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1
Introduction to compression

1. 1 What is MPEG?

MPEG is actually an acronym for the Moving Pictures Experts Group
which was formed by the ISO (International Standards Organization) to
set standards for audio and video compression and transmission.
Compression is summarized in Figure 1.1. It will be seen in (a) that the

data rate is reduced at source by the compressor. The compressed data are
then passed through a communication channel and returned to the original
rate by the expander. The ratio between the source data rate and the channel
data rate is called the compression factor. The term coding gain is also used.
Sometimes a compressor and expander in series are referred to as a
compander. The compressor may equally well be referred to as a coder and
the expander a decoder in which case the tandem pair may be called a
codec.
Where the encoder is more complex than the decoder, the system is said

to be asymmetrical. Figure 1.1(b) shows that MPEG works in this way. The
encoder needs to be algorithmic or adaptive whereas the decoder is 'dumb'
and carries out fixed actions. This is advantageous in applications such as
broadcasting where the number of expensive complex encoders is small
but the number of simple inexpensive decoders is large. In point-to-point
applications the advantage of asymmetrical coding is not so great.

The approach of the ISO to standardization in MPEG is novel because
it is not the encoder which is standardized. Figure 1.2(a) shows that
instead the way in which a decoder shall interpret the bitstream is
defined. A decoder which can successfully interpret the bitstream is said
to be compliant. Figure 1.2(b) shows that the advantage of standardizing
the decoder is that over time encoding algorithms can improve yet
compliant decoders will continue to function with them.
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2 The MPEG Handbook

D tªª ransmuss1on
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coder decoder
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-
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Encoder is
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i.e. it does different
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what the bitstream
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Simple to
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coding system

Expensive Inexpensive
coder decoder

Few«Ideal[or Many
encoders broadcast decoders

(b)

Figure 1.1 In (a) a compression system consists of compressor or coder, a transmission
channel and a matching expander or decoder. The combination of coder and decoder is
known as a codec. (b) MPEG is asymmetrical since the encoder is much more complex
than the decoder.

It should be noted that a compliant decoder must correctly be able to
interpret every allowable bitstream, whereas an encoder which produces
a restricted subset of the possible codes can still be compliant.

The MPEG standards give very little information regarding the
structure and operation of the encoder. Provided the bitstream is
compliant, any coder construction will meet the standard, although some
designs will give better picture quality than others. Encoder construction
is not revealed in the bitstream and manufacturers can supply encoders
using algorithms which are proprietary and their details do not need to
be published. A useful result is that there can be competition between
different encoder designs which means that better designs can evolve.
The user will have greater choice because different levels of cost and
complexity can exist in a range of coders yet a compliant decoder will
operate with them all.
MPEG is, however, much more than a compression scheme as it also

standardizes the protocol and syntax under which it is possible to
combine or multiplex audio data with video data to produce a digital
equivalent of a television program. Many such programs can be
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Figure 1.2 (a) MPEG defines the protocol of the bitstream between encoder and
decoder. The decoder is defined by implication, the encoder is left very much to the
designer. (b) This approach allows future encoders of better performance to remain
compatible with existing decoders. (c) This approach also allows an encoder to produce
a standard bitstream while its technical operation remains a commercial secret.

combined in a single multiplex and MPEG defines the way in which such
multiplexes can be created and transported. The definitions include the
metadata which decoders require to demultiplex correctly and which
users will need to locate programs of interest.
As with all video systems there is a requirement for synchronizing or

genlocking and this is particularly complex when a multiplex is
assembled from many signals which are not necessarily synchronized to
one another.

1.2 Why compression is necessary

Compression, bit rate reduction, data reduction and source coding are all
terms which mean basically the same thing in this context. In essence the
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4 The MPEG Handbook

same (or nearly the same) information is carried using a smaller quantity
or rate of data. It should be pointed out that in audio compression
traditionally means a process in which the dynamic range of the sound is
reduced. In the context of MPEG the same word means that the bit rate
is reduced, ideally leaving the dynamics of the signal unchanged.
Provided the context is clear, the two meanings can co-exist without a
great deal of confusion.

There are several reasons why compression techniques are popular:

(a) Compression extends the playing time of a given storage device.
(b) Compression allows miniaturization. With fewer data to store, the

same playing time is obtained with smaller hardware. This is useful
in ENG (electronic news gathering) and consumer devices.

(e) Tolerances can be relaxed. With fewer data to record, storage density
can be reduced making equipment which is more resistant to adverse
environments and which requires less maintenance.

(d) In transmission systems, compression allows a reduction in band­
width which will generally result in a reduction in cost. This may
make possible a service which would be impracticable without it.

(e) If a given bandwidth is available to an uncompressed signal,
compression allows faster than real-time transmission in the same
bandwidth.

(f) If a given bandwidth is available, compression allows a better-quality
signal in the same bandwidth.

1.3 MPEG-1, 2 and 4 contrasted

The first compression standard for audio and video was MPEG-1.
Although many applications have been found, MPEG-1 was basically
designed to allow moving pictures and sound to be encoded into the bit
rate of an audio Compact Disc. The resultant Video-CD was quite
successful but has now been superseded by DVD. In order to meet the
low bit requirement, MPEG-1 downsampled the images heavily as well as
using picture rates of only 24-30 Hz and the resulting quality was
moderate.

The subsequent MPEG-2 standard was considerably broader in scope
and of wider appeal.° For example, MPEG-2 supports interlace and HD
whereas MPEG-1 did not. MPEG-2 has become very important because it
has been chosen as the compression scheme for both DVB (digital video
broadcasting) and DVD (digital video disk). Developments in standardiz­
ing scaleable and multi-resolution compression which would have
become MPEG-3 were ready by the time MPEG-2 was ready to be
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Introduction to compression 5

standardized and so this work was incorporated into MPEG-2, and as a
result there is no MPEG-3 standard.
MPEG-4 uses further coding tools with additional complexity to

achieve higher compression factors than MPEG-2. In addition to more
efficient coding of video, MPEG-4 moves closer to computer graphics
applications. In the more complex Profiles, the MPEG-4 decoder
effectively becomes a rendering processor and the compressed bitstream
describes three-dimensional shapes and surface texture. It is to be
expected that MPEG-4 will become as important to Internet and wireless
delivery as MPEG-2 has become in DVD and DVB.

1.4 Some applications of compression

The applications of audio and video compression are limitless and the
ISO has done well to provide standards which are appropriate to the
wide range of possible compression products.
MPEG coding embraces video pictures from the tiny screen of a

videophone to the high-definition images needed for electronic cinema.
Audio coding stretches from speech-grade mono to multichannel
surround sound.
Figure 1.3 shows the use of a codec with a recorder. The playing time

of the medium is extended in proportion to the compression factor. In the
case of tapes, the access time is improved because the length of tape
needed for a given recording is reduced and so it can be rewound more
quickly. In the case of DVD (digital video disk aka digital versatile disk)
the challenge was to store an entire movie on one 12 cm disk. The storage
density available with today's optical disk technology is such that
consumer recording of conventional uncompressed video would be out
of the question.
In communications, the cost of data links is often roughly proportional

to the data rate and so there is simple economic pressure to use a high
compression factor. However, it should be borne in mind that implement-

D tªªsource Compressor
- or -

coder Storage
device
tape,
disk,

Data RAM,
sink Expander etc.
- or -~ ~

decoder

Figure 1.3 Compression can be used around a recording medium. The storage capacity
may be increased or the access time reduced according to the application.

Google Exhibit No. 1005 
Page 013



6 The MPEG Handbook

ing the codec also has a cost which rises with compression factor and so
a degree of compromise will be inevitable.

In the case of video-on-demand, technology exists to convey full
bandwidth video to the home, but to do so for a single individual at the
moment would be prohibitively expensive. Without compression, HDTV
(high-definition television) requires too much bandwidth. With compres­
sion, HDTV can be transmitted to the home in a similar bandwidth to an
existing analog SDTV channel. Compression does not make video-on­
demand or HDTV possible; it makes them economically viable.

In workstations designed for the editing of audio and/or video, the
source material is stored on hard disks for rapid access. Whilst top-grade
systems may function without compression, many systems use compres­
sion to offset the high cost of disk storage. In some systems a compressed
version of the top-grade material may also be stored for browsing
purposes.
When a workstation is used for off-line editing, a high compression

factor can be used and artifacts will be visible in the picture. This is of no
consequence as the picture is only seen by the editor who uses it to make
an EDL (edit decision list) which is no more than a list of actions and the
timecodes at which they occur. The original uncompressed material is
then conformed to the EDL to obtain a high-quality edited work. When on­
line editing is being performed, the output of the workstation is the
finished product and clearly a lower compression factor will have to be
used. Perhaps it is in broadcasting where the use of compression will
have its· greatest impact. There is only one electromagnetic spectrum and
pressure from other services such as cellular telephones makes efficient
use of bandwidth mandatory. Analog television broadcasting is an old
technology and makes very inefficient use of bandwidth. Its replacement
by a compressed digital transmission is inevitable for the practical reason
that the bandwidth is needed elsewhere.
Fortunately in broadcasting there is a mass market for decoders and

these can be implemented as low-cost integrated circuits. Fewer encoders
are needed and so it is less important if these are expensive. Whilst the
cost of digital storage goes down year on year, the cost of the
electromagnetic spectrum goes up. Consequently in the future the
pressure to use compression in recording will ease whereas the pressure
to use it in radio communications will increase.

1.5 Lossless and perceptive coding

Although there are many different coding techniques, all of them fall into
one or other of these categories. In lossless coding, the data from the
expander are identical bit-for-bit with the original source data. The
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Introduction to compression 7

so-called 'stacker' programs which increase the apparent capacity of disk
drives in personal computers use lossless codecs. Clearly with computer
programs the corruption of a single bit can be catastrophic. Lossless
coding is generally restricted to compression factors of around 2:1.

It is important to appreciate that a lossless coder cannot guarantee a
particular compression factor and the communications link or recorder
used with it must be able to function with the variable output data rate.
Source data which result in poor compression factors on a given codec are
described as difficult. It should be pointed out that the difficulty is often
a function of the codec. In other words data which one codec finds
difficult may not be found difficult by another. Lossless codecs can be
included in bit-error-rate testing schemes. It is also possible to cascade or
concatenate lossless codecs without any special precautions.
Higher compression factors are only possible with lossy coding in

which data from the expander are not identical bit-for-bit with the source
data and as a result comparing the input with the output is bound to reveal
differences. Lossy codecs are not suitable for computer data, but are used
in MPEG as they allow greater compression factors than lossless codecs.
Successful lossy codecs are those in which the errors are arranged so that a
human viewer or listener finds them subjectively difficult to detect. Thus
lossy codecs must be based on an understanding of psycho-acoustic and
psycho-visual perception and are often called perceptive codes.

In perceptive coding, the greater the compression factor required, the
more accurately must the human senses be modelled. Perceptive coders
can be forced to operate at a fixed compression factor. This is convenient
for practical transmission applications where a fixed data rate is easier to
handle than a variable rate. The result of a fixed compression factor is that
the subjective quality can vary with the 'difficulty' of the input material.
Perceptive codecs should not be concatenated indiscriminately especially
if they use different algorithms. As the reconstructed signal from a
perceptive codec is not bit-for-bit accurate, clearly such a codec cannot be
included in any bit error rate testing system as the coding differences
would be indistinguishable from real errors.
Although the adoption of digital techniques is recent, compression

itself is as old as television. Figure 1.4 shows some of the compression
techniques used in traditional television systems.
Most video signals employ a non-linear relationship between bright­

ness and the signal voltage which is known as gamma. Gamma is a
perceptive coding technique which depends on the human sensitivity to
video noise being a function of the brightness. The use of gamma allows
the same subjective noise level with an eight-bit system as would be
achieved with a fourteen-bit linear system.
One of the oldest techniques is interlace, which has been used in analog

television from the very beginning as a primitive way of reducing
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8 The MPEG Handbook

Progressive Compress Interlaced
scan source (lossy) - signal

(a)

es casere f...
.___s_o_ur_ce__:---~----11:-►~

(b)

Component Compress Composite- PAL/NTSC/source (lossy) -
SECAM

(c)

Figure 1.4 Compression is as old as television. (a) Interlace is a primitive way of
halving the bandwidth. (b) Colour difference working invisibly reduces colour
resolution. (e) Composite video transmits colour in the same bandwidth as monochrome.

bandwidth. As will be seen in Chapter 5, interlace is not without its
problems, particularly in motion rendering. MPEG-2 supports interlace
simply because legacy interlaced signals exist and there is a requirement
to compress them. This should not be taken to mean that it is a good
idea.

The generation of colour difference signals from RGB in video
represents an application of perceptive coding. The human visual system
(HVS) sees no change in quality although the bandwidth of the colour
difference signals is reduced. This is because human perception of detail
in colour changes is much less than in brightness changes. This approach
is sensibly retained in MPEG.
Composite video systems such as PAL, NTSC and SECAM are all

analog compression schemes which embed a subcarrier in the luminance
signal so that colour pictures are available in the same bandwidth as
monochrome. In comparison with a linear-light progressive scan RGB
picture, gamma-coded interlaced composite video has a compression
factor of about 10:1.

In a sense MPEG-2 can be considered to be a modern digital equivalent
of analog composite video as it has most of the same attributes. For
example, the eight-field sequence of the PAL subcarrier which makes
editing difficult has its equivalent in the GOP (group of pictures) of
MPEG.

1.6 Compression principles

In a PCM digital system the bit rate is the product of the sampling rate
and the number of bits in each sample and this is generally constant.
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Introduction to compression 9

Nevertheless the information rate of a real signal varies. In all real signals,
part of the signal is obvious from what has gone before or what may come
later and a suitable receiver can predict that part so that only the true
information actually has to be sent. If the characteristics of a predicting
receiver are known, the transmitter can omit parts of the message in the
knowledge that the receiver has the ability to re-create it. Thus all
encoders must contain a model of the decoder.
One definition of information is that it is the unpredictable or

surprising element of data. Newspapers are a good example of
information because they only mention items which are surprising.
Newspapers never carry items about individuals who have not been
involved in an accident as this is the normal case. Consequently the
phrase 'no news is good news' is remarkably true because if an
information channel exists but nothing has been sent then it is most likely
that nothing remarkable has happened.

The unpredictability of the punch line is a useful measure of how funny a
joke is. Often the build-up paints a certain picture in the listener's
imagination, which the punch line destroys utterly. One of the author's
favourites is the one about the newly married couple who didn't know the
difference between putty and petroleum jelly - their windows fell out.

The difference between the information rate and the overall bit rate is
known as the redundancy. Compression systems are designed to
eliminate as much of that redundancy as practicable or perhaps
affordable. One way in which this can be done is to exploit statistical
predictability in signals. The information content or entropy of a sample is
a function of how different it is from the predicted value. Most signals
have some degree of predictability. A sine wave is highly predictable,
because all cycles look the same. According to Shannon's theory, any
signal which is totally predictable carries no information. In the case of
the sine wave this is clear because it represents a single frequency and so
has no bandwidth.
At the opposite extreme a signal such as noise is completely

unpredictable and as a result all codecs find noise difficult. The most
efficient way of coding noise is PCM. A codec which is designed using the
statistics of real material should not be tested with random noise because
it is not a representative test. Second, a codec which performs well with
clean source material may perform badly with source material containing
superimposed noise. Most practical compression units require some form
of pre-processing before the compression stage proper and appropriate
noise reduction should be incorporated into the pre-processing if noisy
signals are anticipated. It will also be necessary to restrict the degree of
compression applied to noisy signals.
All real signals fall part-way between the extremes of total predictabil­

ity and total unpredictability or noisiness. If the bandwidth (set by the
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Signal
level

Ideal
lossless
coder

>
Redundancy
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Figure 1.5 (a) A perfect coder removes only the redundancy from the input signal and
results in subjectively lossless coding. If the remaining entropy is beyond the capacity of
the channel some of it must be lost and the codec will then be lossy. An imperfect coder
will also be lossy as it fails to keep all entropy. (b) As the compression factor rises, the
complexity must also rise to maintain quality. (c) High compression factors also tend to
increase latency or delay through the system.

sampling rate) and the dynamic range (set by the wordlength) of the
transmission system are used to delineate an area, this sets a limit on the
information capacity of the system. Figure 1.S(a) shows that most real
signals only occupy part of that area. The signal may not contain all
frequencies, or it may not have full dynamics at certain frequencies.

Entropy can be thought of as a measure of the actual area occupied by
the signal. This is the area that must be transmitted if there are to be no
subjective differences or artifacts in the received signal. The remaining
area is called the redundancy because it adds nothing to the information
conveyed. Thus an ideal coder could be imagined which miraculously
sorts out the entropy from the redundancy and only sends the former. An
ideal decoder would then re-create the original impression of the
information quite perfectly. As the ideal is approached, the coder
complexity and the latency or delay both rise. Figure l.S(b) shows how
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Introduction to compression 11

complexity increases with compression factor. The additional complexity
of MPEG-4 over MPEG-2 is obvious from this. Figure l.5(c) shows how
increasing the codec latency can improve the compression factor.
Obviously we would have to provide a channel which could accept

whatever entropy the coder extracts in order to have transparent quality.
As a result moderate coding gains which only remove redundancy need
not cause artifacts and result in systems which are described as
subjectively lossless. If the channel capacity is not sufficient for that, then
the coder will have to discard some of the entropy and with it useful
information. Larger coding gains which remove some of the entropy
must result in artifacts. It will also be seen from Figure 1.5 that an
imperfect coder will fail to separate the redundancy and may discard
entropy instead, resulting in artifacts at a sub-optimal compression
factor.
A single variable-rate transmission or recording channel is traditionally

unpopular with channel providers, although newer systems such as ATM
support variable rate. Digital transmitters used in DVB have a fixed bit
rate. The variable rate requirement can be overcome by combining
several compressed channels into one constant rate transmission in a way
which flexibly allocates data rate between the channels. Provided the
material is unrelated, the probability of all channels reaching peak
entropy at once is very small and so those channels which are at one
instant passing easy material will make available transmission capacity
for those channels which are handling difficult material. This is the
principle of statistical multiplexing.
Where the same type of source material is used consistently, e.g.

English text, then it is possible to perform a statistical analysis on the
frequency with which particular letters are used. Variable-length coding
is used in which frequently used letters are allocated short codes and
letters which occur infrequently are allocated long codes. This results in
a lossless code. The well-known Morse code used for telegraphy is an
example of this approach. The letter e is the most frequent in English and
is sent with a single dot. An infrequent letter such as z is allocated a long
complex pattern. It should be clear that codes of this kind which rely on
a prior knowledge of the statistics of the signal are only effective with
signals actually having those statistics. If Morse code is used with another
language, the transmission becomes significantly less efficient because
the statistics are quite different; the letter z, for example, is quite common
in Czech.
The Huffman code5 is also one which is designed for use with a data

source having known statistics. The probability of the different code
values to be transmitted is studied, and the most frequent codes are
arranged to be transmitted with short wordlength symbols. As the
probability of a code value falls, it will be allocated longer wordlength.
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Figure 1.6 The Huffman code achieves compression by allocating short codes to
frequent values. To aid deserializing the short codes are not prefixes of longer codes.

The Huffman code is used in conjunction with a number of compression
techniques and is shown in Figure 1.6.

The input or source codes are assembled in order of descending
probability. The two lowest probabilities are distinguished by a single
code bit and their probabilities are combined. The process of combining
probabilities is continued until unity is reached and at each stage a bit is
used to distinguish the path. The bit will be a zero for the most probable
path and one for the least. The compressed output is obtained by reading
the bits which describe which path to take going from right to left.

In the case of computer data, there is no control over the data statistics.
Data to be recorded could be instructions, images, tables, text files and so
on; each having their own code value distributions. In this case a coder
relying on fixed source statistics will be completely inadequate. Instead a
system is used which can learn the statistics as it goes along. The Lempel­
Ziv-Welch (LZW) lossless codes are in this category. These codes build
up a conversion table between frequent long source data strings and short
transmitted data codes at both coder and decoder and initially their
compression factor is below unity as the contents of the conversion tables
are transmitted along with the data. However, once the tables are
established, the coding gain more than compensates for the initial loss. In
some applications, a continuous analysis of the frequency of code
selection is made and if a data string in the table is no longer being used
with sufficient frequency it can be deselected and a more common string
substituted.
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Lossless codes are less common for audio and video coding where
perceptive codes are permissible. The perceptive codes often obtain a
coding gain by shortening the wordlength of the data representing the
signal waveform. This must increase the noise level and the trick is to
ensure that the resultant noise is placed at frequencies where human
senses are least able to perceive it. As a result although the received signal
is measurably different from the source data, it can appear the same to the
human listener or viewer at moderate compressions factors. As these
codes rely on the characteristics of human sight and hearing, they can
only be fully tested subjectively.

The compression factor of such codes can be set at will by choosing the
wordlength of the compressed data. Whilst mild compression will be
undetectable, with greater compression factors, artifacts become notice­
able. Figure 1.5 shows that this is inevitable from entropy considerations.

1 . 7 Video compression

Video signals exist in four dimensions: these are the attributes of the
pixel, the horizontal and vertical spatial axes and the time axis.
Compression can be applied in any or all of those four dimensions. MPEG
assumes an eight-bit colour difference signal as the input, requiring
rounding if the source is ten-bit. The sampling rate of the colour signals
is less than that of the luminance. This is done by downsampling the
colour samples horizontally and generally vertically as well. Essentially
an MPEG system has three parallel simultaneous channels, one for
luminance and two colour difference, which after coding are multiplexed
into a single bitstream.

+
(a)

Spatial or
intra-coding
explores
redundancy
within a picture

I
I Tempora/or

inter-coding
explores
redundancy
between pictures

Figure 1.7 (a) Spatial or intra-coding works on individual images. (b) Temporal or
inter-coding works on successive images.
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Figure 1.7(a) shows that when individual pictures are compressed
without reference to any other pictures, the time axis does not enter the
process which is therefore described as intra-coded (intra = within)
compression. The term spatial coding will also be found. It is an advantage
of intra-coded video that there is no restriction to the editing which can
be carried out on the picture sequence. As a result compressed VTRs such
as Digital Betacam, DVC and D-9 use spatial coding. Cut editing may
take place on the compressed data directly if necessary. As spatial coding
treats each picture independently, it can employ certain techniques
developed for the compression of still pictures. The ISO JPEG (Joint
Photographic Experts Group) compression standards°"" are in this
category. Where a succession of JPEG coded images are used for
television, the term 'Motion JPEG' will be found.

Greater compression factors can be obtained by taking account of the
redundancy from one picture to the next. This involves the time axis, as
Figure 1.7(b) shows, and the process is known as inter-coded (inter =
between) or temporal compression.

Temporal coding allows a higher compression factor, but has the
disadvantage that an individual picture may exist only in terms of the
differences from a previous picture. Clearly editing must be undertaken
with caution and arbitrary cuts simply cannot be performed on the MPEG
bitstream. If a previous picture is removed by an edit, the difference data
will then be insufficient to re-create the current picture.

l. 7.1 Intra-coded compression

Intra-coding works in three dimensions on the horizontal and vertical
spatial axes and on the sample values. Analysis of typical television
pictures reveals that whilst there is a high spatial frequency content due
to detailed areas of the picture, there is a relatively small amount of
energy at such frequencies. Often pictures contain sizeable areas in which
the same or similar pixel values exist. This gives rise to low spatial
frequencies. The average brightness of the picture results in a substantial
zero frequency component. Simply omitting the high-frequency compo­
nents is unacceptable as this causes an obvious softening of the picture.
A coding gain can be obtained by taking advantage of the fact that the

amplitude of the spatial components falls with frequency. It is also
possible to take advantage of the eye's reduced sensitivity to noise in high
spatial frequencies. If the spatial frequency spectrum is divided into
frequency bands the high-frequency bands can be described by fewer bits
not only because their amplitudes are smaller but also because more noise
can be tolerated. The wavelet transform (MPEG-4 only) and the discrete
cosine transform used in JPEG and MPEG-1, MPEG-2 and MPEG-4 allow
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two-dimensional pictures to be described in the frequency domain and
these are discussed in Chapter 3.

1.7.2 Inter-coded compression

Inter-coding takes further advantage of the similarities between succes­
sive pictures in real material. Instead of sending information for each
picture separately, inter-coders will send the difference between the
previous picture and the current picture in a form of differential coding.
Figure 1.8 shows the principle. A picture store is required at the coder to
allow comparison to be made between successive pictures and a similar
store is required at the decoder to make the previous picture available.
The difference data may be treated as a picture itself and subjected to
some form of transform-based spatial compression.

The simple system of Figure l .8(a) is of limited use as in the case of a
transmission error, every subsequent picture would be affected. Channel
switching in a television set would also be impossible. In practical
systems a modification is required. One approach is the so-called 'leaky
predictor' in which the next picture is predicted from a limited number of
previous pictures rather than from an indefinite number. As a result
errors cannot propagate indefinitely. The approach used in MPEG is that
periodically some absolute picture data are transmitted in place of
difference data.

Figure 1.8b) shows that absolute picture data, known as I or intra
pictures are interleaved with pictures which are created using difference
data, known as P or predicted pictures. The I pictures require a large
amount of data, whereas the P pictures require fewer data. As a result the
instantaneous data rate varies dramatically and buffering has to be used
to allow a constant transmission rate. The leaky predictor needs less
buffering as the compression factor does not change so much from picture
to picture.

The I picture and all of the P pictures prior to the next I picture are
called a group of pictures (GOP). For a high compression factor, a large
number of P pictures should be present between I pictures, making a long
GOP. However, a long GOP delays recovery from a transmission error.
The compressed bitstream can only be edited at I pictures as shown.

In the case of moving objects, although their appearance may not
change greatly from picture to picture, the data representing them on a
fixed sampling grid will change and so large differences will be generated
between successive pictures. It is a great advantage if the effect of motion
can be removed from difference data so that they only reflect the changes
in appearance of a moving object since a much greater coding gain can
then be obtained. This is the objective of motion compensation.
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Figure 1.8 An inter-coded system (a) uses a delay to calculate the pixel differences
between successive pictures. To prevent error propagation, intra-coded pictures (b) may
be used periodically.

Introduction to motion compensation

In real television program material objects move around before a fixed
camera or the camera itself moves. Motion compensation is a process
which effectively measures motion of objects from one picture to the next
so that it can allow for that motion when looking for redundancy between
pictures. Figure 1.9 shows that moving pictures can be expressed in a
three-dimensional space which results from the screen area moving along
the time axis. In the case of still objects, the only motion is along the time
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Figure 1.9 Objects travel in a three-dimensional space along the optic flow axis which
is only parallel to the time axis if there is no movement.

axis. However, when an object moves, it does so along the optic flow axis
which is not parallel to the time axis. The optic flow axis is the locus of a
point on a moving object as it takes on various screen positions.
It will be clear that the data values representing a moving object change

with respect to the time axis. However, looking along the optic flow axis
the appearance of an object only changes if it deforms, moves into
shadow or rotates. For simple translational motions the data representing
an object are highly redundant with respect to the optic flow axis. Thus if
the optic flow axis can be located, coding gain can be obtained in the
presence of motion.
A motion-compensated coder works as follows. A reference picture is

sent, but is also locally stored so that it can be compared with another
picture to find motion vectors for various areas of the picture. The
reference picture is then shifted according to these vectors to cancel inter­
picture motion. The resultant predicted picture is compared with the actual
picture to produce a prediction error also called a residual. The prediction
error is transmitted with the motion vectors. At the receiver the reference
picture is also held in a memory. It is shifted according to the transmitted_
motion vectors to re-create the predicted picture and then the prediction
error is added to it to re-create the original.

In prior compression schemes the predicted picture followed the
reference picture. In MPEG this is not the case. Information may be
brought back from a later picture or forward from an earlier picture as
appropriate.
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7. 7.4 Film-originated video compression

Film can be used as the source of video signals if a telecine machine is
used. The most common frame rate for film is 24 Hz, whereas the field
rates of television are 50 Hz and 60 Hz. This incompatibility is patched
over in two different ways. In 50 Hz telecine, the film is simply played
slightly too fast so that the frame rate becomes 25 Hz. Then each frame is
converted into two television fields giving the correct 50 Hz field rate. In
60 Hz telecine, the film travels at the correct speed, but alternate frames
are used to produce two fields then three fields. The technique is known
as 3:2 pulldown. In this way two frames produce five fields and so the
correct 60 Hz field rate results. The motion portrayal of telecine is not
very good as moving objects judder, especially in 60 Hz systems. Figure
1.10 shows how the optic flow is portrayed in film-originated video.
When film-originated video is input to a compression system, the

disturbed optic flow will play havoc with the motion-compensation
system. In a 50 Hz system there appears to be no motion between the two
fields which have originated from the same film frame, whereas between
the next two fields large motions will exist. In 60 Hz systems, the motion
will be zero for three fields out of five.
With such inputs, it is more efficient to adopt a different processing

mode which is based upon the characteristics of the original film. Instead
of attempting to manipulate fields of video, the system de-interlaces pairs
of fields in order to reconstruct the original film frames. This can be done
by a fairly simple motion detector. When substantial motion is measured

Film
frames
at 24 Hz

Smooth
original
motion

I

s
60 Hz
TV
fields

I
Portrayed
motion

Figure 1.10 Telecine machines must use 3:2 pulldown to produce 60Hz field rate video.

Time
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between successive fields in the output of a telecine, this is taken to mean
that the fields have come from different film frames. When negligible
motion is detected between fields, this is taken to indicate that the fields
have come from the same film frame.

In 50 Hz video it is quite simple to find the sequence and produce de­
interlaced frames at 25 Hz. In 60 Hz 3:2 pulldown video the problem is
slightly more complex because it is necessary to locate the frames in
which three fields are output so that the third field can be discarded,
leaving, once more, de-interlaced frames at 25 Hz. Whilst it is relatively
straightforward to lock-on to the 3:2 sequence with direct telecine output
signals, if the telecine material has been edited on videotape the 3:2
sequence may contain discontinuities. In this case it is necessary to
provide a number of field stores in the de-interlace unit so that a series of
fields can be examined to locate the edits. Once telecine video has been
de-interlaced back to frames, intra- and inter-coded compression can be
employed using frame-based motion compensation.
MPEG transmissions include flags which tell the decoder the origin of

the material. Material originating at 24 Hz but converted to interlaced
video does not have the motion attributes of interlace because the lines in
two fields have come from the same point on the time axis. Two fields can
be combined to create a progressively scanned frame. In the case of 3:2
pulldown material, the third field need not be sent at all as the decoder
can easily repeat a field from memory. As a result the same compressed
film material can be output at 50 or 60 Hz as required.

Recently conventional telecine machines have been superseded by the
datacinewhich scans each film frame into a pixel array which can be made
directly available to the MPEG encoder without passing through an
intermediate digital video standard. Datacines are used extensively for
mastering DVDs from film stock.

1.8 Introduction to MPEG-I

As mentioned above, the intention of MPEG-1 is to deliver video and
audio at the same bit rate as a conventional audio CD. As the bit rate was
a given, this was achieved by subsampling to half the definition of
conventional television. In order to have a constant input bit rate
irrespective of the frame rate, 25 Hz systems have a picture size of 352 x
288 pixels whereas 30 Hz systems have a picture size of 352 x 240 pixels.
This is known as common intermediate format (CIF). If the input is
conventional interlaced video, CIF can be obtained by discarding
alternate fields and downsampling the remaining active lines by a factor
of two.
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As interlaced systems have very poor vertical resolution, down­
sampling to CIF actually does little damage to still images, although the
very low picture rates damage motion portrayal.
Although MPEG-1 appeared rather rough on screen, this was due to

the very low bit rate. It is more important to appreciate that MPEG-1
introduced the great majority of the coding tools which would continue
to be used in MPEG-2 and MPEG-4. These included an elementary stream
syntax, bidirectional motion-compensated coding, buffering and rate
control. Many of the spatial coding principles of MPEG-1 were taken
from JPEG. MPEG-1 also specified audio compression of up to two
channels.

1.9 MPEG-2: Profiles and Levels

MPEG-2 builds upon MPEG-1 by adding interlace capability as well as a
greatly expanded range of picture sizes and bit rates. The use of scaleable
systems is also addressed, along with definitions of how multiple MPEG
bitstreams can be multiplexed. As MPEG-2 is an extension of MPEG-1, it
is easy for MPEG-2 decoders to handle MPEG-1 data. In a sense an
MPEG-1 bitstream is an MPEG-2 bitstream which has a restricted
vocabulary and so can be readily understood by an MPEG-2 decoder.
MPEG-2 has too many applications to solve with a single standard and

so it is subdivided into Profiles and Levels. Put simply a Profile describes
a degree of complexity whereas a Level describes the picture size or
resolution which goes with that Profile. Not all Levels are supported at all
Profiles. Figure 1.11 shows the available combinations. In principle there

Profiles

0a>
D
.....J

Simple Main 4:2:2 SNR Spatial High
4:2:0 4:2:0 or

High 1920 1152 4:2:2
90 Mb/S 1920 x 1152

100 Mb/S
4:2:0 4:2:0 4:2:0 or

High 1440 1152 1440 X 1152 4:2:2
1440 60 Mb/S 60 Mb/S 1440 x1152

80 Mb/S
4:2:0 4:2:0 4:2:2 4:2:0 4: 2: O or

Main 720 X 576 720 X 576 720 X 608 720x 576 4:2:2
15 Mb/S 15 Mb/S 50 Mb/S 15 Mb/S 720 X 576
NOB 20 Mb/S

4:2:0 4:2:0
Low 352 X 288 352 X 288

4 Mb/S 4 Mb/S

Figure 1.11 Profiles and Levels in MPEG-2. See text for details.
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are twenty-four of these, but not all have been defined. An MPEG-2
decoder having a given Profile and Level must also be able to decode
lower Profiles and Levels.

The simple Profile does not support bidirectional coding and so only I
and P pictures will be output. This reduces the coding and decoding
delay and allows simpler hardware. The simple Profile has only been
defined at Main Level (SPML).

The Main Profile is designed for a large proportion of uses. The Low
Level uses a low resolution input having only 352 pixels per line. The
majority of broadcast applications will require the MPML (Main Profile
at Main Level) subset of MPEG which supports SDTV (standard
definition television). The High-1440 Level is a high-definition scheme
which doubles the definition compared to Main Level. The High Level
not only doubles the resolution but maintains that resolution with 16: 9
format by increasing the number of horizontal samples from 1440 to
1920.

In compression systems using spatial transforms and requantizing it is
possible to produce scaleable signals. A scaleable process is one in which
the input results in a main signal and a 'helper' signal. The main signal
can be decoded alone to give a picture of a certain quality, but if the
information from the helper signal is added some aspect of the quality
can be improved.

Figure l.12(a) shows that in a conventional MPEG coder, by heavily
requantizing coefficients a picture with moderate signal-to-noise ratio

In SNR Base signal - Moderate-- scaleable quality-
encoder picture

Enhancement
signal

- Low--
noise- picture-

(a)

Spatially Base signal - Low--
- scaleable resolution

encoder picture
Enhancement
signal

- High-e

resolution- picture-
(b)

Figure 1.12 (a) An SNR scaleable encoder produces a 'noisy' signal and a noise
cancelling signal. (b) A spatially scaleable encoder produces a low-resolution picture and
a resolution-enhancing picture.
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results. If, however, that picture is locally decoded and subtracted pixel
by pixel from the original, a 'quantizing noise' picture would result. This
can be compressed and transmitted as the helper signal. A simple
decoder only decodes the main 'noisy' bitstream, but a more complex
decoder can decode both bitstreams and combine them to produce a low­
noise picture. This is the principle of SNR scaleability.
As an alternative, Figure 1.12(b) shows that by coding only the lower

spatial frequencies in a HDTV picture a base bitstream can be made
which an SDTV receiver can decode. If the lower definition picture is
locally decoded and subtracted from the original picture, a 'definition­
enhancing' picture would result. This can be coded into a helper signal.
A suitable decoder could combine the main and helper signals to re­
create the HDTV picture. This is the principle of spatial scaleability.

The High Profile supports both SNR and spatial scaleability as well as
allowing the option of 4:2:2 sampling (see Section 2.11).
The 4:2:2 Profile has been developed for improved compatibility with

existing digital television production equipment. This allows 4:2:2
working without requiring the additional complexity of using the High
Profile. For example a HPML decoder must support SNR scaleability
which is not a requirement for production.
MPEG-2 increased the number of audio channels possible to five whilst

remaining compatible with MPEG-1 audio. MPEG-2 subsequently intro­
duced a more efficient audio coding scheme known as MPEG-2 AAC
(advanced audio coding) which is not backwards compatible with the
earlier audio coding schemes.

1. 1 O Introduction to MPEG-4

MPEG-4 introduces a number of new coding tools as shown in Figure
1.13. In MPEG-1 and MPEG-2 the motion compensation is based on
regular fixed-size areas of image known as macroblocks. Whilst this works
well at the designed bit rates, there will always be some inefficiency due
to real moving objects failing to align with macroblock boundaries. This
will increase the residual bit rate. In MPEG-4, moving objects can be
coded as arbitrary shapes. Figure 1.14 shows that a background can be
coded quite independently from objects in front of it. Object motion can
then be described with vectors and much-reduced residual data.
According to the Profile, objects may be two-dimensional, three­
dimensional and opaque or translucent. The decoder must contain
effectively a layering vision mixer which is capable of prioritizing image
data as a function of how close it is to the viewer. The picture coding of
MPEG-4 is known as texture coding and is more advanced than the
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Object coding

Visual object:
Part of scene which can be
independently accessed and

manipulated
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Figure 1.13 MPEG-4 introduces a number of new coding tools over those of earlier
MPEG standards. These include object coding, mesh coding, still picture coding and face
and body animation.

Video
MPEG-2
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MPEG-2
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_Video
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Figure 1.14 (a) In MPEG-1 and MPEG-2, computer graphic images must be rendered to
video before coding. (b) In contrast, MPEG-4 may move the rendering process to the
decoder, reducing the bit rate needed with the penalty of increased decoder complexity.

MPEG-2 equivalent, using more lossless predictive coding for pixel
values, coefficients and vectors.

In addition to motion compensation, MPEG-4 can describe how an
object changes its perspective as it moves using a technique called mesh
coding. By warping another image, the prediction of the present image is
improved. MPEG-4 also introduces coding for still images using DCT or
wavelets.
Although MPEG-2 supported some scaleability, MPEG-4 also takes this

further. In addition to spatial and noise scaleability, MPEG-4 also allows

Google Exhibit No. 1005 
Page 031



24 The MPEG Handbook

temporal scaleability where a base level bitstream having a certain frame
rate may be augmented by an additional enhancement bitstream to
produce a decoder output at a higher frame rate. This is important as it
allows a way forward from the marginal frame rates of today's film and
television formats whilst remaining backwards compatible with tradi­
tional equipment. The comprehensive scaleability of MPEG-4 is equally
important in networks where it allows the user the best picture possible
for the available bit rate.
MPEG-4 also introduces standards for face and body animation.

Specialized vectors allow a still picture of a face and optionally a body to
be animated to allow expressions and gestures to accompany speech at
very low bit rates. In some senses MPEG-4 has gone upstream of the
video signal which forms the input to MPEG-1 and MPEG-2 coders to
analyse ways in which the video signal was rendered. Figure l.14(a)
shows that in a system using MPEG-1 and MPEG-2, all rendering and
production steps take place before the encoder. Figure l.14(b) shows that
in MPEG-4, some of these steps can take place in the decoder. The
advantage is that fewer data need to be transmitted. Some of these data
will be rendering instructions which can be very efficient and result in a
high compression factor. As a significant part of the rendering takes place
in the decoder, computer graphics generators can be designed directly to
output an MPEG-4 bitstream. In interactive systems such as simulators
and video games, inputs from the user can move objects around the
screen. The disadvantage is increased decoder complexity, but as the
economics of digital processing continues to advance this is hardly a
serious concern.
As might be expected, the huge range of coding tools in MPEG-4 is

excessive for many applications. As with MPEG-2 this has been dealt
with using Profiles and Levels. Figure 1.15 shows the range of Visual

Simple
Core
Main
Simple scaleable
N-bit
Animated 2-D mesh
Basic animated texture
Still scaleable texture

________ Simple face animation__
Advanced real time simpleu

e .g Advanced coding efficiency
O 0

Advanced scaleable texture
e{i Core scaleable

Simple FSA

Figure 1.15 The visual object types supported by MPEG-4 in versions 1 and 2.
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Version 1 visual profiles

Object types Simple Core Main Simple N-bit Animated Basic Scaleable Simple
scaleable 2D mesh animated texture face

Profiles texture

1. Simple X
2. Simple scaleable X X
3. Core X X
4. Main X X X X
5. N-bit X X X
6. Hybrid X X X X X X
7. Basic animated X X Xtexture
8. Scaleable texture X
9. Simple FA X

Version 2 visual profiles

Object types Simple Simple Core Core Advanced Advanced Advanced Simple
scalable scalable real time coding scalable FBA

Profiles simple efficiency texture

V2-1. Advanced real Xtime simple X

V2-2. Core scaleable X X X X
V2-3. Advanced coding X X Xefficiency
V2-4. Advanced core X X X
V2-5. Advanced

Xscalable texture
V2-6. Simple FBA X

Figure 1.16 The visual object types supported by each visual profile of MPEG-4.

Object types in version 1 of MPEG-4 and as expanded in version 2. For
each visual object type the coding tools needed is shown. Figure 1.16
shows the relationship between the Visual Profiles and the Visual Object
types supported by each Profile. The crossover between computer­
generated and natural images is evident in the Profile structure where
Profiles 1-5 cover natural images, Profiles 8 and 9 cover rendered images
and Profiles 6 and 7 cover hybrid natural/rendered images. It is only
possible to give an introduction here and more detail is provided in
Chapter 5. MPEG-4 also extends the boundaries of audio coding. The
MPEG-2 AAC technique is extended in MPEG-4 by some additional tools.
New tools are added which allow operation at very low bit rates for
speech applications. Also introduced is the concept of structured audio in
which the audio waveform is synthesized at the decoder from a bitstream
which is essentially a digital musical score.
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1. 11 Audio compression

Perceptive coding in audio relies on the principle of auditory masking,
which is treated in detail in section 4.1. Masking causes the ear/brain
combination to be less sensitive to sound at one frequency in the presence
of another at a nearby frequency. If a first tone is present in the input, then
it will mask signals of lower level at nearby frequencies. The quantizing
of the first tone and of further tones at those frequencies can be made
coarser. Fewer bits are needed and a coding gain results. The increased
quantizing error is allowable if it is masked by the presence of the first
tone.

1.11.1

1.11.2

1.11.3

Sub-band coding

Sub-band coding mimics the frequency analysis mechanism of the ear
and splits the audio spectrum into a large number of different bands.
Signals in these bands can then be quantized independently. The
quantizing error which results is confined to the frequency limits of the
band and so it can be arranged to be masked by the program material.
The techniques used in Layers I and II of MPEG audio are based on sub­
band coding as are those used in DCC (Digital Compact Cassette).

Transform coding

In transform coding the time-domain audio waveform is converted into
a frequency domain representation such as a Fourier, discrete cosine or
wavelet transform (see Chapter 3). Transform coding takes advantage of
the fact that the amplitude or envelope of an audio signal changes
relatively slowly and so the coefficients of the transform can be
transmitted relatively infrequently. Clearly such an approach breaks
down in the presence of transients and adaptive systems are required in
practice. Transients cause the coefficients to be updated frequently
whereas in stationary parts of the signal such as sustained notes the
update rate can be reduced. Discrete cosine transform (DCT) coding is
used in Layer III of MPEG audio and in the compression system of the
Sony MiniDisc.

Predictive coding

In a predictive coder there are two identical predictors, one in the coder
and one in the decoder. Their job is to examine a run of previous data
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values and to extrapolate forward to estimate or predict what the next
value will be. This is subtracted from the actual next code value at the
encoder to produce a prediction error which is transmitted. The decoder
then adds the prediction error to its own prediction to obtain the output
code value again.
Prediction can be used in the time domain, where sample values are

predicted, or in the frequency domain where coefficient values are
predicted. Time-domain predictive coders work with a short encode and
decode delay and are useful in telephony where a long loop delay causes
problems. Frequency prediction is used in AC-3 and MPEG AAC.

1.12 MPEG bitstreams

MPEG supports a variety of bitstream types for various purposes and
these are shown in Figure 1.17. The output of a single compressor (video
or audio) is known as an elementary stream. In transmission, many
elementary streams will be combined to make a transport stream.
Multiplexing requires blocks or packets of constant size. It is advanta­
geous if these are short so that each elementary stream in the multiplex
can receive regular data. A transport stream has a complex structure
because it needs to incorporate metadata indicating which audio

- ProgramVideo -
Compressor - Packetizer - stream -- - 11 ¡ ¡ ___. mux

Program
stream

- TransportAudio -
Compressor - Packetizer stream p

1 - -¡ ¡ -~ mux 1
Single program
transport strea
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Packetized
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Figure 1.17 The bitstream types of MPEG-2. See text for details.
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elementary streams and ancillary data are associated with which video
elementary stream. It is possible to have a single program transport
stream (SPTS) which carries only the elementary streams of one TV
program.

For certain purposes, such as recording a single elementary stream, the
transport stream is not appropriate. The small packets of the transport
stream each require a header and this wastes storage space. In this case a
program stream can be used. A program stream is a simplified bitstream
which multiplexes audio and video for a single program together,
provided they have been encoded from a common locked clock. Unlike a
transport stream, the blocks are larger and are not necessarily of fixed
size.

1.13 Drawbacks of compression

By definition, compression removes redundancy from signals. Redun­
dancy is, however, essential to making data resistant to errors. As a result,
compressed data are more sensitive to errors than uncompressed data.
Thus transmission systems using compressed data must incorporate
more powerful error-correction strategies and avoid compression tech­
niques which are notoriously sensitive. As an example, the Digital
Betacam format uses relatively mild compression and yet requires 20 per
cent redundancy whereas the D-5 format does not use compression and
only requires 17 per cent redundancy even though it has a recording
density 30 per cent higher. Techniques using tables such as the Lempel­
Ziv-Welch codes are very sensitive to bit errors as an error in the
transmission of a table value results in bit errors every time that table
location is accessed. This is known as error propagation. Variable-length
techniques such as the Huffman code are also sensitive to bit errors. As
there is no fixed symbol size, the only way the decoder can parse a serial
bitstream into symbols is to increase the assumed wordlength a bit at a
time until a code value is recognized. The next bit must then be the first
bit in the next symbol. A single bit in error could cause the length of a
code to be wrongly assessed and then all subsequent codes would also be
wrongly decoded until synchronization could be re-established. Later
variable-length codes sacrifice some compression efficiency in order to
offer better resynchronization properties.

In non-real-time systems such as computers an uncorrectable error
results in reference to the back-up media. In real-time systems such as
audio and video this is impossible and concealment must be used.
However, concealment relies on redundancy and compression reduces
the degree of redundancy. Media such as hard disks can be verified so
that uncorrectable errors are virtually eliminated, but tape is prone to
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dropouts which will exceed the burst-correcting power of the replay
system from time to time. For this reason the compression factors used on
audio or video tape should be moderate.
As perceptive coders introduce noise, it will be clear that in a

concatenated system the second codec could be confused by the noise
due to the first. If the codecs are identical then each may well make, or
better still be designed to make, the same decisions when they are in
tandem. If the codecs are not identical the results could be disappointing.
Signal manipulation between codecs can also result in artifacts which
were previously undetectable becoming visible because the signal which
was masking them is no longer present.

In general, compression should not be used for its own sake, but only
where a genuine bandwidth or cost bottleneck exists. Even then the
mildest compression possible should be used. Whilst high compression
factors are permissible for final delivery of material to the consumer, they
are not advisable prior to any post-production stages. For contribution
material, lower compression factors are essential and this is sometimes
referred to as mezzanine level compression.
One practical drawback of compression systems is that they are largely

generic in structure and the same hardware can be operated at a variety
of compression factors. Clearly the higher the compression factor, the
cheaper the system will be to operate so there will be economic pressure
to use high compression factors. Naturally the risk of artifacts is increased
and so there is (or should be) counterpressure from those with
engineering skills to moderate the compression. The way of the world at
the time of writing is that the accountants have the upper hand. This was
not a problem when there were fixed standards such as PAL and NTSC,
as there was no alternative but to adhere to them. Today there is plenty
of evidence that the variable compression factor control is being turned
too far in the direction of economy.
It has been seen above that concatenation of compression systems

should be avoided as this causes generation loss. Generation loss is worse
if the codecs are different. Interlace is a legacy compression technique and
if concatenated with MPEG, generation loss will be exaggerated. In
theory and in practice better results are obtained in MPEG for the same
bit rate if the input is progressively scanned. Consequently the use of
interlace with MPEG coders cannot be recommended for new systems.
Chapter 5 explores this theme in greater detail.

1.14 Compression pre-processing

Compression relies completely on identifying redundancy in the source
material. Consequently anything which reduces that redundancy will
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have a damaging effect. Noise is particularly undesirable as it creates
additional spatial frequencies in individual pictures as well as spurious
differences between pictures. Where noisy source material is anticipated
some form of noise reduction will be essential.
When high compression factors must be used to achieve a low bit rate,

it is inevitable that the level of artifacts will rise. In order to contain the
artifact level, it is necessary to restrict the source entropy prior to the
coder. This may be done by spatial low-pass filtering to reduce the picture
resolution, and may be combined with downsampling to reduce the
number of pixels per picture. In some cases, such as teleconferencing, it
will also be necessary to reduce the picture rate. At very low bit rates the
use of interlace becomes acceptable as a pre-processing stage providing
downsampling prior to the MPEG compression.
A compression pre-processor will combine various types of noise

reduction (see Chapter 3) with spatial and temporal downsampling.

1.15 Some guidelines

Although compression techniques themselves are complex, there are
some simple rules which can be used to avoid disappointment. Used
wisely, MPEG compression has a number of advantages. Used in an
inappropriate manner, disappointment is almost inevitable and the
technology could get a bad name. The next few points are worth
remembering.

• Compression technology may be exciting, but if it is not necessary it
should not be used.

• If compression is to be used, the degree of compression should be as
small as possible; i.e. use the highest practical bit rate.

• Cascaded compression systems cause loss of quality and the lower the
bit rates, the worse this gets. Quality 1oss increases if any post­
production steps are performed between compressions.

• Avoid using interlaced video with MPEG.
• Compression systems cause delay.
• Compression systems work best with clean source material. Noisy

signals or poorly decoded composite video give poor results.
• Compressed data are generally more prone to transmission errors than
non-compressed data. The choice of a compression scheme must
consider the error characteristics of the channel.

• Audio codecs need to be level calibrated so that when sound pressure
level-dependent decisions are made in the coder those levels actually
exist at the microphone.
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• Low bit rate coders should only be used for the final delivery of post­
produced signals to the end-user.

• Don't believe statements comparing codec performance to 'VHS
quality' or similar. Compression artifacts are quite different from the
artifacts of consumer VCRs.

• Quality varies wildly with source material. Beware of 'convincing'
demonstrations which may use selected material to achieve low bit
rates. Use your own test material, selected for a balance of difficulty.

• Don't be browbeaten by the technology. You don't have to understand
it to assess the results. Your eyes and ears are as good as anyone's so
don't be afraid to criticize artifacts. In the case of video, use still frames
to distinguish spatial artifacts from temporal ones.
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performance of the coder. Generally, decoders do not cause significant 
loss of quality; they make the best of the data from the coder. Similarly, 
DACs cause little quality loss above that due to the ADC. In practical 
systems the loss of quality is dominated by the action of the coder. In 
communication theory, compression is known as source coding in order to 
distinguish it from the channel coding necessary reliably to send data 
down transmission or recording channels. This book is not concerned 
with channel coding but details can be found elsewhere.2 

2.5 Sampling 

Sampling is a process of periodic measurement which can take place in 
space or time and in sev.~ral dimensions at once. Figure 2.4(a) shows that 
in temporal sampling the frequency of the signal to be sampled and the 
sampling rate F8 are measured in Hertz (Hz), the standard unit of 
temporal frequency. In still images such as photographs there is no 
temporal change and Figure 2.4(b) shows that the sampling is spatial. The 
sampling rate is now a spatial frequency. The absolute unit of spatial 
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Figure 2.4 (a) Electrical waveforms are sampled temporally at a sampling rate 

CPW 
~ 

measured inHz. (b) Image information must be sampled spatially, but there is no single 
unit of spatial sampling frequency. (c) The acuity of the eye is measured as a subtended 
angle, and here two different displays of different resolutions give the same result at the 
eye because they are at a different distance. (d) Size-independent units such as cycles per 
picture height will also be found. 
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Figure 2.18 Some examples of sampled systems in which filtering is inadequate or 
absent. 

little energy in the pulses and noise can be a problem. A practical limit is 
around 12.5 per cent where the frequency response is virtually ideal. 

It should be stressed that in real systems there will often be more than 
one aperture effect. The result is that the frequency responses of the 
various aperture effects multiply, which is the same as saying that their 
impulse responses convolve. Whatever fine words are used, the result is 
an increasing loss of high frequencies where a series of acceptable devices 
when cascaded produce an unacceptable result. 

In many systems, for reasons of economy or ignorance, reconstruction 
is simply not used and the system output is an unfiltered ZOH 
waveform. Figure 2.18 shows some examples of this kind of thing which 
are associated with the 'digital look'. It is important to appreciate that in 
well-engineered systems containing proper filters there is no such thing 
as the digital look. 

2.8 Choice of audio sampling rate 

The Nyquist criterion is only the beginning of the process which must be 
followed to arrive at a suitable sampling rate. The slope of available filters 
will compel designers to raise the sampling rate above the theoretical 
Nyquist rate. For consumer products, the lower the sampling rate, the 
better, since the cost of the medium or channel is directly proportional to 
the sampling rate: thus sampling rates near to twice 20 kHz are to be 
expected. 

Where very low bit-rate compression is to be used, better results may 
be obtained by reducing the sampling rate so that the compression factor 
is not as great. 

For professional products, there is a need to operate at variable speed 
for pitch correction. When the speed of a digital recorder is reduced, the 
offtape sampling rate falls, and Figure 2.19 shows that with a minimal 
sampling rate the first image frequency can become low enough to pass 
the reconstruction filter. If the sampling frequency is raised without 
changing the response of the filters, the speed can be reduced without this 
problem. It follows that variable-speed recorders, generally those with 
stationary heads, must use a higher sampling rate. 
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Figure 2.19 At normal speed, the reconstruction filter correctly prevents images 
entering the baseband, as in (a). When speed is reduced, the sampling rate falls, and a 
fixed filter will allow part of the lower sideband of the sampling frequency to pass. If 
the sampling rate of the machine is raised, but the filter characteristic remains the same, 
the problem can be avoided, as in (c). 

In the early days of digital audio, video recorders were adapted to store 
audio samples by creating a pseudo-video waveform which could convey 
binary as black and white levels.9 The sampling rate of such a system is 
constrained to relate simply to the field rate and field structure of the 
television standard used, so that an integer number of samples can be 
stored on each usable TV line in the field. Such a recording can be made 
on a monochrome recorder, and these recordings are rriade in two 
standards, 525 lines at 60 Hz and 625 lines at 50 Hz. Thus it was necessary 
to find a frequency which is a common multiple of the two and also 
suitable for use as a sampling rate. 
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The allowable sampling rates in a pseudo-video system can be deduced 
by multiplying the field rate by the number of active lines in a field 
(blanked lines cannot be used) and again by the number of samples in a 
line. By careful choice of parameters it is possible to use either 525 / 60 or 
625/50 video with a sampling rate of 44.1 kHz. 

In 60 Hz video, there are 35 blanked lines, leaving 490 lines per frame, 
or 245 lines per field for samples. If three samples are stored per line, the 
sampling rate becomes 

60 x 245 x 3 = 44.lkHz 

In 50 Hz video, there are 37 lines of blanking, leaving 588 active lines per 
frame, or 294 per field, so the same sampling rate is given by 

50 x 294 x 3 = 44.lkHz 

The sampling rate of 44.1 kHz came to be that of the Compact Disc. 
Even though CD has no video circuitry, the equipment used to make CD 
masters was originally video-based and determined the sampling rate. 

For landlines to FM stereo broadcast transmitters having a 15 kHz 
audio bandwidth, the sampling rate of 32 kHz is more than adequate, and 
has been in use for some time-in the United Kingdom and Japan. This 
frequency is also used in the NICAM 728 stereo TV sound system, in DVB 
audio • and in DAB. The professional sampling rate of 48kHz was 
proposed as having a simple relationship to 32 kHz, being far enough 
above 40 kHz for variable-speed operation, and having a simple 
relationship with 50 Hz frame rate video which would allow digital video 
recorders to store the convenient number of 960 audio samples per video 
field. This is the sampling rate used by all production DVTRs. The field 
rate offset of 59.94 Hz video does not easily relate to any of the above 
sampling rates, and requires special handling which is outside the scope 
of this book.10 

Although in a perfect world the adoption of a single sampling rate 
might have had virtues, for practical and economic reasons digital audio 
now has essentially three rates to support: 32 kHz for broadcast, 44.1 kHz 
for CD, and 48kHz for professional use.11 In MPEG these audio sampling 
rates may be halved for low bit rate applications with a corresponding 
loss of audio bandwidth. 

2. 9 Video sampling structures 

Component or colour difference signals are used primarily for post­
production work where quality and flexibility are paramount. In colour 
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difference working, the important requirement is for image manipulation 
in the digital domain. This is facilitated by a sampling rate which is a 
multiple of line rate because then there is a whole number of samples in 
a line and samples are always in the same position along the line and can 
form neat columns. A practical difficulty is that the line period of the 525 
and 625 systems is slightly different. The problem was overcome by the 
use of a sampling clock which is an integer multiple of both line rates. 

ITU- 601 (formerly CCIR-601) recommends the use of certain sampling 
rates which are based on integer multiples of the carefully chosen 
fundamental frequency of 3.375 MHz. This frequency is normalized to 1 
in the document. 

In order to sample 625 / 50 luminance signals without quality loss, the 
lowest multiple possible is 4 which represents a sampling rate of 
13.5 MHz. This frequency line-locks to give 858 samples per line period in 
525/59.94 and 864 samples per line period in 625/50. 

In the component analog domain, the colour difference signals used for 
production purposes typically have one half the bandwidth of the 
luminance signal. Thus a sampling rate multiple of 2 is used and results 
in 6.75 MHz. This sampling rate allows respectively 429 and 432 samples 
per line. Component video sampled in this way has a 4:2:2 format. Whilst 
other combinations are possible, 4:2:2 is the format for which the majority 
of digital component production equipment is constructed. The D-1, D-5, 
D-9, SX and Digital Betacam DVTRs operate with 4:2:2 format data. 
Figure 2.20 shows the spatial arrangement given by 4:2:2 sampling. 

Linen 

Co-sited sample 

I I I I /--r-/ I 
--C-R r,.,Y_C_s--rtY ___ C_R r,.,Y_C_s--~r-...,/,...::,-~-~-~r,-~--~-::,;-/ --illr:--- etc 

y y y y y y 
Linen+ 1 

Figure 2.20 In CCIR-601 sampling mode 4:2:2, the line synchronous sampling rate of 
13.5 MHz results in samples having the same position in successive lines, so that vertical 
columns are generated. The sampling rates of the colour difference signals CR, CB are 
one-half of that of luminance, i.e. 6.75MHz, so that there are alternate Y only samples 
and co-sited samples which describe Y, CR and CB. In a run of four samples, there will 
be four Y samples, two CR samples and two CB samples, hence 4:2:2. 
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Luminance samples appear at half the spacing of colour difference 
samples, and every other luminance sample is co-sited with a pair of 
colour difference samples. Co-siting is important because it allows all 
attributes of one picture point to be conveyed with a three-sample vector 
quantity. Modification of the three samples allows such techniques as 
colour correction to be performed. This would be difficult without co­
sited information. Co-siting is achieved by clocking the three ADCs 
simultaneously. 

For lower bandwidths, particularly in prefiltering operations prior to 
compression, the sampling rate of the colour difference signal can be 
halved. 4:1:1 delivers colour bandwidth in excess of that required by the 
composite formats and is used in 60 Hz DV camcorder formats. 

In 4:2:2 the colour difference signals are sampled horizontally at half 
the luminance sampling rate, yet the vertical colour difference sampling 
rates are the same as fof luma. Whilst this is not a problem in a 
production application, this disparity of sampling rates represents a data 
rate overhead which is undesirable in a compression environment. In this 
case it is possible to halve the vertical sampling rate of the colour 
difference signals as well, producing a format known as 4:2:0. 

This topic is the source of considerable confusion. In MPEG-1, which 
was designed for a low bit rate, the single ideal 4:2:0 subsampling 
strategy of (Figure 2.21(a) was used. The colour data are vertically low­
pass filtered to the same bandwidth in two dimensions and interpolated 

X X X X X = Luma sample 

() () ( ) = Cr, Cb sample 

X X X X '-

() () 

X X X X 

(a) MPEG-1 chroma downsampling (4:2:0) 

X X X X X = Luma sample 

() () ( ) = Cr, Cb sample 

X X X X 

() () 

X X X X 

(b) MPEG-2 chroma downsampling (4:2:0) 

Figure 2.21 (a) In MPEG-1, colour difference information is downsampled and shifted 
so that it is symmetrically disposed about the luminance pixels. (b) In MPEG-2 the 
horizontal shift was abandoned. 
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2.10 

so that the remaining colour pixels are equidistant from the source pixels. 
This has the effect of symmetrically disposing the colour information 
with respect to the luma. When MPEG-2 was developed, it was a 
requirement to support 4:4:4, 4:2:2 and 4:2:0 colour structures. Figure 
2.21(b) shows that in MPEG-2, the colour difference samples require no 
horizontal interpolation in 4:4:4 or 4:2:2 and so for consistency they don't 
get it in 4:2:0 either. As a result there are two different 4:2:0 structures, 
one for MPEG-1 and one for MPEG-2 and MPEG-4. In vertical 
subsampling a new virtual raster has been created for the chroma 
samples. At the decoder a further interpolation will be required to put the 
decoded chroma data back onto the display raster. This causes a small 
generation loss which is acceptable for a single-generation codec as used 
in broadcasting, but not in multi-generation codecs needed for produc­
tion. This problE:m was one of the reasons for the development of the 4:2:2 
Profile of MPEG-2 which avoids the problem by retaining the colour 
information on every line. 

The sampling rates of ITU-601 are based on commonality between 525-
and 625-line systems. However, the consequence is that the pixel spacing 
is different in the horizontal and vertical axes. This is incompatible with 
computer graphics in which so-called 'square' pixels are used. This 
means that the horizontal and vertical spacing is the same, giving the 
same resolution in both axes. However, high-definition TV and computer 
graphics formats universally use 'square' pixels. MPEG can handle 
various pixel aspect ratios and allows a control code to be embedded in 
the sequence header to help the decoder. 

The phase-locked loop 

All digital video systems need to be clocked at the appropriate rate in 
order to function properly. Whilst a clock may be obtained from a fixed 
frequency oscillator such as a crystal, many operations in video require 
genlocking or synchronizing the clock to an external source. 

In phase-locked loops, the oscillator can run at a range of frequencies 
according to the voltage applied to a control terminal. This is called a 
voltage-controlled oscillator or VCO. Figure 2.22 shows that the VCO is 
driven by a phase error measured between the output and some 
reference. The error changes the control voltage in such a way that the 
error is reduced, so that the output eventually has the same frequency as 
the reference. A low-pass filter is fitted in the control voltage path to 
prevent the loop becoming unstable. If a divider is placed between the 
VCO and the phase comparator, as in the figure, the VCO frequency can 
be made to be a multiple of the reference. This also has the effect of 
making the loop more heavily damped, so that it is less likely to change 
frequency if the input is irregular. 
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MPEG video compression

In this chapter the principles of video compression are explored, leading
to descriptions of MPEG-1, MPEG-2 and MPEG-4. MPEG-1 supports only
progressively scanned images, whereas MPEG-2 and MPEG-4 support
both progressive and interlaced scan. MPEG uses the term 'picture' to
mean a full-screen image of any kind at one point on the time axis. This
could be a field or a frame in interlaced systems but only a frame in non­
interlaced systems. The terms field and frame will be used only when the
distinction is important. MPEG-4 introduces object coding which can
handle entities that may not fill the screen. In MPEG-4 the picture
becomes a plane in which one or more video objects can be displayed,
hence the term video object plane (VOP).

5.1 The eye

All imaging signals ultimately excite some response in the eye and the
viewer can only describe the result subjectively. Familiarity with the
functioning and limitations of the eye is essential to an understanding of
image compression. The simple representation of Figure 5.1 shows that
the eyeball is nearly spherical and is swivelled by muscles. The space
between the cornea and the lens is filled with transparent fluid known as
aqueous humour. The remainder of the eyeball is filled with a transparent
jelly known as vitreous humour. Light enters the cornea, and the amount of
light admitted is controlled by the pupil in the iris. Light entering is
involuntarily focused on the retina by the lens in a process called visual
accommodation. The lens is the only part of the eye which is not nourished
by the bloodstream and its centre is technically dead. In a young person
the lens is flexible and muscles distort it to perform the focusing action.
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developers at a time when things were so much harder. However, we
must also recognize that the context in which interlace made sense has
disappeared.

5.7 Spatial and temporal redundancy in MPEG
Chapter 1 introduced these concepts in a general sense and now they will
be treated with specific reference to MPEG. Figure 5.18(a) shows that
spatial redundancy is redundancy within a single picture or object, for
example repeated pixel values in a large area of blue sky. Temporal
redundancy (b) exists between successive pictures or objects.

In MPEG, where temporal compression is used, the current picture/
object is not sent in its entirety; instead the difference between the current
picture/object and the previous one is sent. The decoder already has the
previous picture/object, and so it can add the difference, or residual image,
to make the current picture/object. A residual image is created by
subtracting every pixel in one picture/object from the corresponding pixel
in another. This is trivially easy when pictures are restricted to progressive
scan, as in MPEG-1, but MPEG-2 had to develop greater complexity
(continued in MPEG-4) so that this can also be done with interlaced
pictures. The handling of interlace in MPEG will be detailed later.

+ Spatial or
intra-coding
explores
redundancy
within a picture

(a)

I Tempora/orI
inter-coding
explores
redundancy

Sv

between pictures

4
(b)

Picture
Picture difference

Picture
OutSpatial

coder

(c)

Figure 5.18 (a) Spatial or intra-coding works on individual images. (b) Temporal or
inter-coding works on successive images. (c) In MPEG inter-coding is used to create
difference images. These are then compressed spatially.
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A residual is an image of a kind, although not a viewable one, and so
should contain some kind of spatial redundancy. Figure 5.18(c) shows
that MPEG takes advantage of both forms of redundancy. Residual
images are spatially compressed prior to transmission. At the decoder the
spatial compression is decoded to re-create the residual, then this is
added to the previous picture/object to complete the decoding process.
Whenever objects move they will be in a different place in successive

pictures. This will result in large amounts of difference data. MPEG
overcomes the problem using motion compensation. The encoder
contains a motion estimator which measures the direction and distance of
motion between pictures and outputs these as vectors which are sent to
the decoder. When the decoder receives the vectors it uses them to shift
data in a previous picture to more closely resemble the current picture.
Effectively the vectors are describing the optic flow axis of some moving
screen area, along which axis the image is highly redundant. Vectors are
bipolar codes which determine the amount of horizontal and vertical shift
required.

In real images, moving objects do not necessarily maintain their
appearance as they move. For example, objects may move into shade or
light. Consequently motion compensation can never be ideal and it is still
necessary to send a residual to make up for any shortcomings in the
motion compensation.

Figure 5.19 shows how this works in MPEG-1 and MPEG-2. In addition
to the motion-encoding system, the coder also contains a motion decoder.
When the encoder outputs motion vectors, it also uses them locally in the
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error
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Figure 5.19 A motion-compensated compression system. The coder calculates motion
vectors which are transmitted as well as being used locally to create a predicted picture.
The difference between the predicted picture and the actual picture is transmitted as a
prediction error.
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same way that a real decoder will, and is able to produce a predicted
picture based solely on the previous picture shifted by motion vectors.
This is then subtracted from the actual current picture to produce a
prediction error or residual which is an image of a kind that can be spatially
compressed. The decoder takes the previous picture, shifts it with the
vectors to re-create the predicted picture and then decodes and adds the
prediction error to produce the actual picture. Picture data sent as vectors
plus prediction error are said to be P coded.
The concept of sending a prediction error is a useful approach because

it allows both the motion estimation and compensation to be imperfect.
An ideal motion compensation system will send just the right amount of
vector data. With insufficient vector data, the prediction error will be
large, but transmission of excess vector data will also cause the the bit rate
to rise. There will be an optimum balance which minimizes the sum of the
prediction error data and the vector data.

In MPEG-1 and MPEG-2 the balance is obtained by dividing the screen
into areas called macroblocks which are 16 luminance pixels square. Each
macroblock is associated with a vector. The vector has horizontal and
vertical components so that, used in combination, these can shift pixel
data in any direction. The location of the boundaries of a macroblock are
fixed with respect to the display screen and so clearly the vector cannot
move the macroblock. Instead the vector tells the decoder where to look
in another picture to find pixel data which will be fetched to the
macroblock. Figure 5.20(a) shows this concept. The shifting process is
generally done by modifying the read address of a RAM using the vector.
This can shift by one-pixel steps. MPEG-2 vectors have half-pixel
resolution so it is necessary to interpolate between pixels from RAM to
obtain half-pixel shifted values. Chapter 3 showed how interpolations of
this kind can be performed.
MPEG-1 and MPEG-2 also use. a simple compression scheme on the

vectors. Figure 5.21 shows that in the case of a large moving object, all the
vectors within the object will be identical or nearly so. A horizontal run
of macroblocks can be associated to form a structure called a slice (see
section 5.14). The first vector of a slice is sent as an absolute value, but
subsequent vectors will be sent as differences. No advantage is taken of
vertical vector redundancy.

Real moving objects will not coincide with macroblocks and so the
motion compensation will not be ideal but the prediction error makes up
for any shortcomings. Figure 5.20(b) shows the case where the boundary
of a moving object bisects a macroblock. If the system measures the
moving part of the macroblock and sends a vector, the decoder will shift
the entire block making the stationary part wrong. If no vector is sent, the
moving part will be wrong. Both approaches are legal in MPEG-1 and
MPEG-2 because the prediction error compensates for the incorrect
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Figure 5.20 (a) In motion compensation, pixel data are brought to a fixed macroblock in
the target picture from a variety of places in another picture. (b) Where only part of a
macroblock is moving, motion compensation is non-ideal. The motion can be coded (c),
causing a prediction error in the background, or the background can be coded (d)
causing a prediction error in the moving object.
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Figure 5.21 In a slice, the first vector is sent as an absolute value, whereas subsequent
vectors are sent as differences. When a large moving object is to be coded, several
macroblocks may have the same velocity and this is efficiently coded in a slice.
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values. An intelligent coder might try both approaches to see which
required the least prediction error data.

The prediction error concept also allows the use of simple but
inaccurate motion estimators in low-cost systems. The greater prediction
error data are handled using a higher bit rate. On the other hand if a
precision motion estimator is available, a very high compression factor
may be achieved because the prediction error data are minimized. MPEG
does not specify how motion is to be measured; it simply defines how a
decoder will interpret the vectors. Encoder designers are free to use any
motion-estimation system provided that the right vector protocol is
created. Chapter 3 contrasted a number of motion estimation
techniques.

Figure 5.22(a) shows that a macroblock contains both luminance and
colour difference data at different resolutions. Most of the MPEG-2
Profiles use a 4:2:0 structure which means that the colour is down­
sampled by a factor of two in both axes. Thus in a 16 x 16 pixel block,
there are only 8 x 8 colour difference sampling sites. MPEG-2 is based
upon the 8x8 DCT (see section 3.7) and so the 16 x 16 block is the screen
area which contains an 8 x 8 colour difference sampling block. Thus in
4:2:0 in each macroblock there are four luminance DCT blocks, one R-Y
DCT block and one B-Y DCT block, all steered by the same vector.

In the 4:2:2 Profile of MPEG-2, shown in Figure 5.22b), the chroma is
not downsampled vertically, and so there is twice as much chroma data
in each macroblock which is otherwise substantially the same.

1xCr□>·
1xCb□

16 It
4xY□□4:2:0

(a)

2xCr□
2xCb□

(b)

16

4:2:2

LJ□
4 X Y□□

Figure 5.22 The structure of a macroblock. (A macroblock is the screen area steered by
one vector.) (a) In 4:2:0, there are two chroma DCT blocks per macroblock whereas in
4:2:2 (b) there are four, 4:2:2 needs 33 per cent more data than 4:2:0.
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In MPEG-4 a number of refinements are made to motion compensation
in addition to the MPEG-2 tools which are still available. One of these
tools is a more complex form of vector compression which will be
described in section 5.21. This cuts down the bit rate needed for a given
set of vector data and has a number of benefits. By retaining the existing
macroblock size, a higher compression factor results from the reduced
vector data. However, the opportunity then arises to increase the vector
density. Optionally, MPEG-4 allows one vector to be associated with an 8
x 8 DCT block rather than with a 16 x 16 macroblock. This allows much
more precise prediction of complex motion, especially near the edge of
objects, and will result in a reduced residual bit rate. On a macroblock-by­
macroblock basis an MPEG-4 coder can decide whether to code four
vectors per macroblock or only one. When the compressed vector data
and residual are combined, one of these approaches will result in the least
data.

5.8 I and P coding

Predictive (P) coding cannot be used indefinitely, as it is prone to error
propagation. A further problem is that it becomes impossible to decode
the transmission if reception begins part-way through. In real video
signals, cuts or edits can be present across which there is little
redundancy and which make motion estimators throw up their hands.

In the absence of redundancy over a cut, there is nothing to be done but
to send the new picture information in absolute form: This is called I
coding where I is an abbreviation of intra coding. As I coding needs no
previous picture for decoding, then decoding can begin at I coded
information.
MPEG is effectively a toolkit. The bigger the MPEG-number, the more

tools are available. However, there is no compulsion to use all the tools
available. Thus an encoder may choose whether to use I or P coding,
either once and for all or dynamically on a macroblock-by-macroblock
basis. For practical reasons, an entire frame may be encoded as I
macroblocks periodically. This creates a place where the bitstream might
be edited or where decoding could begin.

Figure 5.23 shows a typical application of the Simple Profile of
MPEG-2. Periodically an I picture is created. Between I pictures are P
pictures which are based on the picture before. These P pictures
predominantly contain macroblocks having vectors and prediction
errors. However, it is perfectly legal for P pictures to contain I
macroblocks. This might be useful where, for example, a camera pan
introduces new material at the edge of the screen which cannot be
created from an earlier picture.
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,
}I P P P P I P P P P I P
I

GOP

I = Intra-coded picture
P = Predicted picture

= Picture difference
(vectors plus prediction error)

Figure 5.23 A Simple Profile MPEG-2 signal may contain periodic I pictures with a
number of P pictures between.

Note that although what is sent is called a P picture, it is not a picture
at all. It is a set of instructions to convert the previous picture into the
current picture. If the previous picture is lost, decoding is impossible.
An I picture together with all of the pictures before the next I picture

form a group of pictures (GOP).

5.9 Bidirectional coding
Motion-compensated predictive coding is a useful compression tech­
nique, but it does have the drawback that it can only take data from a
previous picture.
Where moving objects reveal a background this is completely unknown

in previous pictures and forward prediction fails. However, more of the
background is visible in later pictures. Figure 5.24 shows the concept. In

_-
I
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I

I
I
I
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A

□

TN+1

Revealed area is
not in picture N
but is in picture
N+2

TN+2

Figure 5.24 In bidirectional coding the revealed background can be efficiently coded by
bringing data back from a future picture.
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I = Intra- or spatially coded
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P = Forward predicted. Coder sends
difference between / and P decoder.
Adds difference to create P

B = Bidirectionally coded picture can be
coded from a previous
I or P picture or a later / or P picture.
B pictures are not coded from each other

Figure 5.25 In bidirectional coding, a number of B pictures can be inserted between
periodic forward predicted pictures. See text.

the centre of the diagram, a moving object has revealed some back­
ground. The previous picture can contribute nothing, whereas the next
picture contains all that is required.

Bidirectional coding is shown in Figure 5.25. A bidirectional or B
macroblock can be created using a combination of motion compensation
and the addition of a prediction error. This can be done by forward
prediction from a previous picture or backward prediction from a
subsequent picture. It is also possible to use an average of both forward
and backward prediction. On noisy material this may result in some
reduction in bit rate. The technique is also a useful way of portraying a
dissolve.

The averaging process in MPEG is a simple linear interpolation which
works well when only one B picture exists between the reference pictures
before and after. A larger number of B pictures would require weighted
interpolation but MPEG does not support this.
typically two B pictures are inserted between P pictures or between I

and P pictures. As can be seen, B pictures are never predicted from one
another, only from I or P pictures. A typical GOP for broadcasting purposes
might have the structure IBBPBBPBBPBB. Note that the last B pictures in
the GOP require the Ipicture in the next GOP for decoding and so the GOPs
are not truly independent. Independence can be obtained by creating a
closed GOP which may contain B pictures but which ends with a P picture.
It is also legal to have a B picture in which every macroblock is forward
predicted, needing no future picture for decoding.

Bidirectional coding is very powerful. Figure 5.26 is a constant quality
curve showing how the bit rate changes with the type of coding. On the
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Figure 5.26 Bidirectional coding is very powerful as it allows the same quality with
only 40 per cent of the bit rate of intra-coding. However, the encoding and decoding
delays must increase. Coding over a longer time span is more efficient but editing is
more difficult.

left, only I or spatial coding is used, whereas on the right a IBBP structure
is used. This means that there are two bidirectionally coded pictures in
between a spatially coded picture (I) and a forward predicted picture (P).
Note how for the same quality the system which only uses spatial coding
needs two and a half times the bit rate that the bidirectionally coded
system needs.

Clearly information in the future has yet to be transmitted and so is not
normally available to the decoder. MPEG gets around the problem by
sending pictures in the wrong order. Picture reordering requires delay in
the encoder and a delay in the decoder to put the order right again. Thus
the overall codec delay must rise when bidirectional coding is used. This
is quite consistent with Figure 1.5 which showed that as the compression
factor rises the latency must also rise.

Figure 5.27 shows that although the original picture sequence is
IBBPBBPBBIBB ... , this is transmitted as IPBBPBBIBB ... so that the
future picture is already in the decoder before bidirectional decoding
begins. Note that the I picture of the next GOP is actually sent before the
last B pictures of the current GOP.
Figure 5.27 also shows that the amount of data required by each picture

is dramatically different. I pictures have only spatial redundancy and so
need a lot of data to describe them. P pictures need fewer data because
they are created by shifting the I picture with vectors and then adding a
prediction error picture. B pictures need the least data of all because they
can be created from I or P.
With pictures requiring a variable length of time to transmit, arriving in

the wrong order, the decoder needs some help. This takes the form of
picture-type flags and time stamps which will be described in section 6.2.
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As transmitted

Figure 5.27 Comparison of pictures before and after compression showing sequence
change and varying amount of data needed by each picture type. I, P, B pictures use
unequal amounts of data.

5.10 Coding applications

Figure 5.28 shows a variety of possible GOP (group of pictures in MPEG-
1 and MPEG-2) or GOV (group of video object planes in MPEG-4)
structures. The simplest is the III ... sequence in which every picture (or
object in MPEG-4) is intra-coded. These can be fully decoded without
reference to any other picture or object and so editing is straightforward.
However, this approach requires about two-and-one-half times the bit
rate of a full bidirectional system.

Bidirectional coding is most useful for final delivery of post-produced
material either by broadcast or on prerecorded media as there is then no
editing requirement. As a compromise the !BIB ... structure can be used
which has some of the bit rate advantage of bidirectional coding but
without too much latency. It is possible to edit an IBIB stream by
performing some processing. If it is required to remove the video
following a B picture, that B picture could not be decoded because it
needs I pictures either side of it for bidirectional decoding. The solution

I I I I I I... I only freely editable,
needs high bit rate

IP PPP IP... Forward predicted only,
needs less decoder memory,
used in Simple Profile

I BB PB BP B... Forward and bidirectional,
best compression factor,
needs large decoder memory,
hard to edit

I B I B I B .. . Lower bit rate than
I only, editable with
moderate processing

Figure 5.28 Various possible GOP structures used with MPEG. See text for details.
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is to decode the B picture first, and then re-encode it with forward
prediction only from the previous I picture. The subsequent I picture can
then be replaced by an edit process. Some quality loss is inevitable in this
process but this is acceptable in applications such as ENG and industrial
video.

5. 11 Intra-coding

Intra-coding or spatial compression in MPEG is used in I pictures on
actual picture data and in P and B pictures on prediction error data.
MPEG-1 and MPEG-2 use the discrete cosine transform described in
section 3.13. In still pictures, MPEG-4 may also use the wavelet transform
described in section 3.14.

Entering the spatial frequency domain has two main advantages. It
allows dominant spatial frequencies which occur in real images to be
efficiently coded, and it allows noise shaping to be used. As the eye is not
uniformly sensitive to noise at all spatial frequencies, dividing the
information up into frequency bands allows a different noise level to be
produced in each.

The DCT works on blocks and in MPEG these are 8x8 pixels. Section
5.7 showed how the macroblocks of the motion compensation structure
are designed so they can be broken down into 8x8 DCT blocks. In a 4:2:0
macroblock there will be six DCT blocks whereas in a 4:2:2 macroblock
there will be eight.

Figure 5.29 shows the table of basis functions or wave table for an 8 x 8
DCT. Adding these two-dimensional waveforms together in different
proportions will give any original 8 x 8 pixel block. The coefficients of the
DCT simply control the proportion of each wave which is added in the
inverse transform. The top-left wave has no modulation at all because it
conveys the DC component of the block. This coefficient will be a
unipolar (positive only) value in the case of luminance and will typically
be the largest value in the block as the spectrum of typical video signals
is dominated by the DC component.

Increasing the DC coefficient adds a constant amount to every pixel.
Moving to the right the coefficients represent increasing horizontal spatial
frequencies and moving downwards the coefficients represent increasing
vertical spatial frequencies. The bottom-right coefficient represents the
highest diagonal frequencies in the block. All these coefficients are
bipolar, where the polarity indicates whether the original spatial
waveform at that frequency was inverted.
Figure 5.30 shows a one-dimensional example of an inverse transform.

The DC coefficient produces a constant level throughout the pixel block.
The remaining waves in the table are AC coefficients. A zero coefficient
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Figure 5.29 The discrete cosine transform breaks up an image area into discrete
frequencies in two dimensions. The lowest frequency can be seen here at the top-left
corner. Horizontal frequency increases to the right and vertical frequency increases
downwards.

would result in no modulation, leaving the DC level unchanged. The
wave next to the DC component represents the lowest frequency in the
transform which is half a cycle per block. A positive coefficient would
make the left side of the block brighter and the right side darker whereas
a negative coefficient would do the opposite. The magnitude of the
coefficient determines the amplitude of the wave which is added. Figure
5.30 also shows that the next wave has a frequency of one cycle per block.
i.e. the block is made brighter at both sides and darker in the middle.
Consequently an inverse DCT is no more than a process of mixing
various pixel patterns from the wave table where the relative amplitudes
and polarity of these patterns are controlled by the coefficients. The
original transform is simply a mechanism which finds the coefficient
amplitudes from the original pixel block.

The DCT itself achieves no compression at all. Sixty-four pixels are
converted to sixty-four coefficients. However, in typical pictures, not all
coefficients will have significant values; there will often be a few
dominant coefficients. The coefficients representing the higher two-
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Figure 5.30 A one-dimensional inverse transform. See text for details.

dimensional spatial frequencies will often be zero or of small value in
large areas, due to blurring or simply plain undetailed areas before the
camera.

Statistically, the further from the top-left corner of the wave table the
coefficient is, the smaller will be its magnitude. Coding gain (the technical
term for reduction in the number of bits needed) is achieved by
transmitting the low-valued coefficients with shorter wordlengths. The
zero-valued coefficients need not be transmitted at all. Thus it is not the
DCT which compresses the data, it is the subsequent processing. The
DCT simply expresses the data in a form which makes the subsequent
processing easier.
Higher compression factors require the coefficient wordlength to be

further reduced using requantizing. Coefficients are divided by some
factor which increases the size of the quantizing step. The smaller number
of steps which results permits coding with fewer bits, but of course with
an increased quantizing error. The coefficients will be multiplied by a
reciproca! factor in the decoder to return to the correct magnitude.
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Inverse transforming a requantized coefficient means that the fre­
quency it represents is reproduced in the output with the wrong
amplitude. The difference between original and reconstructed amplitude
is regarded as a noise added to the wanted data. Figure 5.10 showed that
the visibility of such noise is far from uniform. The maximum sensitivity
is found at DC and falls thereafter. As a result the top-left coefficient is
often treated as a special case and left unchanged. It may warrant more
error protection than other coefficients.
Transform coding takes advantage of the falling sensitivity to noise.

Prior to requantizing, each coefficient is divided by a different weighting
constant as a function of its frequency. Figure 5.31 shows a typical
weighting process. Naturally the decoder must have a corresponding
inverse weighting. This weighting process has the effect of reducing the
magnitude of high-frequency coefficients disproportionately. Clearly
different weighting will be needed for colour difference data as colour is
perceived differently.
P and B pictures are decoded by adding a prediction error image to a

reference image. That reference image will contain weighted noise. One
purpose of the prediction error is to cancel that noise to prevent tolerance
build-up. If the prediction error were also to contain weighted noise this
result would not be obtained. Consequently prediction error coefficients
are flat weighted.
When forward prediction fails, such as in the case of new material

introduced in a P picture by a pan, P coding would set the vectors to zero

8
Divide by Divide by

8 - weighting - quant. --
factors scale

DCT coeffs I

Weighting
factors

8

8

8
Multiply by Multiply by

8 ~ weighting - quant. -- -
factors scale

Transmit

Receive

DCT coeffs
with weighted
noise

Figure 5.31 Weighting is used to make the noise caused by requantizing different at
each frequency.
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and encode the new data entirely as an unweighted prediction error. In
this case it is better to encode that material as an I macroblock because
then weighting can be used and this will require fewer bits.
Requantizing increases the step size of the coefficients, but the

inverse weighting in the decoder results in step sizes which increase
with frequency. The larger step size increases the quantizing noise at
high frequencies where it is less visible. Effectively the noise floor is
shaped to match the sensitivity of the eye. The quantizing table in use
at the encoder can be transmitted to the decoder periodically in the
bitstream.

Intra-coding in MPEG-1 and MPEG-2

Study of the signal statistics gained from extensive analysis of real
material is used to measure the probability of a given coefficient having
a given value. This probability turns out to be highly non-uniform
suggesting the possibility of a variable-length encoding for the coefficient
values. On average, the higher the spatial frequency, the lower the value
of a coefficient will be. This means that the value of a coefficient tends to
fall as a function of its radius from the DC coefficient. DC .coefficients also
have certain characteristics. As they represent the average brightness of a
block, in many picture areas, adjacent blocks will have similar DC
coefficient values. This can be exploited using differential coding which
will be dealt with in section 5.14. However, errors in the magnitude of DC
coefficients cause wide area flicker in the picture and so the coding must
be accurate.

Typical material often has many coefficients which are zero valued,
especially after requantizing. The distribution of these also follows a
pattern. The non-zero values tend to be found in the top-left-hand corner
of the OCT block, but as the radius increases, not only do the coefficient
values fall, but it becomes increasingly likely that these small coefficients
will be interspersed with zero-valued coefficients. As the radius increases
further it is probable that a region where all coefficients are zero will be
entered.
MPEG uses all these attributes of OCT coefficients when encoding a

coefficient block. By sending the coefficients in an optimum order, by
describing their values with Huffman coding and by using run-length
encoding for the zero-valued coefficients it is possible to achieve a
significant reduction in coefficient data which remains entirely lossless.
Despite the complexity of this process, it does contribute to improved
picture quality because for a given bit rate lossless coding of the
coefficients must be better than requantizing, which is lossy. Of course,
for lower bit rates both will be required.
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Start

Figure 5.32 The zig-zag scan for a progressively scanned image.

It is an advantage to scan in a sequence where the largest coefficient
values are scanned first. Then the next coefficient is more likely to be zero
than the previous one. With progressively scanned material, a regular zig­
zag scan begins in the top-left corner and ends in the bottom-right corner
as shown in Figure 5.32. Zig-zag scanning means that significant values
are more likely to be transmitted first, followed by the zero values.
Instead of coding these zeros, an unique 'end of block' (EOB) symbol is
transmitted instead.
As the zig-zag scan approaches the last finite coefficient it is

increasingly likely that some zero value coefficients will be scanned.
Instead of transmitting the coefficients as zeros, the zero-run-length, i.e. the
number of zero-valued coefficients in the scan sequence, is encoded into
the next non-zero coefficient which is itself variable-length coded. This
combination of run-length and variable-length coding is known as RLC/
VLC in MPEG.
The DC coefficient is handled separately because it is differentially

coded and this discussion relates to the AC coefficients. Three items need
to be handled for each coefficient: the zero-run-length prior to this
coefficient, the wordlength and the coefficient value itself. The word­
length needs to be known by the decoder so that it can correctly parse the
bitstream. The wordlength of the coefficient is expressed directly as an
integer called the size.

Figure 5.33(a) shows that a two-dimensional run/size table is created.
One dimension expresses the zero-run-length; the other the size. A run
length of zero is obtained when adjacent coefficients are non-zero, but a
code of OI O has no meaningful run/size interpretation and so this bit
pattern is used for the end-of-block (EOB) symbol.
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etc.
Coefficient to be Î Coefficient Size
transmitted code parameter

15 1 1 1 1
14 1110
13 1 0 1
12 1 00 4
11 0 1 1
10 01 0
9 00 1
8 1 0 O O
7 1 1 }6 1 0 3
5 1 0 1
4 1 0 O
3 1 } 2
2 o

+ }- 1 o
-2 0 1 } 2
-3 o o
-4 0 1 1 }-5 0 1 0 3
-6 O 0 1
-7 o o o
-8 0 1 1 1
-9 0 1 1 0
-10 0 1 0 1
-11 0 1 o o 4
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-13 001 0
- 14 O O 0 1
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(c) •etc.(b)

Figure 5.33 Run-length and variable-length coding simultaneously compresses runs of zero-valued coefficients
and describes the wordlength of a non-zero coefficient.

In the case where the zero-run-length exceeds 14, a code of 15/0 is used
signifying that there are fifteen zero-valued coefficients. This is then
followed by another run/size parameter whose run-length value is
added to the previous fifteen.

The run/size parameters contain redundancy because some combina­
tions are more common than others. Figure 5.33(b) shows that each run/
size value is converted to a variable-length Huffman codeword for
transmission. As was shown in section 1.5, the Huffman codes are
designed so that short codes are never a prefix of long codes so that the
decoder can deduce the parsing by testing an increasing number of bits
until a match with the look-up table is found. Having parsed and
decoded the Huffman run/size code, the decoder then knows what the
coefficient wordlength will be and can correctly parse that.
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The variable-length coefficient code has to describe a bipolar coeffi­
cient, i.e one which can be positive or negative. Figure 5.33(c) shows that
for a particular size, the coding scale has a certain gap in it. For example,
all values from -7 to + 7 can be sent by a size 3 code, so a size 4 code only
has to send the values of- 15 to-8 and+ 8 to+ 15. The coefficient code
is sent as a pure binary number whose value ranges from all zeros to all
ones where the maximum value is a function of the size. The number
range is divided into two, the lower half of the codes specifying negative
values and the upper half specifying positive.

In the case of positive numbers, the transmitted binary value is the actual
coefficient value, whereas in the case of negative numbers a constant must
be subtracted which is a function of the size. In the case of a size 4 code, the
constant is 154. Thus a size 4 parameter of 0111, Z4) would be interpreted
as 7-15=-8. A size of 5 has a constant of 31 so a transmitted coded of
01010, (10,) would be interpreted as 10-31 =-21.

This technique saves a bit because, for example, 63 values from - 31 to
+ 31 are coded with only five bits having only 32 combinations. This is
possible because that extra bit is effectively encoded into the run/size
parameter.

Figure 5.34 shows the entire MPEG-1 and MPEG-2 spatial coding
subsystem. Macroblocks are subdivided into DCT blocks and the DCT is
calculated. The resulting coefficients are multiplied by the weighting
matrix and then requantized. The coefficients are then reordered by the
zig-zag scan so that full advantage can be taken of run-length and
variable-length coding. The last non-zero coefficient in the scan is
followed by the EOB symbol.

In predictive coding, sometimes the motion-compensated prediction is
nearly exact and so the prediction error will be almost zero. This can also
happen on still parts of the scene. MPEG takes advantage of this by
sending a code to tell the decoder there is no prediction error data for the
macroblock concerned.

The success of temporal coding depends on the accuracy of the vectors.
Trying to reduce the bit rate by reducing the accuracy of the vectors is
false economy as this simply increases the prediction error. Consequently
for a given GOP structure it is only in the the spatial coding that the

Pixels

i
Reordered Weighted Shaped Data

Coefficients coefficients coefficients noise added out

t [zozao] i,lwaw] ' le@ante[",/voi
scan - RLC

I picture
or prediction
error in

Figure 5.34 A complete spatial coding system which can compress an I picture or the
prediction error in P and B pictures. See text for details.
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overall bit rate is determined. The RLC/VLC coding is lossless and so its
contribution to the compression cannot be varied. If the bit rate is too
high, the only option is to increase the size of the coefficient-requantizing
steps. This has the effect of shortening the wordlength of large
coefficients, and rounding small coefficients to zero, so that the bit rate
goes down. Clearly if taken too far the picture quality will also suffer
because at some point the noise floor will become visible as some form of
artifact.

A bidirectional coder

MPEG does not specify how an encoder is to be built or what coding
decisions it should make. Instead it specifies the protocol of the bitstream
at the output. As a result the coder shown in Figure 5.35 is only an
example. Conceptually MPEG-2 Main Profile coding with a progressive
scan input is almost identical to that of MPEG-1 as the differences are to
be found primarily in the picture size and the resulting bit rate. The coder
shown here will create MPEG-1 and MPEG-2 bidirectionally coded
bitstreams from progressively scanned inputs. It also forms the basis of
interlaced MPEG-2 coding and for MPEG-4 texture coding, both of which
will be considered later.

Figure 5.35(a) shows the component parts of the coder. At the input is
a chain of picture stores which can be bypassed for reordering purposes.
This allows a picture to be encoded ahead of its normal timing when
bidirectional coding is employed.
At the centre is a dual-motion estimator which can simultaneously

measure motion between the input picture, an earlier picture and a later
picture. These reference pictures are held in frame stores. The vectors
from the motion estimator are used locally to shift a picture in a frame
store to form a predicted picture. This is subtracted from the input picture
to produce a prediction error picture which is then spatially coded.
The bidirectional encoding process will now be described. A GOP

begins with an I picture which is intra-coded. In Figure 5.35(b) the I
picture emerges from the reordering delay. No prediction is possible on
an I picture so the motion estimator is inactive. There is no predicted
picture and so the prediction error subtractor is set simply to pass the
input. The only processing which is active is the forward spatial coder
which describes the picture with DCT coefficients. The output of the
forward spatial coder is locally decoded and stored in the past picture
frame store.

The reason for the spatial encode/decode is that the past picture frame
store now contains exactly what the decoder frame store will contain,
including the effects of any requantizing errors. When the same picture is

Google Exhibit No. 1005 
Page 066



Reordering delay Reordering delay

Prediction
errors

Subtract • Spatial
coder

r------
1

I

Prediction
errors

Subtract • Spatial
coder

lI patialI
coder

r--------~
I
I

HI,Spatial [[_
coder

Forward
predictor

Backward
predictor

Forward
predictor

Backward
predictor

Vectors
}lt()yt

Vectors
}I)yt

Past
picture

Motion
estimator

Future
picture

Past
picture

Motion
estimator

Future
picture

Spatial
decoder

GOP
control Current

picture

Spatial
decoder

Spatial
decoder

GOP
control

I
IL _

Current
picture

Spatial
decoder

(a) (b)

Google Exhibit No. 1005 
Page 067



Reordering delay Reordering delay

---,
I
I
I

Prediction
errors

Subtract • Spatial
coder

I
I
I
I

I
I
I
I
I
I
I
I

I
I
I
I
I
I
I
I
I
I
IL _j

Forward
predictor

Past

Spatial
decoder

GOP
control

HIsSatial [t;
coder I 1

I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I
I

L _j

Backward
predictor

picture

Vectors

--Out

Current
picture

Future
picture

Spatial
decoder

7

I
I
I
I

el ]
Prediction
errors

Subtract • Spatial
coder

¡---
1

I
I
I
I
I
I
I

Past
picture

Forward
predictor

Spatial
decoder

[ il]Spatial,
coder

cob {
control I

I
I
I

I
I
[L-----

Current
picture

Backward
predictor

Future
picture

Spatial
decoder

IL .J

(c) (ct)
Figure 5.35 A bidirectional coder. (a) The essential components. (b) Signal flow when coding an I picture. (c) Signal flow when coding a P picture. (d)
Signal flow when bidirectional coding.

Google Exhibit No. 1005 
Page 068



264 The MPEG Handbook

used as a reference at both ends of a differential coding system, the errors
will cancel out.
Having encoded the I picture, attention turns to the P picture. The

input sequence is IBBP, but the transmitted sequence must be IPBB.
Figure 5.35(c) shows that the reordering delay is bypassed to select the P
picture. This passes to the motion estimator which compares it with the
I picture and outputs a vector for each macroblock. The forward predictor
uses these vectors to shift the I picture so that it more closely resembles
the P picture. The predicted picture is then subtracted from the actual
picture to produce a forward prediction error. This is then spatially
coded. Thus the P picture is transmitted as a set of vectors and a
prediction error image.
The P picture is locally decoded in the right-hand decoder. This takes

the forward-predicted picture and adds the decoded prediction error to
obtain exactly what the decoder will obtain.

Figure 5.35(d) shows that the encoder now contains an I picture in the
left store and a P picture in the right store. The reordering delay is
reselected so that the first B picture can be input. This passes to the
motion estimator where it is compared with both the I and P pictures to
produce forward and backward vectors. The forward vectors go to the
forward predictor to make a B prediction from the I picture. The
backward vectors go to the backward predictor to make a B prediction
from the P picture. These predictions are simultaneously subtracted from
the actual B picture to produce a forward prediction error and a backward
prediction error. These are then spatially encoded. The encoder can then
decide which direction of coding resulted in the best prediction; i.e. the
smallest prediction error.

In the encoder shown, motion estimation sometimes takes place
between an input picture and a decoded picture. With increased
complexity, the original input pictures may be stored for motion­
estimation purposes. As these contain no compression artifacts the
motion vectors may be more accurate.
Not shown in the interests of clarity is a third signal path which creates

a predicted B picture from the average of forward and backward
predictions. This is subtracted from the input picture to produce a third
prediction error. In some circumstances this prediction error may use
fewer data than either forward of backward prediction alone.
As B pictures are never used to create other pictures, the decoder does

not locally decode the B picture. After decoding and displaying the B
picture the decoder will discard it. At the encoder the I and P pictures
remain in their frame stores and the second B picture is input from the
reordering delay.

Following the encoding of the second B picture, the encoder must
reorder again to encode the second P picture in the GOP. This will be
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locally decoded and will replace the I picture in the left store. The stores
and predictors switch designation because the left store is now a future P
picture and the right store is now a past P picture. B pictures between
them are encoded as before.

5.14 Slices

In MPEG-1 and MPEG-2 I pictures and in MPEG-4 I-VOPs, the DC
coefficient describes the average brightness of an entire DCT block. In real
video the DC component of adjacent blocks will be similar much of the
time. A saving in bit rate can be obtained by differentially coding the DC
coefficient.

In P and B pictures this is not done because these are prediction errors,
not actual images, and the statistics are different. However, P and B
pictures send vectors and instead the redundancy in these is explored. In
a large moving object, many macroblocks will be moving at the same
velocity and their vectors will be the same. Thus differential vector
coding will be advantageous.
As has been seen above, differential coding cannot be used indiscrimi­

nately as it is prone to error propagation. Periodically absolute DC
coefficients and vectors must be sent and the slice is the logical structure
which supports this mechanism. In I coding, the first DC coefficient in a
slice is sent in absolute form, whereas the subsequent coefficients are sent
differentially. In Por B coding, the first vector in a slice is sent in absolute
form, but the subsequent vectors are differential.

Slices are horizontal picture strips which are one macroblock (16 pixels)
high and which proceed from left to right across the screen and may run
on to the next horizontal row. The encoder is free to decide how big slices
should be and where they begin and end.

In the case of a central dark building silhouetted against the bright sky,
there would be two large changes in the DC coefficients, one at each edge
of the building. It may be advantageous to the encoder to break the width
of the picture into three slices, one each for the left and right areas of sky
and one for the building. In the case of a large moving object, different
slices may be used for the object and the background.

Each slice contains its own synchronizing pattern, so following a
transmission error, correct decoding can resume at the next slice. Slice size
can also be matched to the characteristics of the transmission channel. For
example, in an error-free transmission system the use of a large number
of slices in a packet simply wastes data capacity on surplus synchronizing
patterns. However, in a non-ideal system it might be advantageous to
have frequent resynchronizing. In DVB, for example, additional con­
straints are placd on the slice size.
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chroma macroblock of each component type. As it cannot be divided in
half, this chroma is deemed to belong to the luminance DCT blocks of the
upper field. In 4:2:2 no such difficulty arises.
MPEG supports interlace simply because interlaced video exists in

legacy systems and there is a requirement to compress it. However, where
the opportunity arises to define a new system, interlace should be
avoided. Legacy interlaced source material should be handled using a
motion-compensated de-interlacer prior to compression in the pro­
gressive domain.

5.16 MPEG-1 and MPEG-2 coders

Figure 5.40 shows a complete coder. The bidirectional coder outputs
coefficients and vectors, and the quantizing table in use. The vectors of P
and B pictures and the DC coefficients of I pictures are differentially
encoded in slices and the remaining coefficients are RLC/VLC coded. The
multiplexer assembles all these data into a single bitstream called an
elementary stream. The output of the encoder is a buffer which absorbs
the variations in bit rate between different picture types. The buffer
output has a constant bit rate determined by the demand clock. This
comes from the transmission channel or storage device. If the bit rate is
low, the buffer will tend to fill up, whereas if it is high the buffer will tend
to empty. The buffer content is used to control the severity of the
requantizing in the spatial coders. The more the buffer fills, the bigger the
requantizing steps get.

Quantizing tables

Video
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Spatial data

! Entropy l

::- and run-length - Mux--,,.

Bidirectional coding ~coder

•'l Differential
coder
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Figure 5.40 An MPEG-2 coder. See text for details.
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The buffer in the decoder has a finite capacity and the encoder must
model the decoder's buffer occupancy so that it neither overflows nor
underflows. An overflow might occur if an I picture is transmitted when
the buffer content is already high. The buffer occupancy of the decoder
depends somewhat on the memory access strategy of the decoder. Instead
of defining a specific buffer size, MPEG-2 defines the size of a particular
mathematical model of a hypothetical buffer. The decoder designer can
use any strategy which implements the model, and the encoder can use
any strategy which doesn't overflow or underflow the model. The
elementary stream has a parameter called the video buffer verifier (VBV)
which defines the minimum buffering assumptions of the encoder.
As was seen in Chapter 1, buffering is one way of ensuring constant

quality when picture entropy varies. An intelligent coder may run down
the buffer contents in anticipation of a difficult picture sequence so that a
large amount of data can be sent.
MPEG-2 does not define what a decoder should do if a buffer

underflow or overflow occurs, but since both irrecoverably lose data it is
obvious that there will be more or less of an interruption to the decoding.
Even a small loss of data may cause loss of synchronization and in the
case of long GOP the lost data may make the rest of the GOP
undecodable. A decoder may chose to repeat the last properly decoded
picture until it can begin to operate correctly again.

Buffer problems occur if the VBV model is violated. If this happens
then more than one underflow or overflow can result from a single
violation. Switching an MPEG bitstream can cause a violation because the
two encoders concerned may have radically different buffer occupancy at
the switch.

5.17 The elementary stream

Figure 5.41 shows the structure of the elementary stream from an MPEG-
2 encoder. The structure begins with a set of coefficients representing a
DCT block. Six or eight DCT blocks form the luminance and chroma
content of one macroblock. In P and B pictures a macroblock will be
associated with a vector for motion compensation. Macroblocks are
associated into slices in which DC coefficients of I pictures and vectors in
P and B pictures are differentially coded. An arbitrary number of slices
forms a picture and this needs I/P/B flags describing the type of picture it
is. The picture may also have a global vector which efficiently deals with
pans.

Several pictures form a group of pictures (GOP). The GOP begins with
an I picture and may or may not include P and B pictures in a structure
which may vary dynamically.
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Figure 5.41 The structure of an elementary stream. MPEG defines the syntax precisely.
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Several GOPs form a sequence which begins with a sequence header
containing important data to help the decoder. It is possible to repeat the
header within a sequence, and this helps lock-up in random access
applications. The sequence header describes the MPEG- profile and
level, whether the video is progressive or interlaced, whether the chroma
is 4: 2:0 or 4: 2:2, the size of the picture and the aspect ratio of the pixels.
The quantizing matrix used in the spatial coder can also be sent. The
sequence begins with a standardized bit pattern which is detected by a
decoder to synchronize the deserialization.

5.18 An MPEG-2 decoder

The decoder is only defined by implication from the definitions of syntax
and any decoder which can correctly interpret all combinations of syntax at
a particular profile will be deemed compliant however it works. Compliant
MPEG-2 decoders must be able to decode an MPEG-1 elementary stream.
This is not particularly difficult as MPEG-2 uses all the tools of MPEG-1
and simply adds more of its own. Consequently an MPEG-1 bitstream can
be thought of as a subset of an MPEG-2 bitstream.

The first problem a decoder has is that the input is an endless bitstream
which contains a huge range of parameters many of which have variable
length. Unique synchronizing patterns must be placed periodically
throughout the bitstream so that the decoder can identify known starting
points. The pictures which can be sent under MPEG are so flexible that
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the decoder must first find a sequence header so that it can establish the
size of the picture, the frame rate, the colour coding used, etc.

The decoder must also be supplied with a 27MHz system clock. In a
DVD player, this would come from a crystal, but in a transmission system
this would be provided by a numerically. locked loop running from a
clock reference parameter in the bitstream (see Chapter 6). Until this loop
has achieved lock the decoder cannot function properly.

Figure 5.42 shows a bidirectional decoder. The decoder can only begin
decoding with an I picture and as this only uses intra-coding there will be
no vectors. An I picture is transmitted as a series of slices which begin
with subsidiary synchronizing patterns. The first macroblock in the slice
contains an absolute DC coefficient, but the remaining macroblocks code
the DC coefficient differentially so the decoder must subtract the
differential values from the previous value to obtain the absolute value.

The AC coefficients are sent as Huffman coded run/size parameters
followed by coefficient value codes. The variable-length Huffman codes
are decoded by using a look-up table and extending the number of bits
considered until a match is obtained. This allows the zero-run-length and
the coefficient size to be established. The right number of bits is taken
from the bitstream corresponding to the coefficient code and this is
decoded tothe actual coefficient using the size parameter.

If the correct number of bits has been taken from the stream, the next
bit must be the beginning of the next run/size code and so on until the
EOB symbol is reached. The decoder uses the coefficient values and the
zero-run-lengths to populate a DCT coefficient block following the
appropriate zig-zag scanning sequence. Following EOB, the bitstream
then continues with the next DCT block. Clearly this Huffman decoding
will work perfectly or not at all. A single bit slippage in synchronism or
a single corrupted data bit can cause a spectacular failure.
Once a complete DCT coefficient block has been received, the

coefficients need to be inverse quantized and inverse weighted. Then an
inverse DCT can be performed and this will result in an 8 x 8 pixel block.
A series of DCT blocks will allow the luminance and colour information
for an entire macroblock to be decoded and this can be placed in a frame
store. Decoding continues in this way until the end of the slice when an
absolute DC coefficient will once again be sent. Once all the slices have
been decoded, an entire picture will be resident in the frame store.

The amount of data needed to decode the picture is variable and the
decoder just keeps going until the last macroblock is found. It will obtain
data from the input buffer. In a constant bit rate transmission system, the
decoder will remove more data to decode an I picture than has been
received in one picture period, leaving the buffer emptier than it began.
Subsequent P and B pictures need much fewer data and allow the buffer
to fill again.
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Figure 5.42 A bidirectional MPEG-2 decoder. See text for details.
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The picture will be output when the time stamp (see Chapter 6) sent
with the picture matches the state of the decoder's time count.

Following the I picture may be another I picture or a P picture.
Assuming a P picture, this will be predictively coded from the I picture.
The P picture will be divided into slices as before. The first vector in a
slice is absolute, but subsequent vectors are sent differentially. However,
the DC coefficients are not differential.

Each macroblock may contain a forward vector. The decoder uses this
to shift pixels from the I picture into the correct position for the predicted
P picture. The vectors have half-pixel resolution and where a half-pixel
shift is required, an interpolator will be used.
The DCT data is sent much as for an I picture. It will require inverse

quantizing, but not inverse weighting because P and B coefficients are
flat-weighted. When decoded this represents an error-cancelling picture
which is added pixel-by-pixel to the motion-predicted picture. This
results in the output picture.
If bidirectional coding is being used, the P picture may be stored until

one or more B pictures have been decoded. The B pictures are sent
essentially as a P picture might be, except that the vectors can be forward,
backward or bidirectional. The decoder must take pixels from the I
picture, the P picture, or both, and shift them according to the vectors to
make a predicted picture. The DCT data decodes to produce an error­
cancelling image as before.

In an interlaced system, the prediction mechanism may alternatively
obtain pixel data from the previous field or the field before that. Vectors
may relate to macroblocks or to 16 x 8 pixel areas. DCT blocks after
decoding may represent frame lines or field lines. This adds up to a lot of
different possibilities for a decoder handling an interlaced input.

5.19 MPEG-4

As was seen in Chapter 1, MPEG-4 advances the coding art in a number
of ways. Whereas MPEG-1 and MPEG-2 were directed only to coding the
video pictures which resulted after shooting natural scenes or from
computer synthesis, MPEG-4 also moves further back in the process of
how those scenes were created. For example, the rotation of a detailed
three-dimensional object before a video camera produces huge changes in
the video from picture to picture which MPEG-2 would find difficult to
code. Instead, if the three-dimensional object is re-created at the decoder,
rotation can be portrayed by transmitting a trivially small amount of
vector data.

If the above object is synthetic, effectively the synthesis or rendering
process is completed in the decoder. However, a suitable if complex
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Figure 5.43 In MPEG-4 four types of objects are coded.

image processor at the encoder could identify such objects in natural
scenes. MPEG-4 objects are defined as a part of a scene which can
independently be accessed or manipulated. An object is an entity that
exists over a certain time span. The pictures of conventional imaging
become object planes in MPEG-4. Where an object intersects an object
plane, it can be described by the coding system using intra-coding,
forward prediction or bidirectional prediction.

Figure 5.43 shows that MPEG-4 has four object types. A video object is
an arbitrarily shaped planar pixel array describing the appearance or
texture of part of a scene. A still texture object or sprite is a planar video
object in which there is no change with respect to time. A mesh object
describes a two- or three-dimensional shape as a set of points. The shape
and its position can change with respect to time. Using computer
graphics techniques, texture can be mapped onto meshes, a process
known as warping, to produce rendered images.
Using two-dimensional warping, a still texture object can be made to

move. In three-dimensional graphic rendering, mesh coding allows an
arbitrary solid shape to be created which is then covered with texture.
Perspective computation then allows this three-dimensional object to be
viewed in correct perspective from any viewpoint. MPEG-4 provides
tools to allow two- or three-dimensional meshes to be created in the
decoder and then oriented by vectors. Changing the vectors then allows
realistic moving images to be created with an extremely low bit rate.
Face and body animation is a specialized subset of three-dimensional

mesh coding in which the mesh represents a human face and/or body. As
the subject moves, carefully defined vectors carry changes of expression
which allow rendering of an apparently moving face and/or body which
has been almost entirely synthesized from a single still picture.
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In addition to object coding, MPEG-4 refines the existing MPEG tools
by increasing the efficiency of a number of processes using lossless
prediction. This improves the performance of the motion compensation
and coefficient coding allowing either a lower bit rate or improved
quality. MPEG-4 also extends the idea of scaleability introduced in
MPEG-2. Multiple scaleability is supported, where a low-bit-rate base­
level picture may optionally be enhanced by adding information from
one or more additional bitstreams. This approach is useful in network
applications where the content creator cannot know the bandwidth which
a particular user will have available. Scaleability allows the best quality in
the available bandwidth.
Although most of the spatial compression of MPEG-4 is based on the

DCT as in earlier MPEG standards, MPEG-4 also introduces wavelet
coding of still objects. Wavelets are advantageous in scaleable systems
because they naturally decompose the original image into various
resolutions.

5.20 Video objects
Figure 5.44 shows an example of a video object intersecting video object
planes, or VOPs. At each plane, the shape and the texture of the object
must be portrayed. Figure 5.45 shows this can be done using appropriate

Video objects
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-object equivalent
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Figure 5.44 Effectively objects exist through continuous time, but are sampled for
display purposes. A video object plane (VOP) is a temporal sample of an object. VOPs
correspond to pictures of MPEG-1 and MPEG-2.
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Figure 5.45 VOPs can be encoded using the same intra- and inter-coding approach of
MPEG-I and MPEG-2.
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Figure 5.46 An MPEG-4 object-based decoder is essentially a multi-layered compositing
device, using keying to give the illusion that objects are in front of a background.
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combinations of intra- and inter-coding as described for the earlier
standards. This gives rise to I-VOPs, P-VOPs and B-VOPs. A group of
VOPs is known as a GOV.

Figure 5.46 shows how video objects are handled at the decoder which
effectively contains a multi-layer compositing stage. The shape of each
object is transmitted using alpha data which is decoded to produce a key
signal. This has the effect of keying the texture data into the overall
picture. Several objects can be keyed into the same picture. The
background may be yet another video object or a still texture object which
can be shifted by vectors in the case of pans etc.
Figure 5.47 shows that MPEG-4 codes each arbitrarily shaped video

object by creating a bounding rectangle within which the object resides. The
shape and the texture of each video object are re-created at the decoder by
two distinct but interrelated processes. The bounding rectangle exists on
macroblock boundaries and can change from VOP to VOP. At each VOP,

Corner of

i,,Re,

VRef]r--r--v;_7,_~_v_7✓_7✓_~-~~7✓-7✓~-v-7✓V7✓07;17;P7✓w7,id~tvh::::::::;;----

Alpha plane
Coplanar with VOP

describes outline of object

Bounding
rectangle

macro
block
255

Binary
alpha
block
bab

Macro
block

Outside
object

Figure 5.47 The alpha plane is used in MPEG-4 to describe the shape of an object.
Within a bounding rectangle are three different types of macroblock: those within the
object, those outside and those which are intersected by the boundary.
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the bitstream contains horizontal and vertical references specifying the
position of the top-left corner of the bounding rectangle and its width and
height.
Within the bounding rectangle are three kinds of macroblock. Trans­

parent macroblocks are entirely outside the object and contain no texture
data. The shape data are identical over the entire block and result in a key
signal which deselects this block in the compositing process. Such shape
data are trivial to compress. Opaque macroblocks are entirely within the
object and are full of texture data. The shape data are again identical over
the entire block and result in the block being keyed at the compositor.
Boundary macroblocks are blocks through which the edge of the object
passes. They contain essentially all the shape information and somewhat
fewer texture data than an opaque macroblock.

5.21 Texture coding

In MPEG-1 and MPEG-2 the only way of representing an image is with
pixels and this requires no name. In MPEG-4 there are various types of
image description tools and it becomes necessary to give the pixel
representation of the earlier standards a name. This is texture codingwhich
is that part of MPEG-4 that operates on pixel-based areas of image.
Coming later than MPEG-1 and MPEG-2, the MPEG-4 texture-coding
system can afford additional complexity in the search for higher
performance. Figure 5.48(a) shows the texture decoding system of MPEG-
4 and in (b) is a comparison with MPEG-2 showing that it is a refinement
of the earlier technique. These refinements are lossless in that the
reduction in bit rate they allow does not result in a loss of quality.
When inter-coding, MPEG-4 may use motion-compensated bidirec­

tional coding as for MPEG-2, but in doing so it also uses a more advanced
form oflossless vector compression which may then be used to increase
the vector density to one vector per DCT block. In inter-coded pictures
the prediction of the picture is improved so that the residual to be coded
is smaller.
When intra-coding, MPEG-4 looks for further redundancy between

coefficients using prediction. When a given DCT block is to be intra­
coded, certain of its coefficients will be predicted from adjacent blocks.
The choice of the most appropriate block is made by measuring the
picture gradient, defined as the rate of change of the DC coefficient.
Figure 5.49(a) shows that the three adjacent blocks, A, B and C, are
analysed to decide whether to predict from the DCT block above (vertical
prediction) or to the left (horizontal prediction). Figure 5.49(b) shows that
in vertical prediction the top row of coefficients is predicted from the
block above so that only the differences between them need to be coded.
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Figure 5.48 (a) The texture decoding system of MPEG-4. (b) A comparison of MPEG-2
and MPEG-4 shows that the latter is more refined.

Figure 5.49(c) shows that in horizontal prediction the left column of
coefficients is predicted from the block on the left so that again only the
differences need be coded.
Choosing the blocks above and to the left is important because these

blocks will already be available in both the encoder and decoder. By
making the same picture gradient measurement, the decoder can
establish whether vertical or horizontal prediction has been used and so
no flag is needed in the bitstream.

Some extra steps are needed to handle the top row and the left column
of a picture or object where true prediction is impossible. In these cases
both encoder and decoder assume standardized constant values for the
missing prediction coefficients.

The picture gradient measurement determines the direction in which
there is the least change from block to block. There will generally be fewer
DCT coefficients present in this direction. There will be more coefficients
in the other axis where there is more change. Consequently it is
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Figure 5.49 (a) DC coefficients are used to measure the picture gradient. (b) In vertical
prediction the top row of coefficients are predicted using those above as a basis. (c) In
horizontal prediction the left column of coefficients are predicted from those to the left.

advantageous to alter the scanning sequence so that the coefficients
which are likely to exist are transmitted earlier in the sequence.

Figure 5.50 shows the two alternate scans for MPEG-4. The alternate
horizontal scan concentrates on horizontal coefficients early in the scan
and will be used in conjunction with vertical prediction. Conversely the
alternate vertical scan concentrates on vertical coefficients early in the
scan and will be used in conjunction with horizontal prediction. The
decoder can establish which scan has been used in the encoder from the
picture gradient.
Coefficient prediction is not employed when inter-coding because the

statistics of residual images are different. Instead of attempting to predict
residual coefficients, in inter-coded texture, pixel-based prediction may
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Figure 5.50 The alternate zig-zag scans employed with vertical or horizontal prediction.

be used to reduce the magnitude of texture residuals. This technique is
known as overlapped block motion compensation (OBMC) which is only used
in P-VOPs. With only one vector per DCT block, clearly in many cases the
vector cannot apply to every pixel in the block. If the vector is considered
to describe the motion of the centre of the block, the vector accuracy falls
towards the edge of the block. A pixel in the corner of a block is almost
equidistant from a vector in the centre of an adjacent block.
OBMC uses vectors from adjacent blocks, known as remote vectors in

addition to the vector of the current block for prediction. Figure 5.51
shows that the motion-compensation process of MPEG-1 and MPEG-2
which uses a single vector is modified by the addition of the pixel
prediction system which considers three vectors. A given pixel in the
block to be coded is predicted from the weighted sum of three motion­
compensated pixels taken from the previous I- or P-VOP. One of these
pixels is obtained in the normal way by accessing the previous VOP with
a shift given by the vector of this block. The other two are obtained by
accessing the same VOP pixels using the remote vectors of two adjacent
blocks.

The remote vectors which are used and the weighting factors are both
a function of the pixel position in the block. Figure 5.51 shows that the
block to be coded is divided into quadrants. The remote vectors are
selected from the blocks closest to the quadrant in which the pixel resides.
For example, a pixel in the bottom-right quadrant would be predicted
using remote vectors from the DCT block immediately below and the
block immediately to the right.
Not all blocks can be coded in this way. In P-VOPs it is permissible to

have blocks which are not coded or intra-blocks which contain no vector.
Remote vectors will not all be available at the boundaries of a VOP. In the
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Figure 5.51 (a) MPEG-4 inter-coded pixel values may be predicted from three remote
vectors as well as the true vector. (b) The three remote vectors are selected according to
the macroblock quadrant. Macroblocks may have one or four vectors and the prediction
mechanism allows prediction between blocks of either type.

normal sequence of macroblock transmission, vectors from macroblocks
below the current block are not yet available. Some additional steps are
needed to handle these conditions. Adjacent to boundaries where a
remote vector is not available it is replaced by a copy of the actual vector.
This is also done where an adjacent block is intra-coded and for blocks at
the bottom of a macroblock where the vectors for the macroblocks below
will· not be available yet. In the case of non-coded blocks the remote
vector is set to zero.
Figure 5.52(a) shows that the weighting factors for pixels near the

centre of a block favour that block. In the case of pixels at the corner of the
block, the weighting is even between the value obtained from the true
vector and the sum of the two pixel values obtained from remote
vectors.

The weighted sum produces a predicted pixel which is subtracted from
the actual pixel in the current VOP to be coded to produce a residual
pixel. Blocks of residual pixels are DCT coded as usual. OBMC reduces
the magnitude of residual pixels and gives a corrsponding reduction in
the number or magnitude of DCT coefficients to be coded.
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Figure 5.52 Vector prediction.
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OBMC is lossless because the decoder already has access to all the
vectors and knows the weighting tables. Consequently the only over­
head is the transmission of a flag which enables or disables the
mechanism.
MPEG-4 also has the ability to downsample prediction error or residual

macroblocks which contain little detail. A 16 x 16 macroblock block is
downsampled to 8 x 8 and flagged. The decoder will identify the flag and
interpolate back to 16 x 16.

In vector prediction, each macroblock may have only one or four
vectors as the coder decides. Consequently the prediction of a current
vector may have to be done from either macroblock or DCT block vectors.
In the case of predicting one vector for an entire macroblock, or the top­
left DCT block vector, the process shown in Figure 5.51(b) is used. Three
earlier vectors, which may be macroblock or DCT block vectors, as
available, are used as the input to the prediction process. In the diagram
the large squares show the macroblock vectors to be selected and the
small squares show the DCT block vectors to be selected. The three
vectors are passed to a median filter which outputs the vector in the
centre of the range unchanged.
A median filter is used because the same process can be performed in

the decoder with no additional data transmission. The median vector is
used as a prediction, and comparison with the actual vector enables a
residual to be computed and coded for transmission. At the decoder the
same prediction can be made and the received residual is added to re­
create the original vector.

The remaining parts of Figure 5.51(b) show how the remaining three
DCT block vectors are predicted from adjacent DCT block vectors. If the
relevant block is only macroblock coded, that vector will be
substituted.
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Shape coding

Shape coding is the process of compressing alpha or keying data. Most
objects are opaque and so a binary alpha signal is adequate for the base­
level shape system. For each texture pixel, an alpha bit exists forming a
binary alpha map which is effectively a two-dimensional mask through
which the object can be seen. At the decoder binary alpha data are
converted to 000 or 255 levels in an eight-bit keying system.
Optionally the object can be faded in the compositing process by

sending a constant alpha value at each VOP. As a further option, variable
transparency can be supported by sending alpha texture data. This is coded
using the usual MPEG spatial coding tools such as DCT and scanning
etc.

Binary data such as alpha data do not respond to DCT coding, and
another compression technique has been developed for binary alpha
blocks (bab). This is known as context-based coding and it effectively codes
the location of the boundary between alpha one bits and alpha zero bits.
Clearly once the boundary is located the values of all remaining alpha bits
are obvious.

The babs are raster scanned into a serial bitstream. Context coding
works by attempting to predict the state of the current bit from a set of
bits which have already been decoded. Figure 5.53(a) shows the set of
bits, known as a context, used in an intra-coded VOP. There are ten bits
in the context and so there can be 1024 different contexts. Extensive
analysis of real shapes shows that for each context there is a certain
probability that the current bit will be zero. This probability exists as a
standardized look-up table in the encoder and decoder.

Figure 5.53(b) shows that the encoder compares the probability with a
parameter called the arithmetic code value to predict the value of the alpha
bit. If the prediction is correct, the arithmetic code value needs no change
and nothing needs to be transmitted. However, if the predicted bit is
incorrect, a change to the arithmetic code value must be transmitted, along
with the position of the bit in the scan to which it applies. This change is
calculated to be just big enough to make the prediction correct. In this way
only prediction errors, which represent the boundary location where alpha
changes, are transmitted and the remaining bits self-predict.

Figure 5.54 shows that the spatial extent of the context requires alpha
bits from adjacent babs to code the present bab. This results in the concept
of the bordered bab which incorporates a two-pixel deep border of alpha
bits above and to each side. In the case of babs adjacent to top or sides of
the bounding rectangle, some of the bounding bits are outside that
rectangle and their value is obviously always zero.

Shape data can also be inter-coded. This is handled using a context
which spreads across two VOPs. As Figure 5.55 shows, four context bits
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Figure 5.54 A bordered bab contains bits from adjacent babs so that context bits are
available.
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Figure 5.55 (a) In bab inter-coding, the context spreads over the current and the
previous VOP. (b) Shape motion vectors shift the context with respect to the reference
VOP to improve the accuracy of prediction.

are in the current VOP, whereas five context bits are in a previous VOP.
This nine-bit context requires a different probability table, but otherwise
coding proceeds as before. If the shape changes from one VOP to another,
motion compensation can be used. A shape vector is transmitted. It will
be seen from Figure 5.55(b) that this vector shifts the context relative to
the previous VOP, thus altering (hopefully improving) the chances of
correctly predicting the current bit.
Within a boundary block, shape vectors are highly redundant with the

motion vectors of texture and texture vectors may be used to predict
shape vectors.
It might be thought that binary shape data would result in objects

having ratcheted edges because the key signal can only exist in pixel
steps. However, texture coding can overcome this problem. If a binary
keyed image is used as a predictor, the texture prediction error will
deliver the necessary accuracy in the final image.

5.23 Padding

The peculiar conditions in boundary macroblocks where some of the
block is inside the object and some outside requires special handling and
this is the function of padding. There are two types of padding which
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perform distinct functions; texture padding and motion compensation
(MC) padding.

Texture padding makes the spatial coding of boundary blocks more
efficient. As the frequency coefficients of the DCT relate to thé entire block
area, detail outside the object can result in coefficients which are not due
to the object itself. Texture padding consists of replacing those pixels in a
boundary block which are outside the object with pixel values that are
selected to minimize the amount of coefficient data. The exact values are
unimportant as they will be discarded in the decoder.
When objects move they may also change their shape. Motion

compensation will be used whereby texture and shape from another VOP
is used to predict texture and shape in the current VOP. If there is a small
error in the boundary data, background pixels could leak into the object
causing a large prediction error. MC padding is designed to prevent this.
In the case of VOPs used as anchors for inter-coding, in boundary blocks,
after decoding, texture padding is replaced with MC padding. In MC
padding, pixel values at the very edge of the object are copied to pixels
outside the object so that small shape errors can be corrected with minor
residual data.

5.24 Video object coding

Figure 5.56 shows the video object coding process. At the encoder, image
analysis dissects the images into objects, in this case one small object (1)
and a background object (2). The picture and shape data for object 1 are
used to create a bounding rectangle whose coordinates are coded. Pixel
values outside the boundary are replaced with texture padding. The
texture macroblocks are then DCT coded and the shape babs are context
coded. This can be on an intra- or motion-compensated inter-basis
according to the type ofVOP being coded. Background data are coded by
another process and multiplexed into the bitstream as another object.
At the decoder the texture and shape data are decoded, and in anchor

VOPs the shape data are used to strip off the texture padding and replace
it with MC padding. MC padded object data are used to predict intra­
coded objects. Finally the shape data key the object into the
background.

Figure 5.57 shows an object coder. The object analysis of the incoming
image provides texture and texture motion as well as object shape and
shape motion. Texture coding takes place in much the same way as
MPEG picture coding. Intra-VOPs are spatially coded, whereas P- and
B-VOPs use motion-compensated prediction and a spatially coded
residual is transmitted. The vectors in MPEG-4 are subject to a prediction
process not found in MPEG-2. Note the use of texture padding before the
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Figure 5.56 The video object coding process. Each object requires shape and texture
data. One or more objects and a background are transmitted.

coder. As the decoder will use MC padding in the course of prediction,
the encoder must also use it to prevent drift.

The shape data are context coded in I-VOPs and the coding will be
motion compensated in P- and B-VOPs. However, the shape vectors can
be predicted from other shape vectors or from the texture motion vectors
where these exist. These shape vectors are coded as prediction residuals.
Figure 5.58 shows how the shape vector prediction works. Around the
bab to be coded are three designated shape vectors and three designated
texture vectors. The six designated vectors are scanned in the order
shown and the first one which is defined will be used as the predictor.
Consequently if no shape vectors are defined, the texture vectors will be
used automatically since these are later in the scan.
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Figure 5.57 An MPEG-4 object coder. See text for details.

Shape vector prediction

V2 V,3

V,1
M
\

Present shape
macrob lock

.POItJ
Co-sited textu re
macroblock

v,1,V2,V,3, V, VA, V,

Scan sequence

Figure 5.58 Shape vectors may be coded or taken from texture vectors. The decoder
scans vectors is the sequence shown and takes the first ones available.

Shape babs can exist in a variety of forms as Figure 5.47 showed.
Opaque and transparent blocks are easily and efficiently coded. Intra
babs have no shape vector but need a lot of data. Inter babs may or may
not contain a shape vector according to object motion and only a residual
is sent. On the other hand, under certain object conditions, sufficient
shape accuracy may result by sending only the shape vector.
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Two-dimensional mesh coding

Mesh coding was developed in computer graphics to aid the rendering of
synthetic images with perspective. As Figure 5.59 shows, as a three­
dimensional body turns, its two-dimensional appearance changes. If the
body has a flat side square-on to the optical axis whose texture is
described by uniformly spaced pixels, after a rotation the pixels will no
longer be uniformly spaced. Nearly every pixel will have moved, and
clearly an enormous amount of data would be needed to describe the
motion of each one. Fortunately this is not necessary; if the geometry of
the object is correctly sampled before and after the motion, then the shift
of every pixel can be computed.

Figure 5.59 As a body turns, its shape on a two-dimensional screen may change.
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Figure 5.60 All the nodes of a two-dimensional mesh lie in the same plane.

The geometric sampling results in a structure known as a mesh.
Effectively a mesh is a sampled surface. The smoother the surface, the
fewer samples are necessary because the remainder of the surface can be
interpolated. In MPEG-4, meshes can be two- or three-dimensional.
Figure 5.60 shows a two-dimensional mesh which is a set of points known
as nodes which must remain in the video object plane. Figure 5.61 shows
a three-dimensional mesh which is a set of nodes describing a non-flat
surface.

Like other MPEG-4 parameters, meshes can be scaleable. A base mesh
has relatively few nodes; adding enhancement data will increase the
number of nodes so that the shape is better described.
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Figure 5.61 A three-dimensional mesh samples the surface of a solid body.

Mesh objects

P-VOP

Mesh object planes

1/
(MOPs) intersect
mesh objects

I-VOP (regular mesh)

O Mesh objects exist
through time

Figure 5.62 In mesh coding, an object is coded as texture, shape and mesh data. The
I-VOP mesh may be regular and need few data to code it.

Figure 5.62 shows an example of how two-dimensional meshes are
used to predict an object from a previous VOP. The first object may be
sent as an I-VOP, including texture and alpha outline data, both of which
will be intra-coded. The texture pixels in the I-VOP are uniformly spaced
and so a uniform mesh can be sent as a further part of the same I-VOP.
Uniform meshes require very few data. Figure 5.63(a) shows that little
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Figure 5.63 (a) The initial mesh may be regular which requires few data. (b) A mesh
may be warped by transmitting vectors which displace the nodes.

more than the coordinates of the top-left corner of the mesh and the mesh
pitch need be sent. There are also some choices of how the mesh boxes are
divided into triangles.
As an alternative to a regular mesh, an irregular or Delaunay mesh may

be created by specifying the location of each vertex. This will require
more data initially, but may prove to be more efficient in the case of an
irregular object which exists for a long time.

Figure 5.63(b) shows how the shape of the mesh can be changed by
transmitting mesh vectors in P-VOPs. These specify the new position of
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Figure 5.64 Mesh vectors are predicted from the previous two vertices of the triangle
concerned.

each vertex with respect to the original position. The mesh motion vectors
are predictively coded as shown in Figure 5.64. In two adjacent triangles
there are two common nodes. If the first triangle has been fully coded,
only one node of the second triangle remains to be coded. The vector for
the remaining node is predicted by taking the average of the two common
nodes and rounding to half-pixel accuracy. This prediction is subtracted
from the actual vector to produce a residual which is then variable-length
coded for transmission. As each node is coded, another triangle is
completed and a new pair of common nodes become available for further
prediction.

Figure 5.65 shows an object coding system using meshes. At (a),
following the transmission of the I-VOP containing shape, outline and a
regular mesh, the I-VOP and the next VOP, which will be a P-VOP, are
supplied to a motion estimator. The motion estimator will determine the
motion of the object from one VOP to the next. As the object moves and
turns, its shape and perspective will change. The new shape may be
encoded using differential alpha data which the decoder uses to change
the previous shape into the current shape. The motion may also result in
a perspective change. The motion estimator may recognize features in the
object which are at a new location and this information is used to create
mesh vectors.
At the encoder, mesh vectors are used to warp the pixels in the I-VOP

to predict the new perspective. The differential shape codes are used to
predict the new shape of the object. The warped, reshaped object is then
compared with the actual object, and the result is a texture residual which
will be DCT coded.
At the decoder, (b) the I-VOP is in memory and the mesh motion, the

shape difference and the texture residual arrive as a P-VOP. The mesh
motion is decoded and used to warp the object pixels taken from the
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Figure 5.65 (a) Mesh coding requires texture, shape and mesh data to be multiplexed
into the bitstream. (b) An object coding system using meshes. See text.

1-VOP memory. The shape difference is decoded to produce a new shape
around the warped pixels, resulting in a predicted object. The texture
residual is decoded and added to the predicted object to produce the final
decoded object which is then composited into the output picture along
with other objects.
It should be clear that by transmitting warping vectors the pixels from

the 1-VOP can be used to create a very accurate prediction of the texture
of the P-VOP. The result is that the texture residual can be encoded with
a very small number of bits.
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In both cases if the source material is video from a camera, the encoder
will need sophisticated algorithms which recognize the human features
and output changing animation parameters as expression and posture
change.

Scaleability
MPEG-4 offers extensive support for scaleability. Given the wide range of
objects which MPEG-4 can encode, offering scaleability for virtually all of
them must result in considerable complexity. In general, scaleability
requires the information transmitted to be decomposed into a base layer
along with one or more enhancement layers. The base layer alone can be
decoded to obtain a picture of a certain quality. The quality can be
improved in some way by adding enhancement information.

Figure 5.86 shows a generic scaleable decoder. There is a decoder for
the base layer information and a decoder for the enhancement layer. For
efficient compression, the enhancement layer decoder will generally
require a significant number of parameters from the base layer to assist
with predictively coded data. These are provided by the mid-processor.
Once the base and enhancement decoding is complete, the two layers are
combined in a post-processor.

Enhancement Enhancement Enhanced
layer layer decoder output

Mid Post
processor processor

Base layer Enhancement Base layer
layer decoder out

Figure 5.86 A generic scaleable decoder contains decoding for base and enhancement
layers as well as a mid-processor which adapts the base layer data to the needs of the
enhancement process.

Figure 5.87 shows a spatial scaleability system in which the enhance­
ment improves resolution. Spatial scaleability may be applied to
rectangular VOPs or to arbitrarily shaped objects using alpha data. In the
case of irregular objects the alpha data will also need to be refined. The
mid-processor will upsample the base layer images to provide base pixel
data at the new, higher resolution, sampling grid. With respect to a
sampling array upsampled by a factor of two, motion vectors appear half
as accurate and there are one quarter as many as are needed.
Consequently to improve prediction in the enhancement layer, the
motion compensation must be made more accurate.

Google Exhibit No. 1005 
Page 098



316 The MPEG Handbook

Lower layer L I Lower
syOWef [a/el,t [q/%f
data decoder out

Enhanced
framestores

Vector
decoder

y Motion
compensator Upsampler

Temporal
prediction ,,

Spatial
prediction

t
Enhancement
data

P,B
Select

Texture
residual
decoder

Predicted
enhanced

, texture Enhanced
l{-}lt f9)[]lg

out

Figure 5.87 Spatial scaleability system requires the enhancement layer to improve the
vector density in order to minimize the residual bit rate.

The output of the base level decoder is considered to be a spatial
prediction by the enhancement process. This may be shifted by vectors
from the enhancement bitstreain. Figure 5.88 shows that a base level
macroblock of 16 x 16 pixels predicted with one vector is upsampled to
four macroblocks, each of which can be shifted with its own enhancement
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Figure 5.88 Each base level macroblock corresponds to four enhancement macroblocks.
Base vectors are used to predict enhancement vectors.
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I IE B B B B, P¡--/a..
Bidirectionally Enhancement
coded B-VOP used
enhancement
B-VOP

Enhancement
1-VOP needs
no reference as reference

Base B-VOPs are never
used as references

Figure 5.89 Temporal scaleability allows new VOPs to be created between base layer
VOPs thereby increasing the picture rate.

vector. Upsampled base layer pixels which have been shifted by
enhancement vectors form a new high-resolution prediction. The encoder
transmits the spatial residual from this prediction.

Temporally scaleable decoding allows new VOPs to be created in
between the vors of the base layer to increase the frame rate. Figure 5.89
shows that enhancement I-VOPs are intra-coded and so are decoded
without reference to any other VOP just like a base I-VOP. P- and B-VOPs
in the enhancement layer are motion predicted from other vors. These
may be in the base layer or the enhancement layer according to prediction
reference bits in the enhancement data. Base layer B-VOPs are never used
as enhancement references, but enhancement B-VOPs can be references
for other enhancement vors.
Figure 5.90 shows the example of an enhancement B-VOP placed

between two vors in the base layer. Enhancement vectors are used to

Base
1-VOP

Enhancement
B-VOP

Base
P-VOP

Backward
enhancement
vector

Forward
enhancement
vector

Figure 5.90 This enhancement B-VOP contains vectors to shift base level anchor VOPs.
Residuals are then added to correct the prediction error.
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shift base layer pixels to new locations in the enhancement VOP. The
enhancement residual is then added to these predictions to create the
output VOP.

5.31 Coding artifacts

This section describes the visible results of imperfect coding. This may be
where the coding algorithm is sub-optimal, where the coder latency is too
short or where the compression factor in use is simply too great for the
material.

Figure 5.91 shows that all MPEG coders can be simplified to the same
basic model in which the predictive power of the decoder is modelled in
the encoder. The current picture/object is predicted as well as possible,
and the prediction error or residual is transmitted. As the decoder can
make the same prediction, if the residual is correctly transmitted, the
decoded output will be lossless.

Prediction Loss occurs
error or te,
residual

Input
Quantizer Out

Predicted
input Prediction Local

processes decode

Figure 5.91 All MPEG codecs can be reduced to a lossless prediction process and a
lossy coding of the prediction error or residual.

The MPEG coding family contains a large number of compression tools
and many of these are lossless. Lossless coding tools include the motion
compensation, zig-zag scanning and run-length coding of MPEG-1 and
MPEG-2 and the context coding and various types of predictive coding
used in MPEG-4. It is a simple fact that the more sophisticated the
prediction, the fewer data will be needed to transmit the residual.
However, in many, perhaps most, applications of MPEG, the bit rate is

not decided by the encoder, but by some other decision process which
may be economically biased. All MPEG coders contain an output buffer,
and if the allocated bit rate is not adequate, this will start to fill up. To
prevent data loss and decoder crashes, the encoder must reduce its bit
rate.
It cannot make any economy in the lossless coding. Reducing the

losslessly coded information would damage the prediction mechanism
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frames. These are easy enough to code, but a huge prediction error is
required to return the white frame to the next picture. The output buffer
fills and heavy requantizing is employed. After a few flashes the picture
has generally gone to tiles.

5.32 MPEG and concatenation

Concatenation loss occurs when the losses introduced by one codec are
compounded by a second codec. All practical compressers, MPEG
included, are lossy because what comes out of the decoder is not bit­
identical to what went into the encoder. The bit differences are controlled
so that they have minimum visibility to a human viewer.
MPEG is a toolbox which allows a variety of manipulations to be

performed both in the spatial and the temporal domain. MPEG-2 has
more tools than MPEG-1 and MPEG-4 has more still. There is a limit to
the compression which can be used on a single picture/object, and if
higher compression factors are needed, temporal coding will have to be
used. The longer the run of time considered, the lower the bit rate needed,
but the harder it becomes to edit.

The most editable form of MPEG is to use I data only. As there is no
temporal coding, pure cut edits can be made between pictures. The next
best thing is to use a repeating IB structure which is locked to the odd/
even field structure. Cut edits cannot be made as the B pictures are
bidirectionally coded and need data from both adjacent I pictures for
decoding. The B picture has to be decoded prior to the edit and re­
encoded after the edit. This will cause a small concatenation loss.

Beyond the IB structure processing gets harder. If a long GOP is used
for the best compression factor, an IBBPBBP ... structure results. Editing
this is very difficult because the pictures are sent out of order so that
bidirectional decoding can be used. MPEG allows closed GOPs where the
last B picture is coded wholly from the previous pictures and does not
need the I picture in the next GOP. The bitstream can be switched at this
point but only if the GOP structures in the two source video signals are
synchronized (makes colour framing seem easy). Consequently in
practice a long GOP bitstream will need to be decoded prior to any
production step. Afterwards it will need to be re-encoded.

This is known as naive concatenation and an enormous pitfall awaits.
Unless the GOP structure of the output is identical to and synchronized
with the input the results will be disappointing. The worst case is where
an I picture is encoded from a picture which was formerly a B picture. It
is easy enough to lock the GOP structure of a coder to a single input, but
if an edit is made between two inputs, the GOP timings could well be
different.
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As there are so many structures allowed in MPEG, there will be a need
to convert between them. If this has to be done, it should only be in the
direction which increases the GOP length and reduces the bit rate. Going
the other way is inadvisable. The ideal way of converting from, say, the
IB structure of a news system to the IBBP structure of an emission system
is to use a recompressor. This is a kind of standards convertor which will
give better results than a decode followed by an encode.

The DCT part of MPEG itself is lossless. If all the coefficients are
preserved intact an inverse transform yields the same pixel data.
Unfortunately this does not yield enough compression for many
applications. In practice the coefficients are made less accurate by
removing bits starting at the least significant end and working upwards.
This process is weighted, or made progressively more aggressive as
spatial frequency increases.

Small-value coefficients may be truncated to zero and large-value
coefficients are most coarsely truncated at high spatial frequencies where
the effect is least visible.

Figure 5.93(a) shows what happens in the ideal case where two identical
coders are put in tandem and synchronized. The first coder quantizes the
coefficients to finite accuracy and causes a loss on decoding. However,
when the second coder performs the DCT calculation, the coefficients
obtained will be identical to the quantized coefficients in the first coder

In--.,-1 Codec

Coder makes
decisions and
approximations

Same
Reduced quality

1---q-u_jl_it_y_~.,-1 Codec

Coder makes
identical decisions

. no further
approximations

j
Out

(a)

First coder B B P B B P ...
Picture type

Second coder B B a a p a . . . mismatch

(b)

Second coder estimates
different vectors

Second coder uses
different quantizing
decisions

Prediction error- has generation loss

Noise build-up
due to generation
loss in coefficients

Figure 5.93 (a) Two identical coders in tandem which are synchronized make similar
coding decisions and cause little loss. (b) There are various ways in which concatenated
coders can produce non-ideal performance.
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and so if the second weighting and requantizing step is identical the same
truncated coefficient data will result and there will be no further loss of
quality?

In practice this ideal situation is elusive. If the two DCTs become non­
identical for any reason, the second requantizing step will introduce
further error in the coefficients and the artifact level goes up. Figure
5.93(b) shows that non-identical concatenation can result from a large
number of real-world effects.
An intermediate processing step such as a fade will change the pixel

values and thereby the coefficients. A DVE resize or shift will move pixels
from one DCT block to another. Even if there is no processing step, this
effect will also occur if the two codecs disagree on where the MPEG
picture boundaries are within the picture. If the boundaries are correct
there will still be concatenation loss if the two codecs use different
weighting.
One problem with MPEG is that the compressor design is unspecified.

Whilst this has advantages, it does mean that the chances of finding
identical coders is minute because each manufacturer will have his own
views on the best compression algorithm. In a large system it may be
worth obtaining the coders from a single supplier.
It is now increasingly accepted that concatenation of compression

techniques is potentially damaging, and results are worse if the codecs
are different. Clearly feeding a digital coder such as MPEG-2 with a signal
which has been subject to analog compression comes into the category of
worse. Using interlaced video as a source for MPEG coding is sub­
optimal and using decoded composite video is even worse.
One way of avoiding concatenation is to stay in the compressed data

domain. If the goal is just to move pictures from one place to another,
decoding to traditional video so that an existing router can be used is not
ideal, although it is substantially better than going through the analog
domain.

Figure 5.94 shows some possibilities for picture transport. Clearly if the
pictures exist as a compressed file on a server, a file transfer is the right
way to do it as there is no possibility of loss because there has been no
concatenation. File transfer is also quite indifferent to the picture format.
It doesn't care about the frame rate, whether the pictures are interlaced or
not or whether the colour is 4:2:0 or 4:2:2

Decoding to SDI (serial digital interface) standard is sometimes done so
that existing serial digital routing can be used. This is concatenation and
has to be done carefully. The compressed video can only use interlace
with non-square pixels and the colour coding has to be 4:2:2 because SDI
only allows that. If a compressed file has 4:2:0 the chroma has to be
interpolated up to 4:2:2 for SDI transfer and then subsampled back to
4:2:0 at the second coder and this will cause generation loss. An SDI
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Figure 5.94 Compressed picture transport mechanisms contrasted.

transfer also can only be performed in real time, thus negating one of the
advantages of compression. In short traditional SDI is not really at home
with compression.
As 4:2:0 progressive scan gains popularity and video production

moves steadily towards non-format-specific hardware using computers
and data networks, use of the serial digital interface will eventually
decline. In the short term, if an existing SDI router has to be used, one
solution is to produce a bitstream which is sufficiently similar to SDI that
a router will pass it. One example of this is known as SDTI. The signal
level, frequency and impedance of SDTI is pure SDI, but the data protocol
is different so that a bit accurate file transfer can be performed. This has
two advantages over SDI. First, the compressed data format can be
anything appropriate and non-interlaced and/or 4:2:0 can be handled in
any picture size, aspect ratio or frame rate. Second, a faster than real-time
transfer can be used depending on the compression factor of the file.

Equipment which allows this is becoming available and its use can
mean that the full economic life of a SDI routing installation can be
obtained.
An improved way of reducing concatenation loss has emerged from the

ATLANTIC research project.8 Figure 5.95 shows that the second encoder
in a concatenated scheme does not make its own decisions from the
incoming video, but is instead steered by information from the first
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MPEG-2 ATLANTIC Video ATLANTIC MPEG-2 -- decoder - encoder -

I Steering data t
Picture types, vectors, etc.

Figure 5.95 In an ATLANTIC system, the second encoder is steered by information
from the decoder.

bitstream. As the second encoder has less intelligence, it is known as a dim
encoder.

The information bus carries all the structure of the original MPEG-2
bitstream which would be lost in a conventional decoder. The ATLANTIC
decoder does more than decode the pictures. It also places on the
information bus all parameters needed to make the dim encoder re-enact
what the initial MPEG-2 encode did as closely as possible.

The GOP structure is passed on so that pictures are re-encoded as the
same type. Positions of macroblock boundaries become identical so that
DCT blocks contain the same pixels and motion vectors relate to the same
screen data. The weighting and quantizing tables are passed so that
coefficient truncation is identical. Motion vectors from the original
bitstream are passed on so that the dim encoder does not need to perform
motion estimation. In this way predicted pictures will be identical to the
original prediction and the prediction error data will be the same.
One application of this approach is in recompression, where an MPEG-

2 bitstream has to have its bit rate reduced. This has to be done by heavier
requantizing of coefficients, but if as many other parameters as possible
can be kept the same, such as motion vectors, the degradation will be
minimized. In a simple recompressor just requantizing the coefficients
means that the predictive coding will be impaired. In a proper encode, the
quantizing error due to coding say an I picture is removed from the P
picture by the prediction process. The prediction error of P is obtained by
subtracting the decoded I picture rather than the original I picture.

In simple recompression this does not happen and there may be a
tolerance buildup known as drift.9 A more sophisticated recompressor
will need to repeat the prediction process using the decoded output
pictures as the prediction reference.
MPEG-2 bitstreams will often be decoded for the purpose of switching.

Local insertion of commercial breaks into a centrally originated bitstream
is one obvious requirement. If the decoded video signal is switched, the
information bus must also be switched. At the switch point identical re­
encoding becomes impossible because prior pictures required for
predictive coding will have disappeared. At this point the dim encoder
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has to become bright again because it has to create an MPEG-2 bitstream
without assistance.
It is possible to encode the information bus into a form which allows it

to be invisibly carried in the serial digital interface. Where a production
process such as a vision mixer or DYE performs no manipulation, i.e.
becomes bit transparent, the subsequent encoder can extract the informa­
tion bus and operate in 'dim' mode. Where a manipulation is performed,
the information bus signal will be corrupted and the encoder has to work
in 'bright' mode. The encoded information signal is known as a 'mole"O
because it burrows through the processing equipment!

There will be a generation loss at the switch point because the re­
encode will be making different decisions in bright mode. This may be

Full

A A has full buffer
at switch

P[7D[yl

Full

B B has empty buffer
at switch

Pf[)[/I-

Full
B

Buffer overflows
after switch

Empty
(a)

Full

°
I •
I
I
I

Emmy
(b) Recompression

period

Figure 5.96 (a) A bitstream switch at a different level of buffer occupancy can cause a
decoder to overflow. (b) Recompression after a switch to return to correct buffer
occupancy.
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difficult to detect because the human visual system is slow to react to a
vision cut and defects in the first few pictures after a cut are masked.

In addition to the video computation required to perform a cut, the
process has to consider the buffer occupancy of the decoder. A
downstream decoder has finite buffer memory, and individual encoders
model the decoder buffer occupancy to ensure that it neither overflows
nor underflows. At any instant the decoder buffer can be nearly full or
nearly empty without a problem provided there is a subsequent
correction. An encoder which is approaching a complex I picture may run
down the buffer so it can send a lot of data to describe that picture. Figure
5.96(a) shows that if a decoder with a nearly full buffer is suddenly
switched to an encoder which has been running down its buffer
occupancy, the decoder buffer will overflow when the second encoder
sends a lot of data.
An MPEG-2 switcher will need to monitor the buffer occupancy of its

own output to avoid overflow of downstream decoders. Where this is a
possibility the second encoder will have to recompress to reduce the
output bit rate temporarily. In practice there will be a recovery period
where the buffer occupancy of the newly selected signal is matched to
that of the previous signal. This is shown in Figure 5.96(b).
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6
Program and transport streams

After compression, audio and video signals are simply data and only
differ from generic data in that they relate to real-time signals. MPEG
bitstreams are basically means of transporting data whilst allowing the
time axis of the original signal to be re-created.

6. 1 Introduction

There are two basic applications of MPEG bitstreams - recording and
transmission - and these have quite different requirements. In the multi­
channel recording application the encoders and decoders can all share the
same clock. The transport speed can be altered so that the incoming bit
rate can be slaved to a reference generated by the decoder itself.

In the case of multichannel transmission the program sources are not
necessarily synchronous. The source of timing is the encoder and the
decoder must synchronize or genlock to that. Thus the difference between
a program stream and a transport stream is that the latter must contain
additional synchronizing information to lock the encoder and decoder
clocks together independently in each program.

6.2 Packets and time stamps

The video elementary stream is an endless bitstream representing
pictures which are not necessarily in the correct order and which take a
variable length of time to transmit. Storage and transmission systems
prefer discrete blocks of data and so elementary streams are packetized to
form a PES (packetized elementary stream). Audio elementary streams
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PES packet

Start
code

Stream
ID PTS I DTS Data

PTS/DTS need not be in every PES packet.
Can be up to 700 milliseconds apart in program
streams or 100 milliseconds apart in transport streams
Decoder interpolates stamps

Figure 6.1 A PES packet structure is used to break up the continuous elementary
stream.

are also packetized. A packet is shown in Figure 6.1. It begins with a
header containing an unique packet start code and a code which
identifies the type of data stream. Optionally the packet header also may
contain one or more time stamps which are used for synchronizing the
video decoder to real time and for obtaining lip-sync.

Figure 6.2 shows that a time stamp is a sample of the state of a counter
which is driven by a 90 kHz clock. This is obtained by dividing down the
master 27MHz clock of MPEG-2. There are two types of time stamp: PTS
and DTS. These are abbreviations for presentation time stamp and decode
time stamp. A presentation time stamp determines when the associated
picture should be displayed on the screen, whereas a decode time stamp
determines when it should be decoded. In bidirectional coding these
times can be quite different.

27 MHz +300
lm ] 9) kHz 33-bit

count

Encoder
clock

Time stamp

Figure 6.2 Time stamps are the result of sampling a counter driven by the encoder
clock.

Audio packets only have presentation time stamps. Clearly if lip-sync
is to be obtained, the audio and the video streams of a given program
must have been locked to the same master 27MHz clock and the time
stamps must have come from the same counter driven by that clock.
With reference to Figure 6.3, the GOP begins with an I picture, and then

Pl is sent out of sequence prior to the B pictures. Pl has to be decoded
before Bl and B2 can be decoded. As only one picture can be decoded at
a time, the I picture is decoded at time N, but not displayed until time N
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As transmitted
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N N+1 - - N+4 -
--

As decoded
N N+1 N+2 N+3 N+4 N+5

As displayed

Figure 6.3 An example of using PTS/DTS to synchronize bidirectional decoding.

+ 1. As the I picture is being displayed, Pl is being decoded at N + 1. Pl
will be stored in RAM. At time N + 2, Bl is decoded and displayed
immediately. For this reason B pictures need only PTS. At N + 3, B2 is
decoded and displayed. At N + 4, Pl is displayed, hence the large
difference between PTS and DTS in Pl. Simultaneously P2 is decoded and
stored ready for the decoding of B3 and so on.

In practice the time between input pictures is constant and so there is
a certain amount of redundancy in the time stamps. Consequently PTS/
DTS need not appear in every PES packet. Time stamps can be up to
700 ms apart in program streams and up to 100 ms apart in transport
streams. As each picture type (I, P or B) is flagged in the bitstream, the
decoder can infer the PTS/DTS for every picture from the ones actually
transmitted.

Figure 6.4 shows that one or more PES packets can be assembled in a
pack whose header contains a sync pattern and a system clock reference
code which allows the decoder to re-create the encoder clock. Clock
reference operation is described in section 6.4.

Pack headers
containing SCR

+ f ' f PES headers (PTS/DTS)

-~"""_v_i_d-eo--,:h--A-u-di_o_--f [ t Video ~ Audio ~

fesaeer '
Pack

Figure 6.4 A pack is a set of PES packets. The pack header contains a clock reference
code.
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6.3 Transport streams

The MPEG-2 transport stream is intended to be a multiplex of many TV
programs with their associated sound and data channels, although a
single program transport stream (SPTS) is possible. The transport stream
is based upon packets of constant size so that adding error-correction
codes and interleaving1 in a higher layer is eased. Figure 6.5 shows that
these are always 188 bytes long. Transport stream packets should not be
confused with PES packets which are larger and vary in size.

Transport stream packets

• K •
.-----P-a_c_k-et---, Packet Packet I ,~-P_a_c_k-et---,

Header

Extended
header

Payload

188 bytes

Smaller payload

Packet is always 188 bytes long

Sync Error Start Priority PIO SCR Adapt Cont Adapt
byte flag flag 1 13 2 contr 4 field

1 1 2

Adapt fld
length

Disc.
flag

Extended header

PCR OPCR Splice
48 '48 countdown

Transport
private data

Adaption
extension

Program clock
reference

Figure 6.5 Transport stream packets are always 188 bytes long to facilitate multiplexing
and error correction.

Transport stream packets always begin with a header. The remainder of
the packet carries data known as the payload. For efficiency, the normal
header is relatively small, but for special purposes the header may be
extended. In this case the payload gets smaller so that the overall size of
the packet is unchanged.
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The header begins with a sync byte which is an unique pattern detected
by a demultiplexer. A transport stream may contain many different
elementary streams and these are identified by giving each an unique
13-bit Packet Identification Code or PID which is included in the header.
A multiplexer seeking a particular elementary stream simply checks the
PID of every packet and accepts those which match, rejecting the rest.

In a multiplex there may be many packets from other programs in
between packets of a given PID. To help the demultiplexer, the packet
header contains a continuity count. This is a four-bit value which
increments at each new packet having a given PID.

This approach allows statistical multiplexing as it does not matter how
many or how few packets have a given PID; the demux will still find
them. Statistical multiplexing has the problem that it is virtually
impossible to make the sum of the input bit rates constant. Instead the
multiplexer aims to make the average data bit rate slightly less than the
maximum and the overall bit rate is kept constant by adding stuffing or
null packets. These packets have no meaning, but simply keep the bit rate
constant. Null packets always have a PID of 8191 (all ones) and the
demultiplexer discards them.

6.4 Clock references
A transport stream is a multiplex of several TV programs and these may
have originated from widely different locations. It is impractical to expect
all the programs in a transport stream to be synchronous and so the
stream is designed from the outset to allow asynchronous programs. A
decoder running from a transport stream has to genlock to the encoder
and the transport stream has to have a mechanism to allow this to be
done independently for each program. The synchronizing mechanism is
called Program Clock Reference (PCR).

In program streams all the programs must be synchronous so that only
one clock is required at the decoder. In this case the synchronizing
mechanism is called System Clock Reference (SCR).
Figure 6.6 shows how the PCR/SCR system works. The goal is to re­

create at the decoder a 27MHz clock which is synchronous with that at
the encoder. The encoder clock drives a forty-eight-bit counter which
continuously counts up to the maximum value before overflowing and
beginning again.
A transport stream multiplexer will periodically sample the counter

and place the state of the count in an extended packet header as a PCR
(see Figure 6.5). The demultiplexer selects only the PIDs of the required
program, and it will extract the PCRs from the packets in which they were
inserted. In a program stream the count is placed in a pack header as an
SCR which the decoder can identify.

Google Exhibit No. 1005 
Page 113



334 The MPEG Handbook

Video
in

PLL
clock

27 MHz

Counter
Encoder

Elementary
Stream Mux PCR (SCR)

Transport (Program)
stream stream

Elementary D PCR (SCR)
Stream auI temuXI
to decoder

Time
count

To decoder

27 MHz
to decoder

Loop
filter

27 MHz
[vcxo

Figure 6.6 Program or System Clock Reference codes regenerate a clock at the decoder.
See text for details.

The PCR/SCR codes are used to control a numerically locked loop
(NLL). This is similar to a phase-locked loop, except that the two phases
concerned are represented by the state of a binary number. The NLL
contains a 27MHz vexa (voltage controlled crystal oscillator), a
variable-frequency oscillator based on a crystal which has a relatively
small frequency range.

The vexa drives a forty-eight-bit counter in the same way as in the
encoder. The state of the counter is compared with the contents of the
PCR/SCR and the difference is used to modify the vexa frequency.
When the loop reaches lock, the decoder counter would arrive at the same
value as is contained in the PCR/SCR and no change in the VCXO would
then occur. In practice the transport stream packets will suffer from
transmission jitter and this will create phase noise in the loop. This is
removed by the loop filter so that the VCXO effectively averages a large
number of phase errors.
A heavily damped loop will reject jitter well, but will take a long time

to lock. Lock-up time can be reduced when switching to a new program
if the decoder counter is jammed to the value of the first PCR received in
the new program. The loop filter may also have its time constants
shortened during lock-up. Once a synchronous 27MHz clock is available
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at the decoder, this can be divided down to provide the 90 kHz clock
which drives the time stamp mechanism. The entire timebase stability of
the decoder is no better than the stability of the clock derived from PCR/
SCR. MPEG-2 sets standards for the maximum amount of jitter which can
be present in PCRs in a real transport stream.

6.5 Program Specific Information (PSI)

In a real transport stream, each elementary stream has a different PID, but
the demultiplexer has to be told what these PIDs are and what audio
belongs with what video before it can operate. This is the function of PSI.
Figure 6.7 shows the structure of PSI. When a decoder powers up, it
knows nothing about the incoming transport stream except that it must
search for all packets with a PID of zero. PID zero is reserved for the
Program Association Table (PAT). The PAT is transmitted at regular
intervals and contains a list of all the programs in this transport stream.
Each program is further described by its own Program Map Table (PMT)
and the PIDs of of the PMTs are contained in the PAT.

Figure 6.7 also shows that the PMTs fully describe each program. The
PID of the video elementary stream is defined, along with the PID(s) of
the associated audio and data streams. Consequently when the viewer
selects a particular program, the demultiplexer looks up the program

PAT- PID = O
Program O 18 - NIT
Program 1 35 (PID = 18)

Program 2 50~
II

II

" .
Stream 1 V 51 Stream 1 V 17
Stream 2 A 53 Stream 2 A 36
Stream 3 A 54 Stream 3 A 38
Stream 4 A 56 Stream 4 D 41
Stream 5 A 60 PMT 2
Stream 6 D 65 PID = 50

PMT 1
PID = 35

PAT Program Association Table PID = O
CAT - Conditional Access Table PID = 1
NIT - Network Information Table
Null packets - PID 8191

Figure 6.7 MPEG-2 Program Specific Information (PSI) is used to tell a demultiplexer
what the transport stream contains.
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number in the PAT, finds the right PMT and reads the audio, video and
data PIDs. It then selects elementary streams having these PIDs from the
transport stream and routes them to the decoders.
Program O of the PAT contains the PID of the Network Information

Table (NIT). This contains information about what other. transport
streams are available. For example, in the case of a satellite broadcast, the
NIT would detail the orbital position, the polarization, carrier frquency
and modulation scheme. Using the NIT a set-top box could automatically
switch between transport streams.
Apart from O and 8191, a PID of 1 is also reserved for the Conditional

Access Table (CAT). This is part of the access control mechanism needed
to support pay per view or subscription viewing.

6.6 Multiplexing

A transport stream multiplexer is a complex device because of the
number of functions it must perform. A fixed multiplexer will be
considered first. In a fixed multiplexer, the bit rate of each of the
programs must be specified so that the sum does not exceed the payload
bit rate of the transport stream. The payload bit rate is the overall bit rate
less the packet headers and PSI rate.

In practice the programs will not be synchronous to one another, but
the transport stream must produce a constant packet rate given by the bit
rate divided by 188 bytes, the packet length. Figure 6.8 shows how this is
handled. Each elementary stream entering the multiplexer passes
through a buffer which is divided into payload-sized areas. Note that

PES in

Packet
Packet

PES in

Packet
Packet
Packet

Buffer
occupancy

Control
system

Mux

PIDS

• Outetc.

o

Stuffing

Figure 6.8 A transport stream multiplexer can handle several programs which are
asynchronous to one another and to the transport stream clock. See text for details.
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periodically the payload area ismade smaller because of the requirement
to insert PCR.
MPEG-2 decoders also have a quantity of buffer memory. The

challenge to the multiplexer is to take packets from each program in such
a way that neither its own buffers nor the buffers in any decoder either
overflow or underflow. This requirement is met by sending packets from
all programs as evenly as possible rather than bunching together a lot of
packets from one program. When the bit rates of the programs are
different, the only way this can be handled is to use the buffer contents
indicators. The fuller a buffer is, the more likely it should be that a packet
will be read from it. This a buffer content arbitrator can decide which
program should have a packet allocated next.
If the sum of the input bit rates is correct, the buffers should all slowly

empty because the overall input bit rate has to be less than the payload bit
rate. This allows for the insertion of Program Specific Information. While
PATs and PMTs are being transmitted, the program buffers will fill up
again. The multiplexer can also fill the buffers by sending more PCRs as
this reduces the payload of each packet. In the event that the multiplexer
has sent enough of everything but still cannot fill a packet then it will
send a null packet with a PID of 8191. Decoders will discard null packets
and as they convey no useful data, the multiplexer buffers will all fill
while null packets are being transmitted.

In a statistical multiplexer or statmux, the bit rate allocated to each
program can vary dynamically. Figure 6.9 shows that there must be tight
connection between the statmux and the associated compressors. Each
compressor has a buffer memory which is emptied by a demand clock
from the statmux. In a normal, fixed bit rate, coder the buffer contents
feeds back and controls the requantizer. In statmuxing this process is less
severe and only takes place if the buffer is very close to full, because the
buffer content is also fed to the statmux.

MPEG-2
coder

'Difficulty'
from coders

Buffer
occupancy
from mux

MPEG-2
coder

Arbitrator Bit-rate
weighting

Elementary Streams
at variable bit rate
to mux

Allocated
bit rates

Figure 6.9 A statistical multiplexer contains an arbitrator which allocates bit rate to
each program as a function of program difficulty.
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The statmux contains an arbitrator which allocates packets to the
program with the fullest buffer. Thus if a particular program encounters
difficult material it will produce large prediction errors and begin to fill
its output buffer. This will cause the statmux to allocate more packets to
that program. In order to fill more packets, the statmux clocks more data
out of that buffer, causing the level to fall again. Of course, this is only
possible if the other programs in the transport stream are handling typical
video.

In the event that several programs encounter difficult material at once,
clearly the buffer contents will rise and the requantizing mechanism will
have to operate.

6. 7 Remultiplexing

In real life a program creator may produce a transport stream which
carries all its programs simultaneously. A service provider may take in
several such streams and create its own transport stream by selecting
different programs from different sources. In an MPEG-2 environment
this requires a remultiplexer, also known as a transmultiplexer. Figure
6.10 shows what a remultiplexer does.
Remultiplexing is easier when all the incoming programs have the

same bit rate. If a suitable combination of programs is selected it is
obvious that the output transport stream will always have sufficient bit
rate. Where statistical multiplexing has been used, there is a possibility
that the sum of the bit rates of the selected programs will exceed the bit
rate of the output transport stream. To avoid this, the remultiplexer will
have to employ recompression.

Transport
S[ream
A

Transport
S[reaml
B

Edit re-used
PIDS,
recompress,
create new
PSI, PAT,
PMT,
edit PCR

New
I transport

stream
out

Figure 6.10 A remultiplexer creates a new transport stream from selected programs in
other transport streams.
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Recompression requires a partial decode of the bitstream to identify the
DCT coefficients. These will then be requantized to reduce the bit rate
until it is low enough to fit the output transport stream.

Remultiplexers have to edit the Program Specific Information (PSI)
such that the Program Association Table (PAT) and the Program Map
Tables (PMT) correctly reflect the new transport stream content. It may
also be necessary to change the packet identification codes (PIDs) since
the incoming transport streams could have inadvertently used the same
values.
When Program Clock Reference (PCR) data are included in an

extended packet header, they represent a real-time clock count and if the
associated packet is moved in time the PCR value will be wrong.
Remultiplexers have to recreate a new multiplex from a number of other
multiplexes and it is inevitable that this process will result in packets
being placed in different locations in the output transport stream than
they had in the input. In this case the remultiplexer must edit the PCR
values so that they reflect the value the clock counter would have had at
the location the packet at which the packet now resides.

l. Watkinson, J.R., The Art of Digital Video, second edition, Ch. 6, Oxford: Focal Press
(1994)
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MPEG applications

7. 1 Introduction

It should be borne in mind that however exciting it may be, MPEG is only
a technology. Technology per se is not useful and only becomes useful
when it is incorporated into an appropriate and affordable product or
service. If the use is not appropriate or affordable, there is no point in
blaming the technology.

In this chapter a number of useful applications of MPEG are outlined.
In each case designers have followed the rules of high technology to
design systems which maximize the potential of the technology whilst
protecting against its weaknesses.
MPEG is an information technology. It cannot deliver anything

physical: you get the movie but no popcorn. The strength of MPEG is that
it delivers audio-visual material with economy of bandwidth. Its
weaknesses are sensitivity to bit errors and the requirement for near-real­
time transmission. The variable-length coding of MPEG can lose
synchronization in the presence of a single bit error. Decoders can take a
considerable time to recover from a buffer underflow or overflow.
Wherever bandwidth or storage capacity is in short supply, MPEG is

useful. Where bandwidth is plentiful, as in optical fibre networks, MPEG
is pointless. As the capacity and economics of storage devices continue to
increase, MPEG becomes less important.
MPEG will remain important in any area where there will be a

permanent shortage of bandwidth; this includes any mobile equipment
or service which must use radio communication.

Figure 7.1 shows that well-engineered applications of MPEG will
always include an error-correction system appropriate for the character­
istics of the channel and suitable mechanisms to ensure that decoder
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Figure 7.1 Any real-time MPEG delivery system must include means to maintain a low
error rate and buffering to deliver data within the decoder's time window.

buffers neither overflow nor underflow. Constant-bit rate channels
having constant delay are easy to implement because the buffering
mechanisms of the standard MPEG encoders and decoders are able to
operate with no further assistance. Digital TV transmitters provide
essentially constant bit-rate because this is related to the standardized
(and regulated) channel bandwidth allowed.

In packet networks the delivery delay is not constant because other
types of messages are multiplexed with the audio-visual message of
interest. Variable delay channels cause MPEG decoders difficulty. Not
only is there a greater d.anger of buffer overflow or underflow, but the
program clock reference information is no longer correct if a packet is

Bit rate
Low High

----l
High quality

Low bandwidth

Short delay

Greater complexity
and cost

Editing requirement

Figure 7.2 There are a large number of conflicting demands in the design of a
compression system. Here the effect of a number of choices is shown to alter the balance
between economy and bandwidth.
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received with a time shift. In this case additional buffering is needed at
both ends of the channel so that the variable delay characteristic of the
channel is invisible to the MPEG layer.

There are now many members of the MPEG family and it can be
difficult to decide which type of MPEG coding to use. Figure 7.2 shows
some general guidelines. As a decoder becomes more complex, the bit
rate which can be used for a given quality will fall. However, this will be
accompanied by an increase in power consumption at the encoder and
decoder as well as an increased delay. The designer will have to balance
the cost of the bandwidth with the cost of the encoding and decoding
equipment.

7.2 Video phones

The telephone is a classic example of limited bandwidth. If there is a
market for video phones, then compression is the only way forward. The
facial animation coding developed for MPEG-4 is an obvious contender
as it allows a reasonable reproduction of the caller's face with a data rate
of only a few kilobits per second. This is considerably less than the data
rate needed for the speech. Video telephony is relatively easy between
desk-based equipment, where the camera can be mounted on top of the
display, but it is not clear how this can be implemented in a cellular
telephone which is held against the user's ear. Another important issue
for cellular telephones is the amount of signal processing needed to
decode and display facial animation data. Essentially the decoder is a
real-time rendering engine and this is only practicable in a portable
product if the current consumption is within the range of available
battery technology.

7 .3 Digital television broadcasting

Digital television broadcasting relies on the combination of a number of
fundamental technologies. These are: MPEG-2 compression to reduce the
bit rate, multiplexing to combine picture and sound data into a common
bitstream, digital modulation schemes to reduce the RF bandwidth
needed by a given bit rate and error correction to reduce the error
statistics of the channel down to a value acceptable to MPEG data.
MPEG is a compression and multiplexing standard and does not

specify how error correction should be performed. Consequently a
transmission standard must define a system which has to correct
essentially all errors such that the delivery mechanism is transparent.
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DVB (digital video broadcasting)' is a standard which incorporates
MPEG-2 picture and sound coding but which also specifies all the
additional steps needed to deliver an MPEG transport stream from one
place to another. This transport stream will consist of a number of
elementary streams of video and audio, where the audio may be coded
according to MPEG audio standard or AC-3. In a system working within
its capabilities, the picture and sound quality will be determined only by
the performance of the compression system and not by the RF
transmission channel. This is the fundamental difference between analog
and digital broadcasting. In analog television broadcasting, the picture
quality may be limited by composite video encoding artifacts as well as
transmission artifacts such as noise and ghosting. In digital television
broadcasting the picture quality is determined instead by the compres­
sion artifacts and interlace artifacts if interlace has been retained.

If the received error rate increases for any reason, once the correcting
power is used up, the system will degrade rapidly as uncorrected errors
enter the MPEG decoder. In practice decoders will be programmed to
recognize the condition and blank or mute to avoid outputting garbage.
As a result digital receivers tend either to work well or not at all.
It is important to realize that the signal strength in a digital system does

not translate directly to picture quality. A poor signal will increase the
number of bit errors. Provided that this is within the capability of the
error-correction system, there is no visible loss of quality. In contrast, a
very powerful signal may be unusable because of similarly powerful
reflections due to multipath propagation.
Whilst in one sense an MPEG transport stream is only data, it differs

from generic data in that it must be presented to the viewer at a particular
rate. Generic data are usually asynchronous, whereas baseband video
and audio are synchronous. However, after compression and multi­
plexing audio and video are no longer precisely synchronous and so the
term isochronous is used. This means a signal which was at one time
synchronous and will be displayed synchronously, but which uses
buffering at transmitter and receiver to accommodate moderate timing
errors in the transmission.
Clearly another mechanism is needed so that the time axis of the

original signal can be re-created on reception. The time stamp and
program clock reference system of MPEG does this.
Figure 7.3 shows that the concepts involved in digital television

broadcasting exist at various levels which have an independence not
found in analog technology. In a given configuration a transmitter can
radiate a given payload data bit rate. This represents the useful bit rate
and does not include the necessary overheads needed by error correction,
multiplexing or synchronizing. It is fundamental that the transmission
system does not care what this payload bit rate is used for. The entire
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Figure 7.3 Source coder doesn't know delivery mechanism and delivery doesn't need to
know what the data mean.

capacity may be used up by one high-definition channel, or a large
number of heavily compressed channels may be carried. The details of
this data usage are the domain of the transport stream. The multiplexing of
transport streams is defined by the MPEG standards, but these do not
define any error correction or transmission technique.
At the lowest level in Figure 7.3 is the source coding scheme, in this

case MPEG-2 compression results in one or more elementary streams,
each of which carries a video or audio channel. Figure 7.4 shows that
elementary streams are multiplexed into a transport stream. The viewer
then selects the desired elementary stream from the transport stream.
Metadata in the transport stream ensure that when a video elementary
stream is chosen, the appropriate audio elementary stream will automati­
cally be selected.
A key difference between analog and digital transmission is that the

transmitter output is switched between a number of discrete states rather
than continuously varying. The process is called channel coding which is
the digital equivalent of modulation.2 A good code minimizes the channel
bandwidth needed for a given bit rate. This quality of the code is
measured in bits/s/Hz.
Where the SNR is poor, as in satellite broadcasting, the amplitude of the

signal will be unstable, and phase modulation is used. Figure 7.5 shows
that phase-shift keying (PSK) can use two or more phases. When four
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Figure 7.4 Program Specific Information helps the demultiplexer to select the required
program.
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Figure 7.5 Differential quadrature phase shift keying (DQPSK).

phases in quadrature are used, the result is quadrature phase shift keying
or QPSK. Each period of the transmitted waveform can have one of four
phases and therefore conveys the value of two data bits. 8-PSK uses eight
phases and can carry three bits per symbol where the SNR is adequate.
PSK is generally encoded in such a way that a knowledge of absolute
phase is not needed at the receiver. Instead of encoding the signal phase
directly, the data determine the magnitude of the phase shift between
symbols.

In terrestrial transmission more power is available than, for example,
from a satellite and so a stronger signal can be delivered to the receiver.
Where a better SNR exists, an increase in data rate can be had using
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Figure 7.21 By manipulating the elementary stream, a compliant bitstream can be
produced which will play at a different speed from the original.

discarding some of the pictures in the group. This has to be done with
caution as the pictures are heavily interdependent. However, if the group
is terminated after a P picture, all pictures up to that point are decodable.
The resultant motion portrayal will not be smooth because pictures are
being omitted, but the goal is simply to aid the viewer in finding the right
place in the recording so this is of no consequence. In practice the results
are good, not least because the noise bar of the analog VCR is
eliminated.
High forward speeds can be obtained by selecting only the I pictures

from the recorded bitstream. These cannot be transmitted to the decoder
directly, because the I pictures contain a lot of data and the decoder buffer
might overflow. Consequently the data rate is diluted by sending null P
pictures. These are P pictures in which all of the vectors are zero and the
residual data are also zero. Null P pictures require very few data but have
the effect of converting an I picture into another identical picture. A
similar technique can be used to decode in reverse. With a normal MPEG
bidirectionally coded bitstream, reverse decoding is impossible, but by
taking I pictures in reverse order and padding them with null-P pictures
a reverse replay is obtained.

7. 7 Networks

A network is basically a communication resource which is shared for
economic reasons. Like any shared resource, decisions have to be made
somewhere and somehow about how the resource is to be used. In the
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absence of such decisions the resultant chaos will be such that the
resource might as well not exist.

In communications networks the resource is the ability to convey data
from any node or port to any other. On a particular cable, clearly only one
transaction of this kind can take place at any one instant even though in
practice many nodes will simultaneously be wanting to transmit data.
Arbitration is needed to determine which node is allowed to transmit.
Data networks originated to serve the requirements of computers and

it is a simple fact that most computer processes don't need to be
performed in real time or indeed at a particular time at all. Networks tend
to reflect that background as many of them, particularly the older ones,
are asynchronous. Asynchronous means that the time taken to deliver a
given quantity of data is unknown. A TDM system may chop the data
into several different transfers and each transfer may experience delay
according to what other transfers the system is engaged in. Ethernet and
most storage system buses are asynchronous. For broadcasting purposes
an asynchronous delivery system is no use at all, but for copying an
MPEG data file between two storage devices an asynchronous system is
perfectly adequate.

The opposite extreme is the synchronous system in which the network
can guarantee a constant delivery rate and a fixed and minor delay. An
AES/EBU digital audio router or an SDI digital video router is a
synchronous network. In between asynchronous and synchronous
networks reside the isochronous approaches which cause a fixed
moderate delay. These can be thought of as sloppy synchronous networks
or more rigidly controlled asynchronous networks.
These three different approaches are needed for economic reasons.

Asynchronous systems are very efficient because as soon as one transfer
completes another one can begin. This can only be achieved by making

. every device wait with its data in a buffer so that transfer can start
immediately. Asynchronous systems also make it possible for low bit rate
devices to share a network with high bit rate devices. The low bit rate
device will only need a small buffer and will send few cells, whereas the
high bit rate device will send more cells.

Isochronous systems try to give the best of both worlds, ·generally by
sacrificing some flexibility in block size. Modern networks are tending to
be part isochronous and part asynchronous so that the advantages of both
are available.
There are a number of different arbitration protocols and these have

evolved to support the needs of different types of network. In small
networks, such as LANs, a single point failure which halts the entire
network may be acceptable, whereas in a public transport network
owned by a telecommunications company, the network will be redundant
so that if a particular link fails data may be sent via an alternative route.

Google Exhibit No. 1005 
Page 127



MPEG applications 365

A link which has reached its maximum capacity may also be supplanted
by transmission over alternative routes.

In physically small networks, arbitration may be carried out in a single
location. This is fast and efficient, but if the arbitrator fails it leaves the
system completely crippled. The processor buses in computers work in
this way.

In centrally arbitrated systems the arbitrator needs to know the
structure of the system and the status of all the nodes. Following a
configuration change, due perhaps to the installation of new equipment,
the arbitrator needs to be told what the new configuration is, or have a
mechanism which allows it to explore the network and learn the
configuration. Central arbitration is only suitable for small networks
which change their configuration infrequently.

In other networks the arbitration is distributed so that some decision­
making ability exists in every node. This is less efficient but is does allow
at least some of the network to continue operating after a component
failure.
Distributed arbitration also means that each node is self-sufficient and

so no changes need to be made if the network is reconfigured by adding
or deleting a node. This is the only possible approach in wide area
networks where the structure may be very complex and changes
dynamically in the event of failures or overload.

Ethernet uses distributed arbitration. FireWire is capable of using both
types of arbitration. A small amount of decision-making ability is built into
every node so that distributed arbitration is possible. However, if one of the
nodes happens to be a computer, it can run a centralized arbitration
algorithm.

The physical structure of a network is subject to some variation as Figure
7.22 shows. In radial networks, (a), each port has an unique cable
connection to a device called a hub. The hub must have one connection for
every port and this limits the number of ports. However, a cable failure will
only result in the loss of one port. In a ring system (b) the nodes are
connected like a daisy chain with each node acting as a feedthrough. In this
case the arbitration requirement must be distributed. With some protocols,
a single cable break doesn't stop the network operating. Depending on the
protocol, simultaneous transactions may be possible provided they don't
require the same cable. For example, in a storage network a disk drive may
be outputting data to an editor whilst another drive is backing up data to a
tape streamer. For the lowest cost, all nodes are physically connected in
parallel to the same cable. Figure 7.22(c) shows that a cable break would
divide the network into two halves, but it is possible that the impedance
mismatch at the break could stop both halves working.
One of the concepts involved in arbitration is priority which is

fundamental to providing an appropriate quality of service. If two
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Figure 7.22 Network configurations. At (a) the radial system uses one cable to each
node. (b) Ring system uses less cable than radial. (c) Linear system is simple but has no
redundancy.

processes both want to use a network, the one with the highest priority
would normally go first.
Attributing priority must be done carefully because some of the results

are non-intuitive. For example, it may be beneficial to give a high priority
to a humble device which has a low data rate for the simple reason that
if it is given use of the network it won't need it for long. In a television
environment transactions concerned with on-air processes would have
priority over file transfers concerning production and editing.
When a device gains access to the network to perform a transaction,

generally no other transaction can take place until it has finished.
Consequently it is important to limit the amount of time that a given port
can stay on the bus. In this way when the time limit expires, a further
arbitration must take place. The result is that the network resource rotates
between transactions rather than one transfer hogging the resource and
shutting everyone else out. It follows from the presence of a time (or data
quantity) limit that ports must have the means to break large files up into
frames or cells and reassemble them on reception. This process is
sometimes called adaptation. If the data to be sent originally exist at a fixed
bit rate, some buffering will be needed so that the data can be time­
compressed into the available frames. Each frame must be contiguously
numbered and the system must transmit a file size or word count so that
the receiving node knows when it has received every frame in the file.

Google Exhibit No. 1005 
Page 129



MPEG applications 367

Host file

Stuffing to

LILL-JLELIEMt"so

Transmit íl ÎRequest j Retransmitr7 retransmit

LU±E1-I·l71+I-I4Lzl
t

Convert to◊
network
packets

Convert to íl
host file T'7

Host file

Error

Figure 7.23 Receiving a file which has been divided into packets allows for the
retransmission of just the packet in error.

The error-detection system interacts with this process because if any
frame is in error on reception, the receiving node can ask for a
retransmission of the frame. This is more efficient than retransmitting the
whole file. Figure 7.23 shows the mechanism of retransmission where one
packet has been lost or is in error. The retransmitted packet is inserted at
the correct place in the bitstream by the receiver.

Breaking files into frames helps to keep down the delay experienced by
each process using the network. Figure 7.24 shows a frame-multiplexed
transmission. Each frame may be stored ready for transmission in a silo
memory. It is possible to make the priority a function of the number of
frames in the silo, as this is a direct measure of how long a process has
been kept waiting. Isochronous systems must do this in order to meet
maximum delay specifications.
When delivering an MPEG bitstream over an isochronous network, the

network transmitter and receiver will require buffering over and above
that provided in the MPEG encoder and decoder. This will enable the
receiver to re-create a bitstream at the decoder which has essentially the
same temporal characteristics as that leaving the encoder, except for a
fixed delay. The greater the maximum delay of the network, the greater
that fixed delay will have to be. Providing buffering is expensive and
delays cause difficulty in applications such as videoconferencing. In this
case it is better to use a network protocol which can limit delay by
guaranteeing bandwidth.
A central arbitrator is relatively simple to implement because when all

decisions are taken centrally there can be no timing difficulty (assuming
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Figure 7.24 Files are broken into frames or packets for multiplexing with packets from
other users. Short packets minimize the time between the arrival of successive packets.
The priority of the multiplexing must favour isochronous data over asynchronous data.

a well-engineered system). In a distributed system, there is an extra
difficulty due to the finite time taken for signals to travel down the data
paths between nodes.

Figure 7.25 shows the structure of Ethernet which uses a protocol called
CSMA/CD (carrier sense multiple access with collision detect) developed
by DEC and Xerox. This is a distributed arbitration network where each
node follows some simple rules. The first of these is not to transmit if an
existing bus signal is detected. The second is not to transmit more than a
certain quantity of data before releasing the bus. Devices wanting to use
the bus will see bus signals and so will wait until the present bus
transaction finishes. This must happen at some point because of the frame
size limit. When the frame is completed, signalling on the bus should
cease. The first device to sense the bus becoming free and to assert its own
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Figure 7.25 In Ethernet collisions can occur because of the finite speed of the signals. A
'back-off' algorithm handles collisions, but they do reduce the network throughput.

signal will prevent any other nodes transmitting according to the first
rule. Where numerous devices are present it is possible to give them a
priority structure by providing a delay between sensing the bus coming
free and beginning a transaction. High-priority devices will have a short
delay so they get in first. Lower-priority devices will only be able to start
a transaction if the high-priority devices don't need to transfer.
It might be thought that these rules would be enough and everything

would be fine. Unfortunately the finite signal speed means that there is a
flaw in the system. Figure 7.25 shows why. Device A is transmitting and
devices Band C both want to transmit and have equal priority. At the end
of Ns transaction, devices B and C see the bus become free at the same
instant and start a transaction. With two devices driving the bus, the
resultant waveform is meaningless. This is known as a collision and all
nodes must have means to recover from it. First, each node will read the
bus signal at all times. When a node drives the bus, it will also read back
the bus signal and compare it with what was sent. Clearly if the two are
the same all is well, but if there is a difference, this must be because a
collision has occurred and two devices are trying to determine the bus
voltage at once.
If a collision is detected, both colliding devices will sense the disparity

between the transmitted and readback signals, and both will release the
bus to terminate the collision. However, there is no point is adhering to
the simple protocol to reconnect because this will simply result in another
collision. Instead each device has a built-in delay which must expire
before another attempt is made to transmit. This delay is not fixed, but is
controlled by a random number generator and so changes from
transaction to transaction.

The probability of two node devices arriving at the same delay is
infinitesimally small. Consequently if a collision does occur, both devices
will drop the bus, and they will start their back-off timers. When the first
timer expires, that device will transmit and the other will see the
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transmission and remain silent. In this way the collision is not only
handled, but is prevented from happening again.

The performance of Ethernet is usually specified in terms of the bit rate
at which the cabling runs. However, this rate is academic because it is not
available all of the time. In a real network bit rate is lost by the need to
send headers and error-correction codes and by the loss of time due to
interframe spaces and collision handling. As the demand goes up, the
number of collisions increases and throughput goes down. Collision­
based arbitrators do not handle congestion well.
An alternative method of arbitration developed by IBM is shown in

Figure 7.26. This is known as a token ring system. All the nodes have an

@
Only node holding
, token can transmit

I------{

e
Token circulates
when a transfer
completes

@
« Device wishing to

transmit captures
circulating token

Figure 7.26 In a token ring system only the node in possession of the token can
transmit so collisions are impossible. In very large rings the token circulation time causes
loss of throughput.

input and an output and are connected in a ring which must be complete
for the system to work. Data circulate in one direction only. If data are not
addressed to a node which receives it, the data will be passed on. When
the data arrive at the addressed node, that node will capture the elata as
well as passing them on with an acknowledge added. Thus the data
packet travels right around the ring back to the sending node. When the
sending node receives the acknowledge, it will transmit a token packet.
This token packet passes to the next node, which will pass it on if it does
not wish to transmit. If no device wishes to transmit, the token will
circulate endlessly. However, if a device has data to send, it simply waits
until the token arrives again and captures it. This node can now transmit
data in the knowledge that there cannot be a collision because no other
node has the token.
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In simple token ring systems, the transmitting node transmits idle
characters after the data packet has been sent in order to maintain
synchronization. The idle character transmission will continue until the
acknowledge arrives. In the case of long packets the acknowledge will
arrive before the packet has all been sent and no idle characters are
necessary. However, with short packets idle characters will be generated.
These idle characters use up ring bandwidth.

Later token ring systems use early token release (ETR). After the packet
has been transmitted, the sending node sends a token straight away.
Another node wishing to transmit can do so as soon as the current packet
has passed. It might be thought that the nodes on the ring would transmit
in their physical order, but this is not the case because a priority system
exists. Each node can have a different priority if necessary. If a high­
priority node wishes to transmit, as a packet from elsewhere passes
through that node, the node will set reservation bits with its own priority
level. When the sending node finishes and tranmits a token, it will copy
that priority level into the token.

In this way nodes with a lower priority level will pass the token on
instead of capturing it. The token will ultimately arrive at the high­
priority node.

The token ring system has the advantage that it does not waste
throughput with collisions and so the full capacity is always available.
However, if the ring is broken the entire network fails.

In Ethernet the performance is degraded by the number of transactions,
not the number of nodes, whereas in token ring the performance is
degraded by the number of nodes.

7 .8 FireWire

FireWire3 is actually an Apple Computers Inc. trade name for the
interface which is formally known as IEEE 1394-1995. It was originally
intended as a digital audio network, but grew out of recognition. FireWire
is more than just an interface as it can be used to form networks and if
used with a computer effectively extends the computer's data bus. Figure
7.27 shows that devices are simply connected together as any combina­
tion of daisy-chain or star network.
Any pair of devices can communicate in either direction, and

arbitration ensures that only one device transmits at once. Intermediate
devices simply pass on transmissions. This can continue even if the
intermediate device is powered down as the FireWire carries power to
keep repeated functions active.
Communications are divided into cycles which have a period of 125s.

During a cycle, there are 64 time slots. During each time slot, any one
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Figure 7.28 FireWire uses twin twisted pairs and a power pair.

Data pulses

Strobe pulses

Clock pulses

Figure 7.29 The strobe signal is the X-OR of the data and the bit clock. The data and
strobe signals together form a self-clocking system.

carries a signal called strobe, which is the exclusive-OR of the data and the
clock. Thus whenever a run of identical bits results in no transitions in the
data, the strobe signal will carry transitions. At the receiver another
exclusive-OR gate adds data and strobe to re-create the clock.
This signalling technique is subject to skew between the two twisted

pairs and this limits cable lengths to about 10 metres between nodes.
Thus FireWire is not a long-distance interface technique, instead it is very
useful for interconnecting a large number of devices in close proximity.
Using a copper interconnect, FireWire can run at 100, 200 or 400
megabits/s, depending on the specific hardware. It is proposed to create
an optical fibre version which would run at gigabit speeds.

7.9 Broadband networks and ATM

Broadband ISDN (B-ISDN) is the successor to N-ISDN and in addition to
providing more bandwidth, offers practical solutions to the delivery of
any conceivable type of data. The flexibility with which ATM operates
means that intermittent or one-off data transactions which only require
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asynchronous delivery can take place alongside isochronous MPEG video
delivery. This is known as application independence whereby the sophistica­
tion of isochronous delivery does not raise the cost of asynchronous data.
In this way, generic data, video, speech and combinations of the above
can co-exist.
ATM is multiplexed, but it is not time-division multiplexed. TDM is

inefficient because if a transaction does not fill its allotted bandwidth, the
capacity is wasted. ATM does not offer fixed blocks of bandwidth, but
allows infinitely variable bandwidth to each transaction. This is done by
converting all host data into small fixed size cells at the adaptation layer.
The greater the bandwidth needed by a transaction, the more cells per
second are allocated to that transaction. This approach is superior to the
fixed bandwidth approach, because if the bit rate of a particular
transaction falls, the cells released can be used for other transactions so
that the full bandwidth is always available.
As all cells are identical in size, a multiplexer can assemble cells from

many transactions in an arbitrary order. The exact order is determined by
the quality of service required, where the time positioning of isochronous
data would be determined first, with asynchronous data filling the
gaps.
Figure 7.30 shows how a broadband system might be implemented.

The transport network would typically be optical fibre based, using
SONET (Synchronous optical network) or SDH (synchronous digital
hierarchy). These standards differ in minor respects. Figure 7.31 shows
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Figure 7.30 Structure and terminology of a broadband network. See text.
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Figure 7.31 Bit rates available in SONET and SDH.
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the bit rates available in each. Lower bit rates will be used in the access
networks which will use different technology such as xDSL.

SONET and SDH assemble ATM cells into a structure known as a
container in the interests of efficiency. Containers are passed intact
between exchanges in the transport network. The cells in a container need
not belong to the same transaction, they simply need to be going the same
way for at least one transport network leg.

The cell-routing mechanism of ATM is unusual and deserves explana­
tion. In conventional networks, a packet must carry the complete
destination address so that at every exchange it can be routed closer to its
destination. The exact route by which the packet travels cannot be
anticipated and successive packets in the same transaction may take
different routes. This is known as a connectionless protocol.

In contrast, ATM is a connection oriented protocol. Before data can be
transferred, the network must set up an end-to-end route. Once this is
done, the ATM cells do not need to carry a complete destination address.
Instead they only need to carry enough addressing so that an exchange or
switch can distinguish between all of the expected transactions.
The end-to-end route is known as a virtual channel which consists of a

series of virtual links between switches. The term virtual channel is used
because the system acts like a dedicated channel even though physically
it is not. When the transaction is completed the route can be dismantled
so that the bandwidth is freed for other users. In some cases, such as
delivery of a TV station's output to a transmitter, or as a replacement for
analog cable TV the route can be set up continuously to form what is
known as a permanent virtual channel.
The addressing in the cells ensures that all cells with the same address

take the same path, but owing to the multiplexed nature of ATM, at other
times and with other cells a completely different routing scheme may
exist. Thus the routing structure for a particular transaction always passes
cells by the same route, but the next cell may belong to another
transaction and will have a different address causing it to routed in
another way.

The addressing structure is hierarchical. Figure 7.32(a) shows the
ATM cell and its header. The cell address is divided into two fields, the
virtual channel identifier and the virtual path identifier. Virtual paths
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Figure 7.32 The ATM cell (a) carries routing information in the header. ATM paths
carrying a group of channels can be switched in a virtual path switch (b). Individual
channel switching requires a virtual channel switch which is more complex and causes
more delay.

are logical groups of virtual channels which happen to be going the
same way. An example would be the output of a video-on-demand
server travelling to the first switch. The virtual path concept is useful
because all cells in the same virtual path can share the same container
in a transport network. A virtual path switch shown in Figure 7.32(b)
can operate at the container level whereas a virtual channel switch (c)
would need to dismantle and reassemble containers.
When a route is set up, at each switch a table is created. When a cell

is received at a switch the VPI and/or VCI code is looked up in the
table and used for two purposes. First, the configuration of the switch
is obtained, so that this switch will correctly route the cell. Second, the
VPI and/or VCI codes may be updated so that they correctly control
the next switch. This process repeats until the cell arrives at its
destination.

In order to set up a path, the initiating device will initially send cells
containing an ATM destination address, the bandwidth and quality of
service required. The first switch will reply with a message containing
the VPI/VCI codes which are to be used for this channel. The message
from the initiator will propagate to the destination, creating look-up
tables in each switch. At each switch the logic will add the requested
bandwidth to the existing bandwidth in use to check that the requested
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quality of service can be met. If this succeeds for the whole channel,
the destination will reply with a connect message which propagates
back to the initiating device as confirmation that the channel has been
set up. The connect message contains an unique call reference value
which identifies this transaction. This is necessary because an initiator
such a file server may be initiating many channels and the connect
messages will not necessarily return in the same order as the set-up
messages were sent. The last switch will confirm receipt of the connect
message to the destination and the initiating device will confirm
receipt of the connect message to the first switch.

ATM AALs

ATM works by dividing all real data messages into cells of 48 bytes
each. At the receiving end, the original message must be re-created.
This can take many forms and Figure 7.33 shows some possibilities.
The message may be a generic data file having no implied timing
structure, a serial bitstream with a fixed clock frequency, known as
UDT (unstructured data transfer) or a burst of data bytes from a TDM
system.

The application layer in ATM has two sub-layers shown in Figure
7.34. The first is the segmentation and reassembly (SAR) sub-layer

Generic data file having no timebase

Constant bit rate serial data stream

Audio/video data requiring a timebase

Compressed A/V data with fixed bit rate

Compressed A/V data with variable bit rate

Figure 7.33 Types of data which may need adapting to ATM.

Convergence sublayer Recovers timing of original data
ATM

Application
Segmentation and Divides data into cells for transportLayer
reassembly Reassembles original data format

Figure 7.34 ATM adaption layer has two sublayers, segmentation and convergence.
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BROADCASTING AND COMMUNICATIONS

Benefit from John Watkinson's in-depth understanding of MPEG technology

Comprehensive coverage of the main and latest standards MPEG-1, MPEG-2, MPEG-4

Learn how you can apply MPEG technology to achieve the best results

.. a thorough and very lucid introduction to audio and video compression. Through the use of simple,
clear diagrams, and some of the clearest technical writing l have come across, Watkinson makes the
whole process look remarkably straightforward... an absorbing read for the curious, and a useful source
of hard information for those with a professional interest.' Electronics Australia

A complete, professional 'bible' on all aspects of audio and video compression using MPEG technology,
including the MPEG-4 standard. The MPEG Handbook is both a theoretical and practical treatment of
the subject. Fundamental knowledge is provided alongside practical guidance on how to avoid quality
loss for example, and the creation of MPEG elementary streams and their multiplexing into transport
streams (including the problems involved insynchronizing all of the signals in a multiplex).

Previously titled MPEG-2, the book has now been extensively revised to cover all the latest standards,
including a comprehensive and clear description of the MPEG-4 standard and the latest applications of
the technology, such as the delivery of compressed audio, video, graphics and interactive capability over
the Internet and broadband networks. John Watkinson also gives an invaluable treatment of significant
new extensions made available by MPEG-4, such as object coding, mesh coding and animation.

The clarity of explanation and depth of technical detail combine to make this book an essential and [
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