel
subbands 12 and above are not sent.

*MPEG calls this the extension stream, which we believe is confusing.
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Start multichannel-multilingual extention

Layer = 377

Nl

|

mpegl_ancillary_data()

bn_bit_stmam _present]

@_bit__strcam _present=1 ??)—lb

n |l

center

surround

Ife

audio_mix
dematrix_procedure
no_of_mult_lingual_ch
multl_)ingual_fs
multi_lingual_layer
copyright_identification_bit
copyright_identification_start

Y

{ cemc\i@—y——>

nla

n_ad_bytes

Y
mc_crc_check
mc_composite_status_info()
mc_audio_dataQ

for subbands 12 and above
center_limited[center][sb] = 1

( Layer <377

| nmlch = no_multi_lingual_ch
mi_audio_data(
mpegl_ancillary_data()

1

End multichannel-multilingual extention

Fig. 4.12  Syntax of the MPEG-2-BC meml_extension( ). Two channels Lo and Ro {one if single_channel) are carried in the
MPEG-1 portion of the Frame. The additional channels plus descriptive data is called the meml_extension( ) and replaces the

ancillary data in the MPEG-1 stream. An external stream may be required to carry excess data. A boldface variable by itself means

stmply read in the value of the variable

surround 2 bits, indicating the presence of sur-
round channels or the second stereo program.

Ife (1 bit) 1 indicatesalow frequency enhancement
channel is present.

audio_mix (1 bit) Indicates whether mixing for a
large listening room, like a theatre, or for a smal lis-
tening room. 1 indicates a small listening room.

dematrix_procedure 2 bits, indicating the
dematrix procedure to be applied in the decoder.
no_of_multi_lingual_ch 3 bits, indicating the

number of multilingual or commentary channels.

multi-lingual_fs (1 bit) 1 indicates the sampling
frequency of the multilingual channels is half that of
the main audio channels. 0 indicates both sampling
frequencies are the same.

multi_lingual_layer (1 bit) Indicates whether
Layer |11 multilingual or Layer IIl multilingual is
used.

copyright_identification_start (1 bit) 1 indi-
cates that a 72-bit copyright identification field starts
in this frame to identify copyrighted material.
mc_crc_check (16 hits) Check word for error
detection.
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Start mc_composite_status_info()

tc_sbgr_'select
dyn_cross_on
me_prediction_on

y
=177
for subband groups Oto 11 tc_sbr_select = 177 tc_allocation

tc_allocation{sbgr] for subband groups O to 11
- tc_allocation[sbgr] = tc_allocation

o —y
\ -

Y
( dyn_cross@—ﬂ dyn_cross_LR |

for all subband groups
— A
l dyn_cross_mode[sbgr] |

surround = 3?7 )0

y

[dyn_second_stereo[sbgr] I——

n

Y
for all mch and subbands using
- dynamic crosstalk
dyn_cross[mch][sb]=!

\
I (mc_prediction_on =1 ?’D
vy

for subband groups 0 to 7

—
i}

[ me_prediction[sbgr) |

— T for all predictor coefficients
n (mc_predlctlon[sbgr] = 1?'D—x> predsi[sbgr][px]

Y

End mc_composite_status_info()

Fig. 4.13 Syntax for MPEG-2-BC mc_composite_status_info( ) for Laycrs [ and II. Each Frame represents 1132 samples ol
input PCM audio.

mc_composite status info () Specifies infor- The syntax of the MPEG-2-BC Multichannel
mation on the multichannel coding mode. Layers | and Il mc_composite _status info( )
mc_audio data( ) Coded audio data for multi- isshownin Fig. 4.13.

channel audio. The semantics of the MPEG-2-BC Multichannel
mi_audio_data() Coded audio data for multilin- Layers | and Il mc_composite status info( )
gual audio. are as follows:
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tc transmission channel.
sbgr  subband group number.

dyn_cross on 1 bit, indicating whether dynamic
crosstalk is used.

mc_prediction_on 1 bit,
mc_prediction is used.

indicating whether

tc_sbgr_select 1 bit, to indicate if the tc_alloca-
tion below is valid for al subbands or for individual
subband groups.

tc_allocation, tc_allocation [sbgr] (1 bit) Con-
tains information on the multichannel allocation of
the additional channels that are not in the MPEG-1
portion of the stream.

dyn_cross LR 1 bit, indicating whether dynamic
crosstalk copying shall be from Lo or Ro.

dyn_cross mode[sbgr] (I to 4 bits) Indicates
between which transmission channels dynamic
crosstalk is active.

dyn_cross[mch][sb] 1 indicates no samples sent for
multichannel mch and subband sb.

dyn_second_stereo[sbgr] (1 bit) Indicates
whether dynamic crosstalk is used in the second
stereo program.

mc_prediction[sbgr] (1 bit) Indicates whether
multichannel prediction is used in subband group
sbgr.

predsi[sbgr][px] 2 bits, predictor select infor-
mation. Indicates whether the predictor indexed by
px in subband group sbgr is used, and if so, how
many predictor coefficients arc transferred.

The syntax of the MPEG-2-BC Multichannel

Layers | and Il mc_audio_data( ) is shown in
Fig.4.14.

The semantics of the MPEG-2-BC Multichan-

nel Layers| and Il mc_audio_data( ) are asfol-
lows:

mch Multichannel (mc) nhumber,

trpl  Three-sample triplet number.

1fe_allocation (4 hits) Specifies the quantiser used
for the low-frequency enhancement channel.

allocation[mch] [sb] (2 to 4 bits) Specifies the
quantiser used for the samples in subband sb of the
multichannel mch.

scfsiimch][sb] (2 bits) Scale_Factor select infor-
mation. Indicates the number of Scale Factors trans-
ferred for subband sb of the multichannel mch. Asin
MPEG-1 Layer Il, the frame is divided into three
equal blocks (b) of 12 samples each.
delay_comp([sbgr][px] (3 bits) Specifies a shift
of subband samples for delay compensation in sub-
band group sbgr and predictor index px.
pred_coef[sbgr][px][pci] (8 bits) Coefficient of
predictor with up to second order in subband group
sbgr and predictor index px.

Lf_Scale Factor (6 bits) Scale Factor for the low-
frequency enhancement channel.

Scale Factor [mch][sb][b] (6 bits) Scale Factor
for block b of subband sb of multichannel mch.

Lf sample[trpl] (2 to 15 bits) Coded single sam-
ple of the low frequency enhancement channel.
There are three normal samples for each LFE
sample.

samplecode[mch][sb][trpl] (5to 10bits) Cod-
ed three consecutive samples in triplet trpl of sub-
band sb of multichannel extension channel mch.
sample[mch][sb][s] (2 to 16 bits) Coded sam-
ple s of subband sb of multichannel extension chan-
nel mch.

The syntax of the MPEG-2-BC Multichannel

Layers | and Il ml_audio_data( ) is shown in
Fig. 4.15.

The semantics of the MPEG-2-BC Multichan-

nel Layers| and Il ml_audio_data are as fol-
lows:

ntrip Number of sample triplets. It is 12 or 6
depending on whether sampling is at full rate (mul-
ti_lingual_fs = 0) or half rate (multi_lingual_fs = 1),
respectively.

mich Multilingual (ml) channel number.

allocation[m1ch][sb] (2 to 4 hits) Specifies the
quantiser used for subband sb of multilingual chan-
nel mich. The number of levels is taken from tables,
depending on sampling and bitrates.
scfs[mlch][sb] (2 hits) Specifies the number of
scalefactors for subband sb of multilingual channel
mich. Asin MPEG-1 Layer Il, the frame is divided into
three equal blocks (b) of 12 or 6 samples each depend-
ing on whether sampling is at full or haf rate, respec-
tively. One, two, or three scalefactors may be sent.

Peloton - EX1020, Page 91
IPR2023-01239 (Peloton v. NEC)



Audio 77

Start me_audio_data() ———————®=(Ife =177 _)}———/|fe_aliocation
n
- 1 for the coded subbands, and for all multichannels
[ allocationlmehj[sb}=0} a3

y n

A
; center_limited[mch][sb] = 07? v
oy n and i b
(center_limited{mchl[sb] = 177 dym_crossimen)isb = 077 allocation{mch](sb) |

¥

for the coded subbands, and for all multichannels

1
‘—iﬁlocation[mch][sb] >07? Mcfsi[mch][sb] —I

y for the first 8 subband groups, read delay compensations
(imc_prediction_on = 1?'D—> and predictor coefficients, if any
n v delay_comp(sbgr][px]

pred_coef{sbgr][px]{pci]

n %

If_scalefactor

for the coded subbands, ___ge( ™ scfsi{meh][sb] = 0, 1, 2 or 377 D)
multichannels 0 * lor3 Y 2

oy scalefactorimch](sb1[0]| | scalefactor(cmh][sb][0] | scalefactor{mch}{sb]{0]

scalefactor[mch](sb][1]| | scalefactorimch][sb][2]
allocation{mch]{sb]) | scalefactor[mch][sb][2]
>0 7?
. n \ Y Y
- — (T
i
@ 177 If_sample[trpl}
nies

for all coded subbands and for
all me channels, see if triplet
grouping is used from lablg

— -

———

triplet grouping?? )

Y* *n

n

y :
- read 3-sample triplet as read 3 sampl
70 ples as
allocatnon[mc;h] sb}>0 7 sl codclaword (mehIisbiftrpl] 3 codewords
an amplecode[mch](sb]{tr| sal
dyn_cross[mch][sb]=0? P mple[mch](sb][s]

Y f

Y

y{ increment trpl; trpl < 12 7?7

jn__> End of mc_audio_data

scalefactor[m1ch][sb][b] (6 bits) Scale factor
index for block b of subband sb of multilingual chan-
nel mich. The actual scale factor is taken from tables.
samplecode[mich][sb][trpl]] (5 to 10 bits)
Code word for three samples in triplet trpl of sub-
band sb of multilingual channel mich.

Fig. 4.14 Syntax for MPEG-2-BC mc_audio_data( ) for Layers I and II. Each Frame represents 1152 samples of input PCM

audio.

sample[mlich][sb][s] (2 to 16 bits) Coded rep-
resentation of the sample s of subband sb of multi-
lingual extension channel mich.

This ends the description of MPEG-2 Layers |

and I1.
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Start ml_audio_data()

{

for all coded subbands, and for all multichannels

i

i

| allocation[mich]lsb] |

1

for allcoded subbands, and for all multichannels

!
_"( allocation[mlch][sb] > 077 )L_>| sdsi[mlch][sbLJ

\

for the coded su.b.bands,
and for all multilingual g (" scfsi[mich]{sb] = 0, 1, 2 or 377 )
channels
0 ylor3 s
—»y | [scalefactor(mich][sb][0] |scalefactor[mich](sb](0] | [scalefactorfmich][sb][0]]
scalefactor[mich][sb][1]] [scalefactor[mich][sb][2]
ﬂlmaﬁ:%[ggch][sbl scalefactor[mich](sb](2]
n Y Y \J

\
A

i

for all coded subbands and for
all ml channels, see if triplet
grouping is used from tables

e

triplet grouping?? )

Yy }n

Y lread3 -sample triplet as read 3 samples as
( allocation[mlch][sb]>0 77 } | } codeword 3 codewords
samplecode[mich][sb}{trpl] || sample[mlch][sb][s]
n

- \

1 i

)

2 @crement trpl; trpl<ntrip??

)“____» End of mc audio data

Fig. 4.15 Syntax for MPEG-2-BC ml_audio_data( ) for Layers I and II. Each Frame represents 1152 samples of input PCM

audio.

The syntax and semantics of Layer Il is more
complex, reflecting its greater coding efficiency.
Space does not permit its description here.

449 MPEG-2 Non Backward
Compatible (NBC)

Providing backward compatibility with
MPEG-1 necessarily places a constraint on the
quality that can be achieved in the compression

of five-channel audio. Moreover, the quality may
not be easily improved by increasing the bitrate.
For this reason, there is currently underway an
effort to standardize a Non Backward Compati-
ble audio compression algorithm that can
achieve state-of-the-art audio quality with five
channels. We designate it as MPEG-2-NBC
audio.

Two algorithms have aready been found to
have better quality than MPEG-2-BC. They are
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Video Basics

Before we actually discuss video compression, and
in particular, MPEG video compression, we need
to understand the various aspects of the video sig-
nal itself and severa related issues. Smply speak-
ing, to understand how to compress video, we must
have some understanding of how a video signal is
generated, how the human visual system processes
visua information, how avideo signal is represent-
ed for storage® or transmission,® and how it can be
converted between the various representations. We
will certainly provide answers to these questions
and much more. Before you begin wondering what
this has to do with MPEG, remember that MPEG
video compression is performed on color video sig-
nals represented in digital format. As explained in
earlier chapters, digital format alows case of
manipulation as well as robust storage®® and trans-
mission. Also, depending on the needs of an appli-
cation and the bandwidth available, one of many
video representations may be used in MPEG com-
pression, which may be different from the repre-
sentations made available by the camera used for
imaging the scene. Furthermore, the video com-
pressed by MPEG is eventually decoded for dis-
play, and if the decoded video uses a different rep-
resentation than the display can handle, then again
conversion is needed.

First we discuss the process of video imaging
with emphasis on video scanning methods used for
TV and film; image aspect ratio (IAR), which con-

80

trols display shape; and gamma, which controls the
relationship between voltage and intensity. Second,
we discuss the human visual system, properties of
colored light such as hue and saturation, the coordi-
nate system used for representation of color video
signals, and the composite and component systems
used in various TV systems. Third, since MPEG
compression uses digital video signals, we briefly
discuss the generation of digital video from analog
video signals. Fourth, we discuss specific digital
component formats that MPEG coding uses. Fifth
and sixth, we describe the various conversions'®*
between the video formats used by MPEG; typical-
ly these conversions are needed in preprocessing
prior to MPEG encoding or postprocessing after
MPEG decoding. The last section discusses a
unique form of conversion called mixing of video,
which has potential for use in MPEG-1 and
MPEG-2 applications involving overlaid text and
graphics, as well as future MPEG based coding.

5.1 VIDEO IMAGING

To begin with, imaging is a process by which arep-
resentation of an actual scene is generated. Imag-
ing can be of various types, such as normal pho-
tography, X-rays, electronic documents, electronic
still pictures, motion pictures, and TV. We are
obviously interested in the kind of imaging that is
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time varying as it can adequately represent the
motion in a scene. Video can be thought of as
comprised of a sequence of dtill pictures of a scene
taken at various subsequent intervals in time. Each
still picture represents the distribution of light
energy and wavelengths over a finite size area and
is expected to be seen by a human viewer. Imaging
devices such as cameras alow the viewer to look at
the scene through a finite size rectangular window.
For every point on this rectangular window, the
light energy has a value that a viewer perceives
which is called itsintensity. This perceived intensity
of light is a weighted sum of energies a different
wavelengths it contains.

The lens of a camera focuses the image of a
scene onto a photosensitive surface of the imager,
which converts optical signals into electrical signals.
There are basically two types of video imagers. (1)
tube-based imagers such as vidicons, plumbicons,
or orthicons, and (2) the more recent, solid-state
sensors such as charge-coupled devices (CCD). The
photosensitive surface of the tube imager is typical-
ly scanned with an electron beam or other electron-
ic methods, and the two-dimensional optical signal
is converted into an electrical signa representing
variations of brightness as variations in voltage.
With CCDs the signal isread out directly.

5.1.1 RasterScan

Scanning is a form of sampling of a continu-
ously varying two-dimensional signal. Raster scan-
ning®® is the most commonly used spatial sam-
pling representation. It converts a two-dimensional
image intensity into a one-dimensional waveform.
The optical image of a scene on the camera
imager is scanned one line at a time from left to
right and from top to bottom. The imager basically
converts the brightness variations along each line
to an electrical signal. After a line has been
scanned from left to right, there is a retracing peri-
od and scanning of next line again starts from left
toright. Thisis shown in Fig. 5.1.

In a televison camera, typicaly an electron
beam scans across a photosensitive target upon
which light from a scene is focused. The scanning
spot itself is responsible for local spatial averaging
of the image since the measured intensity at atime

Video Basics 8l

Fig. 5.1 Raster scan of an image

is actually a weighted average over the area of the
spot. With the use of electron beam scanning,
however, it is very hard to control the scanning
spot filter function, with the result that the image is
sometimes not sufficiently prefiltered. Optical
scanning devices that use a beam of light are sig-
nificantly better in this regard. Prefiltering can also
be done in most cameras by a slight defocusing of
the optical lens. With raster scanned display
devices, filtering in the vertical direction is done by
the viewer's eye or by adjustment of the scanning
beam or optical components.

The smallest detail that can be reproduced in a
picture is about the size of a picture element, typi-
cdly referred to as apixel (in computer terminolo-
gy) or apel (in video terminology). A sampled TV
raster, for example, can be described as a grid of
pels as shown in Fig. 1.2. The detail that can be
represented in the vertical direction is limited by
the number of scan lines. Thus, some of the detail
in vertical resolution is lost as the result of raster
scanning fall between the scan lines and cannot be
represented accurately. Measurements indicate
that only about 70% of the vertical detail is actual-
ly represented by scan lines. Similarly, some of the
detail in the horizontal direction is lost owing to
sampling of each scan line to form pels.

5.1.2 Interlace Raster Scan

The choice of number of scan lines involves a
tradeoff among contradictory requirements of
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bandwidth, flicker, and resolution. Interlaced>®
scanning tries to achieve these tradeoffs by using
frames that are composed of two fidds sampled at
different times, with lines of the two fields inter-
leaved, such that two consecutive lines of a frame
belong to alternate fields. This represents a verti-
cal temporal tradeoff in spatial and temporal res-
olution. For instance, this allows slow-moving
objects to be perceived with higher vertical detail
while fast-moving objects are perceived at a higher
temporal rate, abeit at close to half vertical resolu-
tion. Thus the characteristics of the eye are well
matched because, with slower motion, the human
visual system is able to perceive the spatial details,
whereas with faster motion spatial details are not
as easily perceived. This interlace raster scan is
shown in Fig. 5.2.

From a television transmission and display
aspect, the interlace raster scan represents a rea-
sonable tradeoff in the bandwidth necessary and
the amount of flicker generated. It is worth noting
that the tradeoffs that may have been satisfactory
for television may not be satisfactory for computer
displays, owing to the closeness of the screen to the
viewer and the type of material typicaly displayed,
that is, text and graphics. Thus, if interlaced TV
displays were to be used with computers, the result
would be an annoying large area flicker, interline
flicker, line crawling, and other problems. To avoid
these problems, computer displays use noninter-
laced (also called progressive or sequential) displays
with refresh rates of higher than 60 frames/s, typi-
cally 72 frames/s.

Interlaced Frame

e [ s Feue
-x-:-—-—-—~< oYY
ISP S
~t

Fig. 5.2

Interlaced raster scan ol an image

Table 5.1 Equivalent Line Number of Film and TV Image

Formats

Image Formats Equivalent Line Number Range

NTSCTV 17510 310
16 mm Film 200 to 300
35 mm Film 350 to 450
HDTV 300 to 515

5.1.3 Film versus Television

Originally, television was designed to capture
the same picture definition as that of 16-mm film.
Actually, the resolution of 16-mm film is signifi-
cantly higher than that of normal TV, but the per-
ceived sharpness is about the same owing to a bet-
ter tempora response of normal TV To compare
the performance of quite different display systems,
the concept of equivalent line number is useful. In
Table 5.1 we show the equivalent line numbers for
film and television.

Based on what we have sad so far, it may
appear that a television system can achieve the per-
formance of film. In practice, however, there are
too many ways in which the performance of a TV
system can become degraded. In this context, it is
worth noting that frequency response, which is the
variation in peak-to-peak amplitude of a pattern of
aternate dark and bright lines of varying widths,
can be used to establish the performance of an
imaging system. In redity, TV and film images
never realy appear the same owing to the differ-
ence in shape of the overall frequency response.
For instance, the frequency response of TV drops
much faster, whereas the frequency response of
film decays more gradually.

The response of the human eye over time is
generally continuous,’™ that is, nerve impulses
travel from the eye to the brain at the rate of
about 1000 times per second. Fortunately, televi-
sion does not need to provide new images of a
scene a this rate as it can exploit the property of
persistence of vision to retain the sensation of an
image for a time interval even though the actual
image may have been removed. Both TV and
motion pictures employ the same principle—a
scene is portrayed by showing a sequence of
dlightly different images (frames) taken over time
to replicate the motion in a scene. For motion in a
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scene to appear redigtic, the rate of imaging of
frames should be high enough to capture the
motion without jerkiness, and the rate of display
should be high enough so that the captured
motion can be replicated smoothly. The display
rate must also be high enough so that persistence
of vision works properly. One of the nuances of
human vision is that if the images being presented
to it are bright, the persistence of vision is actually
shorter, thus requiring a higher repetition rate for
display.

In the early days of motion pictures,*™ it was
found that for smooth motion rendition, a mini-
mum frame rate of 15 per second (15 frames/s)
was necessary. Thus old movie equipment, includ-
ing home movie systems, use 16 frames/s. Howev-
er, because of a difficulty in representing action in
cowboy movies of those days, the motion picture
industry eventually settled on the rate of 24
frames/s, which is used to this day. Note that
athough 24 frames/s movies use 50% more film
than 16 frames/s movies, the former was adopted
as a standard as it was considered worthwhile. As
movie theater projection systems became more
powerful, the nuance of eye mentioned earlier,
which requires a higher frame rate, began to come
into play, resulting in the appearance of flicker. A
solution that did not require a change in the cam-
era frame rates of movies was to use a 2 blade
rotating shutter in the projector, synchronized to
the film advance, which could briefly cut the light
and result in double the displayed frame rate to 48
frames/s. Today, even a 3 blade shutter to effec-
tively generate a display rate of 72 frames/s is
sometimes used since projection systems have got-
ten even more brighter.

The frame rate used for monochrome TV in
Europe was in fact chosen to be dlightly higher
than that of film at 25 frames/s, in accordance
with electrical power there, which uses 50 cycles/s
(H2) rate. Tdlevison in Europe uses systems such as
PAL and SECAM, each employing 25 frames/s. It
is common practice in Europe to run 24 frames/s
movies a little faster at 25 frames/s. The PAL and
SECAM based TV systems are currently in wide-
spread use in many other parts of the world as
well.

*Some authors, including MPEG, use height/width.
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The frame rate of monochrome TV in the
United States was chosen as 30 frames/s, primarily
to avoid interference to circuits used for scanning
and signal processing by 60-Hz electrical power. In
1953, color was added to monochrome by migra-
tion to an NTSC system in which the 30 frames/s
rate of monochrome TV was changed by 0.1 per-
cent to 29.97 frames/s owing to the requirement of
precise separation of the video signa carrier from
the audio signal carrier. Incidentally Japan and
many other countries aso employ the NTSC TV
system.

For reasons other than those originally planned,
the frame rate chosen in the NTSC TV system
turned out to be a good choice since there is a
basic difference in the way TV is viewed as com-
pared to film. While movies are generaly viewed
in dark surroundings that reduce the human ey€'s
sensitivity to flicker and the smoothness of motion,
TV is viewed under condition of surround light-
ing, in which case the human visua system is more
sensitive to flicker and the smoothness of motion.
Thus, TV requires a higher frame rate than movies
to prevent the appearance of flicker and motion-
related artifacts.

One very important point is that unlike TV
which uses interlace, film frames are sequential
(also caled noninterlaced or progressive).

5.1.4 Image Aspect Ratio (IAR)

The image aspect rétio is generally defined as
the ratio of picture width to height* and impacts
the overall appearance of the displayed image. For
example, the IAR of normal TV images is 4/3,
meaning that the image width is 1.33 times the
image height. This value was adopted for TV, as
this format was aready used and found acceptable
in the film industry at that time, prior to 1953.
However, since then the film industry has migrated
to wide-screen formats with IARs of 1.85 or high-
er. Since subjective tests on viewers show a signifi-
cant preference for a wider format than that used
for normal TV, HDTV uses an IAR of 1.78, which
is quite close to that of the wide-screen film for-
mat. Currently, the cinemascope film format pro-
vides one of the highest IARs of 2.35. Table 5.2
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Table 5.2 Image Aspect Ratio (IAR) of Film and TV Image

Formats

Image Formats Aspect Ratio

NTSC, PAL and SECAM TV 1.33
16 mm and 35 mm Film 1.33
HDTV 1.78
Widescreen Film 1.85
70 mm Film 2.10
Cinemascope Film 2.35

compares aspect ratios of avariety of formats used
in film and TV

Sometimes there may be a mismatch such that
an image that was intended for display at one IAR
may have to be shown on a display of a different
IAR. Figure 5.3 shows images of a 4:3 IAR on a
16:9 display and vice versa.

In the discussion of aspect ratio the concept of
pel aspect ratio (PAR) is often quite useful.
Although pels have no intrinsic shape of their own,

-l

< wedh/3— o

under some restrictions, they can be thought of as
contiguous rectangles as shown in Fg. 1.2. MPEG-
1 video dlows specification of PAR through the
parameter pel_aspect_ratio, a4-bit code representing
severa discrete values of PAR.

MPEG-2 video interprets the same 4-bit code
asaspect_ratio_information, and usesit to either speci-
fy that pels in a reconstructed frame are square
(PAR = 1) or it specifies one of three values of IAR
(see Sec. 10.2.2). When IAR is specified, there are
two cases, one in which the reconstructed image is
to be shown on the entire display, and another in
which, depending on the display size and coded
image size, either a portion of the reconstructed
image is displayed or a full image is displayed on a
portion of the screen.

In the first case, PAR can be calculated as fol-
lows:

PAR = [AR X vertical_size/horizontal_size

w=16h/9 —

]

h=3w/4 h=9w/1§

Fig. 5.3 [mage aspect ratio (IAR) =w/h.

(b}
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where horizontal_size is the width of the image in
terms of pels and the vertical_size is the height of
the image in lines. As an example consider a 4:3
IAR display, and suppose the image width is 720
pels and the image height is 486 lines. Then PAR
can be calculated as follows.

PAR = /3 X #6/595 = (0.9
In the second case, PAR is calculated as follows:

PAR = JAR X display_vertical_size/
display_horizontal_size

This second case is signalled via sequence dis-
play_extension() which carries information regarding
display_horizontal_size and display pertical_size which
determine the size of the display rectangle. When
this display rectangle is smaller than the image size
it implies that only a portion of image is to be dis-
played, and conversely when the display rectangle
is larger than the image size it implies that the
image is displayed only on a portion of the display
screen.

It is worth noting that computer displays use
square pels (PAR = 1.0} and if materia intended
for TV is shown on a computer display, correction
of the pel aspect ratio is necessary; otherwise, cir-
cles on a TV screen appear as dlipses on a com-
puter display.

5.1.5 Gamma

Many TV cameras and al CRT-based displays
have a nonlinear relationship between signal volt-
age and light intensity. The light intensity input to
the camera or output by the display is proportional
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to the voltage raised to the power gamma and is
given by the following generalized relationship:

B=oY+ 45

where Bis the light intensity, v isvoltage, cisagain
factor, b is either cutoff (camera) or black level
(cathode ray tube, CRT) light intensity, and -y typi-
cally takes values in the range of 1 to 2.5, although
for some picture displays it can be as high as 3.0.

Typicaly, camera picture tubes or CCD sensors
have a gamma of about 1 except for avidicon type
picture tube, which has a gammaof 1.7. The CRT
displays use kinescopes, which typicaly have a
gammaof 2.2t0 2.5.

To avoid gamma correction circuitry inside mil-
lions of TV receivers, gamma correction is done
prior to transmission. For example, assuming the
gamma of the camerato be 1 and that of the dis-
play to be 2.2, then the camera voltage is raised to
apower of /22 = 0.45.

The result of gamma correction is that a gam-
ma-corrected voltage is generated by the camera
that can be transmitted and applied directly to the
CRT. As a side benefit, the gamma-corrected volt-
age is aso less susceptible to transmission noise.

In normal TV transmission, the signa from the
camerais gamma corrected, modulated, and trans-
mitted to the receiver as a radiofrequency (RF) sig-
nal, which is received by the receiver’s antenna and
demodulated and applied to the display. The main
components of such a TV transmission system are
shown in Fig. 5.4.

In our discussion thus far, we have considered
only monochrome TV and have deferred a discus-
sion about color TV so that we could introduce

Transmitter  Receiver
Antenna Antenna
A TV Displa
Video ver |ideQ
Camera Video| Gamma » Modulater | | Receiver A(j Speaker
and and
Correcter Transmitter Demodulator O
Microphone l Audio o
Audio

Fig. 5.4 Monochrome television analog transmission system
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some aspects of human vision and how they are
exploited in the design of acolor TV system.

5.2 THE HUMAN VISUAL SYSTEM
AND COLOR TV

With the background on video imaging developed
thus far, we are now well prepared to delve into the
intricacies of the human visual system, the percep-
tion of color, the representation of color, and fur-
ther to specific color TV systems.

5.2.1 The Human Visual System

The human eye is a remarkably intricate sys
tem; its anatomy is shown in Fig. 5.5.

Incoming light bouncing off different objects is
refracted by the cornea toward the pupil. The
pupil is the opening of the iris through which all
light enters the eye. The light again is refracted by
the lens onto the back of the eyeball, forming an
image on the retina. The retina consists of recep-
tors sensitive to light called photoreceptors con-
nected by nerve cells. To reach these photorecep-
tors, light must first pass through nerve cells. The
photoreceptors contain chemical pigments that
can absorb light and initiate a neura response.
There are two types of photoreceptors, rods and
cones. Rods are responsible for low light vision,
while cones are responsible for details and color
under normal light conditions, as in daylight. Both
rods and cones enable vision when the amount of
light is between the two extremes. Light absorbed
by photoreceptors initiates a chemical reaction that
bleaches the pigment, which reduces the sensitivity
to light in proportion to amount of pigment
bleached. In general, the amount of bleached pig-
ment rises or falls depending on the amount of
light. The visual information from the retina is
passed via optic nerves to the brain. Beyond the
retina, processing of visual information takes place
en route to the brain in areas called the lateral
geniculate and the visual cortex. Normal human
vision is binocular, composed of a left-eye and a
right-eye images. The left-eye image is processed
by the right half of the brain, and the right-eye
image by the left half of brain. We further discuss

IRIS
CORNEA
PUPIL

FOVEA
LENS} yisuAL AXIS ___

- OPTIC AXIS

Fig. 5.5 Anatomy of the human eye

the intricacies of the human visual system, and in
particular as it refers to binocular vision, in Chap-
ter 15.

Light of various wavelengths produces a sensa-
tion called color. Different distributions generally
result in the perception of different colors. A color
is thus visible energy of a given intensity and of a
given composition of wavelengths. The normal
human visual system can identify differences in
sensation caused by different colors and thus colors
can be classified. In our earlier discussion of the
human visual system we mentioned that the retina
of the human eye contains photoreceptors called
cones that are responsible for color vision. The
human retina contains a color-sensitive area that
consists of three sets of cones that are individually
sensitive to red, green, and blue light. Thus the
sensation of color experienced directly depends on
the relative amounts of red, green, and blue light;
for instance, if only blue and red cones are excited,
the sensation is magenta. When different combina-
tions of red, blue, and green cones are excited, dif-
ferent colors are sensed; a combination of approxi-
mately 30% red, 60% green, and 10% blue results
in white light.

5.2.2 Hue and Saturation

The sensation known as color produced by vis-
ible light is also called hue. Visible light is electro-
magnetic radiation with a spectrum of wave-
lengths, a hue is determined by its dominant
wavelength. Besides hue, saturation is another
property of interest and represents the degree of
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purity of acolor. For instance, a pure spectral col-
or having a single wavelength has a saturation of
100%, while the saturation of white or gray light
is zero. The three basic properties of light—
brightness, hue, and saturation—can be completely
defined by its spectral distribution, a plot of
amplitude versus wavelength. Based on our earli-
er discussion about the sensation of color caused
by the response of three types of color-sensitive
cones in the retina of human eye, it can be stated
that the perceived hue and saturation of two col-
ors is exactly the same if they invoke the same
response from the color-sensitive cones in the reti-
na. The trichromatic theory of color vison
implies that hue and saturation of nearly any col-
or can be duplicated by an appropriate combina-
tion of thethreeprimary colors.

5.2.3 Color Primaries

One of the requirements in the choice of pri-
mary colors is that they arc independent and cho-
sen such as to represent the widest range of hues
and saturation by appropriate combinations of the
three primaries. There are basicaly two kinds of
color primaries, one composed of subtractive pri-
maries and the other composed of additive pri-
maries. Subtractive primaries are used in printing,
photography, and painting, whereas additive pri-
maries are used in color television.

Although a given color can be matched by an
additive mixture of three primaries, when different
observers match the same color, dight differences
in the amount of primary colors needed to match
the color arise. In 1931, the CIE defined a stan-
dard observer and three standard primaries by
averaging the color matching data of a large num-
ber of observers with norma vison. The CIE
chromaticity diagrams enclose a horseshoe-shaped
region in which each point represents a unique col-
or and is identified by its x and y coordinates.
Three such points identify primary colors, and the
triangle formed by these points represents the
gamut of colors that can be represented by the dis-
play using these primaries. For example, the FCC
has defined three such points that represent the
color primaries for the NTSC system. Likewise
three such points are defined for the PAL system.
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Fig. 5.6 Color space primarics for N'T'SC and PAL

The color space primaries for the NTSC and the
PAL systemsare shownin Fg. 5.6.

As mentioned earlier, in the United States in
1953 color was added to the monochrome TV sys-
tem by migration to the NTSC system. This sys-
tem has been adopted widely in North and South
America, the Caribbean, and in parts of Ada On
the other hand the PAL and SECAM color TV
systems originated in Europe and are in use in the
remaining parts of the world. Although al three
TV systems have badic differences in picture reso-
lution and frame rates, they have considerable sm-
ilarities as they all belong to the class of composite
systems. A second classof TV systemsis called com-
ponent systems and thus far is used in most digital
applications.

5.2.4 Composite Systems:
NTSC, PAL, and SECAM

In composite systems, the luminance and
chrominance signds arc multiplexed within the
same channel or on the same carrier signa. Com-
posite formats**>” such as NTSC, PAL, or
SECAM formats were designed to be compatible
with the monochrome format. That is, mono-
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chrome receivers could receive color signal trans-
mission hut would display it as a compatible mono-
chrome signal. Likewise, monochrome transmission
could be received by color receivers.

A camera imaging a scene generates for each
pel the three color weights RGB, which may be
further processed for transmission or storage. At
the receiver, the three components are sent to the
display, which regenerates the contents of the
scene at each pel from the three color components.
For transmission or storage between the camera
and the display a luminance signal 7 representing
brightness and two chrominance signals represent-
ing color are used. The need for such a transmis-
sion system arose with NTSC, where compatibility
with monochrome receivers required a black-and-
white signal, which is now referred to as the Y sig-
nal. It is well known that the sensitivity of the
human eye is highest to green light, followed by
that of red, and the least to blue light. The NTSC
system exploited this fact by assigning a lower
bandwidth to the chrominance signals as com-
pared to theluminance, ; signal. This made it pos-
sible to save bandwidth without losing color quali-
ty. The PAL and SECAM systems aso employ
reduced chrominance bandwidths.

5.2.4.1 The PAL System

The YUV color space of PAL is employed in
one form or another in al three color TV systems.
The basic YUV color space can be generated from
gamma-corrected RGB (referred to in equations as
R'G'B") components as follows:

Y= 0.299R" + 0.587G" + 0.1148'

U= —0.147R" — 0.289G' + 0.436B" = 0.492(8' — 1)

V=0615R" — 0.515G" — 0.1008" = 0.877(R" — T
The inverse operation, that is, generation of

gamma-corrected RGB from YUV components, is
accomplished by the following:

R = 1.0+ 1.140V
G = 1.07 - 0.394U — 0.580V
B = 1.0Y - 2.030U

Although our primary interest is in the compo-
nent color space of PAL, a brief discussion about
how composite encoding is performed may be
useful.

TheZ, U, and V signals in PAL are multiplexed
in atotal bandwidth of either 5 or 5.5 MHz. With
PAL, both U and Vchrominance signals are trans-
mitted with bandwidth of 1.5 MHz. A color sub-
carrier is modulated with Uand V via Quadrature
Amplitude Modulation (QAM) and the composite
signa is limited to the alowed frequency band,
which ends up truncating part of the QAM signal.
The color subcarrier for PAL is located at 4.43
MHz. PAL transmits the V chrominance ompo-
nent as +V and —V on dternate lines. The
demodulation of the QAM chrominance signd is
similar to that of NTSC, which we will cover a bit
more in detail. Here it suffices to say that the
recovery of the PAL chrominance signal at the
receiver includes averaging of successive demodu-
lated scan linesto derivethe U and V signals.

5242 The NTSC System

The NTSC color space of ¥IQ can be generat-
ed from the gamma-corrected RGB components or
from YUV components as follows:

Y= 0.299R" + 0.587G" + 0.1148’

I=0.59R" — 0.274G" — 0.3228'

—(sin 33°) U + (cos 33°) V

Q=0211R ~ 0.523G" + 0.3118'
= (cos 33%) U + (sin 33°) V/

The inverse operation, that is, generation of
gamma-corrected RGB components from the Y70
composite color space, can be accomplished as fol-
lows:

R = 1.0+ 0.9561 + 0.621Q
G' = 1.0Y— 0.272] — 0.649Q.
B' = 1.0Y — 1.106] + 1.703Q

In NTSC, the ¥, 1, and Q signals are al multi-
plexed into a 4.2 MHz bandwidth. Although the ¥
component itself takes a 4.2 MHz bandwidth,
multiplexing all three components into the same
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4.2 MHz becomes possible by interleaving lumi-
nance and chrominance frequencies, without too
much interference with one another. This is done
by defining a color subcarrier at approximately
3.58 MHz. The two chrominance signals | and Q
are QAM modulated onto this carrier. The enve-
lope of this QAM signal is approximately the satu-
ration of the color, and the phase is approximately
the hue. The luminance and modulated chromi-
nance signals are then added to form the compos-
ite signa. The process of demodulation first
involves comb filtering (horizontal and vertical fil-
tering) of the composite signal to separate the
luminance and a combined chrominance signa
followed by further demodulation to separatethe |
and Q components.

5.2.4.3 The SECAM System

The SECAM composite color space is YDrDb
and can be generated from gamma-corrected
R'G' B’ components:

= 0.299R' + 0.587G" + 0.1148’

Db = —0.450R" — 0.883G" + 1.3838" = 3.059U

Dr=—1.333R" + 1.116G" — 0.217B' = —2.169V

The inverse operation, that is, generation of

gamma-corrected RGB from YDrDb, can be accom-
plished as follows:

R = 1.0Y—0.526Dr

It

G'=1.0Y = 0.129Db + 0.268Dr

B' = 1.0Y + 0.665Db

In the SECAM system, the video bandwidth is
6 MHz. The chrominance signals are transmitted
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on alternate lines by use of Frequency Modulation
(FM) of the two color carriers which are located at
4.25 MHz and 4.41 MHz. Owing to the higher
allocated bandwidth of 6 MHz, the demodulation
of chrominance signals is much simpler than with
QAM used in PAL and NTSC. Further, because of
FM, gain distortion of the signal is somewhat less.

5.2.4.4 Comparison of NTSC, PAL, and

SECAM

In Table 5.3 we provide a summary of the TV
parameters used in the composite systems. Com-
posite color TV systems resulted from the necessity
of fitting extra color information in the same
bandwidth as that used by the monochrome TV
system and maintaining compatibility with mono-
chrome TV receivers. Although the tradeoffs made
were quite reasonable, understandably, some arti-
facts resulted. One of the disadvantages of the
composite system is that for some pictures there is
crosstalk between luminance and chrominance sig-
nals that gives rise to cross-color and cross-lumi-
nance artifacts. Cross-color artifacts result when
the luminance signal contains frequencies near the
subcarrier frequency resulting in spurious color,
whereas cross-luminance artifacts are caused by a
change of the luminance phase from field to field
near edges of objects in a scene due to imperfect
cancellation of the subcarrier.

5.25 The Component System

In a component TV system, the luminance and
chrominance signals arc kept separate, such as on
separate channels or at different times. Thus the
component TV system is intended to prevent the
crosstalk that causes cross-luminance and cross-

Table 5.3 Summary of parameters used in worldwide Color TV Standards

Paramcter NTSC PAL SECAM

Ficld Rate (Hz) 59.94 50 50

Lines per Frame 525 625 625
Gamma 2.2 2.8 2.8

Audio Carrier (MHz) 4.5 QAM FM

Color Subcarrier (MHz) 3.57 4.43 4.25 (+), 44 (V)
Color Modulation Method QAM OQAM M
Luminance Bandwidth (MHz) 4.2 50,55 6.0
Chrominance Bandwidth (MHz) 1.3 (1), 0.6 () 1.3 (U), 1.3 (V) >1.0 (U), > 1.0 (V)
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chrominance artifacts in the composite systems.
The component system is preferable in al video
applications that are without the constraints of
broadcasting, such as studio, digital storage media,
and s forth.

Although any of the previoudy discussed sets of
component signals***” can be used, of particular
significance is the CCIR-601* digital component
video format. The color space of this format is
YCrCh and is obtained by scaling and offsetting the
YUV color space. The conversion from gamma-
corrected RGB components represented as 8-bits (0
to 255 range) to YCrCb is specified as follows:

"= 0.257R + 0.504G" + 0.0988' + 16
Cr=0.439R" — 0.368¢G' — 0.0718 + 128

Cb= —0.148R" — 0.291¢" + 0.4398' + 128

In these equations, ¥ is allowed to take valuesin
the 16 to 235 range whereas Cr and Cb can take
valuesin the range of 16 to 240 centered at avalue
of 128, which indicates zero chrominance.

The inverse operation, that is, generation of
gamma-corrected RGB from }CrCh components,
can be accomplished as follows:

R = 1164(F — 16) + 1.596(Cr — 128)
G' = 1.164(Y — 16) — 0.813(Cr — 128)

B = 1.164Y — 16) + 2.017(Ch — 128)

In converting ¥CrCh to gamma-corrected RGB,
the RGB values must be limited to lie in the O to
255 range as occasional excursions beyond nomi-
na values of YCrCh may result in vaues outside of
the O to 255 range.

The sampling rates for the luminance compo-
nent Y and the chrominance components are 13.5
MHz and 6.75 MHz, respectively. The number of
active pels per line is 720, the number of active
lines for the NTSC version (with 30 frames/s) is
486 lines and for the PAL version (with 25
frames/s) is 576 lines. Using 8-bit per sample rep-
resentation, the digital bandwidth of the uncom-
pressed CCIR-601 signal can be calculated as 216
Mbit/s.

5.2.6 ColorTV

We are now ready to discuss the color TV sys
tem®™ excluding details of transmission for sim-
plicity. Fig. 5.7 shows both a composite color TV
system and a component color TV system. The
color space used in each case is referred to by the
generalized notation of ¥C1C2 and could be one of
the various color spaces discussed.

As shown in Fig. 5.7, the RGB analog signd
from the color camera undergoes gamma correc-

— 0.392(Ch — 128) tion, resulting in a gamma corrected version
v NTSC,
R R’ PAL or Y R
CorrecterBy lconvertedca,| ENcoder Decoder C:;:lsgr?e -

(a)

R
Camera Ryl . @ a RGB to [
o= R - - —" E—
Correcter By lconverted

(b)

Fig. 5.7 Composite and component analog TV systems

*CCIR is now I'TU-R.

(Converter B,
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Fig. 5.8 Conversion of component analog TV signals to digital TV signals.

R'G'B', which further undergoes color space con-
version from R'G'B’ to ¥C1C2 depending on what
Cl and C2 are (e.g., | and Q, Uand Vor something
else) using the equations discussed. If the color TV
system is composite, the three signds, %, C/, and
C2, undergo modulation encoding to generate a
composite signal that is transmitted and at receiver
undergoes the inverse operation from a single com-
posite signd to three component signads and
through YCI1C2 color conversion back to R'G'B’
which is applied to display. On the other hand, in a
component color TV system, the three signds are
directly sent to the receiver without any composite
encoding and are converted to R'G'B’ for display.
It is worth noting that we have assumed that the
camera generates RGB and that the display uses the
RGB signal. However, most home TV receivers
directly take a composite signal, and any color con-
versions may be internal. Likewise, in nonbroadcast
applications with inexpensive cameras, only a com-
posite signal may be available at the camera output.

5.3 FROM ANALOG TO
DIGITAL VIDEO

In the previous section we mentioned CCIR-601
component color signals in digital format and the
digital bandwidth required. While it was not neces-
sary to delve into how a digital representation can
be obtained, now is probably a good time to do so.
Furthermore, we will oversimplify the facts about
digital conversion of analog video signa rather
than get into detailed mathematical analysis.

The process of digitization of video consists of
operations™™ of Prefiltering, Sampling, Quantiza-
tion, and Encoding. To make our discussion more
concrete, we will assume that we are dealing with
three signals that form a CCIR-601 video format,

*For CCD cameras, electrica filters are used.

thatis, ¥, Cr, and Cb, and that these signals undergo
thestepswejust listed. The sequenceof operations
isillustrated in Fig. 5.8.

5.3.1 Filtering

The filtering operation employed here is adso
referred to as prefiltering, as this operation is per-
formed prior to sampling. Prefiltering can reduce
the unwanted excessive frequencies in the signal as
well as noise in the signal. The simplest filtering
operation involves simply averaging of the image
intensity within a small area around the point of
interest and replacing the intensity of the original
point by the computed averaged intensity. Pre-
filtering can sometimes be accomplished by con-
trolling the size of the scanning spot in the imag-
ing system.*

In dealing with video signals, the filtering
applied on the luminance signal may be different
than that applied on chrominance signals owing to
different bandwidths required.

5.3.2 Sampling

Next, the filtered signal is sampled a a chosen
number of sampling points. The sampling opera-
tion can be thought of as a switch that closes at uni-
form duration and senses the value of the ampli-
tude of the input signal, after which it opens again
awaiting closure at the next appropriate time. The
minimum rate at which an analog signa must be
sampled is caled the Nyquist rate and corresponds
to twice that of the highest frequency in the signal.
For NTSC system this rateis 2 X 4.2 = 8.4 MHz
and for PAL thisrateis 2 X 5 = 10 MHz. It is nor-
mal practice to sample at arate higher than this for
ease of signa recovery. The CCIR-601 signa
employs 13.5 MHz for luminance and half of that
rate for chrominance signals. This rate is an inte-
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gral multiple of both NTSC and PAL line rates but
is not an integral multiple of either NTSC or PAL
color subcarrier frequency.

5.3.3 Quantization

The sampled signal, which is now simply a
sequence of pel values, is quantized next. The
guantization operation here means that when the
input pel value is in a certain range of values, we
assign and output a single fixed value representing
that range. Thus a discretized representation of
the pel values can be obtained. The process of
quantization results in loss of information since the
quantized output pel value is less accurate than the
input value. The difference between the value of
the input pel and its quantized representation is
caled quantization error. The choice of the num-
ber of levels of quantization involves a tradeoff of
accuracy of representation and the visibility of
noise in the signa due to quantization errors. The
process of quantization is depicted in Fig. 5.9.

5.3.4 PCM Coding

The last step in analog to digital conversion is
encoding of quantized values. Here, by encoding
we simply mean obtaining a digital representation.
The type of encoding that we are interested in is

A

amplitude output

caled PCM, Pulse Code Modulation. Often video
pels are represented by 8-bit PCM codewords,
which means that with this type of coding, it is pos-
sible to assign to the pel one of the 2¥ = 256 possi-
ble values in the range of 0 to 255. For example, if
the quantized pel amplitude is 68, the correspond-
ing 8-bit PCM codeword is the sequence of bits
01000100 which obviously stands for 1 X 26 + 1
X 22 =68,

5.3.5 Digital ComponentVideo

In this section we briefly introduce the various
digital component video formats™** typically used
in MPEG video coding. MPEG video coding
makes some assumptions about the color spaces as
well as format of luminance and chrominance
component signals, athough it is quite flexible
about the size of pictures themselves. The video
resolutions and formats typically used at normal
TV or lower resolution are al derived from the
CCIR-601 format. We will discuss actual derivation
of various formats in the next section; for now, we
focus only on what each of the formats looks like.

5.3.6 The 4:2:0 Format

By the 4:2:0 video format we do not imply a
specific picture resolution, only the relative rela

EN

Fig. 5.9 Quantization of analog input to discrete output.

time
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tionship between the luminance and chrominance
components. In the MPEG-2 4:2:0 video format,
in each frame of video, the number of samples of
each chrominance component, Cr or Cb, isone-half
of the number of samples of luminance, both hor-
izontally and vertically. Alternatively, for every four
samples of luminance forming a 2 X 2 array, two
samples of chrominance, one a Cr sample and the
other a Cb sample, exist. The exact location of
chrominance samples with respect to luminance
samples in a frame of 4:2:0 video is shown in
Fg. 5.10.

MPEG-1 aso uses the 4:2:0 video format,
although there is a slight difference in location of
the chrominance samples. In MPEG-1 the 4:2:0
video format has chrominance samples located
midway between al four samples of luminance.
During MPEG-2 video development, this slight
change in location of MPEG-2 4:2:0 chrominance
from the location of MPEG-1 4:2:0 chrominance
was needed to maintain a consistent definition of
4:2.0, 4:2.2, and 4:4:4 formats employed by
MPEG-2. As amatter of interest, the 4:2:0 format
is sometimes referred to in the outside literature as
the 4:1:1 format, since there is one Cb and one Cr
sample per four luminance samples. However, this
use should be avoided to reduce confusion owing

O = Y samples ® = Cr, Cb samples
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Fig. 5.10

video frame

[uminance and chrominance samples in a 4:2:0

*More precisely, 29.97 frames/s.
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to the existence of an older 4:1:1 format that uses
4:1 reduction of chrominance resolution in the
horizontal direction only, but full resolution in the
vertical direction.

We now illustrate the vertical and temporal
positions of samples in 4:2:0 by showing what
amounts to the side view of a 4:2:0 frame, in Fg.
5.11. It is worth mentioning that a 4:2:0 frame
may be interlaced or noninterlaced. The difference
was pointed out earlier during our discussion on
raster scanning—an interlaced frame is composed
of lines of samples belonging to two different fields
separated in time but taken together to form a
frame, whereas in a noninterlaced or progressive
frame there is no such separation in time between
consecutive lines of samples.

Because of the specia significance of 4:2:0 for-
mats to MPEG-1 and MPEG-2 video coding, we
now provide examples of specific image frame
sizes used. The Source Input Format (SIF) is noninter-
laced and uses image size of either 352 X 240 with
30 frames/s* or 352 X 288 with 25 frames/s and
are correspondingly referred to as SIF-525 or SIF-
625, since the 240-line format is derived from the
CCIR-601 video format of 525 lines whereas the
288-line format is derived from the CCIR-601
video format of 625 lines. The two versions of
CCIR-601 correspond to the two TV systems
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NTSC and PAL. The SIF format is typicaly used
in MPEG-1 video coding. An interlaced version of
SIF is called SIF-1 and uses the same image size as
SIF, that is either 352 X 240 with 30 frames/s or
352 X 288 with 25 frames/s and is used in layered
MPEG-2 video coding (Chapter 9), although it is
not as popular.

An interlaced video format that is somewhat
more popular in MPEG-2 video coding is Half
Horizontal Resolution (HHR) and uses an image
size of either 352 X 480 with 30 frames/s or
352 X 288 with 25 frames/s. The interlaced for-
mat most often used in MPEG-2 video coding is
4:2:0 and uses an image size of either 720 X 480
with 30 frames/s or 720 X 576 with 25
frames/s. A word of caution about the image
sizes mentioned in the various formats is in
order, since MPEG video coding when using
SIF, SIF-I, or HHI actually uses only 352 pels
per line instead of 360 pels. This is so because
the number of significant pels horizontally have
to be a multiple of 16; this has to do with block
sizes used in coding that we will discuss later. Of
course, the chrominance resolution is half both
horizontally and vertically in the case of each
image resolution and format described. The var-
ious example image formats just discussed are
shown in Fig. 5.12.

352 176
120
240 | ———
——————— ] (144) | Cr, Cb
88
(288) v
(a) SIF
352 176
------- 240 [~ "
a0 || @) |CnCP
(576) Y
(c) HHR

480
(576)

Fig. 5.12 SIE SIF-1, HHR and CCIR-601 4:2:0 Video Formats

5.3.7 The 4:2:2 Format

In the 4:2:2 video format, in each frame of
video, the number of samples per line of each
chrominance component, Cr or Cb, is one-half of
the number of samples per line of luminance. The
chrominance resolution is full verticdly, that is, it is
same as that of the luminance resolution vertically.
Alternatively, for every two samples of luminance
forming a 2 X 1 array, two samples of chromi-
nance, one a Cr sample and the other a Cb sample,
exist. The exact location of chrominance samples
with respect to luminance samples in a frame of
4:2:2 video is shown in Fig. 5.13.

MPEG-1 video coding allows only use of the
4:2:0 format; however, in speciaized applications
where higher chrominance resolution is required,
MPEG-2 video coding aso dlows use of the 4:2:2
format. We now illustrate the vertical and temporal
positions of samples in 4:2:2 by showing what
amounts to the side view of a 4:2:2 frame, in Hg.
5.14. Although in principle a 4:2:2 frame may be
interlaced or noninterlaced smilar to a 4:2.0
frame, only an interlaced format is usually expect-
ed since the purpose of having full chrominance
resolution vertically was mainly to eliminate color

degradations associated with interlaced 4:2:0
chrominance.
352 176
e oo o120 -
2u0 |- - Cr,Cb
@8 |7 - 14
Y
(b) SIF-1
720 360
__________ 240 |~~~ 2>
288) Cr, Cb
- AT .-
(d) CCIR-601 4:2:0
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Fig. 5.14 Interlaced and Progressive representation of a
4:2:2 frame.
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Fig. 5.15 CCIR-601 4:2:2 video format
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As mentioned earlier, the 4:2:2 format can be
used for MPEG-2 video coding. The main image
resolution and format of interest in this case is
CCIR-601 4:2:2 which uses an image size of either
720 X 480 with 30 frames/s or 720 X 576 with 25
frames/s. Of course, the chrominance resolution is
half of this resolution horizontally. Figure 5.15
shows this image resolution and format.

5.3.8 The 4:4:4 Format

In a 4:4:4 video format, in each frame of video,
the number of samples of each chrominance com-
ponent, Cr or Cb, isthe same as that of the number
of samples of luminance, both horizontally and
vertically. Alternatively, for every sample of lumi-
nance, two samples of chrominance, one a Cr sam-
ple and the other a Cb sample, exist. In a frame of
4:4:4 video the location of chrominance samplesis
the same as that of luminance samples as shown in
Hg. 5.16.

The 4:4:4 format is useful mainly in computer
graphics applications, where full chrominance res-
olution is required not only in the vertical but dso
in the horizontal direction. This format, athough
it is supported by MPEG-2, is not expected to find
a wide use. In Fg. 5.17 we illustrate the vertical
and tempora positions of samples in a 4:4:4
frame.

O - Y samples @ = Cr, Cb samples

Nl | W W |
(BN EN BN B EEN N R
I I E BN | =
o L BB B BN N B
W @ | B W @]
o @ E | H @ @] W
M |o R @ ||
o |N | |@® @ @ |@

Fig. 5.16 Luminance and Chrominance samples in a 4:4:4
video frame.
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frame

Inerlaced and Progressive representation of a 4:4:4

5.4 SPATIAL CONVERSIONS

In this section we discuss conversion™®™ between

CCIR-601 4:2:2 video format and the various sizes
and formats mentioned in the previous section that
are typicaly employed in MPEG video coding.
Often, owing to the interlaced nature of CCIR-
601 video, some of the conversions that we are
about to discuss impact not only the spatial resolu-
tion of video but jointly the spatiotemporal resolu-
tion; however, we identify these conversions as spa-
tial conversions to differentiate them from mainly
temporal conversions discussed in the next section.

541 CCIR-601 4:2:2 and
CCIR-601 4:2:0

The conversion of CCIR-601 4:2:2 to 4:2:.0
involves reduction of vertical resolution of each of
the two chrominance signals by one-half. In princi-
ple, this can be accomplished by simply subsam-
pling by 2 vertically, which is same as throwing
away every other line.

This, however, results in two problems: one, that
of jaggard edges introduced on significant chromi-
nance edges within each frame, and the other, a
more serious one caused by the fact that since
CCIR-601 4:2:2 is interlaced, simple vertical sub-
sampling causes loss of one complete field of

chrominance. These problems can be minimized
by use of filtering athough simply filtering across
fields generates field to field artifacts due to motion
in a scene. Thus, in each frame, each chrominance
field should be filtered separately, field 1 by afilter
of odd length and field 2 by a filter of even length
(to generate lines at intermediate locations). Then
each field is subsampled by a factor of 2 verticaly.
The filter used for filtering of chrominance field 1
is of length of 7 with coefficients [—29, 0, 88, 138,
88, 0, —29]/256 and that used for filtering chromi-
nance field 2 is of length 4 with coefficients [1, 7,
7, 1]/16. The two resulting subsampled chromi-
nance fields are merged to form a frame separately
for each chrominance signal, which with the asso-
ciated luminance frame is termed as the CCIR 601
4:2:0 frame. The operations involved in conversion
of CCIR 601 4:2:2 to CCIR 601 4:2:0 are shown
in Fig. 5.18.

The inverse operation, that is, conversion of
CCIR 601 4:2:0 to CCIR 601 4:2:2, consists of
upsampling the chrominance signal vertically by a
factor of 2. Of course, upsampling can not really
increase the resolution lost due to downsampling,
but only increase the number of samples to that
required for display purposes. Again, the simplest
upsampling is pel repetition, which produces arti-
facts such as jaggy edges. Better upsampling
involves use of an interpolation filter. Since we are
dealing with interlaced 4:2:0 chrominance frames,
interpolation needs to be performed separately on
each field of chrominance samples. Referring to
the two fields of a frame as field 1 and field 2,
chrominance samples of field 1 of the 4:2:0 format
are copied to form every other line of field 1 of the
4:2:2 format; the in-between lines of field 1 are
generated by simple averaging using the line above
and line below, which is same as using an interpo-
lation filter of length 2 and coefficients ['/2, '/2].

In field 2 of 4:2:2 format chrominance no sam-
ples of field 2 of 4:2:0 chrominance can be copied
directly. All samples have to be calculated by using
two different interpolation filters, each of length 2.
The first interpolation filter has coefficients [*/1,
'/4] and the second interpolation filter has coeffi-
cients ['/4, */4]. Each of the interpolation filters is
used to compute alternate lines of field 2 of 4:2:2
chrominance. The various steps involved in con-
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Fig. 5.18 Conversion between CCIR-601 4:2:2 and 4:2:0
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version of CCIR 601 4:2:0 to CCIR 601 4:2:2,
including details of chrominance filtering, are
shown in Figure 5.18.

54.2 CCIR-601 4:2:2 and SIF

The CCIR-601 4:2:2 format is converted to the
SIF format by first discarding field 2 of each frame
of luminance and chrominance signals, retaining
field 1 only. Next, the luminance and chrominance
signals are horizontally subsampled by one-half it
is filtered. This operation, known as horizontal
decimation, consists of applying a decimation filter
and retaining every other sample per line of lumi-
nance and chrominance signals. As an example, a
filter of length 7 with coefficients [—29, 0, 88, 138,
88, 0, —29]/256 can be applied horizontally to
every pel in every line of the origina image to
obtain a horizontally filtered image, followed by
2:1 subsampling horizontally. Eight luminance pels
and four chrominance pels per line are then dis-
carded to obtain 352 and 176 pels, respectively.
The chrominance signals in the field are also verti-
cally decimated by first filtering verticaly, followed
by 2:1 subsampling. The filter used for vertical dec-
imation can be the same as that used for horizontal
decimation. The various steps involved in conver-
sion of CCIR-601 4:2:2 to SIF are shown in
Fig. 5.19.

The inverse operation of conversion of SIF to
CCIR-601 4:2:2 consists of upsampling of the
luminance and each of the chrominance signals.
The SIF luminance signal is first upsampled hori-
zontally to twice the resolution, and then it is also
vertically upsampled to twice the resolution. The
SIF chrominance signals are first upsampled verti-
cally to twice the resolution and they are then fur-
ther upsampled horizontally and vertically again to
twice the resolution to obtain the CCIR 601 4:2:2
format. As an example, the horizontal upsampling
operation consists of first copying every pel of
source resolution, say horizontal resolution of SIF,
to every other pel location in the destination hori-
zontal resolution of CCIR-601. Next, the interme-
diate missing pels are generated by applying filter
coefficients to the pels copied earlier. The opera-
tion just described applies to horizontal upsam-
pling of luminance and chrominance signas. An

identical operation is applied for vertical upsam-
pling. Both in horizontal and vertical upsampling
the interpolation filter used is |—12, 140, 140,
—12]/256. Note that although SIF can be upsam-
pled to the same resolution as CCIR-601 4:2:2, the
resulting signal is not quite same, because SIF is
noninterlaced, whereas CCIR-601 4:2:2 is inter-
laced. The steps involved in the conversion of SIF
to CCIR-601 4:2:2 arc shown in Fig. 5.19.

54.3 CCIR-601 4:2:2 and HHR

The conversion of CCIR-601 4:2:2 to HHR
consists of reducing the horizontal resolution of the
luminance signa by one-half, whereas for chromi-
nance signals, both horizontal and vertical resolu-
tion is reduced by one-half. The process of reduc-
ing luminance and chrominance resolution
horizontally to one-half is identical to the one per-
formed for reducing the horizontal resolution of
CCIR 601 4:2:2 to SIF, described earlier. However,
as compared to the conversion to SIF, no vertical
subsampling of luminance is needed and thus no
field dropping is necessary. The process of conver-
sion of the chrominance signal to half of its resolu-
tion vertically is identical to the process followed in
the conversion of CCIR-601 4:2:2 to 4:2:0. Eight
luminance pels and four chrominance pels per line
are then discarded to obtain 352 and 176 pels,
respectively. An example filter that can be used in
dl the decimation operations uses a length of 7
with coefficients [—29, 0, 88, 138, 88, 0, —29]/256
and is used to compute each pel in source resolu-
tion before subsampling by a factor of 2 to achieve
half-resolution. The steps involved in the conver-
son of CCIR-601 4:2:2 to HHR are shown in
Fig. 5.20.

The conversion of HHR to CCIR-601 4:2:2
consists of upsampling the luminance and chromi-
nance by a factor of 2 horizontally. Since full lumi-
nance resolution is present vertically in the HHR
format, no upsampling is needed verticaly. The
chrominance signals are then upsampled verticaly.
Here, the upsampling operation is the same as that
described for upsampling of 4:2:0 to CCIR-601
4:2:2, and involves use of interpolation filters. The
sequence of steps in conversion of HHR to CCIR-
601 4:2:2 isaso shown in Fig. 5.20.
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Fig. 5.19 Conversion hetween CCIR-601 4:2:2 and SIF. 8 out of 360 pels are discarded to obtain 352 luminance pels. Four out

of 180 pels are discarded to obtain 176 chrominance pels.

544 CCIR-601 4:2:0 and SIF-I

In the conversion of CCIR-601 4:2:2 to SIF-I,
although downsampling is performed to derive a
resolution equal to that of SIF, the format of the
resulting SIF is interlaced rather than the normal
noninterlaced. A simple method is suggested here
and is known to produce somewhat blurry images.
For luminance downsampling, each frame of lumi-
nance is separated into individua fields and down-
sampled to one-half resolution horizontally, fol-

lowed by further downsampling to one-half resolu-
tion vertically. The downsampling of chrominance
is accomplished aso by first separating chromi-
nance to fields and then downsampling each field
horizontally and vertically respectively, and finally
again downsampling vertically prior to merging of
the two fields of chrominance. Eight luminance
pels and four chrominance pels per line are then
discarded to obtain 352 and 176 pels, respectively.
As an example, the filter specified by [—29, 0, 88,
138, 88, 0, —29]/256 can be used for horizontal
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Fig. 5.20 Conversion between CCIR-601 4:2:2 and HHR. 8 out of 360 pels are discarded to obtain 352 luminance pels. Four

out of 180 pels are discarded to obtain 176 chrominance pels.

filtering before subsampling. For vertical subsam-
pling of field 1, the same filter can be used, where-
as for vertical subsampling of field 2, a filter with
an even number of taps such as [—4, 23, 109, 109,
23, —4]/256 can be used. The sequence of steps
in the conversion of CCIR-601 4:2:2 to SIF-I is
shown in Fig. 5.21.

The conversion of SIF-1 to CCIR-601 4:2:2 is
the inverse operation. For luminance, it consists
of separating each frame into fields and upsam-
pling each field horizontally and verticaly, fol-
lowed by field merging. Next, the SIF-I chromi-
nance is separated into individual fields and
upsampled to twice the vertical resolution two
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Fig. 5.21 Conversion between CCIR-601 4:2:2 and SIF-I. 8 out of 360 pels are discarded to obtain 352 luminance pels. Four
out of 180 pels are discarded to obtain 176 chrominance pels.

times, followed by horizontal upsampling to
twice the size. The resulting fields are merged.
For upsampling, interpolation filters are used; in
particular, horizontal upsampling can be per-
formed using a [—12, 140, 140, —12]/256 filter.

as that used for horizontal upsampling can be
used, whereas for vertical upsampling of field 2,
an interpolation filter such as [—2, 20, 110, 110,
20, —2]/256 can be used. The sequence of steps
in conversion of SIF-1 to CCIR-601 4:2:2 are

For vertical upsampling of field 1 the same filter

aso shown in Fig. 5.21.
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In the previous section we discussed some basic
approaches for conversion between the source of
CCIR-601 4:2:2 format to the various resolutions
and formats used in MPEG-1 and MPEG-2 video
coding and back to display resolutions and for-
mats. Conversions of horizontal sizes and some
conversions of vertical sizes are called spatial con-
versions, while other vertical size conversions aso
change field rates and are thus referred to as verti-
cal/temporal or here simply as tempora conver-
sions.**¥ We have chosen to include only those
conversions that may be directly relevant within
the context of MPEG-2 video coding and display.

As a typical example, interlaced video of 60
fields/s normal rate, coded by MPEG-2, may have
to be displayed on a computer workstation operat-
ing at 72 progressive frames/s. Another example is
that of 24 frames/s film coded by MPEG-1 or
MPEG-2 which needs conversion to 60 fields/s for
display on a TV monitor. Yet another example
may involve a PAL video format CD employing 50
ficlds/s compressed by MPEG-2 to be played on
NTSC video format equipment using a display
rate of 60 frames/s. In discussing the following
general techniques for conversion, we do not
assume a specific spatial resolution; our main pur-
pose is to show tempora resolution conversions
only.

Interlaced and
Noninterlaced

5.5.1

We first consider the case of conversion®™* of
interlaced video of 50 or 60 fields/s to noninter-
laced video with the same number of noninter-
laced frames/s. This operation is aso caled dein-
terlacing or line-doubling and involves generation
of a noninterlaced frame corresponding to each
field of interlaced video, effectively doubling the
number of samples in the vertical direction.

A simple method to convert interlaced to nonin-
terlaced is based on line interpolation in each field,
which involves generating intermediate lines
between each pair of consecutive lines in each
field. A smple method to achieve line interpolation
is by straightforward averaging of two lines to pro-

duce aline in between, which is the same as saying
the interpolation filter has length 2 with coeffi-
cients of ['/2, '/2|. The complete noninterlaced
frame can be now created by alternately copying
lines of afield and interpolating lines, generating a
frame with twice as many lines as a field.

Y et another technique to accomplish interlaced
to noninterlaced conversion is by field merging,
which consists of generating a frame by combining
lines of two consecutive fields to produce a frame
of twice the number of lines per field. It turns out
that although in stationary areas, field merging
results in full vertical resolution, in the areas with
motion, field merging produces judder artifacts.
For improved results, line interpolation and field
merging could be combined, such that line inter-
polation would be used for moving areas and field
merging for stationary areas. However, such adap-
tivity itself can introduce visible artifacts owing to
switching between methods, and so using a weight-
ing function to combine line interpolation and field
merging methods may be a feasible solution.

As an alternative to al this complexity, a simple
method for conversion of interlaced to noninter-
laced uses a frame based line interpolation and works
similar to line interpolation; however, the interpo-
lated line is generated by applying the interpola-
tion filter on an interlaced frame. The noninter-
laced frame is generated by alternating between
copying a line from a field of an interlaced frame
and interpolating the next line using the interlaced
frame. The interpolation filter applied on frame
lines has length 5 and coefficients of [—'/s, /4, /4,
/9, —!/4]. The details of this method are shown in
Fig. 5.22.

We now consider the case of conversion of non-
interlaced to interlaced video, in which, given full
resolution for each frame at say 60 frames/s, we
reduce the vertical resolution by a factor of 2 to
obtain 60 fields/s such that fields can be paired to
form interlaced frames for display.

The simplest technique for noninterlaced to
interlaced conversion is based on line subsampling
vertically of each frame to form a field. On consec-
utive frames, line subsampling is implemented to
yield fields of opposite parities that can be inter-
leaved to form interlaced frames. Thus the lines of
aternate fields are at identical locations but the
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Fig. 5.22 Temporal Conversion between Interlaced and Noninterlaced

lines of consecutive fields are offset by half of the
line distance between linesin a field.

Further improvements in noninterlaced to inter-
laced conversion is possible by line weighting, in
which each line of afield is formed by a weighted
combination of consecutive lines in the noninter-
laced frame. This method, employing a simple
example filter of length 3 with coefficients ['/4, '/2,
1/4], is shown in Fig. 5.22. For better results, a filter
of length 5 or 7 may be necessary.

5.5.2 Field Rate Conversion

We now discuss basic techniques for conver-
sion”™ of field rates between NTSC and PAL TV
systems. To convert 60 fields/s to 50 fields/s, for

every sx fields of input, five fields are output. A
simple way of doing that is to discard one out of
every six fields, and from the 60 fields/s source
rate, the fields closest in timing to the 50 fields/s
destination rate are selected. However, this simple
method does not work very well, as with fast
motion, glitches in time become apparent. A some-
what better solution is to interpolate fields in time
by a weighted combination of fields at the source
rate of 60 fields/s to produce destination fields at
50 fields/s. Figure 5.23 shows this operation,
including the weighting factors needed for 60
fields/s to 50 fields/s conversion.

The inverse operation, that is, conversion of 50
fields/s video to 60 fields/s video, can aso be done
similarly using temporal interpolation. This is also
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(a) 50 Hz to 60 Hz conversion

0t

(b) 60 Hz to 50 Hz conversion

Fig. 5.23  Temporal Conversion between 50 and 60Hz Field rate:

shown in Figure 5.23, including the weighting fac-
tors needed for the conversion.

It should be noted that the temporal interpola-
tionsjust described have a problem when there is
motion in a scene. In principle a much better
method is to compensate for motion before inter-
polation. In this method each target fidd is segment-
ed into nonoverlapping small blocks (say 8 X 8 or
16 X 16) and motion vectors are computed by
block matching with respect to a reference field.
These motion vectors are scaled by a factor reflect-
ing the relative distance of the field to be interpo-

lated from the target field as compared to the total
distance between the target and the reference field.
To clarify, let us assume we want to interpolate a
field located at a distance of two-thirds from a tar-
get field and one-third from a reference field. The
motion vectors would then have to be scaled by a
factor of two-thirds and motion-compensated
blocks would be obtained from the corresponding
reference field. There are gill some problems with
this approach, for example, block matching motion
vectors may not reflect actual motion and thus
may not be meaningfully scaled. Also, truncation
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or rounding errors in motion vectors affect the
accuracy of motion compensation. The following
two chapters will discuss motion compensation for
compression in much more detail, but here our pri-
mary purpose was to mention that motion com-
pensation can be used in field rate conversion.
Incidentally, commercially available standards con-
verters that perform conversion between NTSC
and PAL TV formats use the same basic principles
discussed here, including those that use motion
compensation.

5.5.3 Film and Interlaced Video
Conversions

As discussed earlier, film is usually recorded at
the rate of 24 frames/s. For transfer of film to PAL
or SECAM, it is often played back a little faster, at
25 frames/s. This results in a dight distortion of
pitch of the accompanying sound; however, this
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distortion is not often very noticeable. For transfer
of film to NTSC, which uses 30 interlaced
frames/s, 3:2 pulldown is necessary. This involves
generating five fields of video per par of film
frames, resulting in 60 fields/s. The process of
conversion*™ of film to interlaced NTSC video is
shown in Figure 5.24. As shown by solid arrows in
the figure, a film frame may be used to generate
three fields, two of which are essentially identical,
whereas the next film frame may be used to gener-
ate two fields and so on. Depending on the method
used for film to video conversion, the three fields
generated from a film frame may be exactly identi-
cal. For scenes with high-speed motion of objects,
the selection of a film frame to be used for generat-
ing a field may be performed manually to mini-
mize motion artifacts.

Sometimes film may aready be available in the
TV format a 30 interlaced frames/s, because film
may have been converted to video using a Telecine

Fields

Frames

1

3 4

Fig. 5.24 Temporal Conversion between Film and Interlaced video, also referred to as 3:2 pulldown.
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camera which can output interlaced video by per-
forming automatic 3:2 pulldown to yield 60
fields/s. If so, it can be more efficiently encoded by
MPEG video coding by first undoing the 3:2 pull
down to regenerate 24 frames/s noninterlaced
video. In undoing the 3:2 pulldown before coding,
it may be a good idea to generate the noninter-
laced frame by first averaging the first and third
out of every group of 3 fields to reduce noise and
then combining it with the second field to form a
noninterlaced frame. The operation of undoing
3:2 pulldown is shown by dotted arrows in Fig-
ure 5.24.

However, since NTSC television uses 60 fields/s
for display, after MPEG video decoding, a 3:2 pull-
down would be necessary to convert 24 frames/s
to 60 fields/s rate for display. On the other hand, if
film is available at noninterlaced 24 frames/s, it
can be coded directly by MPEG video coding and
the only conversion needed is a 3:2 pulldown to
produce 60 fields/s for display on TV

5.6 MIXING AND KEYING

We now discuss combining of video signals by two
methods, one called mixing®™ and the other called
keying“

Mixing is used to overlay text or graphics on a
video signal or fade to or from a color, say black.
Mixing may consist of something as smple as
switching between two video signals or something
more such as a blended transition between two
video signals.

Keying is used to generate specia effects such as
inserting a background from one scene into anoth-
er scene containing foreground objects. Keying
usually happens within video frames. It basically
involves substituting a background signal in por-
tions of the foreground signal based on some
attribute such as a luminance or a chrominance
value, or a specified region.

As a matter of interest, morphing involves
smooth transition over time from an object of
interest in one video sequence to an object of
interest in another scene. It involves defining key
points between the two objects and blending of
shape as well as blending of amplitudes of signals.

5.6.1 Mixing

Mixing can be defined as the addition of two or
more input video signals, each in some proportion
alpha to generate a single mixed output video sig-
nal. The aphainformation, «, refers to the degree
of opacity of each scene and each video sgnd
may carry its own «, avideo signal with higher o
contributing proportionally higher value to the
output. Generalized apha mixing can be repre-
sented by the following:

Video = a; X Videol + o, X Video2 + ...

A specific situation occurs when a crossfade is
implemented between two scenes. Typically, in the
case of crossfade, alpha values and up to 1 and a
single value of alpha is sufficient, resulting in the
following operation:

Vmix = a X Videol + (I — o) X Video?2

Here, when « is 1 it implies the absence of
Video2, whereas when o is 0, only Video2 is pre-
sent. In between these two extremes, a weighted
combination of the two scenes results. By increas-
ing the o values as a function of time, a crossfade
from one scene to another, say from Video2 to
Videol, can be implemented. If the values are
increased gradually the crossfade is slow, otherwise,
a fast crossfade is accomplished.

5.6.2 Luma Keying

In luma (short for luminance) keying, a level of
luminance signal is specified for the scene contain-
ing the foreground such that all pels above that val-
ue are replaced by the corresponding pels of the
scene containing the background. Luma keying
can aso be implemented by specifying two thresh-
old values ¥, and ¥, for the luminance of the fore-
ground, 1. More specifically, the background can
be keyed into the brightest areas in the foreground
signa by using a keying signa . The foreground
can be retained in the low-brightness areas, and a
linear blended signa can be introduced in other
regions.

This is done by defining the keying signal in
terms of luminance values as follows:
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k=1 when ¥ < ¥, use background

k=0 when ¥, < T use foreground

k=, - W/E, ~ 1) ebe 727, <1 use blended

Alternatively, it is aso possible to introduce the
background into the darkest areas of the fore-
ground signal.

5.6.3 Chroma Keying

Chroma keying consists of substituting a back-
ground signal in place of the foreground signal
based on some key color identified in the fore-
ground video signal. Chroma keying is also popu-
larly known as the “blue screen,” due to frequent
choice of a bright blue color for keying in the
background signal.

If chroma keying is implemented as a switch
within a frame between foreground and back-
ground sources, problems occur in areas where the
foreground is transparent since the background is
not visible through these areas; aso, shadows from
the foreground are not present in areas containing
the background. By implementing chroma keying
as a linear combination of foreground and back-
ground, the problems due to transparent fore-
ground can be resolved. However, the problem of
shadows is not fully resolved. By using a uniformly
lit blue background on which foreground objects
cast shadows, and using this signa for mixing with
the background, the effect of foreground shadows
can be transferred to the areas where the back-
ground is selected. This type of chroma keying is
cdled shadow chroma keying and aso results in
improvements in areas where the foreground is
transparent. Chroma keying also has some prob-
lems when foreground colors are close to the key
color. It adso appears that although a lighted blue
background resolves many problems, it aso intro-
duces a new one due to color leskage between the
foreground signa and the blue background. The
steps in chroma keying of two video signals are
shown in Figure 5.25.

A good method to resolve problems associated
with chroma keying involves processing foreground
and background scenes separately and using two
keying signals, &, for foreground and £, for back-
ground, each with values in the O to 1 range.
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5.7 SUMMARY

In this chapter, we first learned about the raster
scanning of video, human visual system, color
spaces, and various formats used by MPEG video.
Next, we discussed spatial conversions used in pre-
processing prior to MPEG video encoding and
postprocessing after video decoding for display
purposes. Then, we described several temporal
conversions used in preprocessing and postprocess-
ing. Finaly, we discussed video mixing, a topic of
general interest in many applications. We now
summarize the highlights of this chapter as follows:

¢ Raster scanning can be either interlaced or
noninterlaced (progressive). Both TV and motion
pictures, athough fairly different, use the same
basic principle of portraying motion in a scene by
showing dightly different images taken over time to
replicate motion in a scene. The image aspect ratio
(IAR) controls the aesthetic appearance of dis-
played image frames and generally refers to the
ratio of width to height.

e Color spaces of composite TV systems—
NTSC, PAL, and SECAM—are all derived from
YUV space. However, the component system, and
in particular the CCIR-601 video format, is of pri-
mary interest in MPEG coding.

e« Anadog to digital conversion involves the
steps of filtering, sampling, quantization, and
PCM coding.

e MPEG coding employs various formats
derived from the CCIR-601 digital video format.
MPEG-1 video coding was optimized for the SIF
noninterlaced format. MPEG-2 video coding was
optimized for the CCIR-601 4:2:0 interlaced for-
mats. MPEG-2 video coding often aso employs
HHR interlaced formats.

e Spatial conversions are either through deci-
mation or interpolation, where decimation means
subsampling to reduce resolution and interpolation
means upsampling to produce a higher number of
samples. To avoid dliasing, filtering is necessary
before subsampling. To avoid upsampling jaggies,
an interpolation filter is used instead of simple pel
or line repetition. When performing the decima-
tion or interpolation on interlaced frames, these
operations are performed on individual fields
rather than frames.
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(a) Scene 1

(b) Scene 2

(c) Keying signal

(d) Scene 2 with Scene 1 keyed

Fig. 5.25 Chroma Keying

e Tempora conversions involve conversions
between interlaced and noninterlaced frames, con-
version of field rate between 50 and 60 field/s TV
systems, and 3:2 pull down between film and inter-
laced video. In field-rate conversion, sometimes
simple methods such as weighted field interpola-
tion are not sufficient and scene motion based
weighted combination may be necessary. If film
material is available as 60-Hz interlaced video, it
may be converted to 24-Hz noninterlaced (pro-
gressive) format before MPEG coding.

* Mixing of severa video signals to produce a
new mixed signal can be done by hard-keying or
by soft-keying (alpha blending). Keying can be
done by using selected thresholds on brightness
values or by using a selected color; the correspond-

ing methods are referred to as luma-keying or
chroma-keying. Chroma-keying is often referred to
as blue-screen, because of the usua sdection of
blue for keying.
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6

Digital Compression: Fundamentals

The world seen through the lens of a television
camerais far more complex than a two-dimensional
projection of a finite size that is imaged on the
cameratarget. In this chapter we examine in more
detail the limitations of a picture seguence cap-
tured by atelevision camera and its numerical rep-
resentation in a finite bitrate. Using the previous
chapter as a starting point, we will discuss the
details of various compression algorithms that
remove the superfluous information so as to reduce
the data rate.

6.1 LIMITATIONS OF THE
TELEVISION CAMERA

A television camera projects the three-dimensional
world onto a two-dimensional camera plane by
perspective projection. Thus, the depth informa-
tion is largely lost. The finiteness and the resolu-
tion of the raster limit the extent of the scene
viewed by the camera. Also, the radiation emanat-
ing from the scene contains a variety of wave-
lengths, only a fraction of which are visible to the
human eye. Moreover, the radiated intensity as a
function of wavelengths is reduced to only three
primary colors by the camera based on the trichro-

macy of the human visual system. The motion
rendered by the television camera aso has limita
tions resulting from the frame rates at which the
camera operates. Cameras that operate at a 30-Hz
frame rate handle slow motion without any arti-
facts. But for very rapid motion, images are either
blurred (as the result of integration in the camera)
or the motion appears jerky owing to aliasing
effects. In spite of these limitations, televison pro-
duces a very usable replica of the world for many
applications. However, these limitations must be
factored into the design of any compression algo-
rithm.

6.2 NUMERICAL REPRESENTATION

We will assume for the purpose of this discussion
that a camera has captured a two-dimensiona
intensity signa B(x, Y), representing the gray level
information as a function of the two spatia coordi-
nates (x,y) of the raster. Our task is to study meth-
ods of representing B(x, y) by a finite amount of
data. If B(x,y) is a function of time, then a finite
datarate is desired.

The first step in this process is to discretize the
continuous function B(X, y) by spatial sampling.* If

*Later, we will dea with B(x, Y, t) by first sampling in time and then in space.

110
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a finite set of points, f(x, »)j = 1,..., ;i =
l,..., M] is chosen as the sampling grid and the
brightness of each sample is represented by a finite
number of hits (i.e., quantized), then we have suc-
ceeded in representing B(x,y) by a finite number of
bits. This procedure of sampling and quantization
is often caled pulse code modulation (PCM). The set
of sampling points is usually a rectangular array
consisting of rows and columns of samples, called
pels (or pixels). The pels should be spatidly close to
each other to capture accurately the variation in
intensity but not too close 0 as to be superfluous.
In fact, quality permitting, the samples should be
as far from each other as possible to reduce the
redundancy. The density of the array of samples
determines the spatial resolution of the picture.
Some spatial variations in intensity that are too
rapid for a chosen sampling density will be distort-
ed in the discretization process, and such distor-
tions arc called prealiasing artifacts. To avoid pre-
diasing, the analog signa B(x, y) is first filtered to
remove variations that are too rapid. The filtered
output B(x, y) can be represented as a weighted
average over a small neighborhood of each sam-
pling point:

y+0x+3
Bix,y)= |
y—0x-3

[ Bl (v~ p = ywdz 6.1

Depending on the weightingfunction, #(x, ), and
the spatial window, [—3, +8], the filter can remove
rapid variations in intensity.

Instead of thinking of the filter as a weighted
average, we can also think of it as removing higher
gpatial frequencies by low-pass filtering which can
be implemented as a convolution by an appropri-
ae filter kernel, A (x, y).

X1}
B(x, 3= [ [ B2 (x=w, y - 1)z dw

00

6.2)

Once again, the shape of the filter is determined
by the filter kernel 4(-,-). This can be easily extend-
ed to time varying visua information, B(x,y, t), by
filtering in the space (x,y) and time (t) domains:
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TX1
E(x, = IJIB(w,z,T)/z(x —w, y— 2t —Tdzdwdt
000 6.3)
Such a filtered signal is then sampled at a given
frame rate in the time domain. For applications
involving human viewers, temporal bandwidths of
the order of 0 to 15 Hz are usually adequate for
scenes involving dow to moderate motion, imply-
ing temporal sampling at frame rates of 20 to 30
Hz. Higher frame rates are required for accurate
rendition of rapid motion, particularly if the mov-
ing object is tracked by the viewer's eye.
Given the discretized intensity at sampled loca-
tions (x;, »,), the replica image can be reconstructed

by:

Blx, ) = Y By, yoOhy(x~x, 3= 31) 6.4)
k

By the proper choice of 4/:,-), called the interpola-
tion filter, artifacts that may otherwise occur in the
reconstruction process (called postaliasing) can be
reduced. The post-diasing filter essentidly
smoothes the spatially discrete pels to form a con-
tinuous image. Thus, not only is the filtering, as
shown in Figure 6.1, generally required at the cam-
era before sampling, but it is aso needed before the
display for reconstructing the image using the dis-
crete samples of intensity.

The above method of reconstruction and the
corresponding equations can be easily extended for
intensities that are functions of (x, y, t).

An example of the pre- and postfilter is given
below. As discussed above, the prefilter can be
implemented as a weighted average over a small
neighborhood of each sampling point. For this
purpose a weighting function £ (u, v) can be used
that peaks at (x = 0, » = 0) and falls off in al direc-
tions away from the origin. For example, the
Gaussian function

K exp(—au? — b?) lu], |o] <®
where K is a normalizing constant, is quite suitable
for many applications. Gaussian weighting is aso
characteristic of many imaging devices. Using this

Peloton - EX1020, Page 126
IPR2023-01239 (Peloton v. NEC)



112 Digital Compression: Fundamentals
Input Im.
a; ) Ll Pre Fitter Pel | , Digitized
3) Sample Coder Image
Ezitized ; Pel Post B(x.y) Reconstructed
ge Decoder Filter Replica
Image

Fig. 6.1 $patial sampling of images generally requires prefiltering prior to sampling, as shown in (a), and postfiltering following
reconstruction, as shown in (b). Inadequate prefiltering leads to prealiasing, whereas inadequate post-filtering causes post-aliasing,

function, the filtered image can be computed as

y+8x+3
B(x, ») = J. jKB(w, z)exp(—a(x —w)
y—8x-3
—b(y— z)?)dwdz

where the intensity a each point is replaced by a
weighted average over a small surrounding neigh-
borhood. Such prefiltering could also be imple-
mented simply by proper design of the optical
components in the camera imaging system.

The postfilter is an interpolation filter. A common-
ly used interpolation filter is the so-called cubic B-
spline A, (w, v) = S(u, 8,)8(, 8,) where the horizon-
ta and vertica pel specings ae 3, and 3,
respectively, and

2
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For positive pel values, the B-spline interpolation is
aways positive. The B-spline filter essentialy
smoothes the spatially discrete pels of an image
and preserves the continuity of the first and the
second derivatives in both x and y dimensions.

6.2.1 Raster Scanning

Raster scanning is a process used to convert a
three-dimensional image intensity, B(x, y, t), into a
one-dimensional television signal waveform. First,
the intensity, B(x, y, t), is sampled many times per
second to create a sequence of frames. Then, with-
in each frame, sampling is done verticaly to create
scan lines. Scanning proceeds sequentially, left to
right and from top to bottom. In a tube-type televi-
son camera, an electron beam scans across an
eectricaly photosensitive target upon which the
image is focused. At the other end of the television
chain there is usually a cathode ray tube (CRT) dis-
play, in which the electronic beam scans and lights
up the picture elements in proportion to the inten-
sity, B(x,y, t). While it is convenient to think of al
the samples of a frame as occurring at the same
time (similar to film), the scanning in a camera or
display results in every sample corresponding to a
different point in time.

Since the electron beam has some thickness, the
scanning itself is partly responsible for local spatial
averaging of the image over the area of the elec-
tron beam. This occurs both at the camera as well
as the display. At the camera, as the beam scans
the cameratarget, it converts the photons integrat-
ed (over a frame time) at each target point into an
eectrical sgnd. Thisresultsin both the spatial and
temporal averaging of light and is commonly
referred to as camera integration. Higher resolution
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camera systems have a much finer electron beam,
but in that case, owing to averaging over a smaller
area, the amount of light intensity as well as signal-
to-noise ratio is reduced. At the display, the beam
thickness may simply blur the image or a thinner
beam may result in visble scan lines.

Therearetwotypesof scanning: progressive (dso
cdled sequential) and interlaced. In progressive scan-
ning, within each frame al me raster lines are
scanned from top to bottom. Therefore, al the ver-
ticaly adjacent scan lines arc aso temporally adja-
cent and are highly correlated even in the presence
of rapid motion in the scene. Flm can be thought
of as naturaly progressively scanned, since al the
lines were originally exposed simultaneously, so a
high correlation between adjacent lines is guaran-
teed. Almost dl computer displays are sequentially
scanned.

In analog interlaced scanning (see Fg. 6.2) al
the odd-numbered lines in the entire frame are
scanned first, and then the even-numbered lines
are scanned. This process results in two distinct
images per frame, representing two distinct sam-

o = > Odd Field Scan Lines
ot iy > Even Field Scan Lines

©ONOU AN =
/
/
/

Fig. 6.2 Scanning pattern for 2:1 interlace. Odd-numbered
lines (field 1) are scanned and displayed first, followed by the
even-numbered lines (field 2). In this way, low spatial
frequencies are displayed twice as often as high spatial
frequencies, thus better matching the characteristics of human
vision. Compared to scanning both the odd and even lines at
the field rate, this also reduces the line rate (and bandwidth) by
a factor of two.

*MPEG hasadifferent nomenclature, asweshall see.
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ples of the image sequence at different points in
time. The set of odd-numbered lines constitute the
odd-field, and the even numbered lines make up the
even-field.* All the current analog TV systems
(NTSC, PAL, SECAM) useinterlaced scanning.

One of the principa benefits of interlaced
scanning is to reduce the scan rate (or the band-
width) in comparison to the bandwidth required
for sequential scan. Interlace alows for ardatively
high field rate (a lower field rate would cause flick-
er), while maintaining a high total number of scan
lines in a frame (a lower number of lines per frame
would reduce resolution on static images). Inter-
lace cleverly preserves the high detailed visual
information and at the same time avoids visible
large area flicker at the display due to insufficient
temporal postfiltering by the human eye. Interlace
scanning often shows small flickering artifacts in
scenes with sharp detail and may have poor
motion rendition for fast vertical motion of small
objects.

If the height/width ratio of the TV raster is
equd to the number of scan lines/number of sam-
ples per line, the array is referred to as having
square pels, that is, the pel centers dl lie on the cor-
ners of squares. This facilitates digita image pro-
cessing as well as computer synthesis of images. In
particular, geometrical operations such as rotation,
or filters for antialiasing can be implemented with-
out shape distortions.

6.2.2 Color Images

Light is a subset of the electromagnetic energy.
The visble spectrum wavelengths range from 380
to 780 nanometers. Thus, visible light can be speci-
fied completely at a pel by its wavelength distribu-
tion {S(\)}. This radiation, on impinging on the
human retina, excites predominantly three differ-
ent receptors that are sensitive to wavelengths at or
near 445 (called blue), 535 (cdled green), and 570
(cdled red) nanometers. Each type of receptor
measures the energy in the incident light at wave-
lengths near its dominant wavelength. The three
resulting energy values uniquely specify each visu-
dly distinct color, C.
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This is the basis of the trichromatic theory of col-
or which states that for human perception, any col-
or can be synthesized by an appropriate mixture of
three properly chosen primary colors R, G, and
B. For video, the primaries arc usually red, green,
and blue. The amounts of each primary required
are called the tristimulus values. If a color C has
tristimulusvalues R, G, and B, then G = R R
+ GG + B B. The tristimulus values of a wave-
lengthdistribution S{A) are given by

Ry = [ Sy()ar

Gy = [ S00ghn
By = [SpA)an

where {7(\), g(A), b(A)} are called the color matching
functions for primaries R, G, and B. These are dso
the tristimulus values of unit intensity monochro-
matic light of wavelength . Figure 6.3 shows color
matching functions with the primary colors chosen
to be spectral (light of a single wavelength) colors
of wavelengths 700.0, 546.1, and 435.8 nanome-
ters. Equation (6.5) alows us to compute the tri-

04 —

b(d)

g(d)

01 —

WW 600 700

Wavelength, A (nm)

01

Fig. 6.3 The color-matching functions for the 2° Standard
Observer, based on primaries of wavelengths 700 (red), 546.1
(green), and 435.8 nm (blue), with units such that equal
quantities of the three primaries are needed to match the equal
energy white.

*We drop the subscripts C from now on.

stimulus values of any color with a given spectral
distribution, S{\), using color matching functions.

One consequence of this is that any two colors
with spectral distributions $;(A) and .S,(A) match if
and only if

R =[SiAy
G, f&
sy

where {R|, G,, B,} and {R,, G,, By} are the tri-
stimulus values of the two distributions §;(A) and
So(NJ, respectively. This could happen evenif S,{\)
were not equal to S,(A), for al the wavelengths in
the visible region.

Instead of specifying a color, C, by its tristimu-
lusvaues* {R, G, B}, normalized quantities caled
chromaticity coordinates {r, g, b} are often used:

Aih = [ SRy = R,

A = jsz MIL=G, (6.6)

A = [ Sy(Ap(h)dA = B,

CR+G+B

-8B
R+G+B

Since r + g + b = 1, any two chromaticity coordi-
nates are sufficient. However, for complete specifi-
cation a third dimension is required. It is usualy
chosen to be the luminance(?").

Luminance is an objective measure of bright-
ness. Different contributions of wavelengths to the
sensation of brightness are represented by »A), the
relative luminance efficiency. The luminance of
any given spectral distribution S(A) is then given by

Y= k,,,JS(X) (AN (6.8)

where £, is a normalizing constant. For any given
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Tristimulus
Values

460 500 540 580 620 680
Wavelength , A (nm)

700 740 780

Fig. 6.4 Color matching functions x(\), »(\), z(A) for the 2° Standard Observer. Note that y(\) is the same as the relative
luminous efficiency curve and therefore tristimulus value ¥'is the luminance.

choice of primaries and their corresponding color
matching functions, luminance can be written as a
linear combination of the tristimulus values, {R,
G, B}. Thus, a complete specification of color is
given either by the tristimulus values or by the
luminance and two chromaticities. A color image
can then be specified by luminance and chro-
maticities at each pel.

The above specification of color depends on the
choice of the primary colors. To help precise mea-
surements as well as cooperation and communica-
tion between colorimetrists, the CIE (Commission
Internationale de L’Eclairge) has defined a stan-
dard observer and three new primaries, X, Y, and
Z, whose color matching functions are given in
Fig. 6.4. This CIE coordinate system has two use-
ful properties: first, the Y tristimulus value corre-
sponds to the definition of luminance normalized
to equal energy white, and second, since the color
matching functions are always positive, the X, ¥, £
tristimulus values are aso aways positive. Also, of
course, a color C can be specified in the CIE sys
tem by the two chromaticities (X, y) and the lumi-
nance Y.

In most color TV systems, computation of
chromaticities is deemed too complicated. Instead,
colors are usually described by luminance 1 and
two chrominances, which are other linear combina-
tionsof R, G, and B. A common choice for chromi-
nances are (5-1) and (R-7"), with suitable normal-
ization to constrain their amplitudes.

If two colors S,(=X,, 1}, <) and S,(=X,, ¥,
Z,) are mixed to obtain a color (=X, ¥ ), then

X=X +X,
r=n+% (6.9)
<=R+%2

Since the chromaticities are ratios, they are given
by

= X +Xy _xah/ )t/ )
X+¥r+< (W )+ )
and (6.10)
Y+7,

/7 )+ X/ )
and the luminance is given by

F=1+1, 6.11)
In summary, a picture can be represented as a two-
dimensional array of pels. For video, the array is
repeated at the frame rate. Proper filtering is
required before sampling the intensity to create
this array. Each pel in the array can be specified by
three quantities, either tristimulus values {R, G, B}
or the two chromaticity coordinates plus lumi-
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nance {x, . ¥} or simply luminance and chromi-
nance, for example, {¥ B-}, R-1}. Based on the
trichromacy of the human visual system, any of
these triplets completely specifiesany color.

6.3 BASIC COMPRESSION
TECHNIQUES

We have 0 far represented a continuous image
intensity function B(x,y, t) as an array of samples
on a rectangular spatiad grid sampled a a frame
rate. For color images, B is a vector expressed
either as tristimulus values or chromaticity coordi-
nates/luminance, measured according to some pri-
mary colors.

Considering for now only the luminance, the
next step in representing image datawith finite bits
(or bitrates) is to quantize each sample of the array
using 2* levels. This generates & bits for each pel
and is known as PCM encoding. The time discrete-
ness is provided by sampling the signal at least at
the Nyquist rate, whereas the amplitude discrete-
ness is provided by using a sufficient number of
quantization levels so that degradation due to
quantization error is tolerable. PCM does not
remove any statistical or perceptual redundancy
from the signal, and therefore results in large
bitrates; however, it provides the first input stage
for most of the compression system.

Starting with a PCM coded bitstream, a num-
ber of compression techniques have been devel-
oped to reduce the bitrate. A compression system
typicaly consists of a combination of these tech-
niques to satisfy the requirements of an applica-
tion.

The first step in compression usually consists of
decorrelation, that is, reducing the spatial and tem-
pora redundancy in the signa. The candidates for
thisstep are:

1. Predicting the next pel using values of the
“previously transmitted” pels, and then transmit-
ting the quantized prediction error. This is called
Differential PCM (DPCM). A variety of previously
transmitted pels can be used for prediction. If pre-
vious pels are restricted to the current frame, it is
caled intraframe prediction; if previous frame pels

are used, it is cdled interframe prediction. Such an
approach can be made adaptive by changing the
prediction agorithm based on loca picture statis-
tics. In the case of interframe prediction, a pel in
the current frame can be predicted by a pel in the
previous frame either a the same spatial location
(in case of no motion) or at a displaced location in
case it is a part of the moving object in the scene.

2. Transforming (taking a linear combination
of) a block of pels to convert them into a set of
transform coefficients. The transform often packs
most of the energy into a few coefficients, and
makes the other coefficients close to zero so they
can then be dropped from transmission. One-,
two-, and three-dimensional blocks (i.e., two spatial
dimensions and one time dimension) have been
studied for transformation. Recently, however, two-
dimensional transforms have become more popu-
lar based on complexity considerations. They
remove the correlation only in the two spatial
dimensions. Temporal correlation is removed by
computing displaced prediction errors as above.

The second step in compression is selection of
the important coefficients or pels and then quan-
tizing them with just enough accuracy. For DPCM,
the prediction error may be quantized a sample at
atime or as a vector of many samples. As long as
the quantization step size is sufficiently small and
the quantizer range is large enough to cover occa-
sional large prediction errors, agood picture quali-
ty can be maintained. Alternatively, for transform
coding only the significant coefficients must be
selected and quantized. For good picture quality it
is important that al the transform coefficients that
have significant amplitude are quantized with suffi-
cient accuracy.

3. The final step is entropy coding. It recognizes
that the different values of the quantized signa
occur with different frequencies, and therefore rep-
resenting them with unequal length binary codes
reduces the average hitrates. As we will see later,
both the prediction error in the case of predictive
coding and the coefficients in the case of transform
coding have highly nonuniform probability density
functions. In such cases, entropy coding results in
substantial benefits. Unfortunately, such avariable
length code generates a variable data rate, requir-
ing abuffer to smooth it out for transmission over a
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fixed bitrate transmission channel. The queues in
the buffer must be managed to prevent either over-
flow or underflow. In the remainder of this chapter
we give more details of the following techniques,
since they have formed the basis of most modern
compression systems:

Predictive coding (DPCM) (including motion com-
pensation)

Transform coding

Vector quantization

Entropy coding

Incorporation of perceptual factors.

6.4 PREDICTIVE CODING (DPCM)

In basic predictive coders (see Fig. 6.5), a predic-
tion of the pel to be encoded is made from previ-
ously coded information that has been transmitted.
The error (or differential signa) resulting from the

Differential

PCM Signals
Input o
(from Camera)

Predictor
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subtraction of the prediction from the actual value
of the pel is quantized into one of L discrete
amplitude levels. These levels are then represented
as binary words of fixed or variable word lengths
and sent to the channel coder for transmission.
The three main parts of the predictive coder are
(1) predictor, (2) quantizer, and (3) entropy coder.

6.4.1 Predictors

In its simplest form, DPCM uses the coded val-
ue of the horizontally previous pel as a prediction.
This is equivalent to quantization of a horizontal
dope of the intensity signal. However, to exploit all
the correlation, more pels (than just the previous
pel) in the horizontal direction, as well as afew pels
in the previous line (in the same field for interlace
scanning), are often used. Coding systems based on
such two-dimensional predictors have been tradi-
tiondly cdled intrafield codecs. Interframe coders
use pels in the previous field/frame and therefore
require field/frame memory. As the cost of memo-

Binary Codes
to Channel

Entropy
Coder

Transmitter

Codes
from Entropy
Binary Decoder
Channel

(@)

— Output (to Display)

Predictor

Receiver

(b)

Fig. 6.5 Block diagram of a predictive coder (a) and decoder (b).
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Table 6.1 Prediction coeflicients and resulting variances of
prediction errors for luminance and chrominance
signals. Pel positions are shown in Fig. 6.6.
Prediction Coefficients Variance
Video Signal o, oy o o3
r 1 - 53.1
| —1/2 1/2 29.8
3/4 —1/2 3/4 27.9
7/8 -5/8 34 26.3
RY 1 22.6
1 5.6
172 —1/2 1 4.9
5/8 -1/2 7/8 4.7
BY 1 - 13.3
- ! 3.2
172 -1/2 1 2.5
3/8 —1/4 7/8 2.5

ry chips continues to drop, the distinction between
intrafield and interframe coders is blurring.

Table 6.1 shows several practical predictors and
their performance (in terms of mean square pre-
diction error) as decorrelators of both the lumi-
nance and chrominance components of a color
TV signal. The configuration of pels referred to in
thistable is shown in Fg. 6.6.

It is clear from the table that the two-dimen-
sional predictors do a far better job of removing
the correlation than the one-dimensiona predic-
tors. Practical experience also shows that the sub-
jective effect of using a two-dimensional prediction

Direction of Scan

Previous Line G o o o o

Y

lnterlaoedLlne—w ;——-—- -—i- :—' :—--i- :

Present Line o o 0 . .

Fig. 6.6 Configuration of picture elements used in Table 6.1
for prediction of pel X. All the solid scan lines are from the
same field, making these infrafield predictions.

is to render the sharp edges much better. In addi-
tion, keeping the predictor coefficients as powers of
two leads to simpler implementation. It is worth
noting that prediction performance is not
improved by adding more pels. In fact, adding
more pels to the configuration of Fig. 6.6 would
give only marginal improvement.

6.4.2 Motion Estimation

Interframe predictors could also be constructed
by using previously encoded pels from the previous
fields/frames. If there are no changes in the image
intensity from frame to frame, then temporally
most adjacent pels are the best predictors. For
smal motion of objects with only moderately
sharp edges, a combination of pels from current
and two previous fields work well.

Figure 6.7 shows the relative position of pelsin
the previous field/frame that can be used for inter-

I J K<-.
—_— ~. Previous
ULMN v <{---> Frame

oP ae-]

Present | _.--- +ABC
Field .-
Pels D E F w-._
s, P “~._ Previous
“->G H@ > Field

RS T<e-"

Fig. 6.7 Relative configuration of pels used for interframe prediction. Pel Z in the moving area is to be predicted from a
combination of pels in the three successive fields. Pels Z and M are at the same spatial location but one frame period apart.
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Table 6.2 Typical differential signal entropics of moving-
area pels for some fixed linear predictors when the
differential signal is quantized to 35 levels.

Entropies in Bits per

Transmitted Moving-Arca Pel

A

Signal £ — ,é Prediction < (35 Level Quantization)
Frame-difference M ~2.1t03.9
Element-difference H ~2.0t0 3.7
Element-difference M+H-L ~1.81t03.1

of frame-difference
Line-difference M+B-7F ~1.5t03.5

of frame-difference
Ficld-difference (E+ 972 ~[.81032
Element-difference H+ (E+38/2 ~].51t0 2.5

of field-difference —(D+ RY/2

frame prediction. Table 6.2 shows the compression
efficiency (as measured by the entropy of the dif-
ferential signal) of the various predictors.

Compared to a pure frame difference predictor,
element-difference of field-difference prediction
does quite well, particularly when frame differ-
ences starts to become large owing to motion. Such
fixed predictors, which are based on tempora cor-
relation, become more and more inefficient as the
motion in the scene increases. Any object motion
larger than 1 = 2 pels per frame, which is common
in many applications, results in loss of correlation
between pel Z and M in Fig. 6.7 that are spatially
adjacent to Z.

Figure 6.8 shows the predictor efficiency as a
function of motion. Because of the loss of the pre-
diction efficiency by motion, it is important to
adapt the prediction when the scene contains large
motion.

If a televison scene contains moving objects
and if an estimate of their trandation in one frame
time is available, then the temporal prediction can
be adapted using pels in the previous frame that
are appropriately spatially displaced. Such predic-
tion is caled motion compensated prediction. In
real scenes, motion can be a complex combination
of three-dimensional translation and rotation.
Such motion is difficult to estimate even with a
large amount of processing. In addition, three-
dimensional motion can expose new features on
the object’s surface that were not visible in the pre-
vious frame, and therefore cannot be predicted
from the previous frame. Fortunately, practical
experience shows that translational motion occurs
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Large Head
Small Head
Medium Head
Live Subjects

Bits per Moving Area Pel

n
I
> H X ®

0 | ] | | 1 1 I |

0 5 1 1.5 2 25 3 35 4

Speed Pels per

Frame Interval
(PEF)
Fig. 6.8 Moving-area frame-difference entropy as a function
of speed of movement. Fixed interframe prediction loses
efficiency as the speed increases. This result is independent of

the quantization of prediction and as the two scales used in the
figure show.

quite often in real scenes. In addition, translational
motion in a plane perpendicular to the camera
axis can be estimated much more easily and there-
fore has been used successfully for motion compen-
sated predictive coding.

The crucial requirement is the algorithm for
motion estimation. Two types of motion estima-
tion agorithms are described below that have been
successfully used in coding applications. These
algorithms are derived under the following
assumptions: (1) object motion is in a plane per-
pendicular to the camera axis, (2) illumination is
spatialy and temporally uniform, and (3) occlusion
of one object by another and uncovered back-
ground are relatively smal. Although these
assumptions may appear unrealistic and quite con-
graining, practical experience suggests that these
algorithms and their benefits are quite robust for a
variety of rea situations.

Under these assumptions, the monochrome
intensities &(Z, # and b(Z, ¢ — 1) of two consecutive
frames are related by

WZy i) = bHZ - Dyt — ) 6.12)

where 7 is the time between two frames, D isthe
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two-dimensional translation vector of the object
during the timeinterval, [t — 71, {] and Z is the two-
dimensional vector representing spatial position.
Thus, in real scenes a very good predictionof HZ,
fisgivenby HZ — D, ¢ — 7). The problem then is
to estimate D from the intensities of the present
and previous frame. Two broad types of methods
have been used: (1) Block Matching Methods, in
which a block of pels in current (some yet to be
transmitted) and previous frames are compared to
estimate a D, but because some “future” pels are
used, D is generally coded and transmitted as side
information, (2) Recursive Methods, in which D is
not transmitted, but instead estimated only from
previously transmitted pels. It is also possible to
combine these two methods in a variety of ways.

6.4.2a Block Matching
Methods

Block Matching Methods assume that the
object displacement is constant within a small two-
dimensional M X N block of pels. The displace-
ment D can be estimated by minimizing a measure
of the prediction error

D)= ¥ {0z, 1-

AMxN

HZ-D,i— )) (6.13)

where G(+) isa distance metric such as the magni-
tude or the square function. The minimization is
done over a region of pels, (M + 24 JN +
2d....), centered around pel Z,. 4. is the maxi-
mum horizontal and vertical displacement of pels.
Thus, if the block sizeis 9 X 9 and a maximum
displacement of 4, = 10 is used, the search
region in the previous frame would be an area con-
taining 29 X 29 pels. An exhaustive search method
would be to evaluate Eq. (6.13) for every pel shift
in the horizontal and vertical direction and choose
the minimum. This would require (24,,,, + 1)?

evaluations of Eq. (6.13). A simple magnitude dis-
tance criterion G(*) for Eq. (6.13) resultsin:

LY S

i Sl
R <-} <.

[]<Zm+1 n+/! T)‘

PE (Z()al’J
MN

(6.14)

where

—d i S S+

max

mn = Z() +[m’nJI

max

(6.15)
Zz

Severa heuristics have been developed for the
search procedure. The goa is to require as few
shifts as possible or equivalently as few evaluations
of PE. The number of shifts are reduced under the
assumption that PE(Z,, 1, ;) increases monotonical-
ly as the shift (i,j) moves away from the direction of
minimum distortion. An example is the two-
dimensional logarithmic search where the ago-
rithm follows the direction of minimum distortion.

Figure 6.9 shows that at each step five shifts are
checked. The distance between the search points is
decreased if the minimum is at the center of the
search location or at the boundary of each search
area. For the example shown in Fig. 6.9, five steps
were required to get the displacement vector at the
point (z, j) = (2, 6). Although the example shows
the search process for pel displacements that are
integers, many applications use fractional pel accu-
racy of either 0.25 pels or 0.5 pels. The effect of

6 5 4 3 -2 41 +1 +2 +3 +4 +5 +6

+6
+5
" &
+3

2 1 2
+2 —dr
+1

&r———y

1 | &1 T1
-1
-2 ¥
-3
-4
-5
-6

O~ Denotes A Search Point of Step n

Fig. 6.9 [Illustration of two-dimensional logarithmic search

procedure. The shifts in the search area of the previous frame

are shown with respect to a pel (Z;) in the present frame. Here

the approximate displacement vectors (0, 2)', (0, 4), (2, 4)', (2,
5)', (2, 6)' are found in steps 1, 2, 3,4, and 5. 4 is 6 pels.
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this is simply to make a search grid finer and larg-
er. Since block matching uses pels that are not yet
transmitted to the receiver, displacement values
need to be coded and sent separately as overhead.
This increases the bitrate, but aso has the potential
for better motion estimation. As an example, if a5
X 5 block is used, andif 4, is +8 pels, then for a
displacement accuracy of '/: pel, for every block,
12 hits specifying the motion vector have to be
transmitted, resulting in a bitrate of 0.48 bits/pel.

6.4.2b Recursive Methods

Recursive displacement estimation agorithms
have also been developed to minimize local predic-
tion errors. If a pel at location Z, in the present
frame is predicted with displacement ﬁk_l, that is,
intensity 4(Z, — D,_,, t — 7), resulting in a certain
amount of prediction error, the estimator should
try to decrease the prediction error for Z,,, by
proper choice of ]A)k. If the displacement is updat-
ed at each pel, then £ = n. Otherwise kis related to
n in some predetermined manner. It is assumed
that the pel at location Z, is being predicted and
displacement estimate D, _, is computed only with
information transmitted prior to pel Z,.

The prediction error can be called displaced
frame difference (DFD):

DFDZ, D)= 4Z, ) ~ HZ - D, 1 — 1) (6.16)

DFD is defined in terms of two variables: (1) the
spatial location Z at which DFD is evaluated and
(2) the estimated displacement D used to compute
an intensity in the previous frame. In the case of a
two-dimensional grid of discrete samples, an inter-
polation process must be used to evaluate HZ — f),
t — 7) for values of D that are a noninteger num-
ber of pel spacing)sk In the ideal case, DFD con-
verges to zero as D converges to the actual dis-
placement, D.
Pel recursive displacement estimators minimize
recursively [DFD(Z, D)]? at each moving area pel
using a steepest descent algorithm. Thus,

n 2
D) ®.17)

nd

D, =D, ——;—VI‘,H DFD(Z
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where V is the tyvo-di mensional gradient operator
with respect to D. Carrying out the above opera-
tion using Eqg. (6.16):

D, =D, ,-¢DFD(Z D, )

n’

V.HZ,-D,;_,t—1) (6.18)

Figure 6.10 shows that at every iteration we add
to the old displacement estimate a vector quantity
that is either parallel to or opposite to the direction
of the spatial gradient of image intensity depend-
ing on the sign of DFD, the motion compensated
prediction error. If the actual displacement error
(D — D,) is orthogona to the intensity gradient
V.5, the displaced frame difference is zero giving a
zero update. This may happen even though the
object has moved. Also if the gradient of intensity
is zero, that is, absence of edges, even if thereis an
error in the displacement estimation, the algorithm
will do no updating. It is only through the occur-
rence of edges with differing orientations in real
television scenes that convergence of D to the actu-
a displacement D is possible.

Figure 6.11 shows the efficiency of motion
compensated prediction in terms of reducing the
bitrate. Compared to frame difference, motion
compensated prediction can result in a factor of
two to three improvement in compression. Howev-
er, the improvement depends on the scene, the
type of motion, and the type of objects in motion.

6.4.3 Quantization

DPCM systems achieve compression by quan-
tizing the prediction error more coarsely than the
original signa itself. A large number of properly
placed quantization levels usually result in excel-
lent picture quality. However, to reduce the bitrate
to a minimum, the placement of levels has to be
optimized. Three types of degradations may be
seen from improper placement of quantizer levels.
These are referred to as granular noise, sope overload,
and edge business.

As shown in Fig. 6.12, which uses previous pel
prediction, coarse inner levels lead to granular
noise in flat or low detail areas of the picture. The
result is similar to a picture upon which white noise
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Fig. 6.10 Recursive motion estimation. Displacement estimate D,_, is updated at pel a. Gradient of intensity V.b(z — D, t — 7)
is obtained by using intensities at pels b, ¢, d, ¢, { in the field ( j — 2). [ ] represents rounding.

is superimposed. If the largest representative level
is too small, then the decoder takes several samples
to catch up with a high-contrast edge, resulting in
dope overload. The result is a selective blurring of
the picture. Finaly, for edges whose contrast
changes somewhat gradually, the quantizer output
oscillates around the signal value which may
change from line to line, or frame to frame, giving
the appearance of a discontinuous jittery or
“busy” edge. Thus, quantizer design must make
tradeoffs between these three rather different sub-
jective effects, and at the same time optimize the
bitrate. This is a difficult task and is usualy done
by tria and error. However, two systematic
approaches have emerged to guide the trial and
error: (1) statistical design and (2) subjective design.

6.4.3a Statistical Design

Quantizers can be designed purely on the basis
of statistical criteria to minimize the mean square

quantization error. Considering Fig. 6.13, if xisthe
input to the DPCM quantizer and has probability
density p(x), then quantizer parameters can be
obtained to minimize the following measure of
quantization error:

L 4
D= [ flx=£,): plxid

k=ly

(6.20)

where £, < f, < ... <t and £, < /{, < ... </{,
are decision and representative levels, respectively,
and f{-) is a non-negative error measure. We
assume, as shown in Fg. 6.13, that al inputs, 4_,
< x £, to the quantizer are represented* as ¢,.
Differentiating Eq. (6.20) with respect to ¢, and ¢,
(for a fixed number of levels L), necessary condi-
tions for optimality are given by:

k=2...L (6.21)

Sy = ) = Sl — )

*MPEG uses a different quantizer nomenclature. MPEG quantizers output the integer k.
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Fig. 6.11 Comparison of bitrates for frame difference and motion compensated prediction for color component signals from
Scene A, Scene B, and Scene C. The three scenes contain varying amount of motion and spatial detail.

and
4
| tﬁ(xd“’ﬁ.p(x)dx:o, k=1...L (6.22)
X

ba

assuming that f{-) is differentiable. If the mean
square error criterion is to be used, that is f{(z) =
2%, the above equations reduce to the Lloyd—Max
quantizer

1

==+ ) (6.23)
2

and

(6.24)

Thus, given the probability density, statistically
optimum quantizers are simple to compute. How-
ever, p(x) is often not available. Fortunately, for the
case of previous pel and other differential coders,
p(x) can be approximated by a Laplacian density,
and therefore, other than a few parameters, the
shape of p(x) is known. The optimum quantizer in
this case is companded, that is, the step size (1, — )
increases with k. For highly peaked Laplacian den-
sities, this increase with k is even more rapid. Since
for much of the picture, the intensity signa has no
sharp edges, the prediction error x is close to zero
and therefore p(x) is highly peaked around zero.
This results in a close spacing of levels near x = 0
and a rather coarse spacing of levels as |«x|
increases. For images, this generally results in over-
specification of the low-detailed and low-motion
areas of the picture, and consequently only a small
amount of granular noise is visible, if a all. How-
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Qutput
Largest Quantizer
Output Level Determines
Slope Overioad

DPCM
Quantizer

Input
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Levels Here Coarse
Cause Edge Here ese
Busyness Determines
Granular
Noise

\ Coded Output

Edge Busyness for
Low Contract Edges

Fig. 6.12 An intuitive classification of distortion due to
coarse DPCM quantization. Three classes of quantization
noise are identified: granular noise, edge business, and slope
overload.

Input

Fig. 6.13 Characteristics of a quantizer. x is the input and y
is the output. (£) and (¢) are decision and representative levels,
respectively. Inputs between decision levels t, and 1, | are
represented by representative level £.41.

ever, areas with detail and edges arc poorly repro-
duced. Owing to the small dynamic range of such
a quantizer, this is often visible as slope overload
and edge business for high-contrast edges. Thusfor
subjective reasons, the quantizers are not designed
based solely on the mean square error criterion.
Minimization of a quantization error metric,
for a fixed number of levels, is relevant for DPCM

systems that code and transmit the quantizer out-
puts using fixed-length binary words. However,
since the probability of occurrence of different
guantizer levelsis highly variable, there is consider-
able advantage in using variable length words to
represent quantizer outputs. In such a case, since
the average bitrate (in bits/pel) is lower bounded
by the entropy of the quantizer output, it is more
relevant to minimize the quantization distortion
subject to a fixed entropy, rather than a fixed num-
ber of levels. For the Laplacian density that is typi-
cal of prediction errors, it can be shown that such
optimization leads to uniform quantizers. Al-
though such entropy coders may provide adequate
picture, quality for sufficiently small step size, they
may often be too complex to implement because of
the very long code-word lengths required for some
of the outer levels, which are very infrequent.

6.4.2b Subjective Design

For better picture quality, quantizers should be
designed on the basis of psychovisua criteria.
Since the human visual system is very complex, the
optimum psychovisual criterion has eluded design-
ers. However, several ssmple algorithmic models of
the visual systems have emerged over the past
decade, which can be used for optimization of
quantizers. One straightforward method is to
extend the Lloyd-Max technique by minimizing a
weighted square quantization error, where the
weighting is derived from subjective tests. This is
similar to statistical design, where the probability
density is replaced by a subjective weighting func-
tion in Eq. (6.20).

A typical subjective weighting function for a
head and shoulders type of picture is shown in Fig.
6.14, where the error to be quantized is from a pre-
vious pel prediction. These subjective weights
decrease with increasing magnitude of the predic-
tion error. Thisis due to two factors: (1) quantiza-
tion error is subjectively less visible at pels near or
at large edges, which aso correspond to pels where
large prediction error usually occurs; and (2) the
number of pels with large prediction error is few
and isolated.

Such weighting functions are obtained empiri-
cally by subjective tests directly on individual pic-
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Fig. 6.14 Quantization noise visibility as a function of magnitude of the element difference for a typical head and shoulders

view. This can be used as a weighing function for quantizer design. Also shown is a histogram of the magnitude of the element

differences.

tures and are therefore picture dependent. How-
ever, experiments show that the variation for a
class of pictures is not significant. As in the case of
datistical design, such subjective quantizers can
aso be optimized for a fixed entropy instead of a
fixed number of levels. In general, subjective
quantizers are much less companded compared to
statistical quantizers and therefore reproduce
edges more faithfully. They do give more impor-
tance to better reproduction of edges even
though, in statistical terms, edges do not occur as
often. However, if proper care is not exercised,
subjective quantizers may result in larger granular
noise. Figures 6.15 and 6.16 give characteristics of
quantizers optimized under different criteria and
their performance in terms of the entropy of the
quantizer output and a subjective measure of pic-
ture quality.

Quantizers can aso be designed such that the
quantization error is a or below the threshold of
visibility, while minimizing either the number of
quantizer levels or the entropy of the quantizer
output. The threshold of visibility can be deter-
mined by a smple subjective experiment, in
which subjects are shown both a perturbed (vary-

ing amount of perturbation AL) and an unper-
turbed edge (see Fig. 6.17). The assumption here
is that the perturbation corresponds to the quan-
tization noise. The purpose of the experiment is
to derive arelationship between the magnitude of
the perturbation that is just visible and the edge
contrast.

The perturbation is varied until it becomesjust
noticeable. In thisway, the quantization error vis-
ibility threshold is obtained as a function of the
amplitude of the edge. This relationship can be
used in the design of the quantizer by constrain-
ing the quantization error to be below the thresh-
old for al prediction errors of the picture signal.
The algorithm for defining the characteristics of
the quantizer satisfying this constraint is illustrat-
ed in Fig. 6.18, for an even L (number of quantiz-
er output levels). In this case, x = 0is a decision
level, and the geometric procedure starts at the
corresponding point on the visibility threshold
function with a dashed line of inclination —45°.
The intersection of this line with the abscissa
gives the first reconstruction level. From this
point, a dashed line of inclination +45°isdrawn.
Its intersection with the visibility threshold func-
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Fig. 6.15 Characteristics of quantizers optimized under three criteria are shown: (1) 13-level minimum mean square error
(MSE); (2) 13-level minimum subjective weighted mean square error (MSSD); (3) MSSD with a constraint on the entropy (MSSDE)
of the quantizer output. For (2) and (3), weights are derived from subjective weighting functions such as in Fig. 6.14.

tion gives the next decision level, and so on. This
procedure is continued until the last +45° line
exceeds the amplitude range of x. The number of
points at which this path meets the abscissa is the
minimum number of levels of the desired quan-
tizer. The resulting dashed zigzag line represents
the magnitude of the quantization error as a
function of the quantizer input signa x. If L is
odd, then the procedure starts with the recon-
struction level at x = 0.

Experimental evidence indicates that quantizers
satisfying the above threshold constraint turn out

to be the same whether the number of levels is
minimized or the entropy is minimized. For mono-
chrome videotelephone (i.e,, 256 X 256 pelswith 1
MHz bandwidth) signals with head and shoulders
type of pictures, 27 levels are required for no vis-
ble error at normal (six times the picture height)
viewing distance if previous element prediction is
used. A larger number of levels is required for pic-
tures containing a lot of sharp detail, for example,
the resolution charts. Using two-dimensional pre-
diction, this number may be reduced to 13 levels
for natural (eg., head and shoulders) pictures and
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Fig. 6.16 Performance of quantizers optimized under different criteria for a typical head and shoulders picture. Mean square
subjectively weighted quantization noise (MSSD) is plotted with respect to entropy. It is assumed that MSSD is a reasonable

measure of picture quality.
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Fig. 6.17 (a) Stimuli for the determination of visibility

thresholds (i.e., just noticeable perturbation in edge contrast).
(b} Visibility threshold as a function of edge contrast.

21 levels for resolution charts. Chrominance com-
ponents usualy require fewer levels, for example,
nine levels for the (R-Y) component and five for
the (B-Y) component.

6.4.3c Adaptive Quantization

Because of the variation of the image statistics
and the required fidelity of reproduction in differ-
ent regions of the picture, adapting the DPCM
quantizer usually leads to higher compression for
the same quality. In general, one would like to
divide a picture into severa subpictures such that
within each subpicture both the visibility of quan-
tization noise and the statistical properties of the
quantized differential signal are relatively similar.
However, this goa is difficult or impossible to
achieve since visibility depends on many factors
besides the statistics. Several approximations of
this idealized situation have been made, some
purely statistical and some based on certain psy-
chovisual criteria.

Pel domain approaches to adaptive quantiza-
tion start out with a measure of spatia detail
(called the Masking Function) and then obtain exper-
imentally the relationship between the vishility of
noise and the measure of spatial detail. In non-
adaptive quantization, the prediction error is usu-
ally used as the measure of spatia detail. However,
for adaptive quantization more complex measures
are used.

A typica relationship for head and shoulders
pictures is shown in Fg. 6.19, where a weighted
sum of slopesin a3 X 3 neighborhood is used as a
measure of local spatial detail. If A} and A} are
the horizontal and vertical slopes of the luminance
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Fig. 6.18 [Illustration of the subjective quantizer design procedure for an even number L of reconstruction levels. Note that by
proper placement of the decision and representative levels, the procedure forces the quantization error (dotted line) to remain

always below the visibility threshold function.
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Fig. 6.19 Relationship between subjective visibility of noise and a measure of spatial detail that uses a combination of element
and line differences in a 3 X 3 neighborhood. Dependence of the visibility on the picture content is illustrated for two different

head and shoulders views.

at location (i, j) then the weighted sum of slopes is
given by
']

(6.25)

+1

o 7 ? H 4
MG j)= Y, v, 1+

=l j—m

{,m=—1

where (i, j) are the coordinates relative to the pel
being coded, and a < 1 is a factor based on psy-
chovisua threshold data. Typically, a is taken to be
0.35, and therefore exponentially decreasing
weights are assigned to pels of greater distance
from the current (to be coded) pel.

Using the noise weighting function of Fig. 6.19,
which relates the visibility of additive noise to the
masking function, a picture is divided into (not
necessarily contiguous) subpictures. Within each

segment, noise visibility is approximately constant,
and a different quantizer is designed for each one
based on the techniques of Sections 6.4.3a and
6.4.3b. The segmentation is controlled by the value
of the masking function M, as indicated in Fg.
6.20. Figure 6.21 shows a head and shoulders pic-
ture divided into four segments. Figure 6.2la
shows the original picture, and Figs. 6.21b—e show
four subpictures (pels in these subpicturcs are
shown white), which are in the order of increasing
spatial detail, that is, decreasing noise visihility.
Thus, flat, low detail areas of the picture constitute
subpicture one (i.e., Fig. 6.21b), and sharp, high-
contrast edges are included in subpicture four (i.e.,
Fig. 6.21€). In such adaptive quantization, the
transmitter must signal to the receiver the subpic-
ture each pel beongs to. Of course, for these
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Fig. 6.20 Segmentation of a picture by approximating the subjective weighting function by a piecewise constant function. Using
this approximation, images are segmented into four subpictures, I to I'V, according to the value of the masking function M at each pel.

methods to be worthwhile this signaling informa-
tion must be substantially smaller than the
decrease in hitrate due to adaptive quantization.

Although the optimum rules for adaptation are
not known, rules based on intuition and trial-and-
error have shown significant reduction in bitrate
compared with nonadaptive systems.

6.4.4 Code Assignment

The probability distribution of the quantizer
output levels is highly nonuniform for intraframe
as well as interframe predictive coders. This lends
itself to variable length codes (eg. Huffman
codes). The average bitrate for such a code is usu-
aly very close to and is lower bounded by the
entropy of the quantizer output. A simple example
of variable length codes is the Huffman Code. If
the individual code words of a Huffman Code are
concatenated to form a stream of bits, then correct
decoding by a receiver requires that every combi-
nation of concatenated code words be uniquely
decipherable. A sufficient condition for this is that
the code satisfy the so-called prefix rule, which states
that no code word may be the prefix of any other
code word.

Construction of a Huffman Code, which fol-
lows the prefix rule, involves the use of a tree
shown in Hg. 6.22 for 8-leve quantization. Levels

{b(i)} to be coded are first arranged in Section | of
the tree according to decreasing order of probabil-
ity. Construction of the tree then proceeds right to
left as follows: the two bottom-most branches of
Section | are combined via a node and their proba-
bilities added to form anew branch in Section Il of
the tree. The branches of Section Il arc then
rearranged according to decreasing order of prob-
ability. The procedure is repeated using the two
bottom-most branches of Section Il to form the
branches of Section |1l which are then reordered
according to decreasing probability, as with previ-
ous sections. The procedure continues until in Sec-
tion VIII only one branch remains whose probabil -
ity is one.

The entire tree may then be reordered to elimi-
nate crossovers as shown in Fg. 6.23. Coding is
then accomplished for each sample by moving
from the left of the tree toward the level b(i) to be
coded and, at each node, transmitting a binary O if
an upward step is required and a binary 1 to indi-
cate a downward step. The receiver decodes using
the same tree in exactly the same way, that is, mov-
ing upward for a received 0 and downward for a
received 1. Resulting code words are shown at the
right of FHg. 6.23. It can be shown that the Huff-
man Code minimizes the average word length.

A typical variable length code for aprevious pel
DPCM coder with 16 quantizer levels is shown in
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Fig. 6,21 Original picture (a) and its four segments (b), (c), (d), (e) designed on the basis of spatial detail (two-dimensional) and
noise visibility. Segment (b) has the highest noise visibility, whereas segment (¢) has the lease noise visibility:

Fig. 6.24. Inner levels occur much more often and
therefore are represented by a smaller length word.
A Huffman code requires a fairly reliable knowl-
edge of the probability distribution of the quan-
tized output. In the absence of such knowledge,
the performance of the Huffman code may vary
by alarge amount. However, the probability distri-
butions for DPCM are approximately Laplacian,
and in practice, it is found that the Huffman Code
efficiency is not too sensitive to small changes in

the probability distributions that take place for dif-
ferent pictures. Therefore, Huffman codes based
on the Laplacian distribution computed as an aver-
age of many pictures remain quite efficient. Typi-
caly, the average bitrate using Huffman coding is
about one bit/pel less than the corresponding
bitrate for a fixed length code.

One of the problems with the use of variable
length codes is that the output bitrate from the
source coder changes with local picture content.
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.Fig, 6.22 Construction of a binary Huffman code proceeds from right to left. At each section the two bottom-most branches are

combined to form a node and followed by a reordering of probabilities into descending order. These probabilities are then used to

start the next section,
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node a stepup produces a zero and a stepdown a one. Resulting code words are shown at the right for each of the cight levels. Note
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Level Code Word

No Length Code
1 12 100101010101
2 10 1001010100
3 8 10010100
<4 6 100100
5 A 1000
6 4 1111
7 3 110
8 2 01
9 2 00
10 3 101
11 4 1110
12 5 10011
13 7 1001011
14 9 100101011
15 11 10010101011
16 12 100101010100
Fig. 6.24 A typical variable-length code for a DPCM coded

signal with 16 quantizer levels.

Busy regions (or large motion) generate a large
amount of data, whereas flat regions (or no
motion) generate very little data. To transmit a
variable bitrate digital signal over a constant
bitrate channel, the source coder output has to be
held temporarily in a first-in-first-out buffer that
can accept input at a nonuniform rate, but whose
output is emptied into the channel a a uniform
rate. Since, in a practical system, a buffer must be
of finite sze, buffer queues, including buffer over-
flow and underflow, must be managed. This
depends on the size of the buffer, the variable
length code used, the image statistics, and the
channel bitrate. Buffer underflow is usually not a
problem since PCM values could be inserted to
increase the coder output whenever required,
which can only improve the picture quality.

By using a channel whose rate is somewhat
higher than the entropy of the quantizer output,
the probability of buffer overflow is markedly
reduced. In addition, the likelihood of buffer over-
flow can be reduced by designing codes that mini-
mize the probability of code words exceeding a
certain length. However, since buffer overflow can-
not aways be prevented, strategies must be
designed to gradually reduce the output bitrate of

the coder as the buffer begins to fill. This is partic-
ularly important in the case of interframe coders
since the motion in a television scene is relatively
bursty. Several techniques for reducing the input
data rate to the buffer as it begins to fill have been
studied, for example, reducing the sampling rate,
coarser quantization, and so forth. Such methods
allow graceful degradation of picture quality when
the source coder overloads the channel.

6.5 BLOCK TRANSFORM CODING

In transform coding, blocks of pels are converted
into another domain called the transform domain
prior to coding and transmission. As discussed
before, in the pel domain there is substantial corre-
lation between neighboring pels, and therefore,
transmitting each of them is wasteful. By trans-
forming a block of pels, correlation between differ-
ent transform coefficients is reduced substantially.
Transform coding is relatively efficient for low
bitrates, and achieves this mainly from three mech-
anisms. First, not al of the transform domain coef-
ficients need to be transmitted to maintain good
image quality; second, the coefficients that are cod-
ed need not be represented with full accuracy; and
finaly, coefficients have a very nonuniform proba-
bility distribution and therefore can be entropy
coded for efficiency. Loosely speaking, transform
coding is preferable to DPCM for compression
below 2 to 3 bits per pel for single images, and is
also used for coding of motion compensated pre-
diction errors for video.

6.5.1 Discrete Linear
Orthonormal Transforms

With one-dimensional, orthonormal linear
transforms each block of pels to be transformed is
first arranged into a column vector b of length N,
and then transformed using an orthonormal (dso
known as unitary) linear transform by*

c=Th (6.26)

*Superscript ' on a vector or matrix denotes its transpose and complex conjugate. Superscript * indicates complex conjugate

only.
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b=Tc (6.27)

where T is the ;N X N transform matrix, and ¢ is
the column vector of transform coefficients. If the

mth column of matrix T' is denoted by ¢, then for
orthonormal transforms
tlmtll = 8”"! (628>

where 8,,, is a deltafunction, equal to 1 if m = n;
otherwise it is zero. The vectors t,, are basis vectors
of the unitary transform T, and based on Eq.
(6.28), they are an orthonormal set. Using them as

the basis functions, Eg. (6.27) can be written as

N
b= 2 Cntm

m=l

(6.29)

where ¢, is the mth element of c, and is given by

6, = t,b (6.30)
The first basis vector t; consists of constant values
for practically al transforms of interest, that is, it
corresponds to zero spatial frequency and is given
by

=110

6.31)
VN

For this reason, ¢, is often caled the DC coeffi-

cient. Thus, if b,,,, is the largest possible pel value,

then VAN'b,,, isthe largest possible valuefor ¢,.

The vector b could be constructed from a two-
dimensional L X L array of image pels by simply
laying the L-pel columns end to end to form a sin-
gle column vector of length ¥ = 12,

Another possibility is to denote the L X L array
of image pés by the square matrix B = [6;] and
separate the transform into two steps. The first
step is to transform the rows of B with a length L
transform to exploit the horizontal correlation in
the image. Next, the columns of B are transformed
to exploit the vertical correlation in the image. The
combined operation can be written

‘tSuperscript t indicates transpose only.
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L
Cnm = z z b;"‘,y t,,,, (6.32)

1=l =

where the ts are the elements of the L X L trans-
form matrix T and C = [¢,,] isthe L X L matrix
of transform coefficients. Assuming the one-
dimensional basis vectors are indexed in order of
increasing spatial frequency, then subscript m
indexes the vertical spatial frequency, and n indexes
the horizontal spatial frequency. If /,, and f, are the
vertical and horizontal spatial frequencies of the
respective basis vectors, then the spatial frequency

corresponding to coefficient ¢, is given by
. [ . cycles o
./mn = nf +A ”2 - (6‘”)
distance

For unitary transforms, the inverse operation is
simply

L L
* K
by = z z Conn tnj tmi

m=1n=l|

(6.34)

Matrices C, T, and B are related by'
C = TBT! (6.35)

and for unitary T the inverse operation is simply
B = T'CT* (6.36)

If {t,} are the basis vectors of the Lth order trans-
form T, then Eq. (6.36) can be written

L L
B= zzvmnt;t;

m=1n=|l

(6.37)

That is, B can be thought of as alinear combina-
tion of L X L basisimages
{the, (6.38)

Eq. (6.37) is adso known as an outer product expan-
sion of B.
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6.5.2 Discrete Cosine Transform
(OCT)

In recent years, the DCT has become the most
widely used of the unitary transforms, and under
certain circumstances, as we shall see later, its per-
formance can come close to that of the optimum
transform. The elements of the DCT transform
matrix T are given by

im=1..N (6.39)

compress, is fast, inexpensive computation. The
DCT has a fast computational algorithm aong the
lines of the FFT (Fast Fourier Transform).

A Fast DCT Algorithm

1. Reorder the pels to form the complex vector
w, having length N/2, as follows:

Re(w) = (b,bsby . . . byobyby)’
, (6.40)
Im(w) = (846781, - . . b19bsdy)

2. Take the FFT of w to obtain the complex
coefficients{ W,,,m = 1...N/2}.
3. Form the complex values X, ¥, and G,

using Egs. (6.41), and compute the complex DFT

where [8, = 1,8, = 0for p > 0]. Thus, DCT basis coefficients {V,, 1 <m <1 + N/2} using Egs.

vectors ¢, are sinusoids with frequency indexed
by m.

For N = 16 the DCT basis vectors are shown in
Fg. 6.25. One of the important factors in the
choice of transforms, in addition to its ability to
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Fig. 6.25 Basis vectors for the DCT with /' = 16.

(6.42).

(6.41)

V= t[Re(VVl)*’Im(Wl)]

{Vm = Xm - y;ll’

_ v’ ’
Vﬁ-&-?—m B Xm * Ym,
9 4

W)+ L)

I
Ve = —[Re(
PR

4. Form the complex products {U, = G, V,, 2 <
m<N/2}.
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5. The DCT coefficients are then given by

a=h
¢ =V2Rel,), 2<m<iL
9
(6.43)
EL\LH - VA’H
2 2
ty, = —&Im(UM), 0< p s%— 9

The inverse DCT is the reverse of the above pro-
cedure. That is, we solve for U,,, then V,, then X,

n’ m>

and 1, then W,. Aninverse N/2-point FFT then
gives w, and a reordering produces b. The com-
putation time for the Fast DCTs increases as
Nlog, N, as opposed to the M increase for direct
matrix multiplication. For sizable ¥ > 8 the com-
putational advantage of using the Fast DCT Algo-
rithm can be enormous, as shown in Fg. 6.26. An
alternative procedure for & = 8 is given in the
Appendix.

An indication of the compaction capabilities of
the DCT can be obtained by examining the spec-
tral energy distribution in the transform domain.
Figure 6.27 shows the mean square values (MSV)
of the DCT coefficients for the image “Karen,” for
various one- and two-dimensional block sizes,
arranged according to increasing spatial frequency
as well as according to decreasing MSV Good
transforms compact the largest amount of energy
into the smallest number of coefficients.

Number of Computations for
N Speedup Factor
Matrix DCT Fast DCT
4 16 8 2.0
8 64 24 27
16 256 64 4.0
32 1024 160 6.4
64 4096 384 10.7
138 16384 896 18.3
256 65536 2048 32.0

Fig. 6.26 Computational advantage of using the Fast DCT
Algorithm compared with simple matrix multiplication.
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Fig. 6.27 DCT coefficient mean square values for the image
“Karen” with various block sizes. (a) One-dimensional,
arranged according to increasing frequency. (b) Separable two-
dimensional, arranged according to increasing spatial frequency.

The transform block size and shape are impor-
tant parameters affecting the compaction capabili-
ty of the transforms, although the picture itsalf is,
of course, the overriding factor. Generaly, the
larger the block size, the higher the energy com-
paction achieved by the transform. Also, two-
dimensional blocks achieve more compaction than
one-dimensional blocks. Experience has shown
that over a wide range of pictures there is not
much improvement in average energy compaction
for two-dimensional blocks of sizes above 8 X 8
pels. Also, three-dimensional blocks have not found
much use, owing to complexity (multiple frame
stores required) and inability to incorporate
motion compensation to capture correlation in the
presence of motion.

6.5.3 Quantization of Transform
Coefficients

Transform coding does a reasonably good job
of exploiting statistical redundancy in images by
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decorrelating the pel data and by compacting
information into the lower order coefficients. We
now present a framework for the exploitation of
subjective redundancy in transform coded pictures.

Unlike DPCM, where the quantization of a
particular sample affects relatively few pelsin the
reconstructed picture, quantization (or dropping
from transmission) of a particular transform coef-
ficient affects every pel in the transformed block.
This spreading of the quantization error often
makes the design of quantizers for transform
coefficient quite different than that of DPCM
quantizers.

If a certain percentage of the low-energy, high-
er order transform coefficients are set to zero, then
the effect is a blurring or loss of sharpness in
regions of rapid luminance variation. Since each
coefficient corresponds to a certain type of pattern
(or frequency) of the signal, setting it to zero
implies that the pattern or frequency is removed.
The transformcoefficient ¢, corresponds to a spa-
tial frequency of zero (caled the DC coefficient),
and coarse quantization of ¢, causesvisiblediscon-
tinuity between adjacent blocks, especiadly in the
low-detail areas of the image. Quantization error
in other low-order coefficients may aso contribute
to these block boundary effects. The quantization
error in higher order coefficients appears as granu-
lar noise; the higher the order, the finer the granu-
larity.

The quantization problem thus involves: (1)
which coefficients are retained, based on visibility
of the truncation error, (2) how many bits (number
of levels) are assigned for quantization of each
retained coefficient, and (3) what is the shape of
each quantizer? The tradeoff between the visibility
of the truncation error versus quantization error is
not well understood and therefore must be done
experimentally. It can be shown under fairly gener-
al assumptions that the number of bits assigned for
each coefficient is proportional to the log of the
energy in that coefficient. The DC coefficient gen-
eraly has a uniform distribution and, therefore,
uniform quantizer with fixed length code words.
Because of the perceptual importance of this coef-
ficient, it is aways given sufficient levels. For an 8
X 8 spatial transform, the DC coefficient is typical-
ly quantized using more than 64 levels.

The higher order coefficients are quantized
either by a Lloyd-Max quantizer optimized for the
Laplacian probability distribution and fixed-length
code words, or a uniform quantizer optimized for
variable length code words. The higher the order
of the coefficient, the more skewed toward zero is
the probability distribution. Therefore, quantizers
for higher order coefficients have more widely
spaced representation levels.

6.5.4 Adaptive Coding of
Transform Coefficients

Since the image statistics vary widely, adapting
the quantization strategy based on local areas of
the picture is beneficial. In a technique caled
threshold sampling, only those coefficients in each
block whose magnitude exceeds a prescribed
threshold are transmitted. The thresholds are care-
fully determined based on subjective considera-
tion. Therefore, low-detail blocks having a large
number of insignificant coefficients are coded with
far fewer bits than the higher detail blocks, result-
ing in a significantly lower overal bitrate. Also, to
exploit the subjective effects, high-detail blocks are
coded more coarsely than low-detail blocks.

A more systematic procedure is to classify each
transform block according to its spatial activity
into one of say Lclasses {C,, ¢ =1 ... L}. Within
each class C, the coefficient MSVs {,6?,,, m = 1
... N} and the activity function should be about
the same for each block. Optimum quantizers can
then be designed for each class such that the distor-
tion is equalized over al classes. This includes
determining which coefficients are retained, the
number of bits assigned for quantization of each
retained coefficient, and the shape of the quantiz-
er. Class information (i.e.,, which block belongs to
which class) has to be signaled to the receiver. The
reduction in bitrate due to adaptation is usualy far
higher than the overhead in the signalling informa-
tion, thusjustifying adaptive quantization.

6.6 HYBRID TRANSFORM CODING

Transform coding techniques described in the pre-
vious section involve high complexity, both in terms
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of storage and computational requirements. For
sources with stationary statistics, transform coding
with large block size removes essentialy al of the
statistical redundancy. However, real-world picture
sources arc not stationary and, therefore, small
block sizes (e.g., 8 X 8) must be used so that tech-
niques that change based on local area statistics can
be accommodated. Small block sizes are helpful in
taking advantage of psychovisual properties since,
in that case, the quantization error spreads to a
smaler area and therefore it can be better con-
trolled to match the masking effects. Similarly,
smaller blocks are better for motion compensation
since there is a larger likelihood of motion being
uniform over a smaller block. However, with small-
er block sizes, considerable block-to-block redun-
dancy may exist even after the transform operation.
In addition, smaller blocks require larger adapta-
tion information to be signalled and higher over-
head due to more frequent transmission of motion
vectors. It is this dilemmathat is partially alleviated
by hybrid transform coding.

Hybrid transform coding combines transform
and predictive coding to reduce storage and com-

Digital Compression: Fundamentals 137

putations and at the same time give a higher
degree of compression and adaptability. Intra-
frame hybrid coding, for example, may involve a
one-dimensional transform followed by line-by-line
DPCM of each transform coefficient. However, by
far the most popular design is the hybrid coder
shown in FHg. 6.28. It performs DPCM in the tem-
poral dimension using motion compensation and
transform coding with two-dimensiona blocks in
the spatial dimensions.

The first step in the hybrid interframe coder is to
partition each image frame into two-dimensional
blocks of L X L pels. Each block can be trans-
formed by a two-dimensional transform. However,
the transform is not performed on the pel vaues.
Since motion compensation is difficult to perform
in the transform domain, the spatid transform is
performed on motion compensated prediction
error as shown in Fig. 6.28. This arrangement
requires only a single frame store in the receiver.
Just as in the case of transform coding, interframe
hybrid transform coding benefits a great dea by
adapting the truncation and quantization strategy
based on local spatial and temporal detail. Owing
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Fig. 6.28 Interframe hybrid coding.
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Fig. 6.29 Vector quantization.

to the compression efficiency and smaller compu-
tational and storage requirement, this scheme has
become part of the MPEG compression standard
described in detail later in this book.

6.7 VECTOR QUANTIZATION

In predictive coding, described in the previous sec-
tion, each pel was quantized separately using a
scalar quantizer. The concept of scalar quantiza-
tion can be generalized to vector quantization in
which a group of pels is quantized at the same
time by representing them as a code vector. Such a
vector quantization can be applied to a vector of
prediction errors, or pels, or transform coefficients.
Figure 6.29 shows a group of nine pels from a3 X
3 block represented by one of the vectors from a
codebook of k vectors. The problem of vector
quantization is then to design the codebook and an
algorithm to determine the vector from the code-
book that offers the best match to the input data

The design of the codebook usually requires a
set of training pictures. The codebook can grow to

alarge size for alarge block of pels. Thus, for an 8
X 8 block compressed to two bits per pel, one
would need a codebook of size 2% vectors!
Matching the original pel blocks with each vector
of such a large size codebook normally requires
some short cuts. However, such matching is done
only at the transmitter, and the receiver is consid-
erably smpler since it does only a simple table
lookup.

Thisis in contrast to transform coding in which
a block of pels is first statistically decorrelated by
taking alinear transform, and then each coefficient
is separately quantized as a sedler. The main
advantage of vector quantization is the simple
receiver structure, which consists only of a lookup
table or codebook containing 2% code vectors.
The disadvantages include encoder complexity
and the fact that images mismatched to the code-
book may not be well represented. Over the years,
substantial progress has been made in codebook
design, development of perceptually matched
error criteria, and motion compensation. The per-
formance of vector quantization after these
improvements approaches, but does not exceed,
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that of interframc hybrid transform coding
described in the previous section. Therefore, vector
quantization has not been able to displace inter-
frame hybrid transform coding, which has aready
become the basis for the MPEG standards.

6.8 MOTION ADAPTIVE
INTERPOLATION

In many instances, individual fields or frames must
be dropped from transmission. One case of this is
when the buffer at the transmitter starts to become
full, in which case fields or frames may be dropped
from transmission to reduce the chance of buffer
overflow. In such instances, the dropped fields or
frames must be recreated at the receiver for display.
For example, the dropped fields or frames might be
recreated ssimply by repeating the previous one or
future ones by delaying the display, or by averaging
the transmitted neighboring fields/frames. Simply
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repeating fields/frames creates jerkiness in scenes
even with small motion. On the other hand, aver-
aging produces visible motion blur for moderate to
high motion.

In some cases, it is possible to improve the qual-
ity and reduce both of these two artifacts by using
estimates of motion of objects in the scene. Figure
6.30 shows an example where frame (¢ — 1) is
skipped and is reconstructed at the receiver by
using the frames transmitted at instants (k — 2) and
(K). In this case, linear interpolation for a pel at
location (xy,) in frame (k — 1) would be a smple
average of pels at the same location in frames (k —
2) and (k). This would blur the picture since pels
from the background and moving objects are aver-
aged together. If, however, the moving object were
undergoing pure displacement as shown in the fig-
ure, then apel at position (x, + dx/2, y, + dy/2)in
the skipped frame should be interpolated using
pels (x;, 3| and (x; + dx, y, + dy)in frames (k — 2)
and (K), respectively. Thisisindicated by arrows in
the figure. Thus, the schemes can be successful if

Stationary Background
7
Transmitted Moving Object
Frame k-2
N
LY
; dx
Skipped X+ S+ 3
Frame k-1
X1, Y1
‘\
A
A\
Transmitted br :
B i Moving Object
X1, Y1 D
X1 + dx, yy +dy
Displacement Vector

Fig. 6.30 Tllustration of linear and motion interpolation. '

Arrows indicating linear interpolation
Arrows indicating motion adaptive interpolation
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motion-based interpolation is applied for appropri-
ae pels.

In addition to an accurate motion estimator,
this requires segmentation of the skipped frame
into moving areas, uncovered areas in the present
frame relative to the previous frame, and areas to
be uncovered in the next frame, so that proper
interpolation can be applied. Obvioudy, pels as
well as weighting values used for interpolation of
these different segments have to be different. This
is a subject of current research. Simulations indi-
cate that under moderate motion, a 3:1 frame
dropping (i.e., skipping two out of three frames)
and motion adaptive interpolation often gives rea-
sonable motion rendition.

In this as well as other interpolation schemes,
since sometimes the interpolation may be inaccu-
rate, techniques have been devised where the qual-
ity of interpolation is checked at the transmitter,
and if the interpolation error is larger than a
threshold, correction information is transmitted to
the receiver. Owing to unavoidable inaccuracies of
the displacement estimator (eg., complex transla-
tional and rotational motion) and the segmentation
process, such side information is necessary to
reduce artifacts that may otherwise be introduced
due to faulty interpolation.

6.9 INCORPORATION OF

PERCEPTUAL FACTORS

One of the most important objectives in the design
of visual communication systems for human view-
ing is that it represent, transmit, and display only
the information that the human eye can see. To
transmit and display characteristics of images that
a human observer cannot perceive is a waste of
channel resources and display media. Therefore,
considerable work has been done to study those
properties of human vison that are helpful in eval-
uating the quality of the coded picture and that
help us to optimize the coder to achieve the lowest
transmission rate for a given picture quality. In this
section we summarize some of the major deficien-
cies of the human visual system and how they have
been exploited in the design of compression ago-

rithms. Although our understanding of the human
visual system has increased significantly over the
past century, it has also revealed many complexities
of the visual system, and we are far from develop-
ing a simple yet powerful model for visual process-
ing that can be used for optimization of coders.
Therefore, the major findings listed below should
not be interpreted as very quantitative and must be
engineered for the application a hand.

6.9.1 Chrominance Bandwidth

The trichromatic theory of color alows us to
represent any color by using a linear combination
of three primary colors for the purpose of visual
matches. This aready results in a substantial com-
pression of color information since the wavelength
distribution of the matched color may not be the
same as the actual color, athough for visual match-
es they are identical. In addition, if one of the pri-
maries is chosen to be the luminance component of
full bandwidth, then the other two chrominance
components can be reduced in their spatial band-
width without much noticeable blur. This is due to
viewers being relatively insensitive to sharpness of
the chrominance signa transitions in high-detail
areas of a picture and at edges of objects. If lumi-
nance transitions are kept sharp by allocating high-
e bandwidths to them, they tend to mask the
chrominance blurring. In NTSC television, for
example, very good picture rendition can be
obtained in most cases with chrominance compo-
nents bandlimited to about 1.5 MHz and 0.6 MHz,
respectively, (luminance bandwidth is approximate-
ly 4MHz). In the future, such bandlimiting of
chrominance components could take place in the
vertical as wdl as in the temporal dimension by
using more sophisticated spatiotemporal filters.

In analog systems, bandlimiting the chromi-
nance signal alowed a clever frequency multiplex-
ing of the luminance and chrominance signals to
cregte a composite color televison signa that was
upward compatible with the older monochrome
TV signal. For digital television, the lower band-
width of chrominance signals alows a lower rate
sampling (usually by a factor of 2 to 4) in two spa-
tid dimensions. While such bandlimiting of
chrominance does not degrade the quality of most
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natural pictures, some pictures synthesized by
computers have very sharp color transitions, and in
such cases, the effects of chrominance bandlimit-
ing may be visble.

6.9.2 Weber's Law and PCM
Coding

Placement of quantization levels for PCM cod-
ing can be based on psychovisual criteria. For gray
scale pictures, the principal effect used is Weber's
law, which states that the visibility threshold of a
perturbation in luminance increases amost linear-
ly with increasing background luminance. This
implies that the visibility of a given amount of
guantization noise decreases with luminance level,
and therefore the coarseness of the PCM quantiz-
er can be increased for higher luminance levels.
Such a nonlinear companding of the quantizer
improves the picture quality for a given bitrate.
Some of this improvement is offset by a nonlineari-
ty in cameras and cathode ray tubes (called gamma).
Gamma characteristics increase the amplitude of
the quantization error for larger values of the
luminance to some extent, and therefore partially
compensates for the Weber's law effects.

The vishility of the quantization noise in
PCM-coded pictures can be reduced by observing
that the human eye is more senditive to noise that
has strong structure than to random noise. There-
fore, to improve picture quality by breaking down
the quantization noise structure, some high-
frequency noise (called dither) may be added to the
original signa before quantizing. This noise causes
the coded signal to oscillate between the quantiz-
ing levels, thereby increasing the high-frequency
content of the quantizing noise. The contouring
patterns ordinarily arising from coarse quantiza-
tion are broken and randomized, making them less
visible.

For PCM coding of color components, the non-
linearity of the perceptual color metrics can be
used by developing a nonlinear quantization scale.
This could be done by choosing a perceptually
uniform color space and mapping the uniform
guantization of this space to the quantization of
the origina chrominance signa space. Since the
perceptualy uniform color space is a nonlinear
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mapping of the chrominance signds, its uniform
quantization creates a nonlinear quantization of
the chrominance signals. Such nonlinear quantiza-
tion can be easily implemented in the form of
lookup tables. Simultaneous quantization of the
chrominance components using perceptual redun-
dancy and constraints on the possible range lead to
a significant reduction in the PCM bitrate. Howev-
er, the total bits required for PCM quantization of
the chrominance signals is aready low, usualy ten
to twenty percent of the total bitrate. Thisis acom-
bined result of lower bandwidth and fewer quanti-
zation levels used for the chrominance components.

6.9.3 Visual Masking

It is known that there is a reduction in the visi-
bility of stimuli (or an increase in the visbility
threshold of quantization noise) superimposed on
spatially and temporally nonuniform background.
This is referred to as masking of the quantization
noise by a nonuniform background. Spatial mask-
ing has been effectively used in designing DPCM
quantizers. For the nonadaptivc quantizers, the
guantization step size is increased for large predic-
tion errors because these correspond to large tran-
sitions (edges) of the luminance signa. Section
6.4.3b gives procedures for systematically incorpo-
rating subjective effects in DPCM quantizer
designs. For adaptive quantization, as we discussed
in previous sections, pels are classified depending
on how much quantization error can be masked at
their location. Coarser quantizers are used when
larger errors can be masked.

In transform coding, higher order coefficients
that correspond to higher frequency or detall are
quantized more coarsely owing to the reduced visi-
bility of high-frequency noise. In addition, if in a
particular transform block, high-order coefficients
have large amplitudes, then the block can be classi-
fied as busy, leading to coarse quantization of al
the coefficients. Such adaptive quantization leads
to significant success in bitrate reduction, as dis-
cussed in Section 6.5.4.

6.9.4 Temporal Effects

The television signa is sampled in time. The
required sampling rate is not only a function of
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how rapid the motion is in the scene, but also the
ability of the eye to discern rapidly changing stim-
uli. At normal levels of brightness, 50 fields/s is
about the lower limit of the required temporal
rate. At this rate, most typical motion of objects
appears smooth and not jerky. However, the per-
ceptible spatia resolution decreases as the speed of
object motion increases, particularly if the moving
object cannot be tracked by the eye. Thus, during
nontrackabl e chaotic motion, spatial resolution can
be reduced. Fast trackable object motion requires
that higher spatial resolution be maintained, even
during rapid motion. Moreover, rapid trackable
motion may require higher temporal rate (eg.,
> 60 Hz) topreventjerkiness.

In interframe coding, particularly when variable
length codes are used, the coder may generate a
variable data rate depending on detail and motion
in the scene. A buffer is usually required to smooth
out the data to interface to a constant bitrate chan-
nel. One of the more effective techniques to pre-

vent buffer overload is to dynamically reduce the
tempora resolution by dropping fields or frames.
Motion compensated interpolation of the dropped
fields/frames, along with reduced visual perception
during buffer overload, continues to give good pic-
ture quality during the overload.

During a scene change, a large increase in data
may be generated. However, during the scene
change our perception of both spatial and tempo-
ral detail is low for a short period of time (approxi-
mately 4 fields or 1/15 s) immediately after the
scene change. Therefore, an effective strategy to
reduce buffer overflow during scene change is to
increase the coarseness of the quantization, drop a
larger number of transform coefficients, as well as
drop some fields/frames from transmission. As
long as the resolution is restored quickly, the effect
of reduction of these resolutions is not visible. All
the interframe coders use this strategy very effec-
tively.

APPENDIX: FAST DCT FOR 1 X 8 BLOCKS

Here we provide fast one-dimensional DCT and IDCT algorithms for blocksize 8. They are based on the
theory of rotations* and minimize the number of multiplications.

/* 1D DCT block size 8%/

/*Computed by rotations */

#define PI
#include <math.h>
dct (pels, coefs)

short
double

{

pels[8];
coefs[8];

static int i;
static double

static double alpha;
static double ts,ml, m2,m3;
static double sl([8], s2[8],
static int first=1;
double cos( ),sin( ),sqgrt( );
if (first) {

first=0;

alpha = 2*PI/ (4*8);

s3[8],

3.141592653589793238462643383279502884197169

/* input values */
/* output values */

c0,cl,c2,c3,c4,c5,c6,c7,c8,c9,cl0,cll,cl2;

/* temp variables */

s4[8], s5I[8];
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c0 = sin(4.0*alpha) - cos(4.0*alpha);
cl = cos(4.0*alpha) ;

c2 = -(sin(4.0*alpha) + cos(4.0*alpha));
c3 = sin(l.0*alpha) - cos(1l.0*alpha);

c4d = cos(l.0*alpha);

c5 = -(sin(l.0*alpha) + cos(l.0*alpha));
c6 = sin(2.0*alpha) - cos(2.0*alpha);

c7 = cos(2.0*alpha);

c8 = -(sin(2.0*alpha) + cos(2.0*alpha));
c9 = sin(3.0*alpha) - cos(3.0*alpha);

cl0 = cos(3.0*alpha) ;

cll = - (sin(3.0*alpha) + cos(3.0*alpha));
cl2 = (double)l / sqgrt((double)?2);

}

s1[0] = pels[0] + pels[7]; s1[1l] = pels[0] - pels[7];
s1[2] = pels[2] + pels[1l]; s1[3] = pels[2] - pels|[l];
s1[4] = pels[4] + pels[3]; sl1l[5] = pels[4] - pels([3];
s1l[6] = pels[5] + pels[6]; s1[7] = pels[5] - pelsl6];

s2[0] = s1[1] ; s2[1] = sl [5] ;

s2[2] = s1[0] + s1[4]; s2[3] s1[0] - s1[4];
s2[4] = s1[2] + sl1[6]; s2[5] = sl1[2] - sl1l[6];
s2[6] = s1[3] + s1([7]; s2[7] = s1[3] - s1(7];

s3[0] = s2[0]; s3[1] = s2[1];

s3[2] = s2[2]; s3[3] = s2[5]*cl2;
S3 [4] = s2[3]; s3[5] = s2 [4];
s3[6] = s2[6]; s3[7] = s2[7]*cl2;

/*The following can be skipped and incorporated
into the quantization process by doubling
the quantizer step size */
for (i = 0; 1 < 8; ++1i) s3[i] = s3[i]/2.0;

s4[0] s3[2] ; s4[1] s3[4];
s4[2] = s3[5]; s4[3] = s3[6];
s4 [4] s3[0] + s3[3]; s4l5]
s4 [6] s3([7] + s3[1]; s4[7]

s3[0] - s3I[3];
s3([7] - s3[1]1;

s4[0] + s4([2]; ml = g4[0] * c0; m2 = ts * cl;
s4[2] * c2; s5[0] =m2 + m3; s5[1] =ml + m2;

s4[4] + s4[6]; ml = s4[4] * c3; m2 = ts * c4;

s4[6] * ¢5; s5[2] =m2 + m3; s5[3] = ml + m2;
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ts = s4[1] + s4[3]; ml = s4[1] * c6; m2 = ts * c7;
m3 = s4[3] * c8; s5[4] = m2 + m3; s5[5] = ml + m2;

ts = s84[5] + s4[7]; ml = s4[5] * c9; m2 = ts * cl10;
m3 = s4[7] * cll; s5[6] =m2 + m3; s5[7] = ml + m2;

coefs[0] = s5[1], coefs[1l] = s5[2]; coefs[2] = s5[4],
coefs[3] = s5[6], coefs[4] = s5[0]; coefs[5] = s5[7],
coefs[6] = s5[5]; coefs[7] = s5[3];

return(0) ;

}

/*1d idct blocksize 8%/
#define PI 3.141592653589793238462643383279502884197169
#include <math.h>
idct (coefs, pels)
double coefs[8];
short pels|[8] ;

{
static double dout[8];
static double cl,c2,c3,c4,c5,¢c6,c7,c8,c9;
static double s1l([8],s2[8],s3[8],s4[8],s5 [8];
static double nmax2, alpha;

static int 1i;

static int first=1;

if (first) {

first=0;

nmax2 = 4;

alpha = 2*PI/(4*8) ;

cl = cos(nmax2*alpha); c¢2 = sin(nmax2*alpha);
c3 = cos(alpha); c4 = sin(alpha) ;

c5 = cos(2*alpha); c6 = sin(2*alpha);
c8 = sin(3*alpha) ;

)
c7 = cos(3*alpha) ;
e)2);

c9 = sqgrt((doubl

!

s1[0] = coefs[4]; sl1l[l] = coefs[0]; sl1l[2] = coefs[1l];
s1[3] = coefs[7]; sl[4] = coefsg[2]; sl[5] = coefs[6];
sl[6] = coefs [3]; s1[7] = coefsl[5];

s2[0] = cl1*2*s1[0] + c2*2*s1[1l]; s2[1l] = c5*2*s1[4] + c6*2*s1[5];
s2[2] = cl*2*s1[1] - c2*2*g1[0]; s2[3] = c5*2*g1[5] - c6*2*sl([4];
s2[4] = c3*2%s1[2] + c4*2*s1([3]; s2[5] = c7*2*s1[6] + c8*2*s1[7];
s2[6] = c3*2*s1[3] - c4*2*g1[2]; s2[7] = c7*2*s1[7] - c8*2*gl[6];
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s3[0] = 0.5*s2[4]

s3[2] = s2
s3[4] = s2
s3[7] = 0.

s4[0] = s3[0]; s4[1]
s4[3] = s3[4]; s4[4]
s4[6] = s3[6]; s4[7]

s5[0] = 0.5*s4[2] +
s5[2] = 0.5*s4[4] +
s5[4] = 0.5*s4([2] -
s5[6] = 0.5%s4[4] -
dout [0] = 0.5*g5[0]
dout [2] = 0.5*s5([2]
dout [4] = 0.5*s5[4]
dout [6] = 0.5*s5[6]
for(i=0; 1i<=7; i++){

Digital Compression: Fundamentals

+ 0.5*g2[5]; s3[1] = 0.5*s2[6] - 0.5*s2[7];

[0]; s3[3] = 0.5*%s2[4] - 0.5*%*s2[5];
[11; s3[5] = s2[2]; s3[6] = s2[3];
5*%g2[6] + 0.5*s2[7];

= s3[1]; s4[2] = s3[2];

= s3[5]; s4[5] = s3[3]*c9;

o O O o

+

+

s3[7] *c9;

.5*s4[3]; s5[1] = s4[0];
.5*g4[5]; s5[3] = 0.5*g4[6] + 0.5*s4[7];
.5*g4[3]; s5[5] = s4[1];
.5*s4 [5]; s5[7] = 0.5*s4[6] - 0.5*s4[7];

0.5*s5[1]; dout[1]
0.5*s5[3]; dout [3]
0.5*s5[5]; dout [5]
0.5*s5[7]; dout [7]

if (dout [i]1<0.0)pels[i] = dout[i]
else

}
return(0) ;
!
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0.5*s5[2] - 0.5*s5[3];
0.5*%s5[4] - 0.5*gs5[5